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Telecommunications 

Transmission 

Engineering 

Introduction 

Communication Engineering is concerned with the planning, design, 
implementation, and operation of the network of channels, switching 
machines, and user terminals required to provide communication 
between distant points. Transmission Engineering is the part of 
Communication Engineering which deals with the channels, the trans
mission systems which carry the channels, and the combinations of 
the many types of channels and systems which form the network of 
facilities. It is a discipline which combines many skills from science 
and technology with an understanding of economics, human factors, 
and system operations. 

This three-volume book is written for the practicing Transmission 
En�ineer and for the student of transmission engineering in an under
graduate curriculum. The material was planned and organized to 
make it useful to anyone concerned with the many facets of Communi
cation Engineering. Of necessity, it represents a view of the status 
of communications technology at a specific time. The reader should be 
constantly aware of the dynamic nature of the subject. 

Volume 1, Principles, covers the transmission engineering prin
ciples that apply to communication systems. It defines the charac
teristics of various types of signals, describes signal impairments 
arising in practical channels, provides the basis for understanding the 
relationships between a communication network and its components, 
and provides an appreciation of how transmission objectives and 
achievable performance are interrelated. 

Volume 2, Facilities, emphasizes the application of the principles 
of Volume 1 to the design, implementation, and operation of trans
mission systems and facilities which form the telecommunications 
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iv Introduction 

network. The descriptions are illustrated by examples taken from 
modern types of facilities most of which represent equipment of 
Bell Laboratories design and Western Electric manufacture ; these 
examples are used because they are familiar to the authors. 

Volume 3, Networks and Services, shows how the principles of 
Volume 1 are applied to the facilities described in Volume 2 to pro
vide a variety of public and private telecommunication services. This 
volume reflects a strong Bell System operations viewpoint in its con
sideration of the problems of providing suitable facilities to meet 
customer needs and expectations at reasonable cost. 

The material has been prepared and reviewed by a. large number 
of technical personnel of the American Telephone and Telegraph 
Company, Bell Telephone Companies, and Bell Telephone Labora
tories. Editorial support has been provided by the Technical Publica
tions Organization of the Western Electric Company. Thus, the book 
represents the cooperative efforts of many people in every major 
organization of the Bell System and it is difficult to recognize indi
vidual contributions. One exception must be made, however. The 
material in Volume 1 and most of Volume 2 has been prepared by 
Mr. Robert H. Klie of the Bell Telephone Laboratories, who was 
associated in this endeavor with the Bell System Center for Technical 
Education. Mr. Klie also coordinated the preparation of Volume 3. 

C. H. Elmendorf, III 
Assistant Vice President -
Transmission Division. 
American Telephone and Telegraph Company 
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Volume 1 - Principles 

Preface 

This volume, comprised of five sections, covers the basic principles 
involved in transmitting communication signals over Bell System 
facilities. Section 1 provides a broad description of the transmission 
environment and an overview of how transmission parameters affect 
the performance of the network. The second section consists of a 
review of most of the mathematical relationships involved in trans
mission engineering. A wide range of subjects is discussed, from an 
explanation of and justification for the use of logarithmic units 
(decibels) to a summary of information theory concepts. 

The third ·section is devoted to the characterization of the prin
cipal types of signals transmitted over Bell System facilities. Speech, 
television, PICTUREPHONE®, digital and analog data, address, and 
supervisory signals are described. Multiplexed combinations of signal 
types are also characterized. The fourth section describes a variety 
of impairments suffered by signals transmitted over practical chan
nels, which have imperfections and distortions. Also discussed are 
the units in which impairments are expressed and the methods by 
which they are measured. The fifth section discusses the derivation 
of transmission objectives, gives many established values of these 
objectives, and relates them to requirements applied to system design 
and operation. The section concludes with a chapter on international 
communications and internationally applied transmission objectives. 

v 
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Telecommunications 

Transmission 

Engineering 

Section 1 

Background 

The Bell System should be regarded as a single, huge, and far-flung 
telecommunications system made up of station sets, cables, switching 
systems, transmission systems, wires, and a conglomeration of other 
hardware of all sorts and sizes. This telecommunications system has 
grown rapidly and is still growing at a rapid rate. It has within it a 
large number of interconnected and interrelated systems and sub
systems, each of which was designed with an approach that provided 
for successful development and overall Bell System evolution. This 
relationship between the parts and the total has permitted the orderly 
growth of a giant and the rendering of telecommunications services 
throughout the United States, Canada, and indeed the world. 

Historically, the first telephone systems consisted of two remote 
station sets interconnected by wires normally used for telegraph 
communications. As interest in telephone communication built up, 
the transmission capabilities of the station sets and the interconnect
ing wires were gradually improved. Soon, manually operated switch
ing systems were introduced in local communities to provide flexible 
interconnections among people living close together and sharing a 
high community of interest. These switching systems and the 
surrounding station sets and interconnecting wires have become 
known as the local plant. 

The expanding local areas, the increasing demands for a wider 
range of services, and improvements in technology soon permitted 
the interconnection of one central office with another. As these 
interconnections increased in numbers and distances over which 
service had to be provided grew larger, the evolving long distance 
network became a separate entity known as the toll plant. Larger 
and more complex switching and transmission systems were designed 
to meet the unique needs of this part of the overall system. 
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2 Background Vol. 1 

Chapter 1 provides an overview of the operating Bell System plant 
with emphasis on the transmission and switching facilities that pro
vide nationwide telephone service. Equipment used for other services 
that share the message network facilities is also briefly discussed. 

An introduction to transmission concepts is given in Chapter 2. 
Brief descriptions of telephone, program, television, and data signals 
are presented, transmission terminology is defined, and basic tech
niques and modes of transmission are explained. Some specialized 
equipment, used to improve plant performance, is described to 
illustrate the interactions of various parts of the network. 
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Background 

Chapter 1 

The Transmission Environment 

The Bell System provides a variety of communications services to 
large numbers of people over a very wide geographical area. To 
accomplish this task, a vast and complex physical plant has evolved. 
This plant is by no means static ; it is highly dynamic in terms of 
growth, change, and the manner in which it is used for providing 
customer services. 

The services provided by the Bell System are not readily categorized. 
·The basic service of voice communications is handled by what is known 
as the switched message network ; however, some services such as 
telegraph, facsimile, and voiceband data also utilize this network. 
In addition, a growing list of other services (e.g., point-to-point 
private line, television network service, wideband data, etc. ) are 
provided, some of which require special switching arrangements 
and some of which require no switching at all. 

The provision of transmission paths, or channels, and the flexible 
interconnection of these paths by switching are the two principal 
functions performed by the switched message network, the largest 
of the service categories that use the plant. The facilities involved 
are shared by many other services provided by the Bell System. The 
network transmission paths, highly variable in length, are of two 
major types, customer loops and interoffice trunks. The switching 
arrangements are also of two major types, local and toll. The design, 
operation, and maintenance of this huge network is further compli
cated by the multiplicity of its parts. 

1 - 1 TRANSMISSION PATHS 

Transmission paths are designed to provide economic and reliable 
transmission of signals between terminals. The designs must accom-
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4 Background Vol. 1 

modate a wide range of applied signal amplitudes and must guarantee 
that impairments are held to acceptably low values so that received 
signals can be recovered to satisfy the needs of the recipient, whether 
a person or a machine. 

Many transmission paths are designed as two-wire circuits ; that 
is, transmission may occur simultaneously in both directions over a 
single pair of wires. Other paths, voice-frequency or carrier, are de
signed as four-wire ; each of the two directions of transmission is 
carried on a separate wire pair. 

The four major elements in transmission paths are station equip
ment (telephones, data sets, etc. ) , customer loops ( cables and wires 
that connect station equipment to central offices) , local and toll 
trunks ( interconnections between central offices, consisting of cables 
or transmission systems and the transmission media they use) , and 
the switching equipment (found primarily in the central offices) .  In 
its simplest form, a transmission path might consist of two station 
sets interconnected by a pair of wires. 

The Station Set 

The station set accepts a signal from a source and converts it to 
an electrical form suitable for transmission to a receiver which 
reverses the process at a distant point. In most cases the station 
set is a telephone ; however, many other types of station sets are used. 
Examples include facsimile sets, which operate to convert modulated 
light beams to modulated electrical analog signals and back to light 
at the receiving station, and voiceband data sets, which translate 
the signal format used by a computer to an electrical representation 
suitable for transmission over the telephone network and then back 
to the appropriate computer signal format. Many of these types of 
sets must meet transmission requirements for voice communications. 

Customer loops 

The station set is connected to the central office by the customer 
loop. This connection is most commonly made through a pair of 
insulated wires bundled together with many other wire pairs into 
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Chap. 1 The Transmission Environment 5 

a cable which may be carried overhead on poles, underground in 
ducts, or buried directly in the ground. For urban mobile service, 
however, the loop consists of a radio connection. between the station 
set and the central office. The design of the customer loop must satisfy 
transmission requirements for all types of signals to be carried, e.g., 
speech, data, dial pulsing, TOUCH-TONE®, ringing, or supervision. 

Loops are busy ( i.e., connected to trunks or other loops) only a 
small percentage of the time - in some cases, less than 1 percent 
of the time. Where suitable calling patterns exist, this has led to 
the consideration of line concentrators for introduction between the 
station sets and the central office. A concentrator is __ a small switching 
machine which allows a number of loops to be connected to the 
central office over a smaller number of shared lines which are, in 
effect, trunks. 

For some services, the loop plant is frequently reconfigured. In 
providing private branch exchange (PBX) services, for example, 
the loop plant provides PBX trunks connecting the customer's 
switching arrangement to the local or serving central office. In 
other services, loop plant may be used to form a part of a loop 
to be intermixed with trunks to provide an extended loop, or it may 
be used as a part of a channel between various customer locations 
for the transmission of wideband signals. 

Switch ing Machines 

For switched message telephone service, the loop connects the 
station set to a switching machine in the local central office, which 
enables connections to be established directly to other local station 
sets or, through trunks and other switching offices, to any other 
station set on the switched network. The various types of switching 
offices which house this equipment are illustrated in Figure 1-1. 

The principal switching machines in use today are electromechan
ical, e.g., the step-by-step and the crossbar types. Coming into 
increasing use, however, are electronic switching systems, which 
provide improvements in flexibility, versatility, and ease of mainte
nance, along with a considerable reduction of space requirements. 
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Figure 1-1 . A simplified telephone system.  
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Transmission paths are provided through switching machines in 
a variety of ways and by a number of different mechanisms, including 
step-by-step switches, crossbar switches, and ferreed switching net
works. These all have one thing in common, the ability to connect 
any one of a set of several thousand terminals to any other in the 
set. By design, this is accomplished with only a minimum of blocking 
during the busiest hour ; i .e., only a very small percentage of calls is 
not completed as a result of all paths being busy. Each of the many 
paths is designed to provide satisfactory transmission quality through 
the central office. 

As mentioned earlier, many transmission circuits are operated on 
a two-wire basis and, as a result, are also switched on a two-wire 
basis. Thus, especially in the local area, most switching machines 
provide two-wire paths. In the toll network, most of the transmission 
paths are four-wire ; as a result, many toll switching machines must 
provide four-wire switching and transmission paths. 

Trun ks 

The transmission paths which interconnect switching machines are 
called trunks. One essential difference between a loop and a trunk 
is that a loop is permanently associated with a station set, whereas 
a trunk is a common connection shared by many users. There are 
several classes and types of trunks depending on signalling features, 
operating functions, classes of switching offices interconnected, trans
mission bandwidth, etc. 

There are three principal types of interoffice trunks : local (inter
office, tandem, and intertandem) ,  toll connecting, and intertoll .  These 
trunk types and the switching offices that they interconnect are 
illustrated in Figure 1-1 which shows a representative metropolitan 
area and typical connections to the toll portion of the network. 

All trunks must provide transmission and supervision in both 
directions simultaneously. However, trunks are designated one-way 
or two-way according to whether signalling is provided in both direc
tions or only one. Two-way signalling is usually provided on intertoll 
trunks ; calls can be originated on the trunk from the switching 
machine at either end. One-way signalling is the usual method of 
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operating local and toll connecting trunks ; therefore, separate trunk 
groups are provided for the two directions of originating traffic 
between the two offices involved. 

Any trunk may use carrier transmission systems. However, local 
and toll connecting trunks rely heavily on voice-frequency cable 
media, although short-haul analog and digital carrier systems are 
becoming more widely used, especially in large metropolitan areas. 
The intertoll trunks, for the most part, utilize long-haul analog carrier 
systems and microwave radio relay systems. 

1-2 SWITCHI NG ARRANGEMENTS 

The service offered by the Bell System consists fundamentally of 
providing transmission capability upon demand between two or more 
points. Implied by "upon demand" is a switching arrangement capable 
of finding the distant end or ends of a desired connection and com
pleting the connection between the originating and distant ends 
promptly and accurately. This is accomplished by a large number of 
switching machines connected together and organized around con
siderations of geography, concentrations of population, communities 
of interest, and diversity of facilities. These switching arrangements 
are illustrated in Figure 1-1 and may be broadly classified as either 
the local switching hierarchy ( utilized for local transmission) or the 
toll switching hierarchy ( utilized for transmission outside the local 
area) .  The switching equipment of either arrangement, however, is 
not totally divorced from that of the other. For example, tandem 
offices, operated by an associated company, are frequently used to 
switch toll traffic. Two methods are used. One is to segregate trunks 
between interlocal and toll use by maintaining separate groups. The 
second is to use a common tandem trunk group for both toll and 
interlocal. When trunks are so shared, the more severe transmission 
requirements for either use musfbe applied to the common group. 

The Local Switching Hierarchy 

Figure 1-2 illustrates the various degrees of complexity that may 
be involved in switching within a local area. The simplest connection 
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in the switched network is from one station set to another through 
a single local central office. Transmission over such a connection 
involves only the two station sets, their loops, and the transmission 
path through the switching machine as shown in Figure 1-2 (a) . 

A connection in a multioffice area might be set up between two 
local, or class 5, offices in a number of ways as shown in Figure 1-2 (b) . 
Within the metropolitan area, it can be seen that trunks might inter
connect two offices directly, using trunk A. Alternately, one, two, 
or three tandem switching machines might be used ; with one machine, 
trunks B and C are used ; with two machines, trunks B, D, and G 
are used. Finally, if three machines are involved, trunks B, E,  F, 
and G are all used. These tandem machines, used in large metro
politan areas, provide economies through switching versus trunk 
facility costs and also provide alternate routing of traffic. 

The complexity of the transmission network is obviously in
creased by this multitrunk local area switching arrangement, which 
is quite separate from the toll switching hierarchy discussed below. 
Since a connection might use j ust one interoffice trunk between the 
two end offices or as many as four tandem and intertandem trunks 
interconnecting the end offices and the tandem offices, the network 
arrangement must be designed and built according to objectives that 
take into account the number of trunks that might be connected to
gether in tandem to complete a connection from one station to 
another. While local trunks are usually short, their numbers comprise 
the largest segment of trunks in the Bell System. 

The Tol l  Switching H ierarchy 

The hierarchy of toll switching offices, developed to facilitate the 
transmission of signals beyond a local area, is illustrated in 
Figure 1-3. Working from the top down, it can be seen that the 
hierarchy consists of regional centers, sectional centers, primary 
centers, toll centers, and end offices. These centers and offices are also 
classified by a numbering system as shown in Figure 1-4. The figure 
also shows the quantity of each type of office operating in the Bell 
System in early 1970. 
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CLASS DESIGNATION APPROXIMATE NO.  
I N  SERVI CE, 1 970 

1 Regional center 10* 

2 Sectional center 50 

3 Primary center 200 

4 Toll center 1000 

5 End office 10,000-15,000 

*In addition to the ten regional centers in the U.S.A., there are two in Canada. 

Figure 1 -4. The tol l  switching hierarchy (Bel l  System on ly). 

Access to the toll network is made through toll connecting trunks. 
In general, they are classified with local trunks since they are 
relatively short and intermixed on facilities with interoffice, tandem, 
and intertandem trunks. Generally, toll connecting trunks provide 
connections between class 5 and class 4 offices (end offices and toll 
centers) .  However, since class 5 offices may connect into the toll net
work at any level of the hierarchy, toll connecting trunks may also 
connect to class 3, class 2, or class 1 offices as well as to class 4 offices. 
In these cases, the higher offices also perform the functions of class 4 
offices. The facilities used by toll connecting trunks may be voice
frequency or carrier. The termination at the class 5 office is two-wire ; 
at the higher class offices it may be two-wire or four-wire, depending 
on the switching machine. 

The toll switching network is provided with intertoll trunks 
between various combinations of office classes. One such combination 
is shown in Figure 1-3. Note that final trunk groups ( i.e., those carry
ing traffic for which they are the only route and overflow traffic for 
which they are the "last choice" route) are provided between each 
lower ranking office and the higher ranking office on which it homes. 
All regional centers are interconnected by final trunk groups. High
usage trunk groups, which provide for alternate routing, are installed 
between any two offices that have sufficient community of interest. 
Automatic switching of toll circuits facilitates the use of alternate 
routing, so that a number of small loads may be concentrated into 
large trunk groups, resulting in higher efficiencies and attendant 
economies. 
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The order of choice of trunks for a call originating in end office 1 
and terminating in end office 2 is indicated in Figure 1-3 by the 
numbers in parentheses. In the example there are ten possible routes 
for the call. Note that the first choice route involves two intermediate 
links. In many cases a single direct link, which would be first choice, 
exists between the two toll centers. Only one route requires seven 
intermediate links ( intertoll trunks in tandem) ,  the maximum per
mitted in the design of the network. 

The probability that a call will require more than n links in tandem 
to reach its destination decreases rapidly as n increases from 2 to 7. 
First, a large majority of toll calls are between end offices associated 
with the same regional center. The maximum number of toll trunks 
in these connections is therefore less than seven. Second, even a call 
between telephones associated with different regional centers is 
routed over the maximum of seven intermediate toll links only when 
all of the normally available high-usage trunk groups are busy. The 
probability of this happening in the case illustrated in Figure 1-3 is 
only p5, where p is the probability that all trunks in any one high
usage group are busy. Finally, many calls originate above the base 
of the hierarchy since each higher class of office incorporates the 
functions of lower class toll offices and usually has some class 5 
offices homing on it. Figure 1-5 makes these points more specific. 
The middle column of this table shows, for the hypothetical system 

N UMBER OF INTERMEDIATE 
PROBABILITY 

LINKS, n FIGURE 1 -3 1 961 STUDY 

Exactly 1 0.0 0.50 

2 or more 1.0 0.50 

Exactly 2 0.9 0.30 

3 or more 0.1 0.20 

4 or more 0.1 0.06 

5 or more 0.0109 0.01 

6 or more 0.00109 0 

Exactly 7 0.00001 0 

Figure 1 -5. Probability that n or more l inks wil l  be required to complete a tol l  calt. 
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of Figure 1-3, the probability that the completion of a toll call will 
require n or more links between toll centers, for values of n from 
1 to 7. In computing probabilities for this illustration, the assump
tions are : ( 1 )  the chance that all trunks in any one high-usage group 
are simultaneously busy is 0.1 ; (2 )  the solid line routes are always 
available ; and (3)  of the available routes the one with the fewest 
links will always be selected. The values in Figure 1-5 illustrate 
that connections requiring more and more links become increasingly 
unlikely. These numbers are, of course, highly idealized and simplified. 

Actual figures from a Bell System study made in 1961 a1 a shown 
in the last column of the table of Figure 1-5. These numbers represent 
the probability of encountering n links in a completed toll call between 
an office near White Plains, New York, and an office in the Sacra
mento, California, region. The assumption was made that all traffic 
had alternate routing available and that blocking due to final groups 
was negligible. Note that at that time 50 percent of the calls were 
completed over only one intermediate link. This is not possible in the 
layout shown in Figure 1-3, where it may be assumed that traffic 
volume does not yet justify a direct trunk between toll centers. The 
maximum number of links involved in the 1961 study was five ; this 
number was required on only 1 percent of the calls. 

More recent studies, reported informally, indicate that the trend 
continues in the direction of involving fewer trunk links in toll calls. 
In 1970, approximately 75 percent of all toll calls were completed 
over only one intertoll trunk ; 20 percent required two intertoll trunks 
in tandem ; about 4 percent required three trunks ; the remaining 
1 percent required four or more intertoll trunks in tandem. This trend 
is a result of increasing connectivity between offices by providing 
increased numbers of high-usage trunk groups (direct connections) 
between lower classes of offices in the hierarchy. 

1 -3 IMPACT OF SYSTEM MULTIPLICITY O N  
NETWORK PERFORMANCE 

The provision of customer-to-customer communications channels 
can involve a multiplicity of instrumentalities, facilities, and systems 
interconnected in many ways. Station sets, loops, and end offices are 
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particularly important, especially in the switched message network, 
since they are used in every connection. Toll connecting and intertoll 
trunks, toll transmission systems, and toll switching machines are 
also important when communications beyond the local area are 
considered. The overall comprises a complex configuration of plant 
items whose interactions give rise to several broad problems in the 
total network design and operation. 

The first problem is that the accumulation of performance imper
fections (such as loss, noise, and impedance irregularities) from a 
large number of systems leads to severe requirements on individual 
units and to great concern with the mechanisms causing imperfections 
and with the ways in which imperfections accumulate. 

The second problem is that the variable complement of systems 
forming overall connections makes quite complex the problem of 
economically allocating tolerable imperfections among these systems. 
Deriving objectives for a connection of fixed length and composition 
is a problem involving customer reactions and economics. However, 
when these objectives must be met for connections of widely varying 
length and composition, the problem of deriving objectives for a 
particular system requires an even more complex statistical study 
involving considerable knowledge of plant layout, operating proce
dures, and the performance of other systems. 

A third problem involves the satisfactory operation of each part 
with nearly all other parts. Compatibility is particularly important 
when new equipment and new systems are being developed, because 
the existing plant and the new interact importantly in many ways 
and also because plant growth must take place by gradual additions 
rather than by massive junking and replacement. 

A fourth problem is that of reliability. Only small percentages 
of outage time are acceptable for the communications services pro
vided by the Bell System, and these must account for all causes 
of failure-equipment failure, natural or man-made disaster, operat
ing errors, etc. 

Finally, to be complete, any discussion of the environment must 
recognize that telephone plant and power transmission and distri
bution systems share the same geography, either aerially or under-
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ground. This fact is important from a safety standpoint and from 
the standpoint of quality of transmission on telephone facilities. 
Power systems may come in contact with telephone plant as a result 
of storms, plant failures, or induction, endangering customers, 
employees, and property unless protective measures are applied. The 
presence of power systems in proximity to the telephone plant can 
also be damaging from the standpoint of quality of telephone trans
mission since noise induction is a distinct possibility. 

1 -4 MAINTENANCE AND MAINTENANCE SUPPORT 

The switching patterns that have been described impose strict 
requirements on all transmission circuits. For example, up to seven 
intertoll trunks may be connected in tandem, and successive calls 
between the same two telephones may take different routes which 
involve different numbers and kinds of circuits. The losses encountered 
on calls routed over different numbers of links must not vary ex
cessively, nor may the transmission quality vary significantly. If 
unsatisfactory transmission occurs, it cannot be observed by an 
operator as in the past, and the customer's attempt to report the 
trouble disconnects the impaired circuit, making difficult the identi
fication of the source of trouble. 

To cope with this situation, many central offices have extensive 
test facilities associated with them. Some of these facilities are test 
switchboards which have access to the lines and trunks in the office 
by manual patch or cross-connecting means. New automatic test 
facilities are also now available and are used extensively to test 
interoffice trunks by way of special trunk circuits and access arrange
ments provided in the switching machines. In addition, many central 
offices are equipped with voiceband data test centers for both 
DATA-PHONE® and private line service. 

A great variety of portable, special purpose, and general purpose 
test equipment is also usually available in most central offices. This 
equipment, fixed and portable, manual and automatic, is described in 
greater detail later. 

Extensive test equipment is also available for special services. For 
example, test equipment for television and wideband data services is 
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located at the Television Operating Centers and the Wideband Data 
Test and Service Bays. 

In addition to equipment that is directly involved in maintenance, 
there is an extensive list of equipment and transmission system 
features that may be classified as maintenance support. These equip
ment and service features are designed to facilitate trouble identifi
cation, isolation, and repair, to prevent extensive proliferation of 
trouble conditions, to provide for emergency restoration of broadband 
facilities on a temporary basis, to provide for remote telemetering 
and remote control of maintenance equipment and alarms, and to 
provide special communications channels (order wires) for mainte
nance personnel. These also are described in greater detail in a later 
chapter. 
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Background 

Chapter 2 

I ntroduction To Transmission 

The movement of intelligence from one point to another is the 
basic task of the Bell System. The intelligence to be moved can be 
called a message, regardless of the form it takes or its purpose. The 
most common form, of course, is speech, and the telephone system 
was initially developed around the need for voice communications. 
Over the years, however, many other types of messages (such as 
facsimile, program, video, and data) have evolved. 

In general, transmission technology has advanced in parallel with 
this evolution, providing a means of translating these messages into 
electrical signals and developing the communications channels that 
make it possible to transmit the messages in reversible form via 
existing transmission media. Extension of the capabilities of the 
existing multiple-link plant and the development of new plant 
compatible with the old and capable of fulfilling transmission require
ments are among the problems confronting the transmission engineer. 

The variety of message signals and types of channels interact in 
many ways. Different types of message signals require channels of 
various bandwidths and operating characteristics. These channels 
utilize voice-frequency and carrier facilities which must meet strin
gent requirements if they are to provide satisfactory service eco
nomically. To meet these requirements, it is sometimes necessary to 
use specially designed ancillary equipment on the channels or systems. 

2- 1 MESSAGE SIGNALS 

The characterization of transmitted message signals is essential 
to an understanding of how such signals interact . with the channels 
over which they are transmitted. The message signal is defined as 
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an electrical representation of a message, which can be transmitted 
in its electrical form from source to destination. Qualitative descrip
tions of the more common signals found in the Bell System are given 
here. The signals described in this chapter include voice, program, 
video, data and facsimile, and control signals. The latter, usually 
classified as signalling and supervision, are transmitted in order to 
activate switching operations and to perform other subsidiary func
tions. Variations of these signal types are used to transmit all 
messages presently offered as Bell System communication services. 
Any of the signals may be transmitted in either digital or analog 
form ; the choice is dependent in some cases on the transmission 
facilities available. More detailed quantitative characterizations of 
all these signal types are given in Chapters 12 through 16. 

Speech 

The most common signal transmitted over Bell System facilities 
is the speech signal, an electrical signal generated in the telephone 
station set as an analog of the acoustical speech wave generated 
in the voice box, or larynx, of the speaking telephone user. This 
signal carries most of its information in a band of frequencies 
between 200 Hz and 3500 Hz. Most of the energy is peaked near 
800 Hz ; most of the articulation is above 800 Hz. It has higher 
frequency and lower frequency components, but these are not nor
mally transmitted. It is an extremely complex signal, not only because 
of the large number of frequency components it contains, but also 
because of the wide range of amplitudes that any component may 
have and because of the rapidity with which the frequency and 
amplitude of its components may change. 

Another complexity is the time relationships inherent in the speech 
signal. By one definition or criterion, the signal duration might be 
measured from the time the connection is established until it is broken. 
By another criterion, the signal duration might be defined as the 
speaking interval-during a typical telephone connection, each party 
speaks about half the time and listens the other half. But the 
situation is even more complex. There are short intervals, sometimes 
only milliseconds in length, during which a speaker pauses for breath 
or for other reasons. Signal duration could be defined as covering 
the time between those pauses. So, it is a matter of definition ; care 
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must be taken to define the signal precisely when circumstances 
demand it, for example, when considering system loading or crosstalk 
effects. 

Program 

Program signals are those associated with the distribution of 
radio program material, the audio portion of television program 
material, or "wire music" systems. These signals are usually trans
mitted over one-way channels having a somewhat wider bandwidth 
than the standard voice-frequency message channel. The signals may 
include speech and a wide range of musical material. The signal 
energy is usually maintained at a higher average level than that of 
switched telephone voice-frequency signals and may be transmitted 
continuously for hours ; however, since there is such a small per
centage of circuits assigned to this type of service, little effect is felt 
in system loading. 

Video 

There are three types of video signals commonly transmitted 
over Bell System facilities-television, PICTUREPHONE®, and 
multilevel facsimile. Multilevel facsimile represents a very small 
percentage of transmitted signals and is described as a data signal. 
Brief descriptions of television and PICTUREPHONE signals are 
given here. 

A television signal contains information in electrical form from 
which a picture can be re-created with fidelity. A still monochrome 
picture may be expressed as a variation in luminance over a 
two-dimensional field. In a moving picture, however, the luminance 
function also varies with time. The moving picture, therefore, is 
a function of three independent variables : luminance, position, and 
time. 

The electrical signal (characterized in Chapter 15)  consists of 
a current or voltage amplitude which is a function of time. At any 
instant, the signal can represent the value of luminance at only one 
point in the picture. It is necessary, therefore, in the translation 
of a complete picture into an electrical signal, that the picture be 
scanned in a systematic manner. If the scanning pattern is sufficiently 
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detailed and conducted rapidly, a satisfactory reproduction of picture 
detail and motion is obtained. The basic system consists of a series 
of scans in nearly horizontal lines from left to right, starting at the 
top of the image field. When the bottom of the field is reached, the 
process is started again from the top with alternate fields interlaced 
to form a frame. 

For the successful decoding of the signal into a picture at the 
receiver, it is necessary to transmit a key to the scanning pattern. 
In the standard signal, this consists of frequent short-duration 
synchronizing pulses indicating characteristic points in the course 
of the scanning pattern, such as the beginning of scanning lines and 
fields. This is coupled with the condition that the motion of the 
scanning spot between pulses is uniform with time in the field of 
view. The picture signal is interrupted during retrace time and 
replaced by a black signal known as a blanking pulse. Because of 
this, the return trace is not visible in the picture. 

The PICTUREPHONE signal is conceptually similar to the tele
vision signal. Both signals use a frame rate of 30 per second and 
a field rate of 60 per second. Lines from alternate fields are inter
laced. The following tabulation compares the two signals in other 
important respects : 

TELEVISION 

PICTUREPHONE 

SCAN RATE 

15.75 kHz 

8.0 kHz 

LI NES/ F I ELD 

525 

250 

BANDWIDTH 

4.3 MHz 

1.0 MHz 

The signal duration in television operation is long, an hour or more, 
with only short breaks for commercial and station-break announce
ments. These hardly qualify as signal terminations for most situa
tions. For PICTUREPHONE signal transmission, the signal duration 
is the full period of the call since picture information is transmitted 
in both directions during this entire period. 

Data and facsimile 

The basic data signal usually consists of a train of pulses which 
represent, in coded form, the information to be transmitted. Such 
signals are processed in many ways to make them suitable for 
transmission over Bell System facilities. To represent coded values 
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of the signal, the amplitude may be shifted, the frequency may be 
shifted, or the phase of a carrier may be shifted. In addition, the 
relative positions of pulses or the duration of pulses may be changed. 

The speed with which changes are made, no matter which parameter 
is changed, determines to a large extent the bandwidth required to 
transmit data signals. Transmission speeds used in the Bell System 
vary from a few bits (binary digits) per second for supervisory 
control channels, to a few hundred bits per second for teletype or 
telegraph signals, to over one megabit per second for use on digital 
carrier systems. 

Some two-valued facsimile signals (black and white facsimile ) 
closely resemble binary data signals and may be compared with them 
in many ways. Multivalued facsimile signals are more like video 
signals, as mentioned earlier ; they produce pictures at slow speeds 
with gradations of grey between black and white. Such facsimile 
signals are often regarded as special forms of data because channel 
requirements for facsimile transmission are quite similar to those 
for data transmission. The latter signals, together with other forms 
of data (such as the electrocardiogram signal ) , may be regarded as 
analog data signals. 

Data signal durations are highly variable. Some data messages 
tend to be very short while others can last for hours. Facsimile 
messages last several minutes typically. 

Control Signals 

In order to implement the functions of any switched network, it 
is necessary to transmit three types of control, or signalling, informa
tion. These are ( 1 )  alerting signals, (2)  address signals, and (3)  
supervisory signals. These signals are usually transmitted over the 
loops or trunks directly involved in an overall connection. However, 
they may also be transmitted over a separate, dedicated signalling 
channel used as a common signalling facility for many message chan
nels. Such a common channel system is under study and development. 

Alerting signals include the ringing signal, which is supplied to 
a loop to alert the customer to an incoming call on his line, and a 
variety of signals that are used to alert operators to a need for 
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assistance on a call. Addressing signals provide information, trans
mitted over loops and trunks, concerning the desired destination of 
the call (the called number) and, sometimes, the identification of the 
calling number. Supervisory signals are used to indicate a demand 
for service, the termination of a call, and the busy jidle status of each 
loop or trunk. 

Many forms of addressing and supervisory signals are employed. 
These include pulsing of the direct current supplied on loops for 
talking purposes or on voice-frequency trunks for supervision, changes 
in state of direct current supplied on voice-frequency trunks, and 
single-frequency or multiple-frequency alternating current signals 
which may be transmitted within or outside the voiceband of a carrier 
or voice-frequency circuit. The most important of these signals are 
described and characterized in Chapter 13. 

Many other types of signalling information are transmitted for 
subsidiary functions. These include dial tone, audible ringing tone, 
coin signals (deposit, return, and collect) , busy and reorder tones, 
and recorded announcements such as time and weather information. 
None of these relates importantly to transmission work, however, 
and so they are not described in detail. 

The duration of information signals varies widely. Addressing 
signals last for only a short time, one to several seconds. Supervisory 
signals, on the other hand, may be present for minutes, hours, or even 
days when a trunk, for example, is not called into use. It is 
interesting to note that address signals may be regarded as transient 
by nature, and supervisory signals are steady state. 

2-2 CHANN E LS 

A channel is defined as a frequency band, or its equivalent in the 
time domain, established in order to provide a communications path 
between a message source and its destination. The characteristics 
of the signal derived from the message source determine the require
ments imposed upon the channel in respect to bandwidth, signal-to
noise performance, etc. 

In the switched telephone message network, a variety of channels 
are provided on a full-time, dedicated basis in the form of loops, 
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local trunks, toll connecting trunks, and intertoll trunks. Each 
such channel is a well defined entity between its terminals for long 
periods of time. Changes in the channel makeup or configuration can 
be made only by changing soldered connections or by patching within 
a jack field. 

The end-to-end frequency band established between station sets 
in a built-up telephone call is also a channel. This frequency band 
is dedicated and maintained only for the duration of the call. In 
this case, the channel is made up of other tandem-connected channels
the interconnected loops and trunks used to establish the connection. 

With the advent of time division switching and its integration 
with time division transmission systems, the end-to-end concept of 
a channel in a built-up telephone connection may have to be modified. 
Present systems maintain the integrity of the channel in the time 
domain equivalent of the analog channel, but it is theoretically 
possible to change channel assignments during a call. Analog channel 
assignments are changed during a call in the TASI system, described 
later in this chapter. 

Thus, channels in the switched telephone message network may be 
regarded as fixed, changeable, or switchable. In any case, each type 
of channel must be designed to have a transmission response that 
will satisfy the objectives set for the type of service to be provided. 
That is, they must be of sufficient bandwidth, must have gain; 
frequency and phase/frequency characteristics that are well con
trolled, and must not be contaminated by excessive noise or other 
interference. These parameters will be discussed more quantitatively 
in later chapters. 

Channels may also be regarded as one-way or two-way. Carrier 
systems are usually operated on a four-wire basis, a separate path 
for each direction of transmission. On one such path the dedicated 
band of frequencies (i .e., the channel ) carries signal energy in one 
direction only, and so each path represents a one-way channel. Voice
frequency circuits ( loops and trunks) , on the other hand, are fre
quently operated so that both directions of transmission are carried 
on the same wire pair-a two-way channel. In any case, in the 
switched message network, loops and trunks must be capable of full 
duplex, i.e., two-way simultaneous usage. 
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In this discussion, definitions involving channels in the switched 
telephone message network have been stressed. It must be recognized 
that many other types of channels are provided in the Bell System. 
These include very wideband channels for high-speed data or video 
signal transmission, channels somewhat wider than speech channels 
for radio and television program or sound signals, voiceband channels 
that are specially treated to meet data or facsimile transmission 
objectives, and very narrowband channels for telegraph and low-speed 
data signal transmssion. 

2-3 VOICE-FREQUENCY (VF) TRANSMISSION 

To a large extent, the line facilities and apparatus that are applied 
in practice to the local telephone plant operate at voice frequency. The 
loop plant employs a two-wire mode of operation almost exclusively, 
and the local network trunk plant is operated in both the two-wire 
and the four-wire modes. In either mode, the transmission medium 
introduces signal loss which must be controlled within established 
limits in order to provide satisfactory service. When the losses exceed 
the established limits, compensation must be made by means of voice
frequency repeaters (amplifiers and associated circuit features) 
whose gains are designed to restore signal amplitudes. For economical 
circuit design, then, proper choice must be made of the minimum 
wire size compatible with circuit length, as well as the appropriate 
repeater type relative to mode of operation, wire size, and circuit 
length. 

Modes of Voice-Frequency Transmission 

The telephone station set is basically a four-wire instrument, one 
that requires two wires for the transmitter and two wires for the 
receiver. If the four-wire nature of the set were extended into the 
entire local plant including both loops and trunks, four wires would 
have to be provided for every connection including the transmission 
paths through the switching machines. Such an arrangement, illus
trated in Figure 2-1 (a) , would offer some transmission advantages, 
but it would be inordinately expensive since it would nearly double the 
amount of copper required for cables and other types of conductors 
needed to provide transmission paths and would impose a burden on 
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Switches 

(a) Four-wire connection 

Switches 

(b) Two-wire connection 

Figure 2- 1 .  Voice-frequency modes of transmission. 

local switching machines, nearly all of which provide two-wire 
transmission paths only. To avoid this expense, the station set is 
provided with circuitry that combines the transmitter and receiver 
conductors so that only one pair of wires is needed for transmission 
in both directions. This arrangement, called two-wire transmission, 
is illustrated in Figure 2-1 (b) . 
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Two-wire transmission is used almost exclusively in loops and 
commonly in short trunks between local central offices. However, 
when trunks are long or when the bandwidth is significantly greater 
than the 4 kHz used for speech transmission, the technical problems 
are such that four-wire transmission is necessary. Net losses can be 
held at lower values, and there are fewer echo and singing paths. 
Therefore, there are applications for four-wire voice-frequency cir
cuits even before carrier applications become economical. 

Voice-Frequency Repeaters 

The selection of repeater type in solving voice-frequency applica
tion problems depends on the required gain and on the mode of 
transmission, two-wire or four-wire. The E-type repeater, shown 
schematically in Figure 2-2, is used in many two-wire trunks and 
some loops to provide the necessary gain and equalization. Its unique 
shunt and series negative impedance characteristics provide gain in 
both directions of transmission in a two-wire circuit. 

Series converter 

Shunt converter 

Figure 2-2. Negative impedance repeater for a two-wire repeatered l ine. 
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The repeaters used in four-wire lines use separate amplifiers for 
each direction of transmission. Figure 2-3 shows how four-wire re
peaters are used in a four-wire trunk. Notice that repeaters used 
along the line connect four-wire to four-wire, while at the ends of the 
trunk the arrangement provides interconnection between four-wire 
and two-wire facilities. 

New designs, designated facility terminals, are now available to 
provide either two-wire or four-wire gain. In addition, this equipment 
provides flexibility in interconnecting equipment needed for other 
circuit functions such as signalling and equalization as required. 

2-4 CARRIER SYSTEMS 

Since the per-channel copper costs for VF transmission are often 
prohibitive, carrier systems have been developed to reduce overall 
costs by the substitution of electronics for copper. Carrier systems 
(which for the purpose of this discussion include microwave radio 
systems) are broadband, multichannel, four-wire facilities. The car
rier principle proves to be economical because its broadband, multi
channel features allow one carrier channel to be used for a multiplicity 
of narrower band channels (for speech, data, or other signal trans
mission) . These individual channels operate, of course, in the four
wire mode also, since there is a separate path for each direction of 
transmission. 

Systems designed for submarine cable operation and some short
haul carrier systems use a mode of transmission called equivalent 
four-wire. In this mode, the two directions of transmission are 
separated in frequency on a single pair of wires, rather than in space 
on separate wire pairs. Two circuit arrangements that are commonly 
used are illustrated in the block diagrams of Figure 2-4 (a) and 
(b) . The advantage of this mode, of course, is that only one pair is 
required for both directions of transmission. 

A carrier system may be regarded as consisting functionally of 
three major parts : ( 1 )  high-frequency line or radio relay equipment 
which, with the transmission medium, provides a broadband channel 
of specified characteristics to permit simultaneous bidirectional trans
mission of a wide range of communications signals ; ( 2 )  modulating 
equipment to process signals from one form to another more suitable 
for transmission in each direction of transmission from the terminal ; 
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---+ HF I I LF +-

L COMB. J 
l HF and LF 

HF --+ HP \I LP +-- LF 

LF +--- LP HP ._...... HF 

t HF t HF 
and and 
LF LF 

I SPLIT. L L I 

(a) Single ampl ifier connection 

----+ HF � v 
HF ---+ HP HP ----. HF 

LF +--- LP LP +- LF 

/ 
� LF 4---

(b) Dual ampl ifier connectio':' 

Figure 2-4. Equivalent four-wire repeater configurations. 
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and ( 3 )  multiplexing equipment which combines, at the system input, 
and separates, at the system output, the various signals sent through 
the system. To achieve efficient equipment packaging, the modulating 
and multiplexing equipment are usually combined. Together these 
three major parts provide transmission channels having fixed gain, 
acceptably low noise and distortion, and high velocity of propagation. 

Hig h-Frequency line Equ ipment 

To provide a broadband channel, high-frequency line equipment 
must perform a number of functions which differ depending on the 
type of system. The basic function found in all systems is that of 
amplification to compensate for losses in the medium between repeater 
points. Such compensation may require the gain to be a nonflat 
function of frequency and, as such, it is often considered as the first 
step in equalization. 

In analog coaxial cable systems, amplification is the only primary 
function of the high-frequency line equipment. Other functions, such 
as regulation to maintain constant the overall system gain in the 
presence of temperature changes, and equalization to compensate 
for small deviations in the transmission response, are also provided, 
but for present purposes they may be regarded as secondary. Another 
secondary function is that of protection line switching ; in the event 
of failure or for line maintenance, service may be switched auto
matically or manually to a spare line. 

Another important function of the line equipment of some short
haul cable systems is frequency frogging, whereby the signal is 
modulated alternately between two frequency bands at each repeater. 
This process is required to control systematic impairments ( equali
zation) that arise due to the transmission response of the medium 
and to liniit unwanted crosstalk paths. 

The repeaters in the high-frequency line equipment in microwave 
radio systems also provide gain as their primary function. Secondary 
functions include modulation to translate the signal from high radio 
frequencies to intermediate or baseband frequencies (where designs 
of amplifiers are more tractable) , frequency frogging between radio 
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frequency bands, and high-speed switching to provide alternate paths 
for the signals in order to overcome the effects of fading in the 
medium (the atmosphere) or to overcome the effects of equipment 
failure. 

In the high-frequency line equipment of digital systems there are 
two primary functions. In addition to providing gain, a digital 
repeater regenerates the transmitted pulses and reshapes them for 
transmission to the next repeater. The regeneration process must 
also include a timing function so that the pulses are transmitted 
in correct time relationship to one another. 

Modulating Equipment 

Input signals to a carrier system must be processed to make them 
suitable for transmission over the line equipment. The processing is 
usually referred to as modulation. There are several forms of modu
lation, and they may be used singly or in combination according to 
the needs of the system. 

The process involves modifying the signal in some reversible 
manner to prepare it for combining with other signals or for trans
mission over the high-frequency line or both. This may be accom
plished by varying (modulating) a carrier in amplitude or frequency 
in accordance with the amplitude and frequency variations of the 
input signal (sometimes called the baseband signal ) ; or the input 
signal, regarded as a continuous wave, may be sampled in time and 
then coded into a stream of pulses as is done in digital transmission 
systems. 

Multiplex Equipment 

Multiplexing means the combining of multiple signals for simul
taneous transmission over a common medium. The simplest form 
of multiplexing might be called space division multiplexing. It occurs 
when many signals are transmitted over separate pairs of wires all 
in the same cable. The term is usually applied, however, to the 
two categories called frequency division multiplex and time division 
multiplex. 
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If in a frequency division multiplex (FDM) system a number of 
signals modulate carriers at some high frequencies, they may be 
transmitted simultaneously over a common medium pr�>Vided ( 1 )  
the band of  each signal covers a part of the broadband spectrum of 
the high-frequency line equipment different from ·all other modu
lated signals and (2)  the total bandwidth does not exceed that of the 
high-frequency line equipment. Such signals are combined in electrical 
networks in the transmitting terminal of the system and are separated 
by frequency-selective networks at the receiving terminal. 

In a time division multiplex (TDM) system, the pulses, which are 
formed for different signals in the modulating equipment, are inter
spersed in a regular time relationship at the transmitting terminal. 
Timing pulses, transmitted with the signal information, permit the 
operation and control of gate circuits at the receiving terminal. These 
circuits separate the signals from one another so that they may be 
processed, or demodulated, individually at the receiving terminal of 
the system. 

2-5 ANCILLARY EQUIPMENT AND FUNCTIONS 

Included in the transmission plant are a large number of equip
ment items and operating techniques that have been developed so 
that transmission and operating requirements may be met more 
economically. Among these are circuits such as compandors and echo 
suppressors, operating techniques such as frogging, and complete 
switching/transmission systems that employ time assignment speech 
interpolation techniques. 

The word compandor is made up of syllables taken from the words 
COMpressor and exPANDOR. The performance of some carrier sys
tems is improved, especially for speech signals, by the· use of these 
devices. At the transmitting terminals of a telephone circuit, speech 
signal amplitudes are compressed into a narrower than normal range 
and then restored by the expand or at the receiving terminal. The re
sult is a significant reduction of noise during periods of small signal 
transmission and during quiet intervals. These are the periods when 
noise is most objectionable to the telephone user. 

In addition to compensating for losses incurred in the medium, the 
design of telephone trunks involves dealing with and overcoming 
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various other impairments suffered in the course of transmission. One 
such impairment is echo. If a trunk is so designed that the likelihood 
of a disturbing echo is high, it is often equipped with an echo sup
pressor. This device acts as a pair of voice-operated switches ; while 
one subscriber is talking, the echo suppressor inserts high loss in the 
opposite direction of transmission to attenuate the echo before it is 
returned to the speaker. 

Two types are used, full and split. In the full echo suppressor, the 
voice-operated switches and echo attenuation circuits for both direc
tions of transmission are located at one end of the trunk. In the split 
echo suppressor, the circuitry is split between the two ends of the 
four-wire trunk. 

The performance of transmission systems is often improved by 
some kind of frogging, a term adopted from the railroad industry 
where a frog is a special section of rail used to cross one track over 
another. In transmission, some impairments may accumulate due to 
channels being in close relationship to one another. These relation
ships and the impairments can be altered significantly by frogging 
in space (by changing the medium or by reversing or transposing 
wire positions) or by frequency frogging (changing the relative posi
tions of channels in a common spectrum) .  Both space and frequency 
frogging techniques are used in telephone practice. 

A Time Assignment Speech Interpolation (TASI) system is used 
to increase the efficiency of bandwidth utilization on some transmis
sion systems. It operates as a high-speed switching system to allow 
a number of talkers to share a smaller number of trunks on the high
frequency line. The switches are voice-operated and allow a channel 
in the transmission system to be taken from a speaker during breaks 
in his conversation. These breaks occur during periods that a user is 
listening, rather than talking, and during other pauses in normal 
conversation. 

REFERENCES 

1. Technical Staff of Bell Telephone Laboratories. Transmission Systems for 
Communications, Fourth Edition ( Winston-Salem, N. C. : Western Electric 
Company, Inc., 1970 ) , Chapter 29. 
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Section 2 

Elements of Transmission Analysis 

In this section of the book a number of technical subjects are 
treated in a manner designed to acquaint the reader with fundamental 
principles of transmission analysis, which have application to trans
mission system design, operation, and planning. The subjects are 
covered in a series of nine chapters. 

While the book has been written for persons with an electrical 
engineering background, it must be appreciated that each of the 
subjects covered in this section has been worthy of entire textbooks 
at both the undergraduate and graduate levels of study. It has been 
impossible, therefore, to discuss most of these subjects without using 
a higher level of mathematics than can normally be assumed for 
second or third year undergraduate students. For the most part, 
the mathematics used are presented without apology, without proof, 
and without thorough mathematical development that might satisfy 
a mathematician. For additional background information, the in
quisitive reader is referred to the literature listed at the end of 
each chapter. 

Chapter 3 provides a transition from the "Background" section 
of the book to the more theoretical subjects to follow. Some terminol
ogy is defined, and justification for the use of logarithmic units in 
transmission work is presented. The concept of transmission level 
points is discussed, and measurements of certain types of signals 
and interferences are described. 

Chapters 4 and 5 cover the related subjects of "Four-Terminal 
Linear Networks" and "Transmission Line Theory." The material 
in these chapters includes discussions of the basic Ohm's and Kir
choff's laws and their application ; the analysis of networks and their 
interactions, impedance relationships, return loss and reflections ; and 
transformer and hybrid coil theory and applications. Transmission 
lines are treated in terms of equivalent circuits, characteristic im
pedance, primary electrical constants, velocity of propagation, and 
loading. 

35 
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Chapter 6, on wave analysis, is presented in order to increase the 
reader's understanding of the Fourier series and Fourier transform. 
This permits a more general understanding of time-domain and 
frequency-domain relationships between signals and transmission 
channels. 

Chapter 7 covers negative feedback amplifiers from the points-of
view of how design limitations and compromises are made to 
accomplish design objectives and how these objectives are related to 
the performance of transmission systems in the field. The principal 
benefits of feedback are discussed and means for providing feedback, 
as well as the manner in which feedback mechanisms interact with 
each other, are described. 

In Chapter 8, a number of methods of signal processing are de
scribed in order to show how signals are modified for more efficient 
transmission over existing media and then restored to their original 
form for final transmission to the receiver. Various forms of ampli
tude, angle, and pulse modulation processes are covered. 

"Probability and Statistics" is the subject of Chapter 9. The 
application of this branch of science to transmission system design 
and operation is among the most important aspects of transmssion 
work. Without the application of probability and statistics, the Bell 
System could not operate economically and perhaps could not operate 
at all. The terminology and symbology of this branch of mathematics 
are first described. Examples of statistical and probabilistic analyses 
are given to illustrate how such techniques may be used to solve 
transmission problems. 

Chapter 10 covers a brief history and description of information 
theory and its application in transmission engineering. Mathematical 
expressions are presented to show the theoretically maximum channel 
capacity for both ideal (distortion-free) channels and for typical 
noisy channels. While the subject is of most concern to development 
and research workers, an understanding of the principles should 
enhance the work of the transmission engineer in the field. 

Chapter 11, the last chapter of this section, consists of a presenta
tion of the more important aspects of conducting engineering economy 
studies. Transmission problems usually have more than one tech
nically sound solution ; the selection of one of several alternative lines 
of action can often be best made on the basis of economic comparisons 
of the alternatives. 

TCI Library: www.telephonecollectors.info



Elements of Transmission Analysis 

Chapter 3 

Fundamentals of Transmission Theory 

Transmission systems for communications are made up of a large 
number of tandem-connected two-port (four-terminal ) discrete net
works and distributed networks such as transmission lines. In the 
analysis of transmission systems, the properties of these networks 
must be defined mathematically. Logarithmic units are commonly used 
because the ratios of currents, voltages, and powers found in these 
networks are large and awkard to manipulate. If the input-output 
relations, or transfer characteristics, of the individual two-port net
works are determined, the transfer characteristics of the tandem con
nection of several such networks can be found by taking a product of 
the appropriate network transfer characteristics. 

Transmission parameters of communication systems are measured 
in a manner consistent with mathematical analysis techniques. Thus, 
many types of test equipment are designed to measure signal and 
interference amplitudes in logarithmic units ( decibels) .  Other test 
equipment types measure more conventional parameters, such as volts, 
amperes, or milliwatts. Some test instruments are arranged to display 
signals or interferences as functions of either time or frequency. 

3-1 POWER AND VOLT AGE RElATIONS IN liNEAR CIRCUITS 

Some of the mathematical relations necessary for the evaluation of 
system performance can be explained in terms of the simple circuit 
diagram of Figure 3-1. The transducer in this circuit is assumed to 
be linear ; i .e., the relation of the output signal to the input signal can 
be described by a set of linear djfferential equations with constant 
coefficients. 
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Linear 
two-port 
transducer 

Generator ..._ ____ __. Load 

Energy is transferred from gen-
erator to load via the linear two
port transducer. The transducer 
may take on a wide variety of 
forms, ranging from a simple pair 
of wires to a complex assortment 
of cables and amplifiers, modula
tors, filters, and other circuits. The 
four terminals are associated in 
pairs ; the pair connected to the 

Figure 3-1 .  Terminated two-port circuit. generator is commonly called the 
input port and the pair connected 

to the load as the output port. If the energy at the output is greater 
than at the input, the transducer is said to have gain. If the energy 
is less at the output than at the input, the transducer is said to have 
loss. 

As illustrated in Figure 3-1, a generator may be characterized by 
its open-circuit voltage, E', and its internal impedance, Zc, and a 
load by its impedance, Z L· If the signal produced by the generator is 
periodic, it may be represented by a Fourier series, V == v. + V2 . . . .  
+ Vk + . . . Vn, each term of which has the form 

(3-l. ) 

or, more conveniently, 

(3-2 ) 

In Equations (3-1)  and (3-2) , the subscript k represents the kth 
term of the Fourier series, Vk represents its instantaneous voltage, 
and Ek represents its peak voltage. The input-output relations of the 
transducer are not dependent on the presence or absence of other 
similar terms in the series nor of their magnitudes. The Fourier series 
signal representation is thus convenient for this type of analysis. 

For example, if the generator voltage of Figure 3-1 is a single
frequency signal represented by 

(3-3 ) 
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the ratio of V1 to V2 is given by 

(3-4a) 

Where the radian frequency, w, is the same for E1 and E2 (generally 
true except for modulators) ,  this equation may be written 

(3-4b) 

As mentioned above, the ratios encountered in telephone transmission 
are often very large, and the numerical values involved are awkward. 
Moreover, it is frequently necessary to form the products of several 
ratios in order to express the gain or loss of a network or a tandem 
connection of networks. The expression and manipulation of voltage 
or power ratios are simplified by the use of logarithmic units. The 
natural logarithm (In) of the ratio of Equation (3-4b) is a complex 
number. 

The real and imaginary parts of Equation (3-5) are uniquely 
identifiable, which is to say 

and 
a ==  In (E1/E2) , the attenuation constant, } 
f3 == 4>1 - 4>2, the phase constant. 

(3-6) 

When this measure of voltage (or current) ratio is used, a is said 
to be expressed in nepers and f3 in radians. The term neper is an 
adaptation of Napier, the name of the Scottish mathematician credited 
with the invention of natural logarithms. 

The Decibel 

The logarithmic unit of signal ratio which now finds wide 
acceptance is the decibel (dB) . The decibel is equal to 0.1 bel, a unit 
named for Alexander Graham Bell whose investigations of the 
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human ear revealed its logarithmic response. Strictly speaking, the 
decibel is defined only for power ratios ; however, as a matter of 
common usage, voltage or current ratios also are expressed in 
decibels. The precautions required to avoid misunderstanding of 
such usage are developed in the following. 

If two powers, Pt and P2, are expressed in the same units (watts, 
microwatts, etc. ) ,  then their ratio is a dimensionless quantity, and 
as a matter of definition 

D == 10 log (Pt/Pz) dB (3-7) 

where log denotes logarithm to the base 10, and D expresses the 
relative magnitude of the two powers in decibels. If an arbitrary 
power is represented by po, then 

D == 10 log (Pt/Po) - 10 log (Pz/Po) dB. (3-8) 

Each of the terms on the right of Equation ( 3-8) represents a power 
ratio expressed in dB, and their difference is a measure of the relative 
magnitudes of Pt and P2. Thus, the value of this difference is in
dependent of the value assigned to po. However, it is often convenient 
to use a value of one milliwatt for po. The terms 10 log (pt!po)  and 
10 log (Pz/Po) are then expressions of power (Pt or Pz) relative to 
one milliwatt, abbreviated dBm. Note, however, that their difference 
is in dB, not dBm. In short, Equation (3-7 ) is a measure of the 
difference in dB between Pt and p2. Note that nepers and decibels 
may be related by the expression nepersjdB == 20 log 2.718 == 8.686. 
This relationship is derived from the definitions of N aperian and 
common logarithms. 

As mentioned above, voltage and current ratios are also often 
expressed in decibels as a matter of common usage. Such relation
ships are simple and direct when the impedances are equal at the 
points where the voltages or currents are measured. If the impedances 
are not equal, errors may be introduced unless care is taken to use 
appropriate correction factors as explained below. 

If there is an rms drop of e volts across a complex impedance 
(Z == R + jX ohms) as a result of an rms current of i amperes 
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flowing through the impedance, the power dissipated in the impedance 
may be written 

watts. (3-9 ) 

The rms voltage and rms current are related by Ohm's law, discussed 
in Chapter 4, in such a way that i = ej J Z J .  By substituting this 
value in Equation (3-9 ) and expanding ! Z !2, it can be shown that 
the power dissipated may also be written 

watts. (3-10 ) 

Using appropriate subscripts to indicate two different measure
ments, the value of p from Equation (3-9 ) may be substituted in 
Equation (3-7 ) to yield 

dB. (3-11 )  

Similarly, the value of  p from Equation (3-10) may be substituted 
in Equation (3-7) . This gives 

(3-12 ) 

The terms beyond 20 log (i1/i2) and 20 log ( e1je2) in Equations 
(3-1 1 )  and (3-12) give rise to serious error unless they are included 
when expressing voltage and current ratios in decibels except when 
the impedances Z 1 and Z2 are equal. The extent of these errors may 
best be illustrated by some simple examples. 
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Example 3-1 : 

Let 

P1 == 2 m W == 0.002 watt, 

'P2 == 1 mW == 0.001 watt. 

Then, from Equation (3-7 ) 

D == 10 log (p1/P2) == 10 log 2 == 3 dB. 

Let 

R1 == 10 ohms, R2 == 10 ohms, X1 == 10 ohms, X2 == 10 ohms. 

Then, from Equation (3-9 ) 

i1 (p1jRI )  112 == (0.002j10) 112 == 0.014 Amp 

� (P2/R2 ) 112 == (0.001j10) 112 == 0.01 Amp 

and from Ohm's law 

e1 == i1 I Z1 I == 0.014 v 102 + 102 == 0.2 volt 

� == i2 1 z2 1 == o.o1 v 102 + 102 == o.14 volt. 

From Equation (3-11 )  

D == 20  log (it/�) + 10  log (R1/R2 ) 

== 20 log (0.014/0.01 ) + 10 log 1 

== 3 dB. 

From Equation ( 3-12) 
(1 + X12 jR12) D == 20 log ( ede2 ) - 10 log (R1/R2) - 10 log ( 1  + x22;R22) 

== 20 log (0.2;0. 14) - 10 log 1 - 10 log 1 

== 3 dB. 

Thus, no error results from computing the current or voltage 
differences in dB simply by taking 20 log of the current or voltage 
ratios. This is because the impedances Z1 and Z2 are equal and all 
terms after the first in Equations ( 3-11 ) and (3-12) reduce to zero. 
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Example 3-2 : 

In this example, the assumption is again 

P1 == 2 mW == 0.002 watt 

P2 == 1 m W == 0.001 watt. 

Then 

D == 10 log (p1/P2) == 10 log 2 == 3 dB. 

Now, assume R1 == 10 ohms, R2 == 20 ohms, and X1 == X2 == 0. 

From Equation (3-9 ) 

i1 == (Pt/Rd 112 == (0.002j10 )  112 == 0.014 Amp 

i2 == (P2/R2) 112 == (0.001/20 ) 112 == 0.007 Amp. 

From Ohm's law 

e1 == i1 IZ1 I == 0.014 X 10 == 0.14 volt 

e2 == i2 I Z2 I == 0.007 X 20 == 0.14 volt. 

From Equation (3-1 1 )  

D == 20  log (i1/i2) + 10  log (Rt/Rz) 

t:::= 20 log 2 + 10 log ( 1/2 ) 

== 6 - 3 == 3 dB. 

From Equation (3-12) 

43 

(1 + X12/R12 ) 
D == 20 log ( e1je2) - 10 log (Rt1R2 ) - 10 log ( 1  + x22;R22 ) 

== 20 log 1 - 10 log ( 1/2 ) - 10 log 1 

== 0 + 3 + 0 == 3 dB. 

Once again the three expressions for D give the same answer, 3 dB. 
Note, however, that in this example significant errors would occur 
if D were computed for current or voltage ratios without concern 
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for the impedance of the circuits. In the case of the current ratio, 
the answer would have been 6 dB ; in the case of the voltage ratio, 
the answer would have been 0 dB. 

Example 3-3 : 

Once again, assume 

Pt == 2 mW == 0.002 watt 

P2 == 1 m W == 0.001 watt. 

Then 

D == 10 log (Pt/P2) == 10 log 2 == 3 dB. 

Now, assume Rt == 10 ohms, R2 == 20 ohms, X1 == 20 ohms, and 
x2 == 10 ohms. 

From Equation (3-9 ) 

it (Pt/Rt ) 112 == (0.002j10) 112 == 0.014 Amp 

�. (P2/R2) ll2 == (0.001/20 ) 112 == 0.007 Amp. 

From Ohm's law 

e1 == i1 1 z1 1 == o.o14 v 102 + 202 == o.31 volt 

e2 == i2 I Z2 I == 0.007 v 202 + 102 == 0 .16 volt. 

Then, from Equation (3:...11)  

D == 20 log (it/frz) + 10 log (R1/R2) 

== 20 log 2 + 10 log ( 1j2) 

� 6 - 3 ==  3 dB. 

From Equation (3-12) 
(1  + X12 ;R12) D· == 20 log (e1je2 ) - 10 log (Rt/R2) -10 log ( 1  + x22;R22), 

== 20 log 2 - 10 log ( 1j2) - 10 log (5/1.25) 

== 6 + 3 - 6 == 3 dB., 
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Again, as in Example 3-2, the value of D is 3 dB no matter how 
computed. However, the importance of including the impedance 
factors in the computation is demonstrated. 

loss, Delay, and Gain 

There are several different methods of describing the transfer 
characteristics of a two-port network. Such characteristics require 
specification of four complex quantities representing input and output 
relationships. However, in many cases where the network environ
ment (such as source and load impedances ) is controlled, the transfer 
can often be characterized more readily by one frequency-dependent 
complex number describing the loss (or gain) and phase shift through 
the network. Several different means of expressing the transfer 
characteristic have come into use, each having merit for a particular 
set of circumstances and each depending in part on the definition of 
the network parameters involved. 

Insertion Loss, and Phase Shift. In the circuit of Figure 3-1, assume 
that .it has been determined that power, P2, is delivered to the load, 
Z L,· when the open-circuit voltage E', is applied. Ne-xt assume that 
the two-port network is removed, the generator is· connected directly 
to the load, and the power delivered to Z L is po. The difference in dB 
between Po and p2 is called the insertion loss of the two-port network ; 
i.e., 

Insertion loss == 10 log (Po/P2 ) -dB. (3-13) 

If the impedances are matched throughout, there is no ambiguity 
in expressing. insertion loss . as a voltage or current ratio. The in
stantaneous voltages, Vo and V2,. corresponding respectively to Po and 
P2�· may be expressed in terms of peak values,. Eo and E2. By proceed
-ing as in the development of Equation (3-6), the insertion loss and 
a definition of the insertion phase shift may be written : 

Insertion. loss·= 20 log (Eo!E2) == 20 log (lo/l2) dB ; (3-14.) 
Insertion phase shift = 57.3 (€/>o - cp2) degrees (3-15) 

where <Po and c/>2 are gi veil in radians. 
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If the transducer of Figure 3-1 furnishes gain, then E2 > Eo, and 
the insertion loss values are negative. In order to avoid talking about 
negative loss, it is customary to write 

Insertion gain = 20 log (E2/ Eo) dB. (3-16) 

If complex gain is expressed in the form of Equation (3-5), the 
phase shift will be the negative of the value found in Equation (3-15). 
Unfortunately, there is no standard name which clearly distinguishes 
between the phase shift calculated from a loss ratio and that calcu
lated from a gain ratio. The ambiguity is entirely a matter of 
algebraic sign and can always be resolved by observing the effect of 
substituting a shunt capacitor for the transducer. This gives a nega
tive sign to the value of c/>2 and a positive change in the phase of 
Equation (3-15). 

Phase and Envelope Delay. The phase delay and envelope delay of a 
circuit are defined as 

Phase delay= /3/(J) 

Envelope delay = d{jjdoJ 

where {3 is in radians, (J) is in radians per second, and delay is there
fore expressed in seconds. In accordance with the sign convention 
adopted previously, both the phase and the envelope delay of an 
"all-pass" network are positive at all finite frequencies. The above 
expressions show that the envelop�_ ��!ay: j� th� rate qfch�I!S:�. �__r 
slope, of tb� pha,s� (}�la,y cu,:r·ye. If the phase de!�Y .is linear oyer t.he 
frequency band of interest, the envelope delay is a constant ov_er 
that band. 

For cables or similar transmission media, the phase shift is usually 
quoted ,!n J;'1lcl!11!!�1HtLmile. In this case, I.>has�.�1�_ys .f!!!!! �!l.Y.e�o�e 
delays are expressed in se�QTIQS..Jl� rmile. Their reciprocals are called 
vk.aJJJL..'ll.£locity and Wo�P velocity, -�espectively :-anl.the. units are 
miles l?er second. 

Available Gain. The maximum power available from a source of 
internal impedance, Za, is obtained when the load connected to its 
terminals is equal to its conjugate, Za� i.e., if 

and 
Za =Ra+jXa } 
z: = Ra- jXa. 

(3-17) 
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It should be noted that maximizing available power is not neces
sarily the optimum relationship because, when conjugate impedances 
are interconnected, large reflections occur. As a result, other imped
ance relationships are preferable. For an open-circuit generator 
voltage having an rms value, e, the maximum available power is 

Pac == e2 I 4Ra. (3-18) 

The power actually delivered to Z L in Figure 3-1 is also maximized 
if the output impedance of the transducer is conjugate to z,,. 
Designating this power as Pa2 leads to a definition of available gain, 
ga, as 

ga == 10 log (Pa2/Pac) . (3-19) 

Transducer Gain. Ordinarily the impedances do not meet the con
jugacy requirements, and it is necessary to define the transducer 
gain, gt, of the two-port circuit as 

gt == 10 log (PL/Pac) (3-20)  

where PL i s  the power actually delivered to  the load. Transducer 
gain is dependent on load impedance and can never exceed available 
gain. Transducer gain is equal to available gain only when the load 
impedance is equal to the conjugate of the network output impedance. 

Power Gain. Finally, power gain, gp, is defined as 

(3-21 )  

where P 1  i s  the power actually delivered to the input port of the 
transducer. The power gain is equal to the transducer gain of a 
network when the input impedance of the network is equal to the 
conjugate of the source impedance. The power gain is equal to the 
insertion gain of the network when the input impedance of the net
work is equal to the load impedance connected to the output of the 
network. 
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3-2 TRANSMISSION LEVEL POINT 

In designing transmission circuits and laying them out for opera
tion and maintenance, it is necessary to know the signal amplitude 
at various points in the system. These values can be determined 
conveniently by use of the transmission level point concept. 

The transmission level at any point in a transmission circuit 
or s·ystem is the ratio, expressed in decibels, of the power of 
a signal at that point to the power of the same signal at 
a reference point called the zero transmission level point 
(0 TLP) . 

Thus, any point in a transmission circuit or system may be referred 
to as a transmission level point. Such a point is usually designated 
as a -x dB TLP, where x is the designed loss from the 0 TLP to 
that point. Since the losses of transmission facilities and circuits tend 
to vary with frequency, the TLP is specified for designated fre
quencies. For voiceband circuits, this frequency is usually 1000 Hz. 
For analog carrier systems, the frequency in the carrier band must 
be specified. 

The TLP concept is convenient because it enables circuit losses 
or gains to be quickly and accurately determined by finding the differ
ence between the transmission level point values at the points of in
terest. This principle may be exten�ed from relatively simple circuits, 
such as message trunks, to very complex broadband transmission 
systems where the TLP values often vary with frequency across the 
carrier band. 

The transmission level point concept is also a convenience in that 
signals and various forms of interference can easily be expressed in 
values referred to the same transmission level point. This facilitates 
the addition of interference amplitudes, the expression of signal-to
noise ratios, and the relation of performance to objectives in system 
evaluation. These important advantages are apparent where various 
types of signals and interferences are involved. 

Transmission level points are applied within the switched message 
network and special services networks. Similar concepts are applied 
to wideband services such as PICTUREPHONE, television, and wide
band data signal transmission. The channels used for these services 
are g.iven specially-defined transmission reference points. 
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Confusion often arises because the word level is used (properly 
and improperly) in so many ways. Frequent references may be found 
to such things as power level, voltage level, signal level, or speech 
level. To add to the confusion, the word level is often used inter
changeably with the word power. Here, level is generally used only 
as a part of the · phrase transmission level point. Signal power and 
voltage are referred to in appropriate units such as watts, milliwatts, 
dBm, volts, or dBV. 

A troublesome correlation exists between transmission level point 
and power. When a test signal of the correct frequency is applied to 
a properly adjusted circuit at a power in dBm that corresponds 
numerically with the TLP at which it is applied, the test signal power 
measured at any other TLP in the circuit corresponds numerically 
with the designated TLP value. Careless use of terminology often 
leads to referring to a TLP as the x dBm level point. It cannot be 
stressed too strongly that this is improper terminology even if it 
happens that a test signal of x dBm is measured at the x dB 
TLP. This correlation is unfortunate in that it has led to some con
fusion. On the other hand, when properly used, TLPs simplify loss 
computations. 

While 0 T LP is used in this book as the abbreviation for the refer
ence transmission level point, it should be pointed out that several 
other forms of terminology are sometimes used elsewhere. These in
clude zero level, zero-level point, 0-dB point, 0-dB TL, and 0 SL ( SL 
for system level) . 

Comr:nonly Used TLPs 

Application of the transmission level point concept must begin 
with the choice of a common datum or reference point and the 
arbitrary assignment of 0-dB transmission level to that point. Other 
transmiss.ion level points in the trunk or system are then related 
to the reference point by the number of dB of gain from the refer
ence point to the point of interest. If ( in a properly adjusted circuit) 
a signal of x dBm is applied or measured at the reference point and 
if that signal is measured as y dBm at the point of interest, the 
point of interest is designated as the ( y-x ) dB transmission level 
point. 
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The 0-dB transmission level point ( 0 TLP) is so defined as a 
matter of convenience and uniformity. It would be convenient also 
to have the 0 TLP available as an access point for connecting probes 
and measuring equipment. However, there is no requirement that 
such an access point be available and, in fact, as a result of changes 
in circuit arrangements resulting from changing objectives, the 
0 TLP is seldom available physically in the toll plant. 

()r!gin.,alJy, the 0 TLP was conveniently defined at the transmitting 
j��k of a tolJ switchbo�rd. Intertoll trunks were equipped at each 
end with 4-dB pads which could be switched in or out of the circuit 
to suit best the needs of a particular application. As technology im
proved and the need for better performance increased, these pads 
were reduced to 2 dB ; later, under the via net loss (VNL) design 
plan, they were eliminated entirely from the intertoll trunks. The loss 
corresponding to that of the pads is now assigned to the toll con
necting trunks, two of which must be used in each toll connection. 

With these changes in intertoll trunk designs, it would have been 
possible to redefine the reference transmission level point. However, 
this would have resulted in changing all transmission level point 
values. It was instead deemed desirable to maintain the original 
0 TLP concept as well as other important transmission level points. 
As a result, the O-!!tzoing side of the switch to which an intertoll 
trunk is COilllect�d is. designated a -2 gl3 TLP. aJl�l tl1e outgoing .side 

J:>_f_ .the switch at which a local area trunk is terminated is defined �s 
O TLP. 

In the layout of four-wire trunks, a patch bay, called the four-wire 
patch bay, is usually provided to facilitate test, maintenance, and cir
cuit rearrangements between the trunks and the switching machine 
terminations. Transmission level points at these four-wire patch bays 
have been standardized for all four-wire trunks. On the transmitting 
side the TLP is -16 dB, and on the receiving side the TLP is +7 dB. 
Thus, a four-wire trunk, whether derived from voice-frequency or 
carrier facilities, must be designed to have 23-dB gain between 
four-wire patch bays. These standard transmission level points are 
necessary to permit flexible telephone plant administration. 

In four-wire circuits, the TLP concept is easily understood and 
applied because each transmission path has only one direction of 
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transmission. In two-wire circuits, however, confusion or ambiguity 
may be introduced by the fact that a single point may be properly 
designated as two different TLPs, each depending on the assumed 
direction of transmission. 

I l lustrative Appl ications of TLP 

The transmission level point concept is applied to an individual 
trunk as illustrated in Figure 3-2. The circuit elements within each 
trunk are interconnected by design to produce predetermined gains 
and losses so that each point in the trunk may be assigned a trans
mission level value. Some of the important transmission level points 
discussed earlier and the assignment of transmission level point values 
within a toll trunk are illustrated in the figure. 

Starting in the upper left corner of the diagram, the outgoing side 
of the switch is designated as the -2 dB TLP. As the circuit is 
followed from left to right, the office equipment transforms the circuit 
from two-wire to four-wire. The diagram shows an office loss of 14 dB so that, at the input to the four-wire trunk (MOD IN) ,  the 
TLP value is -16 dB ; i.e., the input to the four-wire trunk is a -16 dB TLP. As the connection is traced toward the right, the trunk 
between office A and office B provides +23 dB of gain so that the 
output of the trunk (DEMOD OUT) is a +7 dB TLP. The office 
equipment has 11 dB of loss to effect a -4 dB TLP at the office side 
of the first switch encountered in office B. 

If the circuit is followed from right to left, similar losses are 
observed and appropriate transmission level points are shown along 
the circuit. Note that at closely related points (four-wire trunk input 
and output) , the transmission level points are quite different for 
the two directions of transmission. In the two-wire circuits, the same 
point (electrically) ,  e.g., the switch at the end of the trunk, has two 
values of TLP, -2 dB for one direction and -4 dB for the other. 

Figure 3-3 shows a built-up connection of three toll trunks and 
illustrates the fact that the transmission level point concept is applied 
to an individual trunk and not to the built-up connection. If the 
circuit is traced from left to right, the TLP is shown as -2 dB at 
office A and -4 dB at office B. Each of the interconnected trunks 
from A to D is shown with specific TLPs, -2 dB at the left and 
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- (2 + L) dB at the right, where L is the trunk loss in dB. That is, 
transmission level points are redefined for each trunk in the built-up 
connection. Thus, there is no one unique 0 TLP for the Bell System. 
Each trunk has a defined 0 TLP which often is a reference that does 
not exist in fact. 

By common consent and usage, transmission level point values are 
found by determining the gain or loss between TLPs at 1000 Hz in 
the circuit of interest. The use of modulators in the terminal equip
ment of frequency division multiplex carrier systems produces a shift 
of frequency from 1000 Hz in the original circuit to some higher 
frequency in the carrier system. The TLP value can be determined 
at the higher frequency and related to the 1000-Hz value in the 
original circuit to obtain the TLP in the carrier system. 

If the value of a transmission level point is not known, it can be 
determined by measurement. The process depends on the direction 
of transmission and on having proper values of pad losses and ampli
fier gains in the circuit between a known TLP, A, and the TLP to 
be determined, X. If the unknown is to be established by transmitting 
from A to X, a 1000-Hz signal (or equivalent in a carrier channel) 
may be applied at A and measured at A and X. The TLP at X is 
determined by subtracting from the TLP value at A the loss (in dB) 
from A to X. If the TLP at X is to be determined by transmitting 
from X to A, the value at X is the value of the TLP at A plus the 
loss ( in dB) from X to A. 

In order to  avoid overloading transmission systems, the applied 
test signal power (in dBm) should be at least 10 dB below the TLP 
value at any point. Since s;ignal power is often expressed in terms 
of its value at 0 TLP, the unit dBmO is used as an abbreviation for 
"dBm at 0 TLP." 

3-3 SIGNAL AND NOISE MEASUREMENT 

The TLP concept is valuable in system design, op,eration, and 
maintenance in that it provides a means of calculating signal and 
interference amplitudes at given points in a system as well as 
the gains or losses between TLPs ; nevertheless, operating syste�s 
must be checked at times by actual measurement to see that signal 
or interference amplitudes are being maintained at the expected, or 

TCI Library: www.telephonecollectors.info



54 E lements of Transmission Analysis Vol .  1 

calculated, values. When there is excessive gain or loss in a system, 
measurement is also a means of locating trouble. 

In the telephone system there are complex signals and noises to be 
measured. Simple instruments are inadequate, particularly since they 
do not take into account any of the subjective factors which determine 
the final evaluation of a telephone circuit. Both the instruments and 
units of measure used in telephony for signal and noise measurements 
must be adapted to the special needs involved. 

Since telephone circuits operate with signal and interference powers 
which rarely are as large as 0.1 watt and which may be lower than 
l0-12 watt, the use of the watt as a unit of measurement is awkward. 
A more convenient unit is the milliwatt, or 10-a watt. An exception 
is in rad.io transmitter work, where output power is frequently meas
ured in watts. 

Many other types of equipment are used for evaluating transmis
sion quality and facilitating maintenance procedures. These include 
oscillators, ammeters, voltmeters, and transmission measuring sets. 
The parameters measured, the units of measurement, and the tech
niques involved are all important aspects of transmission engineering. 
The cathode ray oscilloscope is one of the most powerful of these 
specialized instruments in that the parameters of interest can be 
displayed for study and analysis. 

Volume 

The amplitude of a periodic signal can be characterized by any of 
four related values : the rms, the peak, the peak-to-peak, or the aver
age. The choice depends upon the particular . purpose for which the 
information is required. It is more difficult to deal with non-periodic 
signals such as the speech signals transmitted over telephone circuits 
where the rms, peak, peak-to-peak, and average values and the ratio 
of one to another are all irregular functions of time, so that one 
number cannot easily specify any of them. 

Regardless of the difficulty of the problem, the amplitude of the 
telephone signal must be measured and characterized in some fashion 
that will be useful in designing and operating systems involving 
electronic equipment and transmission media of various kinds. Signal 
amplitudes must be adjusted to avoid overload and distortion, and 
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gain and loss must be measured. If none of the simple characteriza
tions is adequate, a new one must be invented. The unit used for ex
pressing speech signal amplitude is called the volume unit (vu) . It 
is an empirical kind of measure evolved initially to meet the needs 
of AM radio broadcasting and is not definable by any precise mathe
matical formula. The volume is determined by reading a volume 
indicator, called the vu meter, in a carefully specified fashion.*  

The development of the vu meter was a j oint project of  the Bell 
System and two large broadcasting networks. Its principal functions 
are measuring signal amplitude to enable the user to avoid overload 
and distortion, checking transmission gain and loss for the complex 
signal, and indicating the relative loudness of the signal when 
converted to sound. 

The vu meter can be used equally well for all speech, whether male 
or female. There is some difference between music and speech in this 
respect, and so a different reading technique is used for each. 

The meter scale is logarithmic, and the readings bear the same re
lationship to each other as do decibels ; however, the scale units are 
in vu, not in dB. The transient response (damping characteristic) of 
the meter movement prevents the meter needle from registering very 
short high-amplitude impulses such as those created by percussive 
sounds in speech. A correlation between talker volume and long-term 
average power and peak power can be established. Also, a vu meter 
reading for a sinusodial signal delivered to a 600-ohm resistive 
termination is numerically equal to the power in dBm delivered to 
the termination. Such correlations are valuable, but the fact that they 
exist should not be allowed to confuse the real definition of volume 
and vu. Putting it as simply as possible, a -10 vu talker is one whose 
signal is read on a calibrated volume indicator (by someone who 
knows how) as -10 vu. It should be noted that the vu meter has a 
flat frequency response over the audible range, and it is not frequency 
weighted in any fashion. Some, but not all, meters calibrated in dB 
can be used to read vu ; however, the transient response of the meter 
movement must meet certain carefully defined specifications as in 
the vu meter. 

*Objective measurements of speech signals are now possible [3, 4] . 
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Noise 

The measurement of telephone channel noise, like the measurement 
of volume, is an effort to characterize a complex signal. The measure
ment is further complicated by an interest in how much it annoys the 
telephone user rather than in the absolute power. Consider the re
quirements of a meter which can measure the subjective effects of 
noise : 

( 1 )  The readings should take into consideration the fact that the 
interfering effect of noise is a function of frequency as well 
as of amplitude. 

(2) When dissimilar noise components are present simultaneously, 
the meter should combine them in the same manner as do the 
ear and brain to measure the overall interfering effect. 

(3)  When different types of noise cause equal interference as 
determined in subjective tests, use of the meter should give 
equal readings. 

The 3-type noise measuring set is essentially an electronic voltmeter 
which meets these requirements, respectively, by incorporating ( 1 )  
frequency weighting, (2 )  a detector approximating an rms detectort 
and (3) a transient response similar to that of the human ear. 

The first of the requirements for noise measurement involves annoy
ance and the effect of noise on intelligibility. Since both are functions 
of frequency, frequency weighting is included in the set. To determine 
the weighting characteristic, annoyance was measured in the absence 
of speech by adjusting the amplitude of a tone until it was as annoy
ing as a reference 1000-Hz tone. This was done for many tones and 
many observers, and the results are averaged and plotted. A similar 
experiment was performed in the presence of speech at average re
ceived volume to determine the effect of noise on articulation. The 
results of the two experiments were combined and smoothed, resulting 
in the C-message weighting curve shown in Figure 3-4. The experi
ments were made with a 500-type telephone ; therefore, the weighting 
curve includes the frequency characteristic of this telephone as well 
as the hearing of the average subscriber. The remainder of the tele
phone plant is assumed to provide transmission which is essentially 
flat across the band of a voice channel. Therefore, the C-message 
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Figure 3-4. C-message frequency weighting. 

weighting is applicable to measurements made almost anywhere 
except across the telephone receiver. 

To illustrate the significance of the weighting curve of Figure 3-4, 
a 200-Hz tone of given power is found to be 25 dB less disturbing to 
a listener using a 500-type telephone than a 1000-Hz tone of the same 
power. Hence, the weighting network incorporated in the noise meter 
has 25 dB more loss at 200 Hz than at 1000 Hz. 

Other weighting networks can be substituted in 3-type noise 
measuring sets. For example, the 3 KC FLAT network may be used 
to measure the power density of Gaussian noise. This network has 
a nominal low-pass response down 3 dB at 3 kHz and rolls off at 
12 dB per octave. The response to Gaussian noise is almost identical 
to that of an ideal (sharp cutoff) 3-kHz low-pass filter. 

The second factor affecting the measurement of the interfering 
effect of noise involves the evaluation of simultaneous occurrences of 
noise components at different frequencies and of different charac
teristics. Experimentally, narrow bands of noise were used in various 
combinations. It was found that the closest agreement between the 
judgment of the listener and the reading of the noise measuring set 
was obtained when the noises were added on an rms, or power, basis. 
Thus, for example, if two tones hav,ing equal interfering effect when 
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applied individually are applied simultaneously, the effect when both 
are present is 3 dB worse than for each separately. 

The third factor which affects the manner in which noise must be 
measured is the transient response of the human ear. It has been 
found that, for sounds shorter than 200 milliseconds, the human ear 
does not fully appreciate the true power in the sound. For this reason 
the meter on the noise measuring set (as well as the vu meter) is 
designed to give a full indication on bursts of noise longer than 
200 milliseconds. For shorter bursts, the meter indication decreases. 

These three characteristics of the 3-type noise measuring set
frequency weighting, power addition, and transient response-essen
tially prescribe the way message circuit noise is measured for speech 
signal transmission. This is not yet enough ; a noise reference datum 
and a scale of measurement must also be provided. 

The chosen reference is 10- 12 watt, or -90 dBm. The scale mark
ing is in decibels, and measurements are expressed in decibels above 
reference noise (dBrn) . A 1000-Hz tone at a power of -90 dBm gives 
a 0-dBrn reading regardless of which weighting network is used. For 
all other measurements, the weighting must be specified. The unit 
dBrnc is commonly used when readings are made using the C-message 
weighting network. 

As with dBm power readings, vu and dBrn readings may be taken 
at any transmission level point and referred to 0-dB TLP by sub
tracting the TLP value from the meter reading. Thus a typical noise 
reading might be 25 dBrn at 0-dB TLP, abbreviated 25 dBrnO. 
Similarly, values of dBrnc referred to 0 TLP are identified as dBrncO. 

Other noise measuring instruments have been designed to evaluate 
the effects of noise on other types of signals or in other types of 
channels. 

Display Techniques 

Among the many specialized measurements that are needed in the 
evaluation of transmission circuits and signals are those taken from 
displays of signal or interference amplitudes on the tube face of a 
cathode ray oscilloscope. Two types of displays are commonly used. 
One type shows amp.Jitude as a function of time and the other shows 
amplitude as a function of frequency. These are referred to as time
domain and frequency-domain displays. 
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3-4 ADDITION OF POWER IN DB 

The merits of expressing power and power ratios in dBm and dB, 
respectively, have been demonstrated by the preceding discussions. 
A difficulty arises, principally in noise and interference studies, when 
it is necessary to find the sum of two or more powers that are given 
in dBm. Although the necessary steps are straightforward (the values 
must be converted to milliwatts, added, and then reconverted to dBm) , 
they are time consuming. Specifically, suppose powers Pt dBm and 
P2 dBm are being dissipated in a circuit and it is desired to determine 
the sum, also in dBm. 

The expression for the sum of the two powers is 

P == Pt + P2 milliwatts. 
This may also be written 

P == Pt ( 1 + P2/P1 ) . (3-22 ) 

The sum and each of the individual powers may be expressed as P,. 
Pt, and P2 dBm and the summing expression may be represented by 
the shorthand notation 

P == Pt .. +" P2 

where P = 10 log p, Pt l�og Pt, and P2 = 10 log p2. 

Equation (3-22) may be written in logarithmic form as 

10 log p == 10 log Pt + 10 log ( 1 + P2IP1 ) 

or 

10 log p == 10 log Pt + 10 log Sp 

where Sp = 1 + P2/ Pt· Then, 

P == P. + sp 

where SP = 10 log Sp dB. 

dBm (3-23 ) 

It is convenient to assign the symbol Pt to the larger of the two 
powers to be added (to either, if they are equal) so that Sp lies in 
the range of 1 < Sp < 2 and SP is in the range of 0 < SP < 3 dB. The 
value of SP is shown in Figure 3-5 as a function of the difference 
between Pt and P2 in dB. Thus, the sum of two powers can be de
termined by first finding the value of Pt - P2, next estimating the 
value of Sp from the figure, and then adding Sp to Pt as in 
Equation (3-23) . It should be noted that this method may be applied 
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Figure 3-5. Power sum of two signals both expressed in dBm. 

to any two powers, such as dBW or dBrnc, expressed in dB relative 
to an absolute value. 

In the foregoing, it is assumed that the two powers to be added 
act independently and that the resultant is the linear sum of the two 
components. Such an assumption is valid, for example, when two 
sine waves of different frequencies or a sine wave and a band of 
random noise are to be added. It is not true when two sine waves of 
the same frequency are to be added. In this case, the two are said 
to be coherent, the resultant power depends on the phase relation
ship between them, and the summing process must be treated 
somewhat differently. 

For two sine waves of the same frequency, the power sum may be 
written as 

P == (VPt + yp2 cos ,8) 2. + (yp2 sin 8) 2 milliwatts 

where 8 is the phase angle between the two sine waves. The above 
equation may also be written 

p = Pt + P2 + 2 VPtP2 cos 8 
or 

(3-24) 
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This expression may be converted to a logarithmic form similar to 
Equation (3-23) and is then written 

dBm 

where Sv == 10 log Sv 

== 10 log ( 1  + P2IP1 + 2 VP2/Pt cos 6) dB. 

(3-25)  

Of primary interest in  noise and interference studies is  the case 
in which 6 == 0, i.e., the case representing in-phase addition of inter
ferences. As in the earlier analysis, it is convenient to assign the 
symbol Pt to the larger of the two interference signals to be added 
so that Sv lies in the range 1 < Sv < 4 and Sv is in the range 
0 < Sv < 6 dB. With this choice ( 6 == 0 ) , the value of Sv is shown in 
Figure 3-6 as a function of the difference between Pt and P2 in dB. 
The sum for such in-phase addition may thus be found by deter
mining Pt - P2, estimating the value of Sv from the figure, and then 
adding Sv to Pt as in Equation (3-25) .  

The subscripts p and v applied to SP and Sv are used to denote 
"power" and "voltage" addition as these processes are commonly 
called. The shorthand notation used to represent in-phase addition is  
usually written 

a form analogous to that used earlier to represent "power" addition. 
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Figure 3-6. Power sum of two in-phase signals both expressed in dBm. 
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Elements of Transmission Analysis 

Chapter 4 

Four-Terminal Linear Networks 

The transmission of an electrical signal from transmitting to re
ceiving terminal is accomplished by transferring energy from one 
electrical network to the next until the receiving terminal is reached. 
An understanding of the complete transmission process requires an 
understanding of the general principles of linear alternating-current 
networks and of how they interact when they are tandem-connected 
to form a complete signal path from transmitter to receiver. Linear 
networks are those whose output voltages or currents are directly 
proportional to the -input voltages or currents. The networks may 
or may not be bilateral. 

An understanding of the mathematical properties of network im
pedances and their interactions is made easier by several basic 
theorems. The analysis of transformers, series and parallel resonant 
circuits, and electric wave filters are of special interest. 

Network computations are approached differently depending on 
whether the problem is one of analysis or synthesis. In analysis the 
stimulus and the network are given, and the problem is to determine 
the response of the network to the stimulus ; i.e., the problem is to 
determine the output given the input and the network configuration. 
In synthesis the stimulus and response (input and output) are given, 
and the problem is to determine the network configuration and com
ponent values that satisfy the given input-output relationships. Since 
the synthesis process is of interest only to the network designer and 
developer, the primary concern here is only with analysis ; however, 
there are references at the end of the chapter which describe some 
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of the increasingly sophisticated methods of both analysis and 
synthesis that are now available. 

In considering the layout and application of transmission circuits, 
it is essential that basic limitations be recognized. It is also important 
to recognize circumstances in which these limitations do or do not 
apply and the corrective measures that may be appropriate to over
come the limitations in specific situations. These situations may be 
as simple as connecting a telephone station set to its ·loop or as com
plex as changing the mode of operation of the message network so 
that a trunk is added to a built-up connection covering thousands of 
miles. In either case, judgements must be exercised as to the effects. 
Lengthy and clumsy calculations, previously avoided by the use of 
charts and nomographs, are now made simple and tractable by the use 
of high-speed digital computers. 

For many purposes in telephone transmission analysis, the perfor
mance of a circuit, a piece of equipment, or even a complete system 
may be approximated over the voice range of frequencies by its 
performance at one frequency. Such approximations are often made 
by measuring performance at 1000 Hz. The procedure has the merit 
of simplicity, especially in measuring transmission line loss, but it 
neglects certain elements of the transmission process which must be 
measured over the whole band of frequencies. No single frequency 
can be fully representative of a complex electrical wave, nor can 
transmission through a complex network be fully represented by 
transmission at a single frequency. 

4-1 THE BASIC LAWS 

In the analysis of the usual electrical networks making up communi
cations circuits. Ohm's and Kirchoff's laws are of fundamental im
portance. Certain other theorems which are of considerable assistance 
in analyzing and characterizing networks and their performance have 
been derived from these laws. 

Ohm's Law 

The current, I, which flows through an impedance, Z ohms, is 
equal to the voltage developed across the impedance divided by the 
value of the impedance, or 

l = EIZ amperes. (4-1 ) 
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This law is illustrated in Figure 4-1 
where E and I may be direct or 
alternating voltages and currents 
and where Z may be a simple re
sistor or a complex impedance in
volving resistance, inductance, and 
capacitance. 

Kirchoff's Laws 

I ---+ 

65 

z 

Law 1 :  At any point in a circuit, Figure 4- 1 .  Simple series circuit con-
there is as much current taining an impedance, Z. 
flowing to the point as 
there is flowing away from it. For example, at point x in 
Figure 4-2 , 

(4-2 ) 

Law 2 :  In any closed electrical circuit, the algebraic (or vector) 
sum of the electromotive forces (emf's) and the potential 
drops is equal to zero. In Figure 4-2, 

and 

E - ItZA - IsZc == 0, 

E - ItZA - I2ZB == 0, 

I�B - IsZc == 0. 

+ 

l (4-3 ). 

Ia Zc 

The arrows in Figure 4-2 indicate 
the assumed direction of current 
flow. A battery is assumed to pro
duce a voltage rise from the nega
tive to the positive terminal. A 
voltage due to current flowing 
through an impedance is assumed 
to be in the direction of positive to 
negative corresponding to the as
sumed direction of current flow. 
This accounts for the signs of the 
terms in Equations ( 4-3 ) . 

Figure 4-2. Simple series-paral le l  
circuit. 
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Figure 4-3. Equivalent networks. 
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4-2 APPLICATION AND THEOREMS 

The application of Ohm's and Kirchoff's laws to more complicated 
circuits involves setting up simultaneous linear equ2.tions for solution. 
This can be very laborious, and several network theorems have been 
developed to expedite the process. 

Equ iva lent Networks 

From their configurations, two important types of networks are 
called the T and 1r electrical networks. A three-element T structure 
and a three-element 1r structure can be interchanged provided certain 
relations exist between the elements of the two structures and 
provided the impedances can be realized. 

Figure 4-3 represents two forms of a circuit connecting a generator 
of voltage E and impedance Za to a receiver having impedance ZL. 
If the impedances enclosed in the boxes are related by the relation
ships shown in Figure 4-4, one box may be substituted for the other 
without affecting the voltages or currents in the circuit outside the 
boxes. 

This property of networks permits any three-terminal structure, 
no matter how complex, to be reduced to a simple T. For example, 
a 1r to T transformation permits converting the circuit in 
Figure �-5 (a) to that shown in Figure 4-5 (b) . By combining Zc 

1T TO T T TO 1T 

ZA = ZD ZE 
ZD = ZA ZB + ZB Zc + Zc ZA 

ZD + ZE + ZF ZB 

ZB = ZE ZF 
ZE = ZA ZB + ZB Zc + Zc ZA 

ZD + ZE + ZF Zc 

Zc = ZF ZD 
ZF = ZA ZB + ZB Zc + Zc ZA 

ZD + ZE + ZF ZA 

Figure 4-4. Equivalent network relationships. 
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with Zs and ZB with Z6 and making a second 1r to T transformation, 
Figure 4-5 (b) can be reduced to the simple T shown in Figure 4-5 (c ) . 

These relationships apply only to networks having three terminals. 
Similar relations can be developed for four-terminal networks. 
Figure 4-6 is a typical four-terminal network. If only the voltages 
measured across terminals 2-2 are significant, the five impedances 
in Figure 4-6 (a)  can be replaced by the T structure in Figure 4-6 (b)  . 

Ze Zs ZA ZB Za 

Z'e 

Zv ZF Z'F Zc Z'F 

Z'v 
Zs 

Zs 

z4 

(a) (b) 

z4 

ZA Z'A Z'B 

(c) 

Figure 4-5. Successive simplification of networks by 1T to T transformations. 
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Zc Zc 

2 

(a) (b) 

Figure 4-6. Equivalent four-terminal networks. 

Thevenin's, or Pollard's, Theorem 

For the purpose of simplifying calculations, an arrangement such 
as that in Figure 4-7(a)  may be considered as two networks with 
one supplying energy to the other. The first of these networks is 
then replaced by an equivalent simplified circuit consisting of an 
emf and an impedance in series, as shown in Figure 4-7 (b) . 

Thevenin's theorem gives the rules required for this simplification 
as follows : The current in any impedance, ZL, connected to two 
terminals of a network is the same as that resulting from connecting 
ZL to a simple generator whose generated voltage is the open-circuit 
voltage at the original terminals to which ZL was connected and 
whose internal impedance is the impedance of the network looking 

Zs z9 
Za z1 z!O ] z, 

ZL 

z4 Zs Zu 

(a) (b) 

Figure 4-7. App lication of Thevenin's theorem. 
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back from those terminals with all generators in the original network 
replaced by their internal impedances. 

. For example, if the equivalent emf, E' in Figure 4-7 (b) , is the open
circuit voltage at the terminals of Figure 4-7 (a) and if the equivalent 
impedance, Z' of Figure 4-7 (b) , is the impedance presented at the 
terminals of Figure 4-7 (a) when E is made zero, the two circuits are 
equivalent. Another way to compute Z' is to set it equal to the open
circuit voltage at the network terminals divided by the short-circuit 
current at the terminals. Under these conditions the load draws the 
same current as in the original connection. 

Superposition Theorem 

If a network has two or more generators, the current through any 
component impedance is the sum of the currents obtained by con
sidering the generators one at a time, each of the generators other 
than the one under consideration being replaced by its internal 
impedance. 

Multigenerator networks can be solved by Kirchoff's laws, but their 
solution by superposition requires less complicated mathematics. Per
haps of even greater importance is the fact that this theorem is a 
useful tool for visualizing the currents in a circuit. 

Before an example of the superposition theorem is given, it may 
be beneficial to review the concepts of the internal impedance of a 
generator. The open-circuit voltage of a battery is greater than the 
voltage across its terminals when supplying current to a load. The 
open-circuit voltage is a fixed value determined by the electrochemical 
properties of the materials from which the battery is made. Under 
load, the decrease in terminal voltage is due to the voltage drop 
across the internal resistance of the battery. If it were possible to 
construct a battery from materials that had no resistance, the battery 
would have no internal resistance and no internal voltage drop. Since 
there are no materials with infinite conductivity, every practical volt
age source can be resolved into a voltage in series with an internal 
resistance or impedance. 

Perhaps the superposition theorem can be most easily explained 
by working out a simple problem. In Figure 4-8 (a) , which way 
does the current flow in the 10-ohm resistor ? 
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Figure 4-8. Superposition theorem. 
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According to the theorem the currents caused by each battery 
should be determined, in turn, with all other batteries replaced by 
their internal resistances. The currents indicated in Figures 4-8 (b) 
and 4-8 (c) are computed by Ohm's law. The currents flowing in 
the circuit with two batteries are the sum of these component 
currents ; of course, sum means algebraic sum (or vector sum if the 
problem is ac) .  Currents flowing in opposite directions subtract. 
The resultant currents are shown in Figure 4-8 (d ) , which shows 
that the 10-ohm resistor carries one ampere in the upward direction. 
The direction of the current in the 10-ohm resistor could have been 
estimated by inspection, since the resistances are symmetrical and 
the 60-volt battery produces the larger component of current. How
ever, going through the arithmetic illustrates the application of the 
theorem. 

Compensation Theorem 

Any linear impedance in a network may be replaced by an ideal 
generator, one having zero internal impedance, whose generated 
voltage at every instant is equal in amplitude and phase to the 
instantaneous voltage drop caused by the current flowing through 
the replaced impedance. 

In Figure 4-9 (a) , the impedance has been separated from the rest 
of the network for consideration. The equations of Kirchoff's laws 
determine the currents and voltages in all parts of the network. 
According to the compensation theorem, these equations would not 
be altered if the network is changed to that of Figure 4-9 (b) where 
the generator voltage is the product of current I and impedance Z 
from Figure 4-9 (a) . 

Network 

I ___. 
_. 

.., 

(a) 

) > ? z Network 
Same as in (a) 

(b) 

I 
____.... 

Figure 4-9. I l lustration of compensation theorem. 

TCI Library: www.telephonecollectors.info



Chap. 4 Four-Terminal Linear Networks 73 

4-3 NETWORK IMPEDANCE RELATIONSHIPS 

The analysis of a four-terminal network and its interactions in 
tandem connections is primarily related to the impedances of the 
network itself and of its terminations. Relationships among these 
impedances permit calculation of transmission effects (attenuation 
and phase shift) , return loss, echo (magnitude and delay) , power 
transfer, and stability. The networks may be relatively simple discrete 
components, such as transformers or attenuators, or they may be 
transmission lines, radio circuits, or carrier circuits, any of which 
may have gain or loss. 

Image Impedance 

In a four-terminal network, such as that in Figure 4-10, impedances 
Z 1 and Z2 may be found such that if a generator of impedance Z 1 is 
connected between terminals 1-1 and impedance Z2 is connected as 
a load between terminals 2-2, the impedances looking in both direc
tions at 1-1 are equal and the impedances looking in both directions 
at 2-2 are also equal. Impedances Z1 and Z2 are called the image 
impedances of the network. 

The values of Zt and Z2 may be determined from Ohm's law and 
the solution of two simultaneous equations. From inspection of 
Figure 4-10, the two equations may be written as 

and 

z1 == ZA + (ZB + Z2) Zc 
ZB + Zc + Z2 

where ZA, ZB, and Zc are the impedances of the T-network equivalent 
to the four-terminal network. 

Solving for Z 1 and Z2 yields 

and 

Z. = �( Zn + Zc ) (zn + z�:�J. 
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Figure 4- 1 0. Image termination of a four-terminal network. 

Examination of the latter equations and Figure 4-10 reveals some 
interesting relationships. The parenthetical expressions (ZA+ Zc ) 

and (ZB + Zc) are seen to be the impedances of the T network if 
the impedances are computed, respectively, from terminals 1-1 with 
terminals 2-2 open and from terminals 2-2 with terminals 1-1 open. 
Similarly, ZA + (ZBZc) / (ZB + Zc) and ZB + (.ZAZc ) / (ZA + Zc )  

are the impedances at terminals 1-1 and 2-2 i f  the opposite pair of 
terminals is short-circuited. 

Thus, the image impedances of a four-terminal network are most 
easily determined by measuring the open-circuit and short-circuit 
impedances as above. Then, 

and 

where 

Z1 == yZocZsc 

Z2 == yZ' ocZ'sc , 

Zoe == impedance at 1-1 with 2-2 open 

Z sc == impedance at 1-1 with 2-2 short-circuited 

Z' oc == impedance at 2-2 with 1-1 open 

Z' sc == impedance at 2-2 with 1-1 short-circuited. 

(4-4) 

(4-5) 
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As shown previously, the conversion of any complex network to an 
equivalent T network can be accomplished for any given frequency. 
Thus, the processes described above permit the determination of the 
image impedances of a network at any frequency. 

Note that if the network is symmetrical, i.e., ZA == ZB, the image 
impedances are equal, zl == z2. 

T-Network Equiva lent 

In the above determination of network image impedances as func
tions of open-circuit and short-circuit impedances measured (or 
computed) from the input and output terminals of the network, the 
assumed impedances of the T network were mathematically elimi
nated. Sometimes, however, it is also necessary to determine values 
of ZA, ZB, and Zc of Figure 4-10 in terms of the open-circuit and 
short-circuit measurements. For a four-terminal network containing 
only passive components or one in which the gains in the two 
directions of transmission are equal, this may again be accomplished 
by solving simultaneous equations. 

In the discussion of image impedance, the following relationships 
among the impedances of Figure 4-10 are shown : 

and 

Z'oe == ZB + Zc, or ZB == Z'oe - Zc 

ZAZc 
z 1 se == Z B + z z , A +  C 

(4-6a) 

( 4-6b) 

(4-7a) 

(4-7b) 

Into Equations (4-7a and b) , substitute the value of ZA and ZB 

from Equations ( 4-6a and b)  and solve for Zc : 

Zc == V (Z' oe - Z'se) Zoe (4-8) 
and also 

Zc == V (Zoe - Zse) Z' oe (4-9 ) 
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The values of Zc from Equations ( 4-8) and ( 4-9) may now be 
substituted directly in Equations ( 4-6a and b)  to give expressions 
for ZA and ZB in terms of input and output open-circuit and short
circuit impedances. Thus, all legs of the equivalent T network 
may be determined from these measurements provided the network 
is bilateral, i.e., contains only passive components or has equal gain' 
in the two ·  directions of transmission. 

If the network contains sources of amplification such that the. 
gains in the two directions of transmission are not equal, the circuit 
cannot be reduced to a simple equivalent T network. Transfer effects, 
which account for the difference in gain in the two dire�tions, must 
be taken into account. 

Transfer Effects 

The determination of image impedances of a four-terminal network 
and the conversion of such a network to an equivalent T configuration 
permit input and output current and voltage relationships to be 
established directly from the application of Ohm's and Kirchoff's laws. 
However, these relationships may be applied directly only when the 
four-terminal network is bilateral. When it is not bilateral, these 

r - -  -1 1- - - - 1  
' 
I z 1 : � I 

f l I 
I I I 
I 
I 
I 
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I 
I 
I 

-- �- -· _;.  .- J  

J, /2 
_., 2 .. 

1 

z, z2 
� • 

<"' 
v, Vz :� 

k' •• ""-

1 � 

Figure 4� ll� ll11dge�terminoted .network. 
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relatively simple relationships do not apply directly because of 
transfer effects that occur as current flows through the network. 

Consider the circuit of Figure 4-11.  This circuit is similar to 
Figure 4-10 except that impedance Z1 is replaced by a voltage 
generator having an internal impedance equal to Z1. The circuit 
arrangements result in voltage Vt across terminals 1-1 and voltage 
V2 across terminals 2-2 when the network is terminated in its image 
impedances, Z1 and Z2. The input current is I1, and the output 
current is I 2. 

If the voltage source is connected at the 2-2 terminals, analogous 
voltage and current expressions may be written with the symbols 
V and I changed to V' and I'. 

The following relationships may then be written as definitions : ' 

and 

I' 1 V' 1 
G2-1 == 

I'2 V'2 ' 

Gr == v G1-2 G2-1 

where Gr is sometimes called the image transfer efficiency. 

( 4-10) 

( 4-11)  

( 4-12) 

In these equations, the currents and voltages are complex quan
tities. The current-voltage products in Equations ( 4-10) and ( 4-11 )  
are quantities usually called volt-amperes, or apparent power. Thus, 
Equations ( 4-10) and ( 4-11 )  may be regarded as the gain, in the 1-2 
or 2-1 direction, in apparent power resulting from transmission 
through the network. Equation ( 4-12) expresses the geometric mean 
of the apparent power gain in the two directions. In all cases, these 
definitions apply only when the network is image-terminated. 
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It is convenient to express the quantity G1 in terms of open-circuit 
and short-circuit impedances. It can be shown that G1 may take any 
of the following forms : 

GI == -vz;;;- -vz:: V Zoe + V Zsc 

and 

1 _ J Z'sc 1 Z'oc 

1 + J z:sc ; 
1 z oc 

-v--w:::- yZ';; 0 

v z' oc + v z' sc ' 

( 4-13) 

( 4-14) 

( 4-15 )  

These equations for G1 will be  found useful in  subsequent dis
cussions of sending-end impedance, echo, and stability. 

Sending-End Impedance 

The sending-end impedance of a four-terminal network is the 
impedance seen at the input of the network when the output is termi
nated in any impedance, bZ2 ; b is a factor used as a mathematical 
convenience to modify the terminating image impedance, Z2. When 
bZ2 is equal to the image impedance, Z2 ( i.e., b == 1 ) , the sending-end 
impedance, Zs, is equal to the image impedance, Z1 . It is important 
to consider the effects on the value of Zs of different impedance values 
for bZ2, because these effects are related to phenomena such as 
return loss, singing, and talker echo, any or all of which may be 
important when a network is terminated in other than its image 
impedance, as in Figure 4-12. 

The development of useful expressions for the analysis of the 
performance of a four-terminal network terminated in other than 
its image impedance can be demonstrated conveniently by starting 
with the image-terminated case as illustrated in Figure 4-13. The 
voltage V1 is equal to E j2, as shown, because of the assumption of 
image terminations at both ends of the network. At the receiving 
terminals 2-2, the network is again assumed to be terminated in its 
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12 
1 2 

v, Vz :> 
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Figure 4- 1 2. Sending-end impedance. 
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L _ T_ .J  ,... .J.. "\ 
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I \. / T '"" _ _  ...J L - - '"" -

1 2 

Figure 4- 1 3. Image-terminated network. 

image impedance, Z2. The voltage appearing across terminals 2-2, 
V2, may be defined in terms of Thevenin's theorem. The four-terminal 
network, which now is the driving point for the load, Z2, is replaced 
by a simple impedance (by definition, equal to Z2) and a generator 
whose open-circuit voltage is such as to produce V2 ; i .e. ,  E2 == 2V2. 
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By means of Equation ( 4-10 ) , the input and output portions of the 
four-terminal network of Figure 4-13 may be related. 

Thus, 

(4-16) 

The input and output currents may be related to their corresponding 
voltage drops and impedances by 

and 

Substituting these values of currept in Equation ( 4-16) , 
' 

from which 

(4-17) 

It can also be shown that 

(4-18)  

Thus, Equations ( 4-17) and ( 4-18) may be used to  relate input 
and output voltages and currents in an image-terminated four
terminal network. If the network were driven from the right 
(generator impedance of Zz) , similar expressions could be derived. 
Then, 

(4-19) 

and 

( 4-20)  

Now consider a termination having a value other than Z2 at 
terminals 2-2 of the network. Its value can be expressed in terms 
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of Z2 and an incremental impedance, Zr, i n  series with Z2. Note that Zr is a complex impedance whose components may be positive, nega
tive, or zero. 

By use of the compensation theorem, Zr may be replaced by an 
ideal generator whose internal impedance is zero and whose gen
erated voltage, Er, is equal to the voltage drop across Zr caused by 
the current IR flowing through it. 

The circuit may now be analyzed using the superposition theorem. 
The currents and voltages in the input and output circuits are shown 
in Figure 4-14. Symbology is the same as in Figure 4-13 for voltages 

Is 
-+ 

Zt 

Vs 

- -, 
I 

r -'- -, 
I 

Zt I I I 
L _I_ ..J  

I 
E'r l / ... 
I \ 
l "'V ' 
' I 

- r " 
I 

_ _J 

Voltages 

r -
I 

r - L -, 
I z2 I 
I I 
L _

r _j 
I 

E2 = 2V2 .l ,.. ' 

( rv' 
\ J 

' / -, .... I 
L -

2 

VR 

bZ2 

+-z; 
2 

Currents 

Vs - Vt + 
E', = E + E'r 

- 2 2 ls = lt + l'r 

V _ � + V _ Er + E2 
R - 2 2 - 2 

IR 
____.... 

z2 

c;J 
JRZr = Er 

Figure 4-1 4. Four-terminal network; image matched at input, mismatched at output. 
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and currents analogous to the image-terminated case ; other current 
and voltage components are shown to reflect the presence of the 
compensating voltage, Er, substituted for Zr. 

Note that E'r/2 (a component of Vs ) and Ir ( a  component of /R) 
may be considered as  reflected values of  voltage and current at 
terminals 1-1 that would exist if the compensating voltage, Er/2, at 
terminals 2-2 acted alone. Similarly, Er/2 and Ir may be considered 
as the reflected voltage and current at terminals 2-2 due to the com
pensating voltage. 

Now, the sending-end impedance may be written 

Vs 
Zs ==Is == (E + E'r) /2 /1 + l'r 

where values of Vs and Is are taken from Figure 4-14. 

( 4-21 ) 

Equation (4-21)  may be further developed. Note that in 
Figure 4-14 voltage VR may be written 

where b is defined as 

Then 

Since 

and 

2E2bZ2 2bE2 Er + E2 == Z2 ( 1  + b ) - 1 + b ' 

� - - ( 1 - b ) 
E2 - 1 + b � 

( 4-22) 
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From Figure 4-14, 

( 1 - b ) - -

= - E 1 + b y' G2-1 y' ZdZ2 y' G1-2 y' Z2/Zt . 

By substituting Equation ( 4-12 ) ,  

Then, 

( 1 - b ) E'r = - GIE 
1 + b . 

V 
E + E'r E [ 

G ( 1 - b )] s = 2 = � 1 - I 1 + b . 

The current Is may be written 

Is = I 1 + I' r = I 1 - :;: 
Substituting Equation ( 4-23 ) in the above gives 

83 

(4-23 ) 

( 4-24) 

E ( 1 - b ) [ ( 1 - b )] 
ls = lt + GI 2z1 1 + b  = It 1 + GI 1 + b . (4-25 ) 

Equations (4-24) and (4-25 )  may now be substituted in Equation 
( 4-21 )  to give 

The image impedance at the input is 
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Thus, 

(4-26) 

Equation ( 4-26) may be used to illustrate the effect on sending-end 
impedance of providing an image termination (Z2)  at terminals 2-2 
of the network. When this is done, the value of Zr in Equation (4-22) 
becomes zero. Thus, the value of b becomes unity, the quantity 
( 1 - b )  1 ( 1 + b )  becomes zero, and Equation ( 4-26) reduces to 
Zs == Z1 ; i.e., the sending-end impedance equals the image impedance. 

An expression similar to Equation ( 4-26) may be derived for the 
impedance at terminals 2-2 of Figure 4-14. In this case, 

(4-27)  

where a is  a measure of the departure of  the input terminating 
impedance from the image impedance. It is written 

Z1 + Zs a == -�-
Zl 

where Zs is the incremental impedance when the terminating im
pedance is not the image impedance. 

All of the quantities in Equations ( 4-26) and ( 4-27) are complex, 
and the labor involved in their evaluation is sometimes considerable. 
Detailed calculations may be performed on a digital computer and, 
in some cases, tables are available for

. 
the evaluation of expressions 

like those in the two equations above. For ordinary engineering 
application, however, it is frequently desirable to make quick calcu
lations that need not be extremely accurate. For these purposes, 
alignment charts have been prepared. 
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Alig nm ent Charts 

The laboriousness of computation arises from the repetitive use 
of terms in the form of ( 1 - b)  1 ( 1 + b )  where b is complex ; there
fore, it is desirable to reduce this to a single complex quantity in the 
polar form, Q L 1>. If b is written in polar form as X L 8, the values 
of X and () may be written as X ==  1 a +  jf3 1 or X ==  yla2 + f32 and 
8 == tan ...,. 1 f31a. 

Four alignment charts, Figures 4-15, 4-16, 4-17, and 4-18 may be 
used to solve expressions in the form � + 

:i 2: == Q L cf>.  Figures 4-15 

and 4-16 give values for Q for various combinations of X and 8, 
while Figures 4-17 and 4-18 give values for 1> for various combina
tions of X and 8. The following examples illustrates the use of the 
charts. 

Example 4-1 : Use of Alignment Charts 

Given : b == 4 L 70° == X  L 8 

1 - b  
To evaluate : --:;------,;-

1 + b  

First, refer to Figure 4-15. Mark X == 4 on the left-hand 
vertical scale and () == 70° on the right-hand vertical scale. 
Use a straight edge to connect these points and read Q == 0.848 
on the left side of the Q scale. Next refer to Figure 4-17. Again 
mark the points X == 4 and () == 70° . With the straight edge, 
read 1> == - 153.5 ° on the right-hand side of the 1> scale. Thus, 
( 1 - b )  I ( 1  + b ) = 0.848 L - 153.5 ° . 

Note that the charts in Figures 4-15 through 4-18 can be used for a 
quick evaluation of changes in either the magnitude or phase angle, or 
both, of a termination on a network. These evaluations, useful in deter
mining the performance of circuits and in judging what may be done 
to improve performance, may be made by using alignment charts or 
may be even more conveniently made by use of a digital computer. 
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'·o 0.10  1 - X L O  90° 
1 + X L O  = Q I_ cp 
X = 0. 1 0 to 1 0.0 
0 = 0° to ± 1 80 °  95° 

0.1 1  
Notes: 

1 .  For () from 0 °  to ±90°, read left-hand Q scale. 100° 
0. 1 2  2. For () from ±90° to ± 1 80°, read right-hand Q scale. 

3. For () > 1 80°, use 360° - (). 
4. As X !_ () approaches 1 !_ 0° (or 1 !_ 1 80°), 1 05° Q becomes approximately I 1 - X I ( 1 + X ) 75° 

0.1 3  � or TT-=X\
. 

0. 14  70° 1 1 0° 

0.1 5  
65° 1 15° 

0.1 6  

0. 1 7  60° 1 20° 
X Q ± ()  0.1 8  

0. 1 9  55° 1 25° 
0.20 

50° 1 30° 

l."'o 
45° 1 35° 0.25 

l."'s 
I. .so 40° 1 40° 

0.30 '·ss 
1.� 35° 145° l.css />o , ·>s 30° 150° , ·eo 0.40 ·9o <.o 25° 1 55° 

0 . .5 20° 160" 
0.6 15" 165" 12.s ·---10-. 170° 

o• 
s• 7.5•_ 180" 

Figure 4-1 5. Alignment chart Q 1 .  
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'·Oo 90° 0.050 20.0 
1 - X L 8  

1 9.5 1 + X L 8  
= Q L cp {0.05 to 0. 1 0  

X =  95° 
1 9.0 1 0.0 to 20.0 

1 8.5 8 = 0° to ± 1 80° 

0.055 1 00° 
1 8.0 

Notes: 

1 7.5 1 .  For 8 from 0 °  to ±90°, read left-hand Q scale. 1 05° 2. For 8 from ±90° to ± 1 80°, read right-hand Q scale. 
3. For 8 > 1 80°, use 360° - 8. 

1 7.0 
0.060 70° 1 1 0° 1 6.5 

1 6.0 
65° 1 1 5° 

0.065 1 5.5 

X 1 5.0 Q ± 8  60° 1 20° 

1 4.5 
0.070 55° 1 25° 

1 4.0 

1 3.5 50° 1 30° 
0.075 

1 3.0 45° 1 35° 

0.080 1 2.5 40° 140° 

1 2.0 
0.085 35° 145° 

1 1 .5 30° 1 50° 
0.090 

1 1 .0 25° 1 55° 
20° 160° 0.095 1 0.5 165° 0.8182� 170° 

0. 1 00 1 0.0 o• 1ao• 

Figure 4- 1 6. Alignment chart Q2. 
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X 

0. 1 0  

0. 1 1  

0. 1 2  

0.1 3  

0.1 4  

0. 1 5  

0.16  

0. 1 7  

0.1 8  
0. 19  
0.20 

0.25 

0.30 

0.35 

0.40 

0.50 

0.60 

0.70 
0.80 
0.90 

Elements of Transmission Analysis 

Notes: 

1 - X  L fJ 

1 + X L 8  
= Q L I/> 

X = 0. 1  0 to 1 0.0 

8 = 0 ° to ± 1 80° 

{ positive, 1/> is negative. 1 '  If (J is 
negative, 1/> is positive. 

2. For X :> 1, read right-hand 1/> scale. 

3. For X < 1, read left-hand 1/> scale. 

4. For (J > + 180°, use (J - 360°.  

5 .  For (J > - 1 80°, use (J + 360°.  
6 .  For (J = 0°  or  1 80° and 5 X > 1, 1/> = 1 �0°. l

X < 1, cf:l = 0 .  

± 8  

7 For X = 1 and { (J from oo to ± 1 80o' 1/> + 90o . 
• 

(J from ± 1 80° to ± 360°, 1/> = ± 90°. 

Vol. 1 

Oo 1 80° 1.s>
oo 

175° 

1 70° 

165° 

1 60° 

1 55° 

150° 

1 45° 

1 40° 

1 35° 

1 30° 

1 25° 

1 20° 

1 1 5° 

1 10' 
105' 
100' 
90' 1 .0��-
---------------------------------------�8�5'������� 

Figure 4- 1 7. Alignment chart cf> 1 .  
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Oo 1 80° 
0.050 20.0 li!Joo 

1 - X L 8 
1 9.5 l+ X L 8 = Q L 4> 
1 9.0 x �  t.OSto O. l O 

1 0  to 20 1 8.5 

0.055 
8 = 0° to ± 1 80° 170° 

1 8.0 

1 7.5 Notes: 
165° 

1 .  If 8 is { positive, cp is negative. 
17.0 negative, cp is positive. 

0.060 2. For X > 1, read right-hand cp scale. 160° 16.5 3. For X < 1 ,  read left-hand cp scale. 
4. For 8 > + 1 80°, use 8 - 360°. 

16.0 5. For 8 > - 1 80°, use 8 + 360°.  
1 55° 

15.5 6. For 8 = 0° or 1 80° and { X > 1 , cp = 1 �0°. 
0.065 X < 1 , cp = 0 . 

1 5.0 1 50° 
X 

1 4.5 
0.070 1 45° 

1 4.0 

1 3.5 1 40° 
0.075 + 4> ± 9  

13.0 1 35° 

0.080 12.5 
1 30° 

1 2.0 
0.085 1 25° 

1 1 .5 
120° 

1 1 .0 1 15° 

0.095 10.5 1 l0° 
l! o  105° 

''·40 100° 
10.0 900 

Figure 4- 1 8. Alignment chart cp2. 
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Insertion Loss and Phase Shift 

The insertion loss and insertion phase shift of a four-terminal 
network placed between two impedances may be determined by 
Equations (3-13) , (3-14 ) , and (3-15) and by using relationships 
similar to those of Equations (4-26 )  and (4-27) for impedance values. 
However, the general case, when the terminating impedances and the 
input and output image impedances are all different, contains many 
interaction terms which may be difficult to evaluate. Furthermore, 
this most general situation is usually of only academic interest ; since 
all terminals are accessible, it is sometimes easier to measure the 
insertion loss than to compute it. Often, the subject network is either 
symmetrical and has only one value of image impedance, or it is a 
transmission line of characteristic impedance, Zo� 

Return Loss 

The return loss is a measure of the loss in the return path due to 
an impedance mismatch. In the analysis of speech transmission, it is 
a convenient measure of the echo caused by a mismatch. The return 
loss is related to the reciprocal of the absolute value of the reflection 
coefficient, a term which relates impedances at a point of connection 
in such a way as to give a measure of the voltage or current reflected 
from the mismatch point towards the transmitting end of a circuit. 

From Figure 4-19, the reflection coefficient, p, at the terminals of 
Z L may be written for voltage, 

or for current, 

ZL - Za 
Pv == ZL + Za ' 

Za - ZL 
Pi == Za + ZL · 

(4-28) 

(4-29 ) 

The return loss at these terminals is given by 20 log ( 1/ l  p I ) dB ; i.e., 

1 I Za + ZL ' Return loss ==-20 log TPT == 20 log Za _ zL · (4-30) 
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The expression for return loss, Equation ( 4-30) ,  may also be 
written in the form 

1 

The bracketed expression in this equation may be written in polar 
form as ( 1  - X L 8) I ( 1  + X L 8) . Thus, the alignment charts of 

Figures 4-15 to 4-18 may be used 
to determine the return loss at a 
junction between two impedances 
such as that shown in Figure 4-19 .  

The actual voltage across the 
load, Z L, is equal to the voltage 
which would be present across an 
impedance matched to Za plus the 
reflected voltage. As Z L approaches 

figure 4- 1 9. Junction between two zero, the reflection coefficient ap-
impedances. proaches -1, the measured voltage 

across ZL approaches zero, the re
turn loss approaches 0 dB, and all the energy is reflected back to Z r • • 

As ZL approaches infinity, the reflection coefficient approaches +1,  
the voltage across ZL approaches its open-circuit value (twice the 
value across ZL under matched conditions) ,  and the return loss again 
approaches 0 dB. When ZL equals Za, the reflection coefficient is zero 
in magnitude and angle, the voltage across Z L is one-half the open
circuit value, and the return loss is infinite. 

The effects of impedance mismatch on return loss are illustrated 
in Figure 4-20 which shows that the return loss increases as the angle, 
8, decreases and as the ratio of I ZL/Za I or I Za!ZL I approaches 
unity. The angle 8 is that between the load and generator impedances. 
The values of the parameters of Figure 4-20 may be written 
ZL == I ZL I L 8L, Zc == I Zc I L 8G, and 8 == j 8L - 8G j .  
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Impedance ratio, I ZL/Za I or I Za/ZL I 

Figure 4-20. Return loss variations. 

Echo - Magnitude a nd Delay 

Return now to Figure 4-14. The condition at terminals 2-2 is one 
of mismatch ; the effect of the mismatch could be evaluated in terms 
of return loss, as above, s-imply by using values in Equation ( 4-30) 
such that Za = Z2, and ZL = bZ2. However, it is often desirable to 
evaluate the magnitude of the reflected voltage or current wave and 

TCI Library: www.telephonecollectors.info



Chap. 4 Four-Termina l Linea r  Networks 93 

to determine the delay encountered by the reflected wave in trans
mission through the network. 

Consider first the magnitude of the reflected wave. From Equation 
(4-22) ,  b = (Z2 + Zr) /Z2, or Zr = Z2 ( b - 1 ) . The total current at 
the output is 

Z2 (b  + 1 )  . 
( 4-31 ) 

The voltage across Zr may be regarded as the reflected voltage due 
to the mismatch. It is written 

Substitution of Equation ( 4-31 ) yields 

( b - 1 )  ( 1 - b ) Er = E2 b + 1 = -E2 1 + b · 
The output current, from Figure (4-14) , may be written also as 

From Ohm's law, 

and 

A useful expression for the ratio of reflected to incident current is 
obtained by dividing Ir by /2 : 

lr l - b 
-y;: - l + b ' ( 4-32) 
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It can be shown that a similar relationship exists for a mismatch 
at the input ; i.e., 

(4-33 ) 

Equations similar to (4-32 ) and ( 4-33 ) can also be developed to 
show the ratio of reflected to incident voltages. 

Echo evaluations must, of course, take into account the loss en
countered in transmission through the network an appropriate num
ber of times. Successive reflections become increasingly attenuated 
and at some point may be ignored. 

The time delay or transit time for a wave to propagate through 
a four-terminal network may be shown to be 

(} 
T == 2 X 360° X f (4-34) 

where () is the angle of Gr in degrees and f is the frequency in 
hertz. Then, the round-trip delay for an echo to be transmitted 
through a network and back again is 

(4-35) 

Power Transfer 

In Figure 4-19, E and Zc represent a source of power. This source 
may be a telephone instrument, a repeater amplifier, or the sending 
side of any point in a telephone connection. The impedance Z L is the 
load which receives the power transmitted. It may be another tele
phone instrument or a radio antenna-the receiving side of any 
point in a connection. The amount of power transferred from the 
source to the load may be determined by the relative values of Zc 
and Z L. The power transferred can be shown to be a maximum under 
three different assumptions as follows : 

( 1 )  If Zc is a fixed impedance and there is no restriction on the 
selection of Z L, the power transferred is . a maximum value 
when ZL is the conjugate of Zc, that is, when ZL and Zc have 
equal components of resistance and their reacti� components 
are equal and opposite. This may be written Zc == R + jX, 
and z L == z; == R - jX. 
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(2)  If Za is a fixed impedance and the magnitude of ZL can be 
selected but not its angle, the power transferred is a 
maximum when the absolute values of ZL and Za are equal 
( I ZL I == I Za I ) . That is, the impedances are equal disre
garding phase. 

(3) If both Za and ZL are pure resistances, the power transferred 
is a maximum when the source and load resistances are equal 
(Ra == RL) . 

Figure 4-21 shows power and efficiency relationships for case (3)  
over a range of  load resistance values from 0 to 2Ra. Curve (A) 
shows that the power delivered to the load, RL, is zero when RL == 0, 
increases to 25 percent of the maximum possible when RL == Ra, and 
then gradually decreases as RL is further increased. The total power 
that can be developed, designated as 100 percent, is that delivered to 
the internal resistance of the generator when RL == 0, i.e., a short 

1 00 
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' � " "'- / / 
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P2 = power in external circuit 

...,;,.,;--_.-r 

� v 
f 
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Figure 4-21 . Maximum power transfer. 
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circuit. As the value of RL is increased the total power developed 
decreases as shown by curve ( B ) . When RL == Rc, the total power is 
50 percent of the maximum, half delivered to the generator resistance 
and half to the load resistance. The total power decreases to zero 
when RL == oo ,  an open circuit. Curve (C)  shows the efficiency of 
the circuit, i.e., the percentage of the total generated power that is 
delivered to the load as a function of the ratio of the load resistance 
to the generator resistance. The condition of maximum power de
livered to the load, RL == Rc, approximates the most desirable con
dition in telephony since, in most applications, the primary interest 
is in delivering maximum power to the load regardless of the 
efficiency. 

However, in telephony another transmission parameter must be 
considered, the generation of reflections or echoes. The necessity 
for compromise between delivering maximum power to a load and 
maintaining reasonable performance in respect to reflections can 
best be illustrated by an example. 

Example 4-2 : Power Transfer and Return Loss 

In Figure 4-19, let Zc == 900 -1200 ohms and let E == 1 volt 
rms at 1000 Hz. 

(a) What is the return loss at 1000 Hz at the j unction between 
Zc and ZL and what is the power delivered to ZL when 
ZL = 900 + j200? 

(b) What is the return loss at 1000 Hz at the j unction between 
Zc and Z L and what is the power delivered to Z L when 
ZL = 922 + jO ? 

Case a: 
1 

Return loss = 20 log TPT = 

Zc = 900 - j200 = 922 L - 12.5 ° 

ZL = 900 + j200 = 922 L +12.5 ° 

ZL - 922 L -12.5°  - 1 L -25
0 

Zc - 922 L +12.5 ° -

1 
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Return loss = 20 log I ( 1 _ 1  L _25o ) � ( 1  + 1 L _25? ) I 
= 20 log I 0.22 � +90° I 
= 13.2 dB, 

97 

where the value of ( 1 - 1 L -25 ° )  I ( 1  + 1 L -25° ) is found 
from Figures 4-15 and 4-17. Alternatively, the return loss may 
be determined by interpolation in Figure 4-20. 

To determine the power delivered to the load, the current may 
first be determined : 

E 1 L O  I = 
Zc + ZL 

= 
lSOO = 0.000554 ampere, rms. 

Then, 

PL = J2RL = 0.0005542 X 900 = 0.000276 watt. 

Case b :  

Zc = 900 - j200 

ZL = 922 + iO 

Zc 922 L -12.5 ° _ 1 L _12 5 o  ZL 922 L O  -
. 

Return loss '- 20 log I ( 1  _ 1 L _12_5 o )  � ( 1  + 1 L -12.5 o )  I 
1 

= 20 log 
0.11 

= 19.2 dB. 
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The power delivered to the load is computed as follows : 

I = E _ 1 L O _ 1 L O  
ZG + ZL - 900 - j200 + 922 - 1822 - j200 

1822 + j200 
3,360,000 0.000542 + j0.000060 

== 0.000545 ampere. 

PL == J2RL == 0.0005452 X 922 

== 0.00027 4 watt. 

Thus, an increase of 19.2 - 13.2 == 6 dB in return loss (result
ing in a 6-dB reduction in echo amplitude) is achieved by pro
viding a resistive termination of a value equal to the absolute 
value of the source, 922 ohms. For this improvement, the de
livered power of 0.000276 watt is reduced to 0.00027 4 watt, a 
negligible penalty of 10 log 0.000276/0.000274 == 0.03 dB. 

Stabi l ity 

When a circuit is unstable, it is said to be singing; that is, un
wanted signal currents and voltages flow in the circuit without an 
external source of applied signal energy. In Figure 4-22, such con-

1 � ,... 

I I 
Zs ZR 

aZ, . 4 bZ2 

I ,... 1 .... 
1 2 

Figure 4-22. Four-terminal network; mismatched at input and output. 
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ditions of instability would result in signal current flow in aZ 1, bZ2, 
and in the network. 

The complete development of mathematical criteria for absolute 
stability or absolute instability is not undertaken here. However, 
stability criteria are presented with some background to indicate how 
they are derived. 

If currents are circulating in the input circuit of Figure 4-22 with
out an external source of energy, there must be zero impedance at 
the frequency at which current is observed. That is, if such a current 
is circulating through the input, then, at that frequency 

aZ1 + Zs == 0. 

It can be shown that when such a condition exists a similar condition 
exists at the output ; that is, 

For such a condition to exist, the sending-end impedance, Zs, must 
have a negative resistance component equal to the positive resistance 
component of aZ1, and the reactive component of impedance Zs 
must be equal in magnitude but opposite in sign to the reactive 
component of aZ1. Thus, stability is guaranteed if neither aZ1 nor 
Zs has a negative resistance component and at least one has a positive 
resistance component. 

A stability index can be derived in terms used earlier in this 
chapter. It may be written 

Stability index == 1 - Gr 
( 1 - a ) ( 1 - b ) 

· 
1 + a 1 + b 

(4-36) 

The two parenthetical expressions are of a form which can be 
evaluated by the alignment charts of Figures 4-15 through 4-18. 

Note that if the network is terminated at either end in its image 
impedance, it cannot be made to sing. Under these conditions 
a == 1 or b == 1, and the stability index _ 1, a criterion for absolute 
stability. 
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The condition for singing is that the stability index == 0, i.e., that 

1 
(4-37) 

The circuit will not sing provided the magnitude of Gr is slightly less 
than that given by Equation ( 4-37) . A sample calculation of this 
type circuit · is given in Figure 4-23. 

Usually, a network is terminated in impedances such that the 
stability index falls between the extremes of 0 and 1. The/ margin 
against singing may be found by 

Singing margin = 20 log I G, ( i + : ) ( i + �) I ·  
4-4 NETWORK ANALYSIS 

(4-38)  

The preceding material on the basic network laws and their appli
cations provides the tools for network analysis. Some extensions 
of these tools and some added sophistication in mathematical manipu
lations make the analysis j ob applicable to very complex network 
configurations. 

Mesh Analysis 

A circuit of any complexity may be analyzed by considering each 
mesh of the circuit independently and writing an equation for the 
voltage relations in each. To do this, of course, it is first necessary 
to define a mesh. 

In Figure 4-2, for example, nodes are defined as those points at 
which individual series combinations of components are intercon
nected. The series combinations are called branches (each Z in 
Figure 4-2 may be made up of series-connected elements in any com
bination) .  A mesh may then be regarded as openings in the network 
schematic such as those that might be observed in a fish net. The 
boundary of a mesh, called the mesh contour, is made up of network 
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1 -a 01 Oaz1 Oa -- 02 1 +a 

"Q" 

+50 ° -90 ° -140 ° 2.70 +30 ° 

o o -90 °  -90 ° 1.00 o o 

+10 ° -90 ° -100 ° 1.19 +10 °  

+20 °  -90 ° -110 ° 1.43 +20 ° 

+30 ° - 90 ° -120 ° 1.73 +30 ° 

+40 °  -90 ° -130 °  2.15 +40 ° 

+50 ° - 90 ° -140 ° 2.70 +50 °  

+60 ° -90 ° -150 ° 3.70 +60 °  

+70 ° - 90 ° -160 ° 5.50 +70 ° 

+80 ° - 90 ° -170 ° 12.0 +80 ° 

+90 ° -90 ° -180 ° 00 +90 ° 

Notes: 

1 - b Obz2 ob 1 +b 

"Q" 

-90 ° -120° 1.73 

-90 ° - 90 ° 1.00 

-90 ° -100 ° 1.19 

-90 ° -110 ° 1.43 

-90 ° -120 ° 1.73 

-90 ° -130 ° 2.15 

-90 ° -140 ° 2.70 

-90 ° -150 ° 3.70 

-90 ° -160 ° 5.50 

-90 ° -170 ° 12.0 

-90 ° -180 00 

__ 
1 ._x __ 1 _ ( 1 -a) ( _0_ )= I GI I  

1 +a 1 + b 

( 0.370 ) ( 0.578) = 0.214 

( 1.0) ( 1.0) = 1.0 

( 0.841) ( 0.841) = 0.708 

( 0.700 ) ( 0.700) = 0.490 

( 0.578) ( 0.578) = 0.334 

(0.465) (0.465) = 0.216 

( 0.370) (0.370) = 0.137 

( 0.270) ( 0.270) = 0.073 

(0.182) ( 0.182) = 0.033 

(0.083 ) ( 0.083 ) = 0.0069 

( 0 )  ( 0 )  = 0 

01 = angle of zb the input image impedance. 

Oaz1 = angle of aZb assumed to be -90 ° . 

Oa = worst angle of a in (�). 
1 + a  

I a I = 1. 

02 = angle of z2, the output image impedance. 

Obz = angle of bZ2, assumed to be -90° . 
2 ( 1 - b ) Ob = worst angle of b in � · 

I b I =  1. 

Figure 4-23. Computations for guaranteed stability. 
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branches. The least number of independent loops, or closed meshes, 
is one greater than the difference between the number of branches 
and the number of nodes. The number of independent loops deter
mines the number of independent mesh equations needed to solve 
the network problem. Examination of Figure 4-2 shows that there 
are three branches and two nodes. Application of the rule indicates 
there are two independent meshes. 

In mesh analysis, the parameters of the branches are expressed 
as impedances, the independent variables are the voltages and the 
voltage drops in each of the branches of a mesh, and the dependent 
variables are the currents in each branch of a mesh. A simple 
example of mesh analysis of the circuit of Figure 4-2 may be per
formed by using the rule above regarding the number of independent 
meshes in the circuit and by applying Kirchoff's laws. 

Thus, the equations 

and 

provide the two independent equations for the two independent 
meshes. If the values of E, ZA, ZB, and Zc are known, the two mesh 
currents can be determined from these equations. 

Nod a I Ana lysis 

In nodal analysis, the branch parameters are most conveniently 
expressed as admittances (recall that admittance is the reciprocal 
of impedance ; i .e. , Y == ljZ) , the dependent variables are the volt
ages at the individual nodes, and the independent variables are the 
currents entering and leaving each node. Simultaneous equations are 
written for node currents, and their solution is the nodal analysis 
of the network. The number of independent nodal equations that 
may be written is one less than the number of nodes. 

There is, of course, a direct correspondence between mesh and 
nodal equations. One approach is often found superior to the other, 
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and the choice, while theoretically a matter of indifference, is often 
important from the points of view of convenience and flexibility in 
treating such things as parasitic circuit elements or active device 
parameters. The more complex circuits are usually more easily 
analyzed by the nodal approach. 

Finding solutions to mesh or nodal circuit equations can become 
quite complex when all circuit elements are considered. Such equa
tions, except in the simplest cases, are now usually solved by the use 
of an electronic computer. 

Determinants 

In simple networks, brute-force solution of simultaneous equations 
by successive substitution of one equation in another is generally 
simple and straightforward. Only modest amounts of network com
plexity, however, make this approach to finding solutions prohibitive 
in the amount of time consumed. Further, the processes become so 
involved that the accuracy of the work must always be carefully 
checked to guard against error. 

The coefficients of the dependent variables of the simultaneous 
equations may be arranged in rows and columns corresponding to the 
terms of the equations. If the resulting array is square (i.e., if it has 
the same number of rows and columns) ,  solutions to the simultaneous 
equations can be found by the methods of determinants [2] . 

Matrix a nd L inear Vector Space Ana lyses 

While it is often possible to determine significant but not complete 
characteristics of a network by means of voltage, current, and 
impedance measurements made at the terminals, such expressions 
may not completely define the network. These expressions, however, 
are often useful in relating the network performance to its interaction 
with other interconnected networks and in defining certain properties 
of the subject network. The coefficients of terms in the mathematical 
expressions derived from such measurements and observations may 
be arranged in matrix form ; the matrix may or may not be square. 
Mathematical manipulation of the matrix expressions provides a 
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convenient method of network analysis. This may be regarded as a 
"black box" approach to analysis, which ignores the internal structure 
of the network but permits specification of its external behavior. The 
application of the concepts of linear vector spaces to matrix analysis 
adds a significantly greater amount of power to network analysis [3] . 

4-5 TRANSFORMERS 

Many types of transformers, sometimes called repeat coils, are used 
in telecommunications circuits. In most cases, the applications differ 
significantly from those applying to alternating current power dis
tribution systems where the principal use is to step alternating volt
ages up or down. In communications circuits, in addition to voltage 
transformation, transformers are used to match impedances, to split 
and combine transmission paths, to separate alternating and direct 
currents, and to provide de isolation between circuits. Impedance 
matching and the splitting and combining of transmission paths are 
discussed in some detail because of their importance in transmission. 

Impedance Matching 

Unequal ratio transformers are used to match unequal impedances 
to permit maximum energy transfer. The currents through any two 
windings of such a transformer are inversely proportional to the 
number of turns in the two windings. The voltages across the two 
windings are directly proportional to the number of turns in the 
two windings. Thus, 

(4-39 ) 

where N1 and N2 are the number of turns on the primary and secon
dary windings, respectively. 

No power is dissipated in an ideal transformer, illustrated in 
Figure 4-24, and in addition the phase relation between the voltage 
and current on the two sides of the transformer is exactly the same. 
Therefore, the product of voltage Vs across the primary winding and 
currentls through the primary winding is equal to the corresponding 
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Is ---+ 

Zs 
____. 

Figure 4-24. Transformer circuit. 

product for the secondary winding ; that is, 

Then, substituting this value of V s/V L in Equation ( 4-39 ) ,  

1 05 

(4-40 ) 

From Ohm's law, VL == IL ZL. Substituting the values of VL and 
I L from Equations ( 4-39 ) and ( 4-40 ) , 

Then, 

and 

Vs ( N1 ) 2 -y; == Zs == N2 ZL 

(4-41 ) 

(4-42 ) 

(4-43) 
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The relationship shown in Equation ( 4-43) is used when a trans
former is being designed for the purpose of providing an impedance 
match, i.e., to provide a design in which Zs == Za. 

Commercial transformers approach the efficiency of ideal trans
formers very closely. Small losses are occasioned by currents induced 
in the core (eddy current losses) , by flux in the core (hysteresis 
losses) , and by current flowing in the copper windings. 

Separating a nd Combining 

A common means of separating and combining transmission 
paths is by the use of a transformer called a hybrid coil, a complex 
circuit component. Although the operation of a hybrid coil is some
what difficult to analyze, a simplified and idealized coil structure 
may suffice to illustrate how it is used in some common circuit 
applications. 

In the circuit configuration of Figure 4-25 (a) , the hybrid coil 
characteristics are such that, if Zd and/or Zc are signal sources, the 
energy is divided equally between the two loads Za and Zb provided 
certain impedance relationships are satisfied. If Za and/or Zb are 
signal sources, the energy is similarly divided equally between Zd 
and Zc. These hybrid coil characteristics are exploited in combining 
and separating analog signals ( including pilots and test signals) ,  in 
providing parallel transmission paths in protection switching systems, 
and in providing the interface between two-wire and four-wire voice
grade facilities (four-wire terminating sets) . 

In the circuit of Figure 4-25 (b) , assume that Za == Zb, Zc == Zd, 
and the number of turns on each of the three windings of the hybrid 
transformer are the same. With these assumptions, assume a signal 
source in the branch containing Z d as shown in Figure 4-25 (c) . The 
currents in the right-hand branches of the circuit divide equally be
tween Za and Zb and are cancelled in Zc. Thus, there is no trans
mission from Zd to Zc. If the signal source were in series with Zc, 
the currents would again divide equally between Za and Zb. Their 
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• 

Zc = BAL NET. 

(a) Application (b) Circuit 

Note: 

eindi�ates same polarity. 

• 

Za >-<:�...J\J'\IV--� , 

(c) Circuit balance (d) Circuit balance 

Figure 4-25. Hybrid circuit relationships. 

I 
I 
I e J 

effects would cancel, however, due to the polarity of the magnetic 
fields in the center-tapped winding of the transformer. Hence, there 
would be no transmission from Zc to Zd. 

Now assume the signal source to be in series with Za as shown in 
Figure 4-25 (d) . It is convenient to imagine the circuit to be opened 
between points b and e. Under these conditions and with Zc == Zci, 
the voltage induced between points a and d is exactly equal to the 
voltage drop in Zc so that the voltage at b equals that at e. Then, 
since points b and e are at the same potential, they may be connected 
without causing current to flow in Z b· Thus, there is no transmission 
from Za to Zb. 
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In each of the above examples, transmission from one impedance 
to another involves an equal division of energy to two other im
pedances ; each load impedance dissipates half the power from the 
source, a loss of 3 dB. In addition, core and copper losses are typically 
about 0.5 dB. Thus, in designing or analyzing transmission circuits 
in which equal ratio hybrids* are used, 3.5-dB loss is usually assumed 
for the hybrid. 

A common application of hybrid circuits is at the interface be
tween two-wire and four-wire facilities. Such a circuit, illustrated in 
Figure 4-26, is known as a four-wire terminating set. Transmission 

+ - - Trunk A 

Terminating set 

Trunk 8 

Four-wire facility - - ....,. 

__ _ _ _ .....,. 

Figure 4-26. Hybrid application-four-wire terminating set. 

is from the amplifier with output impedance Za to the two-wire trunk 
with impedance zd, and from the two-wire trunk zd to the amplifier 
with impedance Zb. When transmitting from Zd to Zb, half the energy 
is dissipated in Za, but the signal is not transmitted through the 
amplifier because of its one-way transmission characteristics. When 
transmitting from Za to Zd, half the power is lost in Zc. The important 
thing, however, is that no energy reaches Zb. If this were not so, 
the signal would circulate through the two sides of the four-wire 

*In some applications, unequal ratio hybrids are used. The design of such 
hybrids involves careful selection of impedances and turns ratios, a process 
too complex to be covered here. 

TCI Library: www.telephonecollectors.info



Chap. 4 Four-Terminal  Linea r  Networks 1 09 
trunk and the hybrid circuits at each end, being amplified by the 
amplifier circuits each time. This could result in circuit instability, or 
singing, as previously discussed. 

The loss between Z a and Z b or between Z c and Z d is known as 
hybrid balance. In carefully controlled laboratory circuits, a balance 
of 50 dB is easily achievable. However, in the application described, 
impedance Zd represents any of a large number of two-wire trunks 
which may be switched into the connection. The impedances of these 
trunks vary widely, and so only a compromise value may be used 
for Zc to provide control of echoes that are returned to the speaker 
at four-wire terminating sets. 

When supposedly matched impedances are in reality unequal in 
either their resistive or reactive components, or both, the hybrid 
balance deteriorates so that the achievable balance may be much less 
than 50 dB. When this occurs, echo is produced in the transmission 
circuit. The echo may be evaluated in terms of the return loss at 
the j unction between the two-wire facility and the hybrid which may 
be calculated as described previously. 

4-6 RESONANT CIRCUITS 

By an appropriate combination of resistors, inductors, and capaci
tors, circuits may be designed to resonate, i.e., to have extremely 
high or low loss at a selected frequency. Such circuits, which may 
be either series or parallel, are often designed as two-terminal net
works which then are used as components of a larger, more compli
cated four-terminal network. Resonance occurs when the inductive 
and capacitive components of reactance are equal. That is, when 

(4-44) 

The resonant frequency may be found by solving Equation ( 4-44) 
for fr : 

1 
fr == ----== 

211 v LC 
(4-45) 
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Selectivity, i.e., the difference in transmission between the resonant 
frequency and other frequencies, is determined by the amount of 
resistance in the circuit. Since the resistance is usually concentrated 
in the inductor, the objective is to have the ratio of the reactance of 
the inductor to its resistance as high as possible. This ratio is known 
as the quality factor, or Q, of the inductor and is expressed by 

(4-46) 

Series Resonance. In a resonant circuit having the inductance and 
capacitance in series, the circuit reactance is zero at the resonant 
frequency, where the inductive and capacitive reactances are equal 
as in Equation (4-44) ; the impedance has a minimum value at this 
frequency and is equal to the resistance of the circuit. If this resistance 
is small, the resonant frequency current is large compared to that 
at other frequencies, as shown in Figure 4-27. One application of 
series resonance is in the use of a capacitor of proper value in series 
with a telephone receiver winding, repeating coil winding, or other 
inductance, where it is desired to increase the current at specific 
frequencies. 

Paral lel Resonance. In a parallel (often called anti-resonant) circuit, 
one having the inductance and capacitance in parallel, the impedance 
of the combination is a maximum at the resonant frequency, where 
the inductance and capacitive reactances are equal. Since the im
pedance is a maximum, the current is a minimum at the resonant fre
quency. The selectivity of the circuit is decreased as the resistance 
is increased, reaching a point where the circuit essentially loses its 
resonant characteristics. This is shown in Figure 4-28. A parallel 
resonant circuit is often called a tank circuit since it acts as a storage 
reservoir for electric energy. 

4-7 FILTERS 

An electrical network of inductors and capacitors designed to 
permit the flow of current at certain frequencies with little or no 
attenuation and to present high attenuation at other frequencies 
is called an electric wave filter. Simple filter configurations and char
acteristics are illustrated in Figures 4-29 and 4-30. Low-pass and 
high-pass filters can be combined to give the characteristics of band-
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Figure 4-27. Curves of current va lues in series resonant circuit. 

pass or band-elimination filters. These are used to pass or to stop 
an intermediate band of frequencies. 

Inductances and capacitances are opposite in their responses to 
varying frequencies. An inductance passes low frequencies readily 
and offers an increasing series impedance with increase in frequency, 
while the reverse is true of capacitance. Advantage of these charac
teristics is taken in the design of filters. 

The presence of resistance in the inductors used in filter sections 
introduces additional losses in the transmitting bands and reduces 
the sharpness of cutoff. One of the most practicable ways to obtain 
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Figure 4-28. Curves of current va lues in para l le l  resonant circuit. 

a high ratio of reactance to resistance is to use mechanical vibrating 
systems, such as the piezo-electric crystal. In an electric circuit 
such as a filter, a crystal acts as an impedance exhibiting both 
resonant and anti-resonant properties. Crystal filters find wide 
application in broadband carrier systems. 

Older and well known filter structures such as the m-derived and 
constant-k image parameter designs are still used. They can provide 
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Figure 4-29. Low-pass filter. 
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characteristics that satisfy many needs, and they have the further 
attributes of being relatively easy to design, synthesize, and realize ; 
however, more sophisticated approaches have become necessary as 
requirements have become more stringent, bandwidths have become 
wider, and useful frequencies have been pushed higher in the spec
trum. Some of the distinguished scientists who have made significant 
contributions in this field are Bode, Butterworth, Campbell, Darling
ton, Foster, Guillemin, Johnson, Shea, and Zobel. 
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Elements of Transmission Analysis 

Chapter 5 

Transmission Line Theory 

Electromagnetic wave theory provides the basis for transmission 
line analysis. Involved are such factors as impedance, impedance 
matching, loss, velocity of propagation, reflection, and transmission. 
Knowledge of all these parameters is necessary to an understanding 
of electrical signal transmission over metallic wire media. 

Transmission networks are made up of resistors, capacitors, and 
inductors. The characteristics of such components are called lumped 
constants. A transmission line is an electrical circuit whose constants 
are not lumped but are uniformly distributed over its length. With 
care, the theory of lumped constant networks can be applied to trans
mission lines, but lines exhibit additional characteristics which 
deserve consideration. 

The detailed characterization of a given type of cable is dependent 
on the physical design of the cable. Wire gauge, type of insulation, 
twisting of the wire pairs, etc., have important effects on attenuation, 
phase shift, impedance, and other parameters. For the most part, the 
treatment here pertains to two-wire parallel conductors. However, 
the analysis is also extended and applied to a coaxial conductor 
configuration. 

5- 1 DISCRETE COMPONENT L INE SIMUlATION 

It is convenient to analyze transmission line characteristics in 
terms of equivalent discrete-component, four-terminal networks. The 
conductors of an ideal simple transmission line, evenly spaced and 
extending over a considerable distance, have self-inductance, L, and 
resistance, R, which are series-connected elements that must be in
cluded in the discrete component equivalent network. Since the line 

1 1 5 
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appears electrically the same when viewed from either end, the 
equivalent circuit must be symmetrical. Thus, the components of 
the equivalent network are split and connected as shown in Figure 5-l. 
The insulation between the wires is never perfect ; there is some 
leakage between them. The leakage resistance may be very large, as 
in a dry cable, or it may be fairly small, as in the case of a wet open
wire pair. Hence, the equivalent circuit must contain a conductance, 
G, in shunt between the line conductors. Also, any two conductors in 
close proximity to one another have the properties of a capacitor ; 
therefore, the circuit must have shunt capacitance, C. 

These line parameters (resistance, inductance, conductance, and 
capacitance) are the primary constants and are usually expressed in 
per-mile values of ohms, millihenries, micromhos, and microfarads. 
Derived from these are the characteristic impedance and propagation 
constant ; they are the secondary constants, both of which are func
tions of frequency. Although all primary and secondary constants 
vary with changes in temperature, they are usually expressed as 
constants at 68 o F  with correction factors for small changes in 
temperature. Both primary and secondary constants are often used 
to characterize transmission lines or equivalent circuits. 

In the discussion of networks in Chapter 4, it was suggested that 
any circuit could be simulated by a T structure. It is not surprising 
then to find that a useful equivalent circuit for a transmission line is 
the T network shown in Figure 5-l . For convenience, series constants 
R and L can be combined as impedance ZA, and shunt constants C 
and G as impedance Zc as shown in Figure 5-2. For the present, the 
relationship to line length is ignored. 

R/2 L/2 L/2 Rj2 

c G 

Figure 5- 1 .  Primary constants of a section of uniform line. 
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Figure 5-2. Equivalent network of a section of uniform line. 

The equivalent circuits in Figure 5-l or 5-2 are poor approxima
tions of a real transmission line because all of the distributed con
stants have been concentrated at one point. The approximation i s  
improved by having two T sections in  tandem and, in  the ultimate, 
the best representation is an infinite number of tandem-connected 
T sections, each having the constants of an infinitely short section 
of the real line. 

Characteristic Impedance 

An example of the simulation of a very long uniform transmission 
line by an infinite number of identical, recurrent, and symmetrical 
T networks is shown in Figure 5-3. The input impedance at point 

a b d 

I 
I 
I To infinity 

____. I 
I 

Figure 5-3. Uniform l ine simulated by an infinite number of identical networks. 
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a is Zo. Now open the line at b and again measure the impedance of 
the line towards the right. Removing one section from an infinite 
number of sections produces no effect, so the impedance still 
measures Zo. 

The impedance at point a was Zo when the first section was con
nected to an infinite line presenting impedance Zo at b. If the first 
section is terminated at b by a discrete-component network of im
pedance Zo, the impedance would still measure Zo at point a. In a 
transmission line, Zo is called the characteristic impedance. It is re
lated to the equivalent T structure in Figure 5-2 by the expression 

ohms. ( 5-1 ) 

Impedances ZA and Zc contain inductance and capacitance. Since 
the reactances of inductors and capacitors are functions of frequency, 
the characteristic impedance of a real or simulated transmission line 
is also a function of frequency. This property must be recognized 
when selecting a network which is to terminate a l ine in its charac
teristic impedance over a band of frequencies. 

It is often more convenient to determine Zo by test than by compu
tation. This can be done by measuring the impedance presented by 
the line when the far end is open-circuited (Zoe ) and when it is 
short-circuited (Zsc) . Then, it can be shown that 

Zo = yZocZsc ohms, ( 5-2) 

an equation similar to those given for network image impedances, 
Equations (4-4) and (4-5) . 

To summarize, every transmission line has a characteristic im
pedance, Zo. It is determined by the materials and physical arrange
ment used in constructing the line. For any given type of line, Zo is 
by definition independent of the line length but is a function of fre
quency. The input impedance to a line is dependent on line length 
and on the termination at the far end. As the length increases, the 
value of the input impedance approaches the characteristic impedance 
irrespective of the far-end termination. 

The term characteristic impedance is properly applied only to uni
form transmission lines. The corresponding property of a discrete 
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component network is called image impedance as previously discussed. 
However, if the network is symmetrical, it has a single image imped
ance which is analogous to the characteristic impedance of a uniform 
line and, as the number of network sections is increased, the imped
ance approaches the characteristic impedance of the line being 
simulated. 

Atten uation Factor 

If a symmetrical T section is terminated in its image impedance 
(Zo) and voltage Et is applied to the input terminals, current It flows 
at the input. In general, the output voltage and current, E2 and l2 is 
less than Et and It . Let lt!l2 be designated by a ;  this is the attenua
tion factor for the T section. Also, let ln j lt!l2 ! == a ;  this is known 
as the attenuation constant for the T network. Then, 

( 5-3 ) 

If a number of symmetrical T sections of image impedance Zo are 
connected in tandem and terminated in Z o as shown in Figure 5-4, 
each T section is terminated in Zo, and the ratio of its input current 
to its output current is a. Thus, from the figure 

I � � I == I �: I == I �: I == I �: I = a. 
( 5-4)  

To find the ratio of the input current to the output current for the 
series, the terms of Equation ( 5-4) may be multiplied to give 

I �: I = I  �: I  · I �: I · I �: I · I  �: I = a' 

or, for n sections of identical series-connected T networks terminated 
in Z o at both ends, 

It -- - an - ena 
ln+ l  - - ' 

( 5-5) 

where an == ena is the attenuation factor for the n series-connected 
T networks. 
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Figure 5-4. Line composed of identical T sections. 

Propagation Constant 

The ratio of input to output current, 1.;12, in a symmetrical 
T section terminated in its image impedance, Zo, is generally a 
complex number which may be expressed in a number of forms to 
indicate a change of both magnitude and phase. For the network of 
Figure 5-2 when it is terminated in Zo at both input and output, the 
current ratio is 

_!_!__ =: 1 + 
Z A + Z 0 =: 1 + Z A + J Z A + ( Z A ) 2 

(5_6a) 12 2Zc Zc 2Zc ., Zc 2Zc 

or, in more general terms, 

!J_ - e"Y - eca+ 313> /2 - - ( 5-6b) 

where 'Y is a complex number called the propagation constant, or 
complex attenuation constant. Its real and imaginary parts are 
defined by 

'Y == a+jf3, (5-7) 

where a is the attenuation constant, which represents a change in 
magnitude, and f3 is the wavelength constant, or phase constant, 
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which represents a change in phase. When applied to actual trans
mission lines with distributed parameters, both constants are usually 
expressed in terms of units of distance ; a is usually expressed as 
nepers per mile or dB per mile, and {3 is usually expressed as radians 
per mile or degrees per mile. 

For the network of Figure 5-2, the value of y may be computed 
from Equations ( 5-6a) and ( 5-6b) as 

(5-8) 

If the bracketed expression in Equation (5-8) is written in polar 
form as A L {3, where A is the absolute value and {3 the angle, then 

y == In Aei/3 == In A +  j{3. (5-9 ) 

Since the real and imaginary parts of this equation must equal the 
corresponding parts of Equation (5-7 ) , 

fi 

I /1 1 I ZA/2 + Zc + Zo l . a == In A == In I; == In Zc nepers/T section (5-lOa) 

and 

� ZA/2 + Zc + Zo d" T t• �'� == arg Zc ra 1ans; sec Ion 

where arg stands for argument or angle of. 

(5-lOb) 

Since the attenuation constant can also be expressed in decibels 
per T section, Equation (5-lOa) may be written 

a ==  In A nepersjsection == 8.686 ln A dB/section == 20 log A dBjsection. 

This relationship must not be used indiscriminately ; it applies only to 
an infinite line and a line or discrete-component simulation terminated 
in Zo. 

5-2 L INE WITH DISTRIBUTED PARAMETERS 

Characterization of transmission lines involves the same electrical 
parameters (primary and secondary constants) as those used in 
characterizing discrete component networks. In lines, however, these 
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parameters are not discrete and concentrated. They are distributed 
uniformly along the line. Relationships between primary and secon
dary constants and between these parameters and other transmission 
line characteristics (including velocity of propagation, reflections and 
reflection loss, standing wave ratios, impedance matching, insertion 
loss, and return loss) must therefore be established in terms of 
distributed parameters. 

Characteristic Impedance 

A single T section may represent a line having distributed elements 
but at one frequency only. In order to construct an artificial line in 
simple T -section configurations of discrete elements to simulate a real 
line, it is necessary to construct many tandem-connected T-sections 
to simulate even very short sections of line. As the number of sections 
is increased and the elemental length of line is reduced, the artificial 
line approaches the actual line in its characteristics over a wide band 
of frequencies. 

Consider an elemental length of line, al. Let Z be the impedance 
per unit length along the line and Y be the admittance per unit 
length across the line. The T section of Figure 5-5 represents the 

ZA R + jwL Zlll 
2 2 2 

ZA _ R + jwL Zt..l 
2 2 2 

\, - - - - - ---, , -- - - ---, , 
I Rj2 Lj2 I I R/2 Lj2 I 

I I 
L _ _ _ _ _ _j 

I I 
L _ _ _ _ _  _j 

r--· -- ----,li 

1 1 I Zc = y;:- =  Yt..l 

I G c I . 
I I Yc = G + JwC = Yt..l 

L _ _ _ _ _ _  _j 

Figure 5-5. T-sedion equivalent of a short length of line. 
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equivalent network of a line having length A.Z. The value of ZA and 
Zc of Figure 5-5 may be written 

and 

1 
Zc == YA.z · 

Substituting these values in Equation (5-1 ) gives the characteristic 
impedance for a lumped constant network as 

Z _ .../ (ZA.l) 2 + � 
0 - � 4 y ohms. 

For a line with distributed parameters, let A.Z approach zero ; then, 
the characteristic impedance is � zy lim Zo == 

A.l � o  

or, in terms of primary constants, 

z _ .../ R + iwL 
o - � G + iwC 

Propagation Constant 

ohms (5-lla) 

ohms. (5-llb) 

From the previous derivation of the expression for the propagation 
constant of an equivalent network, Equation (5-8 ) may be rewritten 

By expanding the terms under the radical sign by the binominal 
theorem and rearranging terms, this expression may be written 

(5-12) 
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Also, expanding e'Y as a power series yields 

e'Y = 1 + 'Y + ;� + . . .  (5-13) 

As shown in Figure 5-5, the terms Z A, Zc, and 'Y all place til in the 
numerators of Equations (5-12) and (5-13) . As til approaches zero, 
the higher terms of these expansions become insignificant. Combining 
the two equations and truncating the series yields 

This equation may be solved algebraically to give 

for the conditions of Figure 5-5 and for length til. For any length, l, 
made up of lj�l sections, 

'Y = yZY l, 

and for a unit length, l = 1 ,  the propagation constant is 

(5-14) 

where a is in nepers or dB per unit length and {3 is in radians or 
degrees per unit length. The values of Z and Y are found from the 
primary constants of the line. 

Attenuation Factor 

Previously, the attenuation factor for a number of identical, 
symmetrical T sections having lumped constants was defined for 
tandem connections of such sections. Here, where the transmission 
line is made up of distributed parameters, as the length of an ele
mental section til approaches zero, the attenuation constant becomes 
a nepers per unit length. Then the expression for the attenuation 
factor analogous to that of Equation (5-5 ) is given as 

Attenuation factor = eaz. (5-15) 
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Velocity of Propagation 

The phase shifts represented by the {3 term in Equation ( 5-6b) 
express the angular difference in radians between the input and 
output signals ; they imply a time delay between the input signal 
current (or voltage) and the output signal current (or voltage) . 
This can be used to compute the velocity of propagation through the 
network or transmission line. The velocity is given by 

ltJ 

v == fi' (5-16) 

typically expressed as miles per second. 

Equation (5-16) shows that the velocity of propagation is a 
function of frequency, since .w == 2'1T/. However, {3 is also frequency
dependent since it is made up of reactances derived from ZA and Zc 
of Equation (5-8) . Thus, while a transmission line having either 
discrete or distributed elements tends to introduce delay distortion 
(a  non-linear phase/frequency characteristic) because the velocity of 
propagation is different at different frequencies, it is theoretically 
possible to design a line having no delay distortion by designing f3 
to be directly proportional to cu. 

Reflections 

Only lines which are uniform and which are terminated in their 
characteristic impedance have so far been considered. As long as 
the signal is presented with the same impedance at all points in a 
connection, the only loss is attenuation. 

However, if one line with characteristic impedance ZG is joined 
to a second line with characteristic impedance Z L, an additional 
transmission loss is observed. While the signal is traveling in the first 
line, it has a voltage-to-current ratio EG/IG == ZG. Before the signal 
can enter the second line, it must adjust to a new voltage-to-current 
ratio EL!IL == ZL. In making this adjustment, a portion of the signal 
is reflected back towards the sending end of the connection. 

It is not surprising that there should be a reflection at an abrupt 
change in the electrical characteristics of a line. There is a dis
turbance in any form of wave energy, at a discontinuity in the 
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transmission medium. For example, sound is reflected from a cliff ; 
light is reflected by a mirror. These conditions are equivalent to a 
line terminated in either an open circuit or a short circuit ; all of the 
energy in the incident wave is reflected. A less abrupt change in 
impedance would cause a partial reflection. For example, a landscape 
is mirrored in the surface of a pool of water because part of the light 
falling on the water is reflected. The bottom of the pool is also visible 
if the pool is not too deep, since part of the light falling on the water 
passes through the discoNtinuity of the air-water j unction and illumi
nates the bottom. Such a partial reflection occurs when two circuits 
with different impedances are joined, as in Figure 5-6. The power, 

Zc = I Za I LOa 

X 
I I 

I 
.. 

I 
I 
I p ----·�-----� .. � PL 

Pr .... 4..,_ __ ,) 
Za .,_ ---+ ZL 

Figure 5-6. Reflection at an impedance discontinuity. 

P, in the signal arriving at j unction x is divided. A portion of the 
signal, PL, is transmitted through the junction to the load ZL. The 
remainder of the signal, Pr, is reflected and travels back towards the 
source. If Zc and ZL were equal, the power, P, would all be delivered 
to Z L ; there would be no reflection. 

Reflection Loss. A concept frequently used to describe the effect of 
reflections is that of reflection loss, which is defined as the difference 
in dB between the power that is actually transferred from one circuit 
to the next and the power that would be transferred if the impedance 
of the second circuit were identical to that of the · first. 
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Consider the circuit of Figure 5-6 where the impedances do not 
match. The current in the circuit is I == Ej (Za + ZL) .  The power 
delivered to Z L, the load, is 

where RL is the resistive component of the load impedance. If 
impedance ZL matched Za, that is, ZL == Za, the current in the circuit 
would be Im == E/2Za, and the power delivered to the load would be 

The ratio of the two values of power is 

Thus, the reflection loss may be written 

Reflection loss == 10 log �; == 20 log ��; 

I Za + ZL I J cos ()0 
== 20 log 

2 yZaZL + 20 log " cos ()L dB. 

(5-17) 

Thus, the reflection loss has two components. The first is related 
to the inverse of the reflection factor, defined as K, where 

K - I  2 
yz;;z; I - Za + ZL · (5-18 )  

The second is  dependent on  the angular relationships between the 
two mismatched circuits. 

TCI Library: www.telephonecollectors.info



1 28 Elements of Transmission Analysis Vol. 1 

It is possible to have negative reflection loss, or reflection gain. 
This does not mean that power can be generated at an impedance 
discontinuity. It results from the choice of identical impedances as 
the reference condition for zero reflection loss which is not the con
dition for maximum power transfer, as pointed out in Chapter 4. 

Standing Wave Ratio. A second concept that is useful in describing 
the effect of reflections is that of . a standing wave ratio. This concept 
may be approached from the point of view of a theoretically lossless 
transmission line. 

Equation (5-11 )  gives the expression for the characteristic im
pedance of a line as 

z _ J R + iwL 0 - "  G + iwC ohms. 

In this equation, the components that produce loss are the resistance 
and conductance, R and G. When these are negligible relative to jwL 
and iwC, they may be ignored. This is often true at very high fre
quencies because of the ,w terms in the expression for Zo. Under these 
conditions, the characteristic impedance reduces to 

Zo == yLjC ohms. ( 5-19 ) 

When the R and G terms are negligible, the propagation constant 
for the lossless line is determined from Equation ( 5-14) to be 

y == iw yLC. (5-20)  

Thus, Equations ( 5-19 )  and ( 5-20) show that for a lossless line 
the characteristic impedance is a pure real number and the propaga
tion constant is a pure imaginary number. When the propagation 
constant is expressed as y == a + jf3, the value of attenuation then 
becomes a == 0, and the value of the phase shift constant becomes 
f3 == w yLC. 

The voltage at any point, x, on a lossless transmission line may be 
shown to be 

Vx == V1 e313x + Vz e-il3x volts, (5-21)  
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where Vt and V2 represent the incident and reflected voltages, 
respectively, when the line is not terminated in its characteristic 
impedance, Z o, and where x is the distance from the load to the point 
of measurement [5] . 

The velocity of propagation may be found for the lossless line by 
substituting the value {3 = w y'LC in Equation (5-16) . Thus, 

For some structures (such as a coaxial transmission line) , the velocity 
of propagation approaches 186,300 miles per second, the velocity of 
light propagation. 

It can be seen from Equation (5-21)  that voltage Vx is represented 
as the sum of two traveling waves, the incident and reflected voltage 
waves. The voltage may also be expressed in terms of trigonometric 
functions [5] : 

V, = VL (cos {Jx + j:: sin {Jx) = VL cos {3x + jiL Zo sin f3x, (5-22 ) 

where JL, VL, and ZL are, respectively, the current and voltage at 
the load and the impedance of the load. 

For a given frequency and value of x (distance from the load) , 
Equation (5-22 ) can show Vx == 0, e.g., when VL == 0 or when 
cos {3x + j (Zo!ZL) sin {3x == 0. This can occur when f3x == n1r (n, 
an odd integer) and when ZL is simultaneously infinite, an open
circuit termination. It can also occur when ZL == 0 (short circuit) 
and {3x == n71' (n, an even integer) simultaneously. These are two 
cases of special interest which produce standing waves, i.e., waves 
which do not propagate along the line but which pulsate between 
minimum and maximum values at all points except those at which 
Vx == 0. 

In the more general case of a line having loss and not terminating 
in Zo, standing waves are also produced but not necessarily with null 

TCI Library: www.telephonecollectors.info



1 30 Elements of Transmission Analysis Vol. 1 

points at which Vx == 0. The ratio of maximum to minimum voltages 
in the envelope along the line is known as the voltage standing wave 
ratio (VSWR) . The VSWR may vary from one to infinity. When a 
line is terminated in its characteristic impedance, there is no reflected 
wave and, as a result, the maximum and minimum are the same value 
to give the ratio of unity. For the boundary conditions of ZL == 

0 or oo or for a == 0, the minima of the envelope are nulls, the value 
of Vx == 0, and the VSWR is infinite. 

For cases not involving the boundary conditions of Z L == 0, ZL == oo ,  
and a == 0, the transmission phenomenon can often be analyzed to 
advantage in terms of a combination of traveling and standing waves ; 
then, the VSWR is used as a measure of the required degree of im
pedance match. If it is sometimes convenient to perform analyses 
in terms of currents instead of voltages, analogous expressions are 
used. 

Impedance Makhing. An impedance discontinuity can sometimes be 
eliminated by introducing a transformer as an impedance matching 
device at the junction. In Figure 5-7, the impedance to the left of 
x, Zt, does not match the impedance to the right of y, Z2. By con
necting a transformer of turns ratio, Nx/Ny == v'Zt!Z2, into the 
circuit between x and y, the line to the left of x is made to look into 
an impedance Zt, while the line to the right of y looks back into Z2. In 

Zc Z'c 

Figure 5-7. Unequal impedances matched by a transformer. 
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practice, such a transformer would have a loss of a fraction of a 
dB, but the reflection loss is reduced to near zero. Typical examples 
of this technique are the transformer in a telephone station set and 
the input and output transformers in a repeater amplifier. 

A network (or pad) with image impedances of Z1 and Z2 would 
give the same result as the transformer in Figure 5-7. Impedance 
matching pads find limited application because they have a minimum 
loss determined by their image impedance ratio. For example, a pad 
with image impedances of 600 and 500 ohms (a ratio of 1.2 ) would 
have a loss of at least 3.75 dB ; one with a ratio of 2 would have a 
minimum loss of about 8 dB. 

Advantage is often taken of the standing wave phenomenon in high
frequency transmission lines. A proper connection of a short-circuited 
stub of line onto a transmission line at the proper pojnt, one-quarter 
or one-half wavelength from the load, often provides a means for 
good impedance matching. * 

At very high frequencies, in addition to the short-circuited stub 
technique it is sometimes practical to match impedances by intro
ducing a section of transmission line with gradually changing dimen
sions. The most common application of this technique is the tapered 
open-wire line between a TV antenna and the twin lead running to 
the receiver. 

I nsertion loss. Insertion loss, discussed in Chapters 3 and 4, may be 
defined as the loss resulting from the insertion of a network between 
a source and a load. Further consideration of this factor is desirable 
because important contributions to insertion loss occur as a result 
of reflections due to impedance mismatches. 

Consider the circuits of Figure 5-8. If the four-terminal network 
or transmission line is not present, as in Figure 5-8 (a) , the current 
supplied to Z L is 

!1 == E/ (Za + ZL) .  

*Standing wave ratios, reflection coefficients, wavelengths, complex impedances, 
and other transmission relationships are conveniently computed by Smith charts, 
nomographic diagrams that display these relationships in a convenient form 
[4, 5, and 7 ] .  Accurate and extensive calculations of these values and relation
ships are today carried out on an electronic computer. 
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Figure 5-8. Circuits for insertion loss analysis. 

Vol. 1 

When the network is inserted in the circuit, Figure 5-8 (b) , the current 
in Z L may be shown to be 

Then, 

2E Zo e-., 12 == (Zo + Zc) (Zo + ZL) - (Zo - Za) (Zo - ZL) e-2.,. 

11 (Zo + Zc) (Zo + ZL) - (Zo - Za) (Zo - ZL) e-2., 
I; == 2 (Za + ZL) Zo e-, 

which, when factored, gives 

.!!__ ==[ (Zo + Zc) (Zo + ZL)J [l _ (Zo -Za) (Zo - ZL) e-2., J . (5-23) 
12 2 (Za + ZL) Zo e-., (Zo + Za) (Zo + ZL) 

The second bracketed term is usually neglected. It results from 
interactions due to network termination impedances not being the 
proper image impedances for the network. If the network is a 
transmission line of any significant length, the term e-2., makes the 
interaction effect negligible. If either Za or ZL is equal to Zo or, in 
the case of a network, is the true image impedance, the interaction 
effect vanishes completely. 
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Thus, the insertion loss is usually written, 

. I (Zo + Za) (Zo + ZL) I Insertion loss � 20 log 2 (Za + ZL) Zo e-y 
The right side of this equation may be rearranged to give 

. I (Zo + Za) I I (Zo + ZL) I InsertiOn loss � 20 log 2 yZoZa + 20 log 2 yZoZL 

I Za + ZL I - 20 log 2 yZaZL + 8.686 a dB. 

1 33 

dB. 

(5-24) 

where a is the real component of the propagation constant 'Y· 

The approximation to the insertion loss given in Equation ( 5-24) 
contains three reflection terms and the attenuation constant, a. The 
three reflection terms are seen to be related to the reflection factor 
defined in Equation ( 5-18) . The first two of these increase the 
insertion loss as a result of the mismatch between either Zo and Za 
or Zo and ZL. The third is a negative term representing the reflection 
loss due to the mismatch between Za and ZL when the intermediate 
network is not present. 

Terms corresponding to the term 20 log ycos Oa/cos (JL of Equation 
(5-17) do not appear in the equation for insertion loss because, in 
the insertion loss definition, the ratio of currents (or, more precisely, 
powers) is taken with respect to the same impedance, ZL. Thus, the 
power factor term reduces to unity. 

If the transmission line is short or for any other reason has very 
low loss, the insertion loss expression of Equation ( 5-24) must be 
modified by the interaction ( second bracketed) term in Equation 
( 5-23) .  The evaluation of this equation is usually quite laborious but 
computer programs, tables, and nomographs are available to simplify 
computations. 

Return Loss. In the design of two-wire circuits, the amount of signal 
reflected at a junction is of interest because the reflected energy 
represents an echo of which the amplitude must be controlled. As 
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discussed in Chapter 4, the difference in dB between the incident 
current or voltage and the reflected current or voltage at an impedance 
discontinuity is called return loss. If the two impedances at a j unc
tion are matched, the return loss is infinite, since there is no energy 
reflected. The greater the difference between impedances on each 
side of a junction, the lower the return loss. At the junction of two 
lines of impedance Z 1 and Z 2, 

1 \ z1 + z2 l 
Return loss == 20 log TPT == 20 log 

zl - z2 

where p is the reflection coefficient. 

dB, (5-25 ) 

In the telephone plant, a serious source of low return loss is the 
interface between two-wire and four-wire facilities ; four-wire termi
nating sets contain a compromise balancing network that may not 
match the impedance of the office wiring or other connected two-wire 
circuits. The most serious problem occurs at class 5 switching offices 
where toll connecting trunks are switched to a variety of loops with 
a wide range of impedances. 

In the Bell System, the term structural return loss is commonly used 
as a measure of the departure of the characteristic impedance of a 
transmission medium from its design or nominal value. The term is 
descriptive of the fact that such impedance departures are primarily 
due to systematic and repetitive deformations of the physical struc
ture of the medium. The values of Z used in Equation (5-25)  may 
be regarded as the nominal and measured values of the characteristic 
impedance of the medium to determine the structural return loss. 

5-3 LOADED LINES 

In the previous discussion of velocity of propagation, it was pointed 
out that transmission lines normally introduce delay distortion. It 
was further suggested that delay distortion can be theoretically 
eliminated by design. An understanding of the theoretical basis for 
such a design is of some interest. Of far great practical importance 
is the application of the relationships involved to the reduction of 
attenuation over most of the voice-frequency band. 

Analysis 

To achieve the theoretical design of a distortionless line, it is 
necessary that the series impedance, Z, and the shunt admittance, Y, 
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have the same angle. This requirement may be expressed 

or 

wL wC 
R == G ' 

LG == RC. 
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(5-26) 

The impedance and admittance may be written Z == R + jwL and 
Y == G + jwC, respectively. Thus, 

(5-27) 

When this expression is substituted in Equation (5-14) , 

y == yZY == Z yGjR == Z yCjL (5-28) 

Then, 

y == a +  j{3 == yGjR (R + jwL) 

and 

a ==  yRG == RyCjL ( 5-29)  

{3 == wL yGjR == w yLC ( 5-30) 

v == wj{3 == lj y'LC (5-31) 

With Equations (5-26) and (5-27)  substituted in Equation (5-lla) ,  

Zo == yZjY == yRjG == yLjC ohms. ( 5-32) 

Thus, when wLjR == wCjG, the attenuation (a) , the velocity (v) , and 
the characteristic impedance (Zo) are independent of frequency, and 
Zo is a pure resistance. Such a line, terminated in its characteristic 
impedance, has no loss distortion or delay distortion. Note, however, 
that the attenuation and velocity both decrease, and the characteristic 
impedance increases. 
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Unfortunately, a transmission line having such optimum charac
teristics is not readily attainable in practice. In transmission lines 
made up of pairs in well maintained cables, the value of the con
ductance, G, is very small. It is not desirable to increase it artificially 
because that would increase the attenuation correspondingly as indi
cated in Equation ( 5-29) .  The value of capacitance cannot be changed 
appreciably because of practical considerations of spacing between 
conductors. To approach the optimum condition where LG == RC as 
indicated by Equation (5-26) ,  it would be necessary either to increase 
the inductance, L, or to reduce the resistance R. The latter is not 
economical ( it may be accomplished by increasing the size of the 
wire) , and so the only remaining alternative is to increase the induc
tance. This practice, known as inductive loading, is used to approach 
the conditions sought, especially to reduce the line attenuation. 

Inductive Loading 

In considering the effect of inductive loading, note that the con
figuration of the T section of Figure 5-5 is basically that of a low
pass filter as illustrated in Figure 4-29. The critical frequency of 
such a structure is the frequency below which there is very little 
attenuation ( ideally none) and above which the attenuation increases 
very rapidly. For the structure of Figure 5-5 in which G == 0, this 
frequency is 

1 
f - Hz. c - 1r yLC 

( 5-33) 

When applied to lines loaded with discrete elements, the value of L 
is the load coil inductance. Although the inductive component of the 
line impedance of the load section should be added, it is usually 
negligible. Similarly, the value of C to be used is the primary constant 
value of capacitance for the medium multiplied by the length of 
the load section. In theory, this value should be increased by the 
capacitance of the load coil, but this also is usually negligible. 

As previously mentioned, series inductance may be added to reduce 
the attenuation in a cable pair. Below the critical frequency, fc, the 
attenuation is reduced as indicated by Equation (5'-29 ) .  Unfor
tunately, line inductance cannot be increased by loading without 
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increasing resistance by virtue of the wire used in the load coils. 
Because of the resistance increase and other frequency-dependent 
limitations in the application of inductive loading, the attenuation 
is, in practice, more nearly .a == (Ry'CjL) ;2 than the value of 
Equation (5-29 ) . Above the critical frequency, the attenuation in
creases rapidly. The effect of increasing L by installing load coils in 
a line is illustrated by Figure 5-9. 

Loading Methods. Loading may be accomplished by either of two 
practical methods. The first, called continuous loading, involves 
placing magnetic material (e.g. ,  permalloy tape) around the copper 
conductors. This method is expensive and has been employed in only 
a few cases on submarine cable installations. The second method 
uses discrete inductances introduced along the line at regular intervals. 

1 6  

J. If 
1 4  

1 2  

/ I 
I 

6 

No7 I 
I I• 

� / /j 
H88 loading � "'  - .._ _ _ _  

-4 

500 1000 2000 3000 5000 
Frequency (Hz) 

Figure 5-9. Insertion loss of 1 2,000 feet of 26-gauge cable measured 
between terminations of 900 ohms in series with 2 JLf. 
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Below the critical frequency, the transmission line analysis for such 
an arrangement is reasonably accurate on the assumption that such 
components are uniformly distributed along the line but this 
assumption does not hold above the critical frequency. 

Load Coil  Spacing.  Load coils introduce impedance discontinuities 
into an otherwise smooth or uniform line. This effect is minimized 
by making the spacing between load coils short compared to the 
wavelength of the transmitted signal and by spacing the coils pre
cisely along the line. Imprecise coil spacing and coil resistance both 
introduce transmission irregularities in the passband primarily as a 
result of the deterioration of the structural return loss of the medium. 
General rules for the precision of spacing of load coils have been 
worked out, and manufacturing limits on the allowable variation in 
coil parameters are imposed. Corrective measures to overcome 
situations that, due to geographical or other considerations, cannot 
be adjusted to meet requirements on the uniformity of coil spacing 
are given in the form of building-out network specifications. General 
rules on allowable spacing deviations as applied to interlocal trunks 
are as follows : 

( 1 )  The deviation of the average spacing from the nominal or 
standard value should not exceed ±2 percent. 

(2 )  The deviations of the length of individual sections from the 
average section length should not exceed ±3 percent. 

(3 )  The percentage of deviation of each section length from the 
average section length should be determined and the 
numerical average of these percentages, disregarding signs, 
should be 1.2 percent or less, where practicable. 

End sections, nominally designed as one-half the standard length, are 
frequently built out by the use of additional discrete components to 
correct the electrical length of the section (overcoming natural length 
discrepancies) or to correct the impedance of the structure to con
form with impedance matching requirements at the central office. 

A number of loading arrangements have been standardized in the 
Bell System. The spacing between coils, or loading-section length, is 
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designated by a series of code letters. The codes for the more common 
spacings are as follows : 

B 
c 
D 
E 
H 

3000 feet 
929 feet 

4500 feet 
5575 feet 
6000 feet 

M 
X 
y 
z 

9000 feet 
680 feet 

2130 feet 
5280 feet 

This spacing code is combined with numerals to designate wire gauge 
and load inductance values. For example, the cable of Figure 5-9 
is designated as 26H88 loading, indicating 26-gauge wire, 6000-foot 
spacing, and load coils of 88 millihenries inductance. This inductance 
is equally divided between two coils wound on a toroidal core. Each 
coil is connected in one side of the line· in such a manner that the 
two inductances add (series aiding) to give the required value. These 
loading arrangements have been designed to achieve the greatest 
practicable reduction in attenuation and not to achieve a minimum of 
delay distortion. Thus, the criterion for minimum delay distortion 
given in Equation ( 5-26) is not met. 

5-4 COAXIAL CABLE 

Consideration of transmission lines thus far has been confined to 
lines made up of two parallel wire conductors. However, a coaxial 
configuration of conductors may be used to advantage where high 
and very high frequencies are involved. The conducting pair consists 
of a cylindrical tube in which is centered a wire as shown in 

Figure 5-1 0. Coaxial cable. 
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Figure 5-10. In practice, the central wire is held in place quite 
accurately by insulating material which may take the form of a solid 
or plastic foam core, discs or beads strung along the center conductor. 
or a spirally wrapped plastic string. In such a conducting pair, equal 
and opposite currents flow in the central wire and the outer tube, just 
as equal and opposite currents flow in the more ordinary parallel wires. 

At high frequencies, a unit length of coaxial in which the dielectric 
loss in the insulation is negligible (effectively gaseous) would have an 
inductance which is about one-half the inductance of two parallel 
wires separated by a distance equal to the radius of the coaxial tube. 
The capacitance of the same coaxial is approximately twice that of 
two parallel wires separated by the same distance and having the 
same diameter as that of the central coaxial conductor. If the outside 
radius of the central conductor is designated a and the internal 
radius of the tube is b, the characteristic impedance at high fre
quencies neglecting leakage is approximately 

.6 rr b Zo == "C == 138 log a ohms. (5-34) 

The attenuation constant per mile, where both conductors are of 
the same material, varies ·as the square root of frequency and is 
approximately [ -( 1 1 )j 

- R - - 6  vt a + T . a - 2z0 - 24.4 X 10 b nepers/mlle 
log -a 

(5-35 ) 

where a and b are in centimeters. From Equation (5-35 ) it may be 
determined that minimum attenuation is obtained when the coaxial 
is so designed that b ;a == 3.6. With this configuration, Zo is about 
77 ohms. The attenuation varies with temperature by approximately 
0.11 percent per degree Fahrenheit. 

The present standard coaxial used for transmission in the Bell 
System employs a copper tube 0.369 inches in inside diameter and 
a copper center wire 0.1003 inches in diameter. This, it will be noted, 
approximates the optimum ratio specified above for minimum attenu
ation. The nominal impedance is 75 ohms, somewhat lower than 

TCI Library: www.telephonecollectors.info



C ha p. 5 Transmission Line Theory 1 41  

would be computed by use of Equation ( 5-34) . This is because the 
insulation, which is a composite of air and polyethylene discs, has 
a dielectric constant of about 1 .1. Velocity of propagation in the 
coaxial approaches closely the speed of light. A study of the basic 
characteristics of the coaxial shows that at the high frequencies 
assumed, the attenuation is substantially less than that of a parallel 
wire line of comparable dimensions. The attenuation is approximately 
3.95 dBjmile at 1 MHz and at 20 ° C. More important is the fact that 
at frequencies of interest the shielding effect of the outer cylindrical 
conductor prevents interference from external sources of electric 
energy. The shielding effect also prevents radiation losses of the 
energy being transmitted over the coaxial. Thus, crosstalk between 
coaxials is minimum. 
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Chapter 6 

Wave Analysis 

A signal may often be represented by a function whose value is 
specified at every instant of time. In transmission work, however, 
this type of characterization is not always the most convenient to 
use because information about transmission lines and networks is 
usually presented as functions of frequency rather than of time. 
Therefore, a method is needed for translating between time-domain 
and frequency-domain expressions of signal and network character
istics. It is pos,stible to pass from one domain to the other by using 
mathematical transformations. This ability is useful in providing 
answers to questions which arise when a pulse signal expressed as 
a time-domain function is applied to a transmission line whose 
characteristics are known in terms of frequency-domain functions. 
These questions might be : How does the pulse look at the output of 
the line ? What are the frequency spectra of pulse signals as functions 
of pulse repetition rates and duty cycles ? What is· the resultant 
energy distribution ? What are the bandwidth considerations ? 

The duality between frequency and time domains in describing 
signals and linear networks is a concept that can become so familiar 
that a person may often unconsciously transfer from one domain 
to the other without effort. For instance, a sine wave of frequency 
fo might be pictured in the time domain as a curve which crosses the 
time axis 2/o times per second or in the frequency domain as a narrow 
spike located at a point f == fo on the frequency axis and characterized 
by two numbers giving its amplitude and phase. In this simple case, 
a method of passing from one of these representations to the other 
is simple to visualize and to formulate. The frequency, amplitude, 
and phase can be obtained from a time-domain representation of a 
sinusoidal wave by merely counting and measuring appropriate di
mensions ; on the other hand, if the frequency, amplitude, and phase 
are given, the time-domain waveform can be constructed. However, 
for more complicated waveforms, this transformation is not so simple, 
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and a well defined mathematical procedure must be employed to pass 
from one domain to the other. 

The Fourier transform pair is the mathematical formulation of 
this useful concept ; as such, it is indispensable for dealing with 
signals and linear networks. A review of some of the important prop
erties of the Fourier transform and illustrations of its uses can give 
a qualitative understanding of its meaning and application. The 
reader is referred to standard mathematics texts for more rigorous 
treatments of the subject. 

6- 1 I NSTRUMENTATION 

To complement the mathematical procedures of defining signals, 
interferences, or networks by means of the Fourier transform pair, 
field or laboratory observations are often needed to study engineering 
problems of maintenance, design, or performance evaluations. Two 
types of instrumentation are commonly used to display signals and 
interferences in the time or frequency domain for visual study. 
These are the cathode ray oscilloscope, which displays a signal or an 
interference in the time domain, and the spectrum analyzer, which 
displays signal or interference components in a frequency band. 

Figure 6-1 illustrates, in a simple block diagram, the operation 
of a cathode ray oscilloscope. The position of the cathode ray spot 
on the tube face is a function of the voltages impressed on the hori
zontal and vertical deflection plates. The output signal of the saw
tooth generator is impressed on the horizontal deflection plates and 
causes the spot to move repetitively from left to right. The signal 
under study, usually a periodic time function, is applied to the vertical 
deflection plates. This causes the spot to move vertically in accordance 
with the voltage applied and, when the two signals are properly 
synchronized, a time-domain representation of the test signal wave
form is traced on the tube face. 

The operation of a spectrum analyzer is somewhat more compli
cated. A sawtooth signal is used to deflect the spot from left to right 
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Figure 6- 1 .  Cathode ray osci l loscope operation (time domain). 

Vol.  1 

on the tube face as in the cathode ray oscilloscope. However, the 
signal applied to the vertical plates must be subjected to a number 
of transformations before it can be so used. The signal consists of a 
broad band of frequencies illustrated by the band from !B to /T in 
Figure 6-2. This signal is impressed at the input to the analyzer and 
mixed with the output of the tunable oscillator. This oscillator is 
driven by the sawtooth generator. Its output signal varies in fre
quency to sweep across the band from {B to /T in a repetitive fashion 
as the output voltage of the sawtooth generator increases from its 
minimum to its maximum value. This process converts the signal, 
in effect, from a voltage-frequency function to a voltage-time function. 
The output of the mixer, however, has many unwanted components. 
A bandpass filter is used to select the desired component, which is 
then impressed on the vertical deflection plates of the cathode ray 
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Figure 6-2. Spectrum analyzer operation (frequency domain). 
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tube. The filtering is usually accomplished through several stages of 
intermediate frequencies where the bandlimiting is more easily 
effected. 
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6-2 PERIODIC SIGNALS 

The alternative descriptions of periodic s·ignals in the time and 
frequency domains are based upon the fact that when sine waves 
of appropriate frequencies, phases, and amplitudes are combined, 
their sum can be made to approximate any periodic signal. Similarly, 
any one of these signals can be decomposed into its component sine 
waves. 

Fourier Series Representation 

A good starting point for discussing wave analysis is the familiar 
Fourier series representation of periodic functions given by 

00 

f (t)  = �0 + 2: (An cos nwot + Bn sin 1U1)ot) , ( 6-1 ) 
n= l  

where Ao, An, and Bn are constants that may be computed by the 
following equations [1] : 

and 

21T 

Ao = ! J f (t) dt, 
0 

21T 

An = _l_ ( f (t)  cos nt dt, 
7T "' 0 

27T 

B. = !. J f (t)  sin nt dt. 
0 

( 6-2) 

( 6-3 ) 

( 6-4) 

The interval over which the integration is performed, 0 to 27T, is 
the fundamental period of the function f ( t )  . 

The validity of the Fourier series may be demonstrated by dis
playing a square wave simultaneously on an oscilloscope and on a 
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spectrum analyzer. The spectral components of such a signal may be 
filtered and displayed on the two instruments in various combinations. 
To illustrate such a demonstration, Equation (6-1) may be rewritten 

00 

f (t) = �0- + 2: Cn cos (nwot + </>n) ,  (6-5 ) 
n= l 

where 

Co = Ao, 

sin </>n = -Bn/Cn. 

Figure 6-3 illustrates various displays that might be observed ; 
sketches of oscilloscope patterns are at the left and spectrum analyzer 
displays at the right. In Figure 6-3 (a) , the output of a square-wave 
generator is shown at the left. The period of the wave is 1/(t)o = T 
seconds. The wave is shown as having an amplitude of unity (A = 1 )  
and a pulse width of T j2. The corresponding spectrum analyzer dis
play shows a component at as many odd harmonics of the fundamental 
as are impressed at the input to the analyzer. In the illustration, 
harmonics are shown up to the eleventh. 

Figures 6-3 (b) , 6-3 (c) , and 6-3 (d) illustrate the displays when 
the inputs to the measuring sets are limited to the fundamental, third, 
and fifth harmonics, respectively. It is interesting to note how quickly 
the oscilloscope display approaches the original square wave. 

Consideration of Figure 6-3 and Equation ( 6-5 ) shows how the 
Fourier expansion for the square wave, f ( t) , may be used to deter
mine certain requirements on a channel that is to be used to transmit 
the square wave. The extent to which pulse distortion can be 
tolerated determines the number of signal components that must 
be transmitted and, therefore, the bandwidth that must be provided. 
Further detailed study would also show how much distortion (gain 
andjor phase) can be tolerated. The idealized sketches of Figure 6-3 
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Figure 6-3. Fourier components of a square wave. 

TCI Library: www.telephonecollectors.info



Chap. 6 Wave Ana lysis 1 49 

indicate no distortion. Gain distortion would change desired relation
ships among the amplitudes of the signal components, and phase 
distortion would cause relative shifts of the components along the 
time axis. Such shifts would also cause distortion of the pulse. 

Symmetry. The Fourier analysis of certain periodic waveforms can 
frequently be simplified by observing properties of symmetry in the 
waveform and by selecting the coordinates about which the waveform 
varies to take maximum advantage of the observed symmetry 
properties. It can be shown that, by proper choice of axes, one or 
more of the coefficients can always be made zero ; however, if more 
than one is to be made zero, the waveform must exhibit odd or even 
symmetry. It is desirable to define these properties of symmetry 
and to illustrate them mathematically and graphically because by 
taking advantage of such properties it is possible to reduce greatly 
the cumbersome mathematics sometimes necessary to evaluate the 
coefficients An and Bn of Equation (6-1 ) . 

Periodic functions exhibiting odd symmetry have the mathematical 
property that 

f ( -t) == -f (t) . (6-6) 

That is, the shape of the function, when plotted, is identical for 
positive and negative values of time, but there is a reversal of sign 
for corresponding values of positive or negative time. A familiar 
function exhibiting this property is the sine function. Figure 6-4 (a)  
also illustrates a function having odd symmetry. 

A function having odd symmetry contains no cosine terms and, in 
addition, contains no de component. Thus, in Equation ( 6-1 ) , since 
An == 0 and A o  == 0, the Fourier series is written 

co 

f ( t) odd == 2: Bn sin n wot. ( 6-7) 
n = l  

Graphically, the function can be seen to have odd symmetry by 
folding the right side of the time axis over upon the left side and then 
rotating the folded half 180 degrees about the abscissa, which must 
be selected as the de component of the waveform. When the function 
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is folded and rotated as indicated, the folded portion is superimposed 
directly on the unfolded function for negative time. 

A function having even symmetry contains no sine terms. That is 

Bn == 0 

in Equation (6-1 ) .  In this case, the Fourier series is written 

00 

f (t) even == �0 + Z An COS n Wot. ( 6-8) n=l 
The mathematical property that such a function exhibits is that 

f (t) == f (-t) .  (6-9) 
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Graphically, this function may be 
seen to be even if the portion to the 
right of the vertical axis (positive 
time) is folded about the axis to 
fall upon the left portion (negative 
time) . If the function is even, the 
folded portion would fall directly 
upon the unfolded left portion. 
Such a function is illustrated in 
Figure 6-4 (b) . 

0 t --. 

(a) Odd symmetry 

Some functions can be adapted to 
have either odd or even symmetry 1 1 1 1 1 
by the appropriate selection of 

-5 -4 -3 -2 - 1 
0 

f(t) 

I 2 
axes. One such example is given in 
Figure 6-5. In Figure 6-5 (a) , the 
function exhibits odd symmetry. 

(b) Even symmetry 

I 3 

1 5 1 

I 
4 

I 
5 

By shifting the vertical axis to the 
right by one-half a unit time in

Figure 6-5. Symmetry by axis choice. 

terval, the function is translated into one having even symmetry. 
This is shown in Figure 6-5 (b) and is also illustrated in Figure 6-3. 

Example 6-1 : A Fourier Series Application 

It has been shown how the Fourier analysis of a square wave 
can be used to illustrate the manner in which such a wave can 
be decomposed into its constituent harmonically related com
ponents (Figure 6-3) . Similarly, a square wave was used to 
illustrate how a proper choice of coordinates can simplify a 
problem by taking advantage of symmetry properties in the 
wave to be analyzed (Figure 6-5 ) . 

This example of Fourier analysis demonstrates the effect on 
frequency content, harmonic amplitudes, and required relative 
bandwidth of changing the period of a periodic rectangular wave. 
The waveforms are illustrated in Figure 6-6. In each of the 
waveforms illustrated, the pulse amplitude is unity and the pulse 
duration is T seconds. In Figure 6-6 (a) the repetition period 
is Ta = 2T seconds ; in Figure 6-6 (b)  the period is Tb = 2Ta 
seconds ; in Figure 6-6 (c) the period is Tc = 2Tb seconds. In 
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0 

f(t) 

(b) Ao/z ---1--1---.f-.--1---��-----1----1---�1--1----
0 --��------��----��----��----���--� 

t _.,. 
0 

(c) Ao/� ==:::::a.:t:D::t;;;;;;:=:;;;:=:;;;:=:;;;;;;;;;;;;;;;:J:fw+l t:t•;;;:=:==:7=r ====}t:l T±,j+-"==::: � T, = 2T, --�� .. I 
0 t --+ 

Figure 6-6. Periodic rectangular pulses with different periods. 

each, the vertical axis is chosen so that the function exhibits 
even symmetry. Thus, there are no sine terms in the Fourier 
series. For each, then, the Fourier series may be written as in 
Equation ( 6-8) . 

00 

Ao "' / (t) even == 2 + L_j 
n=l 

An cos n ruot. 

For the three cases in Figure 6-6, the periodic functions may be 
written, respectively, as follows : 
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f ( t) == 1 } ( m _ � ) T<t< ( m + � ) T / (t) == 0 

{ � == 0 or integer m _ fraction y -
Ta 

In this case, T == 2 21T == 1T. 2 
Therefore, { m == 0 or integer j (t) == 1 } ( _!_) 1r<t< (m + � ) 7T ! = fraction 

m - 2 -
2 / (t) == 0 

Figure 6-6(b) { !!!._ == 0 or integer f (t) = 1 { ( m - +) T<t< ( m + n T � = fraction f (t) == 0 � 
Tb Now, r ==  4 21T 

- -:r  
and { m == o or integer f (t) == 1 } (m - � ) ; <t< (m +  D ;  � = fraction f (t) == 0 

Figure 6-6( c) 

f (t) = 1 { ( m _ � ) 7<t< ( m + � ) T / (t) == 0 ) 
Tc 21T == _!!__ • In this instance, T == 8 == 8 4 

m == 0 or integer { � = fraction 

Thus, { m == o or integer f (t) == 1 } (m - � ) :  <t< (m + � ) : � = fraction f (t) = 0 
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In the above equations m is an integer from - oo to + oo • The 
value of the de component, Ao/ 2, may be determined for each 
case by means of Equation (6-2 ) . Thus, 1 1 

(a) Ao/ 2 = 2 ; (b) Ao/ 2 = 4 ; 1 (c) Ao/2 == g· 
Note that the value of  Aol 2 ,  for a periodic function may be deter
mined as the value of f (t)  averaged over one period. Where the 
function represents rectangular pulses, the value of Ao/2 is 
Ar/T where A is the amplitude of the pulse. 

Now, to further illustrate, consider the frequencies of the 
fundamentals and third and fifth harmonics of the three wave
forms of Figure 6-6. The frequency of the fundamental, /1, is 
the reciprocal of the fundamental period, Ta, Tb, or Tc. For the 
three cases of interest, the frequencies are 

(a) 

(b) 

(c) 

1 1 /1 = Ta = 2T ; 

1 /1 = Tb 1 /1 = Tc 

1 
4r ' 

1 - . - 8r ' 

3 fa = 3/1 = 2T ; 
5 

Is = 5/1 = 2T
. 

3 fa = 3/1 = 4T ; 
5 fs = 5/1 = 47 . 

3 fa = 3/1 = 87 ; 
5 Is = 5/1 = 87

. 

Thus, the frequencies of the fundamentals and their harmonics 
are seen to decrease as the period, T, of the fundamental 
increases. 

Finally, the amplitudes of these signal components may be 
determined from Equation ( 6-3 ) : 

1 f 27T (a) A 1 = - f (t)  cos t dt 1T 0 

1 f. 7T /2 1 f 37T /2 
= - f ( t) cos t dt + - f ( t) cos t dt 1T 0 1T wj2 

1 127T + - f ( t) cos t dt 1T 
37Tj2 

1 ]� 1 , �  

= - sin t + 0 + - sin t J 1T 0 1T k� 
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== ___!_ ( 1  + 1) == � == +0.637, 
7T 7T 

1 r27T As == - f ( t) cos 3t dt 
7T . 0 

1 ]7T/2 1 ] 27T 
== -3- sin 3t + 0 + -

3 
sin 3t 

7T 0 7T 3rr/2 
and 

1 2 
37T 

(- 1 - 1)  == -
37T 

== -0.213, 

As == +  0.127. 

1 f 27T 
(b) A 1 == ----;;:r f ( t) cos t dt 

0 

1 !Tr/4 1 !71Tj4 
== --;:  f (t) cos t dt + 1T f (t) cos t dt 

0 Tr/4 
1 r27T 

+ 7T .  f ( t )  cos t dt 7rrj4 
1 ]� 1 ]� == - sin t + 0 + - sin t 

7T 0 7T 7rrj4 
1 == - (0.707 + 0.707) == 0.450, 

7T 

1 r27T A a == ----;;:r . f ( t) cos 3t dt 
0 

1 ]� 1 ]� == - sin 3t + 0 + -
3

- sin 3t 
7T 0 '7T 77T !4 

1 
== 

3'7T 
( + 0.707 + 0.707) == + 0.151, 

1 55 
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and 

As == -0.0899. 

(c) A1 == +0.244, 

Aa == +0.196, 

and 

As == +0.118. 

Vol. 1 

While the amplitudes of An can be seen to decrease with increas
ing n for each of the three cases, observe that there is no obvious, 
simple relationship among the values of An from case to case in 
the example. The value of A t  appears to behave logically, de
creasing as T jT increases, but Aa and As appear to behave 
erratically in regard to amplitude and sign. 

The (sin  x)/ x Function 

The lengthy and laborious calculations of Example 6-1 are given 
to illustrate in detail how the coefficients of a periodic function 
expressed as a Fourier series can be determined ; however, for a 
number of commonly found waveforms, these coefficients have already 
been calculated [2] . Many of the expressions for such coefficients 
contain a term in the form of (sin x) jx. This function is so commonly 
found that a plot of the function on a normalized scale is given in 
Figure 6-7. 

/(X) = (sin X)jX 

1 .0 
0.8 / " 
0.6 { ' 
0.4 I � 
0.2 I \ 

0 [/ � v � lL::: � 
---� � / � L -r--0.2 

-417' -317' -217' -1T 1T 21T 317' 41T 

0 

Figure 6-7. The (sin x)/ x function. 
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In Example 6-1, the coefficient amplitude may be computed for each 
harmonic component by ( . n1rr ) Sln --

An = Ao � ( 6-10) 

Values for n1rr/T == x may be found from Figure 6-7 for values of 
n, r, and T defined as in Example 6-1. Recall, also, that for rectangular 
pulses, Ao == Ar/T. 

6-3 NONPERIODIC SIGNALS 

Although the Fourier series is a satisfactory and accurate method 
of representing a periodic function as a sum of sine and cosine waves 
as illustrated by Equation ( 6-1 ) , somewhat broader mathematical 
expressions, known as the Fourier transform pair, must be used to 
represent nonperiodic signals as functions of time or as functions of 
frequency. Although these are most useful in characterizing non
periodic signals, they may also be applied to the analysis or synthesis 
of periodic signals. Similar mathematical representations may be used 
to describe the transmission response of a network or transmission 
line by combining expressions representing signals with those repre
senting network characteristics. 

The Fourier Transform Pair 

The determination of the components of a signal can be accom
plished by the methods of Fourier analysis. If the signal is periodic, 
the analysis is relatively simple and can be carried out, as previously 
described, by a Fourier series representation. If the signal is non
periodic, the Fourier transform may sometimes be used. * It is 
written 

u <<»> = L: f (t) e-1·'dt. (6-11 ) 

*Many signals cannot be expressed in terms of Fourier components because the 
function f ( t) is not deterministic. Methods of analyzing these functions depend 
on expressing them in probabilistic forms, usually in terms of the spectral density 
function [3] .  

TCI Library: www.telephonecollectors.info



1 58 E lements of Transmission Ana lysis Vol. 1 

This equation may be used to determine the function of frequency, 
g (w) ,  given a function of time, f ( t ) , that is single valued, has only a 
finite number of discontinuities, a finite number of maxima and 
minima in any finite interval, and whose integral converges. 

The inverse function, written 

1 J 00 f (t)  = 
27T 

- oo  g (w) ei(J)tdw, ( 6-12 ) 

is known as the Fourier integral, or the inverse Fourier transform ; 
this expression is used for Fourier synthesis. Given the function of 
frequency, g (w) , of a signal, the signal may be synthesized as a 
function of time by Equation (6-12) . Together, Equations ( 6-11 )  
and (6-12 ) are the Fourier transform pair. 

Most signals transmitted over the telephone network are random 
in many parameters such as probability of occurrence, amplitude, or 
phase. Such signals usually cannot be expressed in terms of Fourier 
components because the function f ( t) is not deterministic. * Much can 
be learned, however, by examining some random signals, such as the 
random data signals depicted in Figure 6-8, in terms of the charac
teristics of one pulse [for which f ( t) is deterministic] , provided the 
interaction among pulses is not neglected. 

The Single Rectangular Pulse. Consider the single rectangular pulse 
of Figure 6-9. From Equation (6-11 )  and from examination of the 
pulse [f ( t) = A from - r ;2 to + T j2 and zero elsewhere] , the 
Fourier transform may be written 

g (w) = A i� f (t ) e -'�'dt = A L:;: e-'�'dt. 

Observation of the nature of the function f ( t )  and subsequent sub
stitution of the limits of integration make this equation tractable. 
Integrated, the equation becomes 

g (ru)  = 
2A • W'T Sill 2 

w 

A . W'T 'T Sill 2 
W'T 
2 

( 6-13) 

*Much work has been done to analyze such signals with digital computers .. This 
procedure has been made more efficient by use of the fast Fourier transform [ 4] . 
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(a) I I I 
(b) 0 0 

+ -
(c) 

0 

(d) �:J 
(e) 0 

(f) 

I 
0 0 

FL 

Signal elements or 
time slots 

Coded message 

Unipolar signal 

Polar signal -
nonreturn to zero 

Polar signal -
return to zero, 

50% duty cycle 

Bipolar signal -
return to zero, 

50% duty cycle 

Figure 6-8. Some signal formats for a random signal .  

the familiar (sin x)  jx form. Note 
that the expression has a contin
uous distribution of energy at all 
frequencies, rather than at discrete 
frequencies as indicated for the 
components of the Fourier series 
for the periodic function repre
sented by Equation (6-10 ) . The 
function of Equation (6-13 ) is a 
pure real and, therefore, the com

-T/2 0 + T/2 

t ----. 

Figure 6-9. A single pulse. 

1 59 

ponents of the signal in the time domain are all cosine functions, in 
phase at t == 0. Values for g (.w ) in Equation ( 6-13 ) may be found by 
using appropriate values for A and T and, substituting x == wT j2, by 
use of the plotted values of (sin x) jx in Figure 6-7. 

The Impulse. An impulse is approximated when a rectangular pulse 
is narrowed without limit while keeping its area (AT in Figure 6-9 ) 

TCI Library: www.telephonecollectors.info



1 60 Elements of Transmission Ana lysis Vol. 1 

unchanged. To simplify the treatment, the area may be assumed 
to be equal to unity. Thus, in the time domain an impulse is a signal 
having energy but infinitesimal duration. 

The corresponding frequency spectrum may be found from Equa
tion ( 6-13) by noting the assumption that Ar = 1 and that 
(sin wrj2) j (wr/2) = 1 when wr/2 == 0 (see Figure 6-7 ) . Thus, 
the resulting spectrum contains all frequencies from - oo to + oo 
of equal phase at t == 0 and each having an amplitude of unity. This 
description of an impuse is useful in discussing the impulse response 
of a network. 

Transmission Response 

Transmission of nonperiodic signals through a network or trans
mission line may be studied by Fourier transform methods in either 
the frequency or time domain. 

Frequency Response. The complex frequency spectrum can often be 
utilized to simplify rather complicated problems. The advantages 
to be had by operating in the frequency domain arise from the 
relatively simple relationship between input and output signals 
transmitted through linear networks or transmission lines when 
the relationship is specified in that dimension. In a typical problem, 
the input signal has a spectrum gi (.w) and the output Yo (w) . The 
transmission path can be described by a frequency function which is 
its transfer impedance (transfer voltage or current ratio) ,  or what is 
commonly called its frequency response. This function, H ( w) , can 
be established by computation from the known circuit constants of 
the system or network. It can also be found experimentally by apply
ing a sine-wave test signal of known characteristics at the input and 
measuring amplitude and relative phase at the output. 

The relationship between the input and output spectra of a signal 
applied to a network is particularly simple ; 

( 6-14) 

where Yo, Yi, and H are, in general, complex functions of the radian 
frequency, (u. In polar form, the amplitude and phase relationships 
are, respectively, 

I Yo (w) I == I H (w) I I  Yi (w) I 
Oo (w)  == Oh (,w) + Oi (w) 

( 6-15) 

( 6-16) 
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The validity of these relations rests upon the superposition prin
ciple since Yo ((u)  is computed by assuming that it is a linear com
bination of the responses of the network to each frequency component 
(taken individually) in the input wave. This observation implies 
that if the response of a linear system to the gamut of sine-wave 
excitations is known, then its response to any other waveform can be 
found uniquely by decomposing that wave into its Fourier components 
and computing the response to each individual component. The output 
waveform, f o ( t) , can be found by evaluating the Fourier integral of 
Yo (w) .  The principle outlined here is the basis for all sine-wave 
testing techniques used in practice. It should be noted, however, 
that it is useful only for linear systems since it is only in such systems 
that superposition is generally valid. In the case of a nonlinear 
device, such as a rectifier, the response to each input waveform must 
be computed separately ; the complex frequency response of the net
work does not allow generalization to include other functions. 

Impulse Response. Transmission through a network can also be com
pletely described in terms of its impulse response, which is defined 
as the function h ( t) that would be found at the output as a result of 
applying an impulse (previously defined) to the input terminals. 
Since the time function applied to the input has a flat frequency 
spectrum, it would be expected that h ( t )  will have a spectrum which 
differs from flatness by the frequency characteristic of the network. 
In other words, H (w) gives the frequency and phase spectra of h ( t) . 
Expressed analytically, a unit impulse input to a network H ( w) 
produces an output h (t )  given by 

F [h (t ) ] == H (w) 

from which it  follows that 

and also 

H (w) == J «� h ( t) e-iCiJtdt 
- co 

h (t) = 2� j_ �� H ( <» ) e'"' tk.J. 

( 6-17) 

(6-18) 

(6-19 ) 
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The impulse response is, of course, a real function of time. Certain 
relationships between H ( ,w ) , H ( _,w) , and the conjugate of H (w) , 
written H* (w) ,  can be shown [4] . These lead to the following : 

H ( -w) == H* (w ) 

( 6-20 ) 

I H (w ) I == I H ( - w ) I 
where HR and H1 are the real and imaginary parts, respectively, 
of H (w) .  

These are extremely important mathematical properties of any 
physical transmission path - network or transmission line. The first 
expression in the series of equations numbered ( 6-20 ) shows that 
the transfer impedance of the network, H (w ) , expressed for negative 
frequencies, H ( -,w ) , is equal to its conjugate expressed for positive 
frequencies, H* ( ,w ) . From this fact, the second expression is derived 
directly to show that the real part of the impedance function, HR (w ) ,  
has even symmetry about zero frequency. The third expression shows 
that the imaginary (phase) component of H (w ) , Hr, has odd symmetry 
about zero frequency. The last expression, showing the relation be
tween absolute values of H, follows from the first. 

Bandwidth. It was previously shown, in the discussion of the single 
rectangular pulse, that the ability to establish limits of integration led 
to a useful expression for a frequency domain description of the pulse. 
In a similar manner, the recognition of the finite bandwidth of a 
channel makes practical the impulse response analysis of transmission 
through a network. 

An examination of the Fourier integral of Equation (6-19) indi
cates that in order to determine the function of time corresponding to 
a particular frequency spectrum, it is necessary to know that spectrum 
from - oo to + oo .  However, in the application of Fourier synthesis 
to any real situation, the signal under study is always generated by 
a source capable of producing only a finite range of frequencies. 

TCI Library: www.telephonecollectors.info



Chap. 6 Wave Ana lysis 1 63 

Similarly, the signal is carried on a channel capable of transmitting 
only a finite bandwidth. Hence, it is necessary to examine the spec
trum only in this region, and the signal can be assumed to be zero 
outside this region. Such a finite bandwidth would restrict the number 
of time functions which can be synthesized to those whose fastest 
time rate of change is of the same order as the rate of the highest 
frequency component that may be present. 

In practice, limits are used which depend upon the characteristics 
of the physical system or circuit being dealt with, rather than using 
the infinite limits given in Equation ( 6-19 ) . This equation may be 
modified to account for the finite bandwidth of any real system, and 
the Fourier integral can be written 

1 f_ -wl 1w2 
h (t )  == 27T H (UJ ) eJwt dw + ____!_ H (w) eiwt dw. 

· -w 21T w 2 1 

Example 6-2 : Impulse Response of an Ideal Low-Pass Filter 

( 6-21 ) 

As an example of the usefulness of the Fourier transform pair, 
consider a problem in pulse transmission, where information is 
being transmitted in digital form. At the transmitting terminal, 
a pulse is either sent or not sent at times t1, �' etc. The problem 
is to tell, after the signal has been transmitted through the trans
mission medium (represented here by a low-pass filter) ,  whether 
or not a pulse is present for each signal element or time slot at 
the receiver. 

For this example, assume that the difference between two 
successive coded signals, illustrated by St and Sz in Figure 6-10, 

2 3 4 5 6 7 8 2 3 4 5 6 7 8 

t ----. 

Figure 6- 1 0. Successive code signals. 
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0 �-----------------
0 

! �  

lies in the fact that sl has a 
pulse in position 5, whereas s2 
does not. Further assume 
that these signals are passed 
through a low-pass filter which 
has an idealized transmis
sion characteristic shown in 
Figure 6-11 .  This idealized 
transmission characteristic 
has a constant finite value of 
attenuation (assumed to be 
0 dB for this problem) from 

Figure 6- 1 1 .  Ideal ized low-pass trans- zero frequency to f 1 and has 
mission characteristic. infinite attenuation above /t. 

It has no delay distortion for 
frequencies from zero to /1 ; delay distortion above It is of no con
sequence since there is no signal transmission above /t. (This is  
an easy case to analyze ; such characteristics are impossible to 
achieve but can be approximated. More achievable characteristics 
are more complicated to analyze. ) The example, then, illustrates 
how bandwidth limitation alone can cause energy in the fourth 
position of 82 to spill over into pulse position 5. 

If the transmission characteristic of the network is known, it 
is next necessary to assume a spectrum for the input pulse at 
position 4 and, in turn, determine its effect on the pulse or lack 
of pulse in position 5. Although the first inclination would 
probably be to assume a rectangular pulse like that of Figure 6-9 
(even though real pulses are never exactly rectangular) , the 
problem can be simplified by assuming an impulse. Compare 
the spectrum of an impulse (flat versus frequency, with no 
phase reversals) with the spectrum of a rectangular pulse in 
the region of (t) == 0 (almost flat for very low frequencies) .  It 
is seen that, if the transmitted bandwidth is small enough com
pared to the first frequency at which ( sin x) jx becomes zero, the 
output will be the same whether the input is taken to be a narrow 
rectangular pulse or an impulse. Since the spectrum of an impulse 
is easier to handle analytically, the input is assumed to be an 
impulse. If it is desired to refine the results later, the input 
spectrum may be modified to have the ( sin x) jx shape, or the 
frequency response, H (,w) , may be modified. 
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Moreover, if the input 
signal is assumed to be an im
pulse, the task is to determine 
the signal (as a function of 
time) at the output of a path 
having the ·transmission char
acteristic shown in Figure 
6-11. First notice that 
I H ( w)  I can be plotted for 
negative as well as positive 
frequencies. By the relations 
of Equations ( 6-20) , the plot 
would look like Figure 6-12, 
where Cth = 2Tr/t has been 
substituted for /t. 

I H(ru) I I t 
I I' 

Figure 6- 1 2. Idealized low-pass char
acteristic (positive and 
negative frequencies) . 

If Equation ( 6-19 ) is applied to Figure 6-12 and constant 
delay is ignored, the output pulse may be represented as 

The term H (w)  in Equation (6-19) is shown in Figure 6-12 to 
be equal to unity in the interval from -w1 to +·wt and so does not 
appear in the above expression for h (t) . 

This equation may be in-
tegrated to yield 

h (t)  = Wt X sin ·Wtt 
'1T Wtt 

This is a (sin x) jx function 
of time plotted in Figure 6-13. 
On this plot, t = 0 is arbi
trary ; for a physical network 
which approximates the char
acteristic of Figures 6-11 and 
6-12, the zero time point rep
resents the absolute delay of 
the transmission path. The 
optimum time for the next 

t 
h(t) 

t ---+ 

Figure 6-1 3. h(t) at output of low
pass transmission path. 
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pulse is at t = 1/ (2/! ) because h (t )  goes through zero at that 
point, and interpulse (or intersymbol ) interference is minimized. 

If the cutoff of the transmission path is at 500 kHz, then the 
interval between impulses should be 1 microsecond (repetition 
rate, 1 MHz) . A shorter interval would tend to make the receiver 
think a pulse is present when in fact it is not ; a longer interval 
would result in some cancellation when the following pulse is 
present. The spacing of pulses to avoid intersymbol interference 
is one of the fundamental requirements in pulse transmission. 

The necessity for distinguishing between the presence or 
absence of a pulse in position 5 of S1 and S2 in Figure 6-10 is 
importantly dependent on a design that minimizes the effect of 
the presence of an unwanted signal in position 5 due to the pulse 
in position 4. This is accomplished by relating, in the design, 
the system transmission characteristic and pulse repetition rate 
so that the next pulse position (position 5)  corresponds to the 
crossover of pulse number 4 at time 1/ (2/1 ) as illustrated in 
Figure 6-13. 

This example illustrates the way in which the Fourier transform 
pair can be used. If an input signal which is a given function of 
time is assumed, the signal (as a function of time) at the output 
of a network can be found if the transmission characteristic of the 
network is known. The results may be expressed in very general 
functional terms in order to display the nature of a problem, or 
specific formulas may be used to obtain specific numerical results. 
In any particular case, finding the solution may be easy (as in 
Example 6-2 ) or may involve laborious or sophisticated mathematical 
manipulation of the specific functions involved in the problem. The 
basic idea remains the same. 

Another class of transmission problems involves circuits having 
bandpass characteristics. Such problems are often difficult to solve 
directly but are amenable to solution by the methods of Fourier 
analysis using an equivalent low-pass circuit arrangement such as 
that in Example 6-2 [5, 6] . 

REFERENCES 

1. Scott, R. E. Linear Circuits ( Reading, Mass. : Addison-Wesley Publishing 
Company, Inc., 1960 ) . 

2. Re terence Data for Radio Engineers ( Indianapolis :  Howard W. Sams and 
Company, Inc., Sixth Edition, 1975 ) ,  p. 44-12. 

TCI Library: www.telephonecollectors.info



Chap. 6 Wave Ana lysis 1 67 

3. Franks, L. E. Signal Theory ( Englewood Cliffs, N. J. : Prentice-Hall, Inc., 
1969) . 

4. Bogert, B. P. et al. ( Special issue on the fast Fourier transform ) IEEE 
Transactions on Audio and Electroacoustics, Vol. A U-15 (June 1967 ) .  

5 .  Technical Staff o f  Bell Telephone Laboratories. Transmission Systems for 
Communications, Revised Third Edition ( Winston-Salem, N. C. : Western 
Electric Company, Inc., 1964) , Appendix A. 

6. Sunde, E. D. "Theoretical Fundamentals of Pulse Transmission," I and II ,  
Bell System Tech. J . ,  Vol. 33 ( May 1954)  pp.  721-788 and (July 1954 ) pp. 
987-1010. 

7. Watson, G. N. and E. T. Whittaker. A Course of Modern Analysis (Cam
bridge : University Press, 1940 ) . 

8. Wylie, C. R., Jr. Advanced Engineering Mathematics ( New York : McGraw
Hill Book Company, Inc., 1951 ) . 

9. Van Valkenburg, M. E. Network Analysis ( Englewood Cliffs, N. J . : Prentice
Hall, Inc., 1964) . 

10. Everitt, W. L. and G. E. Anner. Communication Engineering ( New York : 
McGraw-Hill Book Company, Inc., 1956 ) . 

TCI Library: www.telephonecollectors.info



Elements of Transmission Analysis 

Chapter 7 

Negative Feedback Ampl if iers 

Detailed knowledge of feedback principles is needed only by those 
involved in the design and development of active transmission circuits. 
However, the high performance of modern transmission equipment 
is so dependent on the use of negative feedback that it appears desir
able to provide some appreciation of why feedback is used, what it 
accomplishes, how it operates in electronic circuits, what some of the 
design limitations are, and what limitations exist in its application. 
With the design of feedback amplifiers used as the basis for discus
sion, feedback mechanisms and the interactions among them may be 
covered as background for an understanding of the interdependence 
of system and amplifier, or repeater, performance. 

Negative feedback is commonly used in transmission systems for 
communications because it acts to suppress unwanted changes in 
amplifier gain and substantially reduces harmonic distortion and inter
channel modulation noise. It also facilitates the design of amplifiers 
having much better broadband return loss characteristics than can 
be achieved without feedback. 

7- 1 THE PRINCIPlE OF NEGATIVE FEEDBACK 

In its simplest form, a negative feedback amplifier can be regarded 
as a combination of an ordinary amplifier (the fL circuit) and a 
passive network (the {3 circuit) ; by means of the latter, a portion of 
the output signal of the amplifier is combined out of phase with its 
input signal as illustrated in Figure 7-1. Ideally, this phase difference 
is 180 degrees and hence the term negative feedback. 

The gain of a feedback amplifier may be written 

1 - !Lf3 

1 68 

( 7-1 ) 
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Figure 7- 1 .  Feedback amplifier configuration. 

Without feedback (/3 == 0 ) , the gain would be simply e2/ e 1  == 11-· Thus, 
one effect of feedback is the reduction of gain by the term 1/ (1 - .f.Lf3) . 

In general, the 11- gain is very much larger than unity. As a result, 
an approximation may be derived from Equation (7-1 ) as follows : 

1 - P-/3 
1 1 

( 1/jL) - f3 � - 73 ;  (7-2) 

that is, the gain of a feedback amplifier is approximately propor
tional to {3-circuit loss and is independent of J.L-circuit gain. 

These characteristics result in feedback amplifiers having attributes 
that far outweigh the disadvantage of reduced amplifier gain ; con
sequently, in modern design, negative feedback is used in nearly all 
electronic amplifiers. It is especially valuable in amplifiers used in 
transmission systems where many amplifiers are connected in tandem. 
Here, without feedback the cumulative effect of small imperfections 
in individual amplifiers would be intolerable. 

7-2 APPLICATIONS OF FEEDBACK 

The design of transmission systems involves finding simultaneous 
solutions to problems of bandwidth, repeater spacing, and signal-to
noise performance. These in turn are related to channel capacity, 
transmission loss in the medium and the achievability of compensating 
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gain, the cumulation of interferences such as thermal and intermodu
lation noise, and the provision of adequate signal load carrying 
capacity. The design of amplifiers to meet such requirements is made 
possible by feedback. It is incorporated in amplifiers of line repeaters 
used in analog and digital cable systems as well as in the amplifiers 
that are found in all types of terminal and station equipment. 

One other important transmission system application is the use 
of feedback in dynamic backward-acting regulator and equalizer 
circuits. Such circuits utilize one or more single-frequency signals, 
called pilots, which are applied to a transmission system at the 
transmitting terminal at precise and carefully controlled frequencies 
and amplitudes. Immediately following a point of regulation, the 
pilot signal is picked off the line, rectified, and compared with a 
reference voltage. The error signal, i.e., the difference between the 
rectified pilot and the reference, is fed back to the input of a regu
lating amplifier through a network. The response of this network 
to the error signal changes the transmission gain in a direction and 
by an amount to correct the pilot amplitude at the output of the 
regulator. By the use of several pilots appropriately positioned in the 
signal spectrum, complex gain/frequency corrections are made across 
the entire signal band, resulting in dynamic equalization of the high
frequency line. 

7-3 BENEFITS OF FEEDBACK 

Once a system design is chosen, any departure from the ideal 
represents a penalty in performance. Departures in system gain result 
in increases in thermal noise if the gain is less than the design value 
or in intermodulation noise if the gain is greater than desired. 
Furthermore, in the latter situation the system may become over
loaded. In addition to the performance penalties, such gain departures 
carry a cost penalty because they must be compensated by some form 
of equalization to correct the gain/frequency or delay /frequency 
characteristic, or both, to within tolerable limits over the transmission 
band. 

Equation (7  -2) shows that the gain of a feedback amplifier is 
nearly independent of the JL circuit. Thus, departures from the ideal 
gain/frequency characteristic ( i.e., departures from design values) 
that are caused by changes in the J.L circuit are effectively reduced 
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by feedback. These changes may be caused by manufacturing, aging, 
and temperature-induced variations in ,u-circuit components, which 
include the active devices. Gain variations caused by power supply 
fluctuations are also reduced. 

The nonlinear input/output characteristics of all active devices are 
another source of impairment in broadband electronic circuits. This 
type of impairment, often referred to as harmonic distortion or inter
modulation noise, is also reduced by the use of negative feedback. If 
no other benefits accrued from using feedback, this alone would justify 
application in analog cable transmission systems and in FM terminal 
equipment of microwave radio systems. 

Additional feedback benefits accrue in the resolution of problems 
involving amplifier input and output impedances. Usually it is re
quired that these impedances, or at least their absolute values, match 
the impedances of the circuits to which they connect. In nonfeedback 
amplifiers it is nearly always difficult to meet this requirement be
cause the desired impedances are incompatible with the impedances 
of the devices used in the amplifiers. Circuit compromises often must 
be made to achieve an acceptable impedance match. In feedback ampli
fiers, however, the provision of feedback increases the flexibility of 
the design choices that can be made, and it is usually possible to 
achieve a better impedance match over a wide bandwidth by using a 
feedback amplifier than by using a nonfeedback amplifier. 

Example 7-1 : Feedback Effects 

This simple example i llustrates how a p,-gain change of about 
0.8 dB may be suppressed by feedback to an amplifier gain change 
of approximately 0.1 dB. 

Let the overall gain of an amplifier be 10 dB ; that is, 

e2 e2 
20 log -== 10 ; - =< 3. 16. e1 e1 

From Equation (7-2 ) , 

1 .!: p,{3 
=< 3.16. 
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Assume the IL gain (without feedback) is 20 log 11- == 30 dB ; then 

JL == 31.6 

and, by substitution, 

f3 = 0.284. 

Now, let the JL gain increase from 30 dB to 30.8 dB ; that is, IL 

increases by about 10 percent from 31.6 to 34.8. 

Then the overall amplifier gain is 

and 

e2 34.8 
3 2 e1 1 - 34.8 ( -0.284 ) - · 

20 log � = 20 log 3.2 == 10.09 dB. e1 

Thus a 10 percent change in JL-circuit gain is held to about a 1.3 
percent change in overall gain (0.09 dB) .  

The fact that the amplifier gain increased as the JL gain in
creased is due to the phase relationships implied by the simple 
substitutions made. In complex feedback structures, the amplifier 
gain might increase or decrease over limited portions of the band 
and within a limited range of the JL-gain change. 

7-4 CIRCUIT CONFIGURATIONS 

The principal circuit configurations useful in feedback circuits can 
be classified most easily in terms of the way in which the J.L and f3 
circuits are connected to each other and to the external interconnec
tions at amplifier input and output. The variety of connections that 
can be made cannot be clearly demonstrated by a simple drawing 
such as that of Figure 7-1. The actual situation is that shown 
broadly by Figure 7-2 in which the J.L, {3, input, and output circuits 
are interconnected by means of six-terminal networks. The classi
fication of feedback circuits then depends on the forms which these 
six-terminal networks assume. 
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Illustrations of some of the more common feedback amplifier 
structures are given in Figures 7-3 through 7-6. Where appropriate, 
the network terminals are identified in accordance with the notation 
used in Figure 7-2. The 11- circuits commonly have one, two, or three 
stages of gain ; an unlimited number of network configurations may 
be found in the passive networks shown in the figures. To avoid 
complexity here, the internal network configurations are generally 
omitted in the figures. 

Series a nd Sh unt Feedback 

The configuration of Figure 7-3 is called series feedback because, 
as seen from the input and output terminals, the JL and {3 circuits 
are in series. The {3 circuit, shown here as a 1r arrangement of three 
impedances (A, B, and C) may be much simpler or much more com
plex than that illustrated. The effective line terminals ( ei, fi, eo, and /o) 
are shown at the high sides of the transformers since the transformer 
characteristics in this case may be added directly to those of the 
connecting circuits. 

Figure 7-4 shows how feedback may be provided by means of 
shunt connections. The _{3 circuit, here represented as a T network 
of the three impedances, may again take on any of an unlimited 
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Figure 7-3. Series feedback amp·lifier. 

number of configurations. Note that the connecting terminals ( input 
and output) , f3 network, and IL network are all in parallel. 

Series and shunt feedback designs are simple and they are con
venient for many applications. The feedback phenomenon tends to 
change the effective input and output impedances of the amplifier to 
very high or very low values. As a result, it is possible to build out 
these impedances conveniently by the use of discrete components to 
achieve a good impedance match to the connecting network or trans
mission line. A disadvantage is that the line or connecting impedances 
form a part of the JL/3 loop. As a result, variations in the line im
pedance, sometimes large and impossible to control, affect the JL/3 
characteristic ;  in some cases, the effect may be great enough to 
cause amplifier instability. 

Bridge-Type Feedback 

These difficulties may be mitigated by using bridge-type feedback 
circuits. Many variations of these circuits exist, but the configuration 
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Figure 7-4. Shunt feedback amplifier. 
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that is most commonly used, especially for broadband repeaters in 
analog cable systems, is the high-side hybrid feedback arrangement 
illustrated in Figure 7-5. Several network branches must be added in 
this configuration to provide hybrid balance and input and output 
impedance control. These branches are designated Zn and Zt in 
Figure 7-5. The advantages of this circuit include the achievement of 
minimum noise and improved intermodulation performance while 
controlling both the input and output impedances. 

Figures 7-3 through 7-5 show symmetrical arrangements at each 
end of the amplifier. This has been done only to simplify the illustra
tions. The number of configurations is increased greatly by com
bining different types of connections at input and output. Further
more, circuit advantages can sometimes be realized by providing 
multiple loop configurations. An example of such a configuration is 
given in Figure 7-6. Here, a feedback amplifier with a series feed
back network Z131, similar to that of Figure 7-3, is shown with local 
shunt feedback Z132 around the last stage of a three-stage configura
tion in the JL path. The impedances Zil and Zi2 are interstage networks 
in the JL path. 
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Figure 7-5. Amplifier with high-side hybrid feedback. 
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Figure 7-6. Three-stage series feedback amplifier with local shunt feedback on 
last stage. 
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7-5 DESIGN CONSIDE RATIONS 

It is not possible to review here the entire procedure followed in 
designing a feedback amplifier nor is it desirable to do so. However, 
some important relationships and design limitations are discussed 
in order to provide an improved understanding of how transmission 
systems operate and how system performance is related to the design 
of the individual amplifier. 

Gai n  and Feedback 

The shape and magnitude of the gain/frequency characteristic are 
basic design considerations. The closeness of the gain/frequency 
characteristic to the desired characteristic may be determined by 
the degree of circuit complexity that can be tolerated ; however, the 
better the match, the better will be the ultimate transmission charac
t�ristic of the system. Equipment size and power dissipation may 
also be important considerations in making this first set of compro
mises in amplifier design. 

Characteristic Shaping. The characteristics of feedback amplifiers are 
all complex functions of frequency which are importantly related to 
the transmission characteristics of all of the networks making up 
the complete amplifier and its external terminations. 

In many applications, it is desirable to design the amplifier to a 
flat gain, one that is equal over the entire transmitted band. In the 
case of line repeaters for analog cable systems, it is usually desirable 
to have the gain of the amplifier sections of the repeaters match the 
loss of the cable section over the band of interest. In either case, 
the desired flat or shaped gain/frequency characteristic is produced 
primarily by proper design of the _$-circuit network since the gain 
is approximately equal to -1/fi as shown in Equation (7-2 ) . Some 
gain shaping may also be provided in those networks that are out
side the J.Lfi loop, such as the coupling networks shown in many of 
the figures as simple transformers. 

To achieve optimum signal-to-noise performance, it is also de
sirable in many cases to shape the feedback/frequency characteristic 
of an amplifier. For example, it is possible to increase low-frequency 
feedback at the expense of high-frequency feedback. This can be ac-
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complished by careful designs of all networks in the JL/3 loop, using 
frequency-dependent reactive components, since the feedback is, by 
definition, proportional to 1/ ( 1-J.L/3) .  

Gain and Phase Margins. The selection of a circuit configuration and 
the amount of feedback to be provided depend on the magnitudes of 
the gain and bandwidth required and on the characteristics of avail
able active devices. These considerations include the linearity of the 
device input/ output characteristics, the noise figure of the input 
device, and the need for minimizing variations in circuit parameters 
due to device aging and ambient temperature changes. 

As shown in Equation (7-2 ) , the insertion gain of a feedback 
amplifier is 

ez J.L 1 
e1 1-�-t/3 

� - 7f · 

The total gain around the feedback loop is defined as J-tf3, where J.L is 
the total gain provided by the active devices (and their related 
J.L-circuit networks) and {3 is the loss of the network that connects the 
output back to the input. From these relationships, the loop gain 
in dB is 

20 log JL/3 = 20 log JL + 20 log {3 � 20 log JL -YR (7-3 ) 

where YR is the insertion gain of the complete closed-loop amplifier 
in dB. It is approximately equal to -20 log {3. Thus, 

20 log JL � 20 log JL/3 + YR dB. (7-4) 

That is, the sum of the loop gain and insertion gain cannot exceed 
the total gain available in the JL circuit. It is therefore impossible to 
get loop gain in excess of the difference between the JL gain and the 
desired insertion gain. When the desired loop gain is greater, the 
design is said to be gain limited. 

Most broadband amplifier designs, however, are not gain limited ; 
the need for adequate stability margins is usually controlling. In the 
gain expression JLI (1-JL/3) , the denominator may become zero, de
pending on phase relationships, when JLf3 = 1. If JL/3 is equal to unity 
at any frequency, in-band or out-of-band, the amplifier may become 
unstable and break into spontaneous oscillation at that frequency if 
the phase of JL/3 is unfavorable. If it were possible to hold !J-t/3 1  > > 1 
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for all frequencies, this would not be a problem, but every active 
device has some frequency above which its gain decreases monotoni
cally. The rate of decrease may be enhanced by circuit stray in
ductance or capacitance. Thus, there is always a frequency at which 
I�L/3 1 = L 

Two criteria must be satisfied to guarantee a stable amplifier ; 
the phase must be greater than 0 degrees where I�L/3 1 passes through 
0 dB, and I�L/3 1  must represent several dB of loss where the phase 
passes through 0 degrees. These criteria are known as the phase 
and gain margins in an amplifier design. If an amplifier has such 
margins, it is said to meet the Nyquist stability criteria. Such margins 
are illustrated in Figure 7-7 where the characteristics are plotted 
on an arbitrary, normalized frequency scale. A phase margin of about 
30 degrees and gain margin of about 10 dB, as illustrated, allow for 
variations in device characteristics which result from manufacturing 
processes, aging, and temperature effects. 

The achievement of adequate phase and gain margins sets an upper 
limit on the achievable in-band feedback. When this limit is lower 
than that set solely by gain considerations, the design is said to be 
stability limited. 

Ideally, maximum stability margins would result if the phase of 
the !1-/3 characteristic could be held at 180 degrees. Then, the gain 
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expression could be written as 1/ ( 1 + IJL/3 1 ) . Within the transmission 
band the phase is often controlled to approach this condition. How
ever, out-of-band phase changes due to phase shifts inherently as
sociated with any gain/frequency characteristic, such as the gain 
cutoff mentioned earlier. Furthermore, for very high frequencies the 
propagation time around the feedback loop contributes additional 
phase shift which can be minimized, but not eliminated, by careful 
design. 

Nonl inear Distortion and Overload 

In addition to the related considerations of gain and achievable 
feedback, the related combination of overload, gain, and nonlinear 
distortion must be considered in feedback amplifier design. These 
can be studied by first examining the phenomenon of nonlinear dis
tortion and its reduction by feedback and then re1ating these to the 
problems of gain and overload. 

Nonl inear Distortion. The generation of intermodulation products 
caused by nonlinear input/ output characteristics of transistors is a 
very complex phenomenon. The analysis here is oversimplified in order 
to illustrate how products are generated, how feedback tends to 
suppress them, and how gain and overload are affected. 

The nonlinear input/ output voltage relationships of an amplifier 
may be represented by the expression 

(7-5) 

where eo and ei are the output and input signal voltages, and the a 
coefficients provide magnitude values of various wanted and un
wanted components in the output signal. If the input signal has 
many frequency components, Equation (7-5 ) may be used to study 
the intermodulation phenomenon by assuming 

ei == A cos at + B cos {3t + C cos yt. 

When this value of ei is substituted in Equation (7-5) , the expression 
can be expanded by trigonometric identities. The output voltage 
then contains an infinite number of terms consisting of various com
binations of input signal components ; the magnitudes are repre-
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sented by the coefficients A, B, and C of the input signal and ao, a1, 
etc., of the input/ output expression. Fortunately, in most applications, 
the magnitudes of terms in Equation (7 -5 ) having exponents of the 
fourth power and higher are so small they usually may be ignored. 

To demonstrate the nonlinear phenomenon and the effects of feed
back, a few specific terms of the output voltage, extracted from ex
pansion of Equation (7-5) after substituting the expression for ei, 
may be examined. The terms of interest are 

e2 == az AB cos (a+f3) t 
ea == � aa ABC cos (a+,B-y) t. 

2 

(7-6 ) 

( 7-7 ) 

(7-8 ) 

The first term, Equation (7 -6) , is a component of the output which 
corresponds exactly with the first term of the input signal (A cos at ) 
except for the coefficient a1. This coefficient may be regarded as a 
measure of the gain of the amplifier, gR. As shown in Equation (7-4 ) , 
the value of UR, and therefore the value of a1, is a function of the 
feedback, JJ-f3. 

Equation (7-7 ) represents an intermodulation distortion component 
derived from the second-order term of Equation (7-5 ) . The coeffi
cient of this term involves magnitudes A and B of the two inter
modulating input signal components and the coefficient az of Equation 
( 7-5 ) . The value of az is a function of the feedback, .p.f3 ; to a first 
approximation, the value of a2 is reduced in direct proportion to the 
amount of feedback provided. 

Equation (7 -8 ) represents an intermodulation distortion component 
derived from the expansion of the third-order term of Equation 
(7-5 ) . The coefficient involves the magnitudes A, B, and C of the 
three intermodulating input signal components and the coefficient aa 
of Equation (7-5 ) . The value of aa is also reduced by feedback but 
not by as simple a relationship as a1 and az. Second-order modulation 
components, fed back to the input, mix with fundamental signal 
components to produce products that appear at the output as third
order products. The result is that the reduction of third-order inter
modulation is not quite as effective as the reduction of second-order 
intermodulation. 
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There are many more terms in the three-frequency expansion of 
Equation (7 -5) [2] . The distribution of the intermodulation products 
across the band, the frequency characteristics of the transmitted 
signal and the amplifier gain, the modulation coefficients, the feed
back, and other phenomena make the calculation of intermodulation 
noise in system design a problem that is most tractable when solved 
by a digital computer. In contrast with computation, amplifier and 
system performance is more easily determined by measurements in
volving a noise loading technique. 

The above discussion of nonlinear distortion is predominantly 
qualitative. For design purpose, the factors above are often manipu
lated in such a way as to define 20 log M2 and 20 log M3 as the 
ratios, expressed in decibels, of the second harmonic (M2 )  or the 
third harmonic (M3)  to a 0-dBm fundamental at the output of a 
repeater. These modulation coefficients prove useful in analog cable 
system design. They are, of course, related to the a coefficients of 
Equation (7-5) . 

Overload . The coefficients 20 log M2 and 20 log M3 are essentially 
constant over most of the signal amplitude range of interest (though 
they may be functions of frequency) .  However, as overload is ap
proached, departures from constant values of 20 log M2 and 20 log M3 
are observed as are departures from normally constant gain. These 
observations lead to a number of definitions of overload in a feed
back amplifier. Typical characteristics are plotted in Figure 7-8 for 
departures of 20 log M3 and gain from their nominal values as 
functions of the signal power at the output of a repeater. Three 
definitions of overload are discussed briefly below ; two are related 
to departure of 20 log M3 from a constant value, and one is related 
to the departure of gain from constant value. 

Definition 1 :  By this definition, the overload point is that value of 
output signal power at which 20 log M3, the third-order modulation 
coefficient, increases by 0.5 dB relative to its nominal constant value. 
This is identified as point PR1 at 20 dBm in Figure 7-8. This defini
tion, appropriate for use in systems limited by intermodulation, is 
conservative in the sense that only a slight performance impairment 
results from exceeding the limit by a small amount. A relatively 
small amount of overload margin would be allowed in a design 
based on this definition. 
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Definition 2 :  In this case the overload point is defined as that 
value of output signal power at which the third-harmonic power 
increases by 20 dB for a 1-dB increase in signal power ; this cor
responds to a 17 -dB increase in 20 log M3. Since under these conditions 
very serious transmission impairment may result, a more generous 
overload margin must be provided. This definition of overload is 
recommended by the CCITT. * Its use is justified by the statistics of 
system performance interactions in long analog cable systems and 
by the amplitude/frequency statistics of a broadband signal ; to
gether, these statistics are used to show a very low probability of 
overload. The overload point is illustrated by point PR2 in Figure 7-8 
at a signal power of about 25.5 dBm. 

Definition 3 :  The overload phenomenon may be related to changes 
in amplifier gain, whereby the overload point is defined as the signal 

* Commite Consultatif International Telegraphique et Telephonique, Recom
mendation G.222, lid Plenary Assembly, ( New Delhi : December 8-16, 1960 ) .  
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power at the output at which the amplifier gain departs from its 
nominal value by 0.5 dB, as illustrated by point PRs on the lower 
portion of Figure 7-8. For this illustration, the overload point is 
about 26.5 dBm. The use of this definition may be appropriate when 
intermodulation distortion is not a major consideration. 

The range of values of defined amplifier overload points is fairly 
wide, for example, 6.5 dB in Figure 7-8. However, in the event that 
the overload point is exceeded under definition 2 or 3, performance 
degradation is so severe that wider system margins must be pro
vided in most cases. Thus, the actual operating value of load might 
well be approximately the same no matter which definition is used. 

Noise and Terminations 

It is desirable to introduce the subject of thermal noise generation 
in networks and systems here in order to relate the phenomenon to 
amplifier design and, thus, to overall system performance [3] . 

It can be shown that the available noise power of a thermal noise 
source is directly proportional to the product of the bandwidth of 
the system or detector and the absolute temperature of the source. 
This relation can be expresed as 

Pa == kT B watts, (7-9 ) 

where k is Boltzmann's constant ( 1.3805 X l0-23 j oule per Kelvin) ,  
T is the absolute temperature in Kelvins (290 K is taken as room 
temperature) ,  and B is the bandwidth in hertz. Available noise power 
may also be expressed as 

Pa == -174 + 10 log B dBm. (7-10) 

The noise figure for a two-port network is defined as follows : 
"The noise figure at a specified input frequency is the ratio of ( 1 )  
the total noise power per unit bandwidth at a corresponding output 
frequency available at the output when the noise temperature of the 
input source is standard (290 K)  to (2 )  that portion of this output 
power engendered at the input frequency by the input source" [ 4] . 
The noise figure, when applied according to this definition to a narrow 
band, ilB, is called a spot noise figure. The spot noise figure may vary 
as a function of frequency. 
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Alternately, the spot noise figure, nF, can be expressed in terms 
of signal-to-noise ratios. Such an expression may be written 

Psi/Pni nF = ---
Pso/Pno 

(7-11)  

where p represents power and the subscripts are s for signal, n for 
noise, i for input, and o for output. Here, the noise figure is defined 
as the ratio (Psi/Pni) of the available signal-to-noise power ratio at 
the input of the two-port network to the available signal-to-noise 
power ratio (Pso/Pno) at the output of the two-port when the tempera
ture of the noise source is standard ( T  = 290 K) . 

The value of Pni can be determined, by substitution in Equa
tion (7 -9) ,  as Pni = kT ilB. The ratio Psi/Pso is the gain, Ya (/) , of the 
network. The substitution of these values in Equation. (7-11)  yields 

Pno nF = 
Ya (f) kT il.B 

(7-12 )  

Examination of Equation (7  -12) shows that the noise figure of an 
amplifier is importantly related to the thermal noise generated at 
the input (where the signal is at its lowest amplitude) ,  to the gain 
of the amplifier, and to any sources of noise picked up within the 
amplifier that make the output noise greater than the input noise 
amplified by Ya (f) . These internal noise sources are to some extent 
subject to control by circuit design techniques. The dominant source, 
however, is usually at the amplifier input. Here, the noise source is 
outside the p,f3 loop and, as a result, the noise figure is not improved 
by feedback. 

The selection of components and the design of the input circuits 
of amplifiers for minimum noise figure is important in transmission 
system design. The cumulation of noise in tandem-connected ampli
fiers is directly related to the nominal noise figure of each and to 
ten times the logarithm of the number of amplifiers in tandem. 
Thus, when the number of amplifiers has been set by repeater spacing, 
gain, and bandwidth considerations, the noise performance is con
trolled by the individual noise figures of the amplifiers. 

As mentioned, the design of feedback amplifiers and their classi
fication into a variety of types depend on the forms which the six-
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terminal coupling networks take and the manner in which f3 and fL 
circuits and external circuit connections are made. At the input, the 
design must simultaneously ( 1 )  satisfy return loss requirements by 
providing a termination to properly match the amplifier input im
pedance to the line impedance, ( 2 )  minimize the noise figure of the 
first-stage device by suitably matching its input impedance to the 
driving point impedance, and (3)  meet feedback and gain-shaping 
requirements. At the output, the design must again satisfy impedance 
matching and feedback requirements and, in addition, must minimize 
penalties in nonlinear and overload performance that might result 
from improper last-stage terminations. In general, these combinations 
of requirements can best be met by the use of hybrid feedback con
nections, described previously and illustrated in Figure 7-5. 

Summary 

The design and application of negative feedback ampl ifiers in 
transmission systems has been described in terms of three sets of 
interrelated parameters : ( 1 )  gain and feedback, ( 2 )  nonlinear dis
tortion and overload, and (3 )  noise and terminations.  These rela
tionships are neither unique nor independent of one another. All 
must be considered simultaneously in the design process. 

Design criteria that are involved when a new design is to be under
taken include the bandwidth, the gain, the lowest amplitude the signal 
may be allowed to reach without picking up excessive noise, the 
highest permissible signal amplitude that will not exceed overload or 
intermodulation limits, gain and feedback shaping, device bias con
ditions, and many others. Only the most important have been touched 
on in this chapter. 
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Elements of Transmission Analysis 

Chapter 8 

Mod u lation 

Communication signals must usually be transmitted via some 
medium separating the transmitter from the receiver. Since the 
information to be sent is rarely in the best form for direct trans
mission, efficiency of transmission requires that it be processed in 
some manner before being transmitted. M adulation may be defined 
as that process whereby a signal is converted from its original form 
into one more suitable for transmission over the medium between 
the transmitter and receiver [1] . The process may shift the signal 
frequencies to facilitate transmission or to change the bandwidth 
occupancy, or it may materially alter the form of the signal to 
optimize noise or distortion performance. At the receiver this process 
is reversed by methods called demodulation. 

Satisfactory transmission and demodulation of modulated signals 
depend on the introduction by the medium of no more than a specified 
amount of distortion. The effects of distortion in the medium may 
be quite different for different modulation modes. If maximum dis
tortion values are exceeded, signal impairments at the receiver are 
excessive. Distortions that must be considered are of many types. 
They include amplitude distortion, which results from the variation 
of transmission loss with frequency, and phase distortion (often 
expressed as delay distortion) ,  which results from the departure from 
linear of the phasejfrequency characteristic of the channel. Other 
forms of signal impairment which may result in imperfect signal 
demodulation include nonlinear channel inputjoutput characteristics, 
frequency offset, amplitude and phase jump, echoes, and noise. These 
impairments are treated in later chapters. They are treated in this 
chapter only where they result directly from the modulation or 
demodulation process. 

The modulation process can be represented mathematically by an 
equation which, in its most general form, can be used to express any 
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of several forms of modulation. The several forms include amplitude 
modulation, angle modulation (frequency or phase) , and pulse modu
lation. While other expressions are more representative of the various 
forms of pulse modulation, there is one form of the equation that 
lends itself particularly to studies of amplitude and angle modulation, 

M ( t) == a ( t) cos [Wet + </> ( t) ] . (8-1 )  

Here a (t)  represents the amplitude of the sinusoidal carrier, and 
cos [wet + cp (t) ] is the carrier and its instantaneous phase angle. 
An amplitude-modulated system is one in which <P ( t )  is a constant, 
and a ( t) is functionally related to the modulating signal. An angle
modulated system results when a ( t )  is held constant and <P ( t )  is 
made to bear a functional relationship to the modulating signal. It 
is appropriate to discuss each of these two types separately and in 
some detail. 

All three general types of modulation (amplitude, angle, and pulse) 
are used extensively in Bell System equipment. For example, L-type 
mutiplex equipment and N-typ.e carrier systems employ several forms 
of amplitude modulation, most microwave radio systems employ angle 
modulation for the high-frequency signal transmitted between trans
mitting and receiving antennas, and T-type carrier systems employ 
pulse modulation and time division multiplex techniques to form the 
high-frequency line signal. 

8-1 PROPERTIES OF AMPLITUDE-MODULATED (AM) SIGNALS 

Equation (8-1 ) can be modified to represent amplitude modulation 
by making <P ( t )  a constant. For convenience, let <P ( t )  == 0 to obtain 

M (t) == a (t) cos Wet, (8-2) 

where the carrier is at the frequency fe == We/21T and where a (t) is 
the modulation signal which is a function of time. Since the modulated 
wave, M ( t) , is the product of a (t)  and a carrier wave, the process is 
often called product modulation. 

A general expression for a ( t) may be written as 

a (t) == [ao + mv (t)  ] .  (8-3) 
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If Equation (8-3) is normalized by letting the de component, ao, 
equal 1, the coefficient m is defined as the modulation index and is 
equal to unity for 100 percent modulation. 

Now, let v (t)  represent a signal containing two components at 
different frequencies, f m and f n, having amplitudes of am and an, 
respectively. Then, 

and, by substitution in Equation ( 8-3) , 

a ( t) = ao + m ( amcoswmt + anCOS·wnt) . (8-4) 

By substitution in Equation (8-2 ) and by trigonometric expansion, 
the modulated signal becomes 

M ( t) = [ ao + m ( amcoSU>mt + ancoswnt) ] coswct 

= aoCOSWct 

If in Equation (8-5 ) the coefficients ao and an are zero and in 
addition am and m both equal unity, the resulting modulated wave 
expressed by Equation (8-5) reduces to 

1 1 M (t) = 2 COS (•Wc-Wm)  t + 2 COS (wc+·wm) t. (8-6) 

Equation (8-6) contains no component at the original carrier 
frequency, fc, but only a side frequency on either side of the carrier 
and spaced fm hertz from the carrier frequency as shown in Figure 8-1. 
The terms in Equation (8-6 ) containing (wc-·Wm) and (wc+wm) are 
known as the lower and upper sidebands (LSB and USB ) , respec
tively. The resultant wave of Equation (8-6 ) represents a form of 
modulation known as double-sideband suppressed-carrier (DSBSC) . 
This form is characterized by a zero-amplitude de component in the 
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Figure 8- 1 .  Product modulator - single-frequency modu lating signal. 
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modulating signal and, as a result, a modulated signal having no 
component at the carrier frequency. 

Consider next the resultant form of Equation (8-5 ) if ao == 0 and 
m, an, and am are all unity. Then the modulated wave is 

1 M (t)  == 2 [cos (we-Cum) t + cos (wc-Wn) t] 

1 + 2 [cos (wc+<Um) t + cos (wc+wn) t] . (8-7) 

The result is as if the two modulating frequency components at fm 
and fn were modulated independently and then added linearly. Thus, 
superposition holds, the product modulation process is quasi-linear, 
and it may be inferred that product modulation translates the base
band signal in frequency and reflects it symmetrically about the 
carrier frequency without distortion.* The result is i llustrated in 
Figure 8-2 (a) , which shows the two-frequency case, and in Fig
ure 8-2 (b) , which shows the more general case of a modulating wave 
having a spectrum from fa to fb where fb < fc/2. Note that if 
fb > fc/2, the baseband and lower sideband signals overlap. Ambiguity 
or distortion, which can occur in the recovered signal, may be avoided 
in design by choosing frequencies to make fb < fc/2. 

* Note that while the mathematical analysis for product modulation is linear, 
the physical realization of the process often involves the use of nonlinear devices. 
The mode of operation in these cases still results in a quasi-linear process output. 
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Figure 8-2. Product modulator frequency spectrum - complex modulati ng signal .  

If a ( t) is given a strong de component, i .e., ao ¥= 0, the function 
a ( t)  may be restricted to values of one sign only (for example, 
positive values only) . Then, a carrier component in the output wave 
would result as shown by the first term in Equation ( 8-5 ) . The re
sultant wave is known as a double sideband with transmitted carrier 
signal (DSBTC) . 

If either sideband in the DSBSC spectrum, Figure 8-2 (b) , is 
rejected by a filter or other means, the result is a single-sideband 
(SSB) wave. Basically, single-sideband modulation is simply fre
quency translation, with or without the inversion obtainable by select
ing the lower rather than the upper sideband. Sideband suppression 
by filtering is most common. When this is done, the carrier com
ponent is usually effectively suppressed with the unwanted sideband. 

Up to this point, three types of amplitude-modulated signals have 
been mentioned : double sideband with transmitted carrier (DSBTC) , 
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double-sideband suppressed-carrier (DSBSC) ,  and single sideband 
(SSB ) . Subsequently, the properties of these three signals are 
further examined, and finally a fourth type, known as vestigial side
band (VSB) , is considered. 

Double  Sideband with Tra nsmitted Carrier 

Double-sidedband modulation with transmitted carrier provides a 
basis for discussing various forms of amplitude modulation. Consider 
a baseband signal (e.g., a complex wave with a continuous but band
limited frequency spectrum) with a time function represented by 
v ( t )  and, for simplicity, a maximum amplitude of unity. The modu
lating function, a (t) , can be forced positive at all times by letting 
ao > 1 in Equation (8-3) . This ensures that there are no phase 
reversals in the carrier component. 

For a single-frequency modulating wave, an equals zero in Equa
tion ( 8-5 ) and, letting ao = 1 and C4n = 1, the modulated wave is 

m m 
M (t) = COS ruct + 2 COS (rue -,rum) t + 2 COS (rue +wm) t. (8-8) 

In many instances the use of exponential notation for periodic 
functions has advantages over the trigonometric notation which has 
been used thus far in this chapter. A particularly useful application 
is in the phasor representation of modulated waves as an aid in 
understanding the various modulation processes. A sinusoidal carrier, 
cos wet, can be written 

where Re represents the real part of the complex quantity and 

j(l) t t 
. . t e e == COS rue + J Sin rue . 

The exponential ei(l)et is a counterclockwise rotating phasor of unit 
length in the complex plane, and its real part is its projection on 
the real axis. This phasor is shown for three values of time in 
Figure 8-3. 
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Real axis 

Now consider the amplitude-modulated wave of Equation (8-8) . 
This can be written in exponential notation as 

In this form the carrier phasor is multiplied by the sum of a 
stationary vector and two rotating vectors of equal size which rotate 
in opposite directions. As may be seen in Figure 8-4, the sum of 
these three vectors is always real and, consequently, acts only to 
modify the length of the real part of the rotating carrier phasor. 
This produces amplitude modulation as expected. 
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At this point the average power in the carrier and in the sideband 
frequencies should be considered. For a unit amplitude carrier and 
a circuit impedance such that average carrier power is 1 watt, the 
power in each side frequency is m2/4 watts ; thus, the total sideband 
power is m2 /2 watts. Thus, for 100 percent modulation, only one-third 
of the total power is in the information-bearing sidebands. The side
bands get an even smaller share of the total power when the modu
lating function is a speech signal which has a higher peak-to-rms 
ratio than a sinusoid has. The sideband power must be reduced to a 
few percent of the total power to prevent occasional peaks from 
over-modulating the carrier. 
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While the DSBTC signal is sensitive to certain types of trans
mission phase distortion, it is not impaired by a transmission phase 
characteristic that is linear with the frequency. The basic require
ment for no impairment is that the transmission characteristic have 
odd symmetry of phase about the carrier frequency. 

An interesting degradation occurs under certain extreme 
transmission phase conditions. Suppose that the lower sideband 
frequency vector in Figure 8-4 is shifted clockwise by () degrees, and 
the upper sideband frequency is shifted clockwise by 180 - () degrees. 
The resulting signal, Figure 8-5, consists of a carrier phasor with 
the sideband frequency vectors adding at right angles. The resultant 
vector represents a phase-modulated wave whose amplitude modula
tion has been largely cancelled, or washed out. A low-index DSBTC 
signal so distorted is indistinguishable from a low-index phase
modulated signal. 

Figure 8-5. Result of certain extreme phase distortion of DSBTC signal to produce 
phase modu lation. 

The condition of a lower sideband vector shifted by () degrees 
and the upper sideband vector shifted by ( 180-6) degrees, of course, 
represents a worst case. Any change in phase relationship between 
the two sideband vectors and the carrier, other than in odd symmetry, 
causes partial washout and some phase modulation. Among other 
things, the index of modulation is, in effect, reduced. 
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Doub le Sideband Suppressed Carrier 

The DSBSC signal requires the same transmission bandwidth as 
DSBTC, but the power efficiency is improved by the suppression of 
the carrier. This requires reintroduction of a carrier at the receiving 
terminal, which must be done with extreme phase accuracy to avoid 
the type of washout distortion just discussed. Examination of 
Figure 8-4 shows that a 8-degree phase error of the inserted carrier 
results in the effective amplitude modulation being reduced by the 
factor cos e. In the extreme, this effect can be seen by shifting only 
the stationary unit phasor (the carrier) of Figure 8-4 by 90 degrees 
to obtain the washout result of Figure 8-5. If the phase error 8 is 
b.,wet radians and the baseband signal is a single-frequency sinusoid, 
the demodulated signal consists of two sinusoids separated by twice 
the error frequency of the inserted carrier, t:..fe hertz. 

The difficulty of accurately reinserting the carrier is the greatest 
disadvantage of DSBSC and is probably the reason this form has 
not seen more use. However, the transmitted sidebands contain the 
information required to establish the exact frequency and, except 
for a 180-degree ambiguity, the phase of the required demodulating 
carrier. This is so by virtue of symmetry about the carrier frequency, 
even with a random modulating wave. One means of establishing the 
carrier at fc is to square the DSBSC wave, filter the component 
present at frequency 2/c, and electrically divide the frequency in 
half [2] . It should be noted that a carrier thus derived disappears 
in the absence of modulation. 

Single Sideband 

The single-sideband signal is not subject to the demodulation 
washout effect discussed in connection with the DSB signals. In fact, 
the local carrier at the receiving terminal is sometimes allowed to 
have a slight frequency error. This produces a frequency shift in 
each demodulated baseband component. If the error is kept within 
1 or 2 Hz, the system is adequate for high quality telephone circuits. 
However, the single-sideband method of transmission with a fixed 
or rotating phase error in demodulation does not preserve the base
band waveform at all. This may be seen in Figure 8-6 by considering 
the phasor representing the upper sideband signal as arising from a 
single baseband frequency component at fm. The dashed line repre-
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sents the reference carrier phasor about which the sideband rotates 
with a relative angular velocity, wm. 

If a strong carrier of reference 
phase is added to the received side
band (as could be done in the re
ceiving terminal j ust ahead of an 
envelope detector) , the envelope of 
the resultant wave is sinusoidal 
and peaks when the sideband 
phasor aligns itself with the car
rier. An envelope detector would 
produce, in the proper phase, a 
sinusoidal wave of frequency f m. 

_ _ _ _  _:;< 
Figure 8-6. Upper sideband and ref

erence carrier phasors for 
SSB signa l .  

If the phase of the added carrier is advanced 90 degrees, the peaks 
in the demodulated wave occur 90 degrees later ; as a result, the base
band signal is retarded by 90 degrees Although this does not distort 
the waveform of the single-frequency wave considered, each frequency 
component in a complex baseband wave would be retarded 90 degrees 
causing gross waveform distortion as illustrated in Figure 8-7 where 
the baseband fundamental and the third harmonic are both shifted 
90 degrees. Although an envelope detector is assumed here, similar 
results would follow from analyzing product detection of the SSB 
signal if the demodulating carrier were shifted relative to the re
quired value, i .e., relative to the real or virtual carrier of the trans
mitted signal. 

Single-sideband signals inherently contain quadrature components, 
a source of distortion that can cause serious impairment where 
faithful recovery of the (time-domain) baseband waveform is neces
sary for satisfactory transmission quality. An SSB signal can be 
represented as two DSB signal pairs superimposed as in Figure 8-8. 
One DSB pair has its resultant in phase with the carrier ; the other 
has its resultant at right angles, or in quadrature. The inherent 
quadrature components and their related desired components are 
sometimes further shifted by a form of channel distortion called 
intercept distortion. Whether the distortion is inherent (quadrature 
distortion) or added ( intercept distortion) its reduction or elimina
tion from the demodulated signal is dependent on the signal format 
and on the design of the demodulator. The desired condition can be 
approached by adding a strong, or exalted, local carrier to the signal 
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t ---+ 

(a) Reference condition 

(b) 90° phase shift of all frequencies 

Figure 8-7. Waveform distortion due to 90° reference carrier phase error causing 
90° lag of a l l  frequencies. 

and then using an envelope detector. This approach, illustrated in 
Figure 8-9, shows that the angle (} (a measure of unwanted phase 
modulation) is reduced with exalted carrier as in Figure 8-9 (b) 
relative to its value in Figure 8-9 (a) . However, the index of modula
lation is seen to be also reduced. When it is possible to establish the 
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correct phase of the transmitted or 
virtual (suppressed) carrier, a 
more effective way to eliminate 
quadrature distortion is to use 
product detection. 

Since voice transmission is very 
tolerant of quadrature distortion, 
the design of early carrier systems 
allowed reintroduction of the car
rier with a frequency error. The 
resulting severe quadrature distor
tion renders these systems unsuit
able for transmission of accurate 
baseband waveforms and makes Figure 8-8. Analysis of SSB signal into 

in-phase and quadrature these systems theoretically unfit 
components. for data pulse transmission. Also, 

many data signals contain very 
low-frequency or even de components. An SSB system will not trans
mit these components since practical filters cannot be built to suppress 
all of the unwanted sideband without cutting into the carrier fre
quency and the equivalent low frequencies of the wanted sideband. 

A common technique used in carrying data traffic on SSB channels 
is to modulate a subcarrier in the data terminal, using angle modula-

Resultant 

I Carrier I 
I I f.-- reference -+-Rea -..j 

(a) 

Resultant 

(b) 

Figure 8-9. Quadrature distortion and reduction of phase modulation by exalted 
carrier. 

TCI Library: www.telephonecollectors.info



Chap. 8 Modu lation 201 

tion or types of amplitude modulation which permit transmission of 
de components. This also solves the quadrature distortion problem, 
since the subcarrier is transmitted and used in the ultimate demodu
lation in the receiving data terminal. Since the data subcarrier and 
the data sidebands travel the same path, the former provides the 
proper reference information for demodulating the latter, even in the 
presence of frequency shift. Of course, the baseband channel must be 
adequately equalized for delay and attenuation. 

Single sideband is the modulation technique usualiy used for the 
frequency division multiplexing of multiple message channels prior 
to transmission over broadband facilities. Actually, SSB techniques 
are often used for interim frequency translations in the multiplex 
terminal for purposes of convenient filtering [3] . The bandwidth 
of the signal, measured in octaves, may be increased or decreased by 
such translations. 

Vestig ia l  Sideband 

Vestigial-sideband (VSB) modulation is a modification of DSB in 
which part of the frequency spectrum is suppressed. It can be 
produced by passing a DSB wave through a filter to remove part 
of one sideband as shown in Figure 8-10. The demodulation of such 
a wave results in addition of the lower and upper sideband components 
to form the baseband signal. To preserve the baseband frequency 
spectrum, it is necessary for the filter cutoff characteristic to be made 
symmetrical about the carrier frequency. This results in the spectrum 
of the sideband vestige effectively complementing the attenuated 
portion of the desired sideband. For the same reason and to avoid 
quadrature distortion, the phase must exhibit odd symmetry about 
the carrier frequency. As long as the cutoff is symmetrical about the 
carrier, it can be gradual (approaching DSB conditions) or sharp 
(approaching SSB conditions) or anywhere between these extremes. 

The desired transmission characteristics may be shared among 
the transmitting and receiving terminals and the transmission 
medium. The apportioning of the characteristic is determined by 
economics and signal-to-noise considerations. 
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Figure 8-1 1 .  VSB phasors for inter
mediate modulating fre
quency. 

The VSB signal is similar to 
DSBTG for low baseband fre
quencies and to SSB for high base
band frequencies. In the cutoff 
region, the behavior is as shown in 
Figure 8-11.  The upper and lower 
sideband component vectors add to 
unity when they peak along the 
reference carrier line and, if prop
erly demodulated, they produce the 
same baseband signal as an SSB 
signal of unit amplitude. 

Transmission by VSB conserves bandwidth almost as efficiently as 
SSB, while retaining the excellent low-frequency baseband charac-
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teristics of DSB. Although the ideal SSB signal should allow the 
sideband spectrum to extend all the way to the carrier frequency, 
practical limitations on filters and phase distortion make it imprac
tical. Thus, VSB has become standard for television and similar 
signals where good phase characteristics and transmission of low
frequency components are important but the bandwidth required for 
DSB transmission is unavailable or uneconomical. It requires some
what more bandwidth than SSB and has the additional disadvantage 
that the transmitted carrier, only partially suppressed, may add 
significantly to signal loading. 

8-2 PROPERTIES OF ANGLE-MODULATED SIGNALS 

Equation (8-1 ) , with a (t )  held constant, may be rewritten 

M ( t )  == Ae COS [wet +  <P (t) ] (8-9 ) 

where <P ( t) is the angle modulation in radians. If angle modulation 
is used to transmit information, it is necessary that <P ( t) be a pre
scribed function of the modulating signal. For example, if v ( t )  is 
the modulating signal, the angle modulation <P (t) can be expressed 
as some function of v ( t) . 

Many varieties of angle modulation are possible depending on the 
selection of the functional relationship between the angle and the 
modulating wave. Two of these are important enough to have the 
individual names of phase modulation (PM) and frequency modu
lation (FM) . 

Phase Modu lation and Freque·ncy Modu lation 

The difference between phase and frequency modulation can be 
understood by first defining four terms with reference to Equation 
(8-9) : 

Instantaneous phase == ruet + <P ( t)  rad, (8-10) 

Instantaneous phase deviation == <P (t)  rad, (8-1 1 )  

d 
Instantaneous frequency* == "([[ [wet + <P ( t) ] 

== rue + <P' (t)  radjsec, (8-12) 

Instantaneous frequency deviation == <P' (t )  radjsec. (8-13 ) 

*The instantaneous frequency of an angle-modulated carrier is defined as the 
first time derivative of the instantaneous phase. 
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Phase modulation can then be defined as angle modulation in which 
the instantaneous phase deviation, cf> ( t ) , is proportional to the modu
lating signal voltage, v (t ) . Similarly, frequency modulation is angle 
modulation in which the instantaneous frequency deviation, cp' (t) , is 
proportional to the modulating signal voltage, v ( t ) . Mathematically, 
these statements become, for phase modulation, 

cf> ( t) == kv ( t)  rad (8-14) 

and, for frequency modulation, 

cp' ( t) == k1v ( t )  radjsec (8-15) 

from which 

cf> (t )  = kt J v ( t) dt rad (8-16) 

where k and k1 are constants. 

These results are summarized in Figure 8-12. This figure also 
illustrates phase-modulated and frequency-modulated waves which 
occur when the modulating wave is a single sinusoid. 

TYPE OF MODULATING 

MODULATION SIGNAL ANGLE-MODULATED CARRIER 

(a) Phase v ( t) M ( t) = Ae cos [wet + kv ( t) ] 

(b)  Frequency v ( t) M ( t) � Ac cos [wet + k1 J v ( t) dt] 

(c )  Phase Am cos wmt M ( t) = Ae COS (wet + kAm COS Wmt) 

( d )  Frequency -Am sin wmt 
( k,Am ) 

M ( t) = Ae cos Wet + c;;:;;:- cos wmt 

(e)  Frequency Am cos wmt 
( k,Am ) 

M ( t) = Ae cos wet + 
�m 

sin wmt 

Figure 8-1 2. Equations for phase- and frequency-modulated carriers. 
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Figure 8-13 illustrates amplitude, phase, and frequency modulation 
of a carrier by a single sinusoid. The similarity of waveforms of 
the PM and FM waves shows that for angle-modulated waves it is 
necessary to know the modulation function ; that is, the waveform 
alone cannot be used to distinguish between PM and FM. Similarly, 
it is not apparent from Equation (8-9 ) whether an FM or a PM wave 
is represented. It could be either. A knowledge of the modulation 
function, however, permits correct identification. If cp ( t) == kv ( t ) , 
it is phase modulation, and if cp' (t )  == ktV (t) , it is frequency 
modulation. 

Comparison of (c)  and (d)  in Figure 8-12 shows that the expres
sion for a carrier which is phase or frequency modulated by a 
sinusoidal-type signal can be written in the general form of 

M (t )  == Ac COS (wet + X COS <Umt) ( 8-17) 

where 

X ==  kAm rad for PM (8-18) 

and 

rad for FM (8-19 ) 

Here X is the peak phase deviation in radians and is called the 
index of modulation. For PM the index of modulation is a constant, 
independent of the frequency of the modulating wave ; for FM it is 
inversely proportional to the frequency of the modulating wave. Note 
that in the FM case the modulation index can also be expressed as 
the peak frequency deviation, ktAm, divided by the modulating signal 
frequency, wm. The terms high index and low index of modulation are 
often used. It is difficult to define a sharp division ; however, in 
general, low index is used when the peak phase deviation is less than 
1 radian. It is shown later that the frequency spectrum of the 
modulated wave is dependent on the index of modulation. 

When the modulation function consists of a single sinusoid, it is 
evident from Equation (8-17) that the phase angle of the carrier 
varies from its unmodulated value in a simple sinusoidal fashion, 
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Carrier 

Modulating sine-wave signal 

Amplitude-modulated wave 

Phase-modulated wave 

Frequency-modulated wave 

Figure 8- 1 3. Amplitude, phase, and frequency modulation of a sine-wave carrier 
by a sine-wave signal. 
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with the peak phase deviation being equal to X. The phase deviation 
can also be expressed in terms of the mean square phase deviation, 
Deb, which for this case is X2j2. Similarly, the frequency deviation 
of a sinusoidally modulated carrier can be expressed either in terms 
of the peak frequency deviation, k1Am radjsec == k1Am/21r Hz, or the 
mean square frequency deviation, D1, which is k12Am2j8T Hz2• 

Where a large number of speech signals comprise the complex 
modulating function, the modulated signal closely approximates a 
random signal having a Gaussian spectral density function. Hence, 
from the statistics of the modulated signal, it is possible to define 
the value of instantaneous voltage that would be exceeded only a 
specified percentage of the time. Since instantaneous frequency devia
tion is proportional to instantaneous voltage, it follows that this volt
age defines the value of instantaneous frequency deviation that is 
exceeded only the specified percentage of the time. It is customary to 
define the peak frequency deviation produced. by the complex message 
load as the deviation exceeded 0.001 percent of the time. The peak 
deviation determines the required bandwidth. 

Phasor Representation 

A wave angle-modulated by sinusoids can be represented by phasors 
as was done for the AM waves. Generally, the angle-modulated case 
is more complex as can be seen by expanding Equation (8-17) into 
a Bessel series of sinusoids. In the special case of very low index 
(X less than 1;2 radian) , all terms after the first can be ignored, 
and the phasor diagram is very similar to that for an AM wave except 
for the phase relationship of the sidebands relative to the carrier. 
In the PM case, the sidebands are phased to change the angle, rather 
than the amplitude, of the carrier as illustrated in Figure 8-14. A 
close examination of the phasor diagrams shows that one sideband of 
the PM wave is 180 degrees out of phase with the corresponding 
sideband in the AM wave. This can be seen by comparing Figure 8-4 
at t == 0, for example, with Figure 8-14 at t == 1T j2wm. In fact, it was 
pointed out in the AM discussion that if the inserted carrier of a 
DSBSC signal has a phase error of 90 degrees, severe washout occurs 
and the previously amplitude-modulated wave has very little ampli
tude modulation but considerable phase (or angle) modulation. The 
approximate phasor diagram for a low-index angle-modulated system 
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.. .. 

modulated by a single-frequency 
sinusoid at f m is shown in Figure 
8-14 for several values of time. 
The resultant vector has an ampli
tude close to unity at all times and 
an index, or maxim urn phase devia
tion, of X radians. A true angle
modulated wave would include 
higher order terms and would have 
no amplitude variation. If X is 
small enough, these terms are often 
ignored. 

Several interesting conclusions 
may be observed by comparing the 
low-index angle-modulated wave 
with the AM signal shown in 
Figure 8-4. Both types of modula
tion are similar in the sense that 
they both contain the carrier and 
the same first-order sideband fre-
quency components. In fact, for the 

Figure 8- 1 4. Phase modulation _ low low-index case, the amplitudes of 
index. the first-order sidebands are ap-

proximately the same when the 
indices are equal (X = m) . The important difference is the phase 
of the sideband components. It may be expected, therefore, that in 
the transmission of an FM or PM wave the phase characteristic of 
the transmissior1 path is extremely important, and certain phase 
irregularities could easily convert phase-modulation components into 
amplitude-modulation components. 

Average Power of an Ang le-Modu lated Wave 

The average power of an FM or PM wave is independent of the 
modulating signal and is equal to the average power of the carrier 
when the modulation is zero. Hence, the modulation process takes 
power from the carrier and distributes it among the many sidebands 
but does not alter the average power present. This may be demon
strated by assuming a voltage of the form of Equation (8-9 ) , squaring, 
and dividing by a resistance, R, to obtain the instantaneous power, 
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P (t )  = 
M�t)  

Modulation 

A 2 
= R cos2 [wet + 4> (t ) ] 

A 2 { 1 1 t = _Rc:_ 2 + 2 COS [2wct + 2cp (t) ] } 

209 

(8-20) 

The second term can be assumed to consist of a large number of 
sinusoidal sideband components about a carrier frequency of 2fc Hz ; 
therefore, the average value of the second term of Equation ,(8-20) 
is zero. Thus, the average power is given by the zero frequency term 

Ac2 
Pavg = 2,[[• (8-21 ) 

This, of course, is the same as the average power in the absence of 
modulation. 

Bandwidth Required for Angle-Modulated Waves 

For the low-index case, where the peak phase deviation is less 
than 1 radian, most of the signal information of an angle-modulated 
wave is carried by the first-order sidebands. It follows that the 
bandwidth required is at least twice the frequency of the highest 
frequency component of interest in the modulating signal. This 
would permit the transmission of the entire first-order sideband. 

For the high-index signal a different method called the quasi
stationary approach must be used [ 4] . In this approach, the assump
tion is made that the modulating waveform is changing very slowly 
so that static response can be used. For example, assume that a 
1-volt baseband signal causes a 1-MHz frequency deviation of the 
carrier. This corresponds to k1 = 217' X 106 radians per volt-sec. 
Then, if the modulating signal has a 1-volt peak, the peak frequency 
deviation is 1 MHz. Thus, it is obvious that if the rate of change of 
frequency is very small the bandwidth is determined by the peak
to-peak frequency deviation. It was mathematically proven by J. R. 
Carson in 1922 that frequency modulation could not be accommodated 
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in a narrower band than amplitude modulation, but might actually 
require a wider band [5] . The quasi-stationary approach for large 
index indicates that the minimum bandwidth required is equal to 
the peak-to-peak (or twice the peak) frequency deviation. 

Thus, for. low-index systems (X < 1 )  the minimum bandwidth is 
given by 2/T, where IT is the highest frequency in the modulating 
signal. For high-index systems (X > 10) , the minimum bandwidth 
is given by 2/lF, where AF is the peak frequency deviation. It would 
be desirable to have an estimate of the bandwidth for all angle
modulated systems regardless of index. A general rule (first stated 
by J. R. Carson in an unpublished memorandum dated August 28, 
1939 ) is that the minimum bandwidth required for the transmission 
of an angle-modulated signal is equal to two times the sum of the 
peak frequency deviation and the highest modulating frequency to be 
transmitted. Thus, 

Bw == 2 (/r + tlF) Hz. (8-22 ) 

This rule (called Carson's rule) gives results which agree quite well 
with the bandwidths actually used in the Bell System. It should be 
realized, however, that this is only an approximate rule and that the 
actual bandwidth required is to some extent a function of the wave
form of the modulating signal and the quality of transmission desired. 

8-3 PROPERTIES OF PULSE MODULATION 

In pulse-modulation systems the unmodulated carrier is usually 
a series of regularly recurrent pulses. Modulation results from 
varying some parameter of the transmitted pulses, such as the ampli
tude, duration, or timing. If the baseband signal is a continuous 
waveform, it is broken up by the discrete nature of the pulses. In 
considering the feasibility of pulse modulation, it must be recognized 
that the continuous transmission of information describing the 
modulating function is unnecessary, provided the modulating function 
is bandlimited and the pulses occur often enough. The necessary 
conditions are expressed by the sampling principle, as subsequently 
discussed. 

It is usually convenient to specify the signalling speed or pulse 
rate in bauds. A baud is defined as the unit of modulation rate 
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corresponding to a rate of one unit interval per second ; i.e., 
baud == ljT where T is the minimum signalling interval in seconds. 
When the duration of signalling elements in a pulse stream is con
stant, the baud rate is equal to the number of signalling elements 
or symbols per second. Thus, the baud denotes pulses per second 
in a manner analogous to hertz denoting cycles per second. Note 
that all possible pulses are counted whether or not a pulse is sent, 
since no pulse is usually also a valid symbol. Since there is no re
striction on the allowed amplitudes of the pulses, a baud can contain 
any arbitrary information rate in bits per second. Unfortunately, 
bits per second is often used incorrectly to specify a digital trans
mission rate in bauds. For binary symbols of equal time duration, 
the information rate in bits per second is equal to the signalling 
speed in bauds if there is no redundancy. In general, the relation 
between information rate and signalling rate depends upon the coding 
scheme employed. 

Sam pling 

In any physically realizable transmission system, the message or 
modulating function is limited to a finite frequency band. Such a 
bandlimited function is continuous with time and limited in its 
possible range of excursions in a small time interval. Thus, it is only 
necessary to specify the amplitude of the function at discrete time 
intervals in order to specify it exactly. The basic principle discussed 
here is called the sampling theorem, which in a restricted form 
states [6] : 

If a message that is a magnitude-time function is sampled instan
taneously at regular intervals and at a rate at least twice the 
highest significant message frequency, then the samples contain 
all of the information of the original message. 

The application of the sampling theorem reduces the problem of 
transmitting a continuously varying message to one of trans
mitting information representing a discrete number of amplitude 
samples per given time interval. For example, a message bandlimited 
to !T hertz is completely specified by the amplitudes at any set of points 
in time spaced T seconds apart, where T == lj2fT [7] . Hence, to trans
mit a bandlimited message, it is only necessary to transmit 2fT 
independent values per second. The time interval, T, is often referred 
to as the Nyquist interval. 
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The process of sampling can be thought of as the product modula
tion of a message function and a set of impulses, as shown in 
Figure 8-15. The message function of time, v ( t ) , is multiplied by a 
train of impulses, c ( t ) , to produce a series of amplitude-modulated 
pulses, 8 ( t ) . If the spectrum ( i.e., the Fourier transform) of v (t )  
is given by F (f) as shown in Figure 8-15, the spectrum of the 
sampled wave, 8 ( t ) , is then shown by S (/) in the figure. The output 
spectrum, S (/) , is periodic on the frequency scale with period Is, the 
sampling frequency. It is important to note that a pair of sidebands 
has been produced around f s, 2/ s, and so on through each harmonic 
of the sampling frequency. This figure also shows the need for 
Is > 2/T, so that the sidebands do not overlap. Note also that all 
sidebands around all harmonics of the sampling frequency have the 
same amplitude. This is a result of the fact that the frequency 
spectrum of an impulse is flat with frequency. In a practical case, 
of course, finite width pulses would have to be used for the sampling 
function, and the spectrum of the sampled signal would fall off with 
frequency as the spectrum of the sampling function does. 

The amplitude-modulated pulse signal that results from sampling 
the input message may be transmitted to the receiver in any form 
that is convenient or desirable from a transmission standpoint. At 
the receiver the incoming signal, which may no longer resemble the 
impulse train, must be operated on to re-create the original pulse 
amplitude-modulated sample values in their original time sequence 
at a rate of 2/T samples per second. To reconstruct the message, it 
is necessary to generate from each sample a proportional impulse and 
to pass this regularly spaced series of impulses through an ideal 
low-pass filter having a cutoff frequency fT. Examination of the 
spectrum of S (f) in Figure 8-15 makes the feasibility of this obvious. 
Except for an overall time delay and possibly a constant of propor
tionality, the output of this filter would then be identical to the original 
message. Ideally, then, it is possible to transmit information exactly, 
given the instantaneous amplitude of the message at intervals spaced 
not further than 1/2/T seconds apart. 

Pulse Ampl itude Modulation 

In pulse amplitude modulation (PAM ) , the amplitude of a pulse 
carrier is varied in accordance with the value of the modulating 
wave as shown in Figure 8-16 (c) . It is convenient to look upon 
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0 2T 4T 6T 
T 3T sT 7T 

f. = ljT Hz 

Modulation 

T = 1/fs sec 

Figure 8- 1 5. Sampling with an impulse· modulator. 

2 1 3 

PAM as modulation in which the value of each instantaneous sample 
of the modulating wave is caused to modulate the amplitude of a 
pulse. Signal processing in time division multiplex terminals often 
begins with PAM, although further processing usually takes place 
before the signal is launched onto a transmission system. 
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(a) 
Time 

Pulse carrier 

(b) 

(c) 

PDM 

(d) 

PPM 

(e) 

Figure 8-1 6. Examples of pulse-modu lation systems. 

Pulse Duration Modulation 

Pulse duration modulation (PDM) , sometimes referred to as pulse 
length modulation or pulse width modulation, is a particular form of 
pulse time modulation. It is modulation of a pulse carrier in which 
the value of each instantaneous sample of a continuously varying 
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modulating wave i s  caused to produce a pulse of proportional duration, 
as shown in Figure 8-16 (d) . The modulating wave may vary the 
time of occurrence of the leading edge, the trailing edge, or both 
edges of the pulse. In any case, the message to be transmitted is 
composed of sample values at discrete times, and each value must 
be uniquely defined by the duration of a modulated pulse. 

In PDM, long pulses expend considerable power during the pulse 
while bearing no additional information. If this unused power is 
subtracted from PDM so that only transitions are preserved, another 
type of pulse modulation, called pulse position modulation, results. 
The power saved represents the fundamental advantage of pulse 
position modulation over PDM. 

Pu lse Position Modulation 

A particular form of pulse time modulation, in which the value 
of each instantaneous sample of a modulating wave varies the position 
of a pulse relative to its unmodulated time of occurrence, is pulse 
position modulation (PPM) . This is illustrated in Figure 8-16 (e) . 
The variation in relative position may be related to the modulating 
wave in any predetermined unique manner. Practical applications 
of PPM systems have been on a modest scale, even though their instru
mentation can be extremely simple. 

If either PDM or PPM is used to time division multiplex several 
channels, the maximum modulating signal must not cause a pulse to 
enter adjacent allotted time intervals. In telephone systems with high 
peak-to-rms ratios, this requirement leads to a very wasteful use of 
time space. In fact, almost all of the time available for modulation 
is wasted because many of the busy channels may be expected to be 
inactive and most of the rest will be carrying small signal power. 
Consequently, although PPM is more efficient than PDM, both fall 
short of the theoretical ideal when used for multiplexing ordinary 
telephone channels. 

Pulse Code Modulation 

A favored form of pulse modulation is that known as pulse code 
modulation (PCM) . This mode of signal processing may take any of 
several forms ; each requires the successive steps of sampling, quan-
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tizing, and coding. If the input signal is analog in nature, the sampling 
is usually a sampling of the signal amplitude ; if the signal is digital, 
the sampling process may take the form of time sampling to determine 
the time of occurrence of transitions from one signal state to another. 
The process of sampling, common to pulse modulation generally, 
was described previously. Following is a discussion of quantizing 
and several forms of coding. 

Quantizing. Instead of attempting the impossible task of trans
mitting the exact amplitude of a sampled signal, suppose only certain 
discrete amplitudes of sample size are allowed. Then, when the 
message is sampled in a PAM system, the discrete amplitude nearest 
the true amplitude is sent. When received and amplified, this signal 
sample has an amplitude slightly different from any of the specified 
discrete steps because of the disturbances encountered in transmis
sion. But if the noise and distortion are not too great, it is possible 
to tell accurately which discrete amplitude of the signal was trans
mitted. Then the signal can be reformed, or a new signal created 
which has the amplitude originally sent. 

Representing the message by a discrete and therefore limited 
number of signal amplitudes is called quantizing. It inherently intro
duces an initial error in the amplitude of the samples, giving rise to 
quantization noise. But once the message information is  in a quantized 
state, it can be relayed for any distance without further loss in 
quality, provided only that the added noise in the signal received at 
each repeater is not too great to prevent correct recognition of the 
particular amplitude each given signal is intended to represent. If 
the received signal lies between a and b and is closer to b, it is sur
mised that b was sent. If the noise is small enough, there are no 
errors. Note, therefore, that in quantized signal transmission the 
maximum noise is determined by the number of bits in the code ; 
while in analog signal transmission, it is controlled by the repeater 
spacing, the characteristics of the medium, and the amplitude of the 
transmitted signal. 

Coding. A quantized sample can be sent as a single pulse having 
certain possible discrete amplitudes or certain discrete positions with 
respect to a reference position. If, however, many discrete sample 
amplitudes are required ( 100 for example) ,  it is difficult to design 
circuits that can distinguish between amplitudes. It is much less 
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difficult to design a circuit that can determine whether or not a pulse 
is present. If several pulses are used as a code group to describe the 
amplitude of a single sample, each pulse can be present ( 1 )  or 
absent (0 ) . For instance, if three pulse positions are used, then a 
code can be devised to represent the eight different amplitudes shown 
in Figure 8-17. These codes are, in fact, just the numbers (ampli
tudes ) at the left written in binary notation. In general, a code group 
of n on-off pulses can be used to represent 2n amplitudes. For ex
ample, 7 binary pulses yield 128 sample levels. 

AMPLITUDE 

REPRESENTED 
CODE 

0 000 
1 001 
2 010 
3 011 
4 100 
5 101 
6 110 
7 111 

Figure 8-1 7. Binary code representation of sample amplitudes. 

It is possible, of course, to code the amplitude in terms of a number 
of pulses which have discrete amplitudes of 0, 1, and 2 (ternary, or 
base 3) or 0, 1, 2, and 3 (quaternary, or base 4) , etc., instead of the 
pulses with amplitudes 0 and 1 (binary, or base 2) . If ten levels are 
allowed for each pulse, then each pulse in a code group is simply a 
digit or an ordinary decimal number expressing the amplitude of the 
sample. If n is the number of pulses and b is the base, the number of 
quantizing levels the code can express is bn. To decode this code group, 
it is necessary to generate a pulse which is the linear sum of all 
pulses in the group, each pulse of which is multiplied by its place 
value ( 1, b, b2, b3 • • •  ) in the code. 

Differential Pulse Code Modulation.  This form of pulse modulation has 
two major potential advantages that can sometimes be used advan
tageously in particular design situations. First, it can sometimes 
result in a lower digital rate than straight PCM coding and yet give 
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equivalent transmission performance. Second, the sampling, quan
tizing, and coding of a signal can be accomplished without the use of 
large amounts of common equipment. Thus, in situations where large 
numbers of signals need not be processed simultaneously, it may be 
more economical than conventional PCM. 

Many forms of differential PCM exist [8] . One, known as delta 
modulation, samples the analog signal at a high rate and codes the 
samples in terms of the change of signal amplitude from sample to 
sample. The digital rate must be higher than the sampling rate 
given previously (sampling at a rate at least twice the highest 
message frequency) because of distortion that might be introduced 
when the rate of change of signal amplitude is high. The combined 
sampling and coding process, however, may still result in a lower 
net digital rate. 
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Chapter 9 

Probability and Statistics 

The parameters in most engineering problems are not unique or 
deterministic ; that is, they can assume a range of values. If extreme 
or worst case values of the important parameters are used, solutions 
to such problems are seldom economical, frequently inaccurate, and 
sometimes not even realizable. Probabilistic solutions must be sought ; 
that is, the nature of the distribution of parameters must be studied 
and understood, appropriate values must be found to represent the 
parameters in question, and answers must be found that adequately 
represent the range of values that the solutions can take ·on as a 
result of the range of values of the important parameters. The tools 
for finding economic solutions to such problems are provided by the 
related subjects, probability and statistics. 

While the use of extreme values of parameters often leads to 
impractical solutions to problems, the use of other parameter values 
(nominal, mean, or average) may also lead to equally impractical 
solutions. It is important to consider overall distributions of values ; 
in some cases only the average is important, but in other cases extreme 
values (the tails of the distributions) may have to be taken into 
account. Sometimes, the extreme cases are solved by legislating 
against them. For example, telephone loops may be laid out by assum
ing the use of a single gauge of wire in the cables used in the loop 
plant. If this were done, the losses of loops longer than some specific 
value would exceed the loss that can give satisfactory service. Loops 
having such excess loss are avoided by applying loop design rules that 
require the addition of gain devices, the use of loading coils, or the use 
of heavier gauge wire when the loop length exceeds the limit. Losses, 
however, are still functions of all the parameters mentioned (wire 
gauge, distance, loading, and gain) . If the rules are written so that 
no possible connection could have excessive loss, the solution would 
be uneconomical ; if too many connections have excess loss, grade 
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of service suffers. Thus, the problem is to find an economical compro
mise which can provide an overall satisfactory grade of service. 

Since the Bell System is so large and complex, it is impractical 
to measure the values of all similar parameters (noise and loss on 
all trunks, for example) in order to determine the performance of 
any part of the plant or to describe the characteristics of any part 
of the plant. Instead, the plant is described on the basis of statistical 
parameters using only a few key numbers, such as one to represent 
some central or average value and one to represent the dispersion 
or spread of the data. Estimates of such numbers can be determined 
by measuring only a properly chosen sample of the total universe 
of values. 

Probability theory provides a mathematical basis for the evaluation 
and manipulation of statistical data. The theory treats events that 
may occur singly or in combination as a result of interacting phe
nomena which themselves may be occurring sequentially or simul
taneously. 

Following a classical process of deductive reasoning, the theory 
of probability [1] evolved from a number of postulates which were 
based on experimental observations. The postulates were tested and, 
where necessary, modified to fit observed data. Finally, clearly defined 
axioms evolved, and the entire theory was built upon these axioms. 
Probability theory provides the means for expressing or describing 
a set of observations more efficiently than by enumerating all numbers 
in the set. The unknowns are expressed as functions of a random 
variable ; these functions, which describe the domain and range of the 
unknown, are derived by a mapping process. This process, together 
with some of the terminology and symbology that are unique to 
probability theory, must be described. 

The mean (or expected value) , the standard deviation, and the vari
ance are the principal parameters used in expressions for discrete and 
continuous functions of a random variable. Methods of summing ran
dom variables are available and a number of different types of distri
butions may be used to represent communications phenomena of 
various characteristics. Each is represented by a different distribution 
function. Where functional relationships are not known, statisical 
analyses are often used. 
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9- 1 E LEMENTS OF PROBABILITY THEORY 

22 1 

Probability theory is applied to the study of and relationships 
among sets of observations or data. The largest set, consisting of 
all the observations or all the data, is known as the universe, the 
domain, or the sample space. Subsets, which are made up of certain 
interrelated elements defined according to some specified criteria, are 
all contained in the sample space. The interrelations among subsets, 
often referred to simply as sets, are conveniently displayed for study 
in a sketch called a Venn diagram 
in which the sample space is  dis-
played as a square. Subsets are 
depicted as geometrical figures 
within the square ; within each s 
figure are located all the elements 
of that subset. 

Figure 9-1 is an example of a 
Venn diagram illustrating the rela
tionships among sets A, B, and C 
and the sample space, S, of which Figure 9_1 .  Venn diagram of three 
they are parts. Examination of subsets. 
Figure 9-1 shows that C is a subset 
of B, B is a subset of A, and A is a subset of S. It follows that C is 
a subset of A and that B and C are subsets of S. The above state
ments regarding subsets may be written as follows : 

C c B, B c A,  A c S, C c A, B c S, C c S, 

where the symbol c is used to indicate that every element of the 
subset shown at the closed end of the symbol is also an element of 
the larger set shown at the open end of the symbol. Thus, C C B 
(C is contained in B) may also be written B ::> C (B contains C) . 

Axioms 

A number of axioms form the basis of probability theory. These 
are 

( 1 )  The probability of an event, A, is the ratio of the outcomes 
favorable to A to the total number of outcomes, n, where it is 
assumed that all n outcomes are equally likely. H,ere the 

TCI Library: www.telephonecollectors.info



222 E lements of Transmission Ana lysis Vol. 1 

total number of events represents the sample space, and the 
event A represents the subset of the sample space which 
satisfies some specific criterion. The axiom may be expressed 
P (A ) == nA/ n. 

(2)  Probability is a positive real number between 0 and 1 inclusive; 
i.e., 

O < P < l. 

In the physical world, negative probability has no meaning 
and nothing can occur more than 100 percent of the time. 

(3 )  The probability of an impossible event is zero. Note that the 
rule does not imply the converse ; i.e., a probability of zero 
does not mean that an event is impossible. ( The impossible 
event is sometimes called the empty set, or null set, one that 
contains no elements. ) 

( 4) The probability of a certain event is unity. By certain event 
is meant one that is certain to occur at every trial. It is the 
set represented by the sample space. Again, the converse is 
not necessarily true ; i.e., a probability of unity does not 
necessarily mean that the event is certain. 

(5 )  The probability that at least one of two events occurs is the 
sum of the individual probabilities of each event minus the 
probability of their simultaneous occurrence. 

( 6) The probability of the simultaneous occurrence of two events 
is the product of the probability of one event and the condi
tional probability of the second event given the first. 

Set Operations 

Many relationships among the sets (or subsets) of a sample space 
may be established for the purpose of performing mathematical opera
tions. Such set operations include those of union, intersection, and 
complement, each of which requires the introduction of additional 
commonly used symbology. 
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(1)  The union of two sets, written A u  B, is defined as the set 
whose elements are all the elements either in A or in B or in 
both. The union of A and B is illustrated in the Venn diagram 
of Figure 9-2 (a) . 

(a) Union A U B (b) Intersection A n B 

Figure 9-2 .  Union a,nd intersection of sets. 

( 2 )  The intersection of two sets, written A n  B, is defined as the 
set whose elements are common to set A and set B, as illus
trated in Figure 9-2 (b) . 

( 3 )  The complement of set A is the set consisting of all the ele
ments of the sample space that are not in A.  The complement 
is identified by the use of the prime symbol. It is illustrated 
in Figure 9-3 as A'.  

Consider now a hypothetical ex
periment where the totality of re
sults makes up a sample space, S, 
and involves two events, A and B. 
In developing the probabilities as- · 

sociated with these two events, it is 
convenient to use the above symbol
ogy to indicate various compound 
events, i .e., those involving union 
or intersection. The total number 
of possible outcomes (elements of 
the sample space) is taken as n. 
Any of the n outcomes is assumed 
to be equally probable. Compound Figure 9-3. Complement sets. 
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EVENT 

A n  B' 
A' n B 

A n B  A' n B' 

E lements of Transmission Ana lysis Vol. 1 

NO. OF OUTCOMES PROBABILITY 

nl n1/n 
� �In 
na n3/n 
n4 n4/n 

Figure 9-4. Compound events. 

events involving A and B can be 
summarized as in Figure 9-4 and 
as illustrated by the Venn diagram 
of Figure 9-5. Each area in Figure 
9-5 illustrates the events shown in 
the first column of Figure 9-4, one 
of which occurred after each per
formance of the experiment. 

Figure 9-5. Venn diagram of com-
pound events. A number of probability rela-

tions can be defined and related, by 
observation, to Figures 9-4 and 9-5. The probability of A, without 
regard for the occurrence of another event, is 

P (A )  == P (A n B' )  + P (A n B) == (nt+na) jn. (9-1 ) 

Similarly, the probability of event B is 

P (B) == P (B n A ' )  + P (B n A ) == (rlr2+na) jn. (9-2) 

The probability of either A or B or both is 

P (A U B) == P (A )  + P (B) - P (A n B) == (nt+rl.2+na) jn. ( 9-3) 

The probability of the event which is the intersection of A and B 
may be written 

P (A n B) == P (A )  P (B I A )  (9-4)  

or 

P (A n B) == P (B) P (A I B) . (9-5) 
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The expressions P (B I A )  and P (A I B) are known as conditional 
probabilities. These may be read "the conditional probability of B, 
given A "  and "the conditional probability of A, given B," respectively. 
These conditional probabilities may then be determined as 

and 

P (A n B) P (B I A ) == P (A )  == nsj (nl+ns) (9-6)  

P (A n B) P (A I B) == p (B) == ns/ ( rl-2+ns) . (9-7 )  

Note also that the probability of A and B occurring simultaneously 
may then be determined 

P (A n B) == nsjn. (9-8) 

Some additional definitions and conclusions may now be presented. 
If events A and B cannot occur simultaneously, they are mutually 
exclusive, or disjoint; the probability of their simultaneous occurrence 
is the probability of the empty set, 4> ;  that is, 

P (A n B) disjoint == P ( cp) == 0. 

If this conclusion is combined with Axiom 5, it may be stated that 
if two events are mutually exclusive, the probability of at least one of 
them is the sum of their individual probabilities ; that is, 

P (A U B) disjoint == P (A ) + P (B) . 

If the occurrence of an event in no way depends on the occurrence 
of a second event, the two are independent. Mathematically, A and B 
are independent if 

P (A I B) == P (A )  

or if 

P (B I A ) == P (B) . 
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Then from Equation (9-4) or (9-5 ) , it is seen that P (A n B) = 

P (A )  P (B) . Note that this does not mean that P (A n B)  = 0. The 
fact that two events are independent means that there is no 
functional relationship between their probabilities of occurrence. 
The expression P (A n B) = 0 says that A can never occur when B 
does, a functional relationship of mutual exclusion. 

If events A and B can occur simultaneously, then a certain fraction 
of events B have event A associated with them. If this fraction is 
the same as the fraction of all possible events that have event A 
associated with them, then the events A and B are independent. 
Symbolically, independence implies that 

This can be demonstrated by combining the definition of indepen
dence with Axiom 6. If A and B are statistically independent, the 
probability of their simultaneous occurrence is the product of their 
individual probabilities, that is, 

P (A n B) independent = P (A ) P (B) . (9-10 ) 

Note that Equation (9-10 )  is symmetric in A and B. This implies 
that if A is independent of B, then B is independent of A. This need 
be true only in the statistical sense. It is important to recognize the 
difference between statistical dependence and causal dependence. 
From the causal viewpoint, subscriber complaints are dependent on 
noisy trunks, but noisy trunks are not dependent on subscriber com
plaints. Statistical analysis would merely show a dependence or 
correlation between the two without any indication as to which is 
the cause and which is the effect. 

Much statistical work is simplified if it can be assumed that events 
are either mutually exclusive or independent. -where events are 
mutually exclusive, the probability of at least one of the events is the 
simple sum of the probabilities of the mutually exclusive events. The 
probability of the simultaneous occurrence of independent events 
may be found as the product of the probabilities of the independent 
events. 
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Example 9-1 : 

This example concerns a group of 1000 trunks between two 
cities. All these trunks are measured for loss and noise. It is 
found that 925 trunks meet the noise objective, 875 trunks meet 
the loss objective, and 850 trunks meet both objectives. If a 
connection is established between the two cities and if there is 
an equal probability that any trunk may be used, what relation
ships can be evaluated from the foregoing set operations in 
regard to calls between the two cities ? 

Various events and their probabilities may now be tabulated, 
as in Figure 9-4 ; symbolic and numerical values are both given 
in the table below. A Venn diagram of the relationships among 
the subsets of trunks is given in Figure 9-6. 

EVENT NOTE NO. OF OCCURRENCES 

s 
A 
B 
A' 
B' 
A()B 
A ()B' 
A'() B 

1 

2 

2 

3 

3 

4 

4 

4 

A'()B' 4 

A l B  5 

B l  A 6 

Notes : 

n = 1000 

n1 = 925 

� = 875 

n3 = 75 

n4 = 125 

n5 = 850 

n6 = 75 

n7 = 25 

n8 = 50 

n9 = 850 

n10 = 850 

PROBABILITY OR 
RELATIVE FREQU ENCY 

n/n = 1000 / 1000 = 1 

n1 / n  = 925/ 1000 = 0.925 

�In = 875 / 1000 = 0.875 

n3/n = 75/ 1000 = 0.075 

n4/n = 125/ 1000 = 0.125 

ns ln = 850 / 1000 = 0.85 

n6/ n  = 75 /1000 = 0.075 

n7/n = 2 5 /1000 = 0.025 

n8/n = 50/ 1000 = 0.05 

ns f  (n7+ns )  = 850 / 875 = 0.971 

ns f  (n6+ns )  = 850 /925 = 0.919 

1. S is the sample space, 1000 trunks. 

2. A and B are two subsets, the trunks which meet the noise 
objective and the loss objective, respectively. 

3. A'  and B' are the complements of A and B. 

4. These are the four mutually exclusive events which make 
up the sample space, S. 
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5. A I B, the event A given B, consists of those trunks meeting 
the noise objective among the trunks which meet the loss 
objective. 

6. B I A, the event B given A, contains the trunks meeting 
the loss objective among those that meet the noise 
objective. 

7. A U  B represents all the trunks that meet the noise objec
tive, the loss objective, or both. 

A = 925 trunks 

S = 1 000 trunks 

A' n B = 25 trunks B = 875 trunks 

Figure 9-6. Venn diagram for a set of trunks. 

9-2 DISCRETE AND CONTIN UOUS FUNCTIONS 

An important objective in working with statistics and with prob
ability theory is a more efficient way of describing a set of observa
tions than by enumerating all of the numbers in the set. A common 
problem is that of characterizing a set of measurements which are 
supposed to be similar or identical but which are not. The random 
variable is a function which may be discrete, as the trunks in 
Example 9-1, where the trunks either met objectives or they did not. 
The random variable may also be continuous. In Example 9-1, the 
data may have related to actual measurements of loss and noise, and 
the random variable might have represented the distribution of these 
measurements, i.e., the number of trunks showing noise or loss values 
in some recognizable measurement system such as dB of loss or 
dBrncO of noise. 

Mapping 

Consider a sample space made up of elements designated as Pi· 
By a process called mapping, the elements of the space ( or domain) 
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can be expressed in terms of a random variable, X, which is plotted 
along an axis. The mapping process is illustrated in Figure 9-7 where 
X (pi) == Xi. By virtue of the rule of correspondence, each element, 
pi, maps into one and only one value, Xi, although it is possible for 
more than one pi to map into the same Xi. While every element pi 
must map into some value, Xi, it is not necessary that every Xi be 

·
an 

image of an element, Pi· 

Theoretically, the variable X (pi) may take any value from 
- oo to + oo as indicated in Figure 9-7. It is generally true, however, 
that the mapping process establishes a restricted range of x between 
minimum and maximum values. This is also illustrated in Figure 9-7. 

s 

- co +- ---+ + 00 

X min 

Figure 9-7. Mapping. 

If the elements of a sample space exhibit characteristics that 
involve two parameters, the mapping becomes a two-dimensional 
process as illustrated by Figure 9-8 where the trunks of Example 9-1 
are mapped onto the x-x and Y-Y axes. The various events then map 
into areas in the x-y plane of Figure 9-8. 

As mentioned previously, the random variable, X or Y, may be con
tinuous or discrete. In either case, the treatment and manipulation 
of data depend on the ability to express these variables by suitable 
functional relationships, such as the cumulative distribution function 
or the probability density function. 
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Figure 9-8. Mapping in two dimensions. 

Cumulative D istribution Function 

A real random variable (r.v. ) is a real function whose domain is 
the sample space, S, and whose range is the real line (the x axis ) . The 
r.v. also satisfies the conditions ( 1 )  that the set {pi :X (pi) < Xa} *  is 
an event for any real number, Xi, and (2 )  that the probability 
P {pi :X (pi) = ± oo } is equal to zero. The function describing the 
probability distribution of the random variable is called the cumulative 
distribution function ( c.d.f. ) and may be written [2] 

( 9-1 1 )  

*In expressions such a s  this, the braces define the set and the colon i s  read 
such that. 
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This equation states that the c.d.f. is a function equal to the proba
bility that the variable, X (representing the elements, pi, of the 
sample space) , is equal to or less than the value Xi. For present pur
poses, this equation must meet the following conditions : 

( 1 )  It is a real function of a real number. 

( 2 )  It is right-continuous ; that is, the value of the function 

Fx (x)  at any point is equal to or less than the given value 

[X (pi) < Xi in Equation (9-11 ) ] .  

(3 )  It is single-valued, monotonic, nondecreasing. 

(4 )  lim Fx (x)  == 0 ;  lim Fx (x) == 1. 
X�- oo X� oo 

The random variable, X, may be continuous or discrete or mixed. 
When X is continuous, the c.d.f. is continuous. When X is discrete, 
the c.d.f. is not continuous and, when plotted, appears as a set of 
steps. These relationships show that X (pi) may take on values from 
- oo to + oo ; the c. d. f. correspondingly takes on values from 0 to 1 
for X (pi) == - oo to X (pi) == + oo . 

If an estimation of a continuous c.d.f. is plotted as in Figure 9-9, 
the curve looks like an uneven staircase having flat treads and dis
continuities in place of vertical risers. As the number of observations 
increases and the granularity of readings becomes finer, the treads 
and risers become smaller. A continuous c.d.f. is a smooth curve as 
illustrated in Figure 9-10. 

It should be noted that the plot of a discrete c.d.f. would also look 
like Figure 9-9. 

Probabi l ity Density Function 

The derivative of the c.d.f. is defined as the probability density 
function (p.d.f. ) .  It may be written 

fx (x)  == dFx (x)  jdx. (9-12 ) 

The function is illustrated in Figure 9-11. 
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/x (x) 

Figure 9- 1 1 .  Probabil ity density function. 

9-3 THE PRINCIPAL PARAMETERS 

Expected value, variance, and standard deviation are terms that 
define the important and useful characteristics of random variables. 
The definitions of other parameters, sometimes useful in statistical 
studies but seldom used in probability theory, are given later. When 
available data permit the use of approximations or estimates of the 
random variable, estimates of expected value, variance, and standard 
deviation may also be used for statistical analysis. 

Expected Value 

The expected, or mean, value of a random variable, X, may be 
estimated from repeated trials of an appropriate experiment by 

(9-13 )  
n 

where 2: Xi is the sum of the values Xi, and n is the total number 
i= l  

o f  values o f  x .  H·ere, X i  i s  the numerical value that the random 
variable, X, takes for the ith trial. 

TCI Library: www.telephonecollectors.info



234 E leme·nts of Transmission Analysis Vol. 1 

If the random variable is discrete, the expected value may be 
found by 

n 

E [X] = X = 2: Xi P{X = Xi} , ( 9-14) 
xi = l  

where Xi represents the discrete values assumed by the variable, X. 
If the random variable is continuous, the expected value is found by 

+ co  

E [X] = X = I x fx ( x)  dx. (9-15) 

The term expectation has been extended to include the expectation 
of any function of X, provided X has a probability function. The 
expectation of g (X) is 

+ co  

E [g (X) ] = J g (x) fx (x)  dx, 

where fx (x ) is the probability density function. Of particular interest 
is g (X) = X2, the mean squared value, or 

Variance 

+ co  

E [X2] = .! x2 fx (x) dx = X2• (9-16) 

The expected value of a random variable gives no information re
garding the variation or range of values that may be assumed by a 
random variable. The most useful measure of this parameter is the 
variance, defined as the expectation of the square of the deviations 
of observations from their mean, or expected, value. The expression 
for the variance, which may be derived from the function of the 
random variable, is 

+ co  

<Ti: :=::::: .! (x-X) 2 /x (x)  dx. 
- co  

TCI Library: www.telephonecollectors.info



Chap. 9 Probabil ity and Statistics 235 

By substituting Equations (9-15 )  and (9-16) and noting 
+ oo  

that J fx (x)  dx == 1 ( since the probability of the entire sample 

must be unity) , the above expression may be written 
+ oo  + oo  + oo  

ui - f X2 fx (x) dx - 2X f X fx (x) dx + X2 f fx (x) dx 
- 00  

== X2 - 2r + X2 

== X2 - T. (9-17) 
The variance may be estimated, from repeated trials of an experiment� 
by 

( 9-18)  

Since expectation �s  a sum or integral, it  obeys the same laws 
as sums or integrals. The expectation of a constant is that constant. 
The expectation of a constant times a random variable is the constant 
times the expectation of the random variable. The expectation of a 
sum is the sum of the expectations. The mean or any other statistical 
average is a constant and not a random variable. 

Standard Deviation 
The square root of the variance is often a convenient parameter 

to use as a measure of variation or dispersion. It is called the 
standard deviation. For the approximation given in Equation (9-18) � 
it is 

j(t x� ) - (t, x,)2 

a-x =:: --- ---n n (9-19 ) 

The exact expression for the standard deviation is found from 
Equation (9-17) , 

(9-20) 

Example 9-2 : 
The approximation to the continuous cumulative distribution 

function of Figure 9-9 is a plot of the available data concerning 
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the sample space. From the data determine the expected value, 
the variance, and the standard deviation. The first three 
columns in the accompanying table represent the data from 
which the figure was constructed ; the last two are computed 
values which are summed. 

The multiplier, n, in the last two columns reflects the fact that 
all Xi points are not different ; n is the number of readings of 
each value (column 2) . 

VALUE DATA 
-- nxi2 (ABSC ISSA) n CUM. n nxi 

3 1 1 3 9 
21 4 5 84 1764 
27 3 8 81 2187 
29 2 10  58  1682 
31 2 12 62 1922 
33 6 18 198 6534 
36 2 20 72 2592 
37 2 22 74 2738 
39 2 24 78 3042 
42 6 30 252 10,584 
43 2 32 86 3698 
45 3 35 135 6075 
46 7 42 322 14,812 
47 3 45 141 6627 
49 3 48 147 7203 
50 2 50 100 5000 
52 2 52 104 5408 
53 3 55 159 8427 
54 2 57 108 5832 
56 8 65 448 25,088 
58 3 68 174 10,092 
60 4 72 240 14,400 
61 4 76 244 14,884 
64 2 78 128 8192 
67 2 80 134 8978 
69 3 83 207 14,283 
74 3 86 222 16,428 
77 2 88 154 1 1,858 
79 2 90 158 12,482 
80 2 92 160 12,800 
87 3 95 261 22,707 
88 2 97  176 15,488 
98 3 100 294 28,812 

--

5264 312,628 
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From the above table, the expected value may be computed 
by Equation (9-13) as 

The variance may be computed from Equation (9-18) as 

312,628 ( 5264 ) 2 

100 - 100 � 355· 

The standard deviation, from Equation (9-19 ) , is 

ux � y/355 � 18.8. 

9-4 SUMS OF RANDOM VARIABLES 

In statistical analysis and in applications of probability theory, 
it is possible to make use of certain relationships between several 
sample spaces or between a sample space and subsets of that sample 
space. One example of many such useful relationships is the summing 
of random variables. 

If two independent random variables are known, a new random 
variable may be derived by adding together repetitively one member 
from each of the two original random variables. The mean value of 
the random variable is the sum of the mean values of the original 
two ; that is, 

(X+Y) == X  +Y. (9-21 ) 

The variance of the derived random variable is the sum of the 
original variances. This may be written 

2 2 2 
U(X + Y ) = := Ux + Uy. (9-22 ) 
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These relationships for the random variable derived from the sum 
of the two independent random variables are valid provided the values 
of all means and variances are finite. It is also assumed in the deri- . 
vation of Equations (9-21) and (9-22 ) that, in addition to the first 
two random variables being independent, there is equal probability 
of one member of one random variable combining with any member 
of the other. The equations may be extended to apply to any number 
of variables, provided the universes are all independent. 

If the two random variables are subtracted, the means subtract 
but the variances add. 

Example 9-3 : 

In this example, it is assumed that telephone connections may 
be established between switching machines in two cities, A and C,  
by way of a switching machine in city B. The trunks between 
A and B have a mean loss of 2. 7 dB and a standard deviation 
of 0.7 dB. The trunks between B and C have a mean loss of 
1.6 dB and a standard deviation of 0.3 dB. When connections are 
established from A to C, there is in each link (AB and BC)  equal 
likelihood of connection via any trunk in the group. Determine 
the mean loss of connections from A to C and the standard 
deviation of the distribution of loss between A and C. 

The standard deviation of the distribution of overall losses 
may be found from Equation (9-22) . It is 

U"AC - � I  2 2 - " U"AB + U"BC 

== yO. 72 + 0.32 == 0. 76 dB. 

The mean value of the derived random variable (the mean loss 
from A to C) is found from Equation (9-21) to be 

== 2.7 + 1.6 == 4.3 dB. 
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Example 9-4 : 

Assume the distribution of A to C trunk losses determined 
in Example 9-3, i.e. , Lc == 4.3 dB and O"Ac == 0.76 dB. Assume 
further that the distribution of talker volumes at A is given 
by Xvoi A == -15 vu, and O"voi A == 2 vu. The mean of the distribu
tion of volumes at C may be determined by 

Xvol C == Xvol A - XAc 
== -15 -4.3 == -19.3 vu. 

The standard deviation of volumes at C is given by 

O"vol C == � o-!ol A + o-!c == y22 + 0.762 

== 2.14 vu. 

This type of computation, involving the difference between mean 
values, is applicable to the determination of grade of service. 

9-5 DISTRIBUTION FUNCTIONS 

A number of different distribution functions of random variables 
are used to represent various phenomena in the field of telecommuni
cations. Each may be expressed mathematically and graphically to 
illustrate its applicability and general characteristics. 

Gaussian or Normal Distribution 

A random variable is said to be normally distributed if its density 
function is a Gaussian curve, i.e., if the function can be written in 
the form 
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The density functions of many random variables are found to take 
this form and may be expressed by 

1 2 2 
fx (x )  == e - (x-X) 2ux , - oo < X < + oo (9-23) 

<Tx yi27T 

where e is the base of natural logarithms. If it is assumed that 
X == 0 and ux == 1, Equation (9-23 ) represents the unit ( standard 
form) normal density function. It may be written 

1 2 fx ( x) == e -x ;2 
yi2'7T . (9-24) 

The corresponding unit normal cumulative distribution function is 

( 9-25 ) 

where u is the variable dummy of integration. To illustrate these 
functions, Equations (9-24) and (9-25) are plotted as Figures 
9-12 and 9-13. 

/x (x) 

-3 -2 -1 0 
X ----+-

2 3 

Figure 9- 1 2. Unit normal density 
function. 

Fx (x) 

-3 -2 - 1 0 
X ----+-

2 3 

Figure 9- 1 3. Unit normal cumulative 
distribution function. 
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The density function of the normal distribution is written in 
rather simple form as shown in Equation (9-23) . The cumulative 
distribution function, which is its integral, cannot be written in 
closed form. Its values have been computed by numerical techniques 
with considerable precision. Values are given in Figure 9-14 for the 
unit normal cumulative distribution function, Equation (9-25) . Per-

X F(x)  X F (x) X F (x)  

-4.0 0.00003 -0.9 0.1841 1.1 0.8643 
-3.301 .0005 -0.842 .2000 1.2 .8849 
-3.090 .0010 -0.8 .2119 1.282 .9000 
-3.0 .0013 -0.7 .2420 1.3 .9032 
-2.9 .0019 -0.674 .2500 1.4 .9192 
-2.881 .0020 -0.6 .2741 1.5 .9332 
-2.8 .0026 -0.524 .3000 1.6 .9452 
-2.749 .0030 -0.5 .3085 1.645 .9500 
-2.7 .0035 -0.4 .3446 1.7 .9554 
-2.652 .0040 -0.385 .3500 1.8 .9641 
-2.6 .0047 -0.3 .3821 1.9 .9713 
-2.576 .0050 -0.253 .4000 1.960 .9750 
-2.5 .0062 -0.2 .4207 2.0 .9772 
-2.4 .0082 -0.126 .4500 2.1 .9821 
-2.326 .0100 -0.1 .4602 2.2 .9861 
-2.3 .0107 0 .5000 2.3 .9893 
-2.2 .0139 0.1 .5398 2.326 .9900 
-2.1 .0179 0.126 .5500 2.4 .9918 
-2.0 .0228 0.2 .5793 2.5 .9938 
-1.960 .0250 0.253 .6000 2.576 .9950 
-1.9  .0287 0.3 .6179 2.6 .9953 
-1.8  .0359 0.385 .6500 2.652 .9960 
-1 .7  .0446 0.4 .6554 2.7 .9965 
-1.645 .0500 0.5 .6915 2.749 .9970 
-1.6  .0548 0.524 .7000 2.8 .9974 
-1.5  .0668 0.6 .7257 2.881 .9980 
-1.4 .0808 0.674 .7500 2.9 .9981 
-1.3 .0968 0.7 .7580 3.0 .9987 
-1.282 .1000 0.8 .7881 3.090 .9990 
-1.2 .1151 0.842 .8000 3.301 .9995 
-1.1  .1357 0.9 .8159 4.0 .99997 
-1.036 .1500 1.0 .8413 
-1.0 .1587 1.036 .8500 

Figure 9- 1 4. Normal probabi l ity distribution function val ues. 
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centages of the normal distribution that lie within and outside certain 
symmetric limits of the normal density function are illustrated in 
Figure 9-15. 

It is often useful to plot the cumulative distribution function from 
collected data. For the normal distribution this gives an S-shaped 

-30" l �-�-l�:::=:J .IJ J 
85.00% 

90.007o 

95.45 % 

3u 

14---------- 99.73%---------� 

-30" 

(a) Areas between selected ordinates of the normal curve 

-0" 0 0" 
--------- 0.9995 --+--ll----+--+---1 ..... 0.0005 

-------- 0.9990 0.001 .. 

------ 0.995 o.oo5 --. 

----- 0.990 0.01 ---.. 

---- 0.95 0.05 ---· 

+---- - - - --- 0.90 ---------i�l---- 0.1 0 ----. 

(b) Areas beyond selected ordinates of the normal curve 

Figure 9- 1 5. Areas between and beyond selected ordinates o·f the normal curve. 
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curve, called an ogive, such as that illustrated in Figure 9-13. By 
suitable distortion of the cumulative probability scale, the ogive can 
be made to appear as a straight line. Commercially available graph 
paper, called arithmetic probability paper, having just such a dis
torted scale has been designed for use with normal distributions. 
When a set of observations has been plotted on such paper, it is a 
simple matter to estimate the mean by reading the 50 percent point, 
and the standard deviation by reading the values at the 16 percent 
and 84 percent points, which are separated by approximately 2o-. 

It can be shown that ( 1 )  with certain constraints, if n samples 
are drawn from a sample space, the mean values of the samples con
stitute a random variable whose density, fx ( x) , is concentrated near 
its mean and (2 )  as n increases, fx (x)  tends to a normal density 
curve regardless of the shape of the densities of the samples of n. 
The constraints are that n must be large (usually greater than 10 )  
and that the standard deviation of the random variable must be 
finite. This is the central limit theorem. 

Poisson Distribution 

The Poisson distribution is a discrete probability distribution 
function which takes the form 

Ax e -X 
Fx (x )  == x !  , x == 0, 1, 2 . . . , 

A >  0. 

(9-26 )  

The corresponding probability density function i s  a sequence of 
impulses expressed 

00 

� Ax 
fx (x )  == e - x � -,- . X .  (9-27)  

x=O 

In these equations, A is a constant. The derivation of the Poisson 
distribution is based on the assumptions that the number of observa
tions, n, is large (usually greater than 50 ) ,  that the probability of 
success, p, is small (less than 0.075n) , and that the product of the 
two, np, is a constant. Among the properties of the Poisson distribu-
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0.2 

0.1 

0 

0 

fx(X) 

0 1 2 3 4 5 6 7 8 9 10 
X ---+ 

Fx(X) 

(a) Density function 

� I I : 
r 

0 1 2 3 4 5 6 7 8 9 10 
x ---+ 

(b) Distribution function 

Figure 9- 1 6. Poisson distribution. 

tion are the facts that A is equal to 
the mean value and that the vari
ance, a-2, is also equal to A. The 
Poisson distribution is illustrated 
in Figure 9-16 for A = 3. 

This distribution is useful in 
studying the control of defects in 
a manufacturing process, the oc
currence of accidents or rare dis
ease, and the congestion of traffic, 
including telephone traffic. It has 
also been used to represent the 
statistics of discontinuities in a 
transmission medium due to cer
tain manufacturing processes and 
to damage caused by rocks falling 
upon the cable during installation. 

Binomia l Distribution 

A combination of n different ob-
j ects taken x at a time is called 

a selection of x out of n with no attention given to the order of 
arrangement. The number of combinations of such a selection is 

denoted by_ ( � } It is defined as 

n ! 
x ! (n-x)  

If p is the probability of  sucess in  any single trial and q == 1 -p i s  
the probability of failure, then the probability of success for x times 
out of n trials is given by 

P (x)  == ( � ) (9-28) 
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/x(X) 

0.2 

0.1 

0 

X -+  

Figure 9- 1 7. Density function for 
binomia l distribution. 

Example 9-5 : 

This is known as the binomial dis
tribU;tion. Its density function may 
be written 

n 

/x (x)  = ,Z ( � )  p• q•-•. (9-29) 
x = O  

This function is a sequence of im
pulses as illustrated by Figure 9-17, 
where n = 9 and p = q = 1 /2. 

The mean value of the binomial 
distribution is equal to np and the 
variance is a-2 = npq. , 

Consider the 1000 trunks of Example 9-1 .  Recall that 850 
of these trunks meet both noise and loss objectives. Thus, 
150 trunks fail to meet the loss or the noise objective or both. In 
five consecutive connections using these trunks, where equal 
probability of using any trunk is assumed, ( 1 )  what is the 
probability that all five connections will be satisfactory with 
respect to both noise and loss and (2 )  what is the probability 
that two out of five calls will be unsatisfactory ? 

850 
(1 ) p == 1000 == 0.85 

q == 1 - p == 0.15  

n == 5 trials 

x == 5 successful trials. 

Using Equation (9-28 ) , 

P (x )  == 5 ! (5
5�5 )  ! (0.855) (0 .155-5) . 

Since it can be shown that 0 !  == 1 and x0 == 1, P (x)  == 0.855 == 0.44. 
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(2)  p == 0.15 

q == 0.85 

n == 5 

X == 2 .  

Elements of Transmission Analysis 

Again using Equation (9-28) , 

5 ! P (x)  == 
2 ! ( 5_2) ! (0 .152 ) (0.855-2 )  

== 0.14. 

Bi nom ia 1-Poisson-Norma I Relationships 

Vol .  1 

The three distributions described so far are related to one 
another. If np and nq are both greater than 5, the binomial distribu
tion can be closely approximated by a normal distribution with 
standardized variable, 

Z ==  
x - np 
ynpq . 

The unit norn1al density function, Equation ( 9-24 ) , may then be 
written 

I ( ) -----=1==- e-z2f2. z z == y27T 

If, in the binomial distribution, n is large and the probability, p, 

of an event is close to zero ( q == l-p is nearly 1 )  , the event is 
called a rare event. In practice, an event can be considered rare 
if n > 50 and if np < 5. In such a case, the binomial distribution is 
very closely approximated by the Poisson distribution with A. == np. 
For this case the Poisson density function, Equation ( 9-27 ) , may 
be written 

co 

fx (x)  == e-np � (np) x 
� x !  

x=O 

log-Normal Distribution 

Here the random variable is normally distributed when expressed 
in logarithmic units, for example, decibels. Commercially available 
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graph paper is designed so that a log-normal distribution plots as 
a straight line. 

The log-normal distribution is often encountered in transmission 
work. In some cases, where the phenomena to be analyzed are 
multiplicative, the treatment of log-normal distributions is straight
forward because in logarithmic form the phenomena are additive 
and so may be treated as any other random variable in which additive 
combinations are under consideration. An example is the evaluation 
of the overall gain or loss of a circuit containing many tandem
connected components, each of which may be represented by a random 
variable whose distribution is log-normal. A transmission system 
having a number of transmission line sections and a number of 
amplifiers in tandem can be so analyzed. 

In some cases, the phenomena are individually log-normal but 
are combined in such · a way that the antilogarithms must be con
sidered as the random variables. An example is found in the analysis 
of signal voltages of combinations of talker signals in multichannel 
telephone transmission systems. Here, the individual talker dis
tributions are log-normal. The distributions, however, combine by 
voltage (not log-voltage) to produce a total signal which must be 
characterized with sufficient accuracy to evaluate the probability of 
system overload. The analysis, which must be made by graphical or 
mathematical approximations, has been applied to load-rating theory 
for transmission systems [3] . 

U n iform Distribution 

This distribution, sometimes called a rectangular distribution 
from the shape of the density function, is represented by the density 
function 

1 
fx (x) == ----, Xa < X  <xb Xb - Xa 

== 0, elsewhere. 

(9-30)  

This function and the corresponding distribution function are shown 
in Figure 9-18. 
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/x(X) Fx(X) 

Xb - Xa 

0 X a 0 0�-----x'a--------�X�b -----

X --+  

Figure 9- 1 8. Density and cumulative distribution functions of a uniform, or 
rectangular, distribution. 

Example 9-6 : 

Given a manufacturing process for an amplifier having 6-dB 
gain with acceptance limits of + 0.25 dB and given that the 
random variable (the gain) is uniformly distributed between 
the two limits, what is the probability that the gain, G, is 
between 5.9 and 6.1 dB ? 

From Equation (9-12) , it can be shown [1] that 

x2 
Fx (x.) - Fx (Xt )  = J fx (x) dx 

xl 
and that 

6.1 

P(5.9 < G < 6.1 }  = J fc (x) dx. 
5.9 

From Equation ( 9-30) , 

1 1 
fc (x)  == --- - -0.5 

. 
Xb-Xa 
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Then 

Probability and Statistics 

6.1 
p { 5.9 < G < 6.1 } == 0�5 

J dx 
5.9 

== �:� == 0.4. 

249 

Thus, about 40 percent of all amplifiers of this type will have 
gain values between 5.9 and 6.1 dB. 

Rayleigh Distribution 

The density function for the Rayleigh distribution may be written 

X 2 2 fx (x)  == -2- e-x f2u- x > 0 a- ' = 

== 0, 

(9-31 )  

This density function, illustrated by Figure 9-19, i s  often used to 
approximate microwave fading phenomena. 

9-6 STATISTICS 

The subject of  statistics covers 
the treatment and analysis of data 
and the relationships between the 
data and samples taken from the 
data. Statistics also includes me
thods of evaluating the confidence 
in the accuracy of the relationships 
inferred from data samples. 

Centra l Va lues and Dispersions 

2cr fx(x) 
-v-e 

0 1 
2u2 

For many purposes, statements 
of the central value, X, and the 
dispersion, a-, provide an adequate Figure 9- 1 9. Rayleigh density function .  

summary of a set of  observations. 
Estimates of central values and dispersions, based on experimental 
outcomes, are frequently used instead of functional relationships 
which are often not known. 
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There are a number of ways of expressing both the central value 
and the dispersion of a random variable. Since the mean and variance 
are most easily treated, it is frequently convenient to transform other 
measures of central values or dispersions to the mean and variance. 
A specific reason for this convenience is that the relationships of the 
mean and variance of a subset of samples to the mean and variance 
of the sample are simple and essentially independent of the nature of 
the density and distribution functions representing the sample space. 

Central Values. A central value may be regarded as an average, 
where the word average is used in its broadest sense. Following 
is a list of expressions for the central value of a set of observations 
that might be used in various circumstances : 

( 1 )  The median is a central value of the random variable defined 
such that, in a set of observations, half the observations have 
values greater than the median and half less than the median. 
If a number of discrete observations are arranged in order of 
magnitude, the median is the middle one if there is an odd 
number of observations. If there is an even number of observa
tions, the median is the arithmetic average of the two middle 
observations. 

(2 )  The midrange is one-half the sum of the largest and smallest 
of the observations. 

( 3) The mode is the most common value of the variable. It is an 
estimate of the value of x at the maximum of the density 
function, Equation (9-12) . If the density function has two 
or more maxima, the distribution is described as bimodal or 
multimodal. 

( 4) The geometric mean is the nth root of the magnitude of the 
product of all n observations. 

(5 )  The root mean square (rms) is the square root of the arith
metic mean of the squares of the observations. 

( 6) The arithmetic mean is the measure having the greatest utility 
in probability theory. It is sometimes simply called the mean 
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value or the average, where here average has a narrower con
notation than used earlier. Arithmetic mean is an estimate of 
mathematical expectation. As shown previously in Equation 
( 9-13) , the estimate of the mean may be written 

n 

where 2:. Xi is the sum of the values of the observations, Xi, 
i= l 

and n is the total number of observations. 

Dispersions. A complete description of the dispersion might consist 
of a tabulation of all deviations. The deviation of any observation, in 
turn, is the magnitude of the difference between that observation and 
some stated central value of the observations. Some central value 
of deviations may be defined as a measure of dispersion. Several 
commonly used expressions and definitions for dispersions are given 
in the following : 

( 1 )  The range is simply the difference between the smallest and 
largest observations in the sample. 

( 2 )  The mean deviation is the arithmetic mean of absolute devi
ations about the mean central value. It is seldom used. 

(3 )  The standard deviation is the measure of dispersion which 
is used as the basis for most of the mathematical treatment 
of dispersion values in probability theory and in statistical 
analysis. It is sometimes called the rms deviation. It is given 
the Greek letter u as its symbol. The square of the standard 
deviation is the variance . 

Histogram 

Sometimes it is desirable to display graphically the number of 
observations that fall in certain small ranges or intervals. The entire 
range of observations is divided into cells, and the number of obser-
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vations falling in each cell is listed. The upper bound of each cell is 
included in the cell. A graphical representation, shown in Figure 9-20, 
may be prepared by showing values of x as the abscissa and con
structing at each cell a rectangle having an area proportional to the 
number of observations in the cell. The resulting diagram is called 
a histogram. If the ordinate is expressed in terms of the fraction 
or percentage of total observations, the histogram is also called a 
relative frequency diagram. This is illustrated by the right-hand 
ordinate scale in Figure 9-20. The illustration is a plot of the data 
of Example 9-2 and of the c.d.f. illustrated by Figure 9-9. 
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Figure 9-20. Histogram. 
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Sampling involves the measurement of some elements of a universe 
or sample space. By proper choice of sampling procedure, parameters 
describing the samples can be used to establish relationships between 
the parameters of the samples and the parameters of the universe 
from which they were drawn. Thus, sampling is useful in the esti
mation of the parameters of the sample space. 

Sampling theory is also useful in the determination of the signifi
cance of differences between two samples. Tests of significance and 
decision theory depend on sampling theory [ 4] . 
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To assure the validity of the results of a sampling procedure, 
samples must be chosen so that they are representative of the universe. 
One such process is called random sampling. This may be accom
plished physically, for example, by drawing the samples from a bowl 
in which the universe is represented by properly identified slips of 
paper or other representative elements. The bowl is agitated before 
each drawing of a sample to guarantee random selection. Tables of 
random numbers are also available and can sometimes be used to 
advantage. 

If a sample is drawn from the universe, recorded, and then placed 
back into the universe before the next is drawn, the process is called 
sampling with replacement. If it is not returned, the process is called 
sampling without replacement. Both processes are used, the choice 
depending on circumstances. The process of determining the method 
of sampling is involved in the design of the experiment. 

As previously discussed, the sum of random variables may be 
expressed in terms of probability theory as the addition of two or 
more functions of the random variable. Summing may also be a 
statistical process. A sample may be drawn from one sample space 
and another sample from the same sample space or from a second 
one. The two values are added and recorded, and the samples are 
returned and mixed. The process is repeated many times, and from 
the recorded data the mean and variance may be computed for the 
summed data by Equations (9-21 )  and (9-22) . Such a process is 
often necessary when the parameters of the two original sample 
spaces are not known. 

If one value is drawn from each of several similar universes or 
if several values are drawn from a single universe, independence 
among the members of the sample is maintained by sampling with 
replacement. The relationships among the samples can then be used 
to estimate the parameters of the original universe (s) . Such a 
sample is called a random sample. The size of the sample is designated 
by the number of members or values, n. 

The mean of the sample is the sum of the sample values divided by 
n. Thus, the mean of the sample means is equal to the mean of the 
universe. The variance of the sample means is equal to the variance 
of the universe divided by the sample size. 
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Estimation .  Estimation involves the drawing of inferences about a 
universe or sample space from measurements of a sample drawn from 
the sample space. Estimation is sometimes broken down into point 
estimation and interval estimation. In point estimation a particular 
parameter, such as the mean of the unknown universe, is sought. 
In interval estimation two values are sought between which some 
fraction (such as 99 percent) of the unknown universe is believed 
to lie. In some respects, interval estimation is simply two problems 
in point estimation. 

In choosing the methods of estimation, the sample and the set of 
observations based on it may contain extraneous material which does 
not belong but which may have a serious effect on the estimate. 
Estimation may have as one of its objectives the identification and 
elimination of such invalid data. 

In experimentation and production, measurements are made to be 
used as samples from the potential universe of measurements that 
might be made. The universe as a whole is nonexistent ; its parameters 
are not and cannot be known, and there is no way to determine what 
they really are. However, it is expected that, if many measurements 
are made and the results expressed statistically, the computed values 
will very nearly represent "true values" for the universe. Since the 
universe is in fact nonexistent and since the "true values" cannot 
really be defined, there is no way to define a best estimation. It is 
necessary to rely on statistical analyses to determine that results 
are consistent and unbiased. 

This discussion of estimation has been presented to give realization 
that, while there are similarities between the methods of estimation 
and prediction, there are significant differences, too. Space does not 
permit a more thorough discussion of estimation but one more point 
must be stressed, that of confidence limits. 

Confidence Limits. In addition to making estimates of sample space 
parameters, it is often desirable to express a measure of the limits 
of confidence in the values. If there is a sample of n observations 
having a mean value of Xn taken from a sample space having a stand
ard deviation of cr, the mean of the sample space may be said to have a 
value x lying between limits of acrjyn and -acrjyn about x. This 
interval is called a confidence interval and its two end values, 
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x + acr jyn, · are the confidence limits. If by using this estimation 
procedure to set the interval it is expected that the right answer is 
obtained 99.7 percent of the time (the area under the normal density 
curve between ± 3cr points, i.e., a = 3) , the limits are called 99.7 
percent confidence limits. Methods are available for determining limits 
for various levels of confidence for different types of distributions [ 4] . 
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Elements of Transmission Analysis 

Chapter 1 0  

Information Theory 

The significance and impact of information theory on the con
ception, design, and understanding of communication systems have 
been very large in the years since the publication in 1948 of 
Shannon's first paper on the subject, later published in book form [1] .  
While the subject has its roots and genesis in abstract mathematical 
thinking, its importance is so great that it cannot be bypassed or 
overlooked here on the excuse that its thorough understanding 
requires a full knowledge of underlying mathematical principles 
which are beyond the scope of this book and assumed level of 
academic background of its readers. 

The transmission and storage of information-by human speech, 
letters, newspapers, machine data, television, and countless other 
means-are among the most commonplace and most important aspects 
of modern life. The processes have at least three major facets : 
syntactic, semantic, and pragmatic. 

The syntactic aspects of information involve the number of possible 
symbols, words, or other elements of information, together with the 
constraints imposed by the rules of the language or coding system 
being used. Syntactics also involves the study of the information
carrying capabilities of communications channels and the design 
of coding systems for efficient information transmission with high 
reliability. 

In communications engineering, the technical problems of the syn
tactic aspects of information are of primary concern. While this may 
appear to restrict the engineering role to one that is relatively super
ficial, it must be recognized that the semantic and pragmatic aspects 
of information transmission may be seriously degraded if excessive 
syntactic errors are introduced. Therefore, the importance of these 

256 
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other aspects of information transmission must be appreciated while 
the technical problems of transmitting and storing information are 
being solved. 

The semantic aspects of information often involve the ultimate 
recipient of the information. The understanding of a message depends 
on whether the person receiving it has the deciphering key or under
stands the language. The problems of semantics generally have little 
to do with the properties of the communication channel per se. 

The pragmatic aspects of information involve the value or utility 
of information. This is even more a function of the ultimate recipient 
than semantics. The pragmatic content of information depends 
strongly on time. For example, in a production management system, 
the information on production, sales, inventories, distribution, etc., 
is made available at regular intervals. If the information is late, its 
value may be significantly decreased ; indeed it may be worthless 
to the recipient. 

Ultimately, the value of any information system is dependent on 
all three aspects of storage and transmission of information. The 
user's willingness to pay for a system is a function of its practical 
utility, and a more complex and expensive system can be justified 
only by the increased utility of faster response times or greater 
accuracy. 

The purposes here are ( 1) to present a brief historical sketch of 
the mathematical background to Shannon's work, (2)  to provide 
some appreciation for the subject in terms of what is meant by 
information and its important relationships to probability theory, 
(3 )  to present enough mathematical �ackground to illustrate the 
importance and power of information theory, and ( 4) to present 
the fundamental theorems of information theory and discuss their 
relationship to transmission system design and operating problems. 

1 0- 1  THE H ISTORICAl BASIS OF INFORMATION TH EORY 

The basis upon which most modern communication theory is built 
has an extensive, implicit background in the work of Fourier. Early 
in the nineteenth century he demonstrated the great utility of sinu
soidal oscillations as building blocks for representing complex 
phenomena and, by his studies on heat flow, he revealed the nature TCI Library: www.telephonecollectors.info
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of factors governing response time in physical systems. This led to 
the modern description of communications systems in terms of avail
able bandwidth, which, in turn, is related to the impulse response of 
the system when signals more complicated than sine waves are im
pressed. The signal itself is regarded as having a spectrum defining 
the relative importance of different frequencies in its composition 
and a bandwidth determined by the frequency range. If the bandwidth 
of the system is less than that of the signal, imperfect transmission 
occurs. 

During the late 1920s, Nyquist and Hartley �made significant con
tributions [2, 3, 4] . Hartley's work quantified the relationship be
tween signalling speed, channel bandwidth, and channel time of 
availability. Nyquist's analyses led to conclusions that are now 
well-known throughout the communications industry as Nyquist's 
criteria for pulse transmission [3] . They apply to the suppr2ssion 
of intersymbol interference in a bandlimited medium. The criteria 
may be stated as follows : 

( 1 )  Theoretically error-free transmission of information may be 
achieved if the signalling rate of the transmitted signal is 
properly related to the impulse response of the channel as 
discussed in Chapter 6. These conditions are met if the time 
of occurrence of any pulse corresponds to the zero amplitude 
crossings of pulses received during any other time interval. 
When the proper conditions are met, the maximum signalling 
rate is 211 bauds, where /1 is the cutoff frequency of the 
channel expressed in terms of a low-pass filter characteristic. 

(2)  Equally valid error-free transmission of information may be 
accomplished if the channel characteristic produces zero 
amplitude crossings of the received pulses at intervals corre
sponding to those halfway between adjacent signal impulses. 
In this case, the receiving circuits are adjusted to detect 
transitions in the signal at intervals corresponding to those 
times halfway between adjacent signal impulses. (At the cost 
of doubling the band, criteria 1 and 2 can be met simultane
ously by providing a certain channel characteristic, namely 
the so-called raised cosine characteristic. This channel charac
teristic is often used because it provides margin for departures 
from ideal in filter design, in the timing circuits needed to 
perform the detection function, and in protection against 
external sources of interference. )  TCI Library: www.telephonecollectors.info
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(3)  The third criterion for error-free transmission is that the 
area under a received signal pulse should be proportional to 
the corresponding impressed signal pulse value. The response 
to each impulse, therefore, has zero area for every signalling 
interval except its own. 

Nyquist and Hartley were concerned with maximum efficiency 
(highest speed) of transmission of telegraph signals in a bandlimited 
system ; the rate of transmission must take into account performance 
limitations due to intersymbol interference and interrelated channel 
and signal characteristics. Insofar as external sources of interference 
were concerned, they assumed an ideal, noise-free transmission 
medium. As a result of his work, Nyquist's name has found a place 
in the technical vocabulary in such terms as Nyquist bandwidth, 
Nyquist rate, and Nyquist interval. 

Applying their research efforts to a generalized channel and to 
considerations of performance in the presence of noise and inter
ference from external sources, Wiener and Shannon made significant 
contributions to communications theory during the 1940s and 1950s 
[1, 5, 6] . Shannon, particularly, is credited with initiating the 
science of information theory. 

1 0-2 THE U N IT OF I N FORMATION 

To be useful, information must be expressed in some form of 
symbology that is known and understandable to both the originator 
and the recipient of a message. The symbology may be spoken or 
written English, French, or German ; it may be the dots and dashes 
of Morse code ; it may be the varying waveforms of a television video 
signal ; it may be the Os and 1 s of a binary code, etc. Although infor
mation is popularly associated with the idea of knowledge, in informa
tion theory it is associated with the uncertainty in the content of a 
message and the resolution of that uncertainty upon receipt of the 
message. 

If a message source forms messages as a set of distinct entities, 
such as Morse code symbols, the source is called a discrete source. 
If the messages form a set whose members can differ minutely, such 
as the acoustic waves at a telephone set or the light variation picked 
up by a television camera, the message source is said to be a con
tinuous source. In either case, it is possible to express the information TCI Library: www.telephonecollectors.info
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in terms of equivalent discrete symbols. If the message produces a 
continuous signal, the translation from a continuous to a discrete 
format is accomplished by the use of the sampling theorem and a 
process of quantization (see Chapter 8 ) . 

The simplest discrete format is binary ; that is, the information is 
expressed in symbols that can attain one of two equally likely values. 
The unit used to express the binary format is the bit ( binary digit ) . 
In binary terms, the number of information symbols generated may 
be expressed as 

m == log2 n bits, ( 10-1 ) 

where m, the amount of information, is a function of the logarithm of 
the number of outcomes, n, that may be attained by the message 
source. In Equation ( 10-1 ) , the logarithm is taken to the base 2 ;  
this has been found to be the most convenient in solving theoretical 
communication problems because most practical system applications 
are binary. * Therefore, the unit most generally used in information 
theory is the bit. 

Although bit was derived from binary digit, the two are really 
different and care should be exercised in their use. The bit is a meas
ure of information, while a binary digit is a symbol used to convey 
that information. To illustrate the difference, consider a channel 
capable of transmitting 2400 arbitrarily chosen off-or-on pulses per 
second. Such a channel has an information capacity of 2400 bits per 
second but, if the channel is used to transmit a completely repetitive 
series of off-on pulses at 2400 per second, the actual rate of informa
tion transmission is 0 bits per second despite the fact that the channel 
is then transmitting 2400 binary digits per second. To say the channel 
is transmitting 2400 bits per second under these conditions is to 
misuse the word bit. 

1 0-3 ENTROPY 

It should be recognized now that the information contained in a 
message is a matter of probability. The message is a set of symbols 
taken from a larger set. If there is no uncertainty about what the 

*Information can, of course, be measured in logarithmic units other than those 
to the base 2. If base 10 is used, the information is measured in decimal digits, 
or hartleys ; if the base e is used, information is in natural units, or nats. TCI Library: www.telephonecollectors.info
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m�ssage is (what set of symbols is expected by the recipient) , the 
message contains no information. If there is uncertainty and by 
successful receipt and decoding of the message the uncertainty is 
resolved, an amount of information has been transmitted equal to 
that defined by Equation ( 10-1 ) . Something more is needed, however, 
some measure of the uncertainty in a message before it is decoded. 
This measure is called entropy. 

Since a coded message is chosen from among a set of code symbols, 
there are more choices and, therefore, more uncertainty in long 
messages than in short messages. For example, there are just two 
possible messages consisting of one binary digit ( 0 or 1 ) ,  four mess
ages consisting of two binary digits (00, 01 , 1 0, or 1 1 ) ,  16 consisting 
of four binary digits, and so on. The entropy in the message increases 
for each of these cases as the number of choices increases. If the 
freedom of choice and the uncertainty decrease, the entropy decreases. 

If a message source is not synchronous, that is, not producing 
information symbols at a constant rate, it is said to have an entropy, 
H, of so many bits per symbol ( letter, word, or message) . However, 
if the source does produce symbols at a constant rate, its entropy, H', 
is expressed as so many bits per second. 

The simple expression in Equation ( 10-1 ) may be expanded as an 
expression for entropy by including a factor for the expectation of 
each possible outcome : 

H == - (Pt log2 Pt + P2 log2 P2 + . . .  + Pn log2 Pn) 

n 
== - L:, Pi log2 Pi bits per symbol. 

i = l  

( 10-2) 

In this equation, there are n independent symbols, or outcomes, 
whose probabilities of occurrence are Pt, P2 • • •  Pn· 

Equation ( 10-2) may be used to illustrate the effect on the entropy 
of a source when probability Pt is changed. For the simple case in 
which there are just two choices (X with probability Pt and Y 
with probability P2 == 1 - Pt ) ,  the value of H is plotted in Figure 10-1. 
Examination of the figure makes it clear that for this case the entropy, 
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Probability, Pt 

Figure 1 0- 1 . E ntropy of a simple source. 

H, is a maximum of one bit per symbol when P1 == P2 == 1/2 and that 
the entropy is zero when P1 == 0 or 1 (no uncertainty in the message) . 

It may be shown that this situation is typical even when the 
number of choices is large. The entropy is a maximum when the 
probabilities of the various choices are about equal and is a small 
value when one of the choices has a probability near unity. 

Example 10-1 : 

Given an honest coin. If it is tossed once, there are two 
equally probable outcomes, namely, head or tail. The entropy 
is computed by Equation ( 10-2) as 

H == - [0.5 ( -1.0 ) + 0.5 ( -1.0) ] 

== 1.0 bit. 

If the coin has two heads, the probability of a head is unity. Then 

H == - ( 1 .0 log2 1.0)  

== 0 bit. 

Thus, the tossing of a two-headed coin gives no information. The 
outcome has no uncertainty ; it is always heads. 
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Example 10-2 : 

Given an honest die. One roll of such a die can result in any 
one of six equally probable outcomes. Thus, using Equation 
( 10-2) again, it is seen that the entropy of the source (the die ) is 

H ==- -log2 ( 1/6)  

==- 2.58 bits. 

Now, assume the die is loaded ; in this case the outcomes are not 
equally probable. Assume the following probabilities for the 
various possible outcomes : 

DIE FACE PROBABI LITY 

1 0.4 
2 0.2 
3 0.1 
4 0.1 
5 0.1 
6 0.1 

H ==- - (0.4 log2 0.4 + 0.2 log2 0.2 + 0.4 log2 0.1 ) 

==- 2.32 bits. 

An example of a more complex relationship between probability 
of occurrence and entropy is illustrated by an evaluation of the 
information content of the written English language. As a first 
approximation, the occurrence of the 27 symbols representing the 
26 letters of the alphabet and a space may be assumed to be equally 
probable. Such an approximation sets the upper bound at 

H ==- log2 27 ==- 4.75 bits per symbol. 

This approximation, however, is inaccurate since the probabilities of 
occurrence are quite different for different letters. For example, in 
typical English text the l,etter E occurs with a probability of about 
0.13, while Z occurs with a probability of only about 0.0008. By con
sidering such probabilities and other refinements, the information 
content of English text is estimated to be about one bit per symbol . TCI Library: www.telephonecollectors.info
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1 0-4 THE COMMUNICATION SYSTEM 

The term information has been defined in terms of logarithmic 
units (bits) , and the measure of information has been defined as 
entropy in bits. The concept of information transfer from a source 
to a destination has been described as a probabilistic phenomenon 
involving the probabilities of message generation by the source and 
the resolution of the uncertainties at the destination. These concepts 
may now be more specifically related to the communication system. 

The general communication system is commonly represented in 
one simplified form by a sketch such as the block diagram of 
Figure 10-2. The system is made up of a source of information and 
a destination for the information. Between the source and destination 
are a transmitter, a channel to carry the information, and a receiver. 
The function of the transmitter is to process the message from the 
source into a form suitable for transmission over the channel, a 
process frequently referred to as channel coding. The receiver reverses 
this process to restore the signal to 'us original form so that the mes
sage can be delivered to the destination in suitable form. This process 
is called decoding. The channel in such a system interconnects the 
physically separated transmitter and receiver. It is often assumed 
to be ideal, introducing no noise or distortion. This is, in fact, never 
achievable ; every channel introduces some noise and distortion. It 
should also be recognized that there are noise sources that enter the 
system at places other than the channel ; however, it is convenient 
to assume that all the perturbations on ideal signal transmission are 

Information 
source Transmitter 

Signal Noise 
source 

Receiver 

Received 
signal 

Destination 

Figure 1 0-2. Block schematic of a genera l communication system .  
TCI Library: www.telephonecollectors.info



C hap. 1 0  I nformation Theory 265 

introduced into the channel by a source external to the channel, as 
shown in Figure 10-2. 

Coding 

The coding (and decoding) of messages in the transmitter (and 
receiver) of the communication system of Figure 10-2 may take any 
of a large number of forms and may be done for a number of different 
reasons. At the source the signal is often encoded for the purpose 
of increasing the entropy of the source. Morse's dot-dash coding of 
alphabetical symbols is an example ; he assigned short dot-dash 
symbols to those letters most frequently found in English text and 
longer symbols to those less frequently encountered. Encoding is 
found in the transmitter where the purpose may be to increase 
the efficiency of transmission over the channel, i.e., to increase the 
rate of transmission of information. Encoding may also provide error 
detection, error correction, or both. A thorough review of coding 
principles and techniques is beyond the scope of this chapter ; however, 
practical applications of coding techniques appear in Chapter 8 
( Modulation) and in several chapters of Volume 2 in which terminals 
for specific systems are described. 

Noise 

Noise contains components whose characteristics generally can be 
defined in probability terms and thus theoretically in terms of 
information. The presence of noise in a communication system adds 
bits of information and increases the uncertainty of the received 
signal ; therefore, one might erroneously conclude that noise is bene
ficial. However, since the added noise perturbs the original set of 
choices, it introduces an undesirable uncertainty. 

Figure 10-3 illustrates a simple case of how noise may introduce 
errors in transmission. The transmitted message, shown in Figure 
10-3 (a)  as a series of Os and 1s, is transformed into a series of plus 
( for 1 )  and minus (for 0) voltages in Figure 10-3 (b) . This signal 
is perturbed by an interfering noise depicted in Figure 10-3 (c) . The 
signal and noise voltages add as in Figure 10-3 (d) , and the receiver 
translates the received composite signal into the received message of 
Figure 10-3 (e) which contains three errors. 

The noise introduced in a communication system, such as that 
illustrated in Figure 10-2, may consist of any of a large number of 
kinds of interference introduced in the transmission path. Its TCI Library: www.telephonecollectors.info
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(a} Transmitted 
message 

(b) Transmitted 
signal 

(c) Added noise 

(d) Received signal 
and noise 

(e) Received message 
(Errors are underlined} 

I 
1 1 1 1 1 0 1 0 0 0 1 0  

Figure 1 0-3. Effect of noise on transmission. 

Vol. 1 

characteristic may be well-defined by some probabilistic expression ; 
Gaussian or Poisson distributions are examples. Intersymbol inter
ference, resulting from gain or envelope delay distortion (or both ) , 
may be regarded as noise. Signal-dependent distortion of the signal 
itself, due to nonlinear devices, may also be considered as noise. 
Other possible types of interference (noise) include frequency offset 
or frequency shift, sudden amplitude or phase hits due to external 
influences, echoes (perhaps due to impedance mismatches) ,  or cross
talk due to some other signal being superimposed on the wanted signal 
by way of an unwanted path. Any or all of these interferences can 
produce transmission errors. 

1 0-5 THE FUNDAMENTAL THEOREMS 

The value and broad scope of information theory are expressed 
succinctly by Pierce : "To me the indubitably valuable content of 
information theory seems clear and simple. It embraces the ideas 
of the information rate or entropy of an ergodic message source, the 
information capacity of noiseless and noisy channels, and the efficient 
encoding of messages produced by the source, so as to approach 
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errorless transmission at a rate approaching the channel capacity. 
The world of which information theory gives us an understanding 
of clear and present value is that of electrical communication systems 
and, especially, that of intelligently designing such systems" [7] . 

Shannon presents a large number of theorems, all of which pertain 
to the comments quoted above. There are three, however, that are 
basic and of sufficient importance to discuss here. These are ( 1 ) the 
fundamental theorem for the noiseless channel, (2)  the fundamental 
theorem for the discrete channel with noise, and (3) the theorem for 
the channel capacity with an average power limitation. 

The Noiseless Channel 

Let a source have an entropy of H bits per symbol and a channel 
have a capacity of C bits per second. Then it is possible to encode the 
output, m' , of the source in such a way as to transmit at the average 
rate of CjH - e symbols per second over the channel, where e is 
arbitrarily small. This may be written 

c 
m' == H - e symbols per second. ( 10-3) 

It is not possible to transmit at an average rate greater than CjH. 

It is necessary to distinguish carefully between the m of Equa
tion ( 10-1 )  expressed in bits and the m' of Equation ( 10-3) expressed 
in symbols per second. The quantity m as used in Equation ( 10-1 ) 
is a measure of information produced by a source ( in the simple 
binary case, the number of ls and Os) . Then, 

H' == m' H bits per second, ( 10-4 )  

where m' is the average number of  symbols produced per second, H is 
the entropy produced by the source in bits per symbol, and H' is the 
entropy in bits per second. 

For cases of interest, H' < C and the number of symbols per 
second is 

' - H' 
< _Q_ b I d m - -u- = H sym o s per secon . ( 10-5) 
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Equations ( 10-3) and ( 10-5 ) are equivalent since e in Equation ( 10-3) 
is the amount by which CjH exceeds m' in Equation ( 10-5 ) . Thus, 
a source may produce symbols at a rate of m' symbols per second. 
The entropy may be such that the information produced is only H 
bits per symbol or H' bits per second. The theorem shows that as 
long as H' < C, the source may be coded so that a rate of C !H - e 
symbols per second may be transmitted over the channel of capacity 
C. A rate greater than C ;H cannot be achieved by any coding without 
error in transmission. 

The D iscrete Channel with Noise 

Consider a discrete channel with a capacity, C, and a discrete 
source with an entropy, H'. If H' < C, there exists a coding system 
such that the output of the source can be transmitted over the channel 
with an arbitrarily small frequency of errors (or an arbitrarily small 
equivocation) .  If H' > C, it is possible to encode the source so that 
the equivocation is less than H' -C+e where e is arbitrarily small. 
There is no method of encoding which gives an equivocation less 
than H'-C. 

It seems strange to find a theorem relating to a "discrete channel 
with noise" that has no explicit mention of noise in its statement. 
However, this situation arises from the manner in which Shannon 
leads up to the theorem. Shannon defines the capacity, C, of the 
discrete channel with noise as 

C == Max [H' (x)  - H'y (X ) ] bits per second. ( 10-6) 

In this equation, C is given as the maximum value of source x with 
entropy H' (x)  minus the conditional entropy H'y (X ) .  The latter, in 
turn, is defined as the equivocation, which measures the average 
ambiguity of the received signal due to the presence of noise in the 
system. Thus, noise is included by implication. 

Channel Capacity with an Average Power Limitation 

The capacity of a channel of band W perturbed by white noise* 
of power Pnoise when the average transmitter power is limited to Pmax 
is given by 

C W I  Pmax + Pnoise • 
== og2 p . bits per second. 

notse 
( 10-7) 

*White noise has a flat or constant power spectral density. TCI Library: www.telephonecollectors.info
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Shannon explains, "This means that by sufficiently involved coding 

t t •t b" d" "t t th t W I  Pmax + Pnoise sys ems we can ransm1 Inary 1g1 s a e ra e og2 p . n01.se 
bits per second, with arbitrarily small frequency of errors. It is 
not possible to transmit at a higher rate by any encoding system 
without definite positive frequency of errors" [1] . In Equation ( 10-7 ) , 
w is the bandwidth in hertz ; p max and p noise are signal and noise 
powers that may be expressed in any consistent set of units (as a 
ratio, the units cancel out in the equation) .  As a final restriction, 
Shannon points out that to approximate this limiting rate of trans
mission the transmitted signals must approximate white noise in 
statistical properties. Coding, used to improve the transmission rate, 
is accomplished only at the expense of introducing delay and com
plexity. To achieve or approach the limiting rate may introduce 
sufficient delay in practice as to make the process impractical. 

Other theorems of Shannon give the rate of information transmis
sion for other sets of conditions. For example, the condition of peak 
power rather than average power limitation is covered. For noise 
other than white noise the transmission rate cannot be stated ex
plicitly but can be bounded. The bounds are usually near enough to 
being equal that most practical problems can be solved satisfactorily. 

1 0-6 CHANNEL SYMMETRY 

It may be shown that the maximum rate of transmission of infor
mation (the capacity) can be determined for a symmetical channel 
by straightforward means but that the computation for an unsym
metical channel becomes complicated [7] . A symmetrical channel is 
one in which the probability, p, of a 0 from the source being received 
as a 0 is equal to the probability that a 1 from the source is received 
as a 1 .  Thus, the probability that a transmitted 0 would be received as 
a 1 and the the probability that a 1 would be received as a 0 are 
both equal to ( 1-p ) . Most practical problems involve symmetrical 
channels. 

Example 10-3 : 

Given the symmetrical channel of Figure 10-4 (a)  having a 
transmitter, x, a receiver, y, and additive noise ; given channel 
performance such that p = 0.9 [as shown in Figures 10-4 (b) and 
10-4 (c) ] ;  and given the statistics of the transmitter such that 
the probability of a 1 is 0.6 and of a 0 is 0.4. What is the entropy 
of the signal received at y ?  
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(a) 

(b) 

(c) 
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From Equation ( 10-2) , the entropy of the transmitter is 

H (x)  == - (0 .6 log2 0.6 + OA log2 0.4) == 0.97 bit per symbol. 

The rate of transmission, R, may be shown by an expression 
similar to Equation ( 10-6 ) , 

R == H' (x) - H'y (x )  bits per second. 

The equivocation, H'y (x) , may be found by 

H'y (x)  == -p log2 p - ( 1-p ) log2 ( 1-p) 

== -0.9 log2 0.9 - 0.1 log2 0 .1 == 0.469 bit per second. 

Thus, 

R == 0.97 - 0.469 == 0.501 bit per second. 

This is the entropy of the signal at y for the situation in 
Figure 10-4 (b) . 

Transmitter 

Pt (X) = 0.6 

Po (X) = 0.4 

Symmetrical 
channel 

0 

Receiver 

Pt (y) = 0.6 X 0.9 + 0.4 X 0.1 = 0.58 

Po (y) = 0.4 X 0.9 + 0.6 X 0.1 = 0.42 

Figure 1 0-4. Transmission over a discrete symmetrical channel with noise. TCI Library: www.telephonecollectors.info
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Next, assume that the transmitter may be encoded differently 
so that pt (x)  == Po (x)  == 0.5 as illustrated in Figure 10-4 (c) . 
What is now the entropy of the signal received at y ?  

For this condition, 

H' (x)  == -0.5 log2 0.5 - 0.5 log2 0.5 == 1.0 bit per second. 

The channel is the same as in Figure 10-4 (b) . Therefore, the 
new rate is 

R == 1 - 0.469 == 0.53 1  bit per second. 

Thus, the entropy of the signal received at y has been increased 
by increasing the entropy of the transmitter. 

For the channel assumed, one having p == 0.9, this can be shown 
to be the maximum rate and thus the channel capacity, C, of 
Equation ( 10-6) . 

It may be shown that if the symmetrical channel has per
formance such that p == 0.99, the maximum rate improves to 
0.92 bit per second when the source entropy is unity. 
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Elements of Transmission Analysis 

Chapter 1 1  

Engineering Economy 

Solutions to engineering problems are usually considered complete 
only after economic analyses have been made of several alternative 
solutions and the results compared. This is true in the field of trans
mission as it is in any other field. Sometimes, a choice must be made 
on the basis of incomplete information and it becomes necessary to 
exercise engineering judgement in respect to the impact of intangible 
aspects of the problem. Bell System objectives are to provide econom
ically the best possible service. To meet these objectives, engineering 
economy studies must be made to demonstrate the value of new sys
tems, new services, and specific proposals for network expansion ; 
service and performance improvements must also be evaluated. 

Financial accounting and engineering are fields that appear to be 
quite remote from each other ; however, there are numerous points 
of contact in the paths followed by the two professions. Both are con
cerned with the use of capital and expense funds. The major difference 
is that in financial accounting these funds are dealt with in retrospect 
by examining the results of expenditures while in engineering one of 
several alternate future courses of action must be selected to use 
available funds most effectively. 

There are two broad categories of expenditure which consume most 
of the funds available to the Bell System. One is the cost of operating 
the business and maintaining the plant in service. These expenses are 
charged in the period in which they are accrued ; they are planned, 
budgeted, controlled, and paid out of current revenues. The second 
is the capital required to construct the new plant needed to satisfy 
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growing service demands. Capital expenditures are paid out of funds 
accumulated as retained earnings from current revenues, the sale of 
stocks and bonds, depreciation, deferred taxes, and investment tax 
credits. Funds are planned, budgeted, controlled, and spent in accor
dance with procedures generally categorized as the construction 
program. 

Planning and implementing the construction program involve many 
factors that affect the choice of a course of action. Relative service 
and performance capability, operating conditions, maintenance com
plexities, revenues, and costs must all be considered. Costs are given 
considerable weight because they provide a tangible and quantitative 
measure of relative worth in terms that most people understand. 

Many types of cost studies are made to determine the effects of 
some action on pricing policy, financial position, or accounting results. 
Such studies must often be made within the constraints of the Uni
form System of Accounts prescribed by the Federal Communications 
Commission. Many are made after a course of action has been de
termined. Engineering economy studies are intended to show which 
of several plans is economically most attractive in fulfilling service 
requirements. Therefore, they are important aids in making decisions 
which cumulatively result in the formulation of the construction pro
gram. In the field of transmission engineering, as in many other areas, 
there are often several possible courses of action which may be 
feasible. Therefore, familiarity with the principles of engineering 
economy studies is necessary in fulfilling transmission engineering 
functions. 

An engineering economy study may be made ( 1 )  to determine 
which of several plans or methods of doing a job will be the most 
economical over a given time interval ; (2)  to prepare cost estimates 
for studies of new and existing service offerings or special service 
arrangements ; (3)  to establish priorities for discretionary plant in
vestment opportunities ; and ( 4) to establish revenue and capital re
quirements over long periods of time as major projects are pro
grammed and initiated [1] . Objectives such as these are often satisfied 
by studies in which engineering data are used as input information. 
The provision of the necessary data for such studies requires an under
standing of basic engineering economy principles and often contributes 
valuable perspective on the total engineering problem. 
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Engineering economy studies deal wtih money to be spent or re
ceived in various amounts and at different times. The objective of such 
studies is to evaluate the money involved in the plans under considera
tion ; therefQre, it is essential to understand the basic rules that govern 
the comparison of money spent or received at different times. An 
understanding of the time value of money is implicit in the basic rules 
of economy studies and in the application of sound principles to the 
conduct of such studies. Simply, it must be understood that a dollar 
today is not equal to a dollar a year from now or a year ago. How
ever, there are means of expressing such dollars in equivalent terms, 
i.e., means of expressing the time value of money. 

The Earning Power of Money 

There are costs involved in the use of money that are derived from 
the potential earning power that money has as a commodity. These 
costs must be measured in terms of this earning power which is a 
continuous function of time that increases with the period of use. 

The term interest is often used to represent the earning power of 
money. However, the term is most applicable to designate the return 
on borrowed money, i.e., debt. In engineering economy studies of the 
type to be considered here, it is common practice to use a composite 
of debt interest and equity return. The composite return, equivalent 
to the cost of all capital, is determined according to the percentage 
of each type in the capital structure. 

The effect of return on the time value of money may be evaluated 
for a particular time relative to another (usually taken as a reference, 
T == 0)  by the expression 

DT=O 1 
DT= l  == 1 + i ( 11-1 ) 

where D is the value of money at times denoted by the subscripts 
and i is the rate of return for the period. Thus, if one dollar is needed 
one year from now ( T == 1 )  and if the rate of return, i, is 0.10, only 
91 cents are required now ( T == 0) . 

The rate of return may be compounded at intervals of typically 
(though not necessarily) one year. Compounding involves the com
putation of the value of money on the bas:is of the return on the 
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original ·amount plus the accrued return during the compounding 
interval. Thus, to determine the value of money where the return has 
been compounded over n intervals 

or 

DT=O 1 
DT=n 

== ( 1  + i) n 

DT=n == DT=O ( 1  + i) n ( 1 1-2 ) 

The interpretation of Equations ( 11-1 ) and ( 11-2) are that if an 
amount D is to be made available at a future time, T == n, a smaller 
amount of money may be made available now, T == 0, when it is  
invested with a rate of return, i. 
Equivalent Time-Value Expressions 

In the conduct of engineering economy studies, several time-value 
equivalencies are used ; the choice depends on the nature of the study. 
Sometimes it is desirable to express all costs in terms of equivalent 
amounts at a time arbitrarily chosen and defined as "the present." In 
other studies, it is desirable to express costs in terms of some selected 
time in the past or the future. In some cases, it is desirable to express 
the costs as an annuity, an amount of money that must be provided, in 
equal amounts and at equal intervals, to be equivalent to a single 
lump-sum amount at a specified time. 

The expressions used are all equivalent to one another and may be 
converted from one form to another, as desired. The following are 
such commonly-used expressions. 

Future worth of a present amount, a form similar to Equation 
( 11-2) ' 

F/P == ( 1  + i) n . 

Present worth of a future amount, 

Future worth of an annuity, 

F I A == ( 1  + i� n - 1 
't 

( 1 1-3 ) 

( 1 1-4) 

( 1 1-5) 
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Annuity for a future amount, 

Present worth of an annuity, 

Annuity from a present amount, 

i (1 + i) " 
AlP = ( 1 + i) " - 1  

277 

(11-6) 

( 11-7) 

( 11-8) 

The symbols used in Equations ( 11-3) through ( 11-8) are i for 
return rate, n for the number of time periods (compounding inter
vals) , F for the future worth of an amount, P for the present worth, 
and A for an annuity. Future worth and present worth are methods 
of expressing money values as a single amount at some particular time. 

Application of Equations (11-3 ) through ( 1 1-8) is greatly facili
tated by the use of tabulations found in many standard texts [1] . In 
addition, such · equations may now easily be solved by the use of 
modern engineering calculators. An illustration of how these equa
tions may be applied is given in Figure 11-1. Here, the value of $1,000 
in year 8, point A, may be traced through various processes to the 
future and past and finally back to the same value, $1,000 in year 8. 

1 1 -2 ECONOMY STUDY PARAMETERS 

The plant is a dynamic conglomeration of telecommunications gear 
which grows each year in size and complexity. Additions to the plant 
must be chosen with care to insure that continually increasing service 
requirements are met, that they are met economically, and that per
formance objectives are satisfied. The processes of anticipating needs, 
recommending new plant, and implementing a construction program 
are, in most telephone companies, engineering functions that begin 
long before the year of implementation. 

To aid in the implementation of construction programs, engineering 
economy studies are made to determine which course of action is 
most attractive economically. Although initial and recurrent costs are 
the most important factors affecting engineering economy studies, 

TCI Library: www.telephonecollectors.info



278 Elements of Transmission Ana lysis Vol.  1 

Year ----. 

CONVERSION DESCRIPTION FACTOR EQU IVALENCE EQUATION 

A -+ B  Single amount in year 8 to FIP B = 3 .1384A 11-3 
single amount in year 20 (i = 0.1, = $3138.40 

n = 12)  
B -+ C  Single amount in year 20 AIF C = 0.1054B 11-6 

to equal amount in years (i = 0.1, = $330.79lyr 
14 to 20 n = 7)  

C -+ D  Equal amounts in years PIA D = 4.8684C 11-7 
14 to 20 to single amount ( i  = 0.1, = $1610.42 
in year 13 n = 7)  

D -+ E  Single amount in year 13 PIF E = 0.2897D 11-4 
to single amount in year 0 ( i  = 0.1, = $466.54 

n = 13)  
E -+ F  S•ingle amount in year 0 AlP F = 0.1874E 11-8 

to equal amounts in years (i = 0.1, = $87.431yr. 
1 to 8 n = 8 )  

F -+ A  Equal amounts in years 1 FIA A == 1 1 .4359 F 11-5 
to 8 to single amount in (i = 0.1, � $1000 
year 8 n = 8 )  

Figure 1 1 - 1 .  Time-va lue equivalence. 

there are other vital parameters, such as life of plant, service require
ments, inflation, the debt-to-equity ratio of the company, composite 
cost of capital, and tax laws which must be taken into consideration. 

An engineering economy study must take into account the interval 
over which the problem is to be studied and its relation to the life of 
the plant involved. If these time intervals are not the same, adjust-
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ments must be made in the study program. The choice of interval is 
a matter of judgment ; it may be relatively short, such as two or 
three years, or it may continue, at least in theory, indefinitely into 
the future. Since most telephone plant has long life, the study period 
is often taken as 10 to 20 years. 

Long-range planning is undertaken in order to provide guidance 
for gross changes in plant makeup. Studies of traffic and private line 
growth patterns, shifts in population densities, emerging new services, 
and expected new system des-igns must be made and continually re
fined. The basis for long-term planning is a simplified 30- to 40-year 
customer services forecast with incremental five-year study periods. 
Adequate time must be allowed for the complex processes of evalua
tion, compromise, and final decision. Long-range studies must include 
some evaluation of the effects of the planning results in the period im
mediately following the selected study period. Planning decisions 
finally come into focus in the form of current planning processes 
about three years before implementation is scheduled. Construction 
programs are reviewed and adjusted during these three years and at 
least three times during the final year. 

Provision must be made in the planning process for flexibility and 
changes. For example, traffic and pri_vate line forecasts might show 
a need five years in the future for a substantial number of new trunks 
between two cities 50 miles apart. Since cable pairs between the two 
cities are limited in number, a Tl Carrier System or systems, a new 
radio system, and a new multipair cable installation must all be con
sidered. The results of long-range studies might show the new 
multipair cable to be most economical. Two years later, during the 
preparation of the first construction program for the proposed project, 
it might become evident that these two cities are along a major route 
that has developed a need for a large number of circuits and for which 
a new microwave radio system must be installed. The circuits needed 
for the original project may be provided much more economically by 
the new radio system. Such adjustments and changes are frequently 
made to achieve a more economical program. 

Other unforeseen events may cause construction program changes. 
As plans are reviewed, changes in the economic climate may require 
upward or downward adjustments in the budget, which must be re
flected in corresponding changes in the construction program. For 
example, emergency needs may have developed from massive plant 
damage caused by a hurricane or the unanticipated rapid growth of 
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a new industrial park may impose a sudden and unexpected demand 
for new facilities. Such events are reviewed frequently by committees 
which are empowered to approve certain changes in the construction 
program in order to meet the unexpected need. 

The economic analysis of engineering problems primarily involves 
consideration of a number of aspects of costs. Included are a variety 
of capital costs that are incurred because investors provide funds 
needed to acquire plant and operations costs that are incurred by the 
existence of the plant. Such things as the changing technology and 
inflation must also be considered for their effects on costs. 

Capital Costs 

The costs associated with the acquisition of property are called 
capital costs ; accounting procedures are used to monitor, control, and 
recover such costs. The property is an asset assigned for accounting 
purposes to a specific plant account. Capital costs related to engineer
ing economy studies include the concept of the composite cost of 
money, the first-cost investment, and the sources of capital used to 
recover the cost of the investment. The process of capitalization of 
money invested in plant involves recurring annual costs having three 
elements : return, capital repayment, and income taxes. 

The Composite Cost of Money. Money needed to pay the initial costs 
of plant investments is obtained from a number of sources each of 
which involves cost factors that must be evaluated for engineering 
economy studies. The two basic sources of money are called debt 
capital and equity capital. The ratio of the debt capital ( obtained by 
borrowing) to the total capital (debt plus equity) carried on the books 
of a company is called the debt ratio. A discussion of a desirable or 
optimum debt ratio for a regulated industry, a subject of continuing 
scrutiny and study on the part of industry management and regulatory 
agencies, is beyond the scope of this text. However, an understanding 
of the relation of the debt ratio to the composite cost of money is 
necessary in making engineering economy analyses. 

The composite cost of money, or return rate, may be expressed by 
an equation that relates the composHe cost of money, i, to the debt 
ratio, r, the interest paid on the debt, id, and the return on equity 
(stock dividends and retained earnings) ,  ie. These are expressed 

( 11-9 ) 
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Thus, if the debt ratio is 45 percent, the composite cost of money is 

i == 0.45id + 0.55ie . 

It must be recognized that the debt ratio, debt interest, and equity 
return may all change with time. However, such variations are usually 
not accounted for in engineering economy studies because they are not 
predictable and they generally tend to affect alternative study plans 
proportionately. Long-term forecasts of debt and equity costs must 
sometimes be changed to reflect changes in the corporate debt ratio. 

First Costs. The amount of money required to build a new plant i s  
called the first cost. The first cost of a project i s  the invested capital 
upon which the rate of return is initially calculated. (Later, the re
turn rate is based on unrecovered investment. ) Included are the costs 
of materials, transportation, labor and incidentals related to installa
tion, supervision, tools, engineering, and a number of other mis
cellaneous items. These costs are accumulated during the construction 
interval and do not recur during the life of that plant item ; however, 
they must be recovered during the life of the plant if the company 
operation is to be based on sound economic principles. 

Capital Recovery. Physical plant may wear out, be made obsolete by 
new technology, or fail to meet changing requirements. Whatever the 
reason, it must ultimately be replaced. The capital invested is dissi
pated by the end of plant life unless it is repayed by some method. 
Capital recovery is generally accomplished by means of depreciation 
accounting, a method by which the capital is repaid annually out of 
current revenues over the life of the plant. Capital expenditures are 
thus converted to annual costs which repay the initia.J cost. In a contin
uing business, the repayment is not actually made to the investor ; the 
money is reinvested in other new plant or assets. The investment is 
protected by the transfer of capital from old to new plant in install
ments as the old plant is used up in service. 

Depreciation accounting practices must be based upon the service 
life of the plant to which they are applied and must also be carried 
out in a manner that satisfies legal requirements. They must also 
reflect adequately a number of related factors that enter into the 
costs of the business such as salvage. 

Life of Plant. In conducting an engineering economy study, it is 
imperative that the life of the particular plant involved in the study 
be used rather than some broad average that is applied for the purpose 
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of determining depreciation rates for accounting purposes. Sometimes, 
plant life may be established by the conditions of the problem. For 
example, a study may be made of alternate plans for installing addi
tional equipment in a building that is scheduled for retirement in a 
short period of time, say five years. In such a case, the plans under 
study must provide for the repayment in five years of all capital ex
penses involved with suitable adjustments for salvage at the termina
tion of the study period. In other cases, the life of a plant item may 
depend on the life of other items. Such might be the case if the life 
of aerial wire or cable were limited by the life of the pole line on 
which it is placed. The pole line may be near the end of its useful life 
or it might be terminated by action of public authorities. 

If the conditions of the problem do not give an indication of the life 
of plant, life must be estimated and engineering judgment must be 
exercised. Even in such cases, estimated life only rarely coincides with 
the average life used for depreciation accounting purposes. 

Salvage. A significant capital cost in an engineering economy 
study is the net salvage value of the p.Jant upon removaL The value 
may depend on whether salvage is for scrap, trade-in value, or resale. 
Removal costs (to be subtracted from the gross salvage value) may 
be quite different depending on whether the salvage is for scrap or 
reuse. Conservative assumptions should be made as accurately as 
possible in respect to the possible reuse of plant and removal costs. 

Straight-Line Depreciation. The accounting method under the Uni
form System of Accounts prescribed by the Federal Communications 
Commission for the Bell System and other common carriers requires 
the application of straight-line depreciation for financial statements. 
Because it is used for the book records of the firm, it is also called 
book depreciation. With this procedure, a capital investment is written 
off by an equal amount each year during the expected life of the plant ; 
that is, for each year, an amount of revenue (equal to the depreciation 
rate multiplied by the original first cost amount) is accounted for in 
the company books as having paid for the depreciation of that item 
of plant. The rate is determined by the following : 

. . 100 - percent net salvage 
Annual depreciation rate == I t rf  ( ) % . 

p an 1 e years 

Recall that life may terminate for a number of reasons ( deteriora
tion, obsolescence, rearrangements, etc. ) and that for engineering 
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economy studies life must be carefully defined. "Average life" is often 
unsatisfactory in these studies. 

Figure 11-2 illustrates the 100-dollar-per-year, straight-line depre
ciation of a $1000 investment and also shows a tabulation of annual 
composite return payments that must be made on the balance (book 
value) of the investment. Note that the charge is reduced each year 
since the return on the unrecovered capital is r·educed from year to 
year. 

YEAR 
COMPOSITE UNDEPRECIATED 

YEAR-END 
BALANCE 

TOTAL 
RETURN BALANCE BEFORE AFTER 

E N D  @ 8.5% YEAR-END PAYMENT 
PAYMENT PAYMENT PAID 

0 $1000.00 

1 $ 85.00 $1085.00 $ 185.00 900.00 

2 76.50 976.50 176.50 800.00 

3 68.00 868.00 168.00 700.00 

4 59.50 759.50 159.50 600.00 

5 51.00 651.00 151.00 500.00 

6 42.50 542.50 142.50 400.00 

7 34.00 434.00 134.00 300.00 

8 25.50 325.50 125.50 200.00 

9 17.00 217.00 117.00 100.00 

10 8.50 108.50 108.50 0.00 $1467.50 

Figure 1 1 -2. Straight-l ine depreciation and return accounting. 

Book depreciation of a capital investment is related to the term, 
book value. After a plant item has been installed and the depreciation 
of the investment has been started in the accounting procedures, the 
item is said to have a certain book value. It is computed as the gross 
plant investment minus the accumulated depreciation. Sometimes the 
gross plant investment value is called book cost and undepreciated 
plant is called net plant. 

A ccelerated Depreciation. In accounting, depreciation is recognized 
as an expense that may be deducted from revenues before income tax 
is computed. Tax laws now permit specific forms of accelerated de
preciation to be used by public utilities for tax depreciation. Higher 
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rates are applied during the early years of the life of a plant item and 
lower rates during later years. The rate of depreciation varies some
what but, in principle, it follows a curve like that of Figure 11-3. 
The figure compares straight-line and accelerated depreciation of a 
1000-dollar plant item having an expected life of 10 years. 

400 

] 300 
0 
:B. 

c: 
.2 200 Straight-line 0 ·;:;; l!! a. Ql 

100 0 

Year-end 

Figure 1 1 -3. Depreciation of a 1 000-dollar plant item over a 1 0-year period . 

A number of specific methods of accelerated depreciation accounting 
may be used [1, 2, 3] . These include the double declining balance 
(DDB) method, the one-and-one-half declining balance ( 1 .5-DB) 
method, and the sum-of-years-digits (SOYD) method. In the DDB 
method, the investment is depreciated at a constant annual rate, 2/n, 
of the undepreciated balance where n is the life of the plant item in 
years. The accrued depreciation cannot exceed the depreciable value 
of the item, .i.e., the initial investment less net salvage. The 1.5-DB 
method is similar but the depreciation rate is 1.5/n. 

In the SOYD method, the life of plant in years is used to determine 
the rate of depreciation. For example, suppose a plant item is to be 
depreciated over a five year period. The sum of years digits is deter
mined by Sd == 5 + 4 + 3 + 2 + 1 == 15. The depreciation rate used 
at the end of each year is remaining life/ Sd. Thus, in the first year, 
the depreciation rate is (5 )  /15 == 0.333 and, in the last year, the rate 
is ( 1 )  /15 == 0.067. 

Investment Tax Credits. The investment tax credit is a significant 
source of capital funds that must be included in many economy studies. 
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This credit is provided under tax laws to encourage business invest
ment and expansion. It is a direct tax reduction allowed for certain 
qualifying items of property ; buildings and land are usually not in
cluded. The tax credit has no effect on the value of the initial invest
ment used to establish the depreciation base. 

In many situations, fluctuations in income and other variables are 
recognized by law and provisions are made to carry gains or losses 
forward or backward from the year in which they occur. Investment 
tax credit laws change from time to time. It is essential, when they 
are to be considered in an economy study, that the law, definitions, 
and rules current at the time of the analysis be clearly understood. 

I ncome Tax. Annual costs associated with any investment must in
clude income tax, a tax on earnings after payment of all expenses. 
These earnings include dividends paid to stockholders and the amount 
added to retained earnings. Specific values of income tax to be used 
in  economy studies are not furnished and, as a result, the tax obliga
tion must be determined for each alternative plan. Capital cost tabu
lations, which reflect accelerated tax depreciation and investment tax 
credit, are available for operating company use. Thus, annual cost 
percentages for taxes can be determined on the basis of estimates of 
life and net salvage for use in economy studies. The burden of income 
tax, as well as return on the investment, must be borne throughout the 
life of the investment. Therefore, money invested in new plant costs 
more than money spent on current expenses such as operations, 
repairs, and rearrangements. 

Plant Operations Costs 

Nearly all costs are either recurring costs associated with the oper
ation of the plant or are capital costs that are dealt with by methods, 
such as depreciation accounting, that make them equivalent to re
curring costs. Plant operations costs are paid out of revenues. They 
can be regarded as being depreciated immediately, at the time they 
are incurred. In making engineering economy studies that involve the 
comparison of alternative plans, many of these costs can be and should 
be ignored because they are common to the alternative plans. In 
making such analyses, it is important to choose only those items for 
extended treatment that differ from plan to plan. 
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The following list of recurring costs is made up of a number of 
typical items that should be considered for analysis in any study. This 
list is not all-inclusive. 

( 1 )  Maintenance Costs: These are frequently important ingredients 
of engineering economy analyses. They include the costs of 
labor and material associated with plant upkeep, the related 
costs of training, testing of facilities, test equipment, plant 
rearrangements, and miscellaneous items such as shop repairs, 
tool expenses, and building maintenance and engineering work. 

(2)  Operating Costs : These include a wide range of costs primarily 
related to traffic, commercial, marketing, accounting, and ad
ministrative work. These costs are usually common to alternate 
plans ; thus, they are seldom involved in engineering economy 
studies of the type being considered here. They are, of course, 
important components in overall company economy studies and 
may enter a detailed engineering study where, for example, 
network traffic management or the location of operator assign
ments might be involved in comparing alternative means of 
providing facilities for traffic management or operator services. 

(3)  Rent : This is a cost that is only occasionally an important 
element in engineering economy studies. 

( 4) Lease : The leasing of buildings, equipment, and motor vehicles 
is an increasingly important form of obtaining capital goods. 
Studies involving leases can be complex since leasing is con
sidered to be an alternate form of debt financing. 

(5 )  Energy:  The cost of energy must be considered in these 
analyses where it is not common to alternate plans. Primary 
power increases with the size and complexity of the plant. The 
cost of convers�on equipment and standby equipment needed to 
ensure reliability must be included in cost comparisons. 

(6)  Miscellaneous Taxes : Sales, occupation and use, and ad valorem 
taxes must all be considered where appropriate. These taxes 
are especially important in considering tax depreciation. 
Specifically excluded are social security and unemployment 
taxes, usually treated as loading factors on labor costs. 

In general, capital expenditures made in the past cannot be undone 
or affected by engineering decisions made today. They must be re
covered over the anticipated life of the plant through depreciation. 
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However, when plant is retired, property tax, maintenance, rent, 
energy, and many operating expenses are no longer incurred. 

Dynamic Effects on Analysis 

Since it is necessary to deal with the future, engineering economy 
studies are bound to be subject to all the uncertainties of prediction. 
Among these uncertainties are changes in technology, unanticipated 
demands for new services, and unpredictable variations in the eco
nomic climate such as changes of inflationary trends. 

New Technology. Advances in technology result in improved elec
tronic components, design techniques, and operating efficiencies. Thus, 
equipment that is less expensive, takes less space, uses less power, 
and provides more channels or higher speeds of operation becomes 
available and must be considered as a possible replacement for existing 
equipment. The partial obsolescence and early retirement of older 
equipment become subjects of serious engineering economy studies. 

Services and Service Features. New services, such as DATA-PHONE® 
digital service, and new service features, such as the custom calling 
features of stored program electronic switching systems, also have 
an impact on engineering economy studies and on problems of early 
equipment retirement due to functional obsolescence. If the, new 
services are to be introduced in an area where existing equipment is  
incapable of providing them, replacement is  mandatory and the eco
nomic problems are those of determining the extent, the most efficient 
means, and the optimum time to carry out the replacement program. 

I nflation. In recent years, higher returns have been required to pro
tect investments against inflation. As a result, it has been necessary 
to use higher return rates in cost studies. As inflationary trends have 
continued, it has become evident that these effects must also be applied 
to other costs. One straightforward method of accomplishing this end 
is to estimate future costs explicitly as of the time of occurrence and 
to use such estimates in the study. For example, if an item currently 
costing $1,000 is needed now and another is needed one year from 
now, $1,070 should be used in the study for the second item if a 
7 percent change in cost due to inflation is anticipated. 

This method of accounting for inflationary effects is effective but 
tedious to use where many future costs must be considered. In some 
cost comparison studies, a "convenience" rate may sometimes be used 
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to represent the net impact of inflation on future cost estimates and 
on their present worth as expressed in Equation ( 11-4) and ( 1 1-7) . 
This convenience rate should · be regarded only as an arithmetic 
short-cut to simplify the analysis. Detailed treatment of inflation and 
its effects are beyond the scope of this chapter. 

Convenience Rate. If the cost in each year is greater than that in 
the previous year by an inflation rate, h, and if the cost at the begin
ning of the first year is Ao, the cost at the end of any succeeding year, 
n, may be determined by 

( 1 1-10) 

The present worth of this amount is found by Equation ( 1 1-4 ) as 

( 1  + h)n == Ao 1 + T . ( 1 1-1 1 )  

The convenience rate, c, may be defined as a rate such that the 
present worth of the initial amount, Ao (uninflated ) ,  over n years i s  
equal to  the value in Equation ( 11-1 1 ) ; that is ( 1 )n ( 1 + h)n Ao 1 + c = Ao 1 + i . 

This equation may be manipulated to derive 

i - h . c == l + h  � t - h  . ( 1 1 -12) 

The convenience rate, c , may be used in analyses involving cost items 
inflating at rate h. Since several different convenience rates would 
be required in a study involving items that are subject to different 
rates of inflation, this procedure is sometimes difficult to apply. Also, 
it should be stressed that the present worth of taxes, book deprecia
tion, and the tax factor must be determined by the composite cost of 
money rate and not by the convenience rate. The convenience rate, c, 
may be substituted for i (the composite cost of money) only in 
Equations ( 11-4) and ( 1 1-7 ) . 
Economy Study Applications. While care must be used in apply

·ing the convenience rate, it is a valuable concept when properly used. 
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For example, there are many computer programs, such as the ex
change feeder route analysis program (EFRAP) , that have wide 
application in several types of engineering economy studies suitable 
for computer analysis. Many such programs were written before in
flation effects were recognized as important. The convenience rate 
can be conveniently adapted to these programs which would other
wise have to be completely rewritten to include the effects of inflation. 

Example 11-1 : 

In this example, only maintenance expenses associated with 
two alternate plans are computed by two methods to show how 
results may be distorted if inflation effects are ignored. Plan A 
involves $500 per year maintenance expense for a single capital 
expenditure for a plant item having a 10-year life. Plan B involves 
$600 per year maintenance expense for one capital expenditure 
(B1)  having a 10-year life and $600 per year maintenance ex
pense for a second capital expenditure (B2) having an 8-year 
life and installed at the beginning of the third year of the plan. 
The composite cost of money, i, is taken as 12 percent and the 
inflation rate for maintenance expenses is 8 percent per annum. 
The maintenance expenses of the two plans are to be compared 
on the basis of present worth of expenditures (PWE ) ,  first by 
ignoring the effect of inflation and second by considering these 
expenses inflated and by applying the convenience rate. The PWE 
analysis recognizes cash flows for capital expenditures, net sal
vage, income taxes, and operations costs when they occur and 
sums the present worths of these amounts. 

For the first analysis, the present worth of maintenance ex
penses for Plan A may be computed by Equation ( 11-7) as the 
present worth of an annuity with i == 0.12 and n == 10 years. For 
Plan B, expense B1 is similarly computed but for expense B2, 
the expense must first be computed as the present worth of an 
annuity for 8 years (i == 0.12) and then by Equation ( 11-4) to 
determine the present worth of a future amount for 2 years, the 
interval between the beginning of the plan and the expenditure 
of B2. Then, under Plan A, the PWE for maintenance expenses is 

PWE - (1.12to - 1)  500 - $2825 A - 0.12 X 1.1210 -
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For expense B1, 

(1 .1210 - 1)  600 PWEB1 == 0.12 X 1.1210 == $3390 . 

For expense B2, 

PWE _ ( 1 .128 - 1 )  X 600 
_ $2980 82 - 0.12 X 1.128 -

Vol. 1 

at the end of the second year of the study plan. This amount is 
converted to the beginning of the plan, year 0, by 

2980 
PWEB2 == (1 + 0.12) 2 == $2376 . 

Thus, for Plan B, the total present worth of expenditures for 
maintenance is 

PWEB == PWEB1 + PWEB2 == 3390 + 2376 == $5766 . 

From this analysis, it would be concluded that the present worth 
of maintenance expenses for Plan B is 

PWEB - PWEA == 5766 - 2825 == $2941 

more than for Plan A. 

For the second analysis, the effects of inflation are included in 
computing the PWE for both plans. Equations ( 11-7 )  and 
( 11-4) are used as in the earlier analysis but the convenience 
rate, c, is used in place of the composite cost of money, i. The 
convenience rate is determined by Equation ( 11-12 ) as 

- 1.12 - 1.08 - 0 037 c - 1.08 - . 

or 3. 7 percent. With this substitution, the present worth of 
expenditure, A, is calculated as 

( 1.03710 - 1 )  500 PWEA == 
0.037 X 1.03710 $4117 . 
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Expenditure B1 is computed as 

( 1.03710 - 1 )  600 
PWEn1 == 

0.037 X 1.0371o == $4940 . 

Expenditure B2 is computed in terms of the end of the second 
year as 

PWEn2 == ( 1.0378 - 1 )  600 - $4090 
0.037 X 1.0378 -

and brought to year 0, the beginning of the plan, by 

4090 PWEn2 == (l + 0_037 ) 2 == $3803 . 

Thus, for Plan B, the present worth of expenditures is 

PWEn == 4940 + 3803 == $8743 

Now, Plan B costs exceed Plan A costs by 8743 - 4117 == $4626, 
considerably more than the $2941 previously computed. 

This example shows the effect of inflation on only one element 
of a plan comparison economy study. The conclusions illustrate 
the importance of evaluating the effects of inflation and the 
manner in which the convenience rate may be used. 

1 1 -3 ECONOMY STUDY TECHNIQUES 

Many approaches and different techniques may be used to achieve 
the objectives of an engineering economy study, i.e., selecting one 
alternative course of action in preference to others by comparing their 
costs. Three of these methods have been found to give equivalent 
results in that the same alternative is selected. The method used de
pends on the nature of the available data, the ease of application, and 
the purposes for which the study is being made. The three methods 
are called the internal rate of return ( IROR) ,  present worth of annual 
costs (PWAC ) ,  and present worth of expenditures (PWE ) .  

In conducting economy studies, certain assumptions must be made 
and clearly understood in order to be sure that comparisons are based 
on equivalent conditions. The assumptions must make all alternatives 
under study equivalent in terms of provision of service, life of plant, 
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and effects of plant retirement. The studies are usually carried out by 
using only incremental costs, those that are different for the various 
plans. Common costs are eliminated from consideration. 

In transmission engineering studies, it is now found that the PWE 
method is most easily applied and leads to the most useful results. This 
method is illustrated by an outline of the entire study process. 

Analytic Alternatives 

While most engineering economy studies of the types being con
sidered are based on PWE analyses, some knowledge of the IROR and 
PW AC methods is desirable. The IROR method is used in some trans
mission studies though seldom directly in this field. 

I nternal Rate of Return. In the development of IROR analysis, de
signed to determine the most efficient use of money for each project, 
the internal rate of return can be defined as the rate that causes the 
present worth of the net cash flows for the project to be zero. The two 
main elements of net cash flow are the investment and the recovery ; 
net cash flow thus involves cash flowing into a project ( investment) 
and back (revenues less operations costs and taxes) . The equation for 
IROR is a polynomial that must usually be solved iteratively by trial 
and error. While this process may be lengthy and complex, it has been 
programmed for computer solution and can be applied where only a 
comparison of alternatives is desired. However, roots to the solution 
may be numerous or there may be no meaningful, finite roots. The 
IROR method cannot provide an evaluation of the profitability of an 
alternative. 

Another disadvantage to the use of the IROR method of analysis is 
that as the number of plans is increased, the number of comparisons 
that must be made increases even faster. For x number of plans, the 
number of comparisons is x (x -1) /2. Where a large number of 
plans are being considered, the IROR analysis becomes awkward. 

Despite these disadvantages, the IROR method of analysis is used 
in certain situations. Capital funds for the construction program in 
any one year are finite and it is sometimes difficult to introduce new 
types of facilities that require high initial capital expenditures. Some
times, these facility costs appear favorable on the basis of a PWE 
analysis but are formidible with limited capital funds. The alterna
tives may then be evaluated on the basis of the IROR. For example, 
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a plan requiring high initial investment may require much lower 
operating or maintenance funds in comparison with another plan with 
lower initial costs. Benefits of a higher initial capital outlay can thus 
be measured by the IROR method to determine the most efficient use 
of money for each of the projects so analyzed. 

Present Worth of Annual Costs. This method of analysis and the 
present worth of expenditures method are essentially alike when both 
are properly processed. However, in the PWAC approach, certain 
parameters are often treated in such a manner that the results are 
invalidated. For example, it is difficult in PW AC studies to account 
adequately for increasing costs such as those due to inflation and to 
increased maintenance with equipment aging. These difficulties result 
from using average cost values for broad categories of equipment ; 
cost changes for individual items can depart significantly from these 
average values. Thus, the PW AC method is not recommended. 

However, this method has been used often because it is possible to 
group equipment into categories and to assign average values of life, 
salvage, maintenance costs, operating costs, and ad valorem taxes to 
each category. From these values, it is a relatively simple procedure 
to calculate annual cost rates as percentages of installed costs for each 
category. From these costs, study procedures can be used to derive 
present worth comparisons rather quickly and simply. The costs may 
be converted to equivalent present-worth values by considering them 
as annuities and using Equation ( 1 1-7 ) for conversion. A second 
reason for working with annual costs is that the trea.tment of non
coincident equipment placements and retirements is often facilitated. 

With noncoincident placements and retirements, two time periods 
must be defined and treated independently over the period covered 
by the study. The planning period is defined as that between the be
ginning of the study ( T == 0) and the time of the last placement of 
equipment. The complernentary period is that time between the last 
placement to the time of the last retirement of equipment. The plan
ning period covers those years during which additions, removals, and 
changes are planned in order to meet growth forecasts and other 
service requirements. The planning period is restricted to the number 
of years ahead that judgment dictates is reasonable in terms of pre
dictability of needs and availability of resources. The complementary 
period is the span of years beyond the end of the planning period for 
which annual costs will continue and will influence present worth 
evaluations of costs and revenues. 
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Present Worth of Expenditures. This method of analysis may be defined 
as the summation of the cash flows for capital expenditures, net 
salvage, income taxes, and operation costs (or savings) for a project 
after conversion to present worths at the appropriate rate. Equation 
( 11-4) is used for each of the convers·ions. The method is straight
forward, has none of the complications of multiple roots and numerous 
comparisons found ill the IROR analysis, and is the method most 
often used for engineering economy studies. It is superior to the 
PWAC method primarily because average costs are not used. Further
more, since individual costs must be used, it is a simple matter to in
clude in the analysis the effects of variable factors such as inflation. 

Study Assumptions 

While the assumptions made for any of the analytic alternatives dis
cussed are similar, those covered here are particularly applicable to 
a PWE analysis. The important parameters include equivalency of 
service provided by each of the plans, the life of plant ( cotermination 
or repeated plant) , plant retirement effects (sunk costs) , and the 
elimination of common costs (the inclusion of incremental costs only) . 

Equ ivalency of Service. The alternative plans in an engineering eco
nomy study must satisfy service needs equally or allowance must be 
made for the advantages of one plan relative to another. If the number 
of new circuits is insufficient to meet the needs, other subsidiary 
facilities must be provided and allowance must be made in the study 
for the costs of these additional facilities. Furthermore, the alterna
tive plans should be equivalent in terms of the quality of service each 
provides ; the reliability and transmission performance of each must 
satisfy the overall objectives for the project under study. 

One complication arises in respect to the equalization of service 
capabilities. Modern transmission systems tend to be broadband and 
capable of providing large numbers of voiceband channels. The growth 
of demand, on the other hand, tends to be relatively smooth and con
stant. When growth exceeds capacity, a new system must be installed ; 
thus, the new system provides an excess of capacity until demand 
again increases to the system limit. Alternative plans usually involve 
systems of different capacities and costs. These systems fulfill the 
needs and provide excess capacities in different proportions. The 
analysis may thus be seriously dependent on short-term versus long
term conditions of meeting service needs and the economic comparison 
of alternatives must account for the differences. 
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Cotermination and Repeated Plant A�sumptions. Either or both of two 
basic assumptions regarding life of plant may be made in preparing 
most engineering economy studies. One assumption is for the cotermi
nation of plant and the other is for repeated plant [1] . With cotermi
nation of plant, the retirement dates are identical for all final plant 
items ; this assumption can result in having atypical service life values 
assigned to various plant items in the study. The cotermination as
sumption would clearly be valid, for example when various plant items 
are to be installed in a buiding which is known (or assumed) to have 
an end-of-life corresponding with the end of the study period. 

When repeated plant is assumed, the life of each asset in the study 
is determined by its physical characteristics. Usually, in studies that 
involve the repeated plant assumption, the effects of retiring an item 
of plant at end-of-life must be taken into account by replacing it with 
one at the same cost that permits the provision of equivalent services 
over the study period. This replacement must then be evaluated in 
terms of its effects over the period of the study. 

Circumstances and judgment must determine which of the two 
assumptions is the better in a given study situation. Whichever as
sumption is made, it is .important that the plans be comparable in 
quantity and quality of service over the same period of time. In addi
tion, it must be recognized that future decisions (and costs) may be 
affected by present decisions. For example, one of the alternative plans 
under study might lead to the premature exhaust of building capacity 
and new building construction might be required. An evaluation of 
such effects must be undertaken as part of the study. 

When the appropriate life-of-plant assumption has been established, 
the effect of the assumption on costs must also be considered. Average 
costs are simple to apply but may not be sufficiently accurate. Explicit 
estimates of costs for maintenance, depreciation, return, and taxes 
over the expected life span for each item of plant should be included 
in an economy study. Thus, in most cases, a PWE analysis is required. 

In a period of high inflation, the repeated plant assumption of zero 
inflation is invalid because maintenance and replacement costs in
crease with time. Thus, the coterm.inated plant assumption may be 
more appropriate with all PWE costs properly inflated. An appropri
ate adjustment in net salvage value is also required. If a PW AC study 
is being made, the repeated plant assumption may be modified to 
reflect forecasted price changes. Replacement plant costs may be calcu-
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lated for a sufficiently long period into the future so that the last 
plant placements have negligible effects on study results. 

Retirement of Plant. When the cost of equipment has once been in
curred, that cost must be recovered by methods of depreciation ac
counting whether the item is retired early, at the end of life as origi
nally defined, or at some later time. The cost so incurred is irrelevent 
to a new engineering economy study involving other alternatives 
even when one of those alternatives is the early retirement of that 
item. Such cos.ts are called sunk costs. Sunk costs are irrelevent be
cause they are common to the study alternatives. However, other costs 
related to that item cannot be ignored. When plant is retired, many 
other costs are affected ; property tax, maintenance, rent, energy, 
and operating costs are no longer incurred. 

I ncremental Costs. In most engineering economy studies, costs and 
revenues that are common to alternate plans may be neglected because 
the comparison of one plan with another involves only the considera
tion of differences between them. Although the costs (called incre
mental costs) that meet this criterion are usually easy to define, 
their identification sometimes involves the exercise of engineering 
judgment. 

Revenues can usually be neglected because the selection of plans 
for comparison is based on equivalent quantity and quality of service 
and, therefore, of revenue. This equivalency must be considered care
fully in each study and, where there are significant differences, in
cremental revenues must also be included in the analysis. 

Summary of the Comparison Study Process 

Since most of the important elements of engineering economy 
studies have been discussed, the step-by-step procedure used in the 
conduct of such a study may now be outlined. Such a study starts 
with the recognition of a need for new facilities and ends with a deci
sion to proceed with the implementation of a specific plan that has 
been demonstrated as economically superior to alternative plans. 

Forecasts of demands for new services and new facilities are made 
continuously by two kinds of planning groups, one responsible for 
long-range (fundamental ) planning and one for short-range (current) 
planning. Comparison studies may be made in either type of planning 
activity. However, comparison studies for current planning activities 
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are of greatest interest here because such studies result in implemen
tation of specific projects in accordance with planning, budgeting, and 
control procedures required by the construction program. Thus, the 
initiation of an engineering economy study of alternatives is made 
in response to a planning-group forecast of needs for new facilities. 

After the need for a study has been demonstrated, alternate plans 
must be proposed for comparison. The number of alternatives to be 
considered depends on the knowledge and judgment of those involved 
in the study. Incremental costs (and sometimes revenues) for each of 
the plans must be determined and documented. 

A time-cost diagram is often prepared as an aid to analysis and 
to presenting an orderly comparison of alternative plans. Such a 
diagram helps to visualize costs and their times of occurrence ; it also 
provides a mechanism for checking that all important costs are in
cluded for analysis and that each of the alternatives provides service 
over the period of time corresponding with the study period. A time
·cost diagram is illustrated in Figure 11-4. 

FC = $1 0,000 M = $1000/yr [ R & C = $1000 T = $1000/yr 5 = $1000 
V277ZZZZZZZZZZZZZZZZZVZZZ777ZZZ7ZZZ7Z7ZZ 

PLAN 1 FC = $5000 M = $500/yr 
R & C = $300 T = $500 jyr 5 = $50 

WZZZZZZZZ77Z7ZZ 
FC = $8000 M = $800 /yr [ R & C = $500 . T = $800� 5 = 0  

W77Z7ZZ7ZZZZZ7ZIZZ72l7222ZZ J7ZZZZVZV77ZZZ;t 
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Figure 1 1 -4. Time-cost diagram. 
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After all pertinent data has been gathered, study assumptions must 
be established and examined for validity in the specific analysis to be 
undertaken. Care must be taken to be sure that alternate plans are 
equivalent in terms of quantity and quality of services provided and 
that suitable allowances for differences are made where necessary. 
The applicability of the coterminated or repeated plant assumption 
must be determined. This assumption is of course closely related to 
the type of analysis to be carried out ( IROR, PWAC, or PWE) . 
Finally, the best possible judgment must be exercised in evaluating 
intangible aspects of a plan ; these might include the esthetic effects 
of certain designs or the impact of a project on the environment. 

Of necessity, economy studies are based on a number of explicit 
and implicit assumptions. It is often desirable to broaden the scope 
of the study to determine the sensitivity of the results to variations 
in the assumptions. For example, the growth rate used in the forecast 
that initiated the study might be varied or, if it was assumed to be 
uniform, the effect of a nonuniform rate might be evaluated. Some
times, project studies are complicated by interactions with other 
projects. The construction of parallel or crossing routes or succeeding 
installations may affect initial costs. Estimates must be made of these 
effects and it may be desirable to determine the sensitivity of the 
results to variations in the estimates. 

When all studies have been completed, the results are compared in 
respect to economy, uncertainity, and sensitivity to variations. A 
decision is made in favor of a specific plan and a recommendation is 
made for management consideration and implementation. 
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Section 3 

Signal Characterization 

Telecommunications in the Bell System involve the transmission 
and, in many cases, the switching of many types of signals which 
differ materially from one another. To facilitate the evaluation of 
transmission objectives, the nature and magnitude of various im
pairments, the performance provided by different systems or facilities, 
and the manner in which all of these interact, it is necessary that 
the various types of signals be described in terms that permit the 
expression of mathematical relationships among all these factors. 
This section of the book provides such signal characterization for 
the principal forms of transmitted signals - speech signals, address 
and supervisory signals, data signals, and video signals. It also covers 
the characterization of combinations of signals that are found in a 
frequency division multiplexed load on an analog carrier system. 

Chapter 12 covers the characteristics of speech signals typically 
found in a telephone channel, i.e., a loop or trunk. Bandwidth, ampli
tude, phase, and frequency variations are described for telephone 
speech and the characteristics of a multichannel speech signal trans
mitted on analog carrier systems are described. A brief discussion 
of radio and television program signals is also given. 

Wherever telecommunications signals must be switched, signals 
must be transmitted for the purpose of directing and controlling the 
switching apparatus. These signals, called address and supervisory 
signals, are of many types. The most important are described in 
Chapter 13. The proliferation of this variety of signals has resulted 
from the increasing number of switching system types and the in
creased number of switching features that have been provided. The 
signal characterization given in this chapter is provided with a 
minimum of discussion of the equipment or switching features 
involved. 
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The material in Chapter 14 represents the characterization of a 
number of the more important types of data signals found in the 
Bell System. These signals are, in many cases, digital in format ; 
they involve the provision of channels ranging from bandwidths of 
tens of hertz to several megahertz. Amplitude, frequency, and phase 
shift keying techniques are employed in multilevel formats ranging 
from two to fifteen levels. Some signals are analog in nature and 
as such, may achieve an infinite number of values over a restricted 
but continuous range. 

The transmission of video signals is among the telecommunication 
services provided by the Bell System. While the number of video 
circuits in service is small compared to the number of voice-frequency 
circuits, the video circuits utilize a substantial portion of the Bell 
System transmission facility capacity because of the large bandwidth 
most of them require. Characteristics are described in Chapter 15 
for telephoto, video telephone, and black and white and color tele
vision signals. 

One reason for the extensive and detailed attention given to 
signal characterization is the fact that signals and transmission 
systems interact in important ways. It is rare that only one type 
of signal is to be found in any one transmission system. This is 
especially true in broadband carrier systems which carry simultane
ously a large variety of signals. Some of the effects of such signal 
combinations are characterized in Chapter 16, where a qualitative 
discussion of such combinations is presented. 
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Chapter 1 2  

Speech Signals 

A message channel in the switched message network or in a private 
line network must carry a wide variety of signals ; the most common 
and, therefore, among the most important is the telephone speech 
signal. Much research effort has been devoted to an understanding 
of all the details of the processes of speech and hearing [1,2,3,4] . The 
concern here, however, is with the electrical signal analog of the 
acoustic message. This signal and its characterization are related 
primarily to the processes carried out in the transmitter (micro
phone) of the telephone station set and the effects on the signal pro
duced by interactions between it and the channels on which it is 
carried. 

The problems of speech signal characterization are made complex 
by the large number of variables involved and the resulting difficulties 
of defining and measuring important parameters explicitly. To over
come these difficulties, signal parameters are defined in terms of 
their statistical properties, such as average values, standard devia
tions, and activity factors. These parameters are defined first for a 
hypothetical single continuous talker of constant volume, Voc· This 
value, expressed in vu, is next modified to account for breathing 
intervals and intersyllabic gaps and to define the single constant
volume talker in terms of power in dBm, Poe· 

Variables are next introduced to cover the effects of the sex and 
speaking habits of the talkers, circuit losses, the automatic compen
sation introduced by talkers to overcome impairments, station set 
variability, etc. Consideration of these variables introduces the 
concept of the variable volume talker, one whose average volume 
is Voc and whose volume has a standard deviation, cr. 

The definition of these parameters is relatively straightforward, 
but the determination of their values by analytic means is not. Meas-
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urements are usually made in working systems to determine the 
values of average and standard deviations. These measurements must 
be expressed, of course, in terms of some well-established reference 
point, such as 0 TLP. 

A continuous talker signal is not ordinarily found in a telephone 
message channel. Activity factors associated with the efficiency of 
trunk utilization and talk-listen effects must be evaluated. With these 
factors accounted for, the statistics of talker signals in multiplexed 
broadband systems can be evaluated and used for the determination 
of signal-dependent impairments such . as intermodulation noise, 
crosstalk, and overload. 

1 2- 1  T H E  SI NGLE-CHANNEL SPEECH SIGNAL 

Whereas single-frequency signals are easily specified by just a 
few numbers - one for frequency, one for amplitude, and in some 
cases, one for phase - in addition to a functional expression such as 
sine or cosine, a telephone speech signal is not so easily specified or 
defined. It consists of many frequencies varying in amplitude and 
relative phases. Its average amplitude fluctuates widely, and even 
its bandwidth may vary with circumstances. Consider first the speech 
signal generated at a telephone station set and the way in which it 
is modified by the transmission elements of the channel between the 
transmitter and receiver. 

Speech Sig na l Energy Distribution and Channel Response 

The electrical analog of the acoustic speech signal is generated in 
the station set transmitter. Sound waves from the speaker are im
pressed on the transmitter of the station set, which typically houses 
a small container filled with carbon granules. Common battery direct 
current, supplied from the central office over the loop conductors, 
passes through these granules. The varying pressure of the speech 
waves causes the resistance between granules to vary and, in effect, 
to modulate the direct current passing through them. 

Human speech contains significant components extending roughly 
from 30 to 10,000 Hz. The distribution of the long-term average 
energy for continuous speech approximates that shown in Figure 12-1. 
The actual spectral energy density and bandwidth are, of course, 
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Figure 1 2- 1 . Approximate long-term average spectral energy density for 
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highly variable parameters. Nearly 90 percent of the speech energy 
lies below 1 kHz. This part of the spectrum also contains considerable 
intelligibility so that speech transmitted through a 1-kHz low-pass 
filter would be at least partly understandable. However, it would also 
be quite unnatural and unpleasant. The listener would have to work 
hard to recover intelligibility, and many of the nuances in speech 
that permit recognition of the talker would be lost. 

In practice, a band extending approximately from about 0.25 to 
3.0 kHz has been found to provide commercially acceptable quality 
for telephone communications. The transmission response at several 
points in a simple connection is depicted in Figure 12-2. In the Bell 
System, the transmission band of telephone circuits is defined as that 
between points that are 10  dB down from the reference frequency, 
usually taken as 1000 Hz. Figure 12-2 shows that, even for the simple 
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connection depicted, the band is already restricted to approximately 
0.25 to 3.0 kHz. 

Single Constant-Volume Ta lker 

To develop an understanding of speech signal characterization 
from the point of view of practical applications of transmission 
design, layout, and operation, consider first a single continuous 
talker of constant volume, a somewhat hypothetical case. The volume 
of this talker's telephone speech signal has, by definition, a value of 
Voe VU. 

A continuous talker is not capable of producing truly continuous 
speech signals. Pauses due to the thought process, to breathing in
tervals, or to intersyllabic gaps in energy result in an activity factor, 
Te, of 0.65 to 0.75. 

The value of power in dBm in a speech wave is defined as the 
value of volume in vu corrected by the activity factor. Thus, the 
power for a continuous talker may be written 

Poe == Voe + 10 log Te dBm. ( 12-1a) 

For example, if Te == 0.725, the power in such a signal is 

Poe == Voe - 1.4 dBm. ( 12-1b) 

This value agrees with an empirically derived relationship between 
vu and dBm for speech signals which is generally accepted. 

Sources of Volume Variation 

Except under specially controlled circumstances, a constant-volume 
talker is a rarity. Consider some of the important sources of volume 
variation. First, the telephone speaking habits and sex of the speaker 
introduce wide variations. He or she may be loud or soft-spoken 
and may hold the telephone transmitter close or at a distance. In 
addition, telephone sets have a range of values for the efficiencies with 
which they transform acoustic waves to electrical waves and vice 
versa. Further, their efficiencies are, by design, variables which depend 
on the value of direct current fed to them from the central office. The 
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length of the loop, the wire gauge used, the presence or absence of 
irregularities such as bridged taps or bridged stations, and the 
possible use of loading on the loop all contribute to variations from 
loop to loop. These variations affect the average losses in the loop 
and the amount of current fed to the transmitter. In addition, 
these variations affect differently the attenuation at different fre
quencies. Variations in average loss and in frequency-dependent 
attenuation are also found in central office wiring and equipment, 
trunks, and carrier facilities that may be used in a built-up connec
tion. Furthermore, impairments such as sidetone, echo, circuit noise, 
room noise, and crosstalk have subjective effects on speaking habits, 
as do distance, trunk loss, and type of call. *  

Some of  the variable losses involved in  a simple interlocal telephone 
connection are illustrated in Figure 12-3. Station set efficiencies for 
sound pressure to electrical signal conversion and vice versa are such 
that, with typical losses in the circuit making up a local connection, 
a speaker producing at the microphone a sound pressure of 89.5 
dBRAP (dB above reference acoustic pressure) would be heard at 
a sound pressure of 81.5 dBRAP. Reference in this case is an 
acoustical pressure of 0.0002 dyne per square centimeter. The pre
viously mentioned variables are such that received sound signals 
have a wide range of values with a standard deviation of nearly 
± 8 dB about the average value of 81.5 dB RAP. 

In Figure 12-3, the noise impairments shown as introduced in 
loops, central office equipment, and the trunk might be picked up at 
any of these points. The figure is illustrative. Room noise at the 
speaker's end of the connection enters the circuit through the trans
mitter and appears at the distant receiver along with the speech 
signal. Room noise at the listener's end affects his hearing directly 
and, in addition, enters his transmitter and appears in his receiver 
by transmission through the sidetone path. The decreasing powers 
in the signal and in each noise component, caused by the increasing 
circuit loss illustrated at the bottom of the figure, are not assigned 
values in the figure because they are so highly variable on different 
connections and under differing circumstances. Even though impair
ments are not discussed here in detail, the noise and loss impairments 
are shown qualitatively in Figure 12-3 to illustrate their sources. 

*It has been observed that volume increases about 1 vu for each 3 dB of trunk 
loss and about 1 vu for each 1000 miles of dis�tance. Volume on business calls 
tends to be somewhat higher than on social calls. 
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They have an indirect, subjective effect on talker volumes as pre
viously mentioned. 

Single Variable-Volume Ta lker 

As has been pointed out, the single constant-volume talker is, in 
general, a hypothetical case. The aforementioned variables are so 
numerous and so difficult to evaluate precisely that it is necessary 
to rely on measured data in order to characterize the single variable
volume talker. The results of the 1960 survey of speech volume meas
urements, essentially an evaluation of the variable-volume talker, are 
summarized in Figure 12-4 [5] . While these are the latest data 
available, they are somewhat dated, and consideration is being given 
to conducting a new survey. In such a survey, many variables must 
be considered, and studies are being made to determine which of 
these are important in the present day plant [ 6, 7] . 

SPEECH VOLUMES (VU)* 
TYPE OF CONNECTION 

MEAN STANDARD DEVIATION 

Intra building -24.8 7.3 

Inter building -23.1 7.3 

Tandem -19.6 5.9 

Toll -16.8 6.4 

*Measured at transmitting switch, class 5 office. 

Figure 1 2-4. Near-end tal ker speech volumes, 1 960 survey. 

A knowledge of the average power per talker of a group of talkers 
all of whose volumes vary with time is needed for the design of 
broadband carrier systems. Such designs must be based on total 
signal power, determined from the mean value and standard devia
tion of each of the speech signals to be carried. These signals do not 
combine statistically as normal distributions, even though each is 
normal in dB. The average power values must be added ; this requires 
conversion from dBm to milliwatts, determination of the average 
value, addition of the averages in milliwatts, and reconversion of the 
result to dBm. 
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Consider a probability density function, normal in dB, having 
an average value of 0 dBm and standard deviation of 3 dB (these 
values are illustrative, not typical ) .  Such a function is plotted in 
Figure 12-5 (a) . If the dBm values are converted to milliwatts, the 
density function of Figure 12-5 (b) results. Note that this function 
is skewed and that its mean value is greater than 1 mW. The differ
ence, 8, between the average value in dBm (0 dBm or 1 mW) and 
the mean value of the distribut.ion increases as a- increases. The 
necessary correction to express the power under a log normal proba
bility density function has been derived elsewhere and is equal to 
0.115a-2 [8] ; i.e., to obtain the average power in dBm, 0. 115a-2 must 
be added to the mean value. 

-9 -6 -3 0 3 6 
dBm 

(a) Normal in dB 

9 0 2 3 4 s 6 7 8 
mW 

(b) Log-normal in mW 

Figure 1 2-5. Density functions. 

Thus, the average power of a variable-volume talker signal having 
a log normal density function and a standard deviation of a- may be 
expressed by 

P()p == Poe + 0.115a-2 == Voc - 1.4 + 0.115a-2 dBm. ( 12-2 ) 

This equation is derived from Equation ( 12-1b) and from the dis
cussion above which relates the average value of power to the mean 
value of the density curve, normal in dB. 

The mean value of volume for toll calls is given on the last line of 
Figure 12-4, but further manipulation is necessary to make the data 
useful for toll system analysis. The first step is to translate the 
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data from the outgoing switch of the class 5, or end office, where the 
measurements were made, to a comparable point in a toll sy�tem. 
Between the point of measurement and the entrance to the toll portion 
of the network are, for each connection, a toll connecting trunk and 
certain items of central office equipment. These have a loss of 
(VNL + 2.5 ) dB, which includes 2 dB assigned to the trunk and 
0.5-dB allowance for the central office equipment. If 0.5 dB is allowed 
for the VNL (a typical value) , the average -16.8 vu volume for toll 
calls shown in Figure 12-4 may be translated to toll system values 
(at the -2 dB TLP) as 

Vtoll == - 16.8 - (2.0 + 0.5 + 0.5) == -16. 8 - 3.0 == -19.8 VU. 

Typically, the losses of toll connecting trunks have a standard de
viation of 1 dB. Thus, when combined with the standard deviation of 
measured toll volumes at the end office, the standard deviation of 
volume on the toll system is 

CTtoll == y6.42 + 12 == 6.47 VU. 

For the values of toll call volumes, the average continuous talker 
power is 

P0p == -19.8 - 1.4 + 0.115cr2 == -19.8 - 1.4 + 4.8 = -16.5 dBm. 

One further correction is needed. Recall from Chapter 3 that the 
outgoing switch at which a toll trunk is terminated is defined as a 
-2 dB TLP. Therefore, the toll average power must be converted to 
a value at 0 TLP by adding 2 dB ; i.e., 

P()p == -16.5 + 2 == -14.5 dBmO. 

All of the above discussion relates to volume and power averaged 
subjectively over an interval of 3 to 10 seconds. In reading the 
volume indicator, occasional very high and very low readings are 
ignored. High peaks, however, do occur, and their magnitude is 
sometimes of considerable interest. The peak factor for a typical 
continuous talker is approximately 19 dB. For a talker of lower 
activity, peak magnitudes are not affected, but the average power is 
reduced relative to the continuous talker. 
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1 2-2 MULTICHANN EL SPEECH 

The need for characterizing the speech signals in multichannel 
systems arises primarily from the need to control overload per
formance in analog systems. The characteristics of a multiplexed 
combination of speech signals are determined by extrapolation of 
the analysis of single speech signal characteristics. 

If there are a number, Na, of independent continuous talker signals 
of distributed volumes simultaneously present in a broadband system, 
each signal occupying a different frequency band but at the same 
TLP, the total power represented by the N a signals is 

Pav == P0p + 10 log Na 

== Voc - 1.4 + 0.115cr + 10 log Na dBm. ( 12-3 )  

In  a system containing N channels, the maximum number of  simul
taneous signals that could be present is Na == N ;  however, such an 
event is extremely unlikely, especially when N is large. Thus, it is 
necessary now to examine the factors that enter into an evaluation 
of the probable number of simultaneous talkers in such a system. 

The speech activity factor for a continuous talker, Tc, was included 
in Equation ( 12-1 ) for the evaluation of Poe. In evaluating Pav 
[Equation ( 12-3 ) ] ,  other forms of activity must be taken into 
account. The assumption is made that, on the average, during a 
conversation the person using a telephone talks half the time and 
listens half the time. Thus, the value of the talk-listen activity factor, 
Ts, may be taken as 0.5. More trunks are provided than are needed, 
even during the busy hour when traffic is heaviest, because the 
number of call rejections due to busy circuits must be held to an 
acceptable minimum. Furthermore, during the time a call is being 
set up, there is low speech activity on the trunk. These effects may 
be accounted for by a trunk efficiency factor, Te. For domestic cir
cuits, Te is usually taken as 0.7. For overseas calls, this value may 
be as high as 0.9. 

The two activity factors discussed above are usually combined 
into a single telephone load activity factor, 

'TL == Ts Te == 0.5 X 0. 7 == 0.35. 
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Other activity considerations not specifically evaluated have led to 
a commonly accepted value of TL = 0.25 for domestic telephone 
systems. A higher value (usually TL = 0.35) is used for transatlantic 
or transpacific systems. It must be remembered, however, that these 
are average busy-hour values. The number of speech signals simul
taneously present during the busy hour, when such load considera
tions are important, varies considerably. 

For an N-channel system having a load activity factor TL, the 
number of independent continuous talker signals, Na, is a variable 
whose mean value is NTL. A system designed to carry just NTL con
tinuous talkers would be overloaded half the time. A system designed 
to carry N continuous talkers would be impractical because such a 
signal load would occur only a very small percentage of the time. 

It is necessary, therefore, to establish the statistical distribution 
of channels that would carry continuous talker signal power as a 
function of time. The variable representing this distribution may be 
called Ns. The probability that the number of channels carrying 
continuous talker power is N s may be found from 

N '  N N - N  

p (Ns ) = Ns ! (N � Ns) ! TL 
s ( 1 - TL ) s 

This is a binomial distribution that approaches a normal distribution 
having a mean value of NTL and a standard deviation y!NTL ( 1-TL ) 
if NTL > 5. 

For design purposes, the number of talkers assumed to generate 
speech energy simultaneously is the number that may be present 
one percent of the time. This value, chosen on the basis of experi
ence, shows adequate balance between performance and cost. Thus, 
Na is the value of Ns exceeded one percent of the time. From the 
values of areas under a normal curve (Figure 9-15) , this value is 
Na � NTL + 2.33 yNTL ( 1 - TL ) . 

Examination of this equation shows that the mean, NTL, increases 
more rapidly than the standard deviation, y!NTL ( 1  - TL) , as N 
becomes larger. Thus, for large values of N, Na approaches NTL. 
Also, it can be seen that the larger the value of TL, the smaller N 
need be for this approximation to be valid. Note that for TL = 1 ,  
1 - TL = 0, and Na = NTL. 
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Thus, for large values of N, Equation ( 12-3 ) can be rewritten 

Pav � Voe - 1.4 + 0.115<T2 + 10 log N + 10 log TL dBm. 

This approximation can be made an equality, even for systems of 
small N, by defining a term which takes into account the deviation 
of Na from NTL. This term is defined* 

I Na 
de1 = 10 og -N . 

TL 

When, terms are rearranged, this may be written 

10 log Na = de1 + 10 log N + 10 log TL 

and substituted in Equation ( 12-3 ) to give 

Pav = Voe - 1.4 + 0.1 15u2 + 10 log TL + 10 log N + dc1 

(12-4)  

dBm. 

( 12-5 ) 

For the two values of TL given previously ( 0.25 and 0.35 ) , the re
lationships among Na, NTL, and dc1 are shown in Figure 12-6 for 
systems of various sizes. The value of �cl is shown to become small 
as N gets larger. It is often ignored in systems in which N > 2000 
channels. 

If Voc is evaluated at 0 TLP, the value of Pav in Equation ( 12-3 ) 
is in dBmO. In the total speech load of N signals, Pav is the average 
power at 0 TLP exceeded during one percent of the busy hour when 
all N channels are busy. (A channel is considered busy when a talk
ing connection is established ; speech signals need not be present. )  

From Equations ( 12-2) and ( 12-5) , the long-time average load 
per channel may be determined (by substituting the previously de
rived values P(}p = -14.5 dBmO and TL = 0.25) for broadband toll 
systems as 

Pav/chan = P(}p + 10 log TL + dd dBmO. 

*Other near-equivalent definitions of del are given in Reference 9, pages 227 
and 229. The definition given here, however, is commonly used; its value is 
conveniently determined and nearly always accurate enough for engineering 
purposes. 

TCI Library: www.telephonecollectors.info



3 1 4  

N 

6 

12 

24 

36 

48 

96 

300 

600 

2000 

Na 

4.84 

7.37 

11.80 

15.88 

19.84 

34.74 

93.32 

175.55 

545.91 

Signal Characterization 

TL = 0.25 

NTL 

1.5 

3.0 

6.0 

9.0 

12.0 

24.0 

75.0 

150.0 

500.0 

Act• dB 

5.1 

3.9 

2.9 

2.5 

2.2 

1.6 

0.9 

0.7 

0.4 

Na 

5.60 

8.78 

14.59 

19.94 

25.19 

45.18 

124.92 

237.89 

750.34 

TL = 0.35 

NTL 

2.1 

4.2 

8.4 

12.6 

16.8 

33.6 

105.0 

210.0 

700.0 

Figure 1 2-6. Number of active channels and Act. 

Vol. 1 

Aclt dB 

4.3 

3.2 

2.4 

2.0 

1.8 

1.3 

0.7 

0.5 

0.3 

For very broadband systems (N > 2000 ) , Ac1 approaches zero and 
the load is 

Pav/chan == -14.5 - 6 == -20.5 dEmO 

for a telephone signal load of variable volume talkers. *  

1 2-3 LOAD CAPACITY O F  SYSTEMS 

The load capacity of a multichannel telephone transmission system 
is the peak power generated by the total number of speech signals 
the system can carry without producing an undue amount of dis
tortion or noise or otherwise affecting system performance or 
reliability. The maximum signal amplitude impress·ed on the system 
depends on the average talker volume, the distribution of volumes, 
and the talker activity. Overload may be the result of the signal 
amplitude exceeding the dynamic range of an amplifier or other active 
device, of frequency deviations exceeding the bandwidth of an angle
moduled system, or of voltages exceeding the quantizing range of a 

*None of the material in this chapter considers the effects of address, super
visory, or data signals on average channel loading. These effects are covered in 
Chapter 16. 
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digital quantizer. A system is often said to be overloaded when the 
overload point of the system is exceeded by peaks of the transmitted 
signal more than 0.001 percent of the time. ( It is not then said to be 
overloaded 0.001 percent of the time. ) 

Multichanne l  Speech a nd Overload 

Overload is defined in a number of ways in Chapter 7. These defini
tions all basically relate to the signal amplitude at which performance 
is no longer linear enough to satisfy performance objectives. In 
any of these definitions, it is convenient to use Ps dEmO to ex
press the average power of a single-frequency signal that causes 
system overload. The peak instantaneous power of this sinusoid is 
(Ps + 3 )  dEmO. 

Most systems do not overload on average power but rather when 
instantaneous peaks exceed some threshold. A multichannel telephone 
system with Pav == Ps overloads severely because the multichannel 
signal has a peak factor much larger than the 3-dB peak factor for 
the single frequency, Ps. The peak factor for multichannel speech 
is 13 to 18 dB, depending on the number of channels in the system. 
It has been found that performance is usually satisfactory if the 
peak power of the multichannel load exceeded 0.001 percent of the 
time is set equal to or less than the peak power of the sinusoid, 
(Ps + 3) dEmO. This may be written 

Ps + 3 == Pav + .::1c2 dEmO 

or 

P s == P av + .1c2 - 3 dEmO, (12-6)  

where ac2 is the peak signal amplitude exceeded 0.001 percent of 
the time. The value of ac2 has been determined and is plotted in 
Figure 12-7. This figure shows that as the number of active channels, 
Na, increases, the peak factor asymptotically approaches 13 dB. 
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Figure 1 2-7. Peak factor, �c2, exceeded 0.001 % of time for speech channels. 

This value corresponds closely to that for random noise. 

If Equation ( 12-5) is substituted in Equation ( 12-6 ) , 

Ps == V 0c - 1.4 + 0.115<T2 + 10 log TL + 10 log N 
+ �cl + �c2 - 3 dBmO ( 12-7a) 

or, with �c == �cl + �c2 - 3, 

Ps == V 0c - 1.4 + 0.1150"2 + 10 log TL + 10 log N 
dBmO. ( 12-7b) 

The term �c is known as the multichannel load factor. It is plotted 
in Figure 12-8 as a function of N and several values of u for an 
assumed value of TL == 0.25. For other values of <T or TL, �c can be 
found from the empirically derived formula 

40 0" 
�c == 10.5 + NTL + 5 V20" dB. ( 12-8) 

Single-frequency signals are used in the analysis of system load 
capacity, but they are seldom used in load testing. A band of Gaussian 
noise is frequently used in system testing to simulate a multichannel 
signal. 

Effect of Shaped TLP Characteristics 

The discussion of the multichannel speech signal load and its rela
tion to overload phenomena has been carried out in terms of 0 TLP 
characterizations of speech signals. Implied in the discussion is the 
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assumption that the transmission from 0 TLP to the point of 
interest where overload may occur (for example, at the output of a 
line repeater) is flat with frequency and thus the same for all channels 
in the broadband system. This is not necessarily so. Noise advantage 
in the system can frequently be obtained by shaping the transmission 
between the two points. In this case, the TLP at the point of interest 
is not flat with frequency ; as a result, the volume distribution at the 
point of interest is modified according to the line frequencies of the 
individual channels and the transmission characteristic between the 
two points. 

The average power of such a shaped signal load may be deter
mined [9] at the point of interest by !T f 10CW/10df P'av = Pav + 10 log /T _ /B dBm. 

!B 
( 12-9 ) 
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Here, fr and /B are the top and bottom frequencies, respectively, of 
the signal spectrum at the point of interest, and C (f) is the gain 
shape in dB between 0 TLP and the point of interest. 

With shaping between 0 TLP and the overload point, the peak 
factor, and hence �c, are more complex. The effects of signal shaping 
on overload have been studied, using a computer, for normally dis
tributed talker volumes having various gain characteristics over the 
multiplexed band. It has thus been found empirically that, for the 
same overload condition (0.001 percent) , the value that should be 
used for �c is very well approximated if the system is assumed to 
have 'YJ channels instead of N channels. The value for YJ is taken as 
that number of channels whose TLPs are within 6 dB of the channel 
having the highest TLP at the point where overload occurs. 

1 2-4 PROGRAM SIGNALS 

Program transmission is a nationwide service provided by the 
Bell System to transmit the audio programs of radio and television 
broadcasters between points of program origination and one or 
more transmitting stations. In addition, "wired music" material is 
also transmitted for distribution to customers subscribing to such 
services. Other program services include conference calls and calls 
connected to public address systems for a large audience. While such 
signals are audio signals, regular telephone circuits cannot be used 
for program transmission because of the more stringent objectives 
generally applicable to program service. The more stringent objec
tives arise from the necessity of transmitting music and from the 
need for higher fidelity speech when the receiver is not a telephone 
set receiver. 

At the present time, the majority of program circuits used in toll 
transmission systems employs a band of frequencies from about 50 
to 5000 Hz. For special broadcasts in which the program is speech 
alone, such as newscasts, the broadcaster may use specially condi
tioned message circuits that transmit a band of frequencies from 
200 to 3500 Hz. Other program services, less frequently used, cover 
frequency ranges of 50 to 8000 Hz and 35 to 15,000 Hz. The latter 
two are used primarily to transmit high quality music for FM and 
FM-stereo broadcasts in local areas and to satisfy the needs of 
educational television services. 
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The bandwidth is specified differently for program facilities than 
for telephone speech. The bandwidth of program circuits is defined 
as that between the frequencies at which the response is 1 dB below 
the 1-kHz response, as contrasted with 10-dB response points for 
message circuits. Program circuit filters must roll off more gently 
than message circuit filters because program signals are more sus
ceptible to delay distortion impairments than are ordinary message 
signals. Program channel equipment is often provided with a modest 
amount of delay distortion equalization. 

The energy distribution in program signals is difficult to specify 
because of the wide range of program material transmitted - speech, 
drama with sound effects, music of different varieties, etc. No 
generally accepted program spectrum has been established. 

The average volume and the dynamic range of program signals 
are somewhat higher than for telephone speech. There are relatively 
few program channels, however, and contributions to system load 
effects are generally small enough to be ignored. A possible exception 
is the coverage often given to special events such as a presidential 
speech or a political convention. All program facilities leaving one 
location may be carrying the identical program. Careful study is 
necessary to guard against overload of systems in these circumstances. 
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Signal Characterization 

Chapter 1 3  

Signal ling 

Signalling involves the generation, transmission, reception, and 
application of a class of signals needed for directing and controlling 
automatic switching machines and conveying to telephone system 
users information needed for using the network. Such signals may 
be functionally categorized as follows : 

( 1 ) Address signals 

( 2 )  Supervisory signals* 

( 3 ) Alerting signals 

(4 )  Information signals 

( 5 )  Test signals. 

Address signals are used to set up connections ( i.e., to route calls ) 
by controlling the operation of automatic switching machines. Such 
signals may be generated at station sets, switchboards, or switching 
machines. Many types of address signals are used on both loops 
and trunks. 

Supervisory signals are used to convey, to a switching machine or 
to an operator, information regarding the status of a loop or trunk. 
The four service conditions that supervisory signals convey are as 
follows : 

( 1 )  Idle circuit, which is indicated by the combination of an on
hook signal and the absence of any connection in the central 
office between the loop and another loop or trunk. 

*Although address and supervisory signals are both used to control switching 
machines, they are considered separately in this chapter. 
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(2 )  Busy circuit, which is indicated by an off-hook signal and a 
connection to a trunk or another loop. 

(3 )  Seizure, or call for service, which is indicated by an off-hook 
signal and the absence of any connection to another loop or 
trunk. 

( 4) Disconnect, which is indicated by an on-hook signal and a 
connection to a trunk or another loop. 

The terms on-hook and off-hook are derived from supervisory condi
tions that exist on a loop. If the station set is on-hook, it is idle ; 
if it is off-hook, it is busy. The terms are so descriptive that they 
are commonly applied to trunks as well as to loops. Supervisory 
signals must be extended over a connection to the point at which 
billing information can be used by a message accounting machine or 
by an operator. Details of how such signals are used are beyond the 
scope of this chapter. 

Alerting signals are those whose primary function is to alert an 
operator or a customer to some need. Included in this group are such 
signals as flashing, ringing, rering, recall, and receiver-off-hook 
signals. 

Information signals include machine announcements, audible ring, 
busy tone, and dial tone. While many of these signals are normally 
transmitted at low enough amplitudes or are used infrequently enough 
that they have little impact on transmission, the reverse is not true. 
For example, machine announcement arrangements, such as the 
Automatic Intercept System, have been carefully engineered so that 
the customer hears the announcement at about the same amplitude 
as he would hear an operator. This avoids contrast and ensures a 
good overall grade of service. Also, in order to be compatible with 
acceptable transmission standards, the design of tone generators for 
dial tone, audible ringing, busy tone, etc., is controlled by a precise 
tone plan which specifies the frequencies and amplitudes of all such 
tones. 

Test signals are of many types. They are not covered in detail 
in this chapter, but discussions of several types of test signals are 
found elsewhere in the text. 
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The characterization of signals covered in this chapter is im
portant from a transmission point of view for a number of reasons. 
There is a great variety of such signals and some are used frequently, 
in large numbers, and for long periods of time. It is important to 
know their characteristics if they are likely to affect the transmission 
performance of other signals sharing the same facility or trans
mission medium. Furthermore, such signals sometimes have trans
mission requirements that are more stringent than other "pay-load" 
types of signals and, as a result, may be a controlling factor in 
establishing overall design limits for transmission facilities. In 
addition, the signalling circuits interconnect with transmission cir-

. cuits and may contribute to transmission loss and distortion. Finally, 
on loops, the signalling circuits affect the amount of current that is 
delivered to the station set transmitter. 

The incompatibilities between signalling and transmission circuits 
could cause distortion of the address signals. Pulse splitting, a serious 
form of mutilation that can make a single pulse look like two, is an 
example. It can occur in four-wire terminating sets as a result of 
spurious low-frequency oscillation caused by parallel resonance be
tween a transmission capacitor and the inductance of a signalling 
relay. This type of problem must be avoided in the design of 
signalling-transmission interface circuits. Typically, a nonlinear de
vice, e.g., a diode, may be connected in series with the oscillatory 
elements to break up the low-frequency oscillations. 

1 3- 1  SIGNALL ING ON LOOPS 

Three aspects of signalling on loops are important from a trans
mission standpoint. These are supervision, addressing, and customer 
alerting. All of these aspects of signalling on loops are related to 
what is known as common battery operation. 

Common Battery Operation 

Most of the equipment associated with an individual telephone 
central office is operated from a single large centralized battery.* 
Current supplied from such a battery to the loops connected to the 

*Some local battery operation and manual switchboards may still be found in 
rural areas. This type of operation and the signalling arrangements required are 
rapidly becoming obsolete and are not covered here. 
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central office is modulated by speech in the transmitter to form the 
speech signal. The same battery current is used to implement 
signalling functions that must be provided from the station set 
toward the central office equipment. 

One type of connection of loops to the common battery supply is 
illustrated in Figure 13-1. Three loops and station sets are shown 
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Figure 1 3- 1 . Common battery connections - repeat coi l circuits. 
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with the tip loop conductors, T, connected to the grounded positive
side bus bar of the battery. The ring conductors, R, are connected 
to the ungrounded negative side of the battery. The repeat coils (or 
transformers) and capacitors in each of the battery feed circuits to 
which the loops are connected couple the transmission from the 
loops into the switches to complete connections to trunks or to 
other loops. Another circuit configuration commonly used as a battery 
feed circuit is known as a bridged-impedance-type circuit. This cir
cuit, shown in Figure 13-2, couples the loop to the switches by 
capacitors rather than repeat coils. Both types of battery feed circuits 
are designed to minimize the transmission of speech or noise signals 
from the loops into the common battery. These are oversimplified 
schematics that do not show details of the signalling functions. 

Supervision on Loops and PBX-CO Trunks 

During various stages of a call (call for service, dial tone, dialing, 
connecting, ringing, talking, etc. ) , battery and ground are supplied 
to the loop or Private Branch Exchange (PBX) -central office (CO) 
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Figure 1 3-2. Transfer of loop supervision - bridged impedance battery feed. 
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trunk* by a circuit somewhat like those illustrated in Figure 13-1 . 
The battery supply may be a different circuit, however, for each 
stage of the call and may be different for either an incoming call or 
an outgoing call. Furthermore, while idle loops always have negative 
battery on the ring conductor, the battery-ground connections to a 
calling party may be reversed during the progress of setting up a 
call. In the talking condition, either calling or called party loops may 
have the polarity reversed, particularly when served by a step-by-step 
switching machine. Each battery supply circuit must include a relay 
or other device which can . respond to changes in the signalling or 
supervisory condition on the loop and, in responding, extend the 
information regarding the changed conditions to other circuits. 

Figure 13-2 illustrates the process for an outgoing call. When the 
station set is on-hook, battery and ground are connected to the loop 
conductors through the windings of the L relay in the loop circuit 
and the closed cutoff relay contacts. Operation of the L relay, caused 
by the flow of current through its windings when the station set 
changes to an off-hook condition (call for service) ,  results in switch
ing system operations which disconnect the L relay from the loop 
(by operating the cutoff relay) and which connect the loop to a 
trunk circuit. Thus, during the first part of the call sequence, super-
vision of the loop is provided by the flow of current through the 
L relay ; during the second part of this sequence, supervision is 
provided by the S relay in the trunk circuit through whose windings 
current is supplied to the loop. 

It should be stressed that the circuits of Figures 13-1 and 13-2 
and the sequence of operation just described are illustrative only. 
Although many variations exist in different types of switching 
systems, the basic function of loop supervision is performed in all 
systems by circuits very similar to those described. 

The process just described is known as the loop-start process. 
Another process used to initiate a call is known as ground-start. In 
some cases, for example on certain dial-selected PBX trunks, the 
calling sequence is started by applying a ground to the ring side of 
the line. In such cases, the line relay is wired to accept only this 
call-for-service signal and responds accordingly. It is used in this 
application in order to minimize the probability of simultaneous 

*In many respects PBX-CO trunks are functionally similar to loops. 

TCI Library: www.telephonecollectors.info



Chap. 1 3  Signa l l ing 327 

seizure of a trunk from both ends for an incoming and an outgoing 
call. The simultaneous seizure of a trunk from both ends, a condition 
called glare, would be a serious problem on dial-selected PBX trunks 
because there can be an interval of 4 seconds after an incoming call 
is connected to the trunk before it is rung. Additional time may pass 
until the incoming call is answered and the trunk is made busy at 
the PBX. With ground-start operation, the trunk, while in the idle 
state, has no ground on the tip conductor. Upon seizure by the central 
office equipment, ground is applied to the tip conductor, a condition 
used immediately to make the trunk busy at the PBX ; removal of 
the tip ground is recognized by the PBX as a disconnect signal.  When 
a call is originated at the PBX, ground is placed on the ring con
ductor. When a central office connection is established, the normal 
battery and ground connections to ring and tip are made. Either state 
(ground on ring or loop closure) is recognized immediately by the 
central office equipment as a trunk seizure. The . central office equip
ment later recognizes the opening of the loop as the disconnect signal . 

The parameters that enter into the calculation of loop supervision 
relationships include the resistance of the station set, the resistance 
of the loop conductors, the resistance of the central office equipment 
and wiring, the resistance of the battery supply circuit (nominally 
400 ohms in most central offices) , the sensitivity of the relay or 
other device that must respond to changes in loop status, and the 
battery voltage itself. These parameters all vary within their respec
tive ranges. The station set resistance has manufacturing varia
tions and, in addition, is designed to be a function of the loop current. 
The resistance of the loop conductors is dependent on the distance 
of the station set from the central office and the gauge of wire em
ployed. The resistance of the central office wiring is also dependent 
on length and wire gauge. In addition, the resistance of the paths 
through the CO equipment is different according to the circuit type 
and type of switching machine and must be accounted for along with 
manufacturing tolerances. Allowance must also be made for loop 
conductor leakage currents. 

The battery voltage has, in most central offices, a nominal value 
of -48 volts ; it varies approximately ±4 volts about the nominal. 
Provision is sometimes made to increase the supply voltage to 72 volts 
for groups of long loops designed for operation on a single relatively 
small gauge of cable (Unigauge design) or when dial long line equip
ment is used to extend loop length. 
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The large number of variables involved in supervisory signal com
putations makes it necessary to apply a set of rules that can be used 
universally to determine if signalling or some other function limits 
loop performance. One such rule for laying out loop plant is that 
the conductor loop resistance must be equal to or less than the 
signalling limit or 1300 ohms, whichever is lower (in most cases, 
loop resistance may exceed 1300 ohms for signalling) . The 1300-ohm 
limit has been established to assure adequate transmission. Other 
rules apply to loading, allowable number of bridged taps, etc. 
Signalling limits must be determined for each case. 

Address Signal l ing on Loops 

Two modes of generating address signals are used at common 
battery telephone station sets operating in a machine switching 
environment. These are dial pulsing and TOUCH-TONE signalling. 
They are described in some detail because different transmission 
problems are related to each. 

Dial Pulsing. Address signalling occurs when a rotary dial is moved 
to its off-normal position and then released. The signals consist of 
pulses which result from interruption of the loop current by the 
pulsing contacts of the dial. The number of pulses corresponds to the 
digit dialed. The central office equipment responds to the dialed digits 
to establish the desired connection. 

Timing relationships are important in this process in a number 
of ways. Note first that the dial pulse signals differ from supervisory 
signals on a loop only in respect to timing. On-hook and off-hook 
supervisory signals are of long duration while dial pulsing signals 
are measured in small fractions of a second. The process of trans
ferring address information from the station set dial to the central 
office equipment is dependent on these timing relationships and on 
the des,igns of the dials, the central office equipment, and the loops. 

Some basic time relationships are shown in Figure 13-3, where the 
digits 2 and 3 are assumed to have been dialed sequentially. The 
first of these time relationships is illustrated by the first pulse in 
Figure 13-3. The complete pulse cycle is made up of a break interval 
during which the pulse contacts of the dial are open, and a make 
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interval during which the pulse contacts are closed. The two intervals 
are related by the expression 

ot. B k 
Break interval X 100 

10 rea == B k k · t l rea + rna e In erva s 

The percent break used in Bell System dials is 58 to 64 percent. 

The second time relationship of importance is the pulse repetition 
rate or number of pulse cycles per second that can be successfully 
transmitted. Most dials used on station sets are designed to operate 
at 10 pulses per second (pps) . While many parameters influence the 
maximum, the pulse rate of these dials is primarily set by the oper
ating speed capabilities of step-by-step switching equipment. The 
dials used at PBX or manual central office switchboard positions are 
often of a 20-pps design. The higher pulse rate is used to achieve 
higher operating efficiency. The higher speed dials can only be used 
where tie trunks or foreign exchange trunks on the PBX do not 
involve DX or SF signalling arrangements. These signalling systems, 
described later, are not capable of operating at the higher speeds. In 
addition, the switching system involved must be capable of responding 
to the higher pulse rate ; step-by-step systems are generally not 
capable of such operation. The use of the higher speed dials is 
facilitated by the lack of bridged ringers on PBX trunks and the 
short trunk length usually associated with PBX operation. 

The two timing relationships given so far, percent break and pulse 
repetition rate, are governed largely by the operate and release char-

g � 
i Dig i t  2 1+-- l nte��; ita l �+--- Digit 3 �  

__, � I 

Time ____. 

Figure 1 3-3. Dial pu lsing of digits 2 and 3. 
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acteristics of central office equipment as they are affected by the loop 
characteristics. The pulse waveforms of Figure 13-3 are highly 
idealized. As illustrated in Figure 13-4, impedance characteristics 
of the loop, station set, and ringer circuits cause distortions of the 
pulses that must be taken into account when station set signalling 
problems are being considered. The dashed-line pulses in Figure 13-4 
are again highly idealized ; the solid-line pulses show how one form 
of distortion (caused by ringer and cable capacitance charge and 
discharge) causes changes in the percent break of the repeated pulses. 
Margins for such distortion must be provided in the design of central 
office control circuits. 

L Nominal j 
interdigital 

time 

Figure 1 3-4. Effect of pulse distortion on dial pulse time relationships. 

The third timing relationship in dial pulsing is shown in 
Figures 13-3 and 13-4 as the interdigital time. This is the time that 
the loop is closed after a digit has been dialed until the first pulse 
of the next digit. It includes the time required by the customer or 
operator to search for the next digit, to pull the dial around to its 
stop, and to release it to start pulsing the next digit. The central 
office equipment must contain timing circuits to recognize this interval 
with allowances (or margins) for pulse distortion caused by the loop 
and other equipment. 

TOUCH-TON E Signal l ing .  A second form of address signalling used 
on station sets is implemented by a set of pushbuttons rather than 
by a rotary dial. This form of signalling, called TOUCH-TONE, is 
usually superior to conventional dial pulsing because it is more 
accurate, more convenient, and faster. ( It is also somewhat more 
costly. ) Operation of any pushbutton results in the generation of 
two single-frequency tones which are transmitted as long as the 
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button is  depressed. Oscillators, activated by pushbutton operation, 
are powered by the line current furnished from the central office. 
While a button is depressed, the telephone transmitter circuit is 
opened, and a resistor is inserted in series with the receiver so that 
the tones are heard in the receiver at a comfortable sound amplitude. 

The layout of the standard 12-button TOUCH-TONE matrix pad 
and the frequencies generated by each button are depicted in 
Figure 13-5. If the number 7 pushbutton is operated, for example, 

1 209 Hz 1336 Hz 1477 Hz 1633 Hz (spare) 

cb IA!CI � .. 
7
: 

IG:J I I J�L I �770 Hz 

I P;s I I T�VI �852 Hz 

G p�ej &941 Hz 

Figure 1 3-5. Pushbutton layout on TOUCH-TONE station set pad showing signal l ing 
frequencies. 

the 1209-Hz and 852-Hz frequencies are generated. Central office 
equipment, different from that used to receive dial pulse signals, 
recognizes these tones as representing the numeral 7. This equipment, 
called TOUCH-TONE converters, translates the oscillator signals to 
digital signals similar to dial pulse signals for machine switching 
recognition and operation. The pushbuttons marked * and # are 
used for certain special signalling. Some 10-button sets, lacking the 
* and # pushbuttons, are still in service. A 16-button set ( 4-by-4 
matrix) is also available for use in private line network service 
provided to the U.S. government. 

The signals in the low-frequency group, 697 to 941 Hz, are trans
mitted nominally at -6 dBm ; those in the high-frequency group are 
transmitted nominally at -4 dBm. The actual amplitudes are de-
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pendent on the amount of loop current. These high signal amplitudes, 
and the fact that this type of signalling is not as susceptible to distor
tion caused by the medium as are dial pulse signals, make the design 
of pulse receiving equipment at the central office quite straightfor
ward. Although these amplitudes are higher than those of many other 
signals transmitted in the voiceband, they are considered acceptable 
because they have a low duty cycle ; i.e., they are transmitted only 
occasionally and they are of short duration. Nevertheless, these ampli
tudes are being reviewed for a possible downward adjustment which 
may result in somewhat more stringent sensitivity requirements for 
the pulse receivers. Since TOUCH-TONE signals fall in the voiceband, 
they may be transmitted through the switched message network. 
Thus, they may be used as a form of data communication. 

Alerting Signals on Loops 

There are two types of alerting signals transmitted towards the 
station set that are considered here, namely, ringing signals and the 
receiver-off-hook signal used to alert a customer that his receiver has 
been left off-hook. 

Ringing. Conceptually, the alerting signal used to ring the station 
set bell is simple.* However, details of signal generation, coding for 
party-line operation, variables that may affect the ringing process, 
and instrumentalities used to achieve ringing objectives make a 
conceptually simple process rather complex in practice. 

The ringing signal is used mainly on loops, although some 20-Hz 
signalling is used on ring-down (manual ) trunks, and as a ring-back 
and ring-forward signal on other types of trunks. On loops, it is 
usually applied at the central office* * as a composite ac and de signal. 
The forward-ringing ac component has a frequency of 20 Hz. In 
some types of switching machines, an ac component of about 420 Hz 
is superimposed ; this component is fed back to the calling party to 
serve as an audible ring, giving assurance that the called number 
is being rung. The de component of the ringing signal may be of 
either polarity with respect to ground. 

*In addition to the complexities discussed here, the alerting of a customer to 
an incoming call is sometimes accomplished by in-band, coded tone signals. Such 
signals are used primarily in special service arrangements. 

**One exception, for example, is in the Subscriber Loop Multiplex System in 
which the ringing signal is applied to the loop at a terminal remote from the 
central office. 

TCI Library: www.telephonecollectors.info



Chap. 1 3  Signa l l ing 333 

It would, of course, be possible to ring the station bell continuously 
until the station set is answered. Early tests, however, indicated that 
continuous ringing would be undesirable and irritating. The standard 
central 9ffice ringing cycle has been set as a 2-second ringing in
terval followed by a 4-second silent interval. This cycle is sometimes 
modified to provide coded ringing to alert the desired one of several 
party-line stations on a single line. The standard ringing cycle used 
at PBXs is a 1-second ringing interval followed by a 3-second silent 
interval. 

It is des.irable to set the magnitude of ringing signals as high as 
possible in order to maximize the length of loop over which station 
sets operate satisfactorily. However, since the telephone plant is 
designed generally to operate at low currents and voltages, the maxi
mum ringing-signal voltages are limited to values that do not operate 
protective devices, cause dielectric failure or overheating of equip
ment, or present a hazard to operating personnel. 

The station set ringer may be connected to the loop in a number 
of ways, depending on the type of service. On individual lines, the 
ringer is normally connected across the line in series with a capacitor, 
as illustrated in Figure 13-6 (a) . With the types of high-impedance 
ringers presently used, a total of five ringers can be connected in 
parallel as illustrated by Figure 13-6 (a) . The number is limited by 
ringing and dial pulsing requirements. Ringing ranges vary with the 
number of ringers used and with the characteristics of the switching 
system involved ; they are less than dialing and supervisory ranges 
when the number of ringers is a maximum. 

For party-line service, other types of ringer connections are re
quired. One is illustrated in Figure 13-6 (b) . The types of service 
include 2-party, 4-party, and 8-party service in many suburban and 
rural areas. In more remote rural areas, 10- and 20-party service is 
sometimes provided. Full selective ringing (only the called party hears 
the ring) can be provided on 2-party and 4-party lines. Semiselective 
ringing (where only a limited number of parties hear each ring) is 
provided on some 4-party lines and all 8-party lines. Nonselective 
or semiselective code ringing is provided on the rural lines with large 
numbers of parties. 

As shown in Figure 13-6 (b) , party-line ringing often involves 
ringer connections between one side of the line and ground. Due to 
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Figure 1 3-6. Two common types of station set ringer connections. 

unbalanced conditions that might exist on such lines, caused by dif
ferent numbers of ringers on each side or very different loop lengths 
to each, such lines may be quite noisy and may cause crosstalk due 
to interference currents. In these cases it may be necessary to use 
gas tubes or solid-state ringer isolator circuits which balance the 
lines so that induced currents are not converted to excessively large 
interferences. Care must be used in the application of such circuits 
so that additional noise impairments caused by gas-tube breakdown 
are not introduced. 

Receiver-Off-Hook Signal. When a station set is left in the off-hook 
condition, a tone may be applied to the loop to attract the attention 
of someone at the station to this condition. The tone used was at 
one time known as a howler. The howler, a very high-amplitude signal 
in the voiceband, proved to be unsatisfactory for use with the 500-type 
station set because of the clipping action of the equalizer in the set. 
Furthermore, when the howler signal was transmitted over telephone 
lines using carrier facilities, there was danger of seriously overloading 
some transmission paths. 

The howler signal has been almost universally replaced by a signal 
called the receiver-off-hook ( ROH) tone. The signal is made up of a 
combination of 1400, 2060, 2450, and 2600 ·Hz. When applied auto
matically, the ROH signal appears on the loop for· about 50 seconds. 
It is interrupted at a rate of five times per second. It can also be 
applied manually from the local test desk as a continuous or 
interrupted signal. 
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1 3-2 SIGNALLING ON TRUNKS 

While there are significant differences in detail, most of the same 
general functions of signalling must be accomplished on interoffice 
trunks as on loops. These functions include addressing, supervision, 
alerting, transfer of information, and testing. As may be expected, 
many of the characteristics of signals used on trunks are similar or 
identical to those used on loops. 

Signals that relate directly to station operation, such as ringing 
and ROH signals, are not generally used on interoffice trunks. * On 
the other hand, the types of switching systems that must be con
trolled and the functional characteristics of the trunks themselves 
are so diverse that the variety of signals used on trunks is con
siderably greater than on loops. Two general types of signals are 
described ; they are classified as de or ac signals. Under each type 
there are many variations. 

The address information required to route a call must be forwarded 
from the originating central office through various toll offices to the 
terminating central office. In general, de signals are used within the 
switching machines. Such signals are often unsuitable for transmis
sion over trunks, and it is necessary to transform the signals at one 
end of a trunk to a form more suitable for transmission and then 
back to the original form at the other end of the trunk. If the trunk 
length exceeds the range limits of the de systems or if the trunk can
not pass de, ac or · derived de techniques must be used. These conver
sions require equipment which is described elsewhere. 

One form of signalling interface is used frequently for both de and 
ac signalling. The name, E and M lead signalling, is derived from 
lead designations historically used on applicable circuit drawings. 
The E and M lead interface between a signalling path on a trans
mission facility and a switching system trunk circuit is shown in 
Figure 13-7. The circuit conditions on the E and M leads are standard 
in all systems employing this method of connection. (Some later sys
tems utilize paired leads rather than single-wire leads to reduce inter
ferences ; these applications involve some departures from the simple 
E and M lead circuit conditions. )  The manner in which signals are 

*Ring-forward and ring-back signals are transmitted over operators' trunks to 
the local office where they are then applied in appropriate form to the loop. 
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converted to de or ac types for transmission over the trunk, the 
characteristics of the transmitted signals, and the method of com
bining the signalling path with the transmission path vary widely. 
Systems that employ E and M leads have the advantage that signals 
can be transmitted independently in both directions on a trunk. 

DC Loop Signa l l ing on Trunks 

Since the transfer of address and supervisory signalling informa
tion is most economically accomplished by de signalling, such methods 
are used whenever technically feasible. There are two forms of de 
signalling. The first is called loop signalling, a name which is derived 
from the fact that a de circuit, or loop, is available between the two 
ends of a trunk. ( It is not related to the loop that connects a station 
set to the central office. ) The second form of de signalling, called 
derived de signalling, is discussed subsequently. One or the other 
of these de signalling arrangements is used extensively for all inter
local, toll connecting, or toll trunks that operate at voice frequency 
and that are short enough to permit their application. 

The de loop signalling systems operate generally by altering the 
direct current flow in the trunk conductors. At one end of a trunk, 
the current may be changed between high and low values, it may be 
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interrupted, or its polarity (direction of flow) may be reversed. 
These changes are detected by suitable relays or other types of ap
paratus at the other end of the trunk. The signalling systems are 
known as reverse-battery, battery and ground, high-low, and wet-dry. 

Signals cannot be transmitted in both directions independently in 
de loop systems. Thus, such systems are used on one-way trunks, 
primarily on- local and on toll connecting trunks. 

Reverse Battery Signal l ing. Because of its economy and reliability, 
this is the most widely used de loop signalling method on local 
trunks. Battery and ground for signalling purposes are furnished 
through the windings of the A relay at the terminating end of the 
trunk as shown on Figure 13-8. Supervision is provided at the 
originating end of the trunk, usually by opening (on-hook) or closing 
(off-hook) contacts in the trunk transmission path under the control 
of the originating station set through relay Sl. At the terminating 
end of the trunk, supervision is provided by the station set and 
relay S2. Normal battery and ground are connected to the trunk con
ductors for the on-hook signal and are reversed by operating the 
T relay to represent the off-hook condition. Address signals may be 
under the control of the calling station set or under the control of 
dial pulsing equipment in the originating central office. 

To 
loop 

I Terminating 

L _ _  _:_n:__::u� 
Figure l3-8. Reverse battery signal l ing. 

To 
loop 
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Battery and Ground Signal l ing. This mode of signalling is used to 
extend the range of loop signalling. It is accomplished by connecting 
battery and ground at both ends of the loop in a series aiding con
figuration. This type of connection, illustrated in Figure 13-9, is 
usually provided only during the period that addressing information 
is being transmitted. 

The current available for signalling is nearly doubled as compared 
with the ordinary de loop connection with battery and ground at one 
end only. For supervision, the battery and ground at the originating 
office is usually removed, and a dry polar bridge is substituted to 
function with the reverse-battery supervision signal from the termi
nating end. However, reverse-battery supervision can also be provided 
in the battery and ground arrangement of Figure 13-9 ; the battery 
and ground must be reversed at both ends of the trunk. 

Miscellaneous DC Loop Arrangements. A number of other de loop 
signalling arrangements are used to provide address or supervisory 
signalling information on voice-frequency trunks. Most are being 
replaced by the reverse-battery or battery and ground systems pre
viously discussed or have so little impact on transmission problems 
that detailed discussion here is not justified. These include wet-dry 
signalling and high-low signalling. Both of these signalling methods 
utilize dial pulsing or ac signalling for the transmission of address 
information and may thus be considered primarily as supervisory 
systems. Wet-dry signalling provides de loop supervision in the form 
of presence or absence of battery and ground. The trunk is wet 
(battery and ground connected) for one set of supervisory states 

Originating office I Trunk 

�L.rt----- -
� -{E I I 

I l l  I 'M 0 !:L_L _ _ _ _ _  - I 
��� I I relay I 1 

Receiving 
relay 

Figure 1 3-9. Battery and ground pulsing. 
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and dry (battery and ground disconnected) for the opposite. High-low 
signalling refers to the impedance bridged across the trunk, high 
impedance being used for one set of supervisory conditions, low im
pedance for the other. This method is still used occasionally to pro
vide supervision at the originating ends of reverse-battery signalling 
systems. 

Panel Cal l  I ndicator (PCI) System 

This system utilizes a 4-bit code to transmit address information. 
Originally, the system was designed to transmit address information 
from a panel-type switching machine to an operator position at a 
manual B-type switchboard. The use has been extended to signalling 
between panel-type switching machines and manual switchboards, 
between crossbar switching machines and manual switchboards, be
tween panel or crossbar switching machines and other panel or 
crossbar machines, and in specialized applications within panel or 
crossbar machines. 

At the receiving end of a PCI system, the called number may be 
displayed on a lamp field before an operator, or the transmitted 
address may directly drive switching system registers. In either 
case, supervisory information must be transmitted by another means. 

The 4-bit code in PCI signalling is designed so that the first and 
third bits of each digit code are defined by open-circuit or light posi
tive pulses, and the second and fourth bits by light or heavy negative 
pulses. The negative pulses in the second and fourth time slots are 
used to synchronize the receiving with the sending end of the trunk 
and to advance a register to successive digits. Four decimal digits, 
sent consecutively with no pause in between, require a total trans
mission time of about 1 second. A heavy positive pulse is transmitted 
to indicate end of pulsing. Thus, the complete system consists of a 
five-state signalling system. Figure 13-10 gives the various per
missible signal conditions ; Figure 13-11 gives the complete PCI code ; 
Figure 13-12 shows a portion of a typical transmitted signal. 

Revertive Pulsing 

As in the case of PCI, revertive pulsing was developed to satisfy 
the signalling needs of panel-type switching systems. It was later 
adopted for use with certain crossbar systems because it is capable 
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SYMBOLS LOOP CONDITION 

- Open, zero current 
p Light positive current 
n Light negative current 

N Heavy negative current 
p Heavy positive current 

( Polarities are ring relative to tip.) 

BASIC PSI CODE CYCLE 

Time slot ( interval ) A B .  c D 
Normal - n - n 
Permissible p N p N 

Figure 1 3- 1 0. PCI signal conditions. 

H U NDREDS TENS AND UNITS THOUSANDS 
DIGIT 

A B c D A B c D 

0 - n - n - n - n 
1 p n - n - n - N 
2 - N - n p n - n 
3 p N - n p n - N 
4 -- n p n - N - n 
5 - n - N - N - N 
6 p n - N p N - n 
7 - N - N p N - N 
8 p N - N - n p n 
9 - n p N - n p N 

Figure 1 3- 1 1 .  PC I codes. 

of operating somewhat faster (up to 22 pps in crossbar and 32 pps 
in panel ) than more conventional dial pulse systems and because the 
crossbar systems, designed to replace the panel, had to interconnect 
with existing panel systems. This mode of signalling is no longer 
recommended for new installations, although many revertive pulsing 
systems are still in operation. · 

The mode of operation is quite different from other systems ; ad
dress signals with different functions are transmitted in both direc
tions, as shown in Figure 13-13. The terminating office, which may 
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Figure 1 3- 1 2. Typical PCI pulse signals - digits 3 and 7 in hundreds, tens, or units 
position.  

be of the panel, crossbar, or ESS type, receives a start signal from 
the originating office. Equipment at the terminating office generates 
pulses in accordance with its operation. These pulses are sent back 
to the originating office, and when the number of pulses received at 
the originating office corresponds to the digit being transmitted, a 
stop signal is sent to the terminating office to end that phase of the 
operation. After the appropriate number of digits has been recorded 
in the terminating office equipment, an incoming advance pulse is 
returned to the originating office ; the trunk is then ready to be con
nected through to the talking paths at each end. As can be seen in 
Figure 13-13, revertive pulsing requires three signalling states for 
its operation, two to convey the pulsing count and one for the incoming 
advance signal. 

Start Stop 

+ + 0 ---,---- - --- - r-
L_ _ _ _ __J 

Sent forward ____.., 

(a ) Or ig inating office 

Revertive p u l ses  I n c o m i n g  a d va nce 

� 
+--- Sent back 

(b) Termi nating office 

Figure 1 3- 1 3. Revertive pulsing signa ls. 
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Derived DC Signa l l ing on Trunks 

Derived de signalling paths are used for many long local trunks 
and short-haul toll connecting and intertoll trunks where a complete 
de loop is not available or where extended ranges are desired for 
de signalling. In these cases, de signalling paths are sometimes derived 
from the transmission path, which, of course, must be a physical 
facility. Derived systems utilize E and M lead connections and, as a 
result, may be used on one-way or two-way trunks. The types of 
derived paths now in use include simplex (SX) , composite ( CX ) , 
and duplex (DX ) circuits, all of which may be used to transmit both 
supervisory and address signals. 

Sim plex Signal l ing .  The method of connecting a simplex signalling 
circuit to a voice-frequency trunk is illustrated in Figure 13-14. By 
feeding the signalling currents through the center taps of line trans
formers, signalling current flux is cancelled in the transformers and 
the signals are not transmitted beyond the transformers in either 
direction. However, the trunk resistance is halved by paralleling the 
two conductors, thus extending the range compared to loop signalling. 
Simplex signalling has largely been superseded by DX signalling. 

Voice 
channel  

Tru n k  
r---------- - - - -----------� 

Signal  
transmitting 

re lay 

+ ..... _________ _ 

Sig n a l  
receiving 

relay 

Figure 1 3- 1 4. Simplex signal l ing connections. 

Voice 
c h a n n e l  

TCI Library: www.telephonecollectors.info



Chap. 1 3  Signal l ing 343 

Composite Signall ing. This method of signalling consists essentially 
of combining a voice transmission path with de signalling paths by 
means of a high-pass, low-pass filter arrangement as illustrated in 
Figure 13-15. The de address and supervisory signals are transmitted 
between central offices over one wire of the transmission circuit with 
ground return. Where necessary, the second conductor of the trans
mission path can be used to compensate for differences in earth 
potential between the two offices. 

The crossover frequency of the filter characteristics is approxi
mately 100 Hz. Thus, interference from signalling currents is blocked 
from the voice-frequency band. 

One arrangement of such a composite signalling system is shown 
in Figure 13-16. The connection through the P windings of the 
ex relays is used for earth potential compensation. The arrange
ment may be extended to several other signalling circuits, each using 
the same trunk conductor, by wiring the P windings of the ex relays 
in series with the ones shown in the figure. Thus, the signalling and 
transmission are not necessarily associated ; signalling on a given 
trunk transmission path may be associated with a different trunk. 

Central 
office 

ex circuit 1 

High pass 

ex circuit 2 
�--c--��� � 

Figure 1 3- 15. Composite signal l ing circuit for one end of  a trunk pair. 
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Figure 1 3- 1 6. Composite signall ing circuit - one voice channel. 

Vol. 1 

line 

Duplex Signa l l ing. Duplex signalling, illustrated in Figure 13-17, is 
based on the use of a symmetrical and balanced circuit that is 
identical at both ends of the trunk. The circuit and its mode of oper
ation are patterned after those used in CX signalling, but a com
posite set is not required. Signalling and transmission are on the 
same transmission path and hence do not occur simultaneously. One 
wire of the trunk conductor pair is used for signalling and the other 
for ground potential compensation. Its chief advantage is that it can 
operate on circuits having loop resistance higher than can be tolerated 
by other systems, i.e., up to 5000 ohms. 
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AC Signal ling on Trunks 

Use of ac signalling may be dictated by the limitations of distance 
on de systems or by the inability to transmit de signals over commonly 
used carrier systems. Thus, even though conversion equipment and 
ac generators are required, such systems are a necessity in the 
telephone plant. 

It is theoretically possible to transmit ac signals for address and 
supervisory information at any frequency in the voiceband, defined 
for these purposes as approximately 200 Hz to 3500 Hz. Carrier 
transmission systems usually provide 4000 Hz spacing between chan
nel carriers. Present voice-frequency signalling systems operate in 
the range of 500 to 2600 Hz. 

A number of ac signalling systems have been designed to operate 
by using inband frequencies. Two are commonly used at present, the 
2600-Hz single-frequency system and the multifrequency pulsing 
system. 

lnband 2600-Hz Signall ing. This system is commonly referred to as 
single-frequency (SF)  signalling. With certain adaptations that in
volve other single-frequency signals, the system may be used to 
transmit address and supervisory signals in both directions on most 
types of trunks. 

One of the design considerations in voice-frequency signalling is the 
prevention of mutual interference between transmission and signalling 
systems. Voice-frequency signals are audible ; consequently, signal
ling must not take place during conversation. In most applications 
of this type of system, the presence of a 2600-Hz signal corresponds 
to the on-hook condition and the absence of 2600 Hz corresponds to 
the off-hook condition. Thus, there is no 2600-Hz tone normally 
present on the line during conversation. Signal receiving equipment, 
however, must remain connected during conversation in anticipation 
of incoming signals and may be subject to false operation due to 
sp�ech signal components that resemble the tones used for signalling. 
Several methods are used to protect against false operation of 
signalling circuits : 

( 1 )  Where possible, signal tones of a character not likely to occur 
in normal speech are chosen. 
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(2 )  Time delay is used in the signalling and trunk circuits so that 
normal speech currents are ignored. 

(3 )  Speech signal energy, when detected at frequencies other 
than the signalling frequency, is used to inhibit operation of 
the circuits in the signalling receiver. 

This system may be used to signal independently in both directions 
on four-wire facilities. When a 2600-Hz SF signal is being trans
mitted to reflect the on-hook, steady-state supervisory condition, it 
is applied to the trunk at an amplitude of -20 dBmO. Thus, the 
steady-state load effect of such a signal is somewhat below the long 
term average speech power in a telephone channel. When being used 
to transmit address information, however, the 2600-Hz signal is 
increased in amplitude by 12 dB to -8 dBmO. Such a high signal 
amplitude is permissible because of the short duration of the address 
signal pulses and because of the low probability of large numbers of 
such high-amplitude signals being simultaneously present in a 
transmission system. 

There are a number of SF signalling characteristics that interact 
importantly with transmission systems. These have particularly 
serious implications in their interactions with carrier systems. 
Problems arise as a result of two conditions : ( 1 )  a majority of trunks 
utilizing a carrier system may be equipped with SF signalling, and 
(2 )  most of these trunks may originate at the same office. In the 
latter case, there may be high coherence in the relative phases of 
the many 2600-Hz signals. As a result, the way in which these signals 
combine may cause overload or excessive peaks of intermodulation 
noise at certain frequencies and at unpredictable times. In such situ
ations, action must be taken to break up phase coherence among 
2600-Hz signals in different channels. 

Furthermore, where large numbers of trunks in a carrier system 
employ SF signalling and terminate in the same office, serious disrup
tion of the switching system operations can occur as a result of 
carrier system failure. If most of the trunks are in the idle condition, 
the carrier system failure causes the sudden interruption of all of 
the 2600-Hz signals. This is interpreted by the switching machine 
as simultaneous calls for service from many trunks. As a result, the 
switching machine is momentarily overloaded until it can dispose 
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of the disabled trunks. Some carrier systems employ trunk condi
tioning circuits which cause all affected trunks to appear busy so 
they will not be seized until after repairs have been made ; the 
conQ.itioning circuits then remove the busy condition and restore the 
trunks to service. 

� 
Another adaption of SF signalling (really a two-frequency system) 

is used for selective signalling in a multistation four-wire private
line network such as might be used as an order-wire facility for 
carrier systems or for private customer communications networks 
interconnecting separate locations. Dial pulses are used to signal 
selectively any one of a maximum of 81 stations. The de dial pulses 
are converted, at the customer's premises or at the central office, to 
a frequency shift format utilizing 2600 Hz and 2400 Hz. 

Multifrequency Pu lsing. Multifrequency (MF) pulsing signals are 
used to transmit address information on trunks. Signalling is ac
complished by the transmission of combinations of two, and only 
two, of six frequencies in the voiceband. The principal advantages 
of this system are speed, accuracy, and range. However, this system 
is not capable of transmitting supervisory signals and, as a result, 
supervision must be provided by_ another system such as DX, loop, 
or SF. 

1 3-3 OUT-OF-BAND SIGNALLING 

Any signalling arrangement that utilizes frequencies out of the 
voiceband of the trunk over which signalling is taking place may be 
considered as an out-of-band signalling system. By such a broad defini
tion, de systems and a common channel interoffice signalling ( CCIS)  
system would be considered out-of-band systems. However, it  has been 
convenient to discuss de systems as a separate class of systems. In 
the CCIS system, signalling information is transmitted on a voice
frequency data channel independent of the trunks involved in the 
connection. 

Out-of-band systems that are in current use include early Nl, 0, 
and ON carrier systems, which use a single-frequency signal at 
3700 Hz in the voice channel, and the digital signalling arrangements 
used in the time division multiplex T -type systems. In addition, 
systems like the 43Al Carrier Telegraph System are sometimes used 
(as in submarine cable operation) to signal over a channel separate 
from the voice channel. 
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Out-of-Band SF Signal l ing 

The out-of-band signal at 3700 Hz falls in the passband of a voice
frequency channel but at a high enough frequency that it is above 
the cutoff of the channel filters, hence above the band occupied by 
speech energy. This mode of operation has the advantages that no 
provision need be made for protection against inadvertent voice 
operation of the signalling circuits ; in addition, signalling can take 
place during the talking interval if required. 

During the trunk idle condition, the 3700-Hz signals are present 
in both directions of transmission ; trunk control, supervisory, and 
address signals are transmitted by interrupting the 3700-Hz signal 
in a fashion similar to that described for 2600-Hz inband signalling. 
Interconnection between the transmission system signalling and 
other transmission circuits is made by E and M lead facilities. 

The 3700-Hz signals are applied to the high-frequency line of the 
carrier system at the transmitting end of the carrier system after 
the compressor portion of the compandor. Thus, compandor action 
has no effect on the 3700-Hz signals. 

Out-of-Band Dig ita l Systems 

In the coding of PCM signals for transmission over T -type carrier 
lines, address and supervisory signals are assigned specified bits in 
the carrier pulse stream. In some cases, this assignment of bits 
is permanent ; as a result, a significant portion of the system's 
theoretical channel capacity is assigned to signalling. In other cases, 
the address and supervisory bits are assigned on a borrowed basis 
in such a way that speech transmission is of higher quality than 
would otherwise be possible. The signalling bits are used for speech 
coding when not required for signalling. 

1 3-4 SPECIAL SERVICES SIGNALLING 

Most of the discussion of signalling and the characterization of 
alerting, address, and supervisory signals that have been given in 
this chapter apply equally to signalling in the switched message 
network and to special service arrangements. However, there are 
some significant differences ; some are due to the nature of special 
service circuits themselves, and some are due to the manner in 
which the special services are administered. 
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Tandem Signal l ing Links 

In the switched message network, the tandem connection of a 
number of trunks usually involves the regeneration of address 
signals at the point of interconnection. Thus, in signalling over long 
distances through a combination of trunk types and transmission 
system types, the signalling equipment and signal transmission 
impairments need only be considered on a trunk-by-trunk basis. 

One type of special service trunk (by definition ) is the PBX
central office trunk. A PBX station, connected through the PBX 
trunk to the central office must signal by dial pulsing through the 
PBX station line and PBX trunk without regeneration. This situation 
may be further compounded by the need to signal through an inter
mediate PBX tie trunk. These conditions often result in marginal 
signalling conditions in PBX station signalling over tie trunks and 
PBX-central office trunks. 

Service Demands a nd Plant Complexities 

Many special service circuits must traverse parts of the plant in 
which a mix of trunk plant and loop plant occurs. One example is a 
foreign exchange (FX )  line whose station set is located in one 
central office area but whose home central office may be many miles 
away. The final loop connection is from the local central office, but 
the loop must then be extended through cables normally used for 
interoffice trunks to the distant serving office. Another example is 
an off-premise extension from a PBX that may require a transmis
sion path involving connections through both loop and trunk cables. 
Inward and outward W ATS (wide area telephone service) lines 
provide additional examples. 
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Chapter 1 4  

Data Signals 

The transmission of data signals in the Bell System involves the 
transmission of coded information between machines or between 
man and a machine. In some cases the transmitted information is 
coded into some digital form that is convenient to the operation of 
a machine, such as a computer, and also convenient to the necessary 
interpre�tion by man at the input and output of the machine. In 
other cases, the transmitted signal is more conveniently coded as a 
direct electrical analog of the information and digital encoding is 
not utilized. Thus, there are two important forms of data signals, 
digital and analog. Digital signals are those that can assume only 
discrete values of the parameter that is varied to convey information ; 
analog signals can assume a continuum of values between given 
maxima and minima. A common application of digital transmission 
techniques requires digital data signal characterization for transmis
sion over analog systems. Other digital signals and and certain forms 
of analog data signals must also be characterized. 

Digital data signals are transmitted at signalling rates that 
range from a few bits per second to millions of bits per second. 
The most commonly used rates, several thousand bits per second, 
are those compatible with voiceband circuits. In many private line 
applications and in the switched public network, transmission circuits 
that are normally used for voice communications are alternatively 
used for digital or analog data signal transmission. 

In many cases of interest here, data signals are those used by 
computers ; they are usually binary signals transmitted serially on 
a pair of conductors, but they are seldom in a form convenient for 
transmission over Bell System facilities. Processing to transform a 
signal to a suitable format often takes place at two locations - first 
at the station set to make the signal suitable for transmission on 
telephone loops, and then at carrier terminals to prepare the signal 
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for transmission over a carrier system in a form suitable for 
modulating and multiplexing with other types of signals. The pro
cessing may involve special coding for error detection and correction. 
Each of the processes must be reversed so that the signal delivered 
at the receiving end of the circuit is a faithful replica of the signal 
accepted from customer equipment. These processes are similar to 
those described in Chapter 8. 

Since many existing transmission systems were designed as 
analog facilities for the transmission of analog speech signals, the 
processing of a data signal for transmission over these systems must 
be such as to make the signal compatible with the transmission 
system. This compatibility involves loading effects, channel charac
terization, and intermodulation and signal-to-noise performance. Thus, 
the nature of the processes must be described here in some detail. 

Processing of data signals for transmission over digital transmis
sion systems is not covered here because the coding is unique to each 
digital system and the operation of the digital system is not materially 
affected by the characteristics of the signals. On the other hand, the 
line signal of a digital transmission system (suitably processed) is 
sometimes transmitted over an analog transmission system. The 
analytic treatment of digital data signals and digital line signals is 
identical when they are transmitted over analog systems, and both 
must be characterized. Hereafter, they are generally referred to 
simply as digital signals. 

1 4- 1  DIGITAL SIGNAL TRANMISSION CONSI DERATIONS 

A number of considerations related to  digital signal transmission 
on analog facilities have had important effects on the design of signal 
formats. These include restrictions on signal amplitudes, signal-to
noise ratios and error rates, and the relationships between signal 
and channel characteristics. 

Signal Ampl itudes 

A number of criteria must be considered in setting the amplitude 
of a digital signal using the switched public network or sharing 
facilities with the network. One such consideration is that the power 
in the signal should not cause excessive intermodulation or overload 
in transmission systems, especially in analog carrier systems where 
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service to many other customers might be jeopardized. The estab
lished requirement is that signals operating in the voiceband are to 
be limited to -13 dBmO*, defined as the maximum allowable power 
averaged over a 3-second interval. When the activity factors and 
other statistics of data transmission are accounted for (e.g., the 
number of operating half-duplex versus full-duplex channels) , this 
value is equivalent to a long-term average power of -16 dBmO per 
4-kHz channel. 

The signal amplitude requirement for narrowband data signals, 
several of which may be multiplexed in a single voice channel, is 
also -16 dBmO, or a 3-second maximum of -13 dBmO, for the com
posite signal. The power of each individual signal must be sufficiently 
lower so that the total power in th� channel does not exceed the 
objective. 

For a wideband digital signal, one occupying more than a 4-kHz 
channel, the amplitude criterion is sometimes expressed somewhat 
differently, namely, that the signal power may not exceed the total 
power of the displaced channels. 

The gain of some analog transmission system repeaters is regu
lated by the power in the transmitted signal. When wideband digital 
signals are processed for transmission over this type of system, the 
power in the transmitted carrier and its sidebands must be essentially 
constant at a value equal to that of the displaced message channel 
carriers and their sidebands. 

Irrespective of its form or the bandwidth it occupies, one more 
constraint is imposed on a wide band digital signal. No single
frequency component may exceed an average power of -14 dBmO [1] . 
This limit, established to avoid the generation of intelligible crosstalk 
intermodulation products in analog carrier systems, may sometimes 
be exceeded on the basis of low probability of occurrence or because 
of the short duration involved. Where danger of intelligible crosstalk 
exists, a scrambler or other means of reducing single-frequency 
components must be used [2] . 

Signal components at frequencies above the nominal band must 
be limited in amplitude to low values that can not interfere with 
adjacent channels in a carrier system, or interfere through any 

*This value is equivalent to -12 dBm as measured at the serving central office. 
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crosstalk path with some other wider band signal or a cable carrier 
system that might share the same facility. For example, these un
wanted signal component amplitudes are specified for voiceband 
signals at frequencies of 3995 Hz and higher [3] . In addition, it is 
required that the power in the band between 2450 and 2750 Hz not 
exceed that in the band between 800 and 2450 Hz in order to minimize 
interference with single-frequency signalling systems. 

Error Rate a nd Signal-to-Noise Ratio 

Unlike speech or video signals, which must be evaluated on a sub
jective basis because of human responses to various types of signal 
impairment, digital signals are evaluated objectively. The evaluation 
of digital signal transmission is often expressed in terms of error 
rate, i .e., the number of errors in a given number of transmitted 
bits (e.g., one error in 106 bits or an error rate of 10-6 ) . It is some
times convenient, however, to evaluate performance in terms of the 
signal-to-noise ratio because signal and noise amplitudes are easy 
to measure. When this is done, the noise characteristics must be 
specified ; usually the Gaussian distribution (see Chapter 17) is 
used because there is a definite and demonstrable relationship between 
Gaussian noise and error rate. 

While the effects of impairments other than noise ( such as gain 
distortion or delay distortion) may also be expressed in terms of 
error rate, transmission studies are often facilitated by converting 
the impairment into an equivalent signal-to-noise ratio. This is done 
by evaluating the error rate for the impairment being studied and, 
from that error rate, determining the reduction in signal-to-noise 
ratio that would produce the same error rate in an unimpaired 
channel compared with the impaired channel. The reduction in 
signal-to-noise ratio is called noise impairment. While noise impair
ments cannot be added directly to give an overall impairment or 
error rate, the technique provides a convenient method of comparing 
the merits of one mode of transmission with another over a real 
channel. 

Consideration is being given to the possibility of using a figure of 
merit other than signal-to-noise ratio or error rate. In practice, 
errors often occur in bursts that produce a high error density for 
only a small portion of the time involved in transmitting a digital 
signal ; the remaining time may be error-free. Such a burst may 
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cause a high apparent error rate, yet have little effect on the efficiency 
of transmission. One possibility being considered as a figure-of-merit 
involves calculating or counting the percentage of data blocks (time 
intervals) in which error-free transmission occurs. Another involves 
the number of error-free seconds per minute or per hour. 

Channel  Characteristics 

The format into which a digital signal is to be processed for trans
mission on a analog channel must represent a compromise between 
maximizing the rate of information transmitted (bits per second per 
hertz of bandwidth) and minimizing the impairments due to extrane
ous noise or -intersymbol interference. The transmission character
istics of the channel bear an important relationship to the design com
promises that are made, as does the cost of the terminal equipment. 

For a transmitted pulse to retain a rectangular shape, the band
width of the transmission channel would have to be very great 
(theoretically infinite) . Bandwidth is expensive and, furthermore, the 
wide band would admit interference from noise or other perturbations 
appearing at frequencies outside the band which contains the major 
portion of the signal energy. It is desirable, therefore, to curtail the 
signal spectrum as much as possible without undue impairment of 
the signal. Nyquist's criteria · ( 1 )  and (2) , defined in Chapter 10, give 
important leads to how the band may be limited and pulses shaped 
to minimize errors at the receiver. There are several satisfactory ways 
of shaping the pulses by appropriate design of the channel charac
teristic [ 4] . One is the raised cosine characteristic ;  it has the virtues 
of meeting simultaneously Nyquist's criteria ( 1 )  and (2)  in response 
to an applied impulse and does so without undue penalty in added 
bandwidth. It tends to produce less noise im;>airment than other 
channel characteirstics and also has the virtue of being physically 
realizable to a close approximation by straightforward design tech
niques. The raised cosine channel characteristic, near optimum for 
transmission of an impulse, requires some modification to accommo
date commonly transmitted rectangular pulses. 

Figure 14-1 (a) shows an idealized channel characteristic, curve p. 
Curves r and s are modifications that follow cosine-shaped roll-off 
characteristics at the high end of the band. They are symmetrical 
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(b) Modified raised cosine characteristic 

Figure 1 4-1 . Channel shaping. 

about the frequency /1 where their values are 0.5 relative to the 
values at zero frequency. These raised cosine channels are said to 
have Nyquist shaping. If the characteristic yields zero transmission 
at frequency 3/t/2 (curve r approximately) ,  it has a 50 percent roll
off. If the characteristic yields zero transmission at 2/ (curve s 
approximately) ,  it has a 100 percent roll-off. Roll-off is thus defined 
as excess bandwidth expressed as a percentage of the theoretically 
minimum requirement. 

If the bandwidth is extended beyond It and the roll-off charac
teristic has Nyquist shaping, a linear phasejfrequency characteristic 
can be closely approximated in practice. When these characteristics 
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(cosine roll-off and linear phase) are provided, the zero amplitude 
crossings of output pulses resulting from applied impulses still occur 
at times corresponding to ±n/ (2ft ) . If the roll-off extends to 2/t, the 
raised cosine pulses at the output have additional zero crossings at 
odd multiples of one half the intervals that occur in the idealized 
channel transmission. 

Rectangular pulses, transmitted through a channel having any of 
the characteristics in Figure 14-1 (a) , cannot be readily detected 
because excessive intersymbol distortion occurs. As discussed in 
Chapter 6, the (sin x) jx channel response results from the applica
tion of an impulse, a signal which has a flat energy distribution. To 
make the channel respond in the desired fashion to rectangular 
pulses-that is, so that output pulse waveforms have the desired 
(sin x )  /x format-it is necessary thai the spectrum of the applied 
rectangular pulses be modified to approach the flat spectrum of an 
impulse. The normal spectrum of the applied rectangular pulse has 
a ( sin x )  /x spectrum. To make the spectrum appear flat, the pulse 
must be multiplied by the inverse function, x/sin x. 

The desired modification of the signal can be accomplished by 
modifying the raised cosine channel by an x ;sin x function. In 
practice, only the first lobe of the xjsin x function need be con
sidered. Figure 14-1 (b) illustrates. Since the (sin x) jx function 
becomes zero at 2/1, x/sin x theoretically becomes infinity at this 
frequency. It can be shown, however, that the product of the xjsin x 
function and the cosine function representing curve s also becomes 
zero at 2/1. 

A stream of rectangular puls.es having a 100 percent duty 
cycle ( T == T) transmitted over a channel having a characteristic, 
s (x/sin x) , like that of Figure 14-1 (b) , appears at the channel 
output as shown in Figure 14-2 (b) where T == 1/ (2ft ) . The time de
lay between the input, Figure 14-2 (a) , and the output, Figure 14-2 (b) , 
is ignored. Note that the ( sin x ) jx form of each output pulse is such 
that the zero crossings correspond to the sampling points of successive 
pulse intervals. 

The interval, 1/ (2ft ) , is known as the Nyquist interval. In channels 
having sharp cutoffs, the signalling interval, T, must closely ap
proximate this interval in order to minimize intersymbol interference. 
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Figure 1 4-2. Effects of a cosine channel on pulse shaping. 

With a 100 percent roll-off characteristic, larger departures from 
T == lj (2/1 ) can be tolerated than in a channel having a sharp cutoff. 

The shaping of the channel characteristic may be placed at any 
point in the channel. If the characteristic of the medi urn is predict
able, its characteristic can be incorporated in the overall channel 
characteristic. Since there are a number of places where shaping may 
be used, the detailed effect on characterization of the transmitted 
signal cannot be generalized. 

1 4-2 DIGITAL SIGNAL CHARACTERISTICS 

A large number of different digital signal formats are possible 
and have been used in the Bell System. Many formats have been tried 
and found unsatisfactory because of low efficiency or susceptibility to 
various forms of impairment and are now considered obsolete. An 
important stimulus to continued development, in addition to the 
burgeoning demands of the business machine and computer industries, 
is the desire to make signal transmission more economical by in
creasing efficiency, i.e., by increasing the number of transmitted bits 
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per second per hertz of available bandwidth at less cost per unit of 
information transmitted. 

Amplitude Shift Keyed Signals 

Initially, the generation of digital information was by amplitude 
shift keying (ASK) techniques in a binary baseband mode. This 
mode, basically that used to operate computers, is still used in many 
telephone network signalling systems. Because of its simplicity, the 
ASK binary baseband mode is used for transmission of digital data 
signal� over Bell System facilities, but only for relatively short 
distances. The binary baseband signal format is neither as efficient 
for a given bandwidth as other formats nor is it suitable for trans
mission on facilities which provide no de continuity or are subject 
to quadrature distortion, low-frequency cutoff, or significant envelope 
delay distortion. As a result, where these restrictions are important 
and signal-to-noise performance is adequate, equipment is installed 
to process the binary baseband signals into forms more suitable to 
the environment. 

The nature of ASK signals is such that when they are used as 
baseband signals in the form of simple on-off pulses with average 
amplitude of zero, low- and zero-frequency components are im
portant to their characterization and to their recovery by detection 
circuits in the receivers. Because of their nature, such signals may 
be regarded as formed by a process of modulation of a direct current. 
The difficulties associated with transmission of zero- and very-low
frequency components through transmission facilities and networks 
are among the important reasons for the infrequent use of ASK 
modes of signal transmission without additional processing for trans
mission over Bell System facilities. When an ASK mode is used, 
special provision must be made to eliminate the low- and zero
frequency components of the signal at the transmitter and at the 
outputs of regenerative repeaters and to restore these components 
at the repeater inputs and at the receiver. 

Terminal equipment in the form of station sets, sometimes called 
data sets, has been developed by the Bell System and many other 
manufacturers to process data signals in a variety of ways. Some 
of this equipment was initially arranged to have the binary data 
signal amplitude-modulate a carrier in a 4-kHz voiceband channel. 
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A signalling rate of 750 bits per second was achieved by using 
double sideband modulation with transmitted carrier, and a rate of 
1600 bits per second was achieved by using vestigial sideband tech
niques. These AM techniques provide frequency translation to elimi
nate the de continuity and low-frequency cutoff problems. The 
transmitted carrier is recovered for demodulation at the receiver in 
proper frequency and phase to eliminate quadrature distortion im
pairment from the received signal. 

ASK Signal Waveforms. Digital symbols may be represented by any 
of a large variety of electrical signal formats. As previously men
tioned, the control of computers usually involves the use of binary 
ASK signals. Logically, the operation of computers relates to the 0 and 
1 representation of binary numbers which in turn correspond to the 
two states of a binary signal. Some alternate ways of representing 
these two states are illustrated by the formats shown in Figure 14-3. 

The waveforms of Figure 14-3 have several features in common. 
First, all of the waveforms represent the same sequence of digits, 
namely, 011 0001101 .  Each of the waves depicted represents a 
synchronous system in which the receiving equipment is timed by 
some mechanism so that the incoming signal is sampled at the in
stants indicated. The sampling is required in most cases in order to 
determine if the signal amplitude at the sampling instant is above 
or below one or more of the decision thresholds indicated. In 
Figure 14-3 (f) , the sampling would take the form of a zero-crossing 
detector since, in that case, Os are represented by transitions in the 
signal and 1 s by no transitions. Finally, the peak-to-peak amplitudes 
of the signals are all shown as equal to two units of voltage, V. 

Figure 14-3 (a)  illustrates the simplest of these signal formats. 
A 1 is represented by the presence of a voltage, and a 0 by the 
absence of voltage. If the wave is between half and full amplitude at 
a sampling instant, it represents a 1 ;  if it is between zero and half 
amplitude, it represents a 0. Thus, the half-amplitude value is the 
decision threshold. 

Figure 14-3 (b) is similar in all respects to Figure 14-3 (a) except 
that opposite polarities of voltage are used to represent 0 and 1 
instead of voltage and no-voltage. The decision threshold in this 
case is zero volts. The polar form illustrated here is sometimes 
adapted to the transmission of nonsynchronous digital signals. 
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Figure 14-3 (c) , called return-to-zero, differs from the first two in 
that pulse length for a symbol is less than the time allotted to the 
symbol interval. The extent to which the pulse length differs from 
the symbol interval determines the duty cycle, defined as 1007/T per
cent where T is the pulse length and T is the symbol interval. As in 
Figure 14-3 (a) , voltage is use1 to represent a 1 and no-voltage to 
represent a 0 for the return-to-zero signal. 

Figure 14-3 (d)  is the return-to-zero counterpart of the polar two
level signal of Figure 14-3 (b) . Note that the polar return-to-zero 
signal is really a three-level signal having less than a 100 percent 
duty cycle. * However, since only two of the values, plus-voltage 
and minus-voltage, are used to represent the digital information in 
the signal, it may be regarded as a binary signal. Note that each 
symbol, whether a 1 or a 0, is associated with the presence of a pulse. 
For this reason, the synchronization of the receiving equipment may 
be accomplished by using the information in the signal, thus making 
the receiver self-clocking. This feature allows this signal format to 
be used for the transmission of nonsynchronous data. 

The bipolar signal of Figure 14-3 (e) has valuable properties that 
have caused it to be the format chosen for the line signal for the 
T1 Carrier System. The symbol 0 is represented by zero voltage and 
the symbol 1 is represented by the presence of voltage. However, 
the polarity of voltage for successive 1 symbols is alternated. Two 
important results are achieved. First, the de component of the signal 
is virtually eliminated. This permits transformer coupling of the 
repeater to the line, facilitates the separation of the signal from 
de power, and makes decision threshold circuits more practical by 
effectively eliminating the phenomenon known as baseline wander 
caused by a varying de signal component. Second, the concentration 
of energy in the signal is shifted from the frequency corresponding 
to the baud rate to one-half the baud rate. This reduces near-end 
crosstalk coupling, reduces the required bandwidth to about one-half 
of that needed for a polar signal of the same duty cycle and repeti
tion rate, and makes the design of timing recovery circuits more 
practical. 

In Figure 14-3 (f) , the information is coded in terms of transitions 
that occur in the transmitted signal. Successive pulse intervals are 

*The polar return-to-zero and bipolar signals are sometimes called pseudo 
three-level signals. 

TCI Library: www.telephonecollectors.info



Chap. 1 4  Data Signals 363 

compared. If they are identical, a 1 was transmitted in the original 
signal ; if successive intervals show a transition, a 0 was transmitted. 

The signals of Figures 14-3 (a) through 14-3 (f) may all be con
sidered binary, either in the number of values of voltage transmitted 
or in the significant number of values used to represent binary in
formation. Figure 14-3 (g) is not binary ; it is illustrative of a class 
of signals which can be used to transmit data quite efficiently when 
the signal-to-noise ratio that can be realized is high enough to permit 
signal detection at a number of different decision threshold values 
that generally are smaller than those for the binary signals previously 
discussed. 

The signals of Figure 14-3 are used in many ways. In some cases, 
they are the signals delivered to the station set by the customer and 
in other cases they represent the signals transmitted over Bell System 
facilities. The several forms commonly used may be characterized 
somewhat more fully to illustrate their use. 

Wideband Binary ASK Signals. A limited number of applications of 
this signal format are used for digital data transmission in the 
Bell System. Data station and carrier terminal facilities are available 
to permit the transmission of a polar form of signal, somewhat like 
that of 14-3 (b) , at synchronous rates of 19.2, 50.0, or 230.4 kb/s ;  
for nonsynchronous service, the signal elements must have corre
sponding minimum durations of 52.0, 20.0, and 4.0 JLS. The three 
arrangements have been developed to permit wideband data trans
mission in 24-kHz, 48-kHz, and 240-kHz bands found in commonly 
used FDM equipment. The 50-kb/s arrangement is the one most fre
quently used ; its operation is typical of these arrangements. 

As mentioned, the signal is transmitted in a polar form, called 
restored polar, different from the format of Figure 14-3 (b) in that 
the de component and some of the low-frequency components are 
filtered out at the transmitting data station and restored at the re
ceiver. As a result of the filtering, the transmitted signal is sharply 
skewed, as shown in Figure 14-4 (b) . This mode of transmission 
obviates the need for high fidelity transmission at zero and very low 
frequencies. 

The power spectral densities for synchronous and nonsynchronous 
polar signals and restored polar signals are shown in Figure 14-5. 
For the synchronous signal, the spectra are those of a signal having 
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a rate of 50 kbjs ( T  == 20 JLS) and 
random bits having an equal prob
ability of being 1 or 0 (p == 0.5) . 
The nonsynchronous signal spectra 
represent a two-valued facsimile 
signal in which the average rate 
of black-white transitions is 4000 
per second, and pages are 10 per
cent black and 90 percent white 
(the probability of a 1 ,  p == 0.1 ) . 
The low-frequency power density 
spectra are very similar for the 
synchronous and nonsynchronous 
signals. 

(a) Synchronous or nonsynchronous 
polar signal 

(b) Same signal in restored 
polar format , 

Figure 1 4-4. Restored polar signal .  

Thus, Figures 14-4 (b) and 14-5 illustrate, in the time and fre
quency domains, respectively, the characteristics of the processed 
50-kb js signal as it is transmitted on loops. If a carrier system is 
used, further processing is necessary. Two cases are of interest, i .e., 
processing for transmission in the 48-kHz group band of the L-type 
multiplex and processing for transmission in the 96-kHz N-type 
carrier band. Transmission in both cases is by amplitude modulation 
with vestigial sideband (VSB) . 

·�5 c .,_  � 0  
o c  
-t �  8.-"' 
"' M  '- '---Gl E � lOCI  o ,  a.. --

-10 
Polar signal 

-20 

-30 

Restored polar line signal 
�" (2-kHz cutoff) ' ��· >'-

-40 

-50 

,, � 
,, 

.JI�· 
,, 

��· 

0.01 0.02 0.05 0.1 0.2 0.5 

� .... 

_/ Synchronous 
signal 

� � 
"" \ :-..... l � I 

Nonsynchronous 
(facsimile) signal 

2 ' 5 10 20 

� � J  
�'-- ' 11 

� 

so 100 200 
Frequ�ncy (kHz) 

Figure 1 4-5. Power density spectra of polar and restored polar signals. 
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The frequency allocation, channel characteristic, and resulting 
signal spectrum for transmission in L-type multiplex are shown in 
Figure 14-6. The channel transmission characteristic and frequency 
allocation are shown in Figure 14-6 ( a) . In the 60- to 108-kHz 
spectrum, a speech channel for coordination of operations may be 
provided in addition to the data channel for the VSB data signal. 
The baseband signal spectrum, shown in Figure 14-6 (b) , is the same 
as that of Figure 14-5 but modified by the group frequency channel 
characteristic ; the modification is most notable at high frequencies 
where channel characteristics limit the baseband top frequency to 
37 kHz. The modulation process results in a VSB signal with the 
carrier suppressed. However, the fact that signal components at 
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Figure 1 4-6. Data signals in L-type mu ltiplex at 50 kbjs. 
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zero and low baseband frequencies have been removed at the station 
set permits the reinsertion of a low-amplitude carrier component. 
This component is recovered at the receiving terminal equipment to 
control the phase and frequency of the carrier used in the demodula
tion process [5] . 

When the 50-kbjs signal is processed for transmission over an 
N -type carrier system, it is modulated into the high group of the 
N-type system as shown in Figure 14-7. The modulation process is 
VSB with carrier transmitted. Since the nominal bandwidth in 
N-type carrier is 96 kHz, the signal is not as severely band limited 
as in the L-type multiplex. Two voice channel carriers are trans
mitted, with or without voiceband modulating signals. These carriers 
and the data carrier are not quite sufficient to supply the signal 
power for N -carrier line regulation. Therefore, a single-frequency 
signal is added at 176 kHz at an amplitude sufficient to make the 
total power of the transmitted composite signal equivalent to that 
of the normal N -carrier line signal. 

As mentioned previously, similar signal formats are provided for 
transmission at 19.2 kbjs (one-half group band) and at 230.4 kbjs 
(supergroup band) . The transmission arrangements are quite similar 
except that in the case of 19.2-kbjs transmission the vestigial shaping 
is accomplished at the data station instead of the carrier terminal. 
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figure 1 4-7. Data signals in N-type carrier at SO kbjs. 
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Thus, the 19.2-kbjs signal is transmitted at carrier frequency over 
the data loops. The carrier is at 29.6 kHz [1] . 

Bipolar  Line Signals. Bipolar signals find their greatest use in the 
Bell System as line signals in T-type carrier systems. The line signal 
in the T1 Carrier System is bipolar, like that shown in Figure 14-3 (e) , 
in all respects. The line signal in the T2 Carrier System is similar, 
but with one important exception ; in T2, the line signal is prevented 
from containing more than five successive Os by a method that 
modifies the bipolar signal format. This is accomplished by logic 
circuits in the transmitting terminal which examine the line signal 
before it is applied to the line. If the signal contains six consecutive 
Os and if the last 1 was a +, a O+-O-+ signal is substituted for 
the six Os ; if the last 1 was a -, a O-+O+- signal is substituted 
for the six Os. The resulting violation of the bipolar rule (alternate 
1 s must be of alternate polarity) is a means for recognizing the 
need for six Os which must be reinserted in the pulse stream at the 
receiving terminal. The substitution is made in order to guarantee 
a minimum density of 1s in the line signal. 

This code substitution eases the design and increases the accuracy 
of repeater timing circuits. The price paid is the additional logic 
circuits that must be used to accomplish the substitution and the ad
ditional complication of ignoring the substituted codes when bipolar 
violations are used as a measure of system performance. 

The timing problem in the T1 Carrier System is also solved by 
limiting the maximum number of successive Os in the line signal but 
in a manner different from that used in the T2 system. In the 
T1 line signal, the number of consecutive Os that can be transmitted 
is limited to 15. For example, if encoded speech signals are being 
transmitted, this limitation is imposed by preventing any 8-bit word 
containing all Os from being transmitted to the line. If such a word 
is generated, it is modified in the terminal equipment by inserting 
a 1 in the seventh digit of the coded word. This is the least significant 
digit of the code representing the amplitude sample. The eighth digit 
is used for signalling. The code substitution permits the true bipolar 
feature to be maintained in the line signal. Its cost is a slight increase 
in channel coding noise. 

The power spectral densities of the T1 and T2 signals are, of 
course, functions of the statistical makeup of transmitted signals and 
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of the signalling rate employed. The power spectral densities of the 
two signals are conveniently represented in terms of the probability, 
p, of a 1 in the signal sequence. The bipolar signal used in T1 is 
represented in Figure 14-8 for a range of p from 0.4 to 0.6. The 
T2 signal with code substitution for six successive Os is shown in 
Figure 14-9 for the same range of values of p, 0.4 to 0.6. In both 
figures the abscissas are normalized to unity, fT = 1, where f is in 
hertz and T is the signalling rate. 

In the T1 system, the signal is transmitted at 1 .544 X 106 bits per 
second with a 50 percent duty cycle. The minimum pulse width is 
then T = 1/ (2 X 1.544 X 106 ) , or about 0.324 JLS. In the T2 system, 
the signal is transmitted at 6.312 X 106 bits per second, also 
with a 50 percent duty cycle. For T2, the minimum pulse width is 
T = 1/ (2 X 6.312 X 106 ) , or about 0.079 JLS. 

The bipolar nature of the two signals and the coding sequence 
employed result in negligibly small discrete frequency components 

P = 0.6 1 .5 

..s::. -t; "i -g 1 .0 0 ..0 
·c: 
:;) 

; a. 
Cl) 01 
� 
0 > Cl) 0 0.5 :;) !r 
c: 0 Cl) � 

0 
0 0.5 1 .0 

Normalized frequency, /T 

Figure 1 4-8. Power spectra for T1 bipolar signals. 
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Figure 1 4-9. Power spectra for T2 bipolar signals coded for restricted number of 
sequential zeros. 

and nulls in the spectrum at zero frequency and at integral multiples 
of frequencies corresponding to the signalling rate. For each system, 
the losses above the frequency corresponding to the signalling rate 
are high ; as a result , the spectra of Figures 14-8 and 14-9 may 
be ignored above the signalling frequency. In T1 carrier, the top 
transmitted frequency then may be regarded as f = 1/ (2T) = 
1/ ( 2  X 0.324) == 1.544 MHz ; in T2 carrier, the top transmitted 
frequency is f == lj (2r) == 1/ (2 X 0.079 ) == 6.312 MHz. 

Signal amplitudes vary widely through the system in both T1 
and T2. One reference point often used is the output of a l ine 
(regenerative) repeater. Even here, the amplitude varies somewhat. 
The nominal value in Tl is 3 volts, peak ; in T2, 4.2 volts, peak. 

M u lti level ASK Signals. The ASK signals described thus far have 
been two-level or, at most, three-level (T1 and T2 line signals) .  
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Where channels and transmission facilities exhibit a high signal-to
noise ratio and have well controlled transmission characteristics 
(gain/frequency and phasejfrequency) ,  the efficiency of transmitting 
information can be significantly improved by coding the digital signal 
into a multilevel ASK format such as the four-level signal illus
trated in Figure 14-3 (g) . Such multilevel signals are used in the 
voiceband [6] and in the mastergroup band of broadband carrier 
systems [1] . In addition, a system is being introduced that permits 
the coding of a 1.544-megabit-per-second line signal, such as that 
used in T1 carrier, into a multilevel signal that can be transmitted 
over microwave radio systems at frequencies below the normal fre
quencies allocated to message channels [7] . The multilevel ASK 
signals presently transmitted in the Bell System are listed in 
Figure 14-10. 

The first four groups of signals, those transmitted at 1.8, 2.4, 3 .2, 
and 3.6 kilobauds, are transmitted in the voiceband. The signalling 

BAUD RATE BIT RATE NO. OF BANDWIDTH 
(kilobauds) (kb/s) LEVELS 

1.8 1.8 2* Voice 

3.6 4 Voice 

5.4 8 Voice 

2.4 2.4 2* Voice 

4.8 4 Voice 

7.2 8 Voice 

3.2 3.2 2* Voice 

6.4 4 Voice 

9.6 8 Voice 

3.6 3.6 2* Voice 

7.2 4 Voice 

10.8 8 Voice 

772 1 ,544 7 440 kHz 

*Optional binary mode. 

Figure 1 4- 1 0. Multilevel ASK signals in the Bel l  System. 
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rates are optional and are provided to the customer in accordance 
with appropriate tariffs which govern the extent to which trans
mission facilities are equalized to provide adequate transmission 
quality. Note that for these signals a general rule may be applied ; 
i.e., if n-valued coding is used at a rate of x bauds, the transmitted 
information rate may be expressed as x log2 n bits per second. 

The signal transmitted at the 772-kilobaud rate is the digital line 
signal used for transmission over microwave radio systems. The rate 
at which information is transmitted for this signal cannot be com
puted by the expression previously given for voiceband rates because 
the method of coding is different. The mode involves what is known 
as class IV coding for partial response transmission [8, 9] , for which 
the transmission rate is x log2 ( n + 1 )  /2 bits per second, where x 
again represents the baud rate and n represents the number of values. 

Signal Spectra. Binary baseband signals are coded into the multi
level format in a data set or in terminal equipment associated with 
a carrier system. All of the multilevel signals listed in Figure 14-10 
are transmitted in a partial response format and have an energy 
distribution as shown in Figure 14-11. Energy above frequency /1, 
the Nyquist frequency, is removed by an appropriate cutoff filter 
which leaves only a vestige of the second lobe, as illustrated in 
Figure 14-12. A timing signal, Pt, is added to facilitate recovery of 
the synchronizing, or timing, information at the receiver. 

When multilevel baseband sig
nal transmission is appropriate, 
the signal of Figure 14-12 may 
be transmitted directly. Note that 
there is no energy at zero fre
quency and that low-frequency 
components are of low amplitude. 
Only slight signal impairment is 
suffered when such a signal is 
transmitted over baseband facil
ities which cannot pass direct 
current and low-frequency com
ponents. This mode of transmission 
(baseband) is used for transmit-

Gl , .� 
Q. E <C( 

Frequency ____. 

Figure 1 4- 1 1 .  Spectral energy distribu
tion, multilevel partial 
response signal .  
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Frequency ---+ 

figure 1 4-1 2. Partial response signal -
high-frequency lobes re
moved - timing signal 
added at /1. 

Frequency ---+ 

ting the 772-kilobaud signal of 
Figure 14-10 on microwave radio 
systems. It is frequency modulated 
in the FM transmitter along with 
whatever speech channels are car
ried by the system. 

All signals in Figure 14-10 other 
than the 772-kilobaud signal are 
transmitted by VSB techniques. 
These may be upper or lower side
band ; a lower sideband version 
with a vestigial upper sideband is 
illustrated in Figure 14-13. 

Phase Shift Keyed Signals 

Signal transmission by phase 
shift keying (PSK) techniques is 
accomplished in the voiceband by 
the use of data sets which code in
coming binary signals into multi
level phase shifts of appropriate 
carrier signals. In PSK transmis
sion, sideband frequencies are 
generated by the modulating signal 
so that the bandwidth required is Figure 1 4-1 3. Partial response signal 

at carrier frequency _ equal to twice the highest fre-
vestigial upper sideband. quency component in the modu

lating signal. The distribution of 
energy in the modulated carrier wave follows a pattern like that 
illustrated in F�gure 14-14. 

Phase shift keying has advantage over other modes in certain 
situations. In a band-limited channel, PSK signals are relatively 
immuneto amplitude changes. The signal is transmitted at essentially 
constant power. The mode lends itself well to the recovery of a 
clock signal at the receiver and offers speed advantages by multi
level coding techniques. This mode has the disadvantage of being 
sensitive to phase distortions, phase j itter, and impulse noise. These 
impairments may affect the zero crossings of the signal. 
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I c = carrier frequency 

It = highest frequency in 
modulating signal 

Figure 14- 1 4. Power spectral s:fensity of a PSK data signal. 
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A number of successful PSK data sets and types of terminal equip
ment have been developed. One such arrangement is used to transmit 
a number of telegraph signals simultaneously in a single voiceband. 
Each signal is modulated to a separate part of the voiceband, and 
the signals are combined by FDM methods. Some four-phase voice
band systems provide for the transmission of data at rates up to 
2400 bits per second. The baseband signal phase-modulates a carrier 
by -+-45 degrees and -+- 135 degrees relative to its nominal zero-phase 
condition. (Such a system, no longer used extensively, was also 
developed to transmit digital data at 40.8 kbjs. ) A newer voiceband 
system using eight-phase modulation transmits data at 4800 and 
9600 bits per second [11, 12] . 

frequency Shift Keyed Signals 

Data sets have been developed to exploit the use of frequency shift 
keying (FSK) techniques. In one such system 1200 Hz and 2200 Hz 
were used to represent the "space" (no pulse) and "mark" (pulse) 
signals, respectively. ( Space and mark are terms handed down from 
telegraph usage. ) This system operated at about 1200 bits per second 
over the switched public network and up to 1800 bits per second on 
conditioned private lines. Later, more sophisticated terminal equip
ment utilized FSK techniques to achieve 2400 bits per second. 
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These arrangements display most of the advantages of the PSK 
mode of transmission and have the additional advantage of being 
relatively simple to implement ; circuits are readily designed. How
ever, FSK signals have the usual feature of achieving high immunity 
to noise at the cost of wider required bandwidths. As a result, the 
FSK systems are commonly used in voicebands or less at low 
signalling rates relative to those achievable with multivalued PSK 
and ASK arrangements. 

Many private line and switched network telegraph and tele
typewriter services are provided by FSK techniques. In addi
tion, some moderate-speed voiceband data is also transmitted FSK. 
TOUCH-TONE signalling as a means of data transmission is, in 
effect, also a form of FSK. 

Telegraph Signals. Telegraph signals are commonly transmitted at 
various rates, including 75 and 150 bauds, by FSK techniques in 
narrow channels which are combined into a voiceband by frequency 
division multiplex techniques. Seventeen separate channels can be 
provided with frequencies as given in the top portion of Figure 14-15 
to transmit 75-baud telegraph signals. For 150-baud signals, the 
channel assignments are shown at the bottom of the figure. 

The binary (1 and 0) input signals are translated into FSK 
signals at the terminal equipment. A 1, or mark, signal corresponds 
to a frequency in the passband of the channel 35 Hz (for 75-baud 
signals) or 70 Hz (for 150-baud signals ) above the channel center 
frequency. The 0, or space, signal is represented by a frequency 
35 (or 70) Hz below the channel center frequency. The center fre
quency is not transmitted as a discrete signal. 

Low-Speed Voiceband Data. Low-speed teletypewriter signals are pro
vided in the voiceband by FSK techniques using 1070 and 1270 Hz 
as the mark and space signals, respectively, for transmitting in one 
direction, and 2025 and 2225 Hz for signalling in the opposite direc
tion. This arrangement, in effect, provides equivalent four-wire 
transmission and allows full duplex operation. Data rates vary from 
about 100 bauds to 300 bauds. 

Medium-Speed Data. Data at rates up to 1800 bits per second can be 
transmitted in a voiceband by an arrangement that uses 1200 Hz 
and 2200 Hz as the mark and space frequencies, respectively. 
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SINGLE BANDWIDTH 

Channel Space Center Mark 
n umber frequency frequency frequency 

1 390 425 460 
2 560 595 630 
3 730 765 800 
4 900 935 970 
5 1070 1105 1140 
6 1240 1275 1310 
7 1410 1445 1480 
8 1580 1615 1650 
9 1750 1785 1820 

10 1920 1955 1990 
11 2090 2125 2160 
12 2260 2295 2330 
13 2430 2465 2500 
14 2600 2635 2670 
15 2770 2805 2840 
16 2940 2975 3010 
17 3110 3145 3180 

DOUBLE BANDWIDTH 

21 610 680 750 
22 950 1020 1090 
23 1290 1360 1430 
24 1630 1700 1770 
25 1970 2040 2110 
26 2310 2380 2450 
27 2650 2720 2790 
28 2990 3060 3130 

Figure 1 4- 1 5. Voice-frequency carrier data channel assignments. 

TOUCH-TONE Sig nal l ing.  TOUGH-TONE signalling, described briefly 
in Chapter 13, was introduced initially as a means for transmitting 
address signals from telephone station sets to the central office 
switching machine. These signals may be impressed on the telephone 
line while a connection is established. Since the TOUCH-TONE signals 
fall in the voice-frequency band, they offer the possibility of being 
used to transmit data [13] . Special receivers are provided for data 
transmitted by TOUCH-TONE signalling. 

1 4-3 ANAlOG DATA SIGNAlS 

A number of voiceband analog data signals are transmitted by 
FM techniques. Three of these are found in the plant in sufficient 
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quantity to warrant individual description. In each case, signal 
power is limited to -16 dBmO, long-term average. Many other signals 
are transmitted in quantities too small to warrant individual charac
terization. Among these are several types of telemetry and telewriter 
signals. 

Medium-Speed Voiceband Data 

One type of analog data signal transmission involves the transla
tion of a 0 to + 7 volt continuous signal from the customer to an 
FM signal which is transmitted over telephone facilities in the voice
band. A zero-volt input signal is transmitted as a 1500-Hz signal on 
the line, and a + 7 volt signal is transmitted as a 2450-Hz signal on 
the line ; intermediate input voltages and line frequencies are linearly 
related. The baseband signal may contain components from zero 
frequency up to about 1000 Hz. 

In the direction of transmission opposite to that used for data 
transmission, a 60 ± 1 Hz signal is sent for synchronization. This 
signal is translated to 600 Hz for transmission over the line. The 
powers contained in the data and synchronizing signals are equal. 

The data signal can be used for facsimile transmission with resolu
tion equivalent to 100 lines per inch and at speeds of up to 180 lines 
per minute for copy reproduced on 8-1/2 by 11 inch paper. 

Low-Speed Medica I Data 

Medical data such as electrocardiagrams and electroencephalo
grams can be transmitted over telephone facilities by FM techniques. 
Input signals are accepted with components from zero to about 
100 Hz and with amplitudes of -2 to +2 volts. Such signals 
frequency-modulate a carrier at 1988 Hz ; the carrier frequency 
varies linearly with the input voltage at frequencies between -262 
and +262 Hz relative to the carrier. A signal at 387 Hz is trans
mitted in the opposite direction to permit signalling from the receiver 
to the transmitter. 

One feature of this type of transmission that is different from 
others is that the signal generated in medical electronic equipment 
may be coupled to the telephone line electronically or acoustically. 
The latter method has the virtue of allowing for portable equipment. 
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The signal can be coupled to the line at any telephone connected to 
the network. 

low-Speed Ana log Data 

Multichannel analog data transmission is provided in the voice
band at low speed by an FM arrangement utilizing carriers at 1075, 
1935, and 2365 Hz. Each of these carriers may be frequency-modulated 
by baseband signals having components from zero to 105 Hz and 
amplitudes between -2.5 and +2.5 volts. A reverse direction signal 
is used to permit the receiver to communicate with the transmitter 
during data transmission. This arrangement is used to transmit 
medical or other types of analog data. 
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Signal Characterization 

Chapter 1 5  

Video Signals 

A wide variety of video services is provided over the transmission 
facilities of the Bell System. These vary from narrowband tele
photograph service, operating in the voiceband, to multimegahertz 
bandwidth television services provided for the television broadcast 
industry and for educational, industrial, and private distribution 
systems. 

As in the transmission of other types of information, the trans
mitting and receiving equipment at both ends of a video transmis
sion path must include transducers capable of translating one form 
of energy to another. In this case, different values of luminance ( light 
intensity) ,  together with color information in the transmission of 
color television signals, are converted to electrical signals at the 
transmitter ; at the receiver, the transducer must translate the 
electrical signal back to light signals so that the transmitted image 
can be viewed or recorded on film or paper. 

Many natural characteristics of the human recipients of video 
information have influenced the design of transmitting and receiving 
equipment as well as the design of the transmitted video signals. 
Among these are the persistence of vision, the preferred viewing 
distance of visual images, the resolution capability of the eye, the 
human tolerance to departures from accurate color rendition, and 
the effects on viewing preferences of ambient conditions such as 
lighting [1] . These human factors have influenced the rate at which 
picture images are transmitted ; the format of color television signals ; 
the resolution and, therefore, the bandwidth of signals ; and many 
other aspects of video signal transmission. 

1 5- 1  TELEVISION SIGNALS 

In 1970, the Bell System operated well over 100,000 route miles 
of part-time and full-time television circuits. The majority of these 
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were provided for network television broadcast signals* [2] . As a 
convenience, the black and white (monochrome) signal is used here 
as the basis of television signal description even though most tele
vision signals now transmitted in the United States are color. The 
chrominance information in a color signal is regarded as being 
superimposed on the monochrome signal and is so described. 

Standard Monochrome Baseband Signa ls 

Intra-urban transmission needs are nearly always provided in the 
Bell System by baseband facilities. Interurban needs are usually pro
vided by long-haul or short-haul microwave relay facilities ; these are 
usually fed by baseband facilities which interconnect the broad
caster's equipment and the terminals of the microwave radio system.t 
The baseband signal received at the microwave system terminal 
frequency-modulates the microwave carrier. Only the baseband 
signal is characterized in detail here, although some attention is 
subsequently given to the signal format used in commercial television 
broadcasting. 

The conversion of light signals to electrical signals and the recon
version to light signals at the receiver involves a scanning operation 
which differs in details for different systems. However, all systems 
must provide, in the scanning operation, for the synchronization of 
the receiver with the transmitter (a coding process ) ; they must also 
provide for the conversion from luminance variations to electrical 
signal variations (a modulation process) .  

Scanning and Synch ron ization .  Figure 15-1 illustrates the scanning 
pattern used for broadcast television signals in the United States. 
The scanning mechanism causes the exploring element and the re
producing spot to move in synchronism across the image field and 
the receiving field (picture tube) in nearly horizontal lines from 
left to right. The scanning lines are started at the top ; successive 

*The signals described here have been standardized in the United States. Other 
standards have been estabilshed elsewhere ; e.g., 625-line, 50 frame-per-second 
signals are used in Europe. As a result of satellite transmission, Bell System 
facilities are being adapted for transmission of such signals. Conversion of the 
signal to the USA standard is presently the responsibility of the broadcaster. 

tCoaxial cable systems were once used for televis,ion signal transmission, but 
they are no longer used for this purpose in the Bell System. 
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Figure 1 5- 1 .  Broadcast te·levision scanning process. 
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scans are made at successively lower parts of the field until the bottom 
is reached. The spots are then returned to the top to begin a second 
field. Succeeding scans in alternate fields are interlaced. The interlaced 
scans of two successive fields make up a frame. 

The exploring element at the transmitter is caused to scan the 
image field by the scanning pattern generator. The scanning pattern 
must cover every part of the image in a systematic and specified 
manner. Information regarding the location of the exploring spot 
and the direction in which it is being moved are coded at the trans
mitter and sent to the receiver so that the reproducing spot can be 
located in the received image field at a position corresponding to 
that of the exploring element in the transmitter. This process of 
synchronizing the receiver to the transmitter is also illustrated 
functionally in Figure 15-1. 
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While Figure 15-1 shows the transmission of scanning;synchronizing 
and luminance information over separate channels, the information 
is in reality combined into one composite signal for transmission or 
broadcast. The two kinds of information, separated in polarity and 
time, are illustrated in Figures 15-2, 15-3, and 15-4. 

Blanking pulse 

Horizontal line H= 63.5 f1S 
r scanning interval 1 

j.- Picture signal 

interval (52.3 flS) 

Horizontal 
line synchronizing 

pulse (4.8 flS) 

---- Picture white 

Picture signal 

Figu re 1 5-2. Monochrome television h orizontal l ine scanning and syn ch ronization .  

Equalizing 
pulses 

Vertical 
synchronizing. 

pulses 
Equalizing 

pulses 

--M 
1+-------- Vertical blanking interval----------i•�� 
Figure 15-3. Monochrome television vertical synch ronization .  
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Consider first the horizontal line scanning function illustrated in 
Figure 15-2. The total line scanning interval, H, is 63.5 JI-S, equivalent 
to about 15,750 line scans per second. Of this interval, 11 .2 ,us are 
assigned to a blanking pulse. The blanking pulse interval is divided 
into a 1 .6-,us front porch interval, a 4.8-,us back porch interval, and 
a 4.8-,us horizontal synchronizing pulse interval. The porches isolate 
the synchronizing pulse from transients or overshoots of the picture 
signal. The synchronizing pulse, recognized at the receiver by its 
polarity and duration, triggers circuits that drive the reproducing 
spot at the receiver to the left side of the image field (flyback) .  
During the blanking pulse interval, the receiving tube is normally 
blanked out ; the luminance of its reproducing spot is driven into 
the ultrablack region so that the synchronizing pulse and the flyback 
of the spot are not visible. After each blanking pulse fnterval, the 
scanning circuits drive the exploring and reproducing spots in 
synchronism across the image from left to right. 

When the last line of a field scan is completed, the scanning pattern 
enters a vertical blanking interval as shown in Figure 15-3. This 
interval is about 1200 JI-S long, equivalent to the duration of about 
20 horizontal sc·an intervals. During a part of this interval, a number 
of vertical synchronizing pulses, each about 25 p.s long, drive the 
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spot to the top of the screen (vertical flyback) to begin a new field 
scan. A series of horizontal pulses (called equalizing pulses ) , trans
mitted at twice the normal line scan rate, precede and follow the 
vertical synchronizing pulses. Following the second burst of these 
equalizing pulses is a series of horizontal synchronizing pulses trans
mitted at the normal scan rate as a part of the vertical blanking 
interval. The equalizing and normal horizontal synchronizing pulses 
transmitted during the vertical blanking interval are provided to 
condition the synchronization circuits of the transmitter and receiver 
so that the two are indeed in synchronism and to guarantee that the 
interlace pattern is properly implemented in successive field scans. 

The timing of the vertical blanking intervals is such that a field 
is produced every 1/60 second. The interlacing of the next field with 
the first makes up a frame, one of which is produced each 1/30 second. 
This 30-per-second frame rate, combined with the 15,750 horizontal 
line rate, results in a picture nominally formed of 525 lines per frame. 

Luminance Signal .  As shown in Figure 15-1, an exploring element 
measures the intensity of the light at a given spot on the image to 
be transmitted. The light intensity is converted to an electrical 
signal whose amplitude is a specified function of the measured 
intensity. This electrical analog of the light intensity is transmitted 
to the receiver where the inverse process, the conversion of the 
electrical signal to appropriate light intensity value·s, takes place. 
The reproducing spot at the receiver then illuminates the receiving 
mechanism to the proper intensity. 

If the image being scanned at the transmitter is one having no 
motion, the light intensity at a given pDint and its electrical signal 
counterpart depend only on the position of the exploring element. 
Thus, the signal can be regarded as a function of two variables 
which describe the two-dimensional image field. If the image at any 
spot involves time variations of light intensity, say due to motion, 
the luminance signal is a function of time also, and the corresponding 
electrical signal is a function of three independent variables. 

The electrical signal amplitude is defined by a scale that was 
originally standardized by the IRE ( now IEEE) . The scale*, used 
as a convenience in examining television waveforms on an oscillo
scope, is illustrated in Figure 15-4. 

*This scale can be derived from Figure 7, Reference 2. 
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Bandwidth and Resolution. During the development of television, sub
jective viewing tests were used to determine that a bandwidth of 
about 4.2 MHz results in a satisfactory received television image. 
This conclusion involved the combined evaluation of many parameters 
such as acceptable vertical and horizontal resolution, frame and field 
rates, equipment costs, etc. Bandwidth in excess of 4.2 MHz does 
provide somewhat better performance, but the improvement is 
considered uneconomical. 

Low-frequency transmission requirements are set primarily by the 
low rate of 60 fields per second. Vertical blanking pulses appear in 
the complex signal waveform at that rate, and due to the complexity 
of the signal, there are also sideband components around that fre
quency. As a result, good transmission response must be provided 
to nearly zero frequency in order to maintain good phase response 
at and near 60 Hz. 

As mentioned, the required bandwidth was determined by sub
j ective tests. These were, in turn, conducted on the basis of previous 
j udgments regarding the desirable vertical and horizontal resolution 
that was to be provided. These parameters, bandwidth and resolution, 
are importantly and intimately related. 

Vertical Resolution. As previously described, the scanning process 
produces a standard pattern of 525 horizontal lines per frame. The 
picture width is 4j3 its height. This ratio is defined as the aspect 
ratio. Horizontal lines are lost during the vertical blanking period, 
reducing the effective (visible) number of lines to about 93 percent 
of the total. Further loss of resolution, inherent in the scanning 
process, is due to the finite width of the scanning line and to the 
shape of the scanning spot. The relative position of horizontal image 
lines and scanning lines affects reproduction. In the extreme, if the 
image has alternate black and white lines of the same width as the 
scanning lines and coincident with them, a faithful reproduction 
results ; however, if the same scanned lines were centered on the 
boundary between scanning lines, they would produce a flat gray 
picture. On the average, this effect decreases vertical resolution to 
about 70 percent. The net effect, then, is that the number of vertical 
elements which can be resolved is 

nv == 525 X 0.93 X 0.7 ::= 342. 
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Horizontal Resolution. Horizontal resolution is determined by the 
highest frequency component that can be resolved along a line. 
Assume that a simple sinusoid generates a series of black and white 
dots along the line. If spot size is not limiting, the finest detail that 
can be resolved is determined by the highest frequency that can be 
transmitted. If the horizontal resolution is to be about equal to the 
vertical resolution, the number of picture elements per line scan 
should be nh == 342 X 4/3 == 456 (the multiplier of 4/3 is used to 
account for the aspect ratio) . 

A sinusoid that would generate 456 alternate black and white dots 
would go through 228 cycles along a line. As shown in Figure 15-2, 
the duration of the visible portion of a line scan is about 52.3 JLS. 
Thus, to satisfy the criterion that horizontal resolution should be about 
equal to vertical resolution, the top transmitted frequency should be 
ft == 228/52.3 � 4.3 MHz, a value close to that mentioned earlier, 
4.2 MHz, obtained from subjective tests. 

Spectrum. The line scanning rate of a monochrome television signal 
determines to a great extent the distribution of energy in the 
signal spectrum. Thus, strong signal components are found in the 
signal at 15,750 Hz ; since the signal waveform is complex, many 
harmonics of this fundamental are also produced. The spectral dis
tribution is illustrated in Figure 15-5. Each component varies with 
time by approximately ±3 d.B according to picture content and 
motion ; average values are illustrated. No voltage is shown at zero 
frequency because the amplitude of that component is under design 
control and is related to the design of the transmission circuits used. 
However, it is customary to clamp the signal so that the de com
ponent is relatively constant in order to avoid excessive base-line 
wander [3] . Note that the envelope of the distribution decreases 
at a rate of 6 dB per octave ; i.e., for each doubling of the frequency, 
the line scan component is about 6 dB lower (one-half the voltage) . 

The 60-per-second field frequency generated by the vertical blank
ing pulses also influences signal energy distribution. These blanking 
pulses produce upper and lower sidebands of 60 Hz and 60-Hz 
harmonics about each multiple of the line scanning frequency. 

Signal Ampl itudes. In television signal transmission, amplitudes are 
limited by signal-to-noise and system overload considerations j ust as 
in any other form of signal traJ?.smission. These limitations are ex-

TCI Library: www.telephonecollectors.info



Chap. 1 5  

0 c Cl 
... ·u; Q) 0 Q.Q) --c 

0 ·;:: 
> -.. 0 
E .:  ..... 0 � > 
�-"" 

_Q g Q) Q. ..0 6 CO";' -c-"" c Q) Q. 

0 c Cl 
� 'iii 
Q) 0 Q.Q) 
.::-2 0 > > -.. 0 
E .:  ..... 0 > 
�-"" 
�i ..0 6 CO";' "'0-"' c Q) Q. 

-20 

-30 

-40 

-50 

-60 

-70 
10 

-20 

-30 

-40 

-50 
5 

Video Signals 

100 1000 

Frequency (kHz) 

(a) Envelope 

10 15 

Frequency in multiples of 
line scan frequency 

(b) Typical spectrum 

10,000 

20 25 

Figure 1 5-5. Monoch rome television signal vol tage spectrum.  

387 

pressed in terms of average, peak, or single-frequency power at 
specific TLPs in the telephone system if the signal parameter can 
be translated to the voiceband. However, TLP relationships cannot 
usually be directly applied if the signal is wideband (as in television ) ,  
i.e. ,  i f  it occupies more than a telephone channel bandwidth. 

Generally, television signal amplitude measurements are more 
conveniently expressed in voltage than in power. It is important, 
therefore, to recognize the voltage-impedance-power relationships 
that exist in television circuits and to recognize the complications 
inherent in properly translating the voltage expressions and their 
points of application to the TLPs used in telephone system operation. 

Television signal transmission in the Bell System is controlled 
from a television operating center (TOC) , where signals are re-
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ceived at baseband from the broadcasters. It is from such a center 
that signals may be switched to other baseband circuits for local dis
tribution or pick-up andjor to terminal locations for transmission 
over the microwave radio channels used in the makeup of the tele
vision network in the United States. The relation of the TOC to the 
network is illustrated in Figure 15-6. 

In order that the baseband and microwave radio transmission 
system designs may properly take into account the amplitude
bandwidth-spectral energy distribution relationships, television signal 
amplitude is maintained at one volt peak-to-peak into 124 ohms at 
the TOC. While it is never referred to as such, this point is somewhat 
analogous to the 0-dB TLP in the telephone network. It is sometimes 
called the 0-dBV point. 

Baseband Color Signals 

The National Television System Committee ( NTSC ) was formed 
by the television industry during the early 1950s [ 4] for the purpose 

Broadcaster's 
radio 

transmitter 

Studio 

Studio 

Microwave 
terminal 

Microwave 
terminal 

.... 
-< .,. __ ...... 

Mobile 
studio 

-{>- Baseband 
transmission 

facility 

Figure 1 5-6. Typi cal intra city television network layout. 
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of developing a set of color television standards that would be com
patible with existing mo:Qochrome standards. The signal format that 
finally evolved is one that superimposes information regarding the 
image color content on the monochrome luminance signal. 

While luminance is transmitted as previously described for a 
monochrome picture signal, chrominance (hue and saturation )  must 
be coded for transmission and is accomplished by modulating a carrier 
signal at 3.579545 MHz. The amplitudes and relative phases of this 
carrier and its sideband components are carefully controlled and 
together carry the necessary color information. 

Scanning and Synchronization. The scanning process is identical to 
that used for monochrome signal transmission. The color carrier at 
the receiver is synchronized to that of the transmitter by means of a 
burst of the color carrier freqlfency superimposed at a reference 
phase on the back porch of each horizontal synchronizing pulse. The 
burst signal contains about nine full cycles of carrier frequency (a 
minimum of eight) as shown in Figure 15-7. The phase relationship 
of the color carrier and its sidebands with respect to these color 
bursts determines the hue of the color. A scanned line is also 
illustrated in Figure 15-7 to show how the color information modifies 
the normal monochrome luminance signal. 

Spectrum. Concentrations of en
ergy are found at line scan frE
quency multiples above and below 
the color carrier. The color signal 
carrier, 3.579545 MHz, was chosen 
as an odd multiple of one-half the 
monochrome line rate*, so that the 
color signal components fall in the 
spectral spaces between compon
ents of the luminance signal. The 
power in chrominance signal com
ponents is 10 to 15 dB lower than 
in the corresponding components of 
the luminance signal. The spectrum 
of a color signal is illustrated in 
Figure 1 5-8. 

luminance 

Color burst 
(8 cycles minimum) 

Horizontal 
line synchronizing 

pulse 

Figure 1 5-7. Color television sig nal  
waveform. 

*For color signals, the line rate is 15.734264 kHz. This frequency is used to 
avoid a high-frequency multiple of 60 Hz. 
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Figure 1 5-8. NTSC color TV spectrum i l l ustrating interleaving of monochrome and 
color line scan com ponents. 

Broadcast Signa Is 

Baseband monochrome or color television signals are processed for 
broadcasting in accordance with standards specified by the FCC [2] . 
The baseband audio signal, which frequency-modulates a carrier at 
5.75 MHz, is added to the bas·eband video signal ; the composite 
video ;audio signal is then used to amplitude-modulate a carrier of 
assigned frequency in the radio-frequency spectrum. The channel 
assignments in the RF spectrum, each 6 MHz wide, are shown in 
Figure 15-9. The assigned carrier frequency for each channel is 
located 1.25 MHz above the bottom frequency assigned to the channel. 

The transmitted signal is a truncated double-sideband, amplitude
modulated signal with transmitted carrier as illustrated in 
Figure 15-10: The overall transmission plan specified is one involving 
vestigial sideband transmission. As shown in Figure 1 5-10, there is 
no vestigial roll-off shaping at the transmitter. Thus, vestigial 
shaping must be provided in each television receiver. This mode of 
transmission tends to optimize overall signal-to-noise performance 
in the channel. 

At present, it is general practice in the Bell System to transmit 
the audio signal over facilities separate from those used for the video 
signal. Several methods of combining the signals have been tried, in-
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BAND 
(MHz) 

54-60 35 . 
60-66 36 . 
66-72 37 . 
76-82 38 . 
82-88 39 . 

174-180 40 
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FREQUENCY 
BAND 
(MHz) 

596-602 
602-608 

608-614 

614-620 

620-626 
626-632 
632-638 

638-644 
644-650 

650-656 

656-662 
662-668 

668-674 

674-680 
680-686 

686-692 
692-698 
698-704 

704-710 
710-716 
716-722 

722-728 
728-734 
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740-746 
746-752 
752-758 
758-764 
764-770 
770-776 

776-782 
782-788 
788-794 
794-800 

Figure 1 5-9. FCC radio spectrum broadcast television channel assignments. 

eluding one that involves the pulse amplitude modulation of the audio 
signal and its super-position on the front porch of the video signal. 
None of these has proved to be satisfactory. Practical means are still 
being explored so that the two signals may be transmitted on the same 
facility without undue penalty in cost, performance, or bandwidth. 
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Figure 1 5- 1 0. Idealized televis,ion channel am plitude characteristic- transmitter. 

Closed Circuit Signals 

The Bell System transmits a variety of closed circuit signals such 
as industrial television (lTV) and educational television ( ETV ) as 
well as broadcast-type signals transmitted over community antenna 
television (CATV) systems. Because these are closed circuit arrange
ments, FCC standards need not always be met in all respects; how
ever, the signal format is sometimes designed to meet FCC standards 
so that standard television receivers can be used for viewing. 

Industrial Television. Industrial television systems are always oper
ated on a closed circuit basis ; that is, lTV signals are not transmitted 
over normal broadcast facilities. Because of this, the scanning and 
synchronizing mechanisms for lTV transmitting and receiving equip
ment are often l�ess sophisticated than those required for broadcast 
television, and less operating margin may be provided. Interlaced 
scanning is often not used because transmission objectives are less 
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stringent than in other types of services. However, the bandwidth 
provided is usually about equal to that used for broadcast quality 
service. Amplitude control is provided at a TOC or equivalent when 
such signals are transmitted over Bell System facilities. 

The overall effect is that for transmission analysis, an lTV signal 
may safely be assumed to be equivalent to a broadcast quality tele
vision signal. Audio signals are transmitted only as required and 
usually not in accordance with FCC standards for broadcast TV 
signals. 

Educational Television. While ·educational television network arrange
ments may be quite different from standard broadcast TV network 
arrangements, the receiving equipment is often a standard television 
receiver; therefore, the signal format is usually identical to the 
standard signal previously described. Sometimes, ETV signals are 
transmitted over cable systems which provide six channels. At the 
viewing locations, carrier-to-baseband converters are used with base
band viewing sets. 

Community Antenna Television. In CATV systems, broadcast signals 
are received at a common point and distributed by cable distribution 
arrangements to CATV subscribers. In such systems the signal 
format is again generally constrained to the standard broadcast 
format by the use of standard television viewing sets. Two exceptions 
are found. First, the distribution system need not have the same 
total band as is assigned in the radio spectrum although the FCC 
does prescribe a minimum of 20 channels. Thus, a limited number of 
channels might be distributed to the CATV subscribers. Second, to 
ease the design of amplifiers in the distribution system, the sound 
signal is usually transmitted at a lower amplitude relative to the 
video signal than in normal broadcast practice. This is accomplished 
at the antenna location ("head end") of the CATV system by 
separating the two signals, demodulating the audio signal, and then 
remodulating and recombining at the new relative amplitudes. 

15-2 PICTUREPHONE SIGNALS 

PICTUREPHONE service is now being introduced in the Bell 
System. A signal format has evolved that provides satisfactory re
sults, but bandwidth requirements are high. Evaluations of all aspects 
of this service are continuing with the objective of providing 
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more economical modes of transmission. A brief description of the 
PICTUREPHONE signal as it is presently constituted is given 
here [5] . Significant changes in the signal format are likely in the 
future. 

The basic methods of transducing a picture to an electrical 
signal and then back to picture information are very similar in 
PICTUREPHONE service and in television. The differences are in 
the details. The standards that have been established to date provide 
full motion capability (adequate, for example, for lip reading); 
resolution is sufficient for a life-like image of the face. 

Figures 15-1 1 and 15-12 depict the baseband PICTUREPHONE 
signal. One significant difference in the treatment of this signal is 
that high-frequency energy in the video signal (not in the synchro
nizing pulses) is pre-emphasized in the transmitting station set and 
de-emphasized in the receiving station set. As a result, the received 
signal-to-noise ratio is significantly improved, but there are over
shoots in the signal which must be considered when PICTUREPHONE 
signal transmission analyses are undertaken. Margin must be pro
vided so that these overshoots do not overload carrier systems, and 
clipping levels must be carefully established so that the picture quality 
is not excessively degraded. 

Scanning 

The scanning process for PICTUREPHONE signals follows that 
used for television in that the image is scanned from ltft to right 
and lines are formed from the top of the image to the bottom. The 
detailed dimensions of the scanning pattern are given in Figure 15-11. 
There are nominally 60 fields per second with alternate fields B and 
A interlaced, thus providing 30 frames per second. Note that there 
are 125.5 active lines per field and the equivalent of eight horizontal 
lines per vertical synchronizing pulse interval. The total number of 
horizontal scans, then, is 267 per frame. 

Modulation 

Picture signal modulation of a scanned line is illustrated in 
Figure 15-12. The relative amplitudes of synchronizing and picture 
signals are shown on a relative amplitude scale similar to that used 
for television (see Figure 15-4 ) . However, the peaking effect of 
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I / Pre-emphasized video 
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I 
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Video blanking pulse 
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Figure 1 5-1 2. PICTUREPHONE slgnal l ine format. 

Vol. 1 

pre-emphasis, previously mentioned, is seen to cause signal excursions 
well in excess of the normal sync-tip-to-reference-white voltage. 

Ampl itude 

The PICTUREPHONE signal amplitude is controlled at the 0-dB 
PICTUREPHONE transmission level point (0 PTLP). For this 
service, the 0 PTLP is defined as the output of the central office loop 
equalizer in the direction of transmission from the station set to the 
central office. At the 0 PTLP, the signal is maintained at a nominal 
value of 0_8 volts peak-to-peak across 100 ohms.* 

*This value is subject to interpretation due to the fact that the signal is pre
emphasized at the station set. Amplitudes, such as that given, are based on the 

equivalent, de-emphasized signal format. 
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15-3 TElEPHOTOGRAPH SIGNALS 

In spite of the fact that telephotograph is one of the oldest of the 
video services in the Bell System, dating back to the early 1930s, 
and in spite of the fact that little new development work has been 
done in recent years, many thousands of miles of telephotograph 
circuits are still in operation. These are used primarily to satisfy 
the needs of the news photo services [6]. 

Several different equipment types are currently in use, but the 
signal format is sufficiently similar that one general description 
should suffice. The systems of interest operate on private line voice
band circuits that are equalized to meet the necessary transmission 
requirements for satisfactory picture transmission and reception. 

Sca n ni ng 

In telephotograph systems, the light beam used to scan the image 
is held in a constant position. The picture being scanned is wrapped 
around and fastened to a cylinder which is rotated and advanced 
axially by a synchronous motor. 

The scanning light beam, modulated by the various shades in 
the picture, is reflected from the image surface into a photoelectric 
cell. The scanning density and rate achieved by the optical mechanism 
are 100 lines per inch and 20 inches per second (circumferentially) , 
respectively. One vertical inch of picture, up to 11 inches wide, is 
scanned in one minute. 

Synchronism is achieved by absolute control of the motor speed 
at the transmitter and at the many receivers which can be operated 
simultaneously. The control is maintained by a 300-Hz tuning fork 
which is housed in a temperature-controlled enclosure. The accuracy 
of synchronization is maintained to within a few parts per million. 

The holding bar used to clamp the image picture in place on its 
cylinder is made of highly polished metal. The high-amplitude pulse 
resulting from the reflected light from this bar is used to make the 
initial adjustment of the receiver to start the receiver motor in step 
with the motor at the transmitter. 
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Ba ndwidth 

The scanning and modulation processes just described are accom
plished by the intensity modulation of a light beam which is itself 
varied by a sine wave function at a rate of 2000 Hz in some systems 
and 2400 Hz in others. The resulting modulated electrical signal at 
the output of the photoelectric cell is then transmitted as. a double
sideband signal (2000-Hz carrier) or a vestigial-sideband signal 
(2400-Hz carrier) .  Double-sideband signals are transmitted at a 
somewhat lower rate than that given previously which applied to 
the VSB mode of transmission. The band must be gain and delay 
equalized between 1000 Hz and 2800 Hz. This useful band, 1?00 Hz 
wide, is capable of producing the resolution demanded by the scanning 
rates given. 
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Chapter 16 

Mixed Signal Loading 

The signals described in Chapters 12 through 15 are found in 
various facilities of the Bell System, but seldom is any one 
type of signal the only one ever found at any given location or 
facility. In some instances, a variety of signal types are simultane
ously transmitted on the same facility ; in other instances, the type 
of signal transmitted on the facility changes with time. Broadband 
carrier systems, for example, may simultaneously carry speech, 
narrowband and wideband data, facsimile, PICTUREPHONE, and 
address and supervisory signals. A single trunk, on the other hand, 
may carry speech, data, facsimile, and address and supervisory 
signals at different times. 

Important combinations or mixtures of signals must be charac
terized primarily so that the composite signal may be properly 
related to overload phenomena in carrier transmission systems. In 
some cases, overload effects are relatively minor, causing only partial 
deterioration of performance. However, the effects are accentuated 
with increased signal amplitudes so that transmission may be seriously 
impaired and, ultimately, the entire system may fail. Any study 
of mixed signal loading must then be concerned with the charac
terization of signals known to be transmitted simultaneously in 
today's environment. In addition, the characterization must be in 
terms that permit continuous re-evaluation of signals to account for 
the effects of new technology, the introduction of new instrument
alities or new services, or the implementation of new policies such 
as interconnection with customer-provided equipment. 

Since a very large number of combinations of signal loads may 
occur in broadband systems, it is extremely difficult to characterize 
mixed signal loading effects explicitly. Intermodulation phenomena, 
whose effects are accentuated as signal amplitudes increase, can 
produce noise, crosstalk, or other distortions such as signal com-
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pression. These are due to the nonlinear input;output characteristics 
of active circuits and devices, such as the amplifiers used to compen
sate for media losses in transmission systems. All transmitted signal 
components interact to form new, unwanted signals. In some cases, 
these combine to form a noise-like impairment. In other cases, com
ponents of the interference signal fall directly upon and in phase 
with the components of a particular wanted signal so that its internal 
magnitude relationships become distorted due to the fact that some 
components are more distorted (compressed ) than others. Some
times, signal components combine with pilot or controi frequencies 
to fall into other channels as intelligible crosstalk. 

16-1 MIXED SIGNALS AND OVERLOAD 

As previously mentioned, the effects of intermodulation are some
times relatively minor and result in only partial deterioration of 
performance ; but as amplitudes increase, transmission may be 
seriously impaired. To avoid this, the signal load on a system must 
be carefully controlled and limited to well-defined maximum values. 
When distortion or noise results from excess amplitudes and per
formance is seriously impaired, a transmission system is said to be 
overloaded. If the effects are so serious that communication is im
possible, the phenomenon is sometimes called hard overload. Often, 
the effects of overload must be evaluated statistically. Signal and 
system characteristics interact in ways that are strongly dependent 
on how long and by how much a signal exceeds its nominal value, 
how the system responds to the signal, and how quickly the system 
recovers from the overload condition. 

Signal load criteria have been established to guard against over
load. In general, the simplest statement of these criteria for signals 
transmitted in the Bell System is that the long-term average power 
in any 4-kHz band shall not exceed -16 dBmO. The statistical 
properties of individual types of signals are applied to specific 
situations to allow higher

· 
amplitudes for short time intervals. The 

most important of these statistical properties are the variations of 
signal amplitude with time and the activity factors that may properly 
be applied to various modes of transmission for each signal type -
simplex, half duplex, or duplex. 

The same broad criterion is applied to signals requiring more than 
a 4-kHz frequency allocation, but it is expressed somewhat differently. 
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In this case, the total power in the signal may be no greater than 
the long-term average power resulting from a signal of -16 dEmO 
in each of the displaced 4-kHz channels. Again, the random nature 
of the broadband signal amplitude variations sometimes permits 
excess amplitudes for short periods of time or in restricted portions 
of the band. 

S ince many of the more serious problems relating to system load
ing are experienced in wideband systems capable of transmitting 
signals in 600-channel blocks (a mastergroup) or more, the follow
ing considerations of signal loading are mastergroup-oriented. For 
comparison purposes, the mastergroup speech signal load is first 
analyzed, and mixed signal loads are then compared to this analysis. 
For systems wider or narrower than one mastergroup, the same 
approach may be used by extrapolation and with appropriate care 
in the treatment of variables that are functions of system capacity. 

1 6-2 MASTERGROUP SPEECH SIGNAL LOAD 

Consider a 600-channel mastergroup loaded with speech signals only. 
To determine overload relationships, it is necessary to know the aver
age power and the peak power in the composite signal. The average 
power at 0 TLP (that exceeded no more than 1 percent of the time 
during the busy hour) may be computed by using Equation ( 12-5) : 

Pav == Voc- 1.4 + 0.115cr + 10 log TL + 10 log N + dct dEmO. 

From Figure 12-4, the average value of Voc for toll calls is -16.8 vu. 
Since this value must be converted to its equivalent value at 0 TLP, 
allowances of -3 dB for toll connecting trunk loss (VNL + 2.5 dB ) 
and + 2 dB for conversion from the outgoing toll switch ( -2 dB 
TLP) are added. Thus, Voc == -17.8 vu and, from Figure 12-4, it 
has a standard deviation of 6.4 vu. A standard deviation of 1 dB is 
also allowed for toll connecting trunk loss variations. Thus, o- == 
y6.42 + 12 == 6.47 vu, and 0.115 o-2 == 4.8 vu. The activity, TL, is taken 
as 25 percent ; thus 10 log TL == -6 dB. The number of channels, N, 
is 600 ; 10 log 600 == 27.8 dB. The value of dct, which accounts for the 
maximum number of active channels, is found in Figure 12-6 to be 
+O. 7 dB for a 600-channel master group. If these values are summed, 
the average power in a mastergroup of 600 telephone channels 
carrying speech only is found to be 

Pav == - 17.8 - 1.4 + 4.8 - 6  + 27.8 + 0.7 == + 8.1 dB mO. 
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The peak power can be determined from the average power by 
adding a correction factor, Ac2, which represents the rms signal 
amplitude exceeded 0.001 percent of the time. Thus, 

Pmax == Pav + Ac2 dB mO. ( 16-1 )  

For N == 600 channels and TL == 2 5  percent, the number of active 
channels exceeded no more than 0.001 percent of the time is found 
from Figure 12-6 to be Na == 175.55. From Figure 12-7 the corre
sponding value of Ac2 is about 13 dB. The 0.001 percent peak, then, 
is found from Equation ( 16-1 )  as 

Pmax == Pav + Ac2 � + 8.1 + 13 � + 21.1 dEmO. 

Note in Figure 12-7 that for large numbers of active channels 
(Na > 100) , Ac2 approaches a constant value of about 13 dB. This 

relationship permits the use of Gaussian noise, which has the same 
peak factor, as an excellent simulation for a busy hour, multichannel 
telephone load for large systems. 

The peak power capacity required of a transmission system 
(Ps == Pmax - 3 dB) is usually expressed in terms of the peak power 
of a single-frequency sinusoid applied at 0 TLP [see Equations ( 12-6) 
and ( 12-7) ] .  

16-3 MASTERGROUP MIXED SIGNAL lOAD 

In the present plant, no mastergroup can be expected to carry 
speech signals only. Thus, it is necessary to consider the effects of 
mixing various other types of signals with speech signals. 

Speech a nd Idle Channel Signals 

The signalling system most commonly used on trunks employing 
broadband carrier facilities is the 2.600-Hz SF system described in 
Chapter 13. When a trunk that is so equipped is idle, 2600 Hz is 
transmitted continuously as a supervisory signal at an amplitude 
of -20 dEmO. Thus, theoretically, a mastergroup may carry 600 
such randomly phased idle channel signals (translated to carrier 
frequencies) .  In this case, the total average power in the master
group would be equal to - 20 + 10 log 600 == +7.8 dEmO, about 
the same as the previously determined average power in a master-
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group carrying only speech signals. However, activity factors affect 
the mastergroup signal in a complicated manner when the combined 
speech and idle channel signal load is considered. 

Average Mastergroup Power. It was shown previously that the busy
hour speech (only) load is +8.1 dBmO if the speech activity factor, 
TL, is 0.25. That value of TL is, in turn, based on a trunk efficiency 
factor, re, of 0.7. Thus, 180 trunks [600 (1 - 0.7) ] may carry 
idle channel supervisory signals. The power in these signals totals 
-20 + 10 log 180 == +2.6 dBmO. When this power is combined 
with the speech power by power addition (Figure 3-5 ) , the total 
busy-hour load may be found as 2.6 I I +II 8.1 � 9.0 dBmO. 

While the ratio of speech and idle channel signals in a master
group varies from the busy hour to the nonbusy hour, the total 
power in a mastergroup remains relatively constant (from a maxi
mum of 9.0 dBmO to a minimum of 7.8 dBmO) . 

To illustrate the way in which the 600-channel mastergroup 
loading varies with time, consider the load when the busy-hour effect 
has been reduced so that the equivalent speech load is that of a 
300-channel system. The speech load for N == 300 channels may be 
computed by the same method as that previously used ; its value 
is found to be +5.3 dBmO. It is assumed that the other 300 channels 
carry idle channel signals ; the power in these signals is -20 + 
10 log 300 == +4.8 dBmO. The remaining 300 channels are subject to 
the trunk efficiency factor, Te == 0.7. Thus an additional 300 ( 1  -
0.7 ) == 90 channels carry idle channel signals. The power in these 
additional signals is -20 + 10 log 90 == -0.5 dBmO. The total power 
is thus 5 .3 II +II 4.8 "+11 ( -0.5) == 8.7 dBmO. 

Average Channel Power. In Chapter 12, it was shown that the long
time average (or rms) load per channel in a broadband toll system 
is about -20.5 dBmO when speech signals only are considered. The 
mastergroup power for speech was found to be about +8 dBmO 
during the busy hour. When single-frequency signal loading is 
included with the speech load, the average mastergroup busy-hour 
load is 1 dB higher, +9 dBmO. Theref{)re, it may be concluded 
that the long-time rms channel load is also 1 dB higher, or about 
-19.5 dBmO. This value is the long-term average channel power 
based on the average speech volume of -16.8 vu for toll calls 
measured in the 1960 survey, which also indicated a tendency for 
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volumes to increase slightly on longer toll calls [1] . Thus, the speech 
load on long-haul systems could increase by about 1 dB. Even with 
the 1-dB allowance there appears to be some margin between the 
speech load with present station sets and the design objective of 
-16 dBmO. In the future this margin may be used to permit some
what greater transmitter efficiency in new telephone sets, particularly 
on longer loops. Therefore, long range planning should be based on 
the assumption that both speech and data signals eventually may 
have a long-term average of approximately - 16 dEmO. 

Maximum Mastergroup Power. In a mastergroup made up only of 
speech signals, the value of power that is exceeded 0.001 percent of 
the time may be found by Equation ( 16-1 ) , 

Pmax == Pav + Ac2 dB mO. 

It is now desirable to determine this maximum power value for a 
mastergroup having a speech and idle channel signal load. It has 
been shown that the average value of a composite busy-hour master
group load is +9 dBmO. A value of Ac2 for the composite signal 
remains to be determined. 

As shown in Figure 12-7, Ac2 is equal to about 13 dB for speech 
signal loads in excess of about 75 active channels. It can be shown [2] 
that the instantaneous value of the sum of n sine waves of equal 
amplitude, different frequencies, and random phase relationships 
also exceeds the rms value of the n signals by about 13 dB 0.001 
percent of the time for values of n in excess of 100. Thus, in a 
combined signal, one part consisting of 300 channels containing 
speech signals and one part consisting of 300 single-frequency super
visory signals, each having approximately the same peak factor, it 
can be safely assumed that the total also has a peak factor of 13 dB. 
Thus, the maximum power in a mastergroup carrying 300 speech 
signals and 300 idle channel signals is 

Pmax == 9 + 13 == +22 dB mO. ( 16-2) 

This result depends on the assumption that the 2600-Hz signals 
are randomly related to one another in phase. Suppose, for example, 
that the phases of the 300 single-frequency signals assumed in 
developing Equation ( 16-2) were coherent so that their peak ampli
tudes coincided 0.001 percent of the time (an unlikely event) . The 
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peak voltage of the 300 signals then would be 300 times the peak 
voltage of one, and the peak power would be 3002 == 90,000 times 
the power of one such signal. Thus, the peak power would be 

-20 + 10 log 90,000 == -20 + 49.5 == +29.5 dEmO. 

This is a peak value 7.5 dB higher than that of Equation ( 16-2) , 
a value that would surely be expected to cause overload. 

Phase coherence would not be expected under past field operating 
conditions and design practices. A multiplicity of 2600-Hz oscillators 
and a random physical association of signalling equipment and 
transmission multiplexing equipment caused a dispersion of fre
quency and phase relationships that prevented any significant effects 
due to coherence. More recent trends in the layout of office equipment 
and in equipment design practices provide fixed wiring patterns 
between a single supervisory signal generator and many carrier 
channels. Special wiring patterns with controlled phase reversals 
must be designed to guarantee partial cancellation of composite 
signal peaks. 

Speech and Address Signa ls 

Address signals are transmitted at amplitudes higher than the 
- 16 dEmO long-term average power objective for a channel, but 
the statistics of these signals do not cause the average power 
objective to be exceeded. High-amplitude speech signal bursts of 
short duration also occur ; these are limited to a maximum of 
+3 to + 10 dEmO, depending on the system, by channel terminal 
equipment. The limiting has negligible effect on the individual 
speech signal ; the distortion is masked by other distortions such 
as that in the carbon transmitter of the station set. 

Under normal operating conditions, these high-amplitude address 
and speech signals do not seriously affect carrier system operation. 
Their amplitudes are low compared to the total signal power in a 
mastergroup ( +9 dEmO) , andjor the frequency of occurrence is so 
low that such signals do not usually cause trouble. However, ab
normal operating conditions or system designs which change the 
statistical relationships can lead to serious overload troubles related 
to the transmission of these high-amplitude signals. The malad
justment of channel equipment, operating errors (for example, the 
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improper application of a test tone to a circuit ) , or the improper 
maintenance of a carrier system (which might result in some fre
quencies being transmitted at much higher amplitude than the 
designed values) are all trouble conditions to guard against. A 
system design which requires the use of shaped TLP characteristics, 
such as the pre-emphasis used in microwave radio systems and the 
signal shaping used in coaxial systems, results in peak factors that 
are equivalent to those in systems of fewer channels than are pro
vided in the design (see Chapter 12-3 ) . Thus, peak factors are higher, 
the effective signal band is smaller, and even a single channel carrying 
an inordinately high signal can cause system overload. 

Speech and Data Signa ls 

Carrier system speech channels are frequently used for the trans
mission of data signals. These signals are sometimes tranmitted 
over trunks which are parts of the switched public network or 
switched private line networks and sometimes over dedicated, 
point-to-point private line circuits. Any of these circuits may involve 
interconnection with customer-provided equipment through a Bell 
System connecting arrangement. The control of signal amplitudes 
tends to vary somewhat depending on the source of the signal. 

As discussed in Chapter 14, the maximum amplitudes of voiceband 
digital data signals are specified not to exceed - 13 dEmO when 
averaged over a 3-second interval. Allowing for channel activity 
factors and a mix of duplex and half-duplex operation, the resulting 
long-term average should not exceed -16 dEmO. Modern systems 
are designed to operate satisfactorily over a range of data and 
speech signal combinations that meet the -16 dEmO objective. How
ever, a heavy concentration of private line duplex data channels 
applied to a given system could cause this average to be exceeded 
and should be avoided by dispersion of these channels over sev:eral 
systems. 

Data signals, as transmitted over carrier systems, may be regarded 
simply as single-frequency signals insofar as their overloading effect 
is concerned. Therefore, a peak factor of 13 dB for multichannel 
systems (mastergroup or higher) may be safely assumed, since the 
peak factors for all contributors - speech, data., and supervisory 
signals - are equal. 
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Speech and Video Signa ls 

While several broadband carrier systems were initially designed 
to carry a combined signal consisting of voice and broadcast tele
vision signals, none of them are so used today primarily because of 
difficulties encountered in controlling intermodulation products be
tween the two types of signal. Therefore, the characterization of 
such a combined signal is of no consequence and is not discussed. 

PICTUREPHONE service has not yet been provided in any 
significant amount on systems that transmit combinations of speech 
and analog PICTUREPHONE signals. Studies are now under way 
to determine how such signals interact and how the combined signals 
may affect the systems over which they are transmitted. 

1 6-4 SYSTEM-SIGNAL I NTERACTIONS 

The characterization of signals in this chapter has been presented 
to relate the average and peak powers of the signals to carrier system 
overload. In some cases, system type, design, operation, or main
tenance interacts with the transmitted signal to change its charac
teristics so that overload effects may be accentuated or mitigated. 

System Misa lignment 

Multirepeatered broadband analog systems are designed so that 
the gain of a repeater compensates for the loss of the preceding 
section of the transmission medium. Because the compensation is 
not perfect, the signal amplitudes depart from their nominal values. 
These departures are called misalignment ; they may be positive at 
some frequencies, causing the signals to be higher than nominal, 
and negative at other frequencies, causing the corresponding signal 
components to be lower than nominal. The effects on signal charac
teristics can be negligible for small misalignment, or they may be 
quite significant. The analysis of such effects is similar to that 
relating to the shaped TLP concept of Chapter 12. 

C arrier and Pi lot Signa ls 

The discussion of phase coherence among single-frequency super
visory signals and the importance of guaranteeing random phase 
relationships among such signals applies also to carrier signals 
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(such as may be transmitted in a DSBTC system) or to single
frequency pilot signals. Special wiring designs must sometimes be 
used to introduce phase reversals in order to produce partial can
cellation of signal peaks. 

Companders 

The advantage in individual channel signal-to-noise performance 
gained by using syllabic compandors results from the fact that the 
range of signal amplitudes is substantially reduced for transmission 
over the medium. The reduction, called the compression ratio, is 
usually on the order of 2 to 1 ;  a signal amplitude range of 50 dB 
is reduced to 25 dB, and its standard deviation is also reduced by 
a factor of 2 to 1 from 6 to 3 dB. The average signal amplitude 
is a system design parameter. Thus, in a given cable carrier 
system using compandors, the value corresponding to Vo for a non
compandored channel must be selected by the designer to optimize 
performance. The optimization must take into account the fact that 
the use of compandors generally results in a higher average power 
per channel. 

Sometimes, when the multiplexed signal of a compandored carrier 
system is applied as a portion of the signal to another system of 
higher capacity which does not normally use compandors, precau
tions must be taken to avoid overload in the higher capacity system. 
Two effects must be taken into account : one is the higher average 
power in a voice channel due to the com pandor action ; the other is 
the high power represented by the transmitted carriers in most Bell 
System compandored systems. The requirements of the high-capacity 
system may be met by reducing its channel capacity, by lowering 
the amplitude of the total applied compandored signal load, or by 
lowering the relative amplitudes of the carrier components. In some 
instances, some of the compandor advantage may be lost. This loss 
is usually not important because the high-capacity systems are less 
noisy (by design) than the systems for which compandors are 
provided. 

TASI 

Time assignment speech interpolation, discussed briefly in Chapter 2, 
has as its principal effect on broadband signal characterization an 
increase in the activity factor for each speech circuit. The amount 
of increase is a function of the TASI system design, which must 
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take into account the number of trunks between terminals, the 
number of lines being served, the ratio of the two, the allowable 
degradation due to freeze-out, and the syllabic content of the lan
guage being used. (Freeze-out is an effect that leads to clipping of 
initial speech bursts due to the fact that all trunks are active and 
therefore busy. ) In T ASI systems, the trunk activity factor may 
increase from 25 or 30 percent to 90 or 95 percent. 

Microwave Radio Systems 

The Federal Communications Commission specifies that the fre
quency deviation of a frequency-modulated microwave carrier be 
confined to the allocated band [3] . Modern microwave systems, while 
designed to carry a long-term average per-channel signal power 
load of -16 dBmO, are tested by noise loading techniques with a 
load equivalent to -15 dBmO per 4-kHz channel. This approach 
provides some margin against peak excursions of composite signals 
which produce the extremes of the microwave frequency deviations. 
At the same time, signal-to-noise objectives are met for the system 
when operated at a load value equivalent to -16 dBmO per channel. 
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Section 4 

Impairments and Their Measurement 
The next six chapters contain descriptions and definitions of im

pairments suffered by telecommunication signals as they are trans
mitted through various channels and media. These descriptions, 
qualitative for the most part, are related to the sources of impair
ment, the manner in which the impairments are measured, and the 
units in which the measurements are expressed. 

Signal transmission is subject to impairment by a number of im
perfections in channels ; thus, signal impairment may be regarded as 
resulting from channel impairment. The channel imperfections in
clude interferences induced from external sources, interferences that 
are signal-dependent and caused by nonlinear channel input;output 
characteristics, distortions of the channel transmission characteristics, 
and indirect effects such as timing and synchronization errors. 

Transmission irregularities affect various types of signals differ
ently. Consider, for example, the transmission of a variety of 
signals over imperfect voiceband channels. In one case, carrier signal 
generating equipment may produce j itter which is scarcely noticeable 
in speech signal reception but which causes disastrous impairment 
of voiceband data signals. In another case, the channels under con
sideration may have impedance discontinuities that produce intoler
able echoes from the point of view of speech signal transmission but 
which may have negligible effects on data signal transmission. 

Sometimes impairments may be dealt with in the design process. 
For instance, if a particular type of signal is intolerant of frequency 
shift, the effect can be eliminated by using a method of transmission 
that permits recovery of the transmitted carrier frequency and 
phase. Signals sensitive to frequency shift impairment should usually 
not be transmitted by suppressed-carrier methods. 
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Occasionally, somewhat degraded performance may be tolerated in 
time of trouble. Such a situation would be typified by an increase 
in noise, for example, while major troubles are being corrected. The 
ability to furnish some service, even though below normal, may be 
preferable to furnishing no service at all. 

Some impairments are evaluated subj ectively and others objec
tively. Sometimes the same impairment may be evaluated both ways 
depending on the type of signal to be transmitted. For example, 
random noise must be evaluated in terms of its annoying effect in 
speech or video signal transmission and in terms of the number of 
errors it causes in digital data signal transmission. In either case, 
the ultimate expression must be in terms that can be stated quanti
tatively so that meaningful values may later be established for 
objectives and requirements. 

Chapter 17 deals with various types and sources of noise and 
crosstalk. Some forms of noise are induced in transmission channels 
from external sources by a number of different coupling mechanisms. 
Some have their sources within the channel of interest. Some forms 
of noise are independent of the signal transmitted, while others are 
functions of the transmitted signal. 

Signal transmission may be seriously impaired by departures from 
desired amplitude/frequency channel characteristics. These charac
teristics and some departures from ideal are discussed in Chapter 18 
in relation to typical signals and channels. 

A discussion of timing and frequency synchronizing relationships 
is found in Chapter 19. Impairments that relate to such functions 
are seldom controlling in baseband systems. They appear in carrier 
systems or when signals are otherwise processed by time or frequency 
functions. 

Chapter 20 discusses the effects of echoes in a telephone message 
channel. Echoes cause serious impairment to speech and telephoto
graph signals. The impairing effects are a complex combination of 
echo amplitude and the amount of delay difference between the signal 
and its echo. 

Delay distortion has a number of adverse effects on signal trans
mission, particularly on video and data signals. Chapter 21 treats 
the impairments caused by delay distortion in channels of any 
bandwidth that may carry signals sensitive to delay distortion. 

41 1 TCI Library: www.telephonecollectors.info



The ultimate deterioration of signals occurs when transmission 
is cut off by a failure. Chapter 22 considers the design, construction, 
layout, and operation of the transmission plant from the point of 
view of its reliability. Protection switching arrangements, emer
gency restoration, and diversity of routing are subjects of discussion. 
Deterioration of transmission need not be total, however. Poor main
tenance practices andjor inadequate support equipment and support 
systems may bring about a gradual circuit deterioration that causes 
impairments to increase with time. These subjects are also discussed 
in Chapter 22. 

4 1 2 TCI Library: www.telephonecollectors.info



Impairments and Their Measurement 

Chapter 1 7  

Noise and Crosstalk  

The transmission of telecommunications signals i s  degraded by 
the limitations of practical channels and by the existence of various 
types of interference in the channel of interest. Interference may 
be induced from a source outside the channel of interest (e.g. , power 
line noise picked up by a voice-frequency circuit) , or it may be 
generated from within (e.g., intermodulation noise caused by non
linear inputjoutput characteristics of repeaters in an analog 
transmission system) .  

The effects of some interferences depend on the type of signal 
affected. For example, bursts of impulse noise are usually of little 
consequence in the transmission and reception of speech signals 
because of the use of amplitude limiters and the relative insensitivity 
of the human ear to this type of impairment. However, impulse 
noise can seriously impair digital signal transmission. Some other 
types of interference, such as thermal noise, degrade the transmission 
of all types of signals. Unwanted signals and interferences, their 
sources, means of controlling the sources and coupling paths, the 
nature of the impairments incurred, and the methods of measurement 
are all basic to an understanding of impairments suffered in the trans
mission of signals in the telecommunications network. 

1 7- 1  COUPLING 

Almost all transmission circuits are exposed to external influences 
and forces by virtue of proximity to other circuits. For example, a 
loop or trunk is usually physically close to other circuits in cables or 
on pole lines ; multiplexed message channels share a wide bandwidth ; 
any circuit passing through a central office is exposed to sizable 
switching transients ; and many circuits have power transmission 
lines paralleling part of their routes. The exposure to electromagnetic 
fields created by the currents in these nearby circuits results in many 
possible interference coupling paths from a disturbing circuit to the 
circuit of interest, the disturbed circuit. 
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Currents and Circuit Relationships 

The extent of interference caused by coupling is dependent on 
the symmetry, or balance, of the disturbed circuit and on the type 
of current (longitudinal or metallic) that results from the coupling. 

Currents that flow in the same direction in the two conductors of 
a pair of wires are called longitudinal currents, while currents that 
flow in opposite directions in the two conductors are called metallic 
currents. Both types are illustrated in Figure 17-1. The voltage 
sources, E with internal impedance Za, are coupled to the trans
mission line by some form of coupling mechanism designated as Z c· 
The resulting currents are transmitted through the central office, 
typically through common battery circuits which include impedances 
Zs as illustrated, to the load impedance, ZL. The Zs impedances may 
represent a number of components such as supervisory relays, 
transformers, common battery supply leads, etc. 

In Figure 17-1 (a) , the currents through ZL are exactly equal 
and opposite (net zero) if all the networks and the transmission 
line are exactly balanced, i.e., electrically alike and symmetrical 
with respect to ground. In this event, an interference voltage coupled 
as in Figure 17-1 (a)  causes no interference current in ZL. However, 
if the Zc and Zs networks are not balanced, unequal currents flow in 
the two sides of the circuit. The difference between them is a 
metallic current that appears in the load, Z L, as interference. This 
metallic component of the current can be represented as originating 
in an equivalent circuit like that of Figure 17-1 (b) , where E may 
represent the source of unbalance current, some system-generated 
interference, or a wanted signal source. 

The common battery does not cause appreciable unbalance because 
the internal impedance of a central office battery is extremely low, 
typically a small fraction of an ohm. However, other parts of the 
connection, those represented by impedances Zs, are often unequal and 
and create an unbalanced circuit unless carefully controlled. 

The circuits and currents of Figure 17-1 may be defined in terms 
of balanced and unbalanced conditions since the grounds located 
between impedances Zs and between impedances Zc provide refer
ences with respect to which circuit symmetry can be evaluated and 
direction of current flow can be determined. If the disturbed circuit 
has no ground or common return, a plane of symmetry cannot be 
established, and longitudinal currents are not generated. 
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Coupling Paths and Their Control 

The coupling path from a disturbing to a disturbed circuit may 
result from electromagnetic, electric (dir�ct) , or intermodulation 
phenomena. These phenomena and the resulting coupling paths are 
typical of interference problems found in telecommunications systems. 
Coupling path losses must be controlled so that transmission impair
ments may be held to tolerable values. 

Electromagnetic Coupling Paths. A coupling path is involved when an 
electromagnetic field resulting from an alternating current carried 
in one conductor causes a voltage to be induced in another conduc
tor [1, 2] . The induced voltage may result from either the magnetic 
or the electric field, whichever is dominant. 

Figure 17-2 illustrates a simple and idealized case of magnetic 
coupling where A is one conductor of a disturbing circuit equidistant 
from the two conductors of disturbed circuit B .  The magnetic field 
produced by current lo in conductor A induces voltages E1 and E2 
in B. The resulting longitudinal currents, It and l2, in the two con
ductors of the disturbed circuit are exactly equal and of opposite 
polarity. Thus, they cancel one another, and there is zero net metallic 
current ; i.e., Ia == 0. Departures from the idealized conditions as
sumed in Figure 17-2 may cause the induced currents in the two 

A 
Io ---. J 1 I I 

8 
.__ It 

4-- 12 

ZG/2 Zc/2 ZL/2 

Figure 1 7-2. Circuit relationships - magnetic coupling. 
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conductors of the disturbed circuit to be different in magnitude, 
phase, or instantaneous direction of flow ; the result would be a 
net metallic current in the disturbed circuit. This may occur if the 
couplings from conductor A to the conductors of circuit B are 
unequal or if the impedances to ground in the disturbed circuit are 
unequal, as would be the case if Zu were in the circuit. In either 
case, Is =F= 0. 

Among the measures employed to control the magnetic coupling 
between circuits is shielding. Others include separation, orientation, 
and balance. Magnetic shielding is employed in braided or other 
forms of iron shields to cover the copper conductors to be used for 
the transmission of signals that are particularly susceptible to 
magnetically induced interferences. An example is the use of specially 
shielded wires for intracity television baseband signal transmission. 
More commonly, shielding is used on circuit packs having areas of 
high component density, especially where magnetic components 
( inductors and transformers) are used. Where transmission lines 
are shielded against magnetic coupling, the shields (such as cable 
sheaths) must be grounded at both ends. 

Electric field coupling is the result of capacitance between ad
jacent parallel conductors. This form of coupling, resulting from 
the electric field produced by voltages in the disturbing circuit, is 
among the most important and most prevalent in communication 
systems. Capacitive coupling loss is a maximum at low frequency 
and tends to decrease at a rate of 6 dB per octave of frequency. 

If the capacitance from a disturbing conductor to each of the two 
wires of a disturbed circuit is different, the current flowing in each 
of the disturbed conductors is different, and a resultant metallic 
current flows. Similarly, if the two currents are equal but the im
pedances of the two disturbed conductors are unequal (for example, 
due to a shunt impedance to ground on one conductor only) , a 
resultant metallic current also flows. 

Many of the guidelines that govern the relationships between 
di�turbing and disturbed paths in magnetic coupling apply to electric 
field coupling also. Electrostatic shielding of conductors (by iron, 
copper, or aluminum shields) ,  separation between disturbing and 
disturbed circuits, orientation of one circuit with respect to another, 
and balance of the impedances affect the control of electric field 
coupling paths. 
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Electric Coupl ing Paths. Electric coupling paths are those produced 
by impedances that are common to two or more otherwise inde
pendent circuits. These paths, which include common batteries and 
their supply leads and terminal multiplex equipment filters whose 
passbands are adj acent or overlap, are normally controlled in design ; 
they are little affected by system application and maintenance. 

The manner in which the common battery impedance can become a 
source of interference is illustrated by Figure 17-3. In Figure 17-3 (a) , 
two telephone station sets are shown with independent connections 
to trunks or other station sets. The two local station sets, ST A 1 and 
STA 2, receive current from the common battery supply having 
internal impedance Zb. The connections from the station sets are 
over loops and through central office battery supply and supervisory 
circuits designated Z s· The transmission circuits are coupled by 
transformers. In Figure 17-3 (b) , the station set, loop, transformer, 
and supervisory circuit impedances of the two circuits are lumped 
together as Zt and Z2. The battery impedance is shown as Zb, and 
the transmitter at STA 1 is shown as a voltage generator, E. This 
simplified schematic shows clearly how STA 1 and STA 2 are coupled 
by Zb. The following numerical example illustrates how interference 
from STA 1 to STA 2 is limited, or controlled, by maintaining Z" 
at a low value. 

Example 17-1 : Electric Coupling Path Control 
To simplify the example, assume that 

(a) Zt and Z2 in Figure 17-3 (b) are both 1000 ohms. 

(b)  the interfering current, I2, resulting from the voltage, 
E, must be at least 80 dB below the desired current, It ; 
i .e. ,  20 log It/I2 > 80 dB. 

What value of Zb will produce this result ? 

The voltage relationships in the right-hand mesh of 
Figure 17-3 (b)  may be written, by using Kirchoff's second law as 
shown in Equation ( 4-3) , as 

or 

1ooo I2 - (It - I2) zb == o 

It 1000 + zb h == zb 

If 20 log It/I2 > 80 dB, It/I2 > 10,000 

Thus, Zb < 0.1 ohm. 
TCI Library: www.telephonecollectors.info
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Figure 1 7-3. Electric coupling through the common battery impedance. TCI Library: www.telephonecollectors.info
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While somewhat oversimplified, this example illustrates how two 
circuits may be coupled by a common impedance such as Zb and 
how the coupling may be controlled in design by holding the common 
impedance to a much lower value than the coupled transmission 
circuit impedances. In a real case, the internal battery impedance 
tends to be very low, typically less than 0.01 ohm, and coupling be
comes a problem only where long power leads are common to a 
number of otherwise independent circuits. Their impedance adds to 
Zb to give an effective value, Z'b, that can introduce excessive 
coupling. In this case, the complex impedances of all the involved 
circuits must be taken into consideration. Sometimes, decentralized 
battery filters must be used to bypass the interference currents to 
ground. Although the common de impedance remains high, these 
filters reduce the complex impedance at signal frequencies to low 
values. 

In a large office, many interference currents such as I 1 - I 2 in 
Figure 17-3 (b)  are carried in the common battery. Even though 
each is small, there may be several thousand such signals simultane
ously present. Together, they form a significant source of noise that 
must be carefully controlled by battery lead layout and appropriate 
filtering. 

Figure 17-4 illustrates how carrier system terminal equipment 
filters may provide an electric coupling path. Two 4-kHz baseband 
input connections are shown at the left. The input signals modulate 
carriers at frequencies let and !c2 (where !c2 == let + 4 kHz) and 
produce double-sideband signals over bands ± 4  kHz about the 
carriers. These double-sideband signals then pass through bandpass 
filters which pass their lower sidebands and suppress their upper 
sidebands. At the filter outputs, the two signals are combined. Note 
that the suppressed upper-sideband signal from Input 1 falls directly 
into the band occupied by the lower-sideband signal of Input 2. This 
form of coupling can sometimes be avoided by selecting carrier 
frequencies such that the overlap does not occur ; however, bandwidth 
is wasted. Control is usually attained by designing the filters so 
that adequate suppression is obtained and interference currents are 
at an acceptably low amplitude, 50 to 80 dB below the wanted signal 
currents. 

lntermodu lation Coupling. The coupling that results from intermodu
lation among signals in an FDM carrier system cannot be described TCI Library: www.telephonecollectors.info
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Figure 1 7-4. Electric coupling in m ultiplex terminal equipment. 
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in the same physical sense as the electromagnetic and electric coupling 
paths just discussed. Intermodulation is inextricably involved in the 
mathematics of the nonlinear input;output characteristics of the 
devices ; therefore, a detailed discussion of this type of coupling is 
deferred to a later part of this chapter. 

1 7-2 INDUCED NOISE AND CROSSTAlK 

The sources of many types of noise and crosstalk are outside the 
disturbed channel. Such interferences are coupled into the disturbed 
channel by coupling mechanisms and through the types of coupling 
paths discussed above. Here, some specific induced interferences and 
methods of control are described. 

Power System Noise 

Problems involving inductive coupling arise where facilities for 
the power industry and the communications industry share the same 
underground or pole line environment. Communications channels 
carrying signals having components that extend down to or close to 
zero frequency are particularly susceptible to interference from the 
high-strength magnetic and electric fields generated by power systems. 
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Nature of Impairments. The characteristics of the 60-Hz wave present 
in most power distribution systems are high energy, high harmonic 
content (especially odd harmonics) ,  and large differences between 
the currents carried by different conductors of the power line, i.e., 
high unbalance currents. The 60-Hz fundamental component is at 
such a low frequency that speech transmission is seldom impaired 
since most voice-frequency circuits and all carrier circuits have high 
attenuation at 60 Hz. However, high-amplitude odd harmonics of 
60 Hz often cause an unpleasant hum in voice-frequency speech 
transmission systems. 

The 60-Hz and harmonic components can also cause bar pattern 
interferences in television, PICTUREPHONE, or other video chan
nels. Video signals require a flat attenuation/frequency response to 
essentially zero frequency ; thus extraneous signals at low frequencies 
can cause picture impairment. 

Data signals transmitted at baseband and requiring good response 
at low frequencies may also be seriously impaired by 60-Hz and 
harmonic interference. The impairment takes the form of increased 
error rate. 

I nductive Coordination. This term is applied to the cooperative efforts 
of the power industry (represented by the Edison Electric Institute) ,  
other utilities, and the Bell System to solve problems that arise where 
facilities for different types of service share the same environment. 
In considering problems of interferences in communication circuits 
due to coupling from power circuits, three conditions are considered. 
These are influence, coupling, and susceptibility. Influence refers 
to those characteristics of power circuits and associated apparatus 
that determine the character and intensity of the fields they produce. 
Coupling covers the electric and magnetic interrelations between 
power and communication circuits. Susceptibility refers to the char
acteristics of communication circuits and associated apparatus, 
which determine the extent of any adverse effects from nearby 
power circuits. These three conditions form the basis of inductive 
coordination. 

A large unbalance of the currents carried on the individual con
ductors of a multiphase power distribution circuit is a source of 
influence on communication circuits. A reduction of power line in
fluence may be accomplished by transposing the power line conductors 
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and by balancing load currents. The influence reduction results from 
a cancellation of fields caused by the unbalanced currents. In ad
dition to reducing influence, load balancing makes power distribution 
more efficient and, therefore, more economical. 

The distance between power and communication circuits and their 
mutual orientation are among the factors that must be considered 
in order to control coupling. On shared facilities the separation 
between the potentially interfering source and each communication 
circuit conductor must be as large as practicable, and the distance 
between the communication paired conductors must be as small as 
possible. When power and communication circuits must cross one 
another, a 90-degree crossing minimizes coupling between the lines. 

The susceptibility of communication circuits can be reduced in a 
number of ways. The proximity of conductors subject to power line 
influence is effectively accomplished by twisting the conductors of 
each pair together where possible. Twisting of pairs is specified in 
the design of multiconductor cables and some open-wire pairs. This 
tends to equalize the distance from the conductor pair to each power 
conductor so that induced voltages are made nearly equal and metallic 
interference currents are minimized. Where twisted pairs cannot 
be used, the disturbed conductors are transposed, or frogged, at 
regular intervals to reduce susceptibility. Impedance balance to 
ground of the disturbed circuit is then an effective deterrent to the 
conversion of longitudinal to metallic current. Finally, good shielding� 
i.e., maintaining cable sheath continuity, offers some protection to 
communication circuits when they are in cables. 

Some coordination problems are structural and, as such, may 
result in danger to personnel or communication equipment from 
high energy coupled from the power source into the communications 
circuits. While most systems are 60-Hz ac, some high-voltage de 
power systems are also in use. Stray direct currents from the latter 
may cause noise or corrosion problems if structural problems and 
appropriate grounding arrangements are overlooked. 

Impu lse Noise 

Impulse noise consists of spikes of energy of short duration which 
have approximately flat spectra in the band of interest. The flat 
spectra are shaped by channel response characteristics so that, 
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typically, the average spectrum of a large number of observed im
pulses approximates the frequency response of the channel on which 
the measurements are made [3] . Some of the more important sources 
of impulse noise are : ( 1 )  corona discharges in transmission lines 
simultaneously powering remote repeaters, (2 )  lightning, (3 )  elec
trical and electroacoustic transients associated with the termination 
of a call at a station set, ( 4) relay operations associated with switch
ing and alarm functions, (5 )  microwave radio fading phenomena 
and the associated protection switching operations, and ( 6) many 
other transmission system operating and maintenance procedures. 

In speech transmission, impulse noise causes little impairment. 
Above a certain threshold value, acoustic shock caused by impulse 
noise might be painful ; however, circuits are designed to limit ampli
tudes well below the threshold, and acoustic shock is seldom experi
enced. At amplitudes below the limiting values, the human ear is 
quite tolerant of impulse noise. 

In video transmission, the impairment takes the form of short
duration interferences such as small light or dark flickers in the 
picture ( sometimes called pigeons) or, in extreme cases, a short
duration loss of synchronization that causes the picture to tear 
horizontally or to roll vertically. While all of these impairments are 
objectionable, such events are tolerated if they occur only occasionally. 

The most serious effect of impulse noise is found in digital signal 
transmission. The interfering impulses are short compared with the 
time between them and, as a result, the receiving circuits resolve 
them as independent events. Depending on the impulse amplitude, 
polarity, duration, and time of occurrence, individual signal com
ponents or blocks of data symbols may be obliterated, resulting in 
errors in the received signal. 

Sing le-Frequency Interference 

Single-frequency signals or wideband signals having discrete 
single-frequency components can be excessively annoying when 
coupled into a telephone channel. If they are of sufficient amplitude 
and fall between 200 and 3500 Hz, they may produce audible tones 
in the telephone receiver. Single-frequency interferences can also 
disturb SF signalling systems, produce bar patterns in video receivers, 
and cause high error rates in data transmission systems. 
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Crossta lk 

Crosstalk was initially used to designate the presence in a tele
phone receiver of unwanted speech sounds from another telephone 
conversation. The term has been extended in its application to 
designate interference in one communication channel or circuit caused 
by signals present in other communication channels. Consideration is 
limited here to the interference to one signal by another signal of 
the same general type-e.g., speech interfering with speech, video 
with video, digital with digital, etc. It should be pointed out, however, 
that crosstalk coupling of one signal type to another is often signifi
cant in establishing transmission level points for communication 
systems. 

Crosstalk Coupl ing and the TLP. As discussed in Chapter 3, many of 
the complexities of system design and operation are made tractable 
by the concept of TLPs. The importance of any coupling path is 
strongly dependent on the relative magnitudes of the wanted signal 
and the unwanted interference. It is really a question of the signal
to-interference ratio, which is difficult to define in telephone practice ; 
the TLP approach is found to be a useful way of dealing with signal
to-interference problems. 

With this approach, the interference is defined in terms of its 
value at a specific TLP, and the coupling is expressed as equal level 
coupling loss (ELCL) . The ELCL is defined as the ratio of signal 
power at some known TLP in the disturbing circuit to the induced 
power measured at an equal TLP in the disturbed circuit. The ELCL 
concept is illustrated in Figure 17-5 where two repeatered voice
frequency circuits are depicted as transmitting from left to right. 
A coupling path having 80-dB loss is shown from the output of the 
repeater in the disturbing circuit to the input of the repeater in the 
disturbed circuit. Thus, · the coupling path loss must be adjusted by 
the gain of the repeater in the disturbed circuit (30 dB ) to give a 
value of ELCL of 50 dB. Note that the ELCL is independent of 
signal amplitude and of the particular TLP used in its determination. 

Near- End, Far-End, and Interaction Crosstalk Coupl ing. These forms of 
coupling, abbreviated NEXT, FEXT, and IXT, respectively, are 
subclasses of coupling modes that exist between communication 
channels or circuits. Although any of these forms of crosstalk 
coupling may cause impairment, NEXT and FEXT tend to be pre
dominant. With NEXT coupling, the interference energy in the TCI Library: www.telephonecollectors.info
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Figure 1 7-5. Coupling path loss and equal level coupling loss. 

disturbed circuit is transmitted in the direction opposite to that of 
the signal energy in the disturbing circuit. With FEXT coupling, 
the signal and interference travel in the same direction. Inter
action crosstalk occurs when energy is coupled to a tertiary path, 
propagates along that path, and then is coupled to. the disturbed 
circuit. The two stages of coupling may be of the near-end or far-end 
type or a combination of both. 

Speech Crosstalk. When an unwanted speech signal is coupled into 
another speech channel, the interfering signal may be intelligible 
or it may be unintelligible but have syllabic characteristics so that 
a listener thinks it may be intelligible. Such interferences are partic
ularly objectionable because of the real or fancied loss of privacy. 
Even when they are clearly not intelligible, they tend to be highly 
annoying because of the syllabic content. Stringent objectives to 
minimize these interferences are applied in transmission systems. 

When many unwanted speech signals appear in a disturbed channel 
simultaneously, each at such a low amplitude that neither intelligence 
nor syllabic variations are conveyed, the net effect may resemble 
random noise. In rare circumstances, the metallic coupling of large 
numbers of speech signals through common battery circuits in a 
central office might produce such an impairment. However, coupling 
losses through battery feed circuits are kept at high values by design. TCI Library: www.telephonecollectors.info
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Video Crosstalk. When a picture signal is coupled to another video 
channel, the interfering picture signal may be superimposed on the 
disturbed picture receiver. This form of interference is rare, how
ever. The two signals are usually not synchronized, and the coupling 
path usually has a loss/frequency characteristic that distorts the 
interfering signal. A more common effect of such a coupling is known 
as the windshield wiper effect. The synchronizing pulses of the 
disturbing signal create a bar pattern across the disturbed picture. 
Since the two signals are normally unsynchronized, the bar pattern 
moves across the picture with a windshield wiper effect. 

Digita l Signal Crosstalk. As in most cases of interference to digital 
signals, crosstalk produces errors. Below some threshold essentially 
no errors are made, although a disturbing signal amplitude just 
slightly higher than the threshold value causes a very sharp increase 
in error rate. 

In the design of digital transmission systems, the crosstalk due to 
the presence of the line signals of many systems in one cable is  
often the limiting factor in the spacing of regenerative repeaters. 

1 7-3 SYSTEM-GENERATED NOISE AND CROSSTALK 

Many sources of noise and crosstalk exist within a channel or 
within a transmission system. Such interferences are controlled 
by circuit design and, within the constraints of a particular design, 
by signal amplitude manipulation since the ultimate interfering 
effect is a matter of the signal-to-noise ratio. If interferences are 
independent of the signal amplitude, the signal-to-noise ratio is im
proved by raising the transmitted signal amplitude. If interferences 
are signal-dependent, the signal-to-noise ratio is generally improved 
by reducing the transmitted signal amplitude because this type of 
interference generally changes more rapidly than the signal ampli
tude. Thus, performance optimization in analog transmission systems 
involves the selection of optimum signal amplitudes because both 
types of noise are usually present. 

Random Noise 

Random noise is an impairment that appears in all circuits as a 
result of physical phenomena that occur within the affected circuit 
or channel. The complete characterization of random noise types 
that are commonly found in transmission channels is beyond the 
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scope of this chapter ; but the important noise sources are briefly 
described, the resulting impairments to various telecommunication 
signals are discussed, and methods employed to measure and evaluate 
these types of interferences are described [ 4] . 

The terms white noise and Gaussian noise, often used to describe 
random noise characteristics, must be defined. The term white noise 
has become well established to mean a uniform distribution of noise 
power versus frequency, i.e., a constant power spectral density in 
the band of interest. The Gaussian noise distribution, discussed in 
Chapter 9, is the limiting form for the distribution function of the 
sum of a large number of independent quantities which individually 
may have a variety of different distributions. A number of random 
noise phenomena produce noise having this Gaussian amplitude 
distribution function. 

By definition, Gaussian noise has a finite probability of exceeding 
any given magnitude, no matter how large. In practice, however, 
consideration can sometimes be limited to the magnitude attained 
0.01 percent of the time. Thus, it is convenient to define the peak 
factor for random noise having a Gaussian distribution at 3 .89 UN 
where uN is the rms value of the noise.* The peak factor is then 
11.8 dB above the rms value (usually rounded to 12 dB for con
venience) .  In cases where the value attained 0.001 percent of the 
time must be used, the peak factor is 13 dB. 

Several types of signal independent random noise are encountered 
sufficiently often to warrant discussion. These include thermal noise, 
shot noise, 1/f noise, and Rayleigh noise. Since each of these types 
of noise has random characteristics, the total power in multiple 
sources, such as those encountered in multirepeatered analog trans
mission systems, may be computed simply by summing the powers. 
There is no amplitude or phase correlation between components 
from independent sources. 

Thermal Noise. According to the kinetic theory of heat, electrons 
in a conductor are in a continual random motion which leads to an 
electrical voltage whose average value is zero but which has ac 
components of random amplitude and duration. The phenomenon 
produces an interference signal called thermal noise. 

*The noise has an average value of zero, having random positive and negative 
excursions. The rms value can be shown as equal to the standard deviation, UN· TCI Library: www.telephonecollectors.info
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It is shown [5, 6] that for thermal noise the available noise 
power is 

PN (/) == kT wattsjHz (17-1) 

where k == Boltzmann's constant == 1.3805 ( 10-23) joule/K, and T is 
the absolute temperature of the thermal noise source in Kelvins. At 
room temperature, 17° C  or 290 K, the available noise power is 
PN (/) == 4.0 ( 10-21 ) watts/Hz or -174.0 dBm/Hz. 

In theory, the thermal noise spectrum eventually drops to zero ; 
actually, however, it is flat over all frequencies of practical interest 
from zero to the highest microwave frequencies used and can be 
termed white noise. Also, the available noise power is directly pro
portional to bandwidth and absolute temperature. Thus, 

Pa == kTB watts ( 17-2) 

where B is the bandwidth of the system or detector in hertz. This 
may be expressed in dBm as 

Pa == -174 + 10 log B dbm. ( 17-8)  

While thermal noise has a flat power spectrum and a Gaussian 
amplitude distribution, it should not be concluded that white and 
Gaussian are synonymous ; they are not. load� 

Sometimes it is desirable to de
termine the voltage generated by 
a thermal noise source. This may 
be accomplished by considering an 
equivalent circuit like that of 
Figure l7..o�6. The equivalent circuit 
assumes a noise voltage generator, 
EN, in series with a hypothetically 
noiseless resistor of R ohms. If Figure 1 7-6. Equivalent circuit of a 

noisy resistor. this noise source is connected to a 
load resistor, RL, and if RL is equal to R, the maximum power will 
be delivered to RL. This maximum deliverable power is Pa == E;j4R. 
As previously shown, the available noise power from a thermal noise 
source is Pa == kTB. Equating these two powers and solving for the 
rms voltage of the equivalent Thevenin generator yields 

EN == yl4kTBR volts. ( 17-4) 
TCI Library: www.telephonecollectors.info
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Shot Noise. This type of random noise is found in most active 
devices. It is similar to thermal noise in that it has a Gaussian dis
tribution and a flat power spectrum. However, it differs from 
thermal noise in the following two respects : 

( 1 )  The magnitude of thermal noise is proportional to absolute 
temperature, whereas shot noise is not directly affected by 
temperature. 

(2 )  The magnitude of shot noise is proportional to the square 
root of the direct current through the device. Thus, the shot 
noise magnitude may be a function of signal amplitude if the 
signal has a de component. 

For fixed conditions in a particular design, it is often convenient 
to combine shot noise with thermal noise into a single equivalent 
noise source. The way in which the two combine depends on the 
particular circuit arrangement. 

Shot noise may be computed as an rms current by 

i == v'2ql ampere ( 17-5) 

where q == charge of the electron == 1.6 ( 10 - 19) coulomb, and I is the 
direct current through the device. 

Low-Frequency ( l jl) Noise. This noise is associated with contact and 
surface irregularities in semiconductors and in the cathodes of 
electron tube devices. The noise has a Gaussian distribution, and in 
a given band (between /1 and /2) may be computed by 

12 

p = /� df = K (In f, - In f, ) ( 17-6) 

11 

Evaluation of the constant K depends on specific devices and circuit 
conditions. The evaluation given by Equation ( 17-6) would result in 
infinite noise if the band were to extend down to zero frequency or 
up to infinite frequency. This is not to be expected, and the equation 
holds only for finite bandwidths which do not extend to either extreme. 
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Rayleigh Noise. When the bandwidth of the circuit or channel under 
consideration is small compared with its midband frequency, the 
noise in the band is considered as narrowband noise. If the noise has 
a Gaussian distribution, it appears to have the characteristic of a 
midband sinusoidal carrier modulated by a low-frequency signal 
whose highest frequency component is dependent on the bandwidth. 
The result is a noise which, when detected, has an envelope with a 
Rayleigh amplitude distribution. 

Subjectively, there is little distinction between noises having a 
Gaussian or Rayleigh distribution. However, the peak factor of the 
Rayleigh distribution, the value exceeded 0 .01 percent of the time, 
is 9 .64 dB ; this is more than 2 dB below that for a noise having a 
Gaussian distribution. This must sometimes be taken into account 
in circuit design or in system performance evaluation. 

lntermodulation Noise and Crossta lk  

Intermodulation, caused by nonlinear input;output characteristics 
of analog system repeaters, may result in many different types of 
interference, all of which are in some way signal-dependent. The 
process is very complex and has many variables that need not be 
fully evaluated here [ 4] . However, a brief review of the principles 
is given. 

The nonlinear characteristics may be expressed as a power series 
having an infinite number of terms. Usually, terms higher than third 
order are small enough to be ignored and the equation is written 

( 17-7 )  

Consider an input signal, ei = A cos a t  + B cos {3 t  + C cos yt. If 
this signal is substituted in Equation ( 17-7 ) and expanded by 
trigonometric substitution, many interference frequencies are found 
in the output in addition to the wanted signals. All these components 
are given in Figure 17-7 except the de term, aoei� which is usually 
of little interest ; it is filtered out, in most cases, and causes no 
interference. 

Random lntermodu lation Noise. If all the signals involved in the 
intermodulation phenomenon are speech signals, the result is an 
interference very similar to random noise. If a signal is carried 
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in a speech channel, each fundamental signal (cos at, cos {3t, etc. ) 
may be considered as a band of energy 4 kHz wide. As a result, it 
can be seen that the frequency band of the intermodulation product 
(the interference) is 8 kHz wide for the second-order products shown 
in Figure 17-7 and 12 kHz for the third-order products. Thus, more 
than one channel can be disturbed by the interferences. 

If a broadband signal has a large number of fundamentals, the 
number of disturbing products that can be produced is very large. 
For example, in a system of 10,000 channels, a disturbed channel 
may have well over one million third-order products. The probabilistic 
combination of the large number of contributors, together with the 
basic characteristics of each fundamental speech signal, generates 
an interference that is Gaussian in its amplitude distribution and 
has a flat power spectrum over the band of a disturbed channel. 

Many other detailed characteristics of speech signals must be 
evaluated in determining the effects of random intermodulation noise. 
In addition to the speech signal characteristics, system charac
teristics must also be considered. For example, in analog cable 
systems, modulation products of different types accumulate from 
repeater to repeater according to different laws which are deter
mined by the phase correlation between repeater sections. In micro
wave radio systems, the intermodulation phenomenon is as important 
as in cable systems but results from different basic causes. Inter
modulation noise in AM systems is a function of signal amplitude, 
but in FM systems it is a function of the frequency deviation. In 
AM systems, the noise results directly from the nonlinear input; 
output characteristic of amplifiers as illustrated by Equation ( 17-7 ) . 
In FM systems, it results from gain and phase deviations in the 
transmission medium. The end result, provided the number of 
channels in the system is large, is essentially the same - a nearly 
flat spectrum of noise having a Gaussian distribution (see Chapters 
12 and 16) . 

l ntermodu lation Crossta lk. The transmission of FDM signals over 
analog transmission systems produces interchannel coupling which 
may also yield intelligible crosstalk in a disturbed channel. 

The nature of the coupling mechanism may be demonstrated by 
considering a simple illustration of two signals, A. cos at and B cos {3t, 
transmitted simultaneously through a repeater whose inputjoutput 
characteristic may be represented by the truncated power series of 
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Equation ( 17-7) . The first term on the right side of Equation ( 17-7) 
is a de term. The second term yields the wanted output signal, a 

reproduction of the input signal, e/, multiplied by the gain, at. The 
third term (together with higher order terms) represents the in
herent nonlinearity of analog repeaters. In this illustration, it is the 
third and fourth terms which can produce intelligible crosstalk 
through intermodulation. 

For example, if the input signal is 

ei == A cos wd + B cos <mt , (17-8) 

the third term on the right-hand side of Equation ( 17-7 ) becomes 

Trigonometric expansion of the cosine terms in Equation ( 17-9 ) 
results in the following expression : 

ll2A 2 ll2A 2 ea == -2- + -2- cos 2 Wtt + U2AB cos (wt + W2) t 

It can be seen then that unwanted signals have been produced at 
four frequencies [2 Wt, (wt + w2) ,  (<Vt - w2) ,  and 2 ·w2] , all different 
from the input signals at Wt and w2. These unwanted signals are 
interferences to signals transmitted at the corresponding frequencies. 

If it is now assumed that the signal at radian frequency w2 is a 
single-frequency sinusoid and if the signal represented by fre
quency Wt is a speech signal, the interference may take the form 
of intelligible crosstalk, or it may be inverted in frequency and seem 
to be intelligible, or it may be more nearly like thermal noise. Its 
characteristics depend on the signal components that form the inter
modulation product, the frequency orientation of the product, and 
the number of other such interferences falling simultaneously into 
the disturbed channel. 
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Computation of interference signal amplitudes and evaluation of 

higher order terms in the power series expression, Equation (17-7 ) , 

are covered in Volume 2. Control of this mode of coupling is primarily 

a matter of system design to suppress nonlinearities or their effects 
or to avoid them by a suitable choice of frequency allocations, followed 
by proper operation and maintenance. 

Digita l Signa l Noise Impairments 

The various impairments and coupling modes discussed apply to 
digital systems and signals as well as to analog systems and signals. 
The nature of the impairments may differ somewhat, but the basic 
phenomena of interference generation and coupling are similar. 

Many interferences to the digital signal of a digital transmission 
system are essentially nullified by the process of regeneration dis
cussed briefly in Chapter 14. In this process, each pulse of the line 
signal arrives at a regenerative repeater with various impairments 
produced in one repeater section only. The function of the repeater is 
to restore the pulse to its original form and amplitude and thus elimi
nate the impairments incurred. When this is accomplished with few 
errors, system performance is good. As errors increase, system per
formance deteriorates very rapidly ; therefore, adequate margin must 
be provided to keep error rates low. 

One type of noise impairment is unique to the transmission of 
analog signals over digital systems. The noise, called quantizing 
noise, is introduced during the process of digitally encoding an analog 
signal such as a speech signal. It results from the assignment of a 
finite number of quantum steps chosen to limit the number of codes 
needed to represent the range of signal sample amplitudes that must 
be transmitted. A sample is transmitted precisely only when its value 
corresponds exactly to a quantum step value. Otherwise, the trans
mitted value may be in error within ± Vs/2, where Vs is the quantum 
step amplitude range. The noise can be reduced to an arbitrarily 
small value by reducing Vs (and thus increasing the number of code 
steps ) .  However, this increases the required bit rate (and bandwidth) 
or decreases the capacity of a fixed bit-rate system. Thus, it is eco
nomical to allow quantizing noise to be as large as tolerable. 
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When multiple terminals can be connected in tandem to establish 
a connection, each coding-decoding process encountered produces 
quantizing noise that increases with the number of tandem terminals. 
The total noise allowed must be allocated among the tandem-connected 
terminals, in effect limiting the allowable noise per terminal or, in 
another sense, limiting the number of terminals that may appear 
in a built-up connection. 

Another aspect of quantizing noise to consider in the design of 
terminal equipment is the size of quantum steps relative to the range 
of amplitudes to be encoded. If uniform steps are used, the percent 
quantizing error is greater for small signals than for large signals, 
thus degrading the relative signal-to-noise ratio for small signals. 
It is desirable to use an increasing number of quantum steps of 
decreasing size as the analog signal amplitude decreases so that the 
percent error remains relatively constant over the expected range 
of amplitudes. This may be accomplished either by using a com
plementary nonlinear encoder-decoder arrangement or by using a 
linear encoder-decoder preceded by a compressor and followed by 
a complementary expandor. Practical systems now in use employ the 
former method, which is, in effect, the application of an instantaneous 
compand or. 

Since quantizing noise is only present when a signal is 
present, it inust be measured in the presence of a signal. The 
technique used is similar to that previously described for compandored 
systems (C-notched noise measurement) in which a holding tone is 
transmitted and attenuated at the input to the noise measuring 
instrument [7, 8] . 

Several other forms of distortion arise in the terminal equipment 
as a result of coding processes. These include harmonic distortion, 
which may be caused by overload or by poor compandor tracking, 
and foldover distortion, which may occur if the high-frequency 
channel cutoff is set at too high a value [9] . 

1 7-4 NOISE AND CROSSTALK MEASUREMENTS 

In the measurement of interferences and coupling path losses, 
many factors must be considered ; these include the purpose of the 
measurement, the parameter to be measured, the units in which the 
results are to be expressed, the instrumentation, and the procedure 
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to be followed. Ultimately, measurements of impairments must be 
related meaningfully to the objectives or requirements that have been 
established. 

There are two general purposes for measuring interferences coupled 
from sources outside the channel of interest. The first purpose is to 
determine the magnitude of the interference in the disturbed circuit or 
circuits, irrespective of the source or of the coupling mechanism. This 
type of measurement might be made to evaluate power hum, common 
battery supply noise, or impulse noise. Until the magnitude of the 
problem is evaluated, the mode of coupling and means for reducing 
the interference are of secondary importance. The second purpose 
is to determine the coupling loss between a disturbing and disturbed 
circuit. This measurement establishes the fact that a suspected source 
of interference involves a particular combination of disturbing and 
disturbed circuits and determines the increase in coupling loss needed 
to cure the problem. 

Parameters and Units - Noise Measurements 

In evaluating interferences, electrical power is most commonly 
measured although voltage or current is occasionally measured. As 
discussed in Chapter 3, power measurements are usually expressed 
in decibels relative to one milliwatt (dBm) or in decibels relative to 
reference noise, weighted or unweighted ( dBrn or dBrnc) . Further, 
such expressions are often referred to 0 TLP and are expressed as 
dBmO, dBrnO, or dBrncO. Often, the measurement of a single
frequency interference, such as a power-frequency harmonic, is made 
in dBm and later translated into dBmO or dBrncO. Some wave 
analyzers designed for such measurements are calibrated directly in 
dBrn. Some interferences which cover a broad spectrum are measured 
in the voiceband in dBrnc and translated into dBrncO. The measure
ment may be made in dBm if the interference is being evaluated 
for wideband signal impairment. If the interference has impulse 
noise characteristics, the measurement must account in some way 
for interference amplitude and frequency of occurrence. The measure
ment is often expressed in counts per minute, an evaluation of the 
average number of impulses measured in excess of a threshold 
value. The threshold depends on the type of signal for which the 
interference is being evaluated and, of course, on the TLP at which 
the measurement is made. TCI Library: www.telephonecollectors.info
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Speech Crossta lk Measurements 

Because of subjective effects special consideration is given to 
crosstalk between speech circuits. The many parameters to be evalu
ated include the number of exposures to crosstalk, the volumes of 
interfering speech signals, the coupling loss for each coupling path, 
the gains and losses of each of the involved circuits (which led to 
the concept of equal level coupling loss ) , and the hearing acuity of 
the listener in the presence of noise. * Of these, only the coupling loss 
is subject to design or operating control. 

Coupl ing Loss Measurements. The measurement of crosstalk coupling 
loss, as the name implies, is a loss measurement, one usually expressed 
simply in dB. t As implied, a test signal must be applied in the 
disturbing circuit at a known frequency and amplitude and then 
measured in the disturbed circuit. It is also implicit that disturbing 
and disturbed circuits can both be uniquely identified. Unless the 
coupling is intermodulation, the frequency is the same in both ; if the 
coupling is intermodulation, the frequency may be shifted. Thus, 
measurements of the received test signal amplitude at the shifted 
frequency may be necessary, and suitable signal generation and 
detection equipment is required. Coupling loss measurements are 
often made across the spectrum of interest because the coupling loss 
is often a function of frequency. 

The concepts of NEXT, FEXT, and IXT couplings are applied 
most often to crosstalk problems arising from parallel transmission 
lines (e.g., pairs in the same cable) .. In voice-frequency circuits, 
where the predominant coupling is usually FEXT and capacitive, the 
coupling loss tends to decrease at a rate of 6 dB per octave of fre
quency. It has been found that where smooth coupling of this type 
exists, a single-frequency measurement of coupling loss may be made 
at 1 kHz ; from this measurement a good approximation to the effective 
coupling loss over the voice band may be determined by subtracting 

*The efficiencies of the telephone transmitter and receiver are implied in the 
measurements of crosstalk volume and listener acuity. 

t A unit occasionally used in crosstalk computations is the dBx; it is equal to 
90 minus the measured coupling loss. The use of this unit is sometimes con
sidered convenient because, as coupling becomes tighter (lower loss) , the number 
of dBx increases rather than decreases. Thus, as crosstalk increases ( less coupling 
loss ) , the values in dBx increase. 
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2 dB from the measured value [10] . Coupling loss of the FEXT type 
is also a function of the transmission line length. The loss decreases 
directly with the length of exposure. 

The NEXT coupling loss tends to be independent of path length 
and decreases with frequency at a rate of 4.5 dB per octave. The 
effects of multiple couplings of the same combination of circuits, of 
multiple couplings from different disturbing sources, of frogging, 
and of several other coupling types of lesser importance are covered 
elsewhere [11] . 

The crosstalk coupling between speech circuits in FDM carrier 
system terminal equipment and that resulting from intermodulation 
in analog system repeaters tends to be relatively constant across a 
speech channel and, as a result, a single-frequency measurement is 
often sufficient to determine the coupling loss. 

Crossta lk I ndex. Speech crosstalk coupling parameters and objectives 
have been condensed into generalized crosstalk index charts shown 
in Figures 17-8 through 17-14. These charts permit graphical solu
tions to crosstalk problems. The charts are plotted in terms of the 
probability of intelligible crosstalk (the crosstalk index) , several 
arbitrarily defined parameters (symbolized M, R, and B) , the number 
of disturbers, and an assumed activity factor of T == 0.25 for the 
disturbing circuits. A separate chart is used for each value of the 
number of disturbers. The parameters M, R, and B, which have no 
physical significance, are related to the mean and variance of the 
various factors entering into the crosstalk phenomenon and are 
defined by the following equations : 

where 

and 

M ==  Mv - MI 
O"I 

R == O"
v 

·0"] 

Mv == MTv - Mu - Mcz - Ml2 - Mzo , 

Mr == MrNT + MN - 6.0 

� '  2 2 
0"1 =: " O"INT + O"N , 

J 2 2 2 2 2 
a-v == 1 O"Tv + a-u + a-cz + 0"12 + a-zo • 

( 17-11 ) ' 

( 17-12) 

( 17-13 ) 

( 17-14) I 

( 17-15 ) 

( 17-16) 

( 17-17) 
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0.01 5 l-
---+---+-----lf-+----..�-#-�tf---#-�---.,__,....._.,_,_+-----f.---1 

0.01 ...._ _ __._ __ _._ __ ..__....&.........&.I'---..................... '---....&....I....&..--'-......L&�-._-----1. __ � 
-1 1 .00 -10.00 -9.00 -8.00 -7.00 -6.00 -5.00 -4.00 -3.00 -2.00 - 1 .00 

Parameter M 

Crosstalk index not a function of parameter B for 1 disturber 

Figure 1 7-8. Genera lized crosstal k  index chart, one disturber. 

In these expressions, M represents mean values, and cr represents 
the standard deviations of a number of measured parameters, some 
of which have been measured in the field and some in the laboratory. 
The subscripts refer to particular parameters as follows : 

v, the crosstalking speech volume in vu at some defined 
reference point in the disturbed circuit. 

TV, talker volume in vu at a convenient, well-defined refer
ence point in the disturbing circuit. 

ll, the loss in the disturbing circuit between the point at which 
TV is measured and the point at which the crosstalk 
coupling occurs or is assumed to occur. TCI Library: www.telephonecollectors.info
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0.015 t----t---t--_,_+--<,_.�-+--il.....___+--t+----,r-:f-l'---+---t-----1 
0.01 ___ __, __ __.____,.._..l&.._ ................ :..._....a..___,jl.-..&..'""""'---l.lo...L. -_..1.----'------' 
- 1 1 .00 - 1 0.00 -9.00 -8.00 -7.00 -6.00 -5.00 -4.00 -3.00 -2.00 - 1 .00 

Parameter M 

For each value of R, the parameter B assumes from left to right the value 0.5 and 1 .0. 

Figure 1 7-9. General ized crossta lk index chart, two disturbers. 

l2, the loss in the disturbed circuit between the point at which 
crosstalk coupling occurs, or is assumed to occur, and 
some convenient intermediate point at which the inter
ference is conveniently measured, not necessarily the final 
reference point. 

lO, the loss, in the disturbed circuit, between the point at 
which l2 is measured and the final reference point of the 
computation. 

Cl, the coupling loss between the disturbing and disturbed 
circuits. 
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)( Q) ] -"" 
o � E u 

2.000 

1 .000 

0.500 

0.200 

0.1 00 

0.050 

- 1 1 .00 - 1 0.00 -9.00 -8.00 -7.00 -6.00 -5.00 -4.00 -3.00 -2.00 - 1 .00 

Parameter M 
For each value of R, the parameter B assumes from left to right the value 0.5 and 1 .0. 

Figure 1 7- 1 0. Generalized crosstalk index chart, five disturbers. 

!NT, the listener acuity, without noise, referred to the reference 
point of the computation. 

N, the noise measured at the reference point of the compu
tation. 

Example 17-2 : Use of the Generalized Crosstalk Index Charts 

As an example of the use of these charts, consider a group 
of 101 trunks utilizing the same cable facility in which it is 
judged that far-end crosstalk may be controlling. The problem 
is to determine the mean value of FEXT coupling loss that would 
yield a crosstalk index of 1 ( 1  percent probability of intelligible 
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0.0 1 5  �----�-��--J��--++--+-----.I---1----I.,_ ........ _. __ -+---+----I 

O.ol ......._ _ __,_..__.......,....&...._.......__..__ ......... ......._..,...,__....&....__.�..__....,_ __ _,_ __ ...._ ___ 
- 1 1 .00 - 1 0.00 -9.00 -8.00 -7.00 -6.00 -5.00 -4.00 -3.00 -2.00 -1 .00 

Parameter M 

For each value of R, the parameter B assumes from left to right the value of 0.5, 
0.75, and 1 .0 .  

Figure 1 7- 1 1 .  General ized crossta lk  index chart, ten disturbers. 

crosstalk) for 100 disturbers. The following values, chosen to 
be illustrative and not necessarily representative of a real 
problem, are given : 

Parameter Mean Sigma 

Talker volume - outgoing !MTv == -16.8 vu 
switch - class 5 office 

UTV == 6.4 dB 

Loss of trunks between 
class 5 offices 

Coupling loss 

Equivalent loop loss 

v' Mz == 8.0 dB uz == 3.0 dB 

Mcz == Unknown ucz == 4.5 dB 

v Mw == 3.8 dB Uzo == 2.0 dB TCI Library: www.telephonecollectors.info
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Parameter Mean 

Noise at listener's 
station set 

20 dBrnc 

Vol .  

Sigm a  

3.0 dB 

Equivalent loop noise 

Listener acuity without 
noise 

MN == 22.0 dBrnc erN == 3.0 dB 

MINT == -89.0 vu U"INT== 2.5 dB 

The equivalent loop noise, MN, is a combination of the measured 
circuit noise and the room noise which must be added to it. The 
total may be determined by the following : 

MN == [ (Nc - 6.0 )  " +1 1  (NR - 39.5) 1 1 +1 1  6.3] + 6.0 dBrnc 

O.Q 1 5  t-----+-+-_,_--+--f--l----.l#----.i�-#--...._.-III--Nf----4----f--------l 

0.01 -----a..&.--&..1...-&....-.......... �.-__.�....-__._--�.. ...... -�...�.....���........���.."'-----I.----L-----1 
- 1 1 .00 - 1 0.00 -9.00 -8.00 -7.00 -6.00 -5.00 -4.00 -3.00 -2.00 - 1 .00 

Parameter M 

For each value af R, the parameter B assumes from left to right the value 0.5, 
0.75, and 1 .0. 

Figure 1 7- 1 2. Generalized crosstalk  index chart, 20 disturbers. 
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where N c = 20 dBrnc is the circuit noise and N R (taken here as 
50.0) is the room noise in dBt, an acoustic unit. The constants 
are empirically derived. 

The disturbing circuit activity factor is taken as 0.25. The 
parameters M, R, and B may now be computed by using 
Equations ( 17-1 1 )  through ( 17-17 ) . For this example and the 
values given above, it should be noted that Mz = Mn + Ml2 and 
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Using Equations ( 17-12) ,  ( 17-16) , and (17-17 ) , 

R = 
y (6.4) 2 + (3.0 ) 2 + ( 4.5 ) 2 + (2.0 ) 2 = 2_20 

y (2.5 ) 2 + (3.0) 2 

- 1 1 .00 - 1 0.00 -9.00 -8.00 -7.00 -6.00 -5.00 -4.00 -3.00 -2.00 - 1 .00 

Parameter M 
For each value of R, the parameter B assumes from left to right the value 0.5 
to 1 .0 in steps of 0.1 .  

Figure 1 7- 1 3. Genera lized crosstalk  index chart, 50 disturbers. 
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Parameter M 

For each value of R, the parameter B aS&umes from left to right the value 0.5 
to 1 .0 in steps of 0. 1 .  

Figure 1 7- 1 4. Generalized crosstalk index chart, 100 disturbers. 

Using Equations ( 17-13) and ( 17-17 ) , 
5 

B == y ( 6.4) 2 + (3.0) 2 + (4.5 ) 2  + ( 2.0 ) 2 == 0.580. 

For a crosstalk index of 1, 100 disturbers, and the above values 
of R and B, the value of M may be determined from Figure 17-14 
as -7.95. 

The required mean coupling loss may now be determined 
from Equations ( 17-11 ) ,  (17-14) ,  ( 17-15) ,  and ( 17-16 )  : 

Mcz == -Mz - Mzo + MTv - Mur - MmT - MN + 6.0 

== -8.0 - 3.8 + ( -16.8) - ( -7.95) (3.9 ) -
( -89.0) - 22.0 + 6.0 

� 75.4 dB. 
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Thus, if the mean value of the FEXT coupling loss equals or 
exceeds 75.4 dB, a crosstalk index of 1 or lower is realized. 

Dig ita l Measurements 

In the transmission of digital signals, whether digital data signals 
or digital carrier system line signals, the methods of measuring 
impairments other than coupling loss tend to be somewhat different 
from those .used in analog transmission. There are four commonly
used methods of evaluating digital impairments : ( 1 )  impulse noise 
measurements, (2)  error rate measurements, (3 )  studies of an eye 
diagram, and ( 4) PI AR meter measurements. 

Impulse noise measurements are made as previously described. In 
evaluating the results in terms of digital transmission, calculations 
are often made in terms of the effects on error rate. 

A direct measurement of error rate involves the transmission of 
a digital signal of known information content. The receiving equip
ment used in such an evaluation has stored within it the expected 
signal. It then compares the received signal, symbol by symbol, with 
the stored signal to provide the operator with a knowledge of the 
errors incurred during transmission. When data are collected, they 
are often plotted as illustrated in Figure 17-15. This figure, not 
representative of any real measurements, shows how the error rate 
increases as the signal-to-noise ratio is reduced. The first curve is  
ideal in that it represents the performance (measured or computed) 
in the presence of no impairment other than Gaussian random noise 
expressed as a signal-to-noise ratio. The other curves illustrate how 
performance may be degraded by two different impairments. The 
curves are usually similar in shape but displaced towards a better 
signal-to-noise ratio for the impaired conditions ; i.e., the signal-to
noise ratio must be improved in the presence of the impairment in 
order to achieve the same error rate. The amount of the displacement 
is called the noise impairment. 

The eye diagram and Pj AR meter methods of test and evaluation, 
are particularly helpful in evaluating the total effect of all signal 
impairments. It is difficult to evaluate a single impairment by these 
methods because of the difficulty of separating effects. 

A graphic illustration of an eye diagram of a ternary signal made 
up of raised cosine pulses is given in Figure 17-16. The figure shows 
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Figure 1 7- 1 5. Error rate curves for idea l and impaired transmission.  

two signalling intervals and a 
superposition of all possible undis
torted pulse shapes. The decision 
area, or eye, for each of the two 
decision amplitudes is evident.* 
The horizontal lines ( + 1, 0, and 
-1)  correspond to the ideal re
ceived amplitudes ; the vertical 
lines ( -T, 0, and +T) separated 
by the signalling intervals, corre
spond to the ideal decision times. 

The decision-making process 
that must be implemented in the 
equipment receiving a series of 
such pulses can be related to the 
crosshairs shown in each eye. The 
vertical hair represents the de-

Eye areas Decision crosshairs 

-1 �-----�E----------
-T 0 

T = signalling interval 

Figure 1 7- 1 6. Eye diagra m  for a 
ternary signal. 

*In an m-level system, there are m-l separate eyes. 
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cision time, while the horizontal hair represents the decision ampli
tude. To permit accurate detection of the signal, the eye must be 
open (i .e., a decision area must exist) and the crosshairs must be 
within the open area. The practical effect of impairments of the 
pulses is to reduce the size of the eye. A measure of the margin 
against error is the minimum distance between the crosshair and 
the edges of the eye [12] . 

Random Noise Measurements 

The most common type of measurement of random noise is that 
of measuring the noise power in a given band. Such a measurement 
must be made at a known TLP (for telephone circuits ) ,  must cover 
the band of interest, and must include appropriate weighting factors 
or characteristics if applicable. The results are expressed in units 
appropriate to the measuremeflt - dBrnc for telephone circuits and 
dBm for other types of circuits. The effect on digital transmission 
is usually expressed in terms of error performance. 

Two transmission system-related measuring techniques are of 
interest here-the measurement of noise in compandored telephone 
circuits and the measurement of analog system performance by 
noise loading. 

Noise in Compandored Circuits. Random noise that appears in tele
phone circuits equipped with syllabic compandors must sometimes be 
evaluated from two points of view, one when the circuit is used for 
speech signal transmission and the other when the circuit is used 
for digital signal transmission. In the case of speech signal trans
mission, the impairment, with or without a compandor, is greatest 
during silent periods when the noise can be heard best. When speech 
energy is present, the noise is subjectively far less interfering. Thus, 
in a compandored system, requirements for noise measured at the 
expandor input are somewhat less stringent than for an equivalent 
noncompandored system. However, at the expandor output, where 
much less noise is measured in the absence of signal, 5 dB must be 
added to the measured noise to account for the subjective effect of 
noise during quiet intervals. 

For digital data signal transmission, the noise must be evaluated 
with signal present. Compandor action in the presence of signal 
usually results in an increase in noise at the expandor output. To TCI Library: www.telephonecollectors.info
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accomplish such a measurement, a single-frequency signal, called a 
holding tone, is transmitted over the channel at about 2800 Hz* at 
an amplitude of -13 dEmO, to simulate a data signal. At the channel 
output, a band-elimination filter is used to suppress the hol9-ing tone. 
The noise, measured in dBrn or in dBrna and translated to the 
0 TLP as dBrnO or dBrncO, is called notched noise. 

Noise Loading. The performance evaluation of broadband analog 
cable and radio systems is difficult, from an analytical point of view, 
because of the large number of parameters to be dealt with and, 
from a measurement point of view, because of the lack of control 
over a true telephone system load. Activity, type of signal trans
mitted, the percent of system equipped for service, and other im
portant parameters are hard to determine or control. In such cases, 
a technique called noise loading is frequently used to evaluate 
system performance. 

A band of flat Gaussian noise, limited to the spectrum normally 
occupied by transmitted signals, is applied to the system at a point 
where the normal multiplexed signal would be applied in practice. 
The magnitude of the applied noise is adjusted to simulate the 
loading effect of a normal signal. 

In order to measure intermodulation noise, quiet channels ( carry
ing no signal ) are ordinarily used. To simulate quiet channels in a 
noise loading measurement, one or more band-elimination filters 
must be used to suppress the noise signal over small portions of the 
band at the output of the noise generator. At the system output, 
bandpass filters suppress all of the impressed noise signal. The 
passbands allow the noise that falls in the measurement bands, the 
quiet channels, to be passed on to the noise measuring equipment. 
This noise is due to intermodulation and other phenomena in the 
transmission system. 

The noise measurement arrangements are illustrated in Figure 17-17. 
The output of the noise generator is depicted as covering the band 
of interest, fo to ft. The input attenuator is used to adjust the signal 
amplitude to the desired value. The band-elimination filter suppresses 
the noise signal to create a quiet channel between /1 and /2 as 

*The exact frequency depends on the design of the filter used at the receiver. 
Consideration is being given to the future use of 1000 Hz for all measurements 
requiring holding tones and filters. TCI Library: www.telephonecollectors.info
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illustrated. The noise signal is transmitted over the system under 
test (the system must be out of service, carrying no traffic) and 
then passed through the bandpass filter at the output. The only band 
that is passed is that of the quiet channel between /1 and /2. It con
tains all of the noise components (thermal, shot, intermodulation, 
etc. ) that have been accumulated in the system. The output attenuator 
is used to adjust the gain of the measuring set-up so that the detector 
always measures noise at the same TLP, taken here as 0 TLP. 

As previously mentioned, the noise loading test arrangement results 
in a measurement of all accumulated noise. The intermodulation 
noise can be separated from the other random noise sources by vary
ing the noise signal amplitude over a range of values below the system 
overload point. The resulting curves, called V -curves, are plotted as in 
Figure 17-18 where the signal is varied over the range from about 
-8 dB to +9 dB. The reference, 0 dB, is arbitrarily defined as that 
value of signal amplitude which produces minimum noise. 

These signal amplitude adj ustments are made by adjustment of 
the input attenuator in Figure 17-17. For each such adj ustment, a 
compensating adjustment must be made in the output attenuator 
in order that the overall gain from noise generator to detector 
remain constant and the detector always measure noise at the same 
TLP. The V-curves may now be interpreted in terms of the segments 
labeled A, B, C, and D. 

Noise generator fo f t  fo / 1  /2 ft 

Signal 
simulation 

f --+  f --+  

Figure 1 7-1 7. Noise loading test arrangements. 

As the signal amplitude is reduced from its reference, 0 dB, the 
intermodulation noise is reduced and becomes insignificantly small. 
Other random noise components, such as thermal and shot noise, 
are signal independent. They appear to increase because, for each 
dB the signal is reduced, the output attenuation must be reduced, 
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and the signal independent noise appears to increase at 0 TLP. 
Thus, the A segment of the V -curves has a straight-line constant 
slope of 1 dB per dB change in signal amplitude. 

+ 1 4  

+ 1 2  

<ii' � + 1 0  � 1-
0 
0 + 8  
Q) 
w 0 +6 -£ 
Q) ·5 +4 z 

+2 

-8 -6 - 4  -2 0 +2 +4 +6 + 8 + 1 0  

Signal amplitude change (dB) 

Figure 1 7- 1 8. Noise loading V-curves. 

As the signal increases above the 0-dB reference value, its relation 
to the total noise becomes dominated by intermodulation noise. 
Consider segment B of the V-curves. This illustrates a situation in 
which intermodulation products in the system are predominately 
second-order [derived from the UJ2ei2 term of Equation ( 17-17) ] .  If 
the noise signal amplitude is increased 1 dB, the second-order noise 
increases by 2 dB. The output attenuator, however, has been ad
justed to give 1 dB more loss to compensate for the 1-dB signal 
increase. Thus, the 2-dB noise increase is reduced to a 1-dB increase 
at the measuring point, 0 TLP. Segment B, then, has a slope of 
1-dB increase in noise for each dB increase in signal amplitude. 

Segment C of the V-curves is similar to segment B except that 
for C the intermodulation noise is dominated by third-order (aaei3) 
products. In this case, the noise increases 3 dB for each dB of signal 
amplitude increase, but the effect is reduced 1 dB by the adj ustment 
of the output attenuator. The result is a 2-dB noise increase per 
1-dB signal increase. 

Finally, segment D illustrates a situation in which intermodulation 
noise is at first dominated by second-order products. The noise 
change follows curve B up to about +5 dB on the signal amplitude TCI Library: www.telephonecollectors.info
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scale. Then third-order products predominate, and segment D follows 
the 2 : 1  slope of segment C. 

The noise loading technique has three maj or uses in system test 
and evaluation. The first is simply to check performance against 
predicted or specified values. The second is to optimize signal-to-noise 
ratio by determining the drive level at which the signal-to-noise 
•ratio is a maximum. The third is to provide information as an 
adjunct to trouble identification and isolation. In the latter case, 
measured results are compared with a predicted V-curve to determine 
if there is an excess of thermal or intermodulation noise. 

The source of excessive noise can often be determined from such 
a comparison. In microwave radio systems, for example, excessive 
intermodulation noise shown by a V -curve at high frequency may 
be caused by waveguide or RF cable echoes, a defective RF amplifier 
stage, or a defective IF filter. Excessive modulation noise at low 
frequency may be caused by nonlinearity in an FM transmitter or 
receiver or in a baseband amplifier. Excessive low-frequency thermal 
noise may have as its source a defective local oscillator. 

REFERENCES 

1.  Rogers, W. E. Introduction to Electric Fields ( New York : McGraw-Hill Book 
Company, Inc., 1954 ) .  

2 .  Binn, K. J.  and P.  J. Lawrenson. Analysis and Computation of Electric and 
Magnetic Field Problems ( New York : The MacMillan Company, 1963 ) . 

3. Fennick, J. H. "Amplitude Distributions of Telephone Channel Noise and a 
Model for Impulse Noise," Bell System Tech. J., Vol. 48 ( Dec. 1969 ) ,  
pp. 3243-3263. 

4. Technical Staff of Bell Telephone Laboratories. Transmission Systems for 
Communications, Fourth Edition ( Winston-Salem, N.C. : Western Electric 
Company, Inc., 1970 ) , Chapters 7, 8, and 10. 

5.  Johnson, J.  B. "Thermal Agitation of Electricity in Conductors," Physical 
Review, Vol. 3 2  ( 1928) , pp. 97-109. 

6. Nyquist, H.  "Thermal Agitation of Electric Charge in Conductors," Physical 
Review, Vol. 32 ( 1928 ) , pp. 110-113. 

7. Technical Staff of Bell Telephone Laboratories. Transmission Systems for 

Communications, Fourth Edition ( Winston-Salem, N.C. : Western Electric 
Company, Inc., 1970 ) ,  pp. 166-168 and Chapter 25. 

8. Bell System Technical Reference PUB41008, Analog Parameters Affecting 
Voiceband Data Transmission - Description of Parameters ( American Tele
phone and Telegraph Company, Oct. 1971 ) ,  p. 24. TCI Library: www.telephonecollectors.info



454 Impairments and Their Measurement Vol .  1 

9. Bell System Technical Reference PUB41005, Data Communications Using 
the Switched Telecommunications Network ( American Telephone and Tele
graph Company, May 1971 ) ,  pp. 10-11. 

10. Sen, T. K. "Masking of Crosstalk by Speech and Noise," Bell System Tech. 
J., Vol. 49 ( Apr. 1970 ) , pp. 561-584. 

11. Technical Staff of Bell Telephone Laboratories. Transmission Systems for 
Communications, Fourt11 Edition ( Winston-Salem, N.C . : Western Electric 
Company, Inc., 1970 ) , Chapter 11.  

12. Technical Staff of Bell Telephone Laboratories. Transmission Systems for 
Communications, Fourth Edition ( Winston-Salem, N.C . : Western Electric 
Company, Inc., 1970 ) ,  pp. 630-635. 

13. Bell System Technical Reference PUB41004, Transmission Specifications for 
Voice Grade Private Line Data Channels ( American Telephone and Telegraph 
Company, Mar. 1969 ) .  

14. Bell System Technical Reference PUB41009, Transmission Parameters 
Affecting Voiceband Data Transmission - Measuring Techniques ( American 
Telephone and Telegraph Company, Jan. 1972 ) . 

TCI Library: www.telephonecollectors.info



Impairments and Their Measurement 

Chapter 1 8  

Ampl itude/Frequency Response 

In the transmission of telecommunication signals, the fidelity of 
signal reception is strongly influenced by the frequency response 
characteristic of the channel involved. The amplitude/frequency re
sponse is the variation with frequency of the gain, loss, amplification, 
or attenuation of a channel or transducer. If a channel is linear and 
time invariant, its frequency response may be expressed as a ratio of 
output signal to input signal. This ratio, involving amplitude and 
phase relations, reflects the gain (or loss ) of the channel and the phase 
shift through the channel. The desired relationships may be specified 
by a function that is flat with frequency or shaped in accordance with 
some specific rule. Whether it be a low-pass, bandpass, or high-pass 
function, the concern here is with departures from the function 
specified and from the definitions of linearity and time invariance. 

The effects of bandwidth limitations, gain ( or loss) , gain variations 
with time, and attenuation/frequency distortion are all related to 
transmission impairments that may affect speech signals, voiceband 
or wideband data signals, and video signals. In some cases, unique 
methods are used to measure these impairments. The impairments are 
often related to transmission system design problems in significant 
ways. 

1 8- 1  TEL EPHONE CHANNELS - SPEECH SIGNAL TRANSMISSION 
In normal operation, a connection between two telephones may in

volve as little as two loops, one switching system, and the two station 
sets. On the other hand, the connection may be substantially more 
complex. It may contain several trunks between central offices and 
may be routed through a number of additional switching machines. 
It may be entirely at voice frequency, or it may involve a number of 
links utilizing analog or digital carrier systems. The two telephone 
speakers may be only a few feet apart or may be halfway around the 
world from one another. Such diversity in the makeup of connections 
makes it important to define and control the frequency response 
characteristic of each possible part of the connection and makes it 

455 

TCI Library: www.telephonecollectors.info



456 Impairments a nd Thei r  Measurement Vol. 1 

difficult to define and control the overall response characteristic of 
telephone connections. 

Channel Bandwidth 

The development of frequency division multiplex (FDM ) equip
ment during the 1930s made necessary the determination of the 
bandwidth to be assigned for the spacing of telephone channels in 
the spectrum. The problems of designing filters and channel com
bining and separating networks for the FDM equipment made it 
necessary also to determine what useful band was to be provided 
within the assigned channel band, i.e., the roll-off characteristics 
that could be tolerated. 

The bandwidth of a telephone channel (established by subjective 
testing) is conveniently described in terms of the 4-kHz spacing of 
channels in the standard FDM equipment used in the United States 
(3 kHz in some submarine cable transmission systems) .  This descrip
tion, however, is inadequate because it does not account for any of 
the effects which produce an effective bandwidth of less than 4 kHz, 
nor does it give the criterion used to define band edges. The band
narrowing effects include the loss characteristics of transmission 
media ( loaded or nonloaded cable pairs on loops and trunks) and the 
frequency response of the filters used in terminal equipment, battery 
supply repeat coils, telephone station sets, etc. In addition, the 
tandem connection of multiple links may introduce a cumulative 
reduction of effective bandwidth. 

The useful band of a telephone channel is defined as that between 
the 10-dB points on the loss/frequency characteristic of the channel, 
i.e., the points at which the loss is 10 dB greater than that at 1000 Hz, 
usually taken as the reference frequency. Without considering local 
loops, the bandwidth varies on switched telecommunications network 
connections from somewhat more than 3000 Hz to about 2300 Hz [1] . 
This reduction in bandwidth results primarily from technical and 
economic design compromises made in channel terminal equipment, 
particularly in the design of some short-haul carrier system ter
minals such as those used in N -type carrier systems. The reduced 
bandwidth, however, has generally given satisfactory speech signal 
transmission. 

Intertoll trunks in the switched network of the Bell System may 
be regarded as having bandwidths extending from about 200 Hz to 
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about 3600 Hz. Figure 18-1 shows a typical characteristic for a channel 
in the FDM hierarchy. Loops and toll connecting and direct trunks are 
frequently carried on loaded cable facilities ; their useful bands ex
tend from 0 Hz to nearly 3500 Hz. Where repeat coils are used, the 
low-frequency cutoff is at about 200 Hz. 
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Figure 1 8- 1 .  Typical channel loss/frequency characteristics of FDM equipment 
(tol l qual ity). 

Insofar as switched network circuits are concerned, the upper and 
lower cutoff frequencies (and therefore the bandwidth) are matters 
of transmission system design. For most systems, little can be done 
in system operations and maintenance that affects these parameters. 

Circuit Loss and loss Variations 

The losses in individual loops, trunks, and other transmission 
paths, such as those through switching machines, must be held to 
some maximum limit for two reasons. First, if the loss in a circuit 
or built-up connection is high, the received signal is low in volume 
and the listener either loses some of the transmitted information or 
is annoyed because he can not easily understand [2] . Second, if 
trunk losses are high, the contrast in received speech volume from 
call to call may be objectionable due to the many combinations of 
trunks that may be used. Consider, for example, successive calls to 
the same destination. On the first call the connection might be made 
over one intertoll trunk. On the second call, there might be several 
intertoll trunks in the connection because of alternate routing. If 
trunk losses were high, the resulting difference in volume between the 
two calls would be objectionable. TCI Library: www.telephonecollectors.info
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Ideally, all trunks should be operated at zero loss. This would 
permit the tandem connection of any number of trunks in a built-up 
connection, thus simplifying somewhat the problems of contrast, 
low volume, and noise. However, this mode of operation is impractical. 
Due to changes in terminating impedances, many circuits would 
become unstable (sing) or would be on the verge of singing and 
thus produce an unpleasant hollow effect in the received signal . 
Furthermore, echoes resulting from impedance mismatches would 
impair transmission. Thus, present circuit design is based on 
minimizing losses within the constraints of stability and echo con
trol, a design concept called the via net loss design. Basically, the 
amount of loss in the toll portion of the network was determined by 
talker echo considerations. The allocation of loss to toll connecting 
trunks and intertoll trunks is based on the economics of supplying 
gain, the need for stability margins, and the transmission variations 
for alternate routing of calls ( contrast) . 

The same reasons for controlling circuit loss apply to minimizing 
circuit loss variations. The control of cumulative losses to prevent 
low received volume, the prevention of excessive contrast between 
calls, and the need for controlling circuit stability and echo per
formance make it mandatory that loss variations with time be held 
to a minimum. 

Amplitude/Frequency Distortion 

The transmission of speech signals is not seriously impaired by 
the type of inband amplitudejfrequency distortion normally en
countered in the switched network. The characteristics of loaded 
and nonloaded cable pairs tend to be smooth across the voiceband 
and, in general, not steeply sloped. There is, of course, a sharp 
roll-off at the high-frequency edge of the voiceband on loaded circuits. 
The characteristics of filters used in terminal equipment are also 
relatively smooth and introduce, except at the band edges, a 
gradually increasing loss as the frequency increases or decreases 
from the 1000-Hz reference frequency where transmission loss tends 
to be a minimum. Thus, the characteristics of inband distortion are 
usually expressed in dB of slope at 400 Hz and 2800 Hz, frequencies 
that are near the edges of the useful band. The slope is defined �s 
the dB difference in loss at each of those frequencies relative to the 
1000-Hz loss. 
� 

Except in the occasional instance of defective apparatus, the slope 
in a telephone channel is usually not a matter of field operating or 
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maintenance control. The channel characteristics are established 
primarily by design, although some control may be applied by special 
equalization techniques. 

Measurements 

Frequency response measurements are usually made by single
frequency measuring techniques involving a variable frequency 
oscillator and an adjustable detector. By this method several measure
ments at different frequencies must be made to establish the cutoff 
frequencies ( 10-dB points) and the slope at 400 and 2800 Hz. 

Simplified evaluations of gain or loss and gain or loss variations 
with time are usually made at 1000 Hz. Individual loops and trunks 
are routinely measured at this frequency. 

1 8-2 TELEPHONE CHANNELS - DATA TRANSMISSION 

The specification and control of the frequency response charac
teristic of telephone channels is more critical for voiceband digital 
data signal transmission than for speech signal transmission because 
data signals are, in general, less tolerant of distortion in the frequency 
reponse than are speech signals. Such distortion may be described as 
a departure from the ideal amplitude/frequency response of a channel 
used for digital signals. The ideal response may be defined as that 
which, when combined with shaping or processing in the terminals, 
produces the minimum intersymbol interference in the received signal 
for the signal format employed as discussed in Chapter 14. 

Where terminal equipment is designed to process data signals for 
transmission over the switched network, the processing (coding, rate 
of transmission, signal shaping, etc.) must result in signal charac
teristics that are compatible with the switched network channels. 
Where channels are dedicated to the transmission of data signals 
(private-line channels ) ,  the terminal equipment is usually designed 
so that the signal processing is coordinated and made compatible 
with the dedicated channel characteristics. Conditioning, the treat
ment of such channels to improve their amplitudejfrequency response 
characteristics, involves the provision of fixed or adj ustable .equalizing 
networks. 

The nature of amplitudejfrequency distortion and the related 
effects of phase/frequency distortion often result in a need for more TCI Library: www.telephonecollectors.info
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precise equalization than that provided by conditioning. Additional 
equalization may also be required because distortions vary with time, 
different types of facilities, and the different distances involved in 
successive connections. This additional equalization, provided by 
dynamic and adaptive equalizers, is usually designed in the form of 
tapped delay lines. Each tap is provided with an electronically con
trolled attenuator which automatically adjusts the delay line to ap
proximate the inverse characteristic of the channel . The adaptive 
control is usually based on samples of transmitted pulses and an 
algorithm that uses statistical estimates of the sampled pulse response 
as control information [3] . This signal-dependent method of control 
combines amplitude/frequency and phasejfrequency distortion cor
rection and, in addition, can provide automatic gain control to com
pensate for changes in the overall gain of the channel . 

Channel amplitude/frequency distortion, like most other digital 
signal impairments, causes an increase in the error rate. The effects 
are often expressed in terms of noise impairment, i .e., the dB im
provement in the signal-to-noise ratio required to achieve the same 
error rate in a distorted channel as that achievable in the same 
channel when undistorted ( see Figure 17-15 ) .  

Available Bandwidth 

As previously discussed, the bandwidth of intertoll trunks is 
about 3000 Hz (between 10-dB loss points) ; when toll connecting 
trunks and loops are included in an overall connection, the band
width is somewhat less. Within the band, the frequency response at 
high and low frequencies tends to roll off with increasing loss relative 
to the loss at 1000 Hz. Two questions now become apparent. How 
can the available band, with its roll-off characteristics, be most 
efficiently exploited ? What is the sensitivity of the error rate to de
partures from the assumed channel characteristics ? The answers 
depend on the chosen signal format and on the nature and magnitude 
of other forms of impairment. 

Wherever possible, the available band is fully exploited by com
bining the known channel characteristic with the desired end-to-end 
transmission characteristic. For example, if the desired transmission 
characteristic is a raised cosine shape, the average expected channel 
characteristic is subtracted from the desired shape, and the difference 
is then supplied in the modem or data set so that the end-to-end 
characteristic matches the desired cosine shape as nearly as possible. TCI Library: www.telephonecollectors.info
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Where the channel is dedicated to a particular service, this match 
can often be made quite good. If transmission is over a switched 
network, the expected channel characteristics are quite variable, and 
compromise is necessary. Hence, the rate of transmission is some
times significantly higher over a dedicated channel than on a switched 
channel. 

If the data rate is too high relative to the bandwidth of the channel, 
serious signal distortion occurs because high-frequency components 
are attenuated. A simple example of this type of distortion may be 
seen in Figure 6-3. 

Loss and Loss Changes 

The transmission loss between transmitting and receiving data 
stations may be controlled quite closely on dedicated channels, but 
may be quite variable on switched channels. This parameter is usually 
expressed in terms of the dB loss at 1000 Hz. On dedicated channels, 
the nominal loss is 16 dB ± 1  dB. On switched channels, no such 
close control of the loss can be specified because the loss depends 
on the length of the connection, on the number of links in the con
nection, and on the loss of the loops at the two ends [ 4] . Thus, the 
design of receiving terminal equipment must take into account the 
variation of loss and the resulting variation of the received signal 
amplitude. Automatic gain controls are usually employed in the 
receiver to alleviate the problem of loss variation. 

Loss (or gain) changes occur in telecommunication circuits for a 
number of reasons. Slow changes generally tend to be small and 
occur over a broad frequency range. They are generally caused by 
temperature changes or by the aging of active devices. Where carrier 
facilities are involved, these changes are usually compensated for 
by some form of automatic regulation. Such changes cause little 
impairment in the transmission of data signals. On the other hand, 
sudden gain changes occur sporadically as a result of faulty trans
mission components, substitution of broadband carrier facilities 
( protection switching) ,  maintenance activities, or natural phenomena 
such as microwave radio fading. Even dropouts, i.e., momentary loss 
of signal, may occur. All such phenomena may cause signal impair
ment in the form of digital errors or severe analog signal anomalies. 

lnband Distortion 

There are relatively few circuit elements that cause significant 
inband distortion of the frequency response characteristics in a tele-

TCI Library: www.telephonecollectors.info



462 Impairments and Their Measurement Vol. 1 

phone speech channel except for the roll-off. Slope distortion can be 
dealt with by providing adequate noise impairment margin (to permit 
satisfactory transmission over a switched network) , by incorporating 
the channel characteristics in the overall amplitude/frequency re
sponse ( in dedicated channels) , or by conditioning ( equalizing) some 
portion of the connection to satisfy requirements. 

Two sources of distortion often occur in voice-frequency facilities 
as a result of trouble or oversight. Figure 18-2 illustrates the first 
of these, the deterioration of the insertion loss due to the presence 
of a bridged tap in a repeatered VF circuit. Cable layouts are often 
made with bridged connections at splice points to increase flexibility 
in circuit assignments. The bridged connection acts as a stub trans
mission line to produce an impedance irregularity. The second type 
of distortion, illustrated in Figure 18-3, occurs when a line is im
properly loaded. This also produces serious amplitude/frequency 
distortion due to the impedance discontinuity. 

Measurements 

A number of techniques are available for the evaluation of the 
performance of voiceband circuits for data signal transmission. These 
include the display of an eye diagram (Chapter 17) , the measure
ment of errors in the transmission of a known message, and the use 
of the P jAR meter. The latter device measures the ratio of the pulse 
envelope peak to the envelope full-wave average for a closely con-
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trolled pulse stream transmitted over the channel under test. Dis
tortions in the channel tend to disperse the energy in each pulse and 
to reduce the peak-to-average ratio [5] . All three techniques give 
an overall evaluation but do not provide a means for determining 
the specific cause of degradation. Thus, when such measurements 
indicate unsatisfactory performance, it is often necessary to resort to 
single-frequency measurements to determine the amplitude/frequency 
distortion in the band. These measurements may then be evaluated 
in terms of the equivalent noise impairment introduced by the 
frequency response characteristic. 

1 8-3 WIDEBAND DIGITAl CHANNElS 

The amplitude/frequency characteristics of wideband channels tend 
to have ripple components of higher amplitude than are typical of 
voiceband channels. Like voiceband channels, wideband channels dis
play increasing loss toward band edges. However, wideband channels 
generally have less slope across the band. Fi_gure 18-4 illustrates a 
typical wideband loss/frequency characteristic showing the cumula
tive ripple and nonuniform loss of about 1000 miles of an analog 
cable carrier system. The roll-offs at band edges do not appear in 
this figure because it does not include the effects of bandlimiting 
filters. 

Nonuniform losses distort the digital signal spectrum and, hence, 
the desired waveform, resulting in a tendency toward increased errors. 
As with the voiceband channel, the nonuniform amplitude/frequency 
characteristic of the wideband channel is often corrected by fixed or 
adjustable networks designed to equalize the amplitude/frequency TCI Library: www.telephonecollectors.info
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Figure 1 8-4. Typical amplitude/frequency characteristic of a n  equalized analog 
cable system (approximately 1 000 miles long}. 

response. It is also sometimes necessary to provide adaptive equalizers 
for wideband digital transmission similar in concept to those used 
in voiceband transmission [6] . 

Available Bandwidths 

Terminal and transmission system equipment have been designed 
and wideband digital data services have been provided in a number 
of wideband channels. Standard tariff services correspond to building 
blocks in the FDM hierarchy. The building blocks used include the 
48-kHz group band and the 240-kHz supergroup band. In addition, 
a half-group 24-kHz band is provided. In each case, the signal format 
is tailored in the terminal equipment (data stations andjor carrier 
system modems) to utilize the available bandwidth most efficiently, 
i.e., to provide the highest rate of transmission ( bits per second 
per hertz of bandwidth) per unit of cost. Special facilities have also 
been provided from time to time to meet specific needs and to solve 
particular transmission problems. 

Multilevel digital signals are transmitted on microwave radio 
systems at 1.5 megabits per second in a baseband extending from 
zero frequency to about 500 kHz [6] . Three-level signals are trans
mitted over wire pair cable facilities at 1.5 megabits per second 
and 6.3 megabits per second in the Tl and T2 carrier systems, 
respectively. In each case, the signal format has been designed to 
coordinate with the available bandwidth. The line signals may be 
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composed of a variety of digital message signals combined by TDM 
techniques. 

Measurements 

In the wideband systems and channels under discussion, point-by
point single-frequency measurements are often impractical because 
of their time-consuming nature. The evaluation of frequency response 
characteristics is therefore often made by the examination of an eye 
diagram or by an error rate measurement. The direct evaluation of 
the frequency response characteristic may be accomplished by sweep
ing the band with a sweep-frequency oscillator and then displaying 
the characteristic on an oscilloscope. A plot of the characteristic may 
be used to estimate the equivalent noise impairment caused by the 
distortion or .it may be evaluated in terms of limits established for 
various portions of the band. These limits are defined so that, when 
not exceeded, the error rate objectives are met, provided other im
pairments are also held within limits. The terms commonly used to 
describe qualitatively the principal types of distortion are slope, sag, 
and peak. Slope describes the loss at the high end of the passband 
relative to that at the low end ; sag describes the midfrequency bulge 
in the characteristic ;  peak describes the ripple components in the 
passband. 

1 8-4 VIDEO CHANNELS 

While wideband digital signal transmission has generally been 
adapted to available channel bandwidths, video signal transmission 
requirements have largely dictated the channel characteristics that 
must be provided* for television signal transmission and for 
PICTUREPHONE signal transmission. The significant impairments 
are those associated with bandwidth, cutoff characteristics, loss and 
loss changes, differential gain, and inband amplitude distortion. 

Bandwidth 

As discussed in Chapter 15, the bandwidth required for video 
signal transmission is determined by the horizontal and vertical 
resolution to be provided in the received signal. These bandwidths 

*An exception, of course, is telephotograph transmission, where the signal 
format has been tailored to the 4-kHz voice-channel spacing. 
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have been established at about 4.2 MHz for television signal trans
mission and about 1 MHz for PICTUREPHONE signal transmission. 

For a picture generated with a specified number of scanning lines 
in a frame, the first noticeable impairment caused by a reduction in 
bandwidth is a loss of horizontal resolution, resulting in increasing 
difficulty in distinguishing between adjacent picture elements along 
a horizontal line. In addition to loss of horizontal resolution, color 
information is also lost as the bandwidth is reduced (recall that the 
color information is conveyed in television transmission by a carrier 
signal at about 3.58 MHz) . 

Cutoff Characteristics 

Another aspect of amplitude/frequency response is the nature of 
the video channel cutoff characteristics. At the low end of the band, 
it is necessary to provide good transmission essentially to zero 
frequency. Since frequencies near zero cannot generally be trans
mitted over analog facilities, the information in these components 
must be restored at the receiver. At the high end of the band, an 
essentially fiat amplitudejfrequency response must be provided to 
at least the color carrier frequency, 3.58 MHz. The channel loss above 
that frequency must be increased gradually because, if the band 
is cut off too sharply, a phenomenon called ringing may occur. A 
signal containing sharp transitions, when applied to such a channel, 
generates damped oscillations at approximately the cutoff frequency. 

Loss and Loss Changes 

Video signals are generally not impaired by the overall loss or 
gain of a transmission system. The absolute value of gain or loss 
is set by the constraints of intermodulation, overload, crosstalk, and 
signal-to-noise ratio in the transmission system. 

Television and PICTUREPHONE signals are impaired only slightly 
by gain or loss changes, provided these changes do not occur at a 
regular, low-frequency rate. When this does occur, the result is a 
flicker effect, a serious impairment of which viewers are quite 
intolerant. Telephotograph signals, on the other hand, are easily 
impaired by any loss or gain change. A gain change as small as 
0.25 dB during picture transmission can be seen as a change of 
brightness in the received picture. Gain control circuits are often 
used to suppress such gain changes. 
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Differentia l  Gain 

Video circuits generally require amplifiers. These amplifiers 
have nonlinear inputjoutput characteristics that produce a signal
dependent form of amplitude distortion called differential gain, an 
impairment to which color television signals are particularly suscep
tible. Differential gain is the difference between unity and the ratio 
of the output amplitudes of a low-amplitude, high-frequency signal 
( simulating the color carrier) in the presence of a high-amplitude, 
low-frequency signal (simulating the luminance signal ) at two 
different specified amplitudes of the low-frequency signal. The dif
ferential gain as defined may be expressed in percent by multiplying 
by 100, or in dB by taking 20 log the ratio of the two high-frequency 
signal amplitudes. 

The effect of excessive differential gain on a color television trans
mission system is to cause undesirable variations in the saturation 
of the reproduced colors. The variations are a function of luminance 
signal amplitude. 

lnband Distortion 

Departures from flat inband amplitudejfrequency response cause 
a number of video signal impairments, two of which are called 
streaking and smearing. Both may be caused by transmission dis
tortions in the frequency regions between about 60 and 1000 Hz and 
between 15 and 200 kHz. Both streaking and smearing cause objects in 
a picture to appear extended beyond their normal boundaries towards 
the right side of the received picture. With streaking, object exten
sion appears undiminished ; with smearing, the extension, which 
may be positive or negative in brightness relative to the object, 
diminishes substantially towards the right edge. The smearing 
impairment also tends to be more blurred than a streak. 

If a channel has excess gain at high frequencies, sharp signal 
transitions may experience overshoot. The result is a black (or dark) 
outline to the right of a white object and a white (or light) outline 
to the right of a dark object. 

Departures from flat response can, of course, be analyzed by 
Fourier techniques, and the loss characteristics may be expressed 
in terms of their Fourier components. If the departure from flatness 
is a simple sinusoid (gain or loss in dB versus frequency) ,  the im
pairment can be shown to be a pair of echoes ( low-amplitude dupli-TCI Library: www.telephonecollectors.info
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cates of the signal displaced in time from the main signal ) of the 
same polarity, one leading and one lagging the signal. Each of the 
Fourier components of the response characteristic produces such a 
pair of echoes. 

The frequency band covered by one cycle of a Fourier component 
of a gain/frequency or loss;frequency characteristic may be de
fined as ll.f. The relationship between ll.f, the ripple frequency of 
the sinusoidal amplitude distortion, and T, the time displacement 
of the echo, is T == ljll.f. Such distortions are often described in 
terms of coarse-structure and fine-structure deviations in the fre
quency domain. These terms have been arbitrarily defined relative to 
555 kHz. If ll.f is less than 555 kHz, the distortion is called fine
grained ; if b..f is more than 555 kHz, the distortion is called coarse
grained. A coarse-grained ripple with b..f == 2 MHz produces a pair 
of echoes displaced 0.5 microsecond from the originating signal 
element, about 0.13 inch on a 17-inch wide television screen. A 
fine-grained ripple in which b..f == 200 kHz produces a pair of echoes 
displaced 5 microseconds, or about 1.3 inches from the signal. 

The subjective effects of echoes due to distortion in the frequency 
response characteristic are dependent on the amount of time displace
ment of the echo and on the magnitude and shape of the distortion. 
The effects are also related to the presence of other echoes due to 
loss/frequency or phase/frequency distortion. These combined effects 
are given an echo rating, a method of assigning a single-number 
evaluation of a complex echo impairment [7] . 

Measurements 

Discussion of amplitudejfrequency response measurem.ents in 
relation to video signal transmission must be related individually 
to each of the three types of signals in use, telephotograph, 
PICTUREPHONE, and television. 

Telephotogroph Impairments. Telephotograph signals are transmitted 
in the voiceband. Because of their susceptibility to many of the im
pairments found on switched network voice channels, most tele
photograph service is provided over dedicated facilities. Frequency 
response characteristic measurements are usually made on a point-by
point single-frequency basis. Overall circuit quality .is j udged by the 
transmission of special test pattern signals which can be viewed on 
an oscilloscope or printed as a picture for study. 
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PICTU REPHO N E  Impairments. This service has not yet developed to an 

extent requiring standard test procedures. The amplitude/frequency 

response of PICTUREPHONE channels is evaluated by sweep or 
point-by-point single-frequency techniques and by the transmission 

of special test patterns [8, 9] . 

Television Impairments. Point-by-point single-frequency measurements 
to determine the characteristics of a television channel are time
consuming, and therefore impractical, because of the wide channel 
bandwidth. While sweep techniques are sometimes used, special test 
signals are most commonly employed to evaluate a video channel. One 
such test signal is the test pattern shown in Figure 18-5. 

Figure 1 8-5. Typical television test pattern. 

This test pattern may be used for many purposes including the 
lineup and adjustment of television receiving sets. It may also be 
used for gross evaluation of a channel and may be examined for a 
number of the amplitude/frequency response impairments previously 
discussed. For example, loss of horizontal resolution due to insufficient 
bandwidth would be evidenced by an inability to resolve the vertical 
lines in the striped wedges of the pattern. Ringing, smearing, 
streaking, and overshoot would all be easily seen by examination of 
such a pattern. 

TCI Library: www.telephonecollectors.info



470 Impairments and Their Measurement Vol. 1 

More objective measurements are made possible by the transmis
sion of a variety of other test signals that are, in some cases, 
transmitted on an in-service basis with the video signal. In-service 
signals, sometimes called vertical interval test signals (VITS) , are 
usually transmitted during the vertical blanking interval, and so 
they are not seen on the receiver. The waveform is displayed on an 
oscilloscope for examination and interpretation. Following are brief 
descriptions of some of the test signals used : 

( 1 )  The multiburst is a frequency domain signal transmitted 
in-service. It is formed of brief impulses of 0.5, 2.0, 3.0, 3.6, 
and 4.2 MHz waves transmitted at equal amplitudes. Their 
relative amplitudes at the receiving point, measured on an 
oscilloscope, provide an evaluation of the channel amplitude/ 
frequency response. 

(2)  The stairstep is also a frequency domain signal transmitted 
in-service. It is a signal of increasing amplitude formed of 
equal-increment steps. It is used to evaluate differential gain, 
excessive amounts of which cause departures from equality 
in the amplitude step sizes. 

(3)  Time domain signals, including several types of pulse and 
amplitude step signals, are also used to evaluate various im
pairments such as unwanted luminance variations in large
detail sections of a picture, smearing, streaking, ringing, and 
overshoot. 

The duration, rise time, and transition shapes of the time domain 
test signals are often defined in terms of a sin2 pulse shape. Pulse 
durations are defined in terms of the time between half-amplitude 
points, and the time of transition is defined as the Nyquist interval 
[10, 11,  12] . Recent work on video channel testing has favored the 
use of time domain signals because they appear to oive a more direct 
measure of circuit quality. Frequency domain signals, such as the 
multiburst signal, are no longer in common use. 

1 8-5 TRANSMISSION SYSTEMS 

Since a channel may be comprised of a number of different com
binations of baseband and carrier facilities, its amplitude/frequency 
response is to a degree dependent on that of the carrier system of 
which it may be a part. Some qualitative relationships may be used 
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to show how channel characteristics may be affected by carrier system 
characteristics. 

All of the channel frequency response characteristics previously 
discussed may be influenced in some way by the type of facility used. 
Included are bandwidth, cutoff characteristics, inband distortion, and 
loss variations with time. 

Bandwidth 

Where a transmission medium or facility is dedicated to providing 
a single channel, the frequency responses of the facility and the 
channel coincide. However, where a facility or transmission medium 
is shared by many channels which have been multiplexed by FDM 
or TDM techniques, the relationship between the amplitude/frequency 
responses of the medium and the channel is not so clear-cut. In the 
latter case, the bandwidth limitations on the channels are most likely 
to be set by the filters in the multiplexing equipment. 

A system characteristic may reduce the bandwidth of a channel 
where the channel is located near the edge of the band of the trans
mission system or near the edge of any band of the FDM hierarchy. 
At and near band edges, transmission response is most difficult to 
control, and an undesired roll-off that reduces the effective channel 
bandwidth is likely to be observed. The problem is primarily one of 
design ; cutoff characteristics are minimally affected by operations 
and maintenance. 

lnband Distortion 

The frequency response of a channel may or may not be impaired 
by the inband response of the transmission system. The departures 
from an ideal flat response in a broadband coaxial or microwave 
radio system tend to be broadband in nature. The inband distortion 
of a 4-kHz telephone channel is hardly affected by the system char
acteristic. For example, the maximum peak-to-peak deviation in 
Figure 18-4 is about 5 dB. This deviation occurs over a band of 
about 1 MHz, producing a slope of only 0.02 dB across a 4-kHz band. 
A broadband channel, on the other hand, may well be affected by 
inband system amplitudejfrequency response distortion of the type 
shown in Figure 18-4. 
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Loss-Time Variations 

System and channel losses may vary due to temperature changes 
or due to operations or maintenance activities. Wherever possible, 
such loss changes are compensated by automatic gain control circuits 
called regulators. In some systems, these circuits operate in response 
to changes in the amplitude of a single-frequency signal, called a 
pilot, transmitted in the passband of the system or channel at a 
very precise frequency and amplitude. The regulator measures the 
received pilot amplitude, compares it to a reference, and then corrects 
the transmission according to the measured error by changing the 
loss of a network in the transmission path. The loss may be flat 
across the band of interest, or it may be shaped to compensate for 
a shaped loss variation. Pilot-controlled regulators are used in FDM 
equipment as well as in analog transmiss'ion systems. 

Some systems, notably of the N-carrier type, regulate on the 
basis of total signal power rather than on a pilot. The system design 
is based on maintaining at the transmitting terminal a constant 
amount of signal power which is applied to the transmission line. 
The signal power is used for regulation in a manner similar to that 
described above for a pilot-controlled regulator. 
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Impairments and Their Measurement 

Chapter 1 9  

Timing and Synchronization Errors 

Baseband signals, defined here as signals not coded or processed 
by time or frequency functions, are usually transmitted without 
serious time or frequency impairment since the characteristics of 
most media and baseband apparatus tend to be stable and change 
very little with respect to frequency and timing relationships. How
ever, where signal processing involves time-domain coding or fre
quency translation, impairments may result from lack of synchroni
zation between the transmitter and the receiver or from deterioration 
of the timing signal itself. Some impairments to transmitted digital 
signals resulting from amplitude/frequency or phase/frequency dis
tortions or impedance irregularities may lead to difficulties in timing 
signal recovery at regenerators or receivers. 

Synchronization errors may be caused by incidental periodic, 
random, or discrete displacement of the carrier, resulting in un
wanted amplitude, phase, or frequency modulation of the information
carrying signal. The discrete form of incidental modulation produces 
frequency offset (or shifting) of signal components in the received 
signal. Other forms of incidental modulation cause carrier signal 
impairments such as gain and phase hits, j itter, and dropouts. 

In order to limit the impairments caused by synchronization prob
lems, a national network distributes timing signals which synchronize 
analog systems and terminal equipment. This network, currently being 
modified, will also be used to synchronize digital systems. 

1 9- 1  FREQUENCY OFFSET 

In most analog transmission systems employing suppressed-carrier 
FDM equipment, the output signal components may be offset in 
frequency from their proper values as a result of frequency differ
ences between carriers in the transmitting and receiving terminals. 
The demodulation process must be controlled by carrier supplies at 
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the receiving terminal, which must be synchronized with those at the 
transmitting terminal by some external means. Perfect sychroniza
tion can not be achieved and, to the extent it is not, frequency offset 
results. 

In many short-haul FDM systems (such as N-type carrier) ,  the 
carrier is transmitted with the signal, and its frequency and phase 
can be recovered with great accuracy to control the demodulation 
process. This practice is followed in designing for the transmission 
of many wideband digital line signals and video signals. 

Consider first the offset phenomenon as it is produced in an AM 
analog transmission system. Assume ein == cos at + cos {3t is the 
input signal which, at the transmitter, modulates a carrier, cos yt. 
Assume double-sideband suppressed-carrier transmission, where the 
signal components at the output of an ideal product modulator are 

emod == (cos at+cos {3t) cos yt 

1 1 1 
== 2 cos (y+a) t + 2 cos (y+f3) t + 2 cos (y-a) t 

1 
+ 2 cos (y-{3 ) t . 

Assume the lower sideband components are suppressed by filtering. 
Then, the single-sideband signal to be transmitted may be written 

1 1 essn == 2 cos ( y+a) t + 2 cos ( 'Y+/3) t . ( 19-1 ) 

If the demodulating carrier at the receiver is of the proper radian 
frequency, y, the output of an ideal product demodulation process is 

1 edem == 2 [cos (y+a) t + cos (y+f3) t] cos yt 

1 1 == 4 cos ( y+a+y) t + 4 cos ( y+f3+'Y) t 

1 1 
+ 4 cos ( y+a-y) t + T cos ( y+f3-y) t . 
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Then, if the first two terms, which are equal to � cos ( 2y+a) t and � cos (2y+J3 ) t, are removed by filtering, the output signal is seen 

to be the input signal changed only by attenuation to one-fourth 
the amplitude of the original ; that is, 

1 1 eout == 4 (cos at + cos {3t) == 4 ein • ( 19-2) 

The frequencies of the output signal are the same as those of the 
input signal. 

If, at the receiving terminal, the carrier frequency is offset from 
that at the transmitter by d radians per second, the transmitted 
signal [Equation ( 19-1 ) ] is demodulated to an output signal as 
follows : 

1 eout == 2 [cos (y+a) t + cos ('Y+J3) t] cos (y+�) t 

Now, after the components containing cos (2y+a+�) t and cos 
(2y+f3+�) t have been filtered out, the output signal is 

1 1 eout == 4 cos ( r+a-y-�) t + 4 cos ( 'Y+/3-'}'-�) t 

1 1 1 == 4 cos (a-�) t + 4 cos (/3-�) t =I= 4 ein • ( 19-3) 

Comparison of Equations ( 19-2 ) and ( 19-3) shows that in 
Equation ( 19-3) each signal component is shifted downwards by 
� radians per second ; that is, the frequency shift is translated directly 
from the frequency error of the demodulating carrier to the baseband 
components of the output signal. 

In carrier systems which transmit single-sideband suppressed
carrier signals at very high frequencies, the control of frequency 
offset imposes stringent requirements on the accuracy and phase 
stability (see Chapter 8) of the receiving terminal demodulating 
carrier. If the top frequency of a system is, for example, 100 MHz 
and if the frequency offset must be held to 1 Hz, the carrier at the 
receiver must be synchronized to within 1 Hz in 100 MHz or one 
part in 108• Such accuracy requirements and stringent concomitant 
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requirements on stability and reliability have made necessary the 
development of a national synchronization network and also have 
led to the development and use of very stable oscillators, highly 
sophisticated test equipment, and specialized methods of measurement 
and control. 

Speech and Program Signal  Impairment 

Frequency offset affects speech and program signals by reducing 
the naturalness of received signals. When music is transmitted, the 
effect is most objectionable to listeners with high aural acuity 
because many musical instruments produce sounds having high 
harmonic content. Consider a musical tone of radian frequency a 
having a strong second harmonic at radian frequency 2a = {3. To 
preserve the natural harmonic relationship, the shift of (a-Ll) 
radians per second should be accompanied by a shift of {3 to ({3-2.1) 
radians per second. However, the effect of the frequency offset is to 
shift {3 to ({3-ll) radians per second as in Equation ( 19-3 ) . It is 
this type of discrepancy that causes the unpleasant subjective effect. 
It has been determined by subjective tests that frequency shift 
should be held to ± 2 Hz to satisfy discerning listeners. 

Dig ita l Data Signal  Impairment 

The manner in which digital data signals are impaired and the 
extent of the impairment are related to the signal format used. In 
many forms of digital data signal transmission, the timing signal 
used for signal decoding at the receiver is derived from the signal 
itself. In such cases, frequency offset is not a serious impairment, 
especially for the small offsets encountered when channels meet the 
requirements established for speech and program signal transmission. 

Other digital data signals (particularly FSK) are prone to error 
in the face of frequency offset. For example, consider two received 
frequencies representing the space and mark signals common to 
telegraph signal transmission. A frequency offset in the received 
signal uses up margin with respect to threshold circuit recognition 
of the two conditions, thus making the receiver more prone to errors. 

Analog · System Impairments 

The most serious analog system impairment caused by frequency 
offset is the breakdown of system functions resulting from a large 
frequency offset that shifts signals outside the passbands of filters. 
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This is a rare occurrence when the 2-Hz requirement is met. In times 
of synchronizing system failure, however, substantial offsets may 
be occasionally experienced. Signalling may become impossible since 
the filters used for the single-frequency ( SF) signalling system are 
relatively narrow. Large numbers of supervisory signals being 
shifted out of their passbands simulate a simultaneous call for 
service from a large number of callers and may cause a massive 
seizure of switching system equipment and breakdown of service. 
Frequency offset may also shift pilot frequencies and cause automatic 
gain circuits (regulators) to operate improperly. Such impairments 
are minimized by redundant designs of synchronizing arrangements 
used in the telephone plant to ensure reliability. 

Digita l Syste·m Impairment 

In most digital transmission systems, the signal formats are de
signed so that a timing signal can be derived from the line signal 
at regenerator and terminal stations. The timing signal recovery 
circuits are designed to operate within the normal range of frequency 
shift expected. 

The most serious problem involving frequency offset and the 
synchronization of digital systems occurs where a number of such 
systems are to be interconnected and must in some way be synchro
nized with each other. At present this can only be accomplished by 
specially engineered arrangements where nearby terminals can be 
driven from a common clock or timing signal. Some designs of digital 
channel banks are provided with the capability of external transmit 
clock synchronization in order to be compatible with planned terminal 
synchronization arrangements and to facilitate the special engineering 
required. 

Small differences between the frequency, or rate, of a received 
signal and that of a locally maintained clock signal can be detected 
and compensated for by buffer stores and bit stuffing. However, if 
the frequency difference persists, a buffer may overflow or underflow. 
The system is designed to reset the buffer when this occurs, thus 
causing deletion or repetition of bits from the output signal. The 
overflow or underflow and the resulting reset cycle of the buffer 
continues until the frequency offset is detected and corrected. The 
resulting impairments, called slips, cause serious deterioration of 
digital signal transmission. 
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1 9-2 OTHER INCIDENTAL MODULATION 

In addition to frequency offset, synchronization and timing signals 
are subject to other forms of incidental modulation which may cause 
transmission impairments in the telecommunications channels they 
control. These include gain and phase hits, periodic or random j itter, 
and dropouts in the synchronization system. 

Normally, these forms of incidental modulation have little effect 
on speech transmission, but they may introduce errors in digital 
signal transmission by reducing the noise impairment margin. 
Excessive impairment is also sometimes observed in the transmission 
of certain types of analog data, such as electrocardiograph signals. 

Gain and Phase H its 

Rapid changes in channel gain or phase result in signal impair
ments called gain or phase hits. These hits can be caused by timing 
signal aberrations or by transmission channel malfunction. The 
separation of these causes is difficult to determine by analysis or 
measurement. 

One source of gain and phase hits is the switching of transmission 
facilities or multiplex equipment from working to standby facilities 
for trouble or maintenance work. If the facility that is switched 
carries a synchronizing signal or if the switch occurs within the 
synchronizing equipment, differences in phase or gain between work
ing and spare equipment may cause a hit on the synchronizing signal, 
which may be extended through the working channels to the message 
signals. Or, the switching of transmission facilities may cause a 
hit directly on the transmitted signal as a result of the difference 
in attenuation or phase between the working and standby facility. 

Jitter 

The generation of an absolutely pure single-frequency signal for 
use as a carrier is impossible ;  minute variations in amplitude, phase, 
and frequency always occur. These variations can usually be held to 
very small values, but from time to time they exceed acceptable 
limits and cause signal .impairments. Continuously and rapidly 
changing gain andjor phase, which may be random or periodic, is 
defined as j itter. The principal sources of jitter have been in the 
power supplies and harmonic generators associated with analog 
system multiplex equipment. TCI Library: www.telephonecollectors.info
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Phase j itter, which tends to be a more serious impairment than 
gain j itter, is manifested as an unwanted change in phase or fre
quency of a transmitted signal. The problem results from some form 
of modulation of the wanted signal by another signal. A single
frequency signal that is so modulated has sidebands which may be 
discrete or random and noise-like, depending on the nature of the 
modulating signal. The amplitude of these sidebands relative to the 
wanted signal is one measure of the phase jitter suffered by the 
wanted signal. 

Another useful measure of phase j itter is the time variation in 
zero crossings of a sine wave or of a pulse signal. Zero crossings are 
often used as decoding criteria by receiving logic circuits in digital 
signal transmission ; thus, the variation in zero-crossing timing 
must be well-controlled. Variations in zero crossings of a sine wave 
are illustrated in Figure 19-1. 

i i i  i i i i 

� 
- TransmiHed signal 

- - - -- Received signal with jiHer 

i = phase jiHer in zero crossings 

---+ 
nme 

Figure 1 9-1 . Effect of phase jitter on zero crossings of a sine wave. 

Periodic forms of phase jitter sometimes are a result of modula
tion by power frequency or telephone ringing signal components and 
harmonics. Random forms of jitter may result from impulse noise or 
interfering signals having high-amplitude random components. 

Dropouts 

Dropouts are short duration impairments in which the transmitted 
signal experiences a sudden drop in power, often to an extent that 
the signal is undetectable. They have been defined as any reduction 
in signal power more than 18 dB below normal for a period exceeding 
300 milliseconds. Dropouts may be caused by facility or equipment 
switching or by maintenance activities. They usually occur rather 
infrequently but typically may be observed once an hour or somewhat 
more often. 
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1 9-3 THE SYNCHRONIZING NETWORK 

The carrier frequencies used in analog systems in the United States 
are derived from and controlled by a single clock of extremely high 
accuracy and stability. The output of this clock is transmitted in a 
variety of ways to all parts of the country. At each location where 
synchronization is needed, a control signal derived from this clock 
is used as a master. 

The distribution and transmission of the clock signal involve 
many intermediate links and pieces of apparatus. Many of the im
pairments described in this chapter occur as a result of impairments 
suffered by the clock signal in the process of transmission and 
distribution. Each dependent office has a clock or synchronizing signal 
source of its own. These local signal sources are controlled by the 
master clock as long as the master clock signal is available. Failure 
of intermediate transmission links or apparatus, however, can make 
the master clock signal unavailable. In such a case, the local clock is 
disconnected from the master and becomes free-running. Its fre
quency may deviate enough from that of the master to be a source of 
synchronization impairments. 

The design and implementation of an improved synchronizing 
network is evolving to accommodate the interconnection and synchro
nization of new digital transmission systems, time division multiplex 
terminals, and time division switching systems. The introduction and 
construction of a new digital data network, the Digital Data System, 
impose new and more stringent accuracy and stability requirements 
on the synchronizing network ; these requirements are also under 
study for application to the improved network. 
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Chapter 20 

Echo i n  Telephone Channels 

Echo results when transmitted signal energy encounters an im
pedance discontinuity and a significant portion of the signal energy 
is reflected toward the energy source over an echo path. Echoes con
stitute one of the most serious forms of impairment in telephone 
channels, whether the channels are used for speech, data, or tele
photograph signal transmission. The phenomenon is more difficult to 
control in switched networks, where terminating impedances may 
change with every new connection, than in dedicated private circuits, 
where the impedances are fixed and more nearly under the control 
of the circuit designer. 

Transmission is impaired by echoes for both talker and listener 
on an established telephone connection. A frequently encountered 
source of echo, one that aptly illustrates the two forms of echo 
impairment (i.e. talker echo and listener echo) , occurs at the j unction 
of four-wire and two-wire circuits. This type connection and the 
resulting talker echo path and listener echo path are shown in 
Figure 20-1. The transitions between two-wire and four-wire modes 
of transmission are provided at each end of a four-wire connection 
by a circuit called a four-wire terminating set, designated HYB in 
the figure. 

20- 1 ECHO SOURCES 

Consider the circumstances that make the interface between 
four-wire and two-wire circuits a frequent and difficult-to-....control 
source of echo. Figure 20-2 may be used to review the relationship 
between the hybrid circuit and the impedances that must be matched 
for satisfactory operation. Two of these impedances, Za and Zb in the 
four-wire circuit, are usually under design control, and there is little 
problem in achieving a good match between them. The match between 
Zc, the impedance of the balancing network, and Zd, the impedance 

482 
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I 
/ 4-wire terminating set 

z Balancing 
...,..___< e network 

------ Talker's speech path 

-- - -- Talker echo path 

- - - - - - Listener echo path 

Figure 20-1 . Echo paths. 

of the two-wire connection, on the 
other hand, is not always under 
design control. 

If the circuit of Figure 20-2 is 
to be used in a dedicated circuit, 
impedance zd is under design con
trol or at least has a known value. 
When this is so, the balancing net
work may be adjusted to match 
impedance zd to any desired de
gree. Thus, in dedicated private 
line channels, echo is seldom a 
problem of great concern. 

Figure 20-2. Simplified four-wire 
terminating set. 

Next consider Figure 20-3. Here, office A may be a class 4 office 
(toll center) and office B a class 5 (end) office. Impedance Zd facing 

the four-wire terminating set is a function of the two-wire trunk 
impedance, ZT (a highly variable impedance depending on gauge, 
length, loading, etc. ) ,  and the terminating impedance, Zt. For a 
particular trunk or group of trunks, impedances ZT and Zt can be 
controlled by using impedance compensators so that good balance 

TCI Library: www.telephonecollectors.info



484 

4-wire 
intertoll 
trunk 

Impa irments and Their Measurement 

2-wire toll connecting 
trunk, Zr 

Vol. 1 

Figure 20-3. Terminating set impedances - four-wire trunk to two-wire trun k. 

can be achieved. However, variations occur when loop impedances 
are substituted for Zt. 

Figure 20-4 illustrates the more practical situations that exist in 
switched network operation. This figure shows why it is so difficult 
to achieve good impedance matching at four-wire terminating sets 
and, therefore, why network echo performance is dominated by 
performance at these points. In Figure 20-4, the four-wire intertoll 
trunk terminating in office A may be connected to a distant office via 
two-wire toll connecting trunks having widely different impedance 
characteristics. At the distant class 5 office B, a connection may be 
made to a variety of loops designated 1, 2, 3 . . . n, each having a 
different impedance. Alternately, the four-wire trunk may be con
nected in office C to a variety of loops designated 4, 5, 6 . . .  m. Thus, 
impedance Zd, which should be equal to the balancing network im
pedance Z c, is highly variable because it is a function of both the toll 
connecting trunk impedance and the terminating loop impedance 
(which is different for every established connection) . It is impractical 
to control impedance Zd to a fixed value ; hence, only a compromise 
value for Zc can be selected. Since Zc and Zd are generally not well 
matched, transmission loss across the hybrid ( transhybrid loss) 
from Za to Z b is reduced, and echo is returned to the talker and 
listener as illustrated in Figure 20-1. 

Where the toll connecting trunk is two-wire and the four-wire 
terminating set is at the toll office, loop impedance variations are 
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somewhat masked by the controlled impedance of the toll connecting 
trunk. Where the interface between four-wire and two-wire circuits 
is at a class 5 office, more serious echoes occur because the great 
variability in loop impedances is not buffered by the toll connecting 
trunk. If an intertoll trunk is two-wire, the interface may occur 
anywhere in the network, but impedances are still controlled better 
than at the class 5 office. 

While any impedance irre.gularity produces echoes, such irregu
larities are usually of little interest because the impedances are 
controlled by design ; however, under trouble conditions, serious mis
match may occur. Examples include the impedance mismatch between 
a transmission line and electronic circuits caused by device failure, 
etc., and deteriorated structural return loss in a transmission line due 
to the mismatch caused by damage to the line or by a damaged or 
misplaced load coil. 

Another source of echo is the crosstalk coupling between the two 
directions of transmission in a four-wire circuit. The measurement 
and control of this echo source are based on techniques discussed in 
Chapter 17. The nature of the impairment is the same as that caused 
by impedance discontinuity reflections. 

20-2 NATURE OF ECHO IMPAIRMENTS 

Transmission impairments caused by echo must be considered in 
relation to the type of signal involved. In some cases these impair
ments must be evaluated subjectively, as in speech signal transmis
sion ; in other cases the impairments must be evaluated objectively, 
as in data signal transmission. 

Speech Signals 

It has been found that talker echo usually produces a more serious 
impairment to speech signal transmission than does listener echo ; 
the latter is a result of a double reflection and is usually of low 
amplitude. Therefore, talker echo is stressed in the following. 

Talker Echo. If the elapsed time is very short between the pro
duction of a speech signal at a station set and the reflection of that 
signal to the speaker's ear, the echo sounds like sidetone. Unless it 
is very loud, the speaker may not even be aware of the presence of 
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the echo. On the other hand, if the elapsed time is long and the echo 
path loss is inadequate, the echo sounds very much like an echo 
resulting from acoustic reflection from an obstacle. In extreme cases, 
the telephone speaker may get the impression that the distant party 
is trying to interrupt him, and this can interfere with the speaker's 
normal process of speech. The overall effect of talker echo depends 
on ( 1 )  how loud it is (which is dependent on how loud the speaker 
talks and how much loss is in the echo path) , (2)  how long the echo 
is delayed in transmission, and (3)  the speaker's tolerance to the 
echo phenomenon. All these are interrelated and all are best expressed 
in statistical terms. 

It is important to note at this point that the impairment due to 
echo is related directly to the magnitude of the received echo signal, 
which can be reduced by increasing the loss in the echo path. Loss 
in the echo path can be increased by increasing the transhybrid loss 
in the four-wire terminating sets or by increasing the loss in the 
transmission path. Because of the high cost of modifying the millions 
of existing loops and trunks, it would be uneconomical to increase 
the average transhybrid loss. Thus, any increase in loss can be 
inserted only in the transmission path between the talker and the 
point of impedance mismatch. Such action, however, is accompanied 
by an unavoidable reduction in received volume, which may also lead 
to serious impairment. The echo problem must then be solved by a 
compromise between echo and volume loss impairments. This com
promise, based on measured performance and its relationship to 
subj ective evaluations of echo and loss impairments, is achieved in 
the via net loss (VNL) transmission design of the switched network 
[1, 2 ] . 

Now consider the evaluation of the three important aspects of talker 
echo-talker tolerance, magnitude, and delay. Talker tolerance to 
echo has been established by carefully controlled experiments whose 
results are summarized in Figure 20-5, which relates echo path delay 
to the echo path loss needed to satisfy the average observer. It was 
found that for any value of delay, the echo path loss (the measure o:f 
tolerance) had a normal distribution with a standard deviation, 
u p  == 2.5 dB. These data apply to talkers on short loops only. 

Echo magnitude is primarily a function of the losses in the echo 
path. The overall echo path loss is made up of two important com
ponents, return loss and transmission loss, each of which is a variable 

TCI Library: www.telephonecollectors.info



488 

35 

30 

25 
<ii' "1J i 20 
2. 
s 1 5  c.. 
_g 
J:l 1 0  

5 

0 

Impairments and Their Measurement 

.., 

/ v 
/ V' 

/ ,. 

� 
�'/" v 

0 1 0 20 30 40 50 60 70 80 90 1 00 

Echo path delay (mi l liseconds) 

Figure 20-5. Ta lker echo tolerance, average observer. 

Vol.  1 

having an average value and a standard deviation. Consider first 
the return loss. This parameter has, at class 5 offices, an average 
value of 11 dB and a standard deviation CTt == 3 dB. These values 
have been determined by field measurements. 

The transmission loss is, of course, highly variable. It is dependent 
on distance, number of trunks in the connection, types of facilities, 
plant maintenance capability, etc. The standard deviation for each 
trunk in a built-up connection is estimated to be uv == 2 dB for the 
round-trip loss, which takes into account differences in loss values 
for the two directions of transmission. 

From the standard deviations j ust given for losses and observer 
tolerance, a value may be derived to represent the standard deviation 
of the minimum permissible echo path loss on connections made up 
of a number of trunks, N, and used by talkers of different echo 
tolerance, 

dB. ( 20-1 )  

The table of Figure 20-6 has been derived b y  substituting the 
previously given numerical values in Equation ( 20-1 ) . The table 
shows the expected standard deviations of echo performance on 
several built-up connections. TCI Library: www.telephonecollectors.info
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NO. TRUNKS STANDARD DEVIATION, DB 

1 4.4 

2 4.8 

4 5.6 

6 6.3 

Figure 20-6. Standard deviations of minimum permissible echo path losses on 
built-up connections. 

A relationship between loss and talker echo can now be demon
strated. It is convenient to express this relationship in terms of the 
minimum permissible one-way overall connection loss (OCL) that 
allows 99 percent of all calls to be completed without echo impair
ment. The value of the two-way OCL is the average echo tolerance 
reduced by the average return loss at the controlling point of echo 
generation and increased by 2.33* times the standard deviation 
determined in Equation (20-1 ) .  The result is divided by 2 to determine 
the permissible one-way OCL : 

OCL == 
Avg. Echo Tolerance -:vg. Ret. Loss + 2.33o-c . (20_2) 

The average echo tolerance in this equation must be adj usted to 
eliminate the effect of the transmitting loop loss. Equation (20-2) 
then yields the OCL between class 5 switching offices. Values of 
permissible OCL for various numbers of trunks are plotted in 
Figure 20-7. Linear approximations can be made for the curves of 
Figure 20-7 that also satisfy echo performance objectives on 99 per
cent of the connections experiencing the maximum allowable delay 
and even higher percentages on connections having less than the 
maximum delay. These approximates are used in the development of 
the via net loss plan for the message network. 

Listener Echo and Near-Singing. In modern circuits, listener echo is 
usually negligible if talker echo is adequately controlled because, as 
shown in Figure 20-1, listener echo is suppressed by a second trans
hybrid loss (at the talker end of the four-wire circ.uit) and by the 

*This value may be found by referring to Figure 9-14 or 9-15. 
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Figure 20-7. One-way loss for satisfactory echo in 99 percent of connections. 

loss of one additional end-to-end transit of the four-wire circuit. 
An exception, relatively rare and yet important where encountered, 
is found in large multistation private line circuits. Here, listener 
echo is often controlling, and special care must be taken in designing 
this type of circuit. 

There is a close relationship between listener echo and near-singing 
of a circuit. Both conditions are caused by currents circulating within 
a transmission path. Circuit instability, or singing, and singing 
margins were discussed in Chapter 4. Interestingly, transmission 
impairment occurs before singing actually takes place. If the singing 
margin is too low, the near-singing condition of the circuit causes 
voice signals to sound hollow, somewhat like talking into a barrel. 
To avoid this effect, singing margin is maintained at 10 dB or more 
in 95 percent of all connections and seldom, if ever, less than 4 dB. 
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Digital Data Signals 

When digital data signals are transmitted over telephone channels, 
there is greater concern with listener echo than with talker echo. 
Listener echo is usually very low in amplitude when talker echo is 
well enough controlled to satisfy speech signal transmission but some 
built-up connections in a switched network, public or private, may 
have poor return losses at both ends of a four-wire .intermediate link. 
As a result, echo performance may be poor, and digital data echoes 
may be generated at high enough amplitudes to interfere with recep
tion. Circuits designed for dedicated data signal transmission may be 
controlled so that listener echo is of low amplitude. 

Data signalling rates between 1000 and nearly 10,000 bits per 
second are commonly used. Thus, a listener echo delayed by 0.1 to 
1.0 millisecond or more appears at the receiver as an unwanted 
interfering signal having relatively little correlation with the wanted 
signal. The magnitude of such an interference may be high enough 
to be a serious source of data errors. 

Talker echo is usually far less disturbing to data signal transmis
sion than is listener echo. In certain instances, when a data terminal 
is switched from send to receive, a talker echo resulting from the 
end of a transmitted signal may appear as the leading edge of an 
unwanted received signal. This may be confused with the expected 
reply to the transmitted signal. 

When data signal transmission equipment is designed for use on 
the channels of a switched network, the problems relating to echo 
must be solved by terminal design. Adequate signal-to-noise margin 
must be provided in the receiver to cope with listener echo effects. 
Timing circuits must be provided to avoid talker echo effects in 
terminal equipment which may serve as both transmitter and re
ceiver. However, the amount of time delay allowed for in engineering 
design (called turnaround time) reduces the data transmission 
efficiency, or throughput rate. When this is critical, full duplex 
four-wire private line operation may be required or full duplex 
operation may be established over the switched network by using 
two separate connections. 

TeJephotograph Signals 

Telephotograph signals are very susceptible to echo impairment in 
the form of a "ghost" of the desired picture. The echo elements are 
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detached from the signal elements by an amount proportional to the 
delay in the echo path. The echo may be positive or negative, de
pending on phase relationships between the signal and its echo. Since 
most telephotograph transmission is over dedicated channels where 
impedances can be better controlled, echo is a serious problem only 
when switched network channels are used. 

20-3 ECHO MEASUREMENT AND CONTROL 

The measurement of echoes in telephone channels is accomplished 
primarily by return loss measurements. Echo performance is con
trolled by impedance adj ustments and by the use of echo suppressors 
on long circuits having delays in excess of 45 milliseconds. Private 
line, or dedicated, channels are often provided as four-wire facilities 
in order to avoid the echo problem. Even where some two-wire links 
are necessary, the performance of such channels can usually be 
made satisfactory by design control at the two-wire-to-four-wire 
interface. 

Echo Return Loss 

Return loss, discussed in Chapter 4, is usually used as a measure 
of echo performance resulting from an impedance discontinuity such 
as that found at a four-wire terminating set in a telephone channel. 
Return loss is defined rigidly in terms of the ratio of the sum and 
difference of the complex impedances at the discontinuity. However, 
the complexity of phase relationships in the incident and reflected 
voltage or current waves makes it impractical to express return loss 
over a band of frequencies except by averaging the performance over 
the band of interest. A suitably weighted power average is used. This 

· average, called echo return loss (ERL) , is applied to the band from 
500 to 2500 Hz. 

This type of measurement is sometimes made by applying random 
noise to the 500 to 2500 Hz band, sometimes by using a sweeping 
frequency that covers this band and sometimes by measuring a 
number of single-frequency return losses across the band. The 
weighting is applied by the inclusion of appropriate networks in the 
test equipment or by the manner in which the results are processed. 
Several weightings are used (including flat weighting) , none of 
which is universally accepted. TCI Library: www.telephonecollectors.info
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Echo return loss evaluation may be illustrated by considering 
return loss measurements at a number of single frequencies. Typically, 
measurements are made at frequencies /t = 500, /2 = 1000, Ia = 1500, 
/4 == 2000, and /s = 2500 Hz. These measurements may be regarded 
as applying to the edges of four equal frequency bands, designated 
B1, B2, Ba, and B4. The plane geometry rule for finding the area of a 
trapezoid may be applied by analogy to the determination of the 
average return loss over the four bands of interest. This rule, as 
applied here, yields an echo return loss value, 

B (RLfl + RLt5 R ) ERL == -10 log 
4B 2 

+ RL12 + RLta + Lt4 dB (20-3) 

where B is the bandwidth of each of the four bands of interest 
(500 Hz) ,  and RL1n is the return l.:>ss at each of the five frequencies 
expressed as a power ratio. This equation has the effect of weighting 
the return losses at the band edges ( 500 and 2500 Hz) to one-half 
the effectiveness of the return losses at 1000, 1500, and 2000 Hz. 

The following table, which gives return loss values that might 
be measured at the five frequencies of interest, provides a summary 
of how the data would be analyzed. 

FREQUENCY, RETURN 
RATIOS 

WEIGHTED 
Hz LOSS, d B  CURRENT POWER POWER RATIO 

500 25.0 0.056 0.00316 0.00158 
1 000 30.0 0.032 0.00100 0.00100 
1 500 25.0 0.056 0.00316 0.00316 
2 000 22.0 0.079 0.00631 0.00631 
2500 18.0 0.126 0.01583 0.00792 

The last column, which represents the five return loss terms in 
Equation (20-3) , totals 0.01997. When divided by 4, this yields a 
value of 0.00499. Then, 

ERL == - 10 log 0.00499 == 23.0 dB. 

If a straightforward averaging of the five power ratios in the 
next-to-last column had been made, the echo return loss would be 
calculated as 

ERL == - 10 log 
0·0�946 

== 22.3 dB. 
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While the difference between these approaches, 0. 7 dB, appears to 
be small, it is significant and there is evidence that the weighted 
value more nearly represents the subjective effect of echoes as 
evaluated by return loss measurements. 

In the switched network, ERL measurements are made at various 
switching offices ; impedance adjustments are made to guarantee the 
echo performance at each office involved. The measurements and 
adjustments are usually made with some standard value of impedance 
as a reference. The measurements are called through balance or 
terminal balance measurements. 

Singing Return loss 

As previously discussed, margin must be provided against in
stability or singing. Singing return loss measurements, made to give 
assurance of the necessary stability, must be made at all frequencies 
at which a circuit might become unstable. Experience has shown that 
the important bands are those from 200 to 500 Hz and from 2500 to 
3200 Hz. Below 200 Hz and above 3200 Hz, telephone circuits usually 
have sufficient loss to suppress any tendency towards instability. 
Frequencies in the 500 to 2500 Hz range are usually satisfactory 
from the standpoint of singing return loss if they meet echo return 
loss requirements. 

The singing return losses or the singing margins are measured in 
the field by sweep frequency or random noise techniques or in the 
laboratory by point-by...;point methods. Impedance adjustments are 
specified to guarantee satisfactory performance ; the adjustments 
specified in echo return loss tests generally tend to improve singing 
return loss performance. 

Echo Suppressors 

Figure 20-7 shows that the overall connection loss must be in
creased substantially as echo delay becomes greater. However, as 
transmission loss increases, talker volume at the listener's station 
set decreases ; loss of volume may beeome a serious 'impairment. 

Experience has shown that the loss associated with a 45-millisecond 
echo delay (one-way loss of about 9 to 11 dB) is about as much 
as can be tolerated and still produce satisfactory received volume. 
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Thus, circuits with echo delays in excess of 45 milliseconds are 
equipped with echo suppressors. These devices, used on four-wire 
trunks, insert high loss in the return direction when speech energy 
is being transmitted and permit a lower insertion loss on trunks that 
are s o  equipped. 
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Impairments and Their Measurement 

Chapter 2 1  

Phase Distortion 

Some signals, such as digital and video signals, are particularly 
sensitive to departures from linear inputjoutput phase characteristics 
in the channels over which they are transmitted. Speech signals are 
not adversely affected by these irregularities because the human 
hearing mechanism resolves signal components at different fre
quencies in a way that has little phase dependence ; thus, little atten
tion was originally given to phase irregularities in telephone channels. 
However, with the increased use of such channels for the transmis
sion of other types of signals, the necessity for understanding and 
coping with phase-related impairments has continually increased. 
The characterization and control of wideband channels are also 
increasingly necessary because they are largely used by types of 
signals most sensitive to departures from linear inputjoutput phase 
characteristics. 

2 1 - 1 PHASE/FREQUENCY MATHEMATICAL CHARACTERIZATION 

In Chapter 6 the breakdown of a square wave into its Fourier com
ponents was discussed, and the necessity of maintaining proper 
amplitude and phase relations among the signal components was 
mentioned. Impairments caused by departures from ideal (flat) 
amplitude/frequency response were considered in Chapter 18. Here, 
consideration is given to the impairments resulting from departures 
from the ideal ( linear) phase/frequency characteristic in a channel. 

Departure from Linear Phase 

Consider first, the simple square wave of Figure 21-1 (a) . As 
pointed out in Chapter 6, this wave can be synthesized from an 
infinite number of odd harmonics of its fundamental frequency. These 
harmonics and the fundamental must be controlled in both amplitude 
and phase. Figure 21-1 (b)  shows the de, fundamental, and third
harmonic signal components of the idealized square wave of 

496 
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Figure 21-1 (a)  in the phase and amplitude relationships they must 
bear to one another to form the original square wave. Figure 21-1 (c )  
shows how these add .to approximate the square wave. 

If the channel over which these components are transmitted has 
a linear phasejfrequency characteristic (for example, phase shift at 
3wo is three times that at tuo) , the time relationship between com
ponents is unaffected by transmission. ( For this discussion, the 
channel is assumed to have flat gain equal to 0 dB over the entire 
spectrum. ) Since the delay is the same at all frequencies, the ap
proximated square wave is identical at the output to that at the 
input (the absolute time delay is neglected) .  

Now consider the effect of phase distortion, i.e., a departure from 
linear of the phasejfrequency characteristic. Assume that the phase 
shift at radian · frequency 3wo is not linearly related to that at <Uo. 
The fundamental may be written cos ( wot + cf>t) , where c/>1 is an 
arbitrarily assigned reference value of phase ; the third harmonic is 
cos [3 ( wot + cf>t) + c/>2] ,  where c/>2 represents the departure from a 
linear phasejfrequency curve. In Figure 21-1 (d ) , this relationship 
is illustrated for a value c/>2 == T ;12 seconds. The approximation to 
the square wave, initially shown in Figure 21-1 (c ) , is seen in 
Figure 21-1 (d )  to be badly distorted. 

Qualitatively, phase distortion changes the square wave so that 
it appears as in Figure 21-1 (e ) . The exact resultant wave shape 
depends on the nature and magnitude of the departure from linearity 
of the phasejfrequency characteristics. 

Phase Delay 

Phase delay, propagation time, group delay, and absolute envelope 
delay are expressions used to define in various ways the time delay 
between a signal or its components at the input and at the output 
of a network or transmission line. These characteristics are usually 
functions of frequency and must be used with reference to a specific 
frequency. When the values of phase shift are plotted as a function 
of frequency, the plot is known as a phase shift characteristic. 

As covered in Chapter 5, the ratio at any frequency of the input 
current, It, to the output current, l2, of a four-terminal network or 
transmission line of unit length may be written 
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where a is the attenuation constant .in nepers and {3 is the phase 
constant in radians. This may also be written 

(21-2) 

For convenience, a lossless net
work (a == 0)  is assumed in the fol
lowing analysis. Thus, I2 == It/ {3. 
Equation (21-2) shows that an in
put signal, It, is shifted in phase f by f3 radians in transmission 
through a n12twork. By virtue of j 
the definitions, a positive shift, t 
{3, in the network causes a nega- < 
ti ve shift in phase of the output 
current, I2, relative to the input 
current, and vice versa. A phase 
shift of 1r /2 radians between in
put and output is illustrated in 
Figure 21-2. 

Figure 2 1 -2. Phase shift and phase 
delay. 

Phase delay is defined by 

D _ /31 radians 
<b - w1 radiansjsecond 

(21-3)  

where /31 is the phase shift at radian frequency Wt. If  the phase shift 
characteristic is not linear, i.e., if the phase shift is not directly 
proportional to frequency, the phase delay characteristic is distorted. 
This · is called delay distortion. 

Delay Distortion 

Delay distortion is defined in terms of the delay at one frequency 
relative to that at another. In a telephone channel, the reference 
frequency is often taken as 1700 or 1800 Hz. In any channel, the 
reference frequency may be taken as the frequency of minimum delay. 

If the phase shift characteristic is known, the delay distortion 
between two given frequencies may be calculated by 

DD == ( {32 - �) seconds 
<d2 Wl 

(21-4) 
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where, as before, /32 and /31 are expressed in radians and w2 and w1, 
in radians per second. The delay distortion is usually expressed in 
microseconds. Note that if /32/w2 == {31/wt ,  delay distortion is zero. 
While the phasejfrequency characteristic between w2 and w1 might 
thus appear to be linear, the ratio {3jw might vary considerably be
tween the two frequencies. A more useful parameter, called envelope 
delay, is one that takes into account the rate of change of f3jw. 

Envelope Delay 

Although the phase characteristic can often be determined mathe
matically, it is sometimes more convenient to derive it graphically by 
measuring the area under the envelope delay curve, as illustrated in 
Figure 21-3. 

Envelope delay, commonly used in describing and measuring phase 
characteristics of channels, is defined in terms of the slope of the 
phase characteristic ; that is, 

df3 
ED == dw seconds. (21-5) 

While phase distortion is difficult to measure or even to define 
explicitly, envelope delay can often be used directly in the evaluation 
of transmission quality. 

In cases where phase delay is the quantity of interest, it can be 
derived in useful form from envelope delay. Where the envelope 
delay characteristic can be expressed mathematically, the phase 
shift at any radian frequency, cvx, is 

u .; 
>-0 

(a} a; -o 
Gl a. 0 

a; > c w 

p. = J ;:! d<.J radians. 

W I <.02 
Radian frequency, w 

0 

(b) 
::0 /31 g 
.:: 
� /32 
� 0 .z; D. 

Radian frequency, w 

Figure 2 1 -3. Phase shift derived from envelope delay. 

(21-6) 

TCI Library: www.telephonecollectors.info



Chap. 2 1  Phase Distortion 501 

Envelope Delay Distortion 

Envelope delay distortion, or relative envelope delay, is the differ
ence between the envelope delay at any frequency and that at a ref
erence frequency. The reference is usually taken as the frequency at 
which the envelope delay is a minimum. Thus, envelope delay distor
tion may be written 

EDD = ::! - (::! ) 1 seconds (21-7 )  

where ( ::! ) 1 is the envelope delay at the reference frequency. 

I l lustrative Characteristics 

Figure 21-4 illustrates the various expressions for the phase dis
tortion characteristics previously discussed. Three kinds of channel 
characteristic are illustrated, namely, an ideal linear phase charac
teristic (one that can only be approached in practice) ,  a low-pass 
characteristic typically found in baseband cable transmission facili
ties, and a bandpass characteristic typically found in FDM carrier 
transmission facilities. The characteristics are displayed qualitatively 
to show their general shapes. In each sketch, the curve from w = 0 
to w = Wt illustrates the general shape of the inband channel char
acteristic. Above the top channel frequency, ·Wt , the trend of the 
out-of-band characteristic is illustrated for each case in a general 
sense. Exact characteristics vary widely according to design. The 
bandpass characteristic is illustrated in terms of its baseband 
equivalent. 

I ntercept Distortion 

Some signals transmitted over a channel having a certain type of 
phase characteristic may suffer from a form of distortion known 
as intercept distortion. This distortion may occur even though the 
phase characteristic is linear over the useful part of the band, i .e., 
the part carrying all significant components of the transmitted signal. 
This form of distortion may be illustrated mathematically with the 
help of Figure 21-5. TCI Library: www.telephonecollectors.info
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Figure 2 1 -5. Phase delay characteristics to i l l ustrate intercept distortion. 

The three characteristic curves in Figure 21-5 are all linear in the 
region from CUt to 3eth == cua. Curve A is an ideal linear phase curve ; 
curves B and C are bandpass phase characteristics that typify trans
mission through a bandpass channel such as those found in FDM 
equipment. The characteristics have been translated ( shifted in fre
quency) to their baseband equivalents. The dotted extrapolations of 
the · low-frequency ends of curves B and C are straight-line extra
polations of the linear portions of those curves down to zero frequency. 

The familiar analytic geometry expression for a straight line, 
y == mx + b, may be used as the equation for any of the charac
teristics, A, B, or C, at least up to frequency wa. The expression, for 
present purposes, is 

p == mcu + {3o (21-8) 

where Po is the zero-frequency phase intercept of the straight line 
with the P axis, cv is the radian frequency, and m is the slope of the 
straight line. 

Now, consider two components of a simple input signal 

A t  cos wtt + Aa cos 3cutt == At cos Wtt + As cos cust 
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where ru3 = 3wt. At the output ( if the circuit has a gain of unity) , 
these signal components may be written 

As previously pointed out, the signal is transmitted without distortion 
if 

cos (ruat + /3a) = cos 3 (rutt + f3t ) .  (21-9 )  

Now, write Equation (21-8) as 

/3ax = m<tJa + {3ox 

or 

These relationships may be applied to the curves of Figure 21-5 by 
substituting A, B, or C, as appropriate, for X in the subscripts. 
Substitute these values in Equation (21-9 ) . Then the criterion fo:r 
distortionless transmission is 

cos (wst + mwa + {3ox) = cos 3 (wtt + mw1 + /3ox) 

or 

cos (wat + mwa + {3ox) = cos (3wtt + 3m<tJt + 3{3ox ) . 

Since wa = 3wt, 

cos (cvat + m<tJa + /3ox) = cos (wat + mwa + 3 {3ox) . (21-10) 

Now, examine the three characteristics of Figure 21-5. For the ideal 
characteristic A, {3oA == 0 and Equation (21-10 ) is satisfied. For C, 
f3oc == n2'7T, where n = 1, 2, 3 . . . , and Equation (21-10) is also 
satisfied since the cosine of any angle a is equal to the cosine of any 
angle (a + n2?T) . For B, however, /3oB =1= n2'7T and Equation (21-10) 
is not satisfied. The result is signal distortion similar to the distortion 
due to departure from linear phase. 

Intercept distortion is a .significant factor .in producing signal 
impairment only when baseband digital signals are transmitted over 
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a single-sideband AM carrier system and means are not provided 
for demodulating the received signal by a carrier properly related 
in frequency and phase to the signal received at the demodulator. 
The difficulty of providing such a carrier and the impairing effects 
resulting from failure to do so are among the reasons that such 
signals are so seldom transmitted over single-sideband AM facilities. 
Frequency shift, discussed in Chapter 19, causes impairment of the 
received signal by virtue of differences between input and output 
signal component frequencies. This impairment can be regarded as 
being due to a continual shift of the zero-frequency phase intercept, 
a shift that is further modified if the demodulating carrier drifts in 
frequency. Even if the demodulating carrier is synchronized exactly 
to the required frequency, it is difficult to maintain its phase so that 
the zero-frequency phase intercept is held to a value of n21T. 

Generally, double-sideband AM, vestigial sideband AM, and PM 
signals are not impaired by intercept distortion ; frequency and phase 
of the carrier is or can be transmitted with the signal for use at the 
receiver to control the frequency and phase of the demodulating car
rier. Intercept and quadrature distortion both produce signal com
ponents in quadrature with the desired components. The quadrature 
components cause distortion of the carrier-frequency envelope wave
form that is eliminated if the signal is demodulated by a carrier that 
is properly synchronized to the received signal. Thus, the impairment 
of the received signal may be large or small depending on the suc
cessful treatment of the signal in demodulation or detection at the 
receiving carrier terminal. 

Quadrature Distortion 

When signals are transmitted by single-sideband or vestigial
sideband methods, quadrature components are generated at the 
transmitting terminal and appear in the carrier frequency signal to 
distort the waveform envelope. These components do not impair 
speech reception and so they are not generally eliminated by the 
design of receiving terminal equipment used in speech circuits. Data 
and video signals are impaired by quadrature components, however, 
and they must be eliminated or suppressed in the detection or de
modulation process. 

Figure 21-6 illustrates amplitude/frequency response character
istics for vestigial-sideband transmission in a manner that can be TCI Library: www.telephonecollectors.info
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related to a mathematical demonstration of how quadrature distor
tion arises and how it may be evaluated. The amplitude/frequency 
response characteristic of the assumed channel is shown in 
Figure 21-6 (a )  ; signal components are transmitted from zero 
frequency to a top frequency of <Vu. (The upper cutoff characteristic 
is not important in this discussion. )  Figure 21-6 (b )  shows the 
amplitudejfrequency response at the output of a double-sideband 
modulator , and Figure 21-6 (c )  shows the double-sideband signal as 
modified by a vestigial-sideband filter. The transmitted signal then 
has a principal lower sideband extending from the carrier frequency, 
we, to (we - <t>u) and a vestigial upper sideband extending from We 
to (we + wv) .  Finally, as an aid to understanding quadrature distor
tion, the vestigial-sideband channel characteristic of Figure 21-6 (c)  
may be regarded theoretically as being the sum of the characteristics 
shown in Figures 21-6 (d)  and 21-6 (e) . Note that the latter are both 
double sideband ; Figure 21-6 (d)  displays even symmetry about <t>e 
and Figure 21-6 (e)  displays odd symmetry about <t>e. 

Now, consider a single-frequency component transmitted at radian 
frequency <Vi. It appears in the waveform at various frequencies 
as shown in Figure 21-6. This signal component is translated to a 
double-sideband signal at carrier frequencies (we + <Vi) and (we - <Vi) . 

Let the signal component at frequency <Vi be represented by 
at cos wit, and let the carrier be represented by cos wet. The modulated 
signal may then be written 

(21-11)  

where a de component, A, has been arbitrarily added to  the input 
signal component. Equation (21-11)  may be expanded trigonometri
cally and rewritten as 

ai a, 
S == A  COS Wet + 2 COS (<t>e + <Vi) t + 2 COS (<t>c - <Vi) t. (21-12) 

To simplify the illustration of quadrature component generation, 
assume that the component at cui is in the flat portion of the baseband 
of Figure 21-6 (a) so that the component at (we + <Vi) frequency is 
completely eliminated by the vestigial shaping filter of Figure 21-6 (c)  . 
The remaining components then constitute a single-sideband signal 
with transmitted carrier, 

A a, 
SssB == 2 COS Wet + 2 COS (cue - CUi) t. (21-13) 
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Figure 2 1 -6. Amplitude/frequency responses for vestigial-sideband transmission. TCI Library: www.telephonecollectors.info
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The amplitude of the carrier component is halved by the vestigial 
filter. By further trigonometric expansion of the (cue - cui) term 
and multiplication of the right side by 2 (assumed flat amplification) ,  
Equation (21-13) may now be written as 

== [A + P ( t) ] cos Wet + Q ( t) sin Wet (21-14) 

where P (t) == ai cos wit and Q (t) == � sin wit. Note that P (t) , the 
wanted component, and Q (t) , the quadrature component, are both 
equal to the input signal but that Q (t)  is shifted in phase by 
7T/2 radians relative to P (t) . Equation (21-14) also shows that P (t) 
and Q (t)  may be regarded as modulating carriers of the same 
frequency, cue, again separated by 'TT/2 radians. 

The signal components of Equation (21-14) are shown vectorially 
in Figure 21-7. Note that the amplitude of the resultant vector, equal 
to the envelope of the signal, is determined by 

I SssB I == V (A + I P I ) 2 + I Q 12 (21-15) 

The distorting effect of the quadrature component is illustrated in 
Figure 21-8. The amplitude of the peak in the illustration can be 
estimated from Equations (21-14) and (21-15 ) .  If there is no de com
ponent, A, the amplitudes of P (t)  and Q (t)  are equal and the peak 
excursion of the signal of Figure 21-8 is 1 .7 times the amplitude of the 
step. If a de component is added, the influence of the quadrature term 

In-phase components, P(t) 
Figure 2 1 -7. Analysis of SSB signal into in-phase and quadrature components. TCI Library: www.telephonecollectors.info
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figure 2 1 -8. Effect of quadrature distortion on signal characteristic. 

is reduced, as can be seen by examination of Equation (21-15) .  The 
shape of the modified step transition in Figure 21-8 .is influenced by 
the ratio of the vestigial to the principal sidebands and the shaping 
of the characteristic through the vestigial region. 

Differential Phase 

In a video transmission system, differential phase is defined as 
the difference in output phase of a low-amplitude, high-frequency 
sine-wave signal at two stated amplitudes of the low-frequency signal 
on which the high-frequency signal is superimposed. Since color 
television is the only signal significantly affected by the phenomenon, 
the definition of differential phase is in terms pertinent to 
color signal characteristics. Differential phase measurements are 
made using a 3.579545-MHz low-amplitude signal to simulate the 
color carrier in an NTSC color signal. The low-frequency signal used 
is usually a 15. 75-kHz sine wave simulating the fundamental line scan 
frequency of the luminance component of a standard color signal. 
Other low frequencies are also sometimes used. 

Mathematically, the generation of differential phase can be demon
strated by considering the intermodulation of the two test signals 
due to nonlinearity in the circuit being evaluated. Let {3 represent 
the low frequency and a represent the high frequency. The input 
signal then may be represented by ein == A cos .at + B cos {3t. Also, 
let the input;output characteristic of the circuit be represented by 

2 3 eout = ao + at�n + lli2ein + as�n + . . .  (21-16) 
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To simplify the illustration, consider only the wanted output term, 
atein, and the distortion term, a3e3in· When the input signal is sub
stituted in these terms, the output may be written 

etout == at (A cos at + B cos {3t) + a3 (A cos at + B cos {3t) 3• (21-17) 

Now, with respect to the definition of differential phase, attention 
may be concentrated on just three of the terms that can be derived 
by expanding Equation (21-17 ) .  * These may be written 

3 
�out == atAcosat + -- a3 AB2 cos (a+2f3) t 

4 

3 
+ 4 aa AB2 cos (a-2{3)  t. (21-18) 

The signal of Equation (21-18) may be regarded as an amplitude
modulated version of the desired output component, at A cos at, with 
sidebands at frequencies (a+2f3) and (a-2{3) . Amplitude and phase 
relations among the signal at frequency a and its sidebands de
termine the nature and magnitude of the impairment. If the sideband 
components combine in phase with at A cos at, the impairment is 
differential gain, discussed in Chapter 18 ; if the sideband energy is 
at 1r /2 radians relative to the wanted signal, the impairment is 
essentially all differential phase. If the sidebands combine and lie 
between 0 and 1r j2 radians relative to the wanted signal, the impair
ment is a combination of the two. 

Differential phase is illustrated 
by the phasor diagram, Figure 21-9 .  
If  the phasors, e<a + 213 >  and e<a- 2/3h 
are small compared to ea, the 
magnitude of the resultant, er, is 

8(a + 21!> '\.. 8(a - 21!> 
ea / c .._ � 1'r{ --:� .. --J 

nearly constant and equal to ea. Figure 2 1 -9. Phasor diagram il lustra-
Also, the differential phase shift, ing differential phase. 
measured by the angle </>d, is a 
maximum when e<a +2tn is in phase with e<a -2tH· Thus, the differential 
phase is equal to 

(21-19) 

* The complete expansion of a 3-component input signal through a nonlinear 
power series like that of Equation {21-16) is given in Chapter 17 (Figure 17-7) . 
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2 1 -2 PHASE DISTORTION I N  TELEPHON E  CHANNELS 

All forms of phase distortion described so far may occur in stan
dard 4-kHz channels used for telephone signal transmission. With 
the exception of differential phase, all may impair the signals typically 
transmitted in these channels. The sources of signal impairments 
are largely departures from linear phase/frequency characteristics, 
the resultant generation of echoes, and signal-dependent distortion 
such as quadrature distortion. The effects on various types of signals 
may be quite different depending on the nature of the transmitted 
information [1] . 

Phase/Frequency Impairments 

Phase;frequency impairments may result from many sources of 
distortion in a telephone channel. The two most common sources are 
those related to the transmission characteristics of loaded cable 
circuits and those related to the cutoff characteristics of filters in 
FDM equipment. 

The transmission characteristics of loaded cable are similar to 
those of a low-pass filter. The phase;frequency characteristic of a 
low-pass filter is illustrated qualitatively in Figure 21-4. The exact 
shape and magnitude of the channel distortion and the extent of the 
impairment to signal transmission depend on many interrelated 
parameters such as the type of cable and loading, the lengths of line 
and end section, the impedance match of the source and load to the 
line, and the characteristics and susceptibility of the transmitted 
signal. 

The effects of bandpass channel filters are also illustrated in 
Figure 21-4. The shape and magnitude of the channel distortions 
and the resulting signal impairments are significantly influenced 
both by the number of filters that may be connected in tandem in 
various situations and by the transmitted signal characteristics. 

Digital Signals. As in the case of other forms of impairment, the 
effect of phase/frequency distortion on digital signals is conveniently 
expressed in terms of an increase in error rate or in terms of an 
equivalent signal-to-noise impairment. One simple form of signal 
impairment, illustrated in Figure 21-1, results from an assumed 
simple type of phasejfrequency distortion. More complex forms of 
channel distortion cause more complex forms of signal distortion. TCI Library: www.telephonecollectors.info
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Some are amenable to theoretical analysis and evaluation, but in 
field situations they usually are most easily evaluated by error rate 
or eye diagram measurements. One useful type of analysis involves 
expressing the effect of channel impairments in terms of the genera
tion of signal echoes. This work is particularly useful in the evaluation 
of analog signal distortion but can be adapted to digital signal 
impairment in some cases [2] . 

Analog Signals. While speech signals are not adversely affected by 
phase;frequency distortion, analog data signals and particularly 
telephotograph signals transmitted over telephone channels may be 
severely impaired by echoes that result from this form of distortion. 

In the telephotograph picture, an echo appears as a low-amplitude 
reproduction of the picture or portions of the picture displaced from 
the picture signal itself. The amount of displacement and the faith
fulness of reproduction in the echo depend on the magnitude and 
nature of the distortion. If the displacement is small, picture details 
may simply be blurred or distorted ; if the displacement is large, the 
impairment may more nearly appear as a faint reproduction of the 
picture with positive or negative polarity. 

Detailed analyses of echo phenomena have been made in order to 
provide quantitative evaluation of such impairments [3] . One type 
of analysis that has proved to be valuable for all forms of video 
signal transmission utilizes the concept of an echo rating. While 
applicable to any form of video signal transmission, the concept was 
first applied to television signal transmission and later used to 
analyze transmission over a PTCTUREPHONE channel [ 4] . 

Quadrature Distortion 

As illustrated in Figure 21-8, quadrature distortion causes un
wanted changes in a signal shape at a point where there is a sharp 
transition in the signal amplitude. Digital data signals and tele
photograph signals commonly contain such sharp transitions and 
are thus particularly susceptible to quadrature distortion. In a 
carrier signal, the impairment must be evaluated in terms of possible 
overload effects. Peak factors such as those illustrated in Figure 21-8 
may cause overload in carrier equipment and result in clipping of 
the signal peaks or in an increase in intermodulation or both. Inter
modulation may cause deterioration of the signal itself or of other 
signals sharing the same medium. TCI Library: www.telephonecollectors.info
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While quadrature distortion is most evident in carrier signal wave
forms, its effects may also appear in the signal after detection. 
These effects may increase the error rate for digital signals or may 
cause blurring or smearing of portions of a telephotograph signal 
in areas where there are large and sudden changes in the luminance 
of the image. 

2 1 -3 PHASE DISTORTION I N  BROADBAN D CHANNELS 

Broadband channels are provided primarily for the transmission 
of television, PICTUREPHONE, and wideband digital signals, all of 
which are particularly sensitive to phase distortion. All of the general 
comments and discussion relating to phase distortion in telephone 
channels apply equally well to transmission in broadband channels. 
In addition, quadrature distortion and differential phase have partic
ularly serious effects on the transmission of wideband signals. 

Phase/ Frequency Distortion 

Minimizing phasejfrequency distortion in broadband channels 
through equalization techniques is made difficult by the multiplicity 
of phase;frequency characteristic shapes encountered across the band 
in a long transmission facility. This difficulty is a result of the many 
modulation stages and tandem application of connectors andjor 
blocking filters that may be found in long systems. 

r Quadrature Distortion 

Quadrature distortion effects on wideband digital signal trans
mission are similar to the effects on voiceband digital signal trans
mission. Signal peaking must be controlled to avoid clipping and 
transmission system overload. The loss of margin, or increase in 
error rate, caused by quadrature distortion of the detected signal 
usually can not be tolerated ; therefore, this form of distortion must 
be carefully controlled in the received signal. Often some form of 
vestigial sideband modulation is chosen so that the carrier can be 
recovered in proper phase at the demodulator. 

Quadrature distortion of PICTUREPHONE and television signals 
must also be carefully controlled to limit the blurring or smearing 
of the picture at sharp luminance transitions. There has been little 
PICTUREPHONE transmission by SSB or VSB techniques so 
that the quadrature distortion problem has not really been faced. 
Considerable effort was made to limit quadrature distortion in the 
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transmission of television signals over Ll and L3 Coaxial Carrier 
Systems [5, 6] . 

Differentia l Phase 

Differential phase, as discussed previously, is of importance only 
in the transmission of NTSC color signals. When this distortion is 
encountered, the phase relationships among color signal components 
transmitted at high video frequencies vary with respect to one 
another. The result is a change in the hue of various colors. If the 
distortion is excessive, colors may change completely as the luminance 
of the picture varies. 

2 1 -4 MEASUREMENT, EVALUATION, AND CONTROL OF PHASE 
DISTORTION 

Most of the impairments discussed in earlier chapters can be 
measured by relatively straightforward methods and by the use of 
conceptually simple test equipment such as signal generators and 
detectors. Phase distortion, however, is somewhat more difficult to 
measure and evaluate, partly because of the difficulty of defining 
and measuring a reference phase. As a result, most measurements 
are made in terms of relative phase. These observations apply equally 
to voiceband and broadband measurements ; and while different test 
set designs are used for different bandwidths, the theory of operation 
is often independent of the bandwidth. 

Phase/Frequency Measurement and Eva luation 

Phasejfrequency measurements are seldom made in the field on 
voiceband circuits because of the inherent difficulty of establishing 
a reference phase. In addition, the complexities of measuring and 
evaluating even relative phase (delay distortion or envelope delay 
distortion) are great enough that time-domain measurements are 
usually favored. Time-domain measurements have the advantage of 
relative simplicity and speed, but they have the disadvantage that 
the effects of individual impairments are difficult to separate from 
one another. When poor performance is indicated, the time-domain 
measurements must usually be supplemented by frequency-domain 
measurements in order to identify specific sources of impairment. 
The common time-domain methods of measurement and evaluation 
include error rate measurements by means of pseudo-random data 
messages and eye-diagram presentations on a cathode-ray oscilloscope. 
Another method involves the use of the P/ AR system of measurement. 
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The P/ AR System. The peak-to-average ratio (P  jAR) provides a 
single number measure of the overall quality of circuits used for 
the transmission of voiceband data signals [7] . A P 1 AR generator 
transmits a precise, repetitive pulse through the system. The pulses, 
dispersed by all of the impairments in the channel, are then de
livered to the P 1 AR receiver which responds to the pulse envelope 
peak and the pulse envelope full-wave average. A meter in the 
receiver is used to indicate the ratio of these two parameters. The 
ratio, called the P 1 AR rating, appears on the meter in a form 
determined by . [ E (pk) ]. 

P/AR rating == 100 2 
E (FWA) 

- 1  (21-20) 

where E (pk)  is the normalized peak value of the pulse envelope 
and E ( FWA) is the normalized full-wave rectified average value of 
the envelope. 

The P 1 AR approach to voiceband circuit evaluation is valuable 
because of its simplicity and speed. It also lends itself well to analyt
ical evaluation based on measured or estimated amplitude/frequency 
and phasejfrequency channel characteristics. Computer programs 
have been developed to accomplish this evaluation [8] . 

Envelope Delay Distortion Measurements. While phase measurements 
per se are seldom made, envelope delay measurments can be made 
without excessive complexity of test equipment, measuring tech
nique, or interpretation. The re-
sults of these measurements can 
then be converted to a phase shift 
'Characteristic when needed. U su
ally, however, the envelope delay 
distortion curve suffices for evalu
ation of a circuit. � c 

The usual method of measuring ; 
envelope delay can be described i 13u 
with the assistance of Figure 21-10, l. ftc 
which illustrates the inband phase; 13' 

frequency characteristic of a band-
pass channel translated to base-
band. Envelope delay can be 
measured to a close approximation Radian frequency, w 

at radian frequency {t)c by trans
mitting a carrier frequency signal 

Figure 21 -1 0. A phase /frequency 
characteristic. TCI Library: www.telephonecollectors.info
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at we modulated by a signal which places sidebands at frequencies 
w z and ·Wu. If the modulating frequency is chosen so that the phase 
characteristic between wz and wu is approximately linear, the phase 
difference between the carrier and the two sideband frequencies may 
be written 

· 

The envelope delay may then be determined as the slope of the 
phase curve at the carrier frequency, (t)e, used for the measurement. 
Equation (21-5) may then be applied to this measuring technique : 

(21-21 ) 

The modulating frequency must be quite low to make 
Equation (21-21 ) a reasonable approximation. In Bell System voice
band measuring sets, the modulating frequency is 83-1/3 Hz. Sets 
designed for wideband channel measurements use proportionately 
higher carrier and modulating frequencies. 

Measurements of the type just described may be made on a point
by-point basis by adjusting (t)e manually and measuring the phase 
differences at each setting. The measurement may be automated by 
sweeping the band with a continuously varying We and displaying 
the envelope delay on an oscilloscope or other recording device. 

Echo Observations. Sometimes, gross evaluation of channel perfor
mance can be accomplished by transmission of test signals and 
examination of the received signal on an oscilloscope or, in the case 
of video circuits, on a television or PICTUREPHONE receiver. More 
precise analysis or measurement by other techniques is then necessary. 

Phase Distortion Control 

The control of phase/frequency characteristics, quadrature distor
tion, and differential phase must all be considered in the design and;or 
operation of telecommunication facilities. 

Phase/ Frequency Characteristic Control. The necessity of controlling 
high-frequency and low-frequency cutoff characteristics has been 
previously discussed from the point of view of satisfying Nyquist's 
criteria. These cutoff characteristics must generally be designed to TCI Library: www.telephonecollectors.info
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have linear phase;frequency characteristics, most nearly achievable 
if the roll-offs are gradual. Sharp channel cutoffs are to be avoided. 

Where channels are to be used for digital signal transmission, 
their design may involve a conflict which must be resolved by 
carefully determined compromises. To make transmission efficiency 
as high as possible, it is tempting to design for the absolute maximum 
rate of transmission that a channel can theoretically accommodate. 
This design approach usually produces significant amounts of energy 
near the band edges where characteristics are hardest to control. 
Generally, it is advisable to restrict the bit rate to something below 
the maximum in order to provide operating margin. 

Another means of controlling the phase/frequency characteristic 
is by equalizing the channel to produce a near linear phase/frequency 
characteristic. Many types of delay (phase) equalizers are used for 
this purpose. If a channel is dedicated to the transmission of a 
limited number of signal types, specific designs of equalizers may 
be used to equalize that channel for satisfactory performance. If the 
channel is partly dedicated and partly switched, fixed equalizers 
may be provided for the dedicated portion of the circuit and for some 
average characteristic representing the switched portion. Adjustable 
equalizers may also be provided in both dedicated and switched 
channels in order to compensate for seasonal or other time-varying 
phenomena. Finally, adaptive equalizers have been designed to adjust 
themselves automatically to gain and delay impairments on the basis 
of certain signal characteristics. These equalizers are usually of the 
tapped delay line type [9] . 

Quadrature Distortion Control .  There are a number of design-related 
ways of controlling quadrature distortion. These include several that, 
of necessity, involve design compromises. For example, the wider 
the vestigial sideband, the less the quadrature distortion ; however, 
the decrease in distortion can only be achieved at the expense of a 
greater total bandwidth or a reduction of the width of the wanted 
sideband. 

The index of modulation is another design parameter that may 
be used to reduce quadrature distortion. The amplitude of the com
ponent A cos wet in Equation (21-14 ) is related to the index of 
modulation, as discussed in Chapter 8. The larger this component TCI Library: www.telephonecollectors.info
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( low index of modulation) ,  the more nearly the total transmitted 
signal is in phase with the wanted signal P ( t) cos wet ; the quadra
ture component, Q (t) , then has less effect, as can be seen by exami
nation of Figure 21-7. However, this means of reducing quadrature 
distortion can only be accomplished at the expense of overall signal
to-noise ratio. For a given maximum magnitude of transmitted 
modulated signal, the higher the index of modulation, the better the 
resulting signal-to-noise ratio. 

The last important factor involves the use of product demodula
tion rather than envelope detection at the receiver. As previously 
described, quadrature distortion is first evident in the SSB or VSB 
carrier frequency signal. If this distorted signal is envelope-detected, 
the quadrature distortion is carried through the receiving equipment 
and appears in the output signal. If product demodulation is used 
at the receiver and the distorted carrier frequency signal has not 
been clipped or limited in any way, the quadrature distortion does 
not appear in the output signal, provided the phase of the demodu
lating carrier is very close to that of the received carrier [6] . 

Differential Phose Control. This form of distortion cannot be con
trolled in operation except by ensuring that signal amplitude does 
not exceed the design value. This distortion can only be controlled in 
the integrated signal-system design process, which must result in 
satisfactory performance-both signal-to-noise and differential phase 
performance-in the face of natural nonlinearities in the channel 
transmission equipment. 
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Impairments and Their Measurement 

Chapter 22 

Maintenance and Rel iab i l ity 

This chapter relates the basic principles and general application 
of maintenance and reliability to transmission and service impair
ments. Serious impairment to transmission or service can occur 
when poor maintenance design· practices are followed, when main
tenance procedures are inadequate, or when unreliable equipment, 
apparatus, and facilities are used. Maintenance and reliability are 
interrelated ; in the extreme, poor maintenance can lead to the 
ultimate impairment, system failure. 

While maintainability and reliability must be carefully planned 
during the design, development, and installation of all equipment 
and systems, maintenance must also be a continuing concern through
out the service life of each system or item of equipment so that 
performance standards continue to be met. Awareness of and 
familiarity with all facets of maintenance systems, maintenance sup
port systems, and test equipment are major elements in the control 
of network transmission performance. 

The reliability aspects of transmission systems vary widely in 
accordance with such factors as accessibility, availability of protec
tion switching and emergency broadband restoration facilities, and 
the impact of service outages on the kinds of circuits to be routed 
over the system. A balance must be sought among such factors as 
the degree of reliability improvement obtained, the cost of the im
provement, the time allowance for temporary outage deemed ac
ceptable to the customer, and the cost of service restoration when 
outages do occur. 

Economics plays a large role in the design, development, and 
operation of maintenance and reliability aspects of equipment and 
systems. One example may be found in submarine cable system 
design and operation. The cables and repeaters in these systems are 
placed in a highly isolated and stable environment, the ocean floor. 

520 
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However, when failure occurs, the recovery of cables and repeaters 
for repair is a very time-consuming and costly operation. The 
revenue lost during system outages can also represent a substantial 
financial penalty. For these reasons, it is economical in submarine 
cable systems to spend large sums to provide high system reliability 
and accurate fault-location equipment in spite of the favorable 
environment. 

22- 1 MAI NTENANCE 

Maintenance work is carried out either to correct an existing 
trouble or to minimize or avoid the occurrence of trouble. In the 
first case, there are various indications of trouble conditions, which 
alert maintenance personnel to the need for repairs. The indications 
may come directly from a customer, an operator, or other observer 
of a malfunction ; or trouble may be indicated by local or remote 
alarms or measurements which reveal that some parameter fails to 
meet requirements. 

The second case, preventive maintenance, is performed on a routine 
basis for the purpose of recognizing, limiting, or preventing the de
terioration of transmission performance and minimizing the likeli
hood of service failure. Preventive maintenance activities may involve 
only measurements ; if no trouble is indicated by the measurements, 
further action may be unnecessary. 

Many transmission parameters, such as noise, loss or gain, balance, 
etc., are measured periodically under various environmental condi
tions. The results of the measurements are reported to a central 
point where the data are analyzed and combined. From these analyses, 
indices are derived and published both as a means of comparing per
formance with other organizational units for which similar indices 
are derived and as a means of determining trends in performance. By 
using these indices as guides, it is often possible to see where and 
when preventive maintenance routines are not being followed or are 
inadequate or incomplete and where their application must be 
strengthened. In many cases, routine maintenance procedures are 
prescribed in which a system is temporarily removed from service at 
specific intervals so that it can be realigned for optimum performance. 

Requirements for preventive maintenance and periodic performance 
measurements have greatly increased since direct distance dialing 
has become widespread. In the past, most long distance calls and 
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many local calls were established with the help of an operator. When 
transmission was unsatisfactory or when there was a service failure, 
it was usually possible for the operator to identify the defective 
circuit and to report it to maintenance personnel Now, the customer 
often fails to report troubles, particularly those of a marginal nature ; 
and even when a report is made, it is difficult to identify the source 
of trouble. In addition, the tremendous plant growth and the need to 
improve the productivity of plant maintenance personnel has added 
continuing emphasis to the need for preventive maintenance routines. 

Sources of Deterioration and Fai lure 

Causes of performance deterioration are numerous. As devices 
age, they often perform less efficiently and cause changes in critical 
parameters. Aging effects are, of course, more pronounced in equip
ment employing electron tubes than in equipment employing solid
state devices ; but all devices, active and passive, display some form 
of deterioration with age. This is most apparent where high 
mechanical, thermal, or electrical stresses exist. 

Where moving parts are involved, electrical performance and re
liability deteriorate due to mechanical wear. This type of deterioration 
is most often found in electromechanical switching systems ; also, 
transmission paths through relay and plug-in unit contacts, etc., are 
often adversely affected by increases in noise or loss. 

Each year, millions of telephone connections are changed because 
people move, equipment is rearranged, and facilities are changed. 
The resulting plant rearrangements often cause performance de
terioration since undesired bridged taps may be left on cable pairs, 
impedance relationships may change at interface points to produce 
changes in return loss and echo, and defective workmanship can cause 
unwanted grounds or circuit crosses. 

Weather changes may also cause deterioration of transmission 
performance. Seasonal changes make it necessary in some carrier 
systems to readjust equalizers to compensate for changes in trans
mission characteristics. Moisture due to rain or humidity can produce 
trouble conditions in the loop and trunk plant, particularly if there 
are numerous open-wire circuits or cable sheaths that have deterio
rated so that they are no longer waterproof. 
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Finally, equipment defects are also a source of impairment or un
reliability. These may result from poor quality control or manufac
turing errors, poor workmanship (including installer errors ) in the 
field, damage in transport or in service, unusual stress, and many 
other causes. 

Maintenance Systems and Equipment 

Maintenance arrangements are provided for transmission systems 
as required to meet best the demands of satisfactory cost and service 
relationships. Sometimes the maintenance equipment is built into the 
transmission system as a subsystem. In other cases the maintenance 
or monitoring equipment may be centralized and applied to several 
transmission systems. Maintenance operations may be automatic or 
manual, locally or remotely controlled, and may involve the use of 
fixed or portable test equipment. All these options depend on specific 
applications to the purpose to be served. 

Integrated Designs. Where continued satisfactory operation of a 
transmission system depends on the frequent adj ustment of system 
components or where efficient fault-location procedures must be pro
vided in order to minimize the cost of service failure and repair, 
maintenance equipment is often built in as a subsystem of a trans
mission system. 

An example of integrated maintenance equipment is found in the 
L5 Coaxial Carrier System. In L5, a transmission surveillance center 
is provided at certain main repeater stations. This equipment pro
vides the capability of measuring remotely the gain-frequency char
acteristics of a large number of coaxial transmission systems or 
selected parts of systems. In addition, fault-location equipment may 
be activated from the surveillance center to assist in the identifica
tion and isolation of troubles in remote repeaters. Protection switching 
functions can also be activated from the surveillance center. 

Adjunct Designs. Many designs of maintenance equipment and com
plete maintenance systems have been provided as adjuncts to trans
mission systems or to the switched networks. These are :maintenance 
faciliti€s that interconnect manually or automatically with trans
mission systems or with large groups of trunks. Their functions range 
from simple manual or automatically sequenced measurements of 
loop-to-ground resistance to complex series of automatic loss and TCI Library: www.telephonecollectors.info
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noise measurements of both directions of transmission on interoffice 
trunks. Special test bays are provided to measure automatically or 
manually the performance of circuits dedicated to the transmission 
of specialized types of signals such as digital data and video signals . 

. 
The provision of adjunct test facilities has been stimulated by the 

expanding plant. The large number of circuits that require testing 
has led to considerable automation ; time, cost, and manpower limita
tions simply do not permit manual testing. The expansion of types 
of services has created a demand for well designed test facilities 
and orderly procedures for their use. For example, the increased use 
of telephone channels for data transmission and the increased inter
connection of customer-provided data transmission equipment have 
led to the design of test facilities that can be located in a telephone 
central office and yet test the circuits in both directions of trans
mission ("loop-around testing" ) . This mode of testing has the 
added advantages of minimizing the number of visits that must be 
made to remote locations to test such circuits and minimizing the 
amount of portable test equipment that must be carried to customer 
locations, thus making the maintenance job more economical. 

A wide variety of portable test equipment is also required for 
various phases of the maintenance task-prevention, identification, 
isolation, and repair. Portable adjunct equipment includes signal 
generators and detectors, noise measuring sets, and delay distortion 
measuring sets. They may be used sporadically in investigating 
trouble situations or periodically in preventive maintenance proce
dures. Most central office transmission paths, for example, are tested 
periodically for noise and, against standard terminations, for adequate 
return loss. 

Maintenance Support Systems. Systems that may be regarded as in 
the maintenance support category are those that provide communi
cation service for maintenance personnel (order wires) , local and 
remote alarm and telemetry arrangements, and system features that 
are adapted to the maintenance function. These support arrange
ments may be integrated into the transmission system or may be 
provided as adjuncts. 

Consider first the communication facilities needed by maintenance 
personnel. In some instances, the equipment may be simply a tele
phone connected to the public switched network to permit direct 
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dialing by the maintenance man at a remote location to his home 
base or to another remote location. In other cases, typically in coaxial 
system operations, private channels (called order wires) are installed. 
These use interstitial wire pairs in the cable or may even be assigned 
separate facilities in order to increase reliability. Order-wire systems 
have become quite sophisticated and may include switching arrange
ments and alternate use for data transmission. Such facilities may 
also be integrated with the transmission system. An example is found 
in the TH radio system which includes an order-wire circuit in the 
basic system desi,gn. 

Alarms are provided in every system to alert maintenance per
sonnel to real or incipient trouble conditions. This type of maintenance 
support equipment also varies widely in design and application. An 
alarm may be as simple as a local alarm actuated when a fuse operates 
to light a lamp andjor to sound a bell or buzzer. Alarm information 
may be extended from remote, unattended locations to a manned 
central location. The extension of the alarm may again be very 
simple-for example, the connection of the alarm indicator to the 
remote location over a pair of wires-or the connection may be over 
a data transmission system that collects alarm information from 
many remote locations and forwards it to the central location. This 
type of system may even provide for the remote control from the 
central location of certain maintenance functions at the remote 
stations. For example, in certain versions of the TH-3 Microwave 
Radio System, equipment is built into the radio equipment bays to 
provide for some remote control maintenance functions and to report 
to a central location the existence of alarms and other forms of 
trouble indication at the remote radio repeater stations. 

Automatic protection switching systems are often provided so that 
a hot standby facility is switched into service in the event of failure 
of a working system. These switching facilities often provide a 
maintenance support function. When it is necessary to perform 
maintenance, measurement, or repair of a working system, service 
may be temporarily transferred to the spare facility while the main
tenance work proceeds. Even where protection switching facilities 
are not available, this function is sometimes accomplished by patching 
to spare facilities. 

Documentation . The description of maintenance equipment and the 
specification of tests and testing intervals are important aspects of TCI Library: www.telephonecollectors.info
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maintenance operations. For tests to be meaningful, the test equip
ment must be properly calibrated and personnel must be trained in 
its use. 

In the Bell System, many internal operating and maintenance 
documents are devoted to descriptions of all types of test equipment 
and to their calibration and use. Sections devoted to descriptions of 
transmission systems and their operation have parts which contain 
directions and suggestions on system maintenance procedures and 
intervals. When these guides are not faithfully followed, system 
deterioration may accelerate. 

22-2 RELIABILITY 

Reliability may be considered with respect to a device, a circuit, 
a transmission system, or service to the customer.* The reliability 
of a device is defined as the probability that the device will continue 
to function satisfactorily during some specified interval, normally 
its useful life. Where repair and replacement of failed devices (i.e., 
maintenance) is feasible, reliability is defined for a system comprised 
of discrete devices as the percentage of time the system is expected 
to operate satisfactorily over a given time interval. 

The opposite of reliability is the probability of failure during a 
specified time interval. For systems, this measure of unreliability is 
often expressed as the outage time over a given time period. Short
term and long-term outages and intervals between which outage 
times are measured may all be important, as in the case of microwave 
radio systems where short-term outages due to fading differ in their 
effect from longer outages due to gross equipment failures. Typically, 
the objectives for system outage are expressed as minutes per year. 
Since systems are comprised of many de.vices, overall system 
failure rates and reliabilities are functions of many complex com
binations of individual device reliabilities. The laws of probability, 
discussed in Chapter 9, are used to evaluate these combinations. 
In general, combinations of devices in series are more unreliable than 
the least reliable device ; parallel combinations are more reliable 
than the most reliable device. Increased reliability of parallel com-

* An even broader term, survivability, is used to describe the ability of the 
network to function in the event of enemy attack on the contiguous 48 states. 
This subject is not covered here since it is only indirectly related to transmission. 
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binations is the justification for providing diversity for critical 
systems or components of systems. 

Sources of Fai lure 

The sources, causes, and mechanisms of service failure may be 
categorized in many ways. The principal categories can be defined 
as external and internal ; within each of these, there are natural and 
man-made categories. These categories may be considered briefly and 
their effects on the deterioration of service and signal transmission 
may be qualitatively evaluated. 

External Sources. Among the most common external sources of 
failure are the effects of weather and other natural phenomena. 
Lightning, in its direct impact, causes serious damage even to well
protected cables and equipment. Indirectly, it is a source of impulse 
noise, static in radio transmission, and induced currents in wire 
circuits that can cause damage and system outage. Ice, snow, wind, 
and water can also be destructive. Ice on microwave system antennas 
causes serious deterioration of transmission performance. Ice, snow, 
and wind often bring down aerial wire and cable. They make access 
difficult where remote equipment and facilities are necessarily ex
posed. Water does tremendous damage when flooding occurs, but 
even relatively light rain or humidity can cause deterioration of 
service where insulation is exposed and weakened by age and the 
elements. Rain attenuation of some microwave radio signals is a 
serious source of impairment. Atmospheric layers not broken up by 
convection or winds are a source of refractive fading in microwave 
radio systems. 

Other natural phenomena, such as sunspot eruptions and the aurora 
borealis, can create ·earth currents that temporarily disable cable 
system operations or create inoperable conditions in high-frequency 
radio transmission. Finally, communications systems are in no way 
immune to the devastation caused by earthquakes, landslides, and fire. 

Among man-made sources of failure are the environmental hazards 
created by nearby power transmission systems. These systems may 
induce interference currents into communication circuits or, in the 
event of certain power system faults, may produce damaging currents 
and expose personnel to high voltages. If communications circuits are 
exposed to de power systems, still found in traction company opera
tions, the damaging effects of electrolysis must be considered. 
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Construction, installation, and maintenance are also frequent causes 
of failure. Outside plant may be damaged by workmen pursuing high
way or building construction activities or service may be disrupted 
inadvertently during normal outside plant operations. Sometimes, 
service outages are a result of automobile accidents. 

While little damage has occurred to Bell System plant as a result 
of enemy action in time of war, this potential source of failure must 
be of great concern to all those responsible for the design, develop
ment, and operation of all parts of the plant. Little can be done to 
protect against direct hits of even conventional weapons. The possi
bility of direct damage and the effects of electromagnetic pulses due 
to near misses of atomic explosives are given much consideration in 
the design of portions of the present-day plant which carry critical 
services. 

I nternal Sou rces. Within systems, circuits, and devices there are 
a number of natural or man-made stresses that may be causes or 
sources of unreliability. Among these stresses are high voltage (which 
may produce noise or failure by breakdown) ,  heat (which accelerates 
the aging process and may cause fire) , and mechanical stress (which 
may cause fatigue failure or breakage due to mechanical shock or 
long-term vibration in transport or service) . Natural aging is, of 
course, also a source of performance degradation and, ultimately, 
failure. 

Defects due to manufacture, handling, design, or improper installa
tion may cause failure or deterioration. Such defects are sometimes 
hard to control because they are so unpredictable. 

Another form of internal stress is that of overload. At least two 
forms of overload can cause transmission impairments. One form, 
which results when signal amplitudes exceed design values, produces 
serious transmission performance impairments due primarily to 
intermodulation and, in the extreme, can cause transmission system 
failure. This form of overload sometimes occurs when test signals 
are misapplied or when high noise amplitudes are introduced by a 
feeding system that has failed. The second form of overload, ex
cessively high traffic, has its greatest impact on switching system 
operation. This form of overload causes blocking of calls and a 
breakdown of service. It can impair transmission performance only 
indirectly by imposing higher than average loads on affected systems. 
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Reliability in a telecommunication network hinges on the design 
of all elements in the network. Examples are cited of apparatus, 
circuit, system, and manufacturing designs that have had a direct 
impact on reliability performance. 

Apparatus. Certain types of apparatus are commonly used to protect 
circuits and systems from. failure due to high-voltage that may result 
from lightning or contact with power systems, or excessive currents 
caused by power system faults. Protective apparatus includes carbon
block, gas-tube, or solid-state (diode) protectors which break down 
when subjected to excess voltage and carry fault currents safely to 
ground. These devices are themselves sometimes sources of trans
mission impairments ; when lightning or other faults cause partial 
breakdown, low resistance to ground or high resistance or opens in 
one conductor path may result, impairing the circuit by excessive 
attenuation, noise, distortion, or crosstalk. 

H·eat coils are used on many circuits to protect personnel and 
equipment from power sources which have voltages too low to operate 
carbon-block or gas-tube protectors and which produce currents to 
ground (through office equipment) too low to operate normal fuses 
or circuit breakers. Heat coils are designed to operate when fault 
currents exceeding specified values continue to flow on a communica
tions conductor for time periods sufficient to cause excessive heating 
andjor fire in the equipment. Operation of the device serves to ground 
the offending conductor permanently. The heat coil must be replaced 
when the fault has been cleared. 

Fuses and circuit breakers are devices which also operate to pro
tect personnel and equipment from excessive voltage or current. 
These devices operate to open the offending circuit. 

Circuits. A few examples of the many circuit arrangements fur
nished to provide reliable operation are cited here. Among the most 
important is the central office battery arrangement that is used to 
furnish common battery to all or most switching, signalling, and 
transmission systems associated with each office. The battery supply 
circuits are designed so that in normal operation the load is supplied 
from the primary commercial source with a charging current supplied 
to the battery. The size and capacity of the battery are determined TCI Library: www.telephonecollectors.info
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by the load that must be carried by the battery alone in the event 
of primary power failure and by the amount of time the battery 
alone must carry the load without service failure. 

Power distribution circuits within communications systems must 
also be designed to guarantee maximum overall system reliability. 
The design problems involve size of conductors, division of load 
among the battery feed conductors, and the location and capacity of 
fuses. The circuits must be arranged so that a fault in one part of a 
system is contained and the whole system is not taken out of service. 

Grounding of cable sheaths, apparatus cases, and other outside 
plant items must be carefully controlled to minimize corrosion effects 
due to electrolysis, especially where de power systems are used. 

Systems. Perhaps the most common feature of system design for 
reliability involves the "hot spare," i.e., the provision of spare 
equipment that is powered and ready to operate. Service from a 
failed line or piece of equipment is transferred to the spare. The 
transfer may take place automatically, by action of a switching 
arrangement designed to recognize failure and to substitute the 
spare facility, or manually, by patching in the spare equipment. 
Coaxial transmission systems, microwave radio systems, and fre
quency division multiplex terminal equipment are usually provided 
with automatic switching facilities. Reliability improvement hinges 
on the reliability of the protection switch, which may lie idle for long 
periods of time before it is called into action. New designs of high
speed digital transmission· systems are also provided with sophisti
cated monitoring and switching arrangements. Some short-haul 
carrier systems and most of the voice-frequency trunk plant are 
provided with flexible patching arrangements. The degree of pro
tection in each case is determined by the reliability of the component 
parts of the system and the resulting effect on the overall end-to-end 
reliability of the circuits routed over the system. 

Emergency broadband restoration is a procedure designed to main
tain service on a broader scale than the switching and patching 
arrangements just discussed. Restoration arrangements are set up 
primarily to provide temporary service over spare facilities in the 
event of any kind of failure that is not automatically restored, in
cluding failure resulting from the cutting of a coaxial cable or the 
loss of a microwave repeater tower. Restoration patching and 
switching bays have been provided in many locations so that trans
mission systems may be patched together in a flexible manner. Band-
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widths and transmission level points are critical parameters in the 
design of these bays. 

Arrangements are also provided for physically replacing damaged 
plant on an emergency basis. Portable microwave radio repeaters 
and towers, coaxial cable lengths and splicing arrangements, gasoline
driven power supplies, and trailer-mounted PBXs and central office 
switching machines are all kept in storage, available on quick demand 
to furnish emergency service. 

"Hardened" systems have also been installed in recent years to 
increase reliability of the network, especially in the event of enemy 
attack. Cables, structures, and buildings have been built or installed 
to meet stringent blast-resistant requirements, and equipment is 
often shock-mounted. Shielding is used on cables, structures, equip
ment, and buildings to minimize the possibility of service failure in 
the event of exposure to electromagnetic pulses that accompany 
nuclear blasts. 

Manufacturing Designs. The reliability of apparatus, circuits, and 
systems is related to the design of manufacturing processes used. 
Mechanical, thermal, or electrical stresses can often be avoided by 
proper design of the manufacturing process. Reliability can be im
proved by proper test and inspection methods. All these, however, 
must be brought into economic balance. Manufacturing costs are 
.increased by more stringent reliability requirements, and they can 
only be j ustified by savings realized in field operation-reduced 
maintenance, less outage time, reduced cost of repairs, etc. 

Network O perating Methods and Procedures 

Reliability of service is related finally to network operating methods 
and procedures in the field environment. An important element in 
the layout of facilities for reliable operation is the provision of 
diverse routes and facilities. In the long distance plant, for example, 
diversity of trunking between distant cities is often achieved by 
dividing the trunks between coaxial systems and microwave radio 
systems so that some service will remain in the event either type 
system fails. Such diversity may well be further increased as domestic 
satellite systems are brought into operation. 
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The alternate routing features of the local and tol l  portions of the 
message network provide a great measure of reliability. If a route 
is blocked as a result of trouble or excessive amounts of traffic, 
alternate routes can usually be found to satisfy most service needs. 

Many features of route layouts can be selected to maximize re
liability. Hardened long-haul transmission systems are laid out so 
that the backbone route that carries the bulk of the traffic bypasses 
large cities. These routes are thus less vulnerable to damage by 
enemy attack. Service into the cities is carried by sideleg systems 
which are usually smaller in capacity and less well-protected against 
damage. 

In certain environments, the provision of appropriate maintenance 
vehicles is an important element in system reliability. Access to out
side plant facilities may be hampered by snow or other vagaries of 
the weather, long water crossings, or mountainous terrain. Trucks, 
snowmobiles, barges (for river work) , and helicopters all find their 
places in route maintenance and reliability work, not only for repair 
activities but also for patrolling so that new construction work or 
other sources of trouble along the route may be anticipated. 

Another environmental factor influencing reliability is out-of-sight 
plant ; cable may be buried directly or placed .in conduit. In recent 
years, there has been increased emphasis on the part of the public 
to improve and beautify our environment, one result of which is in
creased desirability of out-of-sight plant. While in many cases higher 
capital costs have resulted, some added benefits in reliability and 
lower maintenance costs have been realized. Generally, out-of-sight 
plant is less susceptible to damage by people, ice, snow, wind, rain, 
and lightning. It has also resulted in somewhat fewer outages due 
to cable damage. Offsetting the latter advantage, however, is the fact 
that outages tend to be of somewhat longer duration. 
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Section 5 

Objectives and Criteria 
The design, installation, operation, and maintenance of transmis

sion facilities must be based on logically and scientifically established 
objectives that can be applied throughout the useful life of the 
facilities. The objectives must also be realistic in that, when met, 
they lead to customer satisfaction at a reasonable cost. Objectives are 
dynamic. They must be changed to accommodate changing customer 
opinion and the introduction of new services. However, the degree 
of change and adjustment of objectives must be tempered by economic 
considerations. If objectives are too stringent, excessive costs may 
be incurred for new system designs and for maintenance of existing 
systems. If objectives are too lenient, performance may be so poor 
that customer satisfaction may be low, and an excessive number of 
service complaints may be received. T'o avoid either extreme, objec
tives are continually re-examined and re-established. 

There are occasions when relaxation of objectives must be con
sidered for economic andjor plant reasons. The importance of the 
service, a complete understanding of the basis of the objective, and 
a firm plan to correct the situation are required before relaxation 
can be implemented. It is sometimes tempting, for example, to apply 
objectives lower than optimum in the case of a new service on 
the basis that the new service is temporary or limited in application. 
If this approach is taken, there is danger that concentrations of 
the new servic-e may occur to the extent that damaging effects cannot 
easily be overcome. There is also the danger that the demand for 
the service will increase and that problems first introduced as a 
result of poor j udgment will proliferate and then require years of 
effort to correct. 

Many objectives are determined by a process of subjective testing 
because impairment j udgments are based on the sight or hearing 
mechanisms of the users. Subjective testing is not much used in the 
operating colnpanies ; it is carried out primarily under controlled 
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laboratory conditions. A knowledge of subjective testing techniques 
and methods is desirable, however, in order that results can be 
properly interpreted and used. Information about this type of testing 
is covered in Chapter 23. 

Customer satisfaction with the transmission performance of the 
switched network is conveniently expressed in terms of grade of 
service, a measure of the expected percentage of telephone users who 
rate the quality of telephone connections excellent, good, fair, poor, 
or unsatisfactory when the connections include the effects of a given 
class of transmission impairments. The grade-of-service concept is 
described in Chapter 24, and several applications of the concept are 
discussed. 

Transmission objectives are subject to considerable manipulation 
to make them applicable to various operational situations. After the 
objectives have been determined, a number of ways of interpreting 
them must be considered to account for such factors as variability of 
an impairment and the probability of its occurrence. Also, objectives 
must be translated into firm requirements for system or circuit per
formance ; then the requirements must be allocated to different parts 
of the network and to diff,erent impairments. These m·ethods of 
treating objectives are considered in Chapter 25. 

Chapter 26 discusses a number of specific transmission objectives. 
As related to the message network, many of these have been accepted 
for general application. Others, including many that apply to other 
services, have only provisional status ; and in some cases, objectives 
have not yet been established. The chapter contains some general 
discussion to indicate the nature of the problems involved when 
objectives are not established. 

The economic tradeoffs that must be considered as engineering 
compromises in the design, application, and operation of transmission 
facilities are interrelated and involve judicious application of trans
mission objectives. These relationships are discussed and illustrated 
by significant examples in Chapter 27. 

The North American telecommunications network must inter
connect with and operate with the networks of many other countries 
and thus may be regarded as part of a world-wide telecommunica
tions network. The coordination of the many facets of international 
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operation is guided primarily by the International Telecommunica
tion Union ( I.T.U. ) , a specialized agency of the United Nations for 
telecommunications. The International Telegraph and Telephone 
Consultative Committee (C.C.I.T.T. ) ,  and the International Radio 
Consultative Committee ( C.C.I.R. ) are two permanent organs of the 
I.T.U. and are concerned with international coordination of opera
tions. Chapter 28 describes some of the significant ways in which the 
Bell System and the telecommunications industry of the U.S.A. inter
act with these international bodies, stressing the relationships that 
have evolved in respect to transmission objectives as they are ex
pressed in the Bell System and by the international organizations. 
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Chapter 23 

Subject ive Test ing 

Clearly defined transmission objectives must be established for 
use in setting performance standards and maintenance limits for 
existing systems and in setting design and development requirements 
for new systems. The performance standards and maintenance limits 
must be adjusted to achieve ·economically feasible performance that 
yields satisfaction for the majority of customers. 

Various methods of subjective testing have been developed for the 
purpose of measuring customer opinion as to the disturbing effects 
of transmission impairments. The data thus acquired can be used 
by the application of statistical principles to establish relationships 
between transmission impairment measurements, the subjective ef
fects of the impairments, and overall customer satisfaction. These 
relationships can then be applied to the establishment of transmission 
objectives. 

Transmission objectives should be reviewed frequently and brought 
up to date so that they reflect changes resulting from the introduc
tion of new transmission technology, the introduction of new signals 
or services, and the slowly evolving customer responses to these 
changes. If customer opinion and objectives are not reviewed 
regularly, there is the danger that they may be accepted as a matter 
of habit and thus become traditional. 

Some objectives, whether old or new, can be established or revised 
in a discrete or quantitative manner because they relate only to 
machine and equipment performance ; some, such as the signal-to-noise 
objectives for digital signal transmission, can be stated discretely 
because performance thresholds are sharply defined ; other impair
ments, however, must be judged by subjective testing ; and in many 
cases objectives and performance must be expressed statistically. 

In these instances, one of a number of available test methods must 
be selected, the purposes of the tests must be well-defined, and the 
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test environment must be well-controlled. Also, it must be possible 
to quantify and express the results in useful terms for application 
to system design and operation. In addition, objectives are also related 
to transmission grade and grade of service for use in transmission 
management. Subjective testing does not provide the answers to many 
of the questions relating to objectives or grade of service, but it is 
often the starting point. 

23- 1 SUBJECTIVE TEST METHODS 

Subjective tests of communication system phenomena fall generally 
into one of three categories : ( 1 )  threshold tests to determine thresh
old values of impairment ; (2 )  pair-comparison tests to compare 
interfering effects of two different forms of impairment ; and 
(3 )  category j udgment tests to establish subjective reactions to a 
wide range of impairments ( including intelligibility of telephone 
circuits) ,  a range that spreads from threshold values to unusable 
values. Circumstances determine selection of the category to be used. 

Threshold Testing 

In the determination of an impairment threshold, the test proce
dures are arranged so that each participant, or observer, is given 
the opportunity to establish a value of impairment magnitude at 
which the stimulus is "just perceptible" or "just not perceptible." 
Threshold measurements are often made at the beginning of more 
extensive test procedures in order to establish a base from which 
other work may proceed. Threshold measurements are also valuable 
in determining the sensitivity of observers to a particular type of 
impairment, i.e., to determine if the variation of reactions shows 
a large or small standard deviation. This information is useful in 
assessing the importance of other parameters that may affect the 
result by masking or enhancement. 

Threshold measurements may also be used to determine the im
portance of some newly observed impairment phenomenon. If, in the 
normal course of development or operation, the impairment is well 
below the threshold value, it may sometimes be safely ignored ; if it 
is at or above the threshold value, its importance is increased and 
more extensive testing is indicated. 

Threshold testing is usually easier to carry out than other types 
of subjective testing programs. In many cases, the broad judgments 
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involved and the fact that designs are seldom based on threshold 
values make it unnecessary to perform threshold tests with the 
attention to detail required for useful results in other types of 
testing. Threshold measurements also need only a few test subjects 
since opinions are not involved. 

Pair-Comparison Testing 

Occasionally, a new form of impairment can be evaluated by a 
test procedure, called pair-comparison testing, designed to establish 
a magnitude that makes the impairment being tested as disturbing 
as another type of impairment for which objectives are well defined. 
Two typical arrangements for this type of testing, also called isopref
erence testing, are illustrated in Figure 23-1. In Figure 23-1 (a) the 
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Figure 23-1 . Experimental arrangements for pair-comparison testing. 
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signal source is connected to the two receivers which are adjusted 
to be as nearly alike as possible with no impairments present. Attenu
ator A is then adjusted to impress on receiver A an impairment 
such as random noise. The test subject is then asked to adjust A TT B 
so that in his j udgment the ,disturbing effect of impairment B (for 
example, a single frequency interference) is as disturbing on receiver 
B as impairment A is on receiver A. 

In Figure 23-1 (b) the same procedure is followed except that only 
one receiver is used. The test subject adjusts ATT B in the same 
manner as previously described but makes the comparison between 
impairments by switching back and forth between the two disturbing 
sources. In the second procedure the uncertainty of the equivalence 
of the two receivers is removed. However, other uncertainties exist 
such as the effects of switching transients and, in telephone testing, 
tke coupling-decoupling between the ear and telephone receivers. 
Hence, there is little choice between the procedures. 

The pair-comparison method of testing may be used for either 
visual or hearing tests. The results are generally considered more 
valid, or at least more useful, than threshold test results ; however, 
all the statistical aspects of observer reactions are not included. 
Impairment evaluation is most valid when the impairment is rated 
relative to some standardized scale that can be applied to all kinds 
of impairments. 

Comm ent Sca le Testing - Category Judgments 

The two types of service for which subjective testing has been 
conducted widely are telephone and television. For each of these, 
there has evolved a mode of subjective testing which involves a 
scale that permits quantitative evaluation of judgments of the dis
turbing effects of impairments. The two scales are different, though 
they have certain similarities, and they are used somewhat differently. 

Telephone I mpairment Testing. Bandwidth limitation was one of the 
first types of telephone transmission impairment for which objectives 
were established by subjective testing. The test method that evolved, 
known as articulation testing, measured intelligibility of received 
speech. The test procedure involved the preparation of stimuli in the 
form of standard lists of vowel and consonant sounds, syllable sounds, 
real and nonsense words, and sentences. These stimuli were trans-
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mitted by a number of speakers to various listeners who recorded 
what they heard. Errors in their records were used as the basis of 
evaluating the effects of variations in the high-frequency or low
frequency cutoffs or in the overall bandwidth of the circuit [1, 2, 
3, 4, 5, 6] . Such lists are still used in some related types of testing [7]. 

Category j udgment evaluations have been applied analytically to 
the results of articulation tests. At present, other kinds of impair
ments to the transmission of speech signals over message channels 
are often evaluated directly by subjective tests in which participants 
rate specific transmission conditions excellent, good, fair, poor, or 
unsatisfactory. The tests are conducted in such a manner that various 
impairments are rated under listening conditions selected to be as 
representative as possible of operating conditions. 

Usually, these tests are carried out to evaluate a specific impair
ment - for example, a single frequency tone. Other impairments 
either are suppressed or are impressed on the listening circuits at 
values typical of those found in practice. Ultimately, objectives must 
be established for combinations of impairments which are evaluated 
to establish a grade of service. 

Television Impairment Testing. Subjective testing of television impair
ments has followed the complete cycle of threshold testing, compara
tive testing, and comment scale testing. The cornment scale shown 
in Figure 23-2 was adapted for use in the Bell System and was 
selected after many efforts to find suitable terms that would ade
quately describe a wide range of impairments. 

COMMENT NUMBER COMMENT DESCRIPTION 

1 Not perceptible. 

2 Just perceptible. 

3 Definitely perceptible, but only slight impairment to 
picture. 

4 Impairment to picture, but not objectionable. 

5 Somewhat objectionable. 

6 De1initely objectionable. 

7 Extremely objectionable. 

Figure 23-2. Seven-grade comment scale for rating television impairments. 
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In this type of test, a minimum of ten observers are usually used. 
The observers are persons (usually technically trained) having good 
eyesight, experience in judging television picture impairments, and 
proven consistency in their evaluations over a reasonable period 
of time. 

23;.2 TEST PLAN AND PROCEDURES 

The design and administration of a subjective test program involves 
careful planning and preparation. To have maximum value, such 
tests must have well-defined goals and must be carefully controlled 
throughout. The nature of the goals often influences the choice of 
test method, determines the details and sophistication of test ar
rangements, establishes the importance of providing appropriate and 
well-designed environmental test conditions, and helps to establish 
the number and qualifications of observers. 

Setting Goals 

Some carefully considered questions - by definition, the right 
questions - are involved in the determination of the goals of a 
subjective test program. The determination of the right questions is 
sometimes an iterative process, because they are not automatically 
known. However, if the attempt is not made to ask the right ques
tions, the risk is high of getting the right answers to the wrong 
questions and then to set off in the wrong direction. To illustrate, 
consider the problem of determining how much frequency offset can 
be tolerated in FDM channels. If a subjective test program is con
ducted in which only speech signals are used, the results would 
indicate listene:r tolerance of tens of hertz to this impairment. Early 
considerations, however, should have included a preliminary investi
gation to determine what type of signal is most susceptible to fre
quency offset. The preliminary tests would quickly have shown that 
certain types of music are most susceptible, and a subjective test 
program would then have been designed around the criteria of satisfy
ing critical listeners to musical programs ; speech signal testing could 
have been limited to that which would assure that speech transmis
sion would be acceptable when objectives for music were satisfied. 

Who is to be pleased and to what degree are two other questions 
that must be answered. For television signals; transmission objectives 
that satisfy home viewers may not satisfy the broadcasters or the 
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advertisers. Transmission objectives must be set to satisfy the most 
critical of these groups, and it is often necessary to set objectives at 
threshold or near-threshold values. 

Test Loca le 

Subjective tests may be conducted in the field or in the laboratory, 
with the choice normally determined by the test goals and by the 
relative advantages and disadvantages of each locale. 

Field Tests. The principal advantages of conducting tests in the field 
are that the normal, uncontrolled environment of the operating plant 
is used and that the test subjects (observers ) are the customers who 
normally use the service. Thus, realistic appraisals of various 
phenomena can be made under operating conditions. 

The same parameters that are judged to be advantages of field 
testing are also the greatest disadvantages when considered from 
another point of view. The inability to control the test environment 
and the observers makes it difficult to achieve accuracy and precision 
in the test results. Service impairments such as slow dial tone and 
all circuits busy conditions can be evaluated best in the field environ
ment. The subjective evaluation of transmission impairments, how
ever, seldom falls within the framework of broad judgments and 
evaluations of service. 

Laboratory Tests. Most subjective testing of transmission impair
ments is carried out in the laboratory where test conditions can be 
controlled and where observers can be selected and trained. Some
times the entire test program is carried out in the spirit of a 
laboratory experiment, with all facets of the program (impairment 
simulation, environment, procedure, etc. ) carefully designed and 
controlled. 

In other cases, a laboratory test program may be designed to 
simulate the field environment but in a controlled manner. One such 
test program, for example, involved the introduction of computer
controlled time delays (with and without echo suppressors) into 
working telephone circuits for the purpose of simulating very long 
transmission circuits and evaluating the effect of echo. The observers, 
selected laboratory personnel, evaluated the effects of the impair-
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ment during actual conversations and reported to the computer by 
prescribed station set dial operation [8] . 

Normally, laboratory tests of transmission impairments are greatly 
preferred over field tests. Better simulation of the impairment under 
test can usually be made in the laboratory, test results are less likely 
to be influenced by external factors, and better control can be exer
cised over the program. Also, laboratory testing is usually less 
expensive than field testing. 

Test Conditions 

After the initial test plans have been formulated and the procedure 
has been decided upon, the next step is to establish all test conditions 
and facilities. It must be decided whether the tests are to be made 
under laboratory or field conditions ; a source of the impairment (real 
or simulated) must be provided ; the circuits required for conducting 
the test must be selected or designed ; and the necessary test equipment 
must be procured. 

Laboratory Environment. The process of laboratory subjective testing 
must involve careful control of the test environment, including both 
the physical environment in which the test is conducted and the 
environment induced by circuit conditions and arrangements. In both 
cases, the laboratory environment must realistically simulate the 
environment in which the impairment actually occurs and must be 

W consistent with the stated goals of the test program. 

Physical Environment. It is not possible to specify the nature of 
control necessary over the physical environment in any given situ
ation ; however, the physical environment must be consistent with 
the goals of the test. If, for some reason, the threshold value of a 
stimulus must be determined under the most stringent conditions, 
external distractions must be minimized. For example, if a listening 
test is required, the environment must be something in the nature of 
a soundproof room ; if a visual test is required, the environment must 
be a darkened room. 

On the other hand, if a stimulus is to be evaluated by category
judgment-type testing with normal observing conditions, it may be 
desirable to create a noisy environment by playing recorded street 
sounds or room noise at appropriate sound levels. If the tests involve 
television viewing, appropriate ambient lighting may be used. 
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Circuit Conditions. Circuit conditions that are provided for sub
jective tests are perhaps even more variable than physical conditions, 
but they must also be consistent with pre-established goals. Some 
examples may be given. 

If telephone listening tests are to be made, a number of questions 
must be answered. First - would the purposes of the tests be served 
in the presence of impairments other than the one under test (multiple 
impairment testing) ; and if so, how loud should they be ? For example, 
if echoes are being evaluated, should there be noise on the test circuits 
or should they be as quiet as possible ? Impairments are inter
dependent ; while subjective test results may apply to one or a com
bination of several impairments, other interrelated impairments must 
always be kept in mind. Second-should there be a normal signal 
present, and if so, what kind of signal ? If a particular noise impair
ment is under test, for example, should the observers listen to a 
simulated conversation while evaluating the noise ? Or would it be 
better to have the observers listen to continuous speech ? Or perhaps 
there should be no speech signal on the circuit at all. 

If television viewing tests are involved, the same kinds of questions 
must be answered. For significant results, should a picture be present 
or should the screen be blank ? Should the picture be one with large 
flat areas of constant brightness or should it be "busy" with a lot 
of high-frequency components present in the signal ? Should other 
impairments be present in the picture during the tests ? 

These questions have no general answers and therefore must be 
considered both separately and collectively. The answers can often 
be determined from the results of preliminary testing carried out to 
establish procedures and to determine which parameters affect the 
results sought. 

Source of Impairment. Introduction into the test circuit of the impair
ment to be evaluated is, of course, a prerequisite to subjective testing. 
Sometimes this is straightforward, particularly when the impairment 
is well-defined and easy to simulate. For example, a signal generator 
to produce a single frequency interference or a random noise genera
tor to introduce random noise into the test circuit may well suffice. 

On the other hand, it is often necessary to record the impairment 
and then to use the recording as the source during the test. This 
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approach is used in cases where the impairment is intermittent or 
has some other unusual characteristic that is not easily reproduced 
except under carefully controlled conditions. An example is the 
evaluation of interference falling into a telephone channel due to 
cross-modulation between multifrequency signalling tones and televi
sion signal components where combined system (telephone-television ) 
operation is contemplated. In this situation, the interference falls at 
different frequencies in the disturbed channels, has highly variable 
amplitude characteristics, is randomly intermittent, and has a com
plex and variable spectrum. Recordings of such an impairment are 
the only way that the impairment can be adequately simulated for 
test purposes, and great care must be taken that the recordings 
adequately represent the variables mentioned. 

Test Circ uits. The principal requirement of test circuits used in 
subjective testing is that they must be capable of delivering signals 
and impairments to the test area without introducing distortion that 
might mask the results of the test. It is essential, therefore, that all 
transmission, distribution, and control circuits be thoroughly tested 
under all conditions to which they will be subjected in the test 

\ 
program. 

Test Equipment. The selection of test equipment is as important as 
the selection of test circuits. The test equipment must be available 
before the test program is begun, and effort must be expended to 
assure that its capabilities and accuracies are appropriate to the 
task. Consideration must be given to the human engineering of the 
tests so that the selected test equipment can be used conveniently. 
Consideration must also be given to the need for and availability of 
automated measurements and recordings of measurements. 

Test Procedures 

The actual conduct of the test program finally must be worked out 
in detail. Only general guidelines can be given here because the pro
cedure may be different for each test. In most situations, ten or 
more observers ( sometimes expert and sometimes non-expert) are 
asked to participate, particularly when comment scale testing is to 
be used. For these purposes, an expert observer is defined as a person 
with good vision (for television) or hearing (for telephone) with 
experience in judging impairments, who has exhibited consistency 
in his evaluations over a reasonable period of time. Frequently, tele
vision testing involves the use of expert observers ; for telephone 
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testing, nonexpert observers are chosen to be a representative sample 
of all users. 

Usually, a test program is begun by training the observers. The 
training involves first an exposure to the impairment under test so 
that each observer knows what to look for or listen for. If test 
arrangements are such that other impairments are present and 
cannot be eliminated, the observers may be told to try to ignore them 
and judge only the impairment under test. The observers then are 
given the scale of comments to be used in judging the impairment. 
Often, a few trial runs are used to give the observers a sense of 
understanding of the test process. 

Some pitfalls are to be guarded against. One is the introduction 
of observer bias such as the bias that might result from presenting 
an ordered sequence, like best-to-worst or worst-to-best test condi
tions, to all observers in all test sequences. Randomizing the sequence 
of presentation is desirable. Another pitfall to be avoided is observer 
fatigue. This condition can sometimes be identified in preliminary 
testing ; experienced observers may become inconsistent after a period 
of observing, and that period of time may then be used for the 
duration of final testing. 

Before actual testing begins, every step of the procedure should 
be rehearsed, and every effort must be made to ensure that all ob
servers are exposed to the same or very similar viewing or listening 
conditions. The circuits, test equipment, television pictures or tele
phone signals, and impairment sources should be checked and cali
brated before each test in order to eliminate unwanted and unex
plained variations. In short, the entire procedure must be conducted 
with great care and precision to ensure valid results. 

23-3 DATA ANALYSIS 

For a subjective test program to produce useful results, the ac
cumulated data must be analyzed and presented so that they may 
be related to performance criteria. For these purposes the subjective 
test data and performance criteria are often expressed in terms of 
mean values and standard deviations. 

Methods of analysis have improved as subjective testing procedures 
have become more scientific and as the importance of test results has 
become more widely appreciated. The progress made with respect to 
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the evaluation, analysis, and presentation of the results of subjective 
testing of television impairments is a case in point. In the middle and 
late 1 940s, when the television industry was growing rapidly, most 
of the development and research emphasis was placed on gaining an 
understanding of the fundamentals of television camera, transmis
sion, and reproduction processes. Later, experiment and analysis were 
devoted to the evaluation of various impairments. 

One study exemplifying this type of analysis involved the evalua
tion of random noise impairment of television pictures [9] . In this 
study, the similarity of random noise effects to the graininess of 
photographs was noted, and the number of spots or grains that 
could be expected from noise was compared with the graininess of 
photographic pictures. The analysis had to take into account the size 
of the grains (due to the duration of noise bursts) , all of the television 
signal processes (camera and viewing tuhe spot sizes and shapes, 
scanning process, brightness-voltage relationships) ,  viewing distance, 
etc. ; furthermore, all of these parameters had to be expressed mathe
matically. The analysis was closely tied to earlier observations that 
the ratio of the minimum perceptible change of a stimulus to the 
value of the stimulus tends to be constant over a wide range of 
stimulus values (the Weber-Fechner law) . 

Later work in evaluating television impairments extended the 
ideas of comparison testing and introduced the comment-scale method 
of impairment evaluation. For example, one series of tests was based 
on the comparison of echo and random noise impairments with high 
quality, projected lantern slides of photographs impaired by de
focusing the projection system by known amounts [10] . The com
parisons made between defocused lantern slides and impaired tele
vision pictures involved the use of a unit called the limen, or liminal 
unit. ( One liminal unit indicates a 75 percent observer vote preference 
for one picture condition over another. )  The analysis of the preference 
votes approximately followed a normal distribution. It was also 
shown that the difference from one comment to another is approxi
mately one limen where the comment scale used was the same as that 
given in Figure 23-2, with one minor exception-the present definition 
of comment 7 is "extremely objectionable," while that used in the 
earlier tests was "not usable." The results of these tests were plotted 
in various ways to determine the usefulness of the data for engineer
ing purposes. One such plot is illustrated in Figure 23-3, in which 
echo attenuation is plotted as a function of the percent of observa-
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Figure 23-3. I l lustrative plot of echo impairment characterization. 

tions indicated for each value of attenuation. A separate plot is given 
for each comment number. Test data were smoothed for these plots. 

As the emphasis shifted to comment scale testing, data analysis 
techniques have been improved, and data have been subjected to more 
and more critical evaluations. In early studies [11 ] , data that had 
been smoothed by eye was often presented for engineering use. More 
recently, the smoothing process and methods of presentation have 
been derived by more systematic procedures and more analytic 
methods [12] . Further improvements in analysis are under study. 

The analysis of subjective test results of telephone impairments 
has evolved in a somewhat similar manner. Some indication of how 
such analyses are currently made is illustrated by a report on the 
derivation of modern message circuit noise objectives [13] . One 
useful product of these tests and analyses is illustrated by Figure 23-4, 
which shows the variation of observer reaction to various amounts 
of noise on a telephone circuit, expressed in terms of comment scale 
testing. 
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Chapter 24 

Grade of Service 

Transmission grade of service is a measure of the expected per
centage of telephone users who rate the quality of telephone con
nections excellent, good, fair, poor, or unsatisfactory when the 
connections include the effects of a given class of transmission im
pairments. It combines the distribution of customer opinions with 
the distribution of plant performance parameters to obtain the ex
pected percentage of customer opinions in a given category or 
categories. While the term is usually applied to overall communica
tion service, the grade-of-service concept can be . applied in theory to 
one aspect of communications such as transmission ; to one specific 
impairment such as noise, loss, or echo ; or to various combinations 
of these impairments. It is usually expressed in terms such as a 
noise grade of service of 95 percent good or better or a noisejloss 
grade of service of 3 percent poor or worse. Among the impair
ments that tend to degrade speech signal transmission performance, 
noise, loss, and echo are predominant. 

Transmission management of the telecommunications network in
volves the establishment of transmission objectives, the measurement 
of transmission performance, and the measurement of customer 
opinions of the quality of service rendered. The grade-of-service 
concept is a useful tool for fulfilling these responsibilities. While the 
concept is usually used directly in establishing objectives, it is also 
sometimes used in inverse applications to determine what per
formance must be achieved to meet established grade-of-service 
objectives. 

I I  24-1 A GRAPHIC DERIVATION OF GRADE Of SERVICE 

The transmission grade of service is usually determined by mathe
matical derivation from opinion and performance survey data. A 
simplified graphical analysis is offered first in order to 'illustrate the 
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basic concept as an aid to an understanding and interpretation of 
the mathematical derivation. This analysis is, of course, hypothetical 
and uses values of opinion and performance parameters that repre
sent a typical problem of loss grade of service. 

Customer Opinion Distributions 

The distribution of customer op1n10ns would normally be deter
mined by a subjective test program in which the distributions of 
connection losses and talker volumes are inherently combined. For 
a loss grade-of-service analysis, the combined distribution would 
then have to be interpreted in terms of loss only. Assume that the 
results of the subjective tests are finally expressed as the percentage 
of observers that rate connections with each of seven loss values 
( 0  through 6 dB, inclusive) according to the standard rating scale 
excellent, good, fair, poor, unsatisfactory. For this impairment, the 
unsatisfactory category is increased by those observations that the 
received volume is considered too loud when the connection loss is low. 

The distribution of good ratings is plotted as a histogram in 
Figure 24-1. In the analysis it might be found that observers rated 
more than one value of loss in a given category, and the total number 
of observations in that category might then exceed 100 percent. 
To avoid this ambiguity, assume that for each observer only the 
highest value of loss rated in a given category is used ; thus, the 
ordinate in Figure 24-1 is really in terms of the threshold of good 
ratings. 
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Figure 24- 1 . Histogram of good ratings of loss. 
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This manner of displaying the results of the subjective tests may 
now be extended to show how the connection is rated by all the 
observers for each value of loss. Figure 24-2 illustrates the cumulative 
opinions of good or better and too loud, and fair or worse. The cumu
lative opinions of good or better never reach 100 percent because the 
low losses result in some opinions of too loud which must be subtracted 
from the total. 

Relation of Connection losses to Subjective Test Results 

To determine the grade of service, the losses of the connections 
being evaluated must be measured and plotted. Figure 24-3, a 
histogram of the distribution of such losses, represents the proba
bility of encountering a given connection loss. Similarly, Figure 24-1 
represents the probability that a connection loss of a given value 
is rated good by a random sample of observers. These distributions 
may now be combined as a product of the probabilities at each loss 
value to obtain the probability of a connection of a given loss rated 
good. The resulting probabilities are plotted as the distribution 
shown in Figure 24-4. Thus, of all possible combinations of con-
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Legend: 

G - good 
E - excellent 
TL - too loud 

Figure 24-2. Overal l  ratings of loss. 
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Figure 24-3. Histogram of connection losses. 
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Figure 24-4. Histogram of connections rated good. 

nections and observers, just 20 percent (the sum of the entries in 
the histogram in Figure 24-4) would be rated good. 

Another, somewhat more detailed process may be used to combine 
the distributions of Figures 24-1 and 24-3. This approach involves 
finding the probability that the difference between the two is a 
certain number of dB for every possible combination of opinion and 
connection loss. The process is illustrated in Figure 24-5 where the 
values of Z are the differences in loss values from Figure 24-1 and 
Figure 24-3. The total probability of the loss difference, ( Y  -X) =Z, 
is the sum of the products of all the ordinates at loss values with 
differences equal to Z. 

Coincidence of the good threshold and connection loss values 
( i.e., 5,5 ; 4,4 ; 3,3 ; 2,2) is shown at Z = 0. As in Figure 24-4, the 
percentage of connections rated good by observers is again 20 per-
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cent. When trunk losses are lower than the good threshold of each 
observer, the connection is rated good , excellent or too loud. When 
trunk losses are higher than the good threshold, the connection is 
rated fair or worse. 

This general approach can be pursued further to extract from 
the result those combinations of connection losses and observer 
opinions that would result in a net judgment of too loud. Notice, 
however, that in the example chosen, the only connections for which 
too loud ratings are given are those having 0 or 1 dB of loss 
( Figure 24-2) . The assumed distribution of connection losses 
( Figure 24-3) shows that there are no connections in the study 
having less than 2 dB of loss. Therefore, the resultant distribution 
is not affected by the too loud category of opinions. 

If the distribution of the parameter Z, shown in Figure 24-5, were 
plotted as a cumulative distribution histogram, Figure 24-6 would 
result. Since there are no too loud ratings, Figure 24-6 shows that 
37 percent (Z == 0 dB ) of the connections are rated good or better. 
The remainder, 63 percent, are rated fair or worse. It may be said, 
then, that the example demonstrates a 37 percent good-or-better loss 
grade of service. 
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For actual distributions of observer op1n10ns and losses (and 
other impairments such as noise and echo which must be evaluated 
simultaneously) , such a simplified approach using histograms and 
direct multiplication and summing of probabilities is impractical be
cause the distributions are, or at least approach, continuous distri
butions. However, as pointed out in Chapter 9, distributions of these 
parameters are normal or may safely be assumed normal. In addition, 
the results of subjective tests are usually represented by normal 
distribution functions such as those illustrated in Chapter 23 (see 
Figure 23-4) . Therefore, the combination of impairment and opinion 
distributions may be treated mathematically by using representative 
values for their means and standard deviations. As covered in 
Chapter 9, the combined distribution can be determined for two 
independent distributions by subtracting their mean values and 
adding their variances. 

24-2 MATHEMATICAL DERIVATION OF GRADE OF SERVICE 

As previously mentioned, grade of service can be computed from 
mathematical expressions of measured performance parameters and 
of user opinions of performance. While manipulation of grade-of
service relationships has seldom been necessary in the operating 
companies, the concept is becoming more widely applied as more use is 
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made of cO'mputer programs, such as GOSCAL (grade-of-servke 
calculation) .  Such programs will be made available for field applica
tions. The mathematical grade-of-service relationships may be used 
to determine the expected grade of service for certain combinations of 
performance parameter measurements and user opinions. 

To describe grade of service mathematically,* let R denote the 
rating assigned by an individual selected at random whose telephone 
connection is subject to an impairment designated X. Also, for con
venience, assign numerical values, designated Cj, to the 5-category 
comment scale as follows : 

Excellent == 5 
Good == 4 
Fair == 3 
Poor == 2 

Unsatisfactory == 1.  

Next, suppose that connections are made and rated by each of a 
random sample of k customers ; their corresponding ratings are 
designated R1, R2, . . . , Rk. Then, the fraction who rate their con
nections in any category, Cj, is 

where 

and 

k 
( 1/k) 2: 13 (Ri - c;) 

i == 1 

13 (Ri - c;) == 0 when Ri -¥-= c;. 

Thus, the expected .fraction is 

E{ 

k 

( 1/k) 2: 8 (Ri - Cj) 
i == 1 

* Mr. N. A. Marlow, Bell Telephone Laboratories, Holmdel, N. J., .provided this 
mathematical treatment of the grade-of-:service relationships in an unpublished 
memorandum. TCI Library: www.telephonecollectors.info
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The corresponding grade of service for category Cj, i.e., the expected 
percentage of customers who would place their connections in 
category c;, is then lOOP { R==c;} percent. The discussion to this point 
is general in that the impairment, X, either can be fixed or can vary 
randomly according to a given distribution. 

To obtain an expression for the probability P{R==c;}, which ex
plicitly reflects both the variability of customer rating for a given 
impairment value and the variability of impairment values, let 
P{R==c1 I X==x} denote the conditional probability that the rating is 
c1, given a fixed value x of the impairment X. If fx (x) denotes the 
density of X, it follows from the law of total probability that 

00 

P{R=c;) = J P{R=c; I X=x)fx (x ) dx ( 24-1 ) 

By writing g; (x) == P{R==c; I X==x}  and fixing a particular value 
of x, it follows that as c1 varies, g; (x )  is a conditional ( discrete) 
distribution of customer opinion which can be estimated by subjective 
testing in a controlled laboratory environment. 

To illustrate a particular application of Equation (24-1 ) ,  suppose 
that the rating category under consideration is good or better ; i.e., 
R == 4 or 5. The corresponding grade of service is 

where 

00 

100P{R=4 or 5 )  = 100 J P{R=4 or 5 J X=x)fx (x ) dx ( 24-2) 

P{R==4 or 5 I X==x} == P{R==4 1 X==x}  + P{R==5 1 X==x} 
== g4 (x)  + gs (x) 

Suppose also that X is normally distributed with mean value, JJ-, and 
standard deviation, u. Then, by substitution in Equation ( 24-2) , the 
grade of service becomes 

co 
100 f 2 2 100P{R==4 or 5 } == 

ay'21r 
P{R==4 or 5 1 X==x}e- <x-JL) f2u dx . (24-3) 
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For a category of good or better, the function P{R==4 or 5 I X==x} 
varies with the value, x, of the impairment X and can often be 
adequately represented in practice by the function 

( a-x ) g4 (x)  + Us (x )  == P{R==4 or 5 I X==x }  == Fz -b- (24-4) 

where a and b are constants and F z ( z) is the standard normal a-x 
integral, as given in Equation (9-25) , evaluated at z == -b- .  Here, 
it is written 

It has been assumed that as x increases in value, the expected 
fraction of ratings which fall into the good-or-better categories 
decreases. Equation (24-4) does not imply that customer opinion is 
normally distributed ; as mentioned earlier, opinion for a given im
pairment level has a discrete distribution, and Equation (24-4) 
simply expresses the analytical fact that a complementary normal 
distribution function is used to describe the function g4 (x)  + us (x ) .  
By combining Equations (24-3) and (24-4) the grade of service can 
be written 

co 

100 P{R==4 or 5 }  == -a--�-�-1T- J Fz ( a b x ) e - <x-u>2!2.? dx. (24-5 ) 

The last integral can be evaluated in closed form with the result 

( a-JL ) 100P{R==4 or 5 }  == 100 Fz ylb2+o-2 (24-6 ) 

In the above illustration, it was assumed that the conditional proba
bility of a good-or-better rating, P {R==4 or 5 I X==x} , decreases 
monotonically as the impairment value x increases. This might occur, 
for example, when X represents noise. On the other hand, if X repre
sents received volume, then the function P { R==4 or 5 I X ==X} would 
tend to increase up to a point, as x increases, and then decrease 
because both low and high volumes tend to be objectionable. 
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When the conditional probability P{R==4 or 5 I X==x} varies 
monotonically with the value of the impairment, x, it is possible to 
derive the grade of se·rvice by a different process from that j ust 
described. In particular, suppose that for a customer selected at 
random, it is possible to define a unique threshold, T, such that if the 
value of the impairment X is less than T, then a good-or-better 
rating would result. This would occur, for example, if customers 
consistently give poorer ratings as the magnitude of the impairment 
increases ; the threshold would then be the value of impairment where 
the transition occurs from, a fair to a good rating. * Next, sup
pose as before that a random sample of k customers with thresholds 
T1, . . . , Tk establish connections having corresponding impairments 
X1, . . .  , Xk. For the ith subscriber, a good-or-better rating occurs 
if and only if Xi < Ti so that the fraction who would rate their calls 
good or better is 

where 

and 

k 
( 1/k) z V ( Ti-Xi) 

i==1 

Thus, the expected fraction is 

k 

( 1/k) z V ( Ti-Xi)  

i==1 

} = ( 1/k) ± P (X, < T,) 

i==1 

== P (X < T) 

and the corresponding grade of service for the good-or-better 
category is 

lOOP{X < T} 

*In some c·ase·s i t  may not b e  possible to identify a unique transition because of 
subjective rating inconsistencies.  For example, as  the impairment value is in
creased, the ratings may show a reversal such as is illustrated by the sequence 
5,4,4,3,4,3,3,2,2,1. This represents a major drawback in the approach based on the 
threshold concept. TCI Library: www.telephonecollectors.info
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To determine the probability, P{X < T}, assume that an indi
vidual's threshold, T, is statistically independent of the impairment, 
X. Then 

P{T > x I X==x }  == P{T > x }  , 

and it follows from the law of total probability that 

00 

P { T  > X) =  j P{T > x I  X=x) fx (x) dx 

00 

= j P{T > x)  fx (x) dx (24-7) 

where fx (x) is the density of the impairment X. On the other hand, 
if X ::::: x, a good-or-better rating occurs if and only if T > x ;  hence 

P{T > x} == P{ T > x I X==x} 

== P{R==4 or 5 I X==x }  (24-8) 

Thus, the distribution of thresholds among individuals is given by 
the function 

P ( T < x )  == 1 - P{R==4 or 5 I X==x} , (24-9) 

and substitution into Equation (24-8) gives the grade of service. 

To illustrate, suppose again that X is normally distributed with 
mean, f.J-, and standard deviation, a-, and assume that 

where 

( a-x ) P{R==4 or 5 1  X=x }  = Fz -b-

a - x  ( a-x ) 1 �-o 2 Fz -b- == 
V21T 

e -y 12dy 
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From Equation (24-9) , 

( a-x ) P{T < x} == 1 - Fz -
b
-

( x-a ) == Fz -
b
-

Thus, T is normally distributed with a mean a and standard devia
tion b. To determine the good-or-better grade of service, write 

P{X < T} == P {X - T < 0} ( 24-10) 

Since X and T are both normally distributed and independent, it 
follows that X-T == S is normal with mean, 11--a, and standard de
viation, O"s == ya-2 + b2• Thus, if d is any real number, 

( d- (J.L-a) ) P{X - T < d} == Fs 
vu2+b2 

where F s ( s )  is the normal distribution function. 

In particular, setting d == 0, 

(24-11 )  

(24-12) 

Consider now a simple but useful application of these concepts 
to the determination of a noise grade of service. The function f (S) , 
is plotted in Figure 24-7 as a normal probability density function 
representing the combined distribution of noise and customer opin
ions. Its median value is shown as (J.L-a) . The 0-db value is by 
definition the value at which the stimulus just meets the given rating, 
good. The 0-db point is related, for a particular set of conditions, to 
the median value by a value proportional to the standard deviation, 
KO"s, in the figure. Noise is more disturbing as its magnitude in
creases, and so it is necessary to express the integral f (S) so that 
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Figure 24-7. Normal probability density function for noise grade-of-service 
determination. 

the area to the left of the 0-dB point in Figure (24-7 ) represents 
the good-or-better grade of service. That is, 

Grade of service 
good or better 

00 

= 1 - J fs (s) ds 
0 

The process of combining the noise distribution and opinion dis-
1r tribution functions to determine the grade of service can be con

veniently carried out by using arithmetic probability paper. Suppose, 
for example, that the distribution of noise for a group of trunks, as 
measured and translated to the station set terminals, is found to have 
a mean value of 36 dBrnc and a standard deviation of 4 dB. Also, 
suppose that subjective tests have been conducted, that the results 
show that the median value of noise rated good or better at the 
station set is 39 dBrnc, and that opinions vary normally with a 
standard deviation of 6 dB (see Figure 23-4) . The two functions 
are pi otted in Figure 24-8. 

I I I 

To determine the good-or-better noise grade of service provided 
by these trunks, the two functions of Figure 24-8 may be combined 
and plotted as in Figure 24-9. Here, the mean value of the combined 
distribution is the difference between the means of the two distribu-
tions of Figure 24-8 (36 - 39 == -3 dB ) and the standard deviation 
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Figure 24-8. I l lustrative probability density functions for noise and noise ratings. 

of the combined distribution is the square root of the sum of the 
squares of the two standard deviations ( v 42 + 62 == 7.2 dB ) . The 
resulting distribution crosses the 0-dB value, the value of noise 
relative to that rated good or better, at the 62 percent point on the 
ordinate. Thus, these trunks yield a noise grade of service of 62 
percent good or better. 

To determine a probability density function needed to achieve a 
given grade of service, such as 95 percent, the inverse process must 
be used. The resulting function might then be used to set equipment 
performance criteria. The process would be an iterative one in which 
the density function of Figure 24-7 would first be assumed. The 0-dB 
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Figure 24·9. Combined probability density function for grade-of-service rating of 
i l lustrative trunk group. 

point would be determined by referring to Figure 9-15 to determine 
the value of Kus for which the area to the left of the 0-dB point is 
95 percent of the total ( 1 .65 a-s) .  Achievable performance curves 
would then be studied to be sure they would fit the assumed condi
tions. By continuing the measurement of performance, it is possible 
to verify that the 95 percent grade-of-service criterion is still being 
satisfied. 

· 

The preceding discussion has been confined to the grade-of -service 
evaluation of a single impairment ; in reality a number of impair-
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ments always coexist. This type of evaluation is sometimes made with 
the assumption that other impairments are held constant or that the 
impairment of interest is dominant. To e·stablish overall transmission 
grade-of-service evaluations, all important impairments must be con
sidered. Many evaluations of telephone circuits now .are based on 
composite grades of service combining the effects of more than one 
impairment. The loss/noise grade of service is an example [1,  2] . 
Techniques are also now available to extend the concept to loss/noise 
and echo grade of service. For such evaluations, equations like (24-5) 
must be evaluated as multiple integrals. Computer programs such as 
GOSCAL are useful as an aid in evaluating these integrals. 

24-3 USES OF THE GRADE-OF-SERVICE CONCEPT 

Alternate solutions to many transmission engineering problems 
can be compared by using the grade-of-service concept. The informa
tion obtained by such analyses often provides the basis for making 
engineering compromises in establishing or allocating objectives, 
identifying weak spots in performance, evaluating improvements, 
showing the effects of time on services rendered, or conducting a 
subjective test program or a field performance survey. Grade of 
service is also used to evaluate combinations of service parameters 
and to optimize performance with respect to such combinations so 
that no single parameter is allowed to dominate. 

Engineering Compromises 

Solutions to engineering problems almost always involve compro
mise when requirements conflict. One of the more obvious conflicts 
is achievement versus cost ; performance can nearly always be 
improved if costs are ignored. 

Grade-of-service relationships can often be used to determine what 
compromises are most appropriate and most economical. As an 
example, consider a study to determine the allocation of noise ob
jectives to long-haul and short-haul carrier systems. The allocations 
were derived to satisfy customer-to-customer grade-of-service opin
ions of 95 percent good or better for 1000- to 4000-mile connections 
made up of combinations of long-haul and short-haul trunks having 
various assumed noise density functions. The resulting noise values 
were translated through a representative loop loss distribution to 
equivalent values at the station set for which grade-of-service 
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opinions had been established by subjective testing. Throughout the 
study, the noise values were determined for each assumed trunk 
length from measured data. The standard deviation was assumed 
constant at 4 dB, independent of trunk length. One overall result of 
the study, shown in Figure 24-10, was a curve showing the locus of 
points for which combinations of long-haul and short-haul trunk 
noise satisfied a constant criterion of 95 percent good or better. Other 
curves, not shown, were determined for the other percentages, 97, 
93, etc. 

40 

� 38 
1:: 

� 
� 
! 36 ·s 1:: ... E �  
.!! E !§ 34 

;:) ,_  0 ..c c. 32 1:: 
...2 
1:: 0 Gl � 30 

28 

....... 

22 24 

� � � 
\ 

\ 
26 28 30 32 

Mean short-haul system noise (dBrncO) 
60 miles 

Figure 24- 1 0. Noise al location study results. 

34 

The choice of objectives, shown to be 34 dBrncO for long-haul and 
28 dBrncO for short-haul systems, was made on the basis of con
siderations of expected noise performance of systems under develop
ment at the time of the study and the economics of reducing the 
noise in those systems. Figure 24-10 shows that a 2-dB relaxation 
of the long-haul objective to 36 dBrncO would require a 4-dB more 
stringent short-haul objective in order to maintain the 95 percent 
good-or-better grade of service. Also, if the short-haul objective were 
relaxed by 2 dB to 30 dBrncO, the long-haul objective would have to 
be made more stringent by about 2.5 dB. 

Another example of how grade of service might be used to solve 
an engineering problem involves the design of a group of new 
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circuits needed to provide service to some remote location. If the 
most inexpensive design were applied, circuit losses , would be 
significantly higher than the objective mean value. The reduction of 
these losses to meet the objective would necessitate the use of gain 
devices whose cost would make the project appear economically un
attractive. There might even be a third alternative in which losses 
might be reduced to values somewhat short of the obj ective at only a 
modest cost increase. The three alternatives could be analyzed to 
determine how the losses in each case would affect the overall grade 
of service. The results might be evaluated economically by making 
a present worth of annual cost analysis, and then the final decision 
could be made as a compromise in which the reduction in grade of 
service could be evaluated in terms of cost to the company. Any of 
the alternatives might be a reasonable solution to the problem, pro
vided the overall grade of service remained within the satisfactory 
range. 

Performance Evaluation 

Two aspects of performance can be studied conveniently by using 
grade-of-service concepts. These are the identification of performance 
weak spots in a geographical area and the evaluation of performance 
improvements that have been introduced (evaluated by measurement) 
or proposed (evaluated by analysis) . 

Consider as an example of weak spot identification a situation in 
which transmission performance in an administrative unit (for 
example, a district or division) is shown to be deteriorating by a 
succession of dropping indices or an increasing number of customer 
complaints. Usually, the source of trouble can be identified by direct 
analysis of the index data, but in some cases it may be necessary to 
make measurments and then to compute the grade of service for loss, 
noise, and echo (return loss) . The results might show that the falling 
index andjor the basis of complaints is a result of deteriorating echo 
performance. Further investigation might reveal that balance meas
urements have not been made according to schedule in just one central 
office, and with concurrent rearrangements in that office, the resulting 
impedance mismatches are the cause of performance deterioration. 

Performance improvements that are introduced in the system or 
in some part of the system (a central office, a district, a division) 
may be evaluated by making a grade-of-service comparison using 
data obtained by measurements taken before and after the improve-
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ment is introduced.* This type of evaluation might include an analysis 
of the expected improvement, based on predicted performance before 

,1,1 1 implementation, and a comparison of the measured results with 
those predicted. 

I Time Effects on Grade of Service II , Grade-of-service evaluations have their greatest value when they 

� I 

are made periodically. Variations and trends can be observed by 
comparing results of succeeding evaluations. Such comparisons are 
most informative in situations where poor maintenance practices, 
aging plant, or uncontrolled rearrangements lead to the introduction 
of increasing impairments, though the trends can often he observed 
and the cause of deterioration identified by direct analysis of indices. 

Improvements in overall plant performance are also best evaluated 
by making periodic grade-of-service evaluations. Design changes 
cannot generally be made in the field instantaneously, and the periodic 
monitoring of performance can be used to verify that an improvement 
program is having the desired effect. 

Similarly, the introduction of a more stringent transmission ob
jective cannot be expected to result in a rapid improvement in overall 
performance. It is often uneconomical or technically unfeasible to 
introduce the necessary improvements in existing systems, apparatus, 
or equipment. The introduction of new systems designed to meet the 
new objectives also takes time ; years often pass before customer 
satisfaction (as measured by appropriate performance indices ) re
flects the results of introducing such new systems. 

Finally, communication system customers appear always to expect 
improved service with time [3] . The response of communication 
networks to increased public demands is necessarily a matter of 
considerable time. 

Sometimes a grade-of-service evaluation shows the need for a new 
subjective test program or for a field survey of performance. When 
customer satisfaction with transmission performance appears to de-

*Caution must be observed when making a grade-of-service analysis on a small 
data base. The percentages obtained are valid on an absolute basis only for large 
universes. However, observations of the change in good-or-better or poor-or
worse percentages with changes in transmission p arameters for one or more 
subcomponents are valid even for small data bases. 
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teriorate with time (as indicated by survey results, for example)  and 
no performance degradation can be identified, the cause may be a 
result of changing public opinion regarding acceptable performance ; 
and new subjective tests may be needed to establish the new bases 
of opinion. 

With the introduction of new services and systems, there is also 
the possibility that unexpected changes in performance are the cause 
of deteriorating customer satisfaction. A survey might show the de
terioration of customer satisfaction, and the change in plant perfor
mance might be reflected in the results of transmission measurements. 
When this occurs, a new survey of plant performance may be needed. 

24-4 LOSS-NOISE-ECHO GRADE OF SERVICE 

Grade of service is being used increasingly to establish transmis
sion objectives, to relate performance to objectives, and to evaluate 
given performance parameters through the use of performance in
dices. In a number of these applications, grade of service provides a 
link between the subjective evaluation of an impairment and the 
establishment of an objective. 

As discussed previously, grade of service can be applied to one 
specific impairment (such as loss, noise, or echo) or to combinations 
of these impairments. One important combination of impairments is 
reflected in the combined loss-noise grade of service recently developed. 
Earlier work had resulted in a model based on received volume ; this 
was followed by work on a model to incorporate both received volume 
and idle circuit noise. These models were replaced as a result of more 
recent work on loss and noise. Finally, effects of talker echo, obtained 
in combination with loss and noise, resulted in models of the subjec
tive effects of loss, noise, and talker echo on telephone connections [ 4] . 
These models have provided a basis for performance evaluation in 
terms of combined loss-noise-echo grade of service. 

In the analysis of subjective test results, it was recognized that 
different tests yielded somewhat different results even when the same 
impairments were tested. This complicated the combining of results 
from different tests into a composite model of subjective opinion and 
led to the concept of a general transmission rating scale, referred to 
as the R-scale, which assigned a single numerical value to any specific 
impairment. 
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In this concept of the R-scale, it was recognized that subjective 
test results can be affected by various factors such as the subject 
group, type of test, and range of conditions included in the test. This 
could cause difficulties in trying to establish unique relationships be
tween impairments and subjective opinion. The introduction of the 
R-scale tended to reduce this difficulty by looking at the problem in 
two parts. First, the transmission rating as a function of the impair
ment was anchored for two specific impairment conditions which 
tended to lessen the dependence on individual tests. Second, the sub
jective opinions could still be displayed for the individual test base 
from the R-scale results plus the reverse transformation. 

Connection Loudness Loss and Noise Model 

The loss-noise grade of service has been recognized for some time 
as a valuable element in the evaluation of transmission performance. 
Therefore, loss and noise were first treated together as a step toward 
the larger result of a loss-noise-echo grade of service. This loss-noise 
work led to the establishment of the anchor points for the R-scale 
shown in Figure 24-11. These two points were selected to be well 
separated in quality. One point is typical of a short intertoll connec
tion and the other represents an extreme condition of loss and noise 
which should rarely occur even on long intertoll connections between 
long loops. 

LOSS, LE NOISE TRANSMISSION 

(dB) (dBrnc) RATING 

1 5  2 5  80 

30 40 40 

Figure 24- 1 1 .  Transmission rating anchor points. 

Results from a number of different subjective tests were used in 
deriving the loss-noise subjective opinion model. The loss values from 
these tests were expressed in terms of loudness loss values which 
represent the acoustic-to-acoustic transfer efficiency of overall tele
phone connections in terms of the Electro-Acoustic Rating System 
(EARS ) method [5] . Noise values used in the model are expressed at 

the line terminals of a telephone set having a reference receiving 
efficiency of 26 dB based on the EARS method. This efficiency value 
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is approximately the receiving efficiency of a loop made up of a 
500-type telephone set, a short line facility, and a standard central 
office battery feeding bridge. 

The R-scale representation of subjective opinion for connection loud
ness loss and noise is denoted RLN and· is given in Equation (24-14) . 
Curves generated from the equation for RLN are plotted in 
Figure 24-12. 
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Figure 24-12. Transmission rating for loss and noise. 

(24-14) 

35 
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In Equation (24-14) ,  Le is the acoustic-to-acoustic connection loud
ness loss (in dB) of an overall telephone connection and N F is the 
power addition of the circuit noise, N, and 27.37 dBrnc where N is 
expressed in dBrnc at the line terminals of a telephone set with a 
reference receiving efficiency of 26 dB based on the EARS method. 

Talker Echo Model 

The R-scale representation of subjective opinion for talker echo, 
denoted RE, is given in Equation (24-15) . 

RE = 95.01 - 53.45 log + 2.277 E. 
[ 1 + D J V 1 + (D/480) 2 

(24-15) 

In this equation, D is the round-trip echo path delay in milliseconds 
and E is the round-trip acoustic-to-acoustic loudness loss in dB of 
the echo path. Curves generated from Equation (24-15)  are plotted 
in Figure 24-13 for a range of echo path delay and echo path loss 
values. 

Loss-Noise-Echo Model 

The R-scale representation of subjective opinion for the combined 
impairments of loss, noise, and talker echo is denoted RLNE ; it is re
lated to RLN and RE as shown in Equation (24-16) where RLN and RE 
are given in Equations (24-14)  and (24-15) respectively. 

(24-16)  

Transmission rating for loss, noise, and talker echo, (RLNE) is  
shown plotted in Figure 24-14 as a function of echo path loudness 
loss for a range of round-trip echo path delay values with a connec
tion loudness loss value of 15 dB and a circuit noise value of 30 dBrnc. 
The asymptotic limits of the curves at large values of echo path loud-
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Figure 24- 1 3. Transmission rating for talker echo. 

ness loss vary with connection loudness loss and circuit noise in 
accordance with the curves of Figure 24-12. 

Subjective Opinion Models 
The transmission rating scale was selected so that most telephone 

connections have positive ratings between 40 and 100 with higher 
ratings denoting better quality. One important feature of the trans
mission rating is that ratings can be computed without reference to 
any particular subjective test. As users become more familiar with 
the R-scale, the test-independent measure of subjective quality may 
replace the presently used measures such as percent good or better, 
percent poor or worse, etc., which are test dependent. 
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Figure 24-1 4. Transmission rating for loss, noise, and talker echo. 
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60 

For present use, relationships have been established between the 
R-scale and the subjective opinions for specific subjective tests. For 
example, contours of constant percent good or better and poor or 
worse are shown in Figure 24-15 for a specific set of loss-noise subjec
tive tests performed in 1965. The results of these tests have been 
widely used and thus represent a subjective test data base that is 
well known [6] . 
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Objectives and Criteria 

Chapter 25 

Determination and Appl ication of Object ives 

Transmission objectives must be processed in a number of ways to 
make them useful in system design and operation. They can be 
considered as goals that are established and used as criteria for the 
achievement of a quality of service that is economical and ultimately 
satisfactory to nearly all customers. The processes to which objectives 
are submitted produce a set of requirements, i.e., performance 
parameters that must be satisfied if the objectives are to be met. 

Ambiguity between the terms objectives and requirements may be 
noted. The distinction may be a matter of definition, point of view, 
or terminology. When an expression such as "a 95 percent good-or
better grade-of-service objective" is used, there can hardly be any 
doubt that an objective is being discussed. If it is stated that "the 
transistor must have a single-frequency fundamental-to-third har
monic ratio for a milliwatt output," there is little doubt that a 
requirement is being stated. In between, there are many uncertainties 
and shades of meaning. The processing of requirement and objective 
data, therefore, is often similar and involves what shall here be 
called determination, interpretation, allocation, and translation. 

These subjects are all broad in nature. It is not the intent here to 
discuss them in detail with respect to the many possible applications. 
Rather, general considerations of the processing are reviewed and 
several examples are given. It must be recognized, also, that the 
processes are generally reversible. The measurement of performance 
of devices, circuits, and parts of systems can often be extrapolated 
to determine or estimate the overall performance of a transmission 
system. 

25- 1 DETERMINATION 

The determination of  transmission objectives most often begins 
with a subjective test program designed to establish the relationship 
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between an impairment (or combination of impairments) and ob
server opinions of the effects of various amounts of the impairment. 
The data representing the test results are then combined with 
performance parameters so that the combination can be expressed 
in terms of grade of service. Finally, the grade-of-service relationships 
are analyzed through engineering economy studies to determine 
relative costs of furnishing various grades of service. On the basis 
of these studies, a value for the objective can be selected that repre
sents a reasonable compromise between providing customer satis
faction and the cost of providing the service. 

Another way of processing data in order to form an objective is to 
derive an objective index for a given impairment ; an index is a 
single number, based on a scale of 1 to 100, which can be used as a 
broad measure of plant performance. Indices are used mainly as 
tools for transmission management ; they are particularly valuable 
in showing trends of performance for large geographical or adminis
trative units of the plant. The objective indices are always expressed 
according to the following scale : 

99 - 100 
96 - 98 
90 - 95 
Below 90 

Excellent 
Fully satisfactory 
Fair to mediocre 
Unsatisfactory 

Requirements that must be met in order to satisfy the established 
objectives are usually derived from the objectives. The dependency 
of the one upon the other distinguishes requirements from objectives. 
An objective is a goal ; a requirement must be met to satisfy the goal. 

25-2 INTERPRETATION 

In whatever form it may be stated, an objective is subject to a 
great deal of interpretation to make it applicable to a particular set 
of circumstances. The interpretive treatment of objectives may 
call for identification of the following : ( 1 )  the static characteristics 
of the impairment (for example, a pure single frequency versus one 
having high sideband content or intelligible crosstalk versus non
intelligible crosstalk) ; (2)  the probabilistic phenomena which might 
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cover the probability of occurrence or the statistical properties of a 
varying impairment ; (3 )  the simultaneous effects of multiple im
pairments of the same or different types ; ( 4 )  the way of expressing 
the impairment and the objective for various types of signals ; (5 )  the 
establishment of a requirement in terms of a limit. The term limit 
implies -that some form of corrective action must be implemented 
if the requirement is exceeded. 

Static Impairment Characteristics 

The interpretation of an objective often depends on some charac
teristic of the impairment. For example, the transmission of tele
vision signals in the presence of speech signals introduced new types 
of interference to telephone transmission. Some of these interferences 
may be regarded as single-frequency interferences for which objec
tives have long been established. However, since they result from line 
scan frequency components of the television signal, there is sideband 
energy at multiples of 30 and 60 Hertz on both sides of each line scan 
frequency multiple. These sidebands produce a subjective effect that 
makes the single-frequency interference sound distorted. The ob
jective for this distorted single-frequency interference is a matter of 
interpretation and had to be established by subjective tests designed 
to compare the interfering effect of the distorted tone with that of a 
pure single frequency. The distorted tone was found to be less inter
fering than the pure single frequency, so that 2 dB more interference 
power can be tolerated. Thus, the single-frequency interference ob
jective may be interpreted for application to television tone inter
ferences so that if the single-frequency objective is x dBrncO, the 
television tone objective is x +2 dBrncO. 

Another example of interpretation concerns crosstalk objectives, 
usually expressed in terms of minimum allowable crosstalk coupling 
loss derived from crosstalk indices. In some cases, the nature of the 
coupling path results in nonintelligible crosstalk due to some pheno
menon such as frequency inversion. In the past, the objectives applied 
to nonintelligible crosstalk were the same as those applied to in
telligible crosstalk. The reason for this interpretation was that when 
nonintelligible crosstalk is heard, the syllabic character of the inter
ference is quite recognizable, and the listener finds it as annoying as 
if it were intelligible. More recently, this type of crosstalk has been 
treated as noise, with the objective made about 3 dB more stringent 
than that for random noise. 
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Probabilistic Characteristics 

A statement of objectives for impairments having probabilistic 
characteristics must include appropriately qualifying phrases to 
account for the variability. Several examples may be cited. 

In digital signal transmission, one of the most common ways to 
express transmission impairment is in terms of error rate. When the 
effect of impulse noise is evaluated, performance must be related to 
error rate in such a way that the rate of signal transmission, the 
amplitude distribution of the interference, the probability of occur
rence of the interference, and certain characteristics of the trans
mitted signal must all be considered. Simplistic statements of an 
error rate objective are often inadequate ; block error rates, or the 
expected percentage of unimpaired transmitted blocks of informa
tion, are sometimes more meaningful because error detection codes 
and the basic coding of the signal often permit retransmission of 
impaired blocks. A burst of errors might completely ruin a single 
block of information, causing an apparently excessive error rate. 
The result, however, might be the retransmission of that single block 
of information, one of many perfect blocks. Thus, an error rate 
objective simply expressed as an objective of lo -s must be further 
interpreted to account for signals and interferences having various 
parameters. 

Impulse noise may also impair television signals. Here again, any 
expression of an impulse noise objective must take into account the 
statistical variation of impulse amplitudes and the probability of 
occurrence. 

Interference, though continuously present, may also vary in ampli
tude and/or in frequency and in the subjective effect of one or the 
other. The previously cited example, comparing the interfering 
effects of television signal components and single frequencies, in
volved subjective tests that included amplitude variations ( due to 
changes in picture content) and frequency variations ( due to fre
quency drift in power sources) in addition to the sideband distortion 
components discussed. The interpretation of the final objective had 
to recognize that the mean amplitude value and the nominal fre
quency were represented. 

Very low-frequency interference in television signals sometimes 
has the same subjective effect as a flickering of the picture. Careful 
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interpretation of subjective test results must be made to insure that 
both bar pattern and flicker effects are covered by the objective. 

Multiple Impairments 

Another situation that involves interpretation of objectives occurs 
when multiple impairments are simultaneously present. When they 
are of different types, a portion of the objective must be allocated 
to each impairment. If the impairments are of the same type, the 
objectives are usually established o..r interpreted in terms of the 
combined effect. 

One illustration of the way multiple impairments may be treated 
is the handling of multiple sources of intelligible crosstalk. The per
formance and objectives for intelligible crosstalk are usually ex
pressed in terms of the crosstalk index. As discussed in Chapter 17, 
the crosstalk index is derived by mathematical relationships which 
include the probability of hearing intelligible crosstalk. If the sources 
are independent, the number of sources is included as a parameter 
in the derivation. If the crosstalk paths can cause simultaneous 
exposures to the same source, the coupling is increased by 10 log N 
or 20 log N (N is the number of paths) ,  as appropriate, and the 
crosstalk is treated as if it were from a single source. 

Sometimes there are multiple interferences of a random nature 
whose combined interfering effect is best evaluated by summing the 
powers of the individual contributors. In multichannel analog trans
mission systems, for example, the combined effect of thermal noise 
and interchannel modulation noise is determined by adding the 
powers of the two contributors. The objective must be interpreted as 
applying to the sum of the interferences. 

Objectives, Requirements, and Limits 

There is a multitude of expressions used for performance, ob
jectives, and requirements in telecommunications. These expressions 
are all subject to interpretation according to the nature of the im
pairment, the characteristics of the channel and the signal, or the 
manner in which these characteristics interact. Depending on cir
cumstances, digital signal transmission performance or objectives 
may be expressed in terms of signal-to-noise ratio, noise impairment, 
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error rate, or percentage of eye closure. Television impairments are 
usually expressed in terms of signal-to..;interference ratios where the 
signal is measured in peak-to-peak volts ; however, the interference 
may be expressed .in rms, peak, or peak-to-peak volts. Random noise 
and echoes are weighted by frequency and/or time delay. Telephone 
objectives and requirements are often expressed in terms of absolute 
values of interference as measured at specified transmission level 
points. 

All these expressions must be thoroughly understood since often 
it is necessary to interpret one in terms of another or to derive one 
from another. Part of the interpretation process requires a thorough 
understanding of the transmission level point concept. When the 
concept is properly applied, telephone system noise in dBrncO, for 
example, -can easily be interpreted as a signal-to-noise ratio for data 
signal transmission analysis. 

Objectives have been defined as desired goals. Requirements are 
performance parameters that must be met if objectives are to be 
satisfied. Limits are performance parameters that, when exceeded, 
indicate a need for some form of corrective action and, in som.e cases, 
removal of a circuit from service until the corrective action is 
completed. 

When a new transmission system is being developed, design ob
jectives are applied to guide the generation of design requirements 
that must be met. The design requirements are maximum or minimum 
values that must be met in the controlled development environment 
if the design objectives are to be met. 

When a system is installed in the field, engineering objectives are 
those that are recommended for the application or layout of the system 
in the field environment. After installation and during the useful life 
of a transmission system, trunks and other transmission channels 
are connected through the system. When these circuits are connected 
and before they are released for service, they are subjected to a 
series of tests specified on the circuit order to ensure that all the 
equipment is properly aligned and to verify that the circuit meets 
its engineering objectives. The minimum and maximum values estab
lished for these tests are sometimes called circuit order requirements. 

Maintenance requirements are intended to reflect performance 
that is practical to obtain in the field environment using existing 
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equipment and operating procedures. Maintenance limits are those 
within which performance 'is satisfactory ; when the limits are ex-

,, ' ceeded, maintenance action is required. A maintenance limit may be 
established at some value which, if exceeded, requires that a circuit 
be taken out of service. Such a limit is sometimes called a turn-down 
limit. 

11'11 

25-3 ALLOCATION 

Objectives are usually established and applied in  a format that 
expresses the performance goal for overall systems or broad cate
gories of service. To be useful in development, design, or operation, 
these broad objectives must be appropriately allocated to a variety 
of impairments, to portions of the plant or parts of systems. 

Allocation Assuming Power Addition 

The allocation process requires the exercise of considerable j udg
ment and a knowledge of many system performance parameters and 
cost relationships. The process is seldom arbitrary, but in the absence 
of data indicating otherwise, it is common to assume that different 
types of impairments add according to their powers and that like 
impairments from different parts of a system also add by power. 
It does not necessarily follow that the several impairments are given 
equal weight. If economic factors or system parameters are signifi
cant, the impairments may be allocated different proportions of an 
overall objective. 

An overall objective for a single impairment may also be allocated 
to different parts of the plant or to different elements of connections 
according to the assumption of power addition. Allocations of noise 
to a hypothetical layout of video circuits may be used to illustrate 
this technique. Figure 25-1 shows the principal elements in a 
4000-mile layout. The elements include a toll transmission circuit or 
circuits, local transmission circuits, carrier switching centers, video 
television operating centers (TOCs) , and intraoffice trunks. The 
number of each of the various elements must be assumed or deter
mined from engineering studies of the service needs. 

If the layout is known and power addition is assumed, the alloca
tion of the objective is a straightforward process of dividing the 
power of the interference that just meets the objective among the 
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Overall c:ircuit {4000 miles} 

1---�• Toll circuit 

t 
Breaks down into individual links, hops, or miles 
of toll facility making up the 4000-rnile circuit. 

1------1• Local circuit 

Carrier switching 

t 
Assume 3 switching centers. 

t 
Assume 12 local links in several cities on route. 
Assume 3 of these are maximum length 
and the remaining 9 average 10 dB better performance. 

Video switching 

+ 
Assume 3 TOCs and 4 intraoffice trunks, 
all with equal weight. 

Vol. 1 

Figure 25-1 . Assumed configuration of the overall circuit for objective allocations. 

elements that may make up a 4000-mile overall connection. This 
breakdown is illustrated by Figure 25-2. Allocation such as that 
illustrated cannot be rigidly followed because some degradations are 
present only in certain sections of the overall connection and are 
completely absent in other sections. Thus, it is often necessary or 
desirable to reallocate larger portions of the obj ective to the trouble
some sections. 

Cost Effects 
When allocation to various parts of the plant or system is con

sidered, the relative costs of .achieving the allocated objective must 
be carefully weighed. The relationships between allocations, the 
characteristics of different parts of the plant, and the relative extent 
to which the parts of the plant are used must be considered. Two 
illustrations, taken from a study of message circuit noise allocations, 
show how these parameters interact [1] . 

The study, which culminated in grade-of-service calculations for 
telephone connections over all distances, showed that the overall 
noise grade of service was about 97 percent good or better. Yet, for 
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Overall objective 
X dBm 

Switching objective 
X- 1 3 d8m 

Carrier switching 
objective 

X- 1 6 d8m 

Per switching 
center 

(3 centers) 
X-21 dBm 

+ 

Video switching 
objective 

X-r
� 

Per link 

Local objective 
X-5 d8m 

Toll objective 
X-2 dBm � 

Per mile 
(4000 miles) 
X-38 dBm 

Per link Per TOC 
(3 centers) 

X-25 dBm 

Per intra-office 
trunk 

(4 trunks) 
X-25 dBm 

(3 max. length links} 
X- 1 1  dBm 

(9 short links) 
X-21  dBm 

Notes: 

( 1 )  All  noise values in weighted 
dBm referred to the same 
video transmission level point. 

(2) Allocations rounded to the 
nearest dB. 
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Figure 25-2. Noise objectives for a 4000-mile circuit aJiocated on the assumption 
of power law addition. 

longer connections the grade of service was calculated to be below 
90 percent due to the fact that noise increases at a rate of about 
3 dB for each doubling of the distance. The relatively poor perfor
mance on long connections had little effect on the overall grade of 
service because the number of calls decreases rapidly with distance. 

The conclusion from this part of the study was that noise objec
tives for longer systems should be made more stringent by 3 to 4 dB 
to improve the grade of service on long connections. It was recognized, 
however, that the achievement of 3 to 4 dB improvement in noise on 
existing systems would not be economically feasible, so the more 
stringent objectives are applied only to newly designed systems. 

The second observation made in the study was that noise from 
short- and long-haul trunks influenced the overall noise at the station 
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set to the extent that a reduction of loop noise below 20 dBrnc could 
not be j ustified. Regardless of money or effort expended to reduce 
this noise contribution, the grade of service would not be significantly 
improved. Thus, loop noise in excess of 20 dBrnc would be observed 
as a degradation in grade of service. These results are illustrated in 
Figure 25-3. As a result of these studies, an overall loop noise 
objectivt} of 20 dBrnc was adopted. 

Allocation for Digita l Transmission 
Allocation problems for digital signal transmission are the same 

in principle as those encountered in analog signal transmission. How-
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Figure 25-3. Grade of service for connection obiective as a function of loop noise. 
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ever, the problems differ in detail because of the discrete nature of 
the signal, the regenerative processes used in digital transmission 
system repeaters, and the properties of time division signal multi
plexing. Digital signal impairments include errors, j itter, and 
misframes. 

In a regenerative repeater system, it is assumed that transmission 
line noise impairments are noncumulative because, in theory, signal 
pulses are perfectly reconstructed at each repeater. However, margin 
must be provided to guard against pulse distortion to the point where 
errors may occur since, at that point, performance deteriorates very 
rapidly. 

Because of the precipitous nature of performance· degradation, 
digital system components, such as repeaters and multiplex equip
ment, normally operate at an error rate that is near zero. A high 
system error . rate is often due to a single repeater operating with 
excessive pulse distortion or with insufficient margin. Therefore, it is 
common practice to assign the same error rate objective to parts of 
a system as that assigned to the whole system. The probabi1ity of 
exceeding this error rate is then allocated among the parts. 

Certain impairments are cumulative and careful attention must be 
given to these when objectives are being allocated. Timing problems 
( jitter) are cumulative along a repeatered 1ine. Therefore, the total 
objective must be allocated so that relatively large margins are 
maintained. 

Misframes occur when the demultiplexing terminal loses synchro
nism with the incoming bit stream. Communication on all channels 
is interrupted until synchronism is recovered. The effect is usually 
noted at all levels of the digital hierarchy below that at which it 
occurs. Thus, misframe impairments must be allocated among the 
various multiplex levels. 

Another class of impairments that may accumulate has its source 
in the terminal e ui ment used to convert analo s · nals to a (fl"gfti1 
:(oiiiiat. e coding process produces noise that is called quantizing 
n.oise, an impairment that increases with the number of times the 
signal is so processed. Care must be taken to allocate objectives 
realistically in relation to laws of accumulation that may pertain to 
given situations. 
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25-4 TRANSLATION 

The translation of objectives from one set of parameters to another 

(for example, from a broad objective to a specific requirement) or 
from one transmission level point to another frequently requires a 
knowledge of how systems operate or how they can be organized to 
adapt them to an assumed process of translation. Three examples of 
system operating parameters are the laws of addition of intermodu
lation products in a series of analog cable system repeaters, the effects 
of frogging on system performance, and the relationships among 
various noise contributors in an optimized system design. 

Obiectives to Requirements 

Requirements are generally derived from objectives by a process 
that may be regarded as translation. Many examples could be used 
to illustrate the process. Consider two that relate to the generation 
of intermodulation noise in analog systems. 

In an analog cable system proposed for use up to 4000 miles, a sys
tem design objective is established as a goal to satisfy overall noise 
grade-of-service objectives. A number of interpretation and allocation 
processes are carried out so that the translation is finally carried to a 
point such that it is possible to specify the permissible magnitudes of 
second-harmonic and third-harmonic products for a 0 dBmO signal 
in the 800 miles between frogging points. These new values may now 
be regarded as system design requirements that .must be met in the 
800-mile link if the initial overall noise objective is to be satisfied. 

In a microwave radio system, a noise objective consistent with 
overall Bell System noise grade-of-service objectives .is similarly 
established for 4000-mile transmission. Through interpretation and 
allocation, this objective is processed so that it is possible to deter
mine the maximum permissible value of interchannel modulation noise 
generated in one radio repeater. This value .might be regarded as a 
requirement itself, but further translfttion may al�o be applied so that 
the requirement can be expressed in terms of return..,loss values for 
the waveguide sections of the radio repeater. ( In FM systems reflec
tions due to low return losses produce intermodulation among the 
signal components. )  Thus, the overall noise objective for the system 
is translated into return-loss requirements for the individual repeater 
waveguide sections. 
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Transmission Level Point Translations 
Objectives and requirements are often expressed in reference to 

a specific transmission level point, generally 0 TLP. Sometimes it is 
necessary to express the same objective in reference to some other 
TLP. This translation process is usually straightforward but care 
must be taken to make the translation properly. 

Consider the previous discussion of the translation of an overall 
noise grade-of-service objective to the second and third harmonic 
requirements for an analog cable system. To illustrate the further 
translation to a different TLP, assume that the 800-mile require
ments are a maximum second harmonic of -40 dBmO and a maximum 
third harmonic of -50 dBmO for a 0 dBmO fundamental signal. 
( These values are illustrative only and are not necessarily repre
sentative. ) Now, suppose that a convenient point of measurement of 
system performance is at a - 10 dB TLP. A 0 dBmO signal translates 
to a - 10 dBm signal at the -10 dB TLP, the second-harmonic re
quirement translates to - 40 - 10 == -50 dBm, and the third-order 
requirement translates to -50 -10 == -60 dBm. 

Now suppose that these 800-mile requirements must be expressed 
in terms that are consistent with the magnitude of a test signal 
specified as -16 dBmO. At the 0 TLP, the second-harmonic require
ment is then - 40 -2 (16)  == -72 dBmO ; translated to the -10 dB 
TLP, the requirement is -72 -10 == -82 dBm. Similarly, the third-

1 harmonic requirement at 0 TLP is -50 -3 ( 16) == -98 dBmO or 'I I 
-98 - 10 == -108 dBm at the -10 dB TLP. (Recall that the second 
and third harmonics vary in dB by 2 :1 and 3 : 1, respectively, relative 
to the fundamental. )  

The processes are similar when objectives or requirements are 
translated between transmission level points in video systems. How
ever, the situation is further complicated by the fact that television 
objectives are usually expressed in volts or in dB relative to volts 
(rms, peak, or peak-to-peak) and the expression of the objectives 
and their translation must therefore take into consideration the im
pedances at the points of interest as well as the appropriate voltages. 

Indices 

Objectives and requirements are used in the field as standards 
against which measured performance can be compared. One aspect 
of this process involves transmission management. The vastness of 
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the plant and the many parameters to be evaluated have led to the 
concept of transmission indices. These are single-number evaluations 
of a large sector of plant which are derived from grade-of-service 
objectives and expressed in such a way that performance measure
ments can easily be translated into indices. Such indices are used 
extensively as · a transmission management tool. 

System Parameter Effects 
Three analog cable system parameters were previously mentioned 

for their significant impact on the translation of objectives or re
quirements. These include the laws of addition of intermodulation 
products, the effects of frogging, and the interrelationships among 
noise contributors in an optimized system design. Many other para
meters could be mentioned, but these illustrate the importance of 
system effects on translation processes. 

laws of Addition.  It can be shown that second-order and many third
order intermodulation products tend to accumulate in successive 
repeaters of an analog cable system by a law of power addition [2] . 
Also, some types of third-order products (usually termed 2A -B 
and A+B-C products) tend to add systematically ( by voltage) in 
successive repeaters. The translation of objectives must take these 
facts into account. 

The hypothetical set of objectives for second and third harmonics, 
previously suggested as illustrative, can be used again here ; for a 
0 dBmO fundamental signal, the second- and third-harmonic require
ments were -40 dBmO and -50 dBmO. Assume that the system under 
consideration requires 250 tandem repeaters in an 800-mile link. The 
translation of the harmonic distortion requirements to per-repeater 
requirements can be accomplished by taking these laws of addition 
into account. Thus, a per-repeater second-harmonic requirement may 
be obtained from the 800-mile requirement by subtracting the power 
of the other repeater contributions. For a 0 dBmO fundamental , then, 
the per-repeater requirement for second harmonic is 

-40 - 10 log 250 == -40 -24 == -64 dBmO. 

For the third harmonic, the per-repeater requirement is 

-50 -20 log 250 == -50 -48 == -98 dBmO. 

These values may be further adjusted for the TLP appropriate to 
the repeater and for the magnitude of the test signal. 
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A peculiarity in computing the third-harmonic requirement must 
be explained. Third-harmonic intermodulation products accumulate 
by a power law. The requirement is derived on the basis of voltage 
addition because the dominant (2A-B and A+B-C) third-order 
products add by voltage and the same nonlinear coefficient applies 
to both third harmonics and the dominant products. Thus, it is a con
venient fiction to assume voltage addition for third harmonics. The 
requirement must ultimately be translated into a per-repeater modu
lation coefficient requirement and, beyond that, into requirements 
on device linearity and amplifier feedback. 

Fragging. Frequency frogging of telephone channels is specified in 
long analog cable systems to accomplish two principal goals : ( 1 )  to 
break up the systematic addition of third-order modulation products 
and ( 2 )  to break up systematic departures from ideal (flat) trans
mission in the system amplitude/frequency response. Both of these 
advantages are sought in order to ease the requirements on linearity 
and equalization of repeaters in short sections of line. The effective
ness of frogging can be seen by examining the translation from 
4000-mile to 800-mile objectives and then examining how the result
ing linearity requirements would have been made more stringent if 
the frogging advantage could not be realized. 

The effect of in-phase addition on the third-harmonic requirement 
for a single repeater in an 800-mile link was previously noted. The 
-50 dBmO requirement for an 800-mile link (from which the single
repeater requirement was derived) was, by inference, derived by 
translation from the 4000-mile objective and included the assumption 
of power addition between 800-mile links. If it had been necessary 
to assume in-phase or voltage addition between 800-mile links, the 
800-mile requirement would have been -43 -20 log 5 == -57 dBmO 
for the third harmonic of a 0 dBmO fundamental. The assumption of 
frogging and power addition of 800-mile links eased the 800-mile and 
per-repeater requirements by 57 -50 == 7 dB. 

Signal-to-Noise Optimization. Transmission system design analysis 
has shown that if the predominant source of intermodulation noise 
in an analog cable system is a result of second-order nonlinearity, 
the optimum signal-to-noise performance is obtained when signa] 
amplitudes are adjusted so that the intermodulation noise is equal 
to the thermal noise in the system [2] . If the predominant intermodu
lation noise is due to third-order nonlinearity, the optimum perfor-
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mance is obtained when signal amplitudes are adjusted so that the 
intermodulation noise is 3 dB less than the thermal noise. 

These relatively simple theoretical relationships are made complex 
by many of the detailed design parameters that enter into an actual 
computation and the resulting iterative process that must take place 
during design and development. The result of the design process is 
that one type of intermodulation phenomenon tends to dominate the 
other. The translation process, from objectives to device and circuit 
requirements, must then be applied rigidly to the dominant para
meter. The extent to which the requirements on parameters of less 
importance can be relaxed depends on the amount of margin exhibited. 

Some parameters can be safely ignored in spite of their potentially 
harmful effects on performance. In the analysis of intermodulation 
phenomena, for example, the second- and third-order nonlinearity 
terms of an input;output function are so dominant that terms higher 
than third order are usually ignored. During design and development 
the higher order terms must be checked, but they are usually found 
to be insignificant. Exceptions are found occasionally in the design 
of nonlinear modulator circuits used in multiplex equipment. 
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Chapter 26 

Transmission Objectives 

Transmission objectives, derived from grade-of-service analyses 
of the results of subjective tests and performance measurements, are 
stated in terms of design, performance, or maintenance objectives. 
Requirements, derived from the objectives, are also given in these 
same terms and additionally in terms of maintenance limits. These 
limits define points at which performance is so poor and service is 
so adversely affected that circuits must be repaired or, in the extreme, 
taken out of service until repairs or adjustments can be made. 

The objectives are continuously studied and modified to adapt to 
the changing environment caused by the introduction of new equip
ment and systems, new technology, new services, and by changes in 
customer opinions. The objectives are often established as overall 
values applicable to terminal-to-terminal connections. They are then 
allocated in various ways to appropriate portions of the plant, to 
various impairments, or to a particular type of service. 

This chapter discusses well-established objectives, with numerical 
values given wherever possible. Where objectives have not become 
standard, only general discussion is included to indicate the nature 
of transmission problems involved. Space does not permit a compre
hensive listing of objectives for all types of signals, systems, or 
services. Furthermore, the changing nature of transmission objectives 
might make the material obsolete within a short time. 

26-1 VOICE-FREQUENCY CHANNEL OBJECTIVES 

Transmission objectives for voice-frequency channels in the 
switched message network were initially established to satisfy the 
needs of speech transmission. As new types of signals and services 
have evolved and as new technology has been applied to all parts of 
the system, existing objectives have been modified and new objectives 
have been developed where necessary. 

593 
TCI Library: www.telephonecollectors.info



594 Obiectives and Criteria Vol. 1 

Bandwidth 
The bandwidth of telephone loops and trunks has evolved without 

a specific and consistent set of objectives. Initially, deficiencies in 
the bandwidth of such circuits were masked by station set limitations. 
The necessity for establishing an acceptable channel bandwidth 
allocation and carrier separation was recognized when AM carrier 
systems were introduced. At that time, the single sideband ( SSB) 
mode of transmission was established ; also, the 4-kHz s·pacing of 
carriers was deemed adequate in view of practical bandwidth limita
tions and in view of articulation tests conducted for the purpose of 
establishing bandwidth requirements for intelligibility and natural
ness of speech. 

As new systems have been introduced and as design technology 
has improved, efforts have continued to make the effective bandwidth 
of network channels as wide as is economically feasible within the 
constraints of ( 1 )  the 4-kHz carrier separation and achievable filter 
designs and (2)  the unavoidably low singing return losses of loaded 
cable facilities near the high-frequency cutoff region. 

More recently, subjective tests have shown that the preferred 
bandwidth for voice communications is approximately from 200 to 
3200 Hz. As a result of these tests and technological advances, efforts 
are being made to establish standard design objectives for the band
width of each major portion of the network so that overall connections 
can meet the bandwidth objective. The natural increase in attenua
tion with higher frequencies for nonloaded cable and the sharp high
frequency cutoff of loaded facilities cause both types of facilities to 
exert considerable influence over the effective bandwidth of loops 
and VF trunks in an overall connection. Economics must be con
sidered for making ()bjectives for each portion of the network as 
stringent as possible, yet balanced with other portions. When finally 
established, the design objective may be expected to be close to the 
preferred bandwidth. 

While this discussion centers about the transmission of speech 
signals, it should be pointed out that as new voiceband data services 
are introduced, the continued pressure to transmit at higher data 
rates creates additional demand for wider bandwidths. 

Frequency Response Characteristic Distortion 

Formal message network objectives for inband amplitude and 
phase distortion are not generally available (except for the case of 
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Chap. 26 Transmission Objectives 595 

conditioned data loops) . However, the same factors that tend to make 
the effective telephone channel bandwidth as wide as possible also 
work to make the inband response as uniform as possible. The 
difficulties have been to express the objective values in a generally 
acceptable manner and to allocate channel impairment requirements 
optimally among the many contributors. 

Ampl itude/frequency Distortion .  The only message network design 
objective for this impairment that has general acceptance applies to 
loops for DATAPHONE® service or to data access arrangement 
( DAA) loops for speeds of 300 bits per second or higher. The ob
jective is that the loss at 2800 Hz shall be no more than 3 dB greater 
than the loss at 1000 Hz [1] . 

Other portions of the network for which amplitudejfrequency 
response objectives are being studied include trunks, carrier- and 
cable-derived facilities, and central office equipment including the 
transmission paths through switching machines. Maintenance objec
tives are also under study for these parts of the network. Some 
installation requirements for allowable slope are available in terms 
of 400-Hz and 2800-Hz deviations from 1000-Hz loss values. The 
limits depend on the type of facility used. 

Phase/Frequency Distortion. Message network phase/frequency dis
tortion objectives, usually expressed in terms of envelope delay distor
tion, are applied to loops and other special-service circuits conditioned 
for data transmission [1] . If a loop is conditioned for data trans
mission at a rate of 300 bits per second or higher, a performance 
objective applies of no more than 100 microseconds of differential de
lay between any two frequencies over the band from 1000 to 2400 Hz. 

Phase;frequency distortion objectives are under study for applica
tion to other parts of the plant. These studies are likely to result in 
an objective .for signal peak-to-average ratio (P 1 AR) ; the P 1 AR 
meter method of expressing impairments is discussed in Chapters 18 
and 21.  This approach has considerable merit in its simplicity but 
has the undesirable attribute of evaluating all impairments simul
taneously [2] . Thus, it can be used for expressing delay distortion 
objectives only where delay distortion is known to be the predominant 
impairment. 

Network Loss Design Plans 

Echo and loss result from different impairing mechanisms and 
have different subjective effects on listeners. However, they are closely 
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related in that a practical way of reducing echo effects is to in· 
crease loss. Since a loss increase introduces impairment (reduced 
received volume) ,  a compromise must be sought that maintains circuit 
losses at satisfactory values, yet reduces echo effects to acceptable 
values. 

Ideally, it might seem to be desirable to operate telephone circuits 
with no echo and no loss between end offices, but such ideal designs 
are impractical and can be achieved only in the laboratory or on 
selected circuits under well-controlled operating conditions. In a large 
complex network involving switching, the nature of the variables 
makes such a mode of operation uneconomical and impractical. Echo
free transmission implies high return loss at interfaces such as 
four-wire to two-wire conversion points. Lossless transmission implies 
stable operation of electronic circuits in the face of highly variable 
terminating impedances. 

The transmission objectives for loss and echo in the toll portion 
of the network have been established on the basis of the via net loss 
concept [8, 4] . This concept and the resultant objectives, while still 
applicable to the network, are subject to continuous study, and details 
change from time to time. For example, echo suppressor application 
rules were recently revised. In addition, with the introduction of 
time-division switching arrangements in the toll portion of the net
work, a fixed-loss design is being considered for replacing or supple
menting the VNL plan. Such a new plan is required where digital 
switching and digital transmission techniques are combined and where 
they must be integrated with the existing analog network. 

Via Net Loss Design Pion. A significant factor related to echo im
pairment is the propagation time involved in a connection, echo path 
delay, which can be predicted from known parameters of the types 
of facilities used in making up a connection. The loss and propaga
tion time of the echo path can be predicted only statistically because 
of the variations in facility properties and in return loss at the 
distant end office. Similarly, reaction to talker echo (the third con
trolling parameter in j udging echo performance) can be predicted 
only statistically because of the variation in customer tolerance. 
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The required one-way overall connection loss for satisfactory echo 
is plotted in Figure 26-1 as a function of the round-trip echo delay 
and of the number of trunks in the connection. Also shown is a linear 
approximation for one trunk that proved useful in the evolving con
cept of VNL operation. This approximation was derived empirically 
by considering ( 1 )  the need for increased loss at low delays to pre
vent singing or near-singing ; (2)  the need to control noise, crosstalk, 
and transmission system loading ; (3)  the compromise between suffi
cient loss to control the effect of echo and the degradation introduced 
by echo suppressors ; and ( 4) the analytical advantage of having the 
loss expressed as a linear function of echo path delay. 

Linear approximations for more than one trunk may be derived by 
adding 0.4 dB for each additional trunk to the loss required for a 
single trunk. This loss is approximately the difference between loss 
curves at 45 milliseconds delay. The linear approximations may be 
drawn from the equation, 

OCL = 0.102D + 0.4N + 4.0 dB (26-1 ) 

where OCL is the overall connection loss, D is the echo path delay 
in milliseconds, and N is the number of trunks in the connection. 
Note that 0.102 is the slope of the dashed line of Figure 26-1 and 
that (0.4N and 4.0 )  dB is the zero-delay intercept of this line for 
various values of N. Equation (26-1 ) is used for connections in
volving round-trip delays up to 45 milliseconds. For delays in excess 
of 45 milliseconds,. one of the trunks is equipped with an echo 
suppressor. 

The final step in the VNL design process is to assign trunk losses 
so that each type of trunk in a connection operates at the lowest 
practicable loss consistent with its length and the type of facility 
used. In Equation (26-1 ) , 2 dB of the constant is assigned to each 
toll connecting trunk, and the remainder is assigned to each trunk 
in the connection, including toll connecting trunks. The amount added 
to each trunk is in proportion to the echo path delay of the trunk 
and is defined as via net loss. *  It is 

VNL = 0.102D + 0.4 dB (26-2) 

where D is the echo path delay in milliseconds. 

* The recent change in the method of defining toll connecting trunk loss, which 
involved the assignment of an additional 0.5 dB of loss (for central office equip
ment) to the toll connecting trunk, resulted in a design value of VNL + 2.5 dB. 
This added loss was previously assigned to the loop ; thus, the customer-to
customer loss has not changed. 
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Figure 26- 1 .  One-way loss for satisfactory echo in 99 percent of connections. 
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Since the echo path delay is directly related to the length of the 
circuit, Equation ( 26-2) is usually written in terms of length and a 
via net loss factor (VNLF) . 

VNL = VNLF (d) + 0.4 

where d is the distance in miles. The VNLF is 

VNLF = 
2 X 0.102 

'V 

dB (26-3) 

(26-4) 

where v is the velocity of propagation in miles per millisecond. The 
velocity of propagation used in Equation (26-4) must allow for the 
delay in an average number of terminals as well as for the delay of 
the medium. Accepted values of VNLF are given in Figure 26-2 for 
commonly used facilities. 

VIA NET LOSS FACTOR, dB/ MILE 

TYPE OF FACILITY TWO-WIRE FOUR-WIRE 
CIRCUITS CIRCUITS 

Toll cable (quadded low-capacity) 

19H172-62, 16H172-63 0.04 0.020 

19B88-50 0.04 0.020 

19H88-50 0.03 0.014 

19H44-25, 16H44-25 0.02 0.010 

VF open wire 0.01 -

Carrier (cable, open wire, - 0.0015 
microwave radio) 

VF local cable (loaded or nonloaded) 0.04 0.017 

Figure 26-2. Via net loss factors. 

Fixed Loss Design Plan. With the introduction of No. 4 ESS and with 
the expected evolution from analog to digital methods of transmis-
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sion, a new loss plan for the toll portion of the network is needed 
because of the difficulty of associating circuit loss with digital signal 
processing. The introduction of controlled toll trunk losses in an 
all-digital network would require ( 1 )  the conversion of digital signals 
to their analog equivalents, insertion of the required losses, and re
conversion to the digital format or (2)  changing the encoded signal 
amplitude by some digital process. Either method would be costly 
and would introduce impairments. 

A fixed loss plan is now being introduced for use in an all-digital 
toll network. This · plan specifies a 6-dB trunk loss between class 5 
offices, regardless of connection mileage, to provide a good compro
mise between loss/noise and echo performance over a wide range of 
connection lengths . and loop losses. Under this plan, each toll con
necting trunk is allocated a loss of 3 dB ; all-digital intertoll trunks 
(digital facilities interconnecting digital toll switches) are operated 
at a loss of 0 dB. 

Connections in an all-digital toll network will have lower trunk 
losses than similar connections in the present analog network. In 
addition, noise will be reduced because of the use of digital facilities 
and the elimination of channel banks at intermediate toll offices. 
Loss/noise and echo grade-of-service studies have shown that full 
implementation of an all-digital toll network will result in a signifi
cant improvement in transmission quality ; the large improvement in 
loss/noise grade of service due to lower loss and noise will more than 
offset the slight degradation in echo grade of service due to lower 
loss. These conclusions are based on the assumed application of echo 
suppressors on trunks longer than 1850 miles and a 4-dB increase in 
the requirements on terminal balance for two-wire toll connecting 
trunks. 

The fixed loss plan strictly applies only to an all-digital network. 
It will take many years for the present predominantly analog net
work to be converted to a predominantly digital network. Therefore, 
an operating plan to cover the transition period must be provided 
in order to assure satisfactory performance when analog and digital 
switching machines are interconnected. 

The plan being implemented is designed to make the combined 
analog-digital network conform closely to the characteristics of the 
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present analog network. The fixed loss plan will be implemented as 
portions of the network are converted to all-digital facilities. Follow
ing are the principal characteristics and constraints of the combined 
network : 

( 1 )  The expected measured loss and the inserted connection loss 
of each trunk must be the same in both directions of trans
mission. 

(2 )  The -2 dB TLP at the outgoing side of analog toll switches 
and the 0 dB TLP at class 5 offices are retained and a 
-3 dB TLP is established for digital toll offices. 

( 3 )  The -16 dB and +7 dB TLPs at carrier system input and 
output are retained. 

( 4) Existing test and lineup procedures for digital channel banks 
are retained. 

(5)  Combination intertoll trunks, those terminating in digital 
terminals at a digital (No. 4 ESS) switching machine at 
one end and in D-type channel banks at an analog switch
ing machine at the other end, are designed to have 1-dB 
inserted connection loss. 

llll' ( 6) Analog intertoll trunks are designed according to the via 
net loss plan. 

Echo Obiectives 

One way to express the network echo design objective is that trunk 
loss designs should be such that talker echo (the dominant impair
ment) is satisfactorily low on more than 99 percent of all telephone 
connections which encounter the maximum delay likely to be experi:
enced. This way of expressing the overall objective recognizes : 
( 1 )  that echo performance can be controlled by controlling trunk 
losses, (2 )  that the control of echo on connections implies further 
oontrol of echo on the trunks used to form customer-to-customer con
nections, and (3 )  that echo impairment is a function of the amount 
of delay in the connection. 
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The parameters of echo amplitude and echo delay contribute 
significantly to echo performance in the network. Echo amplitude 
depends on the impedance relations at circuit interfaces and the 
losses of the involved circuits. The phenomenon is treated in terms 
of return loss and trunk losses that combine to produce echo path 
loss. On long circuits, minimum echo delay can be obtained by using 
carrier facilities where the velocity of propagation is much higher 
than in voice-frequency facilities. Carrier facilities are used for 
economic reasons ( larger circuit cross sections and lower unit costs) 
as well as for echo delay control. 

The most serious source of echo is low return loss found at class 5 
offices where connections are made between loops and toll connecting 
trunks. While reasonable control of toll connecting trunk impedance 
can be exerc.ised, the impedances of the randomly connected loops 
vary widely due to varying lengths and circuit make-up. 

The distribution of echo return losses (ERLs) at class 5 offices, 
calculated from loop survey data, has a mean value of 11 dB and 
a standard deviation of 3 dB [5] . The distribution of singing re
turn loss (SRL) has a mean value of 6 dB and a standard deviation 
of 2 dB. These return loss distributions are used in the overall 
process of establishing echo and loss objectives for other parts of 
the network. 

Return loss objectives are specified for connection points in the 
toll portion of the network ; generally the echo and singing return 
loss objectives for these points are more stringent than for the local 
portion since toll trunk parameters are more controllable. The 
following objectives are typical, but not all-inclusive. 

( 1 )  For four-wire trunks terminating at two-wire switches in 
class 1, 2, or 3 switching offices, the ERL objective is 
27 dB (minimum 21 dB ) ; the SRL objective is 20 dB 
(minimum 14 dB ) .  

(2)  For the interface between four-wire intertoll trunks and 
most two-wire toll connecting trunks at class 1, 2, 3, or 
4 switching offices, the ERL objective is 18 dB (mini
mum 13 dB) .  For four-wire toll connecting trunks, the 
objective is 22 dB (minimum 16 dB) .  For both two-wire 
and four-wire trunks, the SRL objective is 10 dB (minimum 
6 dB ) .  
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These return losses are measured against standard terminations, the 
values of which depend on the type of switching office involved. The 
measurement process and the complexity of impedance adjustment 
procedures that permit these return loss objectives to be met have 
led to the expression of objectives in terms of through balance and 
terminal balance requirements applied for many types of trunks at 
various types of toll switching offices. 

Echo return loss objectives have less influence in the design of 
local trunks than in the design of toll trunks because echo problems 
are negligible for short trunk lengths. The objectives for singing 
return loss on these trunks are not firmly established, but the return 
losses are usually held to about 10 dB. 

Loss Objectives 

The echo path loss involved in determining echo amplitude is made 
up of the return loss and twice the circuit loss between the speaker 
and the point of reflection. These circuit losses must be well controlled ; 
they must be low enough to satisfy the requirements on talker volume 
and to avoid excessive contrast in volume from call to call yet they 
must be high enough to attenuate echoes to tolerable values. 

Volume. The basic problem in telephone transmission is to provide 
a satisfactory signal amplitude at the receiver. The received signal 
amplitude is a function of many interacting parameters, starting with 
the transmitted signal amplitude. The latter depends on telephone 
speaking habits, station set efficiency of conversion from acoustic 
to electric signal energy, sidetone circuit design of the station set, 
and losses in the circuits between the transmitter and the receiver. 

Received volume differs from many other quality parameters in 
that its effects are double-ended ; volume can either be too low, 
causing difficulty in understanding the received message ; or it can 
be too high, causing listener discomfort. Subjective tests have been 
made to determine listener reactions to different volumes. The re
sults of one series of such tests, plotted in Figure 26-3, clearly show 
the double-ended nature of this parameter. Volumes to the left of 
the two left-hand curves are judged to be too low to satisfy listeners 
while volumes to the right of the right-hand curve are too high to 
satisfy listeners. Each of the curves, which divide regions of volume 
rated poor, fair, good, etc., is approximately normal with a standard 
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Figure 26-3. Judgment of received volume from subjective tests. 

deviation of about 5 dB. The curves show a fairly wide range (from 
about -43 vu to about -12 vu at the median values ) over which 
received volumes are rated good. 

Data of the type shown in Figure 26-3 have been used to help 
establish allowable circuit losses in end-to-end customer connections. 
The total loss allowance is allocated to the various parts of the plant 
in accordance with the results of economic studies and with a satis
factory noise-loss-echo grade of service established by subjective 
testing. 

Loss Allocations. Transmission objectives for loop loss have been 
derived on the basis of satisfying an overall lossjnoise grade-of
service objective [3, 6] . Control of loop loss is accomplished by the 
application of carefully specified rules in the design and layout that 
produce a satisfactory distribution of losses. The three sets of rules 
are parts of the resistance, unigauge, and long route design plans. 
These three design plans permit straightforward application of the 
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rules to the installation of new cables, of inductive loading, and of 
electronic equipment so that overall loss objectives are met because 
the objectives are built-in, integral parts of the plans. When the 
plans are properly applied, the resulting distribution of loop losses 
has a maximum value of about 9 dB (including the effects of bridged 
taps) . The mean value and the standard deviation of the loss dis
tribution depend on the geographical area served and on the concen
tration of customers within the area. For the Bell System, an average 
1000-Hz value of 3.8 dB and a standard deviation of 2.3 dB are 
typical ; these values are used in the determination of network loss 
objectives and grade of service. 

The above values of loop losses were determined on the basis of 
measurements made in 1960 and 1964 [5] . Subsequent studies of 
losses and grade-of-service objectives resulted in some tightening 
of the objectives, particularly in the long route design plan. 

Since a numerical loss objective (other than the maximum) is not 
expressed for individual loops, special treatment must be applied 
( 1 )  when a loop is assigned to data transmission or another special 
service need and (2) when transmission complaints still exist after 
it has been verified that the loops involved have been installed ac
cording to appropriate design procedures. 

Loss objectives for transmission circuits through switching 
machines have not been firmly established, but a loss of less than 
1 dB is generally allowed for these circuits. Losses of various types 
of trunks constitute the remaining major allocation to parts of the 
plant, and for purposes of network administration, trunk losses are 
now defined in such a way as to include average switching system 
loss. Many of the loss values are given in terms of via net loss 
which varies according to the length and type of facility. 

Losses allocated to trunks depend on the position of the trunk type 
in the switching hierarchy and the probability of encountering tandem 
connections of such trunks in an end-to-end telephone connection. In 
the toll portion of the network, interregional intertoll trunks are 
designed on the basis of maximum round-trip echo delay that can 
occur on connections involving the interregional trunks. If the delay 
can exceed 45 milliseconds, the interregional trunks are equipped 
with echo suppressors and the trunks are operated at 0 to 0.5 dB loss. 
(Losses high enough to satisfy echo requirements would generally be 
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too high to satisfy volume and contrast objectives. ) If the round-trip 
echo delays are less than 45 milliseconds, the interregional trunks 
are operated at VNL, with a maximum of 2.9 dB. 

High-usage intertoll trunk groups are operated at via net loss 
where the value of loss is VNL < 2.9 dB, equivalent to a maximum 
trunk l�ngth of about 1850 miles on carrier facilities. If echo 
requirements call for a loss greater than 2.9 dB, the trunks are 
operated at 0 dB loss and are equipped with echo suppressors unless 
they are in a final routing chain. To avoid having more than one echo 
suppressor in a connection, echo suppressors are generally permitted 
only in final groups between regional centers. Secondary intertoll 
trunks are operated as close to 0 dB as possible, with a maximum of 
0.5 dB. Final intertoll trunk groups are operated at via net loss, but 
at a maximum of 1.4 dB loss. 

Toll connecting trunks are usually operated at VNL + 2.5 dB loss 
with a maximum loss- of 4.0 dB. An alternate design allows a trunk 
to have 3.0 dB to 4.0 dB loss provided it contains less than 15  miles 
of VF cable facilities or less than 200 miles of carrier facilities. On 
long end-office trunks (usually interregional ) between class 4 and 
class 5 offices where echo requirements indicate the need for loss 
greater than 4 dB, an echo suppressor may be added and the loss 
set at 3 dB. 

In the local portion of the network, direct trunks are designed to 
a nominal loss of 3 dB with a maximum of 5 dB. Tandem trunks are 
operated at a nominal loss of 3 dB and a maximum of 4 dB, and 
intertandem trunks are operated at via net loss. Loss values are as
signed similarly to all service and miscellaneous trunks used in the 
network. Long interregional direct trunks (between class 5 offices) 
may be operated without echo suppressors at VNL + 6 dB loss 
(maximum 8.9 dB ) over distances of up to 4000 miles. 

Loss Maintenance Limits 

In order to maintain network performance, 1000-Hz measurements 
of trunk losses are made periodically in accordance with maintenance 
programs described in Volume 3. The objectives are set in accordance 
with indices which have been derived in relation to grade-of-service 
objectives. The percentage of measurements showing deviations from 
design values in excess of 0.7 or 1.7 dB (the larger deviations carry 
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heavier weighting) determines the index for the group of trunks 
under study. If the index is 96 or higher, performance is satisfactory 
and no action is necessary. If the index is below 96, investigation and 
corrective action are indicated. If the loss of any trunk deviates 
gom jts desj gn value by 3, 7 dB . or more'"·=it�I!!��-be re!!J.�J:Q..JD_ 
service. 

Message Circuit Noise 

Message circuit noise is defined as the short-term average noise 
measured by means of a 3A noise measuring set or its equivalent [7] . 
Obj ectives for message circuit noise, allocated to various parts of 
the network, are based on subjective tests in which noise was evalu
ated by telephone listeners in the presence of speech signals held at 
a constant volume. Noise and volume were expressed in dBrnc and vu, 
respectively, at the line terminals of the station set ; observers were 
asked to rate the performance in the usual manner (excellent, good, 
fair, poor, or unsatisfactory) for a wide range of noise values. The 
results of these tests are shown in Figure 26-4. 

Loop Noise Objectives. The message circuit noise objective applied 
to loops is that noise measured at the line terminals of the station 
set shall not exceed 20 dBrnc. * Noise at or below this value has little 
effect on grade of service, but noise in excess of 20 dBrnc deteriorates 
grade of service appreciably. 
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Figure 26-4. Noise opinion curves. 

* Most loops have measured noise well below this value. The average is about 
0 dBrnc. 
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In recognition of the special circumstances relating to long routes 
(those in excess of 1300 ohms controlled by resistance design and 
those extended by the unigauge design, both discussed in Volume 3 ) , 
the noise objective is made somewhat more lenient. For long routes 
the noise objective is administered at 30 dBrnc. For routes on which 
the limit of 30 dBrnc is exceeded, special treatment ( shielding, 
separation from power lines, balancing, etc. ) must be employed ac
cording to circumstances. 

Trunk  Noise Objectives. The performance objectives for trunk noise 
have been allocated to allow for the tendency of noise to accumulate 
with distance and the smaller number of calls of very long distances 
compared with intermediate and short distances. To give weighting 
to these two factors, trunk noise obj ectives have been selected to 
achieve a 99 percent good-or-better grade of service for short toll 
connections (0 to 180 miles, airline distance) ,  97 percent good or 
better for medium length toll connections ( 180 to 720 miles) , and 
95 percent good or better for long toll connections (over 720 miles ) . 
Consistent with these overall objectives, allocations have been made 
for short-haul carrier facilities (for use on trunks less than 250 miles 
long) , and long-haul carrier facilities (for use on trunks over 2EO 
miles long) . These allocations, which recognize the inherent varia
bility of performance in the field environment, are expressed in terms 
of mean values and standard deviations. For short-haul carrier, the 
mean value of the objective is 28 dBrncO at 60 route miles and for 
long-haul carrier, 34 dBrncO at 1000 route miles. The standard devia
tion is u == 4 dB in each case. These allocations allow for a 3 dB in
crease in noise for each doubling of the distance. This increase is 
typical of analog carrier system performance but is not usually exper
ienced in pulse-type carrier systems. Design objectives for carrier 
systems are based on these performance objectives but are normally 
expressed in terms of worst channel noise in a nominal environment. 
The current design objective for 4000-mile coaxial cable systems, in
cluding multiplex equipment, is 40 dBrncO. The design objective for 
microwave radio systems is approximately 1 dB higher [3] . Generally, 
where these message circuit noise objectives are met for speech trans
mission, objectives for voiceband data transmission are also met. 

Impu lse Noise 
Impulse noise is any burst of noise that produces a voltage in 

excess of about 12 dB above the rms noise as measured by a 3-type 
TCI Library: www.telephonecollectors.info



I 
r 

Chap. 26 Transmission Objectives 609 

noise measuring set with C-message weighting ; in a speech channel, 
these bursts are usually less than 5 but may very rarely be as 
long as 45 or 50 milliseconds in duration. The ratio of the voltage 
excess to the rms noise voltage is nominally at least 12 dB for a 
3-kHz bandwidth ; it may be as great as 40 dB in some systems, 
particularly microwave radio. Impulse noise is usually viewed as 
superimposed on background message circuit noise [8] . Objectives 
are dominated by requirements for digital data signal transmission, 
and circuits that are satisfactory for data are generally satisfactory 
for speech signal transmission. 

Impulse noise objectives are usually established on the basis of the 
number of counts obtained on a 6-type impulse noise counter during 
a prescribed measurement interval and may be expressed for 
loops, trunks, or customer-to-customer connections. The application 
of acceptable objectives to station sets and central office equipment 
is under study. 

The objective for any loop or single voice channel is that there 
should be no more_ than 15 impulse noise counts in 15 minutes at a 
given threshold. For a sampled trunk group, there should be a maxi
mum of 5 counts in 5 minutes at a given threshold. Sampling plans 
are specified and the noise thresholds are set at different values for 
loops, for VF trunks, and for compandored and noncompandored 
carrier trunks. The threshold values are also weighted to take into 
account the expected increase of noise with distance in carrier 
systems. The trunk impulse noise thresholds are shown in Figure 26-5 . 
The loop impulse noise threshold is 50 dBrnC referred to the local 
central office. 

I nte l l ig ible Crossta lk 

Intelligible crosstalk objectives are generally expressed in terms 
of the crosstalk index, a measure of the probability of receiving 
intelligible crosstalk. The derivation of the crosstalk index, its rela
tionship to the impairing effects of intelligible crosstalk, and the use 
of generalized crosstalk index charts are presented in Chapter 17. 

Objectives have been established for most types of trunks. A 
maximum crosstalk index of 1 is used for intertoll and secondary 
intertoll trunks. An index of 0.5 is applied to toll connecting, direct, 
tandem, and intertandem trunks. No index objective has yet been 
established for loops. 
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FACILITY TYPE 

COMPANDORED* 

TRU NK LENGTH VF TRU N KS, 
CARRIER AND MIXED NO NCOMPANDO RED 

COMPANDORED- CARRI ER, 
(MI LES) dBrncO 

NONCOMPANDORED, dBrncO 
dBrncO 

0-60 54 68 58 

60-125 54 68 58 

125-2 50 54 68 59 

250-500 68 59 

500-1000 68 59 

1000-2000 68 61 

over 2000 68 64 

* Compandored trunks, including those with D-type channel banks, are measured 
with a - 10 dBmO tone transmitted from the far end and filtered out ahead 
of the measuring set by a C-notched filter or equivalent. The C-notched filter 
is  a C-message weighting network with a narrowband suppression section to 
provide at least 30 dB of attenuation at the tone frequency. 

Figure 26-5. Impulse noise th resholds for trun ks. 

Crosstalk objectives for central office equipment are usually ex
pressed in terms of equal level coupling loss. In four-wire offices, the 
objective for minimum coupling loss between the two sides of one 
circuit is 65 dB. The coupling objective for different circuits is 
80 dB in two-wire and four-wire offices. 

Sing le-Frequency Interference 

Well documented and generally accepted transmission objectives 
for single-frequency interferences are not now available. When new 
systems have been designed, design objectives have been applied in 
a generally conservative manner. The factors that have made 
it difficult to derive acceptable objectives include the frequency and 
amplitude of the interference, the stability or variability of frequency 
and amplitude, the harmonic content of the interference, the presence 
or absence of masking message circuit noise or other interferences, 
the possible presence of other single frequencies, and the constancy 
or intermittency of the interference. As a rule of thumb, single
frequency interferences must be well below other noise in the circuit. 
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The most conservative estimate, one that makes single-frequency 
noise inaudible to nearly everyone, is that the interference should be 
30 dB below message circuit noise. More lenient estimates have led 
to design objectives of 10 to 12 dB below message circuit noise. These 
objectives apply to speech signal transmission and, when met, usually 
result in satisfactory transmission of other voiceband signals. 

Frequency Offset 

Frequency offset objectives are set primarily to satisfy the needs 
of program signal transmission. While the determination of the 
threshold for frequency offset is as critical to speech transmission 
as it is to music transmission, subjective tests have shown that 
listeners are more tolerant of offset in speech signals than in music 
signals. The overall performance objective for offset is a maximum 
value of + 2 Hz ; the maintenance objective is ± 5 Hz. 

Overload 

Over load of broadband or single-channel electronic systems pro
duces signal impairments in the form of noise and distortion. The 
objective for overload is expressed as a degradation of the grade of 
service in an individual channel. While objectives have not been 
firmly established, a reduction of about 1 percent in good-or-better 
and an increase of about 0.1 percent in poor-or-worse grades of 
service appear to be reasonable performance objectives for the over
load phenomenon. These criteria, when applied to D-type channel 
banks used with T-type carrier systems, have resulted in the objective 
that these banks transmit a +3 dBmO sine wave signal without 
causing overload impairment. 

A signal transmitted at higher amplitude than the design value 
may cause intelligible crosstalk or single-frequency tone interference 
as a result of intermodulation or other crosstalk paths. This impair
ment is not considered as overload unless it is so extreme that the 
entire system is affected. 

Miscellaneous Impairments 

A number of miscellaneous impairments are recognized as having 
potentially serious degrading effects on voice-frequency channel 
transmission ; they include phase and gain hits, phase and gain j itter, 
incidental frequency modulation, and dropouts. Formal objectives for 
these types . of impairments have not been established. 
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Telephone Station Sets 

The transmission performance of station sets is controlled pri
marily by design, and there are no specific transmission performance 
or maintenance objectives. The great maj ority of sets in service are 
the 500-type, which were developed to meet a set of stringent design 
objectives [9] . There are no transmission options or adj ustments on 
these sets. Therefore, where troubles can be identified with the 
station set or where trouble complaints cannot be identified with 
other parts of the local connection, the transmitter, the receiver, or 
the entire set may be replaced and returned to the manufacturer. 

A unique consideration is involved in operator and auxiliary 
services wherein the operator headset (receiver and microphone) 
must be regarded as the station set. One of the more stringent ob
jectives that must be met by these circuits is that pertaining to 
sidetone. In this case, sidetone is a design parameter of the access 
circuits rather than the headset circuits. The objectives are commonly 
expressed in terms of the acoustic sidetone path loss, which is de
fined as the ratio in dB of the loudness-weighted acoustic sound 
pressure produced by the receiver for a given loudness-weighted 
acoustic sound pressure input to the transmitter (or microphone) . 
The objective for this loss is 12 dB, an optimum determined by 
subjective tests ; values as ]ow as 8 dB and as high as 16 dB are 
considered tolerable. 

26-2 WIDEBAND DIGITAL SIGNAL TRANSMISSION OBJ ECTIVES 

As in the case of transmission objectives for voice-frequency chan
nels, the expanding use of existing channels for new types of signals 
and services has made it necessary to refine and redefine channel 
transmission objectives. Similarly, the adaptation of analog systems 
and portions of analog systems for wideband digital signal transmis
sion has led to new objectives for wideband channel applications. 
Frequency bands that were originally provided only as parts of the 
voice transmission network are being adapted for wideband digital 
signal transmission, and as a result, transmission objectives for the 
wider bands and new signals are in process of refinement and rede
finition. In addition, digital transmission systems are being developed 
and introduced into the network, thereby requiring that objectives 
be established for their design and operation. 
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The transmission objectives to be established and the manner of 

adapting systems and signals for compatibility depend on the signal 

format, the sensitivity of the signal to various impairments, and the 

characteristics of the system or channel involved. The parameters 

involved include load capacity, bandwidth, signal-to-noise perfor

mance, j itter, error rates, and the rate of digital transmission. 

The wide range of bandwidths, signal formats, impairments, 
services, and digital systems makes it difficult to present a complete 
set of wideband digital transmission objectives. Therefore, this dis
cussion is limited to a number of examples of objectives that have 
been established for specific signal formats and to the approach used 
.in several digital system designs. In most cases, the determination 
of the objective ultimately rests on subjective judgment of the re
quired grade of service. 

There are two types of wideband digital signals commonly trans
mitted on analog systems : the lA Radio Digital System ( lA-RDS) 
signal, a 1.544 Mb/s signal transmitted at baseband ( 0  through 
500 kHz) over microwave radio systems in a multilevel signal format 
containing seven discrete levels and a family of binary digital data 
signals that may be transmitted at 19.2 kb/s, 50.0 kb/s, or 230.4 kb/s 
.in the half-group, group, or supergroup bands, respectively, of the 
L-multiplex (FDM) equipment [10, 11] . Transmission objectives 
.for these signals and for digital transmission systems are evolving 
as the technology advances. 

Performance Evaluation 

Transmission objectives for wideband digital signals are expressed 
variously in terms of error rate, noise impairment, and eye dia
gram parameters. In addition, objectives must be expressed for 
signal power when digital signals are to be transmitted on analog 
systems. 

Error Rate. A commonly used design objective for wideband digital 
signal transmission, one that has not been sanctioned for general 
application, is an error rate of I0-6 ; i.e., the terminal-to-terminal 
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error rate shall not exceed one error in 106 bits. Error rate counters, 
or violation counters as they are sometimes more properly called, are 
used with many systems to determine error performance for the 
complete end-to-end connection or for some link in the connection. 
Violations of a predetermined code format are counted and compared 
with the objective which must be expressed in the same terms. The 
objective must be that value allocated to the particular link under 
surveillance. 

Noise Impairment. The expression of an objective in terms of noise 
impairment is used to equate the degradation of channel performance 
by various impairments to an equivalent degradation due to Gaussian 
noise. This equivalence can be explained in another way. A certain 
error rate can be expected from a given channel whose characteristics 
are ideal in all respects except for the presence of Gaussian noise. 
The noise impairment due to the introduction of some other degrada
tion, such as delay distortion, is measured by the improvement in 
Gaussian noise ( improved signal-to-noise ratio) that would be re
quired for the same channel performance as in the channel impaired 
only by the original value of Gaussian noise. 

Two goals are met by expressing objectives in terms of noise im
pairment. First, objectives can be allocated to a variety of impair
ments in an orderly manner that lends itself readily to changes 
necessary to meet specific conditions. Second, a straightforward 
method is provided for determining how good the channel signal-to
noise ratio must be to meet a specified error rate objective. Both 
advantages are especially desirable for studies of digital signal 
transmission on analog channels. 

Eye Diagram Closure. When a random stream of digital pulses is 
properly impressed on an oscilloscope, the successive pulses can be 
made to form a pattern, called an eye diagram. As the pulse stream 
is impaired by channel imperfections (such as noise, gain and delay 
distortion, and crosstalk) , the opening in the eye (or eyes for multi
level signals) is reduced by predictable amounts. Thus, the eye 
pattern may be used as a measure for performance, and transmission 
objectives can be expressed in terms of the percentage of eye closure. 

This manner of stating objectives has not proved to be useful in 
operating and maintaining systems, but it has found considerable 
use in system design where measurements are made under laboratory 

TCI Library: www.telephonecollectors.info



I ,,I I II 
I' I ,, I 
111 1 

Chap. 26 Transmission Obiectives 6 1 5  

conditions [12, 13] . The approach has been used to compare per
formance and objectives ; it has also been used as a means of 
allocating objectives among a number of different impairments, each 
being allowed a certain percentage of eye closure in the horizontal 
(timing) or vertical (amplitude) dimensions or in both. 

Signal Power. When a signal is impressed upon a transmission 
channel, the channel must be capable of transmitting the signal satis
factorily ;  in addition, the signal cannot be allowed to degrade other 
signals that may share the same transmission system. Overload 
performance is one criterion that must be satisfied in both respects. 

The impressed signal amplitude must be limited so that the signal 
itself is not degraded by the overload characteristics of the channel. 
The degradation would fall between two extremes, one in the form 
of peak clipping that might be relatively innocuous and the other 
in the form of excessive distortion that would render the signal 
useless. The limiting value depends in each case on the characteristics 
of the channel or system to be used. 

Simultaneous transmission of digital and other kinds of signals on 
analog facilities further requires that the load imposed by the digital 
signals does not seriously impair the other signals. The usual criteria 
for the loading objective are ( 1 )  that the average power in the 
digital signal shall not exceed the average power allotted to the dis
placed speech channels ( -16 dBmO per 4-kHz band) , and (2)  that 
any single-frequency component of the digital signal shall not exceed 
-14 dBmO. The latter criterion is sometimes relaxed if the component 
is not a multiple of 4 kHz or if the amplitude variability results in 
a low probabiilty of its exceeding -14 dBmO. 

Design  Appl ications 

Since most transmission objectives for wideband digital signals 
have not yet been formally accepted or generally applied, it is best 
to illustrate for specific cases the ways objectives evolve, are derived, 
and are applied. 

Bit Rate and Bandwidth. In the design of a new digital transmission 
system or the adaptation of analog facilities to the transmission of 
digital signals, the first consideration is the overall system design 
problem of relating available bandwidth to the desired transmission 
rate. First-order effects on the design include : ( 1 )  the achievable 
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signal-to-noise ratio of the proposed facility, (2 )  the desirability of 
designing a synchronous system that permits regeneration, (3)  the 
cost involved in terminal and signal regeneration equipment, ( 4) the 
feasibility and cost of equalizing the medium, and (5)  the trans
mission objectives that must be satisfied if the service needs are to 
be met. While the concern here is primarily with the objectives, all 
of these effects interact in ways that make discussion of objectives 
meaningless unless the interactions are explored as well. 

The need for digital s.ignal transmission over the analog microwave 
radio network evolved partly from the Digital Data System ( DDS) 
development program. The feasibility of transmitting a DS-1 signal 
on a TD-type radio system was established but this possibility was 
deemed undesirable because the DS-1 signal carries significant energy 
at frequencies up to 1.544 MHz. A substantial number of telephone 
channels would thus have to be dropped to accommodate the digital 
signal. It was also shown that the upper half of the DS-1 spectrum 
might be filtered or the signal might be coded as a 3-level , class IV, 
partial response signal with spectral nulls at 0 and 772 kHz. The 
former approach was more theoretical than practical ; the latter still 
appeared too costly because about 120 message channels would have 
to be dropped to provide a roll-off band. 

A 7-level, class IV, partial response signal with a 15  percent roll-off 
band was chosen and is now used in the lA Radio Dig.ital System 
( lA-RDS) which provides a digital facility for DDS. The signal has 
spectral nulls at 0 and 386 kHz and extends only to 444 kHz, well 
below the 564-kHz multiplex low-end frequency. Thus, no message 
channels are displaced. 

Performance Objectives. Objectives for lA-RDS were derived from 
those established for DDS. They were based on a leve1 of performance 
which was judged would provide a high-quality service at the cus
tomer sub-rates of 56 kb/ s and below. The basic criterion was stated 
in terms of percentage of error-free seconds. Allowances were in
cluded for known sources of hits, such as those caused by protection 
switching initiated by maintenance activities and fading. A sub-set 
of objectives covers the number of errored-seconds that occur in 
shorter periods of time and the number and length of error bursts. 
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Designs Based on Noise Impairments. In setting objectives for trans
mitting wideband digital data signals in the half-group, group, and 
supergroup bands of the L multiplex equipment, a major concern was 
the equalization of gain and delay distortion in those bands. The ob-

I .  jectives for these services were derived initially from the basic goal 
of achieving an error rate of 10-s or better (between terminals) 95 
percent of the time. Portions of this objective were then allocated to 
various well-defined impairments (random and impulse noise, for 
example) , and the remainder was allocated to misequalization, data 
set and terminal limitations, net loss variations, and jitter. 

These allocations first involved the derivation of a required 
signal-to-noise ratio of 12.7 dB. After noise impairments had been 
assigned to each of the principal sources of degradation anticipated, 
it was concluded that an overall signal-to-noise ratio ( Gaussian noise) 
of 22 dB would be required to meet the service objective ; this 
signal-to-noise ratio was used as a design objective. 

26-3 VIDEO TRANSMISSION OBJECTIVES 
The Bell System transmits three types of video signals that might 

be reviewed in detail in terms of applicable transmission objectives : 
broadcast television signals, closed circuit television signals, and 
PICTUREPHONE signals. Only broadcast television signals are 
covered, however, since closed circuit television and PICTUREPHONE 
objectives are not well established. Generally, closed circuit television 
objectives tend to be somewhat more lenient than those for broadcast 
quality signals. Thus, it is usually safe to use broadcast objectives ; 
if there appears to be serious difficulty in meeting them, the case 
must be considered separately. For PICTUREPHONE, only some 
early design objectives have been used in preliminary studies and 
experimental work [14] . 

The objectives to be discussed are, for the most part, expressed in 
terms of overall 4000-mile objectives. These, of course, must be 
allocated to different parts of the plant in accordance with some 
logical procedure, as outlined in Chapter 25. Most of the objectives 
given are design objectives, and each must be interpreted carefully 
and applied judiciously when operational variations and limits are 
considered for use as performance and maintenance objectives. 

Random Noise 
The degree of noise impairment to television signals is a complex 

function of the distribution of noise power versus frequency and the 
characteristics of the impaired signal (for example, whether it is a 
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monochrome or a color signal) .  When the noise is at a high enough 
amplitude, it may appear as fine, closely packed dots in rapid, random 
motion. When observed in monochrome signal transmission, the dots 
appear to have the characteristics of a swirling snowstorm ; as a 
result, the impairment has commonly been referred to as "snow." 

If the noise is concentrated at the lower video frequencies, the dots 
are relatively large or may appear as streaks in the picture. If the 
noise is concentrated at high frequencies, the dots are much finer 
and harder to see. Hence, equal powers of noise are judged to be more 
annoying at low than at high frequencies. When the noise is concen
trated in relatively narrow bands, it produces fleeting herringbone 
patterns in the received pictures. If the band is made narrower, the 
pattern approaches that of a single-frequency interference. Thus, 
equal powers of noise tend to be more objectionable as the bandwidth 
of the noise is decreased. 

These observations have led to the expression of random noise 
objectives in terms of a single weighted value applicable to mono
chrome or color signals. The weighting, which takes into account the 
more objectionable nature of low-frequency noise, makes possible the 
use of a single number as an objective ; i .e., equal measured values 
mean equal subjective effects, regardless of the type of noise. The 
effect of narrowband noise is accounted for simply by weighting its 
effect with that of broadband noise on the basis of total power. Thus, 
if single-frequency interference is present in a channel, the random 
noise objective must be made more stringent by an amount that 
makes the power sum of random and single-frequency noises meet 
the random noise objective. In addition, the single-frequency objective 
must also be met. 

The random noise weighting characteristic is shown in Figure 26-6. 
In spite of some differences in annoying effects in monochrome and 
color signal transmission, it is found that satisfactory results are 
obtained when this single weighting curve is used to evaluate noise 
on facilities used for both types of signals [15] . The objective 
generally applied is that the noise introduced by a 4000-mile system 
produce a signal-to-noise ratio of 53 dB or better. This ratio is ex
pressed in terms of the peak-to-peak composite signal voltage ( in
cluding synchronizing pulses) to the weighted rms noise voltage in 
the frequency range of 4 kHz to 4.2 MHz. The noise from zero to 
4 kHz is treated separately. 
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Figure 26-6. Monochrome and color random noise weighting for broadcast 
television signals. 

Low-Frequency Noise 

Noise in the band from zero to 4 kHz is measured in a manner 
similar to that for random noise. It is treated separately because of 
the likely presence of power-frequency interference (hum in tele
phone circuits) , which can cause bar pattern interference in the re
ceived picture. If hum is not present, the low-frequency random noise 
is simply added to the broadband random noise. 

The objective for low-frequency interference is expressed in terms 
of the ratio of the peak-to-peak signal voltage to the rms interference 
voltage in the band from 0 to 4 kHz. The objective for a 4000-mile 
circuit is a 50 dB signal-to-noise ratio. 

Impulse Noise 

The characteristics of impulse noise are not well-defined for evalu
ation as a television impairment. Generally, impulse noise is any 
interference that affects a small portion of the received picture for 
only a short interval of time. 

The objectives for impulse noise are also not well-defined. A ratio 
of the peak-to-peak composite signal voltage to the peak impulse 
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voltage of 20 dB is sometimes considered to be an acceptable objective. 
It is applied specifically to interferences that occur at a rate of about 
one per minute. No quantitative data are available for impulses of 
different durations or for other frequencies of occurrence. 

Single-Frequency Interference 

A single-frequency interference usually appears on a television 
receiver as a discernible bar pattern that may be stationary or in 
motion. If the interference is an integral multiple of the nominal 
60-Hz field frequency, it appears as a broad, stationary, horizontal 
pattern. If the interference differs slightly from a 60-Hz multiple, 
the bars travel up or down the picture. If the interference is weak, 
the impairment may more nearly resemble a flickering than a bar 
pattern, an impairment much more annoying than a stationary 
pattern. The effect depends on the flicker rate. 

For frequencies at or near multiples of the line scanning frequency, 
the patterns are stationary or moving, vertical or diagonal bars. The 
bar structures become finer as the interfering frequency increases ; 
the most critical frequencies are in the range of 100 to 300 kHz. 

Similar phenomena are produced by single frequencies near the 
color carrier frequency. The high- and low-frequency characteristics 
must be determined as high or low frequencies relative to ( i.e., dis
placed from) the color carrier frequency of 3.579545 MHz. 

While there is a wide variation of subjective reaction to single
frequency interferences according to their frequency, stability, multi
plicity, etc., the objective is usually stated as two simple numbers. 
First, the objective for a single interferer is taken as a signal-to
noise ratio of 69 dB where the signal amplitude is expressed in 
peak-to-peak volts (including the synchronizing pulse) and the inter
ference is expressed as an rms voltage. The second expression for 
the interference is that the total weighted interference (including 
random noise) is to be 53 dB below the signal, the same value as 
that given previously for weighted random noise. 

Echo 

Echo refers to a signal produced by reflection at one or more points 
in a transmission path or generated by transmission irregularities 
and having sufficient magnitude and time difference to be perceived as 
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distinct from the signal received over the primary transmission path. 
Echoes may lead or lag the main signal and have characteristics that 
are described by four different picture impairments. 

Types of Picture Impairments. A number of different picture impair
ments may occur as a result of reflections at points of discontinuity 
in the transmission path or as a result of transmission irregularities. 
All such picture impairments are subject (at least in theory) to con
trol and reduction by some form of transmission equalization. These 
impairments are discussed in Chapter 18 but are mentioned again 
here to stress the facts that all are due to transmission discontinuities 
or departures from ideal transmission characteristics and may be 
dealt with in terms of echoes. 

St-reaking and Smearing. These are often considered separately 
but, for convenience, are considered here as one type of impairment. 
Both are described as unwanted lines or areas of brightness, usually 
observed to the right of a sharp brightness change in a picture, ex
tending toward the right edge of the picture. Streaking extends 
undiminished to the right-hand edge ; smearing diminishes sub
stantially toward the edge of the picture. Both result from trans
mission irregularities at frequencies in the region of the field 
repetition rate (60 Hz) ,  frequencies in the region of the line scanning 
frequency (15.75 kHz) , and the first 10 to 15 harmonics of each. 

Ringing. An oscillatory transient, called ringing, may occur in a 
signal at the output of a system as a result of a sudden amplitude 
change of the input signal. This results in closely spaced multiple 
repetitions of some picture elements whose reproduction requires 
frequency components approximating either the cutoff frequency of 
the system or the frequency of a sharp discontinuity within the pass
band. The ringing occurs at approximately the frequency of the dis
continuity or of the band edge and is often accentuated by a rising 
gain characteristic preceding the discontinuity or band edge. Per
formance can be improved by extending delay equalization through 
the cutoff region. 

Overshoot. This impairment is due to an excessive response to a 
sudden change in signal amplitude. It appears as a black outline to 
the right of white objects and as a white outline to the right of black 
objects. A sharp overshoot may be referred to as a spike ; it is 
caused by excessive gain at high frequencies. 
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Flat and Differentiated Echoes. Echoes are complex phenomena 
whose interfering effects depend on echo amplitude, time separation 
from the main signal, the nature of the original signal, and the fre
quency characteristic of the echo source. If the echo essentially 
covers the entire transmitted band, it is referred to as a flat echo. 
If it has a sharp frequency characteristic, usually with stronger 
reflections at high frequencies, it is known as a differentiated echo. 
Differentiated echoes are generally less interfering than flat echoes. 
If the echo path accentuates the high frequency echo components at 
a rate of 6 dB per octave, the echo is less interfering than flat echo 
by about 15 dB. 

Echo Objective. The echo objective for video transmission is a 40 dB 
signal-to-echo ratio. It is expressed in terms of a single, well-defined, 
long delayed ( lOp.s or more) echo. In practice, many echoes are 
usually present, and each component echo must be weighted in ac
cordance with a weighting function that represents the change in 
subjective effect with the time displacement of the echo. The weighted 
components are then combined on a power basis for comparison with 
the objective. A typical time-weighting function is shown in 
Figure 26-7. Recent analysis of subjective test data has shown that 
the function also varies according to picture content and the polarity 
of the echo [16] . 
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Figure 26-7. Single flat echo objectives (echo time weighting curve). 
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Any departure from flat amplitude response or linear phase re
sponse of a transmission channel can be expressed in terms of the 
Fourier components of the response functions. These components 
are expressed as cosinusoidal functions of the amplitude response 
and as sinusoidal functions of the phase response. The Fourier com
ponents can then be regarded as generating echoes which may be 
summed by power after the weighting function has been applied. 

Crosstalk  

Video crosstalk occurs when an undesired signal interferes with 
a desired signal . The objectives for crosstalk are expressed in terms 
of dB of loss in the coupling path between the two signals at 4.2 MHz 
at equal transmission level points. When the coupling path is flat 
with frequency, the crosstalk is called flat crosstalk. When the cross
talk path loss decreases with frequency at a specified rate in dB per 
octave, the coupling is called x dB differentiated crosstalk where x 
is the rate of loss decrease. 

Where crosstalk can be seen, the interference appears as an image 
of the unwanted picture moving erratically across the wanted picture. 
The motion occurs because of the lack of synchronization between 
independent signals. As the crosstalk image moves across the picture, 
it appears to be framed. The apparent framing is formed by the 
synchronizing pulses of the interfering signal. The framing tends 
to be more noticeable than any feature in the image. The side frames, 
which extend from the top to the bottom of the wanted picture, 
interfere with the total wanted picture. The effect is similar to a 
windshield wiper moving across the picture ; the term "windshield 
wiper effect" i� sometimes applied. 

If the crosstalk is weak (high coupling loss) , neither the frame 
nor the image is discernible. At such a near-threshold point, only a 
slight flicker can be seen as the frame moves across certain portions 
of the desired picture. The subjective effect is more dependent on 
flicker rate than on crosstalk magnitude. 

If the coupling loss varies with frequency, resulting in differ
entiated crosstalk, the interfering image may appear to be in bas
relief. However, the synchronizing pulses are still the most prominent 
feature in the crosstalk image since they have the largest rate of 
change. 
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The overall objective for crosstalk coupling loss between equal 
level points is dependent on the nature of the coupling path. Some 
typical path characteristics that may be encountered in practice are 
illustrated in Figure 26-8. The applicable objectives, expressed in dB 
of loss at 4.2 MHz, are as follows : 

0 
r-

1 0  

Iii' .. 
� 20 

..2 30 CJ) .5 
a. 40 � 0 u 
Gl 50 > ·a Gi 60 Ill: 

70 

80 
.1 

CROSSTALK PATH 
Flat crosstalk 
6 dBjoctave 
12 dBjoctave 
24 dB ;octave 

I 
6 dB/octave 

� � 
_..,.....,-

_,..,... ......- � 12 dB/octave � � 
..,., � 24 d�octave7 

- / 
/ 

�V � I I 

OBJECTIVE, dB 
58 
37 
21 
17.5 

Flat 

__......,.....-� � 

�.� v 
/ v 

1.....11111 

I 
i i 

I 
I 

T 
I 

. I  
.2 .3 .5 .7 1 .0 2 3 4.2 5 

Frequency (MHz) 

Figure 26-8. Coupling path loss characteristics. 

Differentia l Gain and Phase 

7 

These impairments, which have serious effects on color television 
signal transmission, are described in Chapters 18 and 21, respectively. 
The objective for differential gain, which may produce undesired 
changes in color saturation, is 1.4 dB. The objective for differential 
phase, which produces changes in color hue, is 5o .  

Audio/Video Delay 
It is customary in the Bell System to transmit video and associated 

sound signals over separate transmission paths. If the difference in 
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absolute delay between the two paths is excessive, an impairment 
results because the picture and sound are out of synchronism ; the 
sound is heard before or after the producing action in the picture. 
The objective is that the delays in the two transmission paths differ 
by no more than 55 milliseconds. 

Luminance/Chrominance Delay 

While the luminance and chrominance information in a video signal 
is transmitted over the same channel, the dominant components of 
one part of the signal are so far removed in frequency (over 3 1\tiHz ) 
from the other part that there can be a significant delay difference 
between the two. When this delay difference is excessive, the color 
portions of the signal are shifted relative to the luminance portions ; 
i.e., there is a misregistration of color. Such an effect is most notice
able at sharp vertical edges of highly saturated color areas that are 
bounded by low-saturated color areas relatively free of detail [17] . 

The objective for the delay difference is 50 nanoseconds. It is ex
pressed as the difference in delay between 3.6 MHz and frequencies 
below 200 kHz. Since the delay below 200 kHz tends to be constant, 
measurements are usually made at 200 kHz and 3.6 MHz to evaluate 
performance relative to the 50 ns objective. 
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Chapter 27 

Economic Factors 

The quality of service provided by a telecommunications network 
must be based on an appropriate balance between customer satisfac
tion and the cost of service. To make service objectives meet the 
criterion of reasonable cost, compromises must often be made among 
the objectives themselves or between objectives and system develop
ment or application parameters. 

A number of compromises may be used to illustrate the process of 
adjusting designs, applications, and objectives for economic reasons. 
There are, of course, no unchanging and absolute relationships among 
these factors. Guidelines tend to change with time because new sys
tems, new services, and changing customer opinions bring about 
changes in the objectives. Furthermore, economic relationships are 
significantly affected by local and national economic factors such as 
inflation. 

27- 1 OBJECTIVES 

The derivation and application of transmission objectives often 
involve j udgment as to what can be accomplished within reasonable 
cost constraints, the compromises that result from such judgments, 
the reconciliation of one set of objectives with another, and the exist
ing economic, environmental, and human resources factors. Consider 
first the determination of transmission objectives and the economic 
factors involved. 

Determination of Objectives 

1 .  The determination of telephone transmission objectives requires 
the use of subjective testing to establish the relationship between an 
impairment and observer opinions of its effect. The test results 
are then related to measured or derived performance parameters 
to obtain values for the grade of service that can be expected for 

627 
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the combination of parameters involved. It is often possible at this 
point to determine the cost of achieving this grade of service and 
the effects of changing the objectives or the performance parameters. 
These changes can then be evaluated economically by comparing the 
results with the initial cost. 

Qualitatively, the results are usually predictable. In nearly all 
cases, costs increase when objectives are made more stringent or 
when performance is improved. The characteristics of a costjgrade
of-service curve are obviously important, and the judgment that must 
be exercised in establishing the objectives is influenced by the nature 
of this curve. 

In Figure 27-1, curve A shows a gradual increase in cost with 
improving grade of service and demonstrates many situations in 
which the simple prediction of increasing cost with improving grade 
of service is verified. Since the simple prediction does little to support 
engineering j udgment, the establishment of the objective must be 
based on other criteria. On the other hand, curves B-B' and B-B" 
represent very different sets of circumstances. 

Curve B-B' shows that a relatively small increase in cost yields a 
substantial improvement in grade of service up to a good-or-better 
rating of 97 percent and that, regardless of cost, the grade of service 
cannot be increased beyond 98 percent. Thus, from the point of view 
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Figure 27- 1 . Typical cost curves. 
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of economic effects, any attempt to achieve higher than a 97 percent 
good-or-better grade of service would be wasteful. 

Curve B-B" shows another type of relationship in which costs 
increase somewhat faster above 95 percent good-or-better grade of 
service than below. The change is not nearly as abrupt as for 
Curve B-B',  and the achievement of a 96 or 97 percent grade of 
service (considered satisfactory) would be justified. The important 
point to note is that the derivation of cost curves such .as those 
illustrated often provides strong support for determining objectives, 
either in terms of grade of service or more directly in terms of 
transmission objectives. Such curves may also be used to judge the 
cost of making desired improvements in performance. 

Allocation of Objectives 

As described in Chapter 25, objectives may be allocated to different 
sources of an impairment, the total objective for one type of impair
ment may be allocated to different parts of the plant (e.g., local or 
toll ) ,  or the total obj ective may be allocated to various parts of a 
transmission system. Each method of allocation is either directly 
dependent on or indirectly tempered by economic factors. 

An illustration of how economic factors can affect the allocation 
of an objective to different sources of the impairment is seen in the 
design of analog submarine cable transmission systems. In most 
analog cable systems for land application, signal amplitudes are ad
justed to produce optimum signal-to-noise performance. In submarine 
cable system design, the cost of cable repairs enters into the problem 
of noise allocation to various sources. If cable laying, aging, or other 
phenomena cause unanticipated misalignment of signal amplitudes 
in the positive (overload) direction, the increase in intermodulation 
noise might necessitate installation of additional equalizers in the 
cable, a costly operation. To guard against this possibility, submarine 
systems are usually operated at low signal amplitudes. The results 
are high margin against overload and the allocation of most of the 
message circuit noise objective to thermal noise. Intermodulation is 
seldom a controlling source of message circuit noise in submarine 
cable systems. 
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An illustration was given in Chapter 25 of how economic factors 
influence allocation of the objective for one type of impairment to 
various parts of the plant. It was pointed out that the 20 dBrnc 
maximum noise allocated to loops is such that no amount of expendi
ture in the loop plant could possibly improve the noise grade of service 
unless both loop and trunk objectives are made more stringent. At 
present, the noise resulting from trunks (carried predominantly on 
carrier systems in the intertoll portion of the network) controls the 
grade of service. 

Finally, economic factors may affect the allocation of an impair
ment to different parts of a system. For example, in long analog 
cable transmission systems, the design objective for message circuit 
noise for a 4000-mile system is 40 dBrncO. A possible allocation of 
this objective might be 37 dBrncO to the line repeaters and 37 dBrncO 
to terminal multiplex equipment. However, the difficulty and cost of 
achieving high quality performance in line repeaters (used in large 
numbers compared to the number of terminals) is recognized by a 
higher allocation to the line equipment. In most systems, the line 
repeaters are allocated 39.4 dBrncO and the terminal equipment 
31.2 dBrncO. This allocation, when further translated to individual 
units (repeaters or terminal equipment) , still results in a per-unit 
allocation that is more stringent for a repeater than for the terminal 
equipment. However, the economic balance is such that a further 
allocation of the objective to the repeater (which already has been 
allocated about 87 percent of the total ) would not result in signifi
cantly lower overall costs. 

Economic Obiectives 

At certain times and under certain circumstances economic objec
tives may supersede all others. In times of economic stress, the desir
ability of improving performance or increasing route capacity may 
have to be subordinated to the necessity of reducing capital and oper
ating expenditures. Such circumstances, undesirable as they may seem, 
must be recognized and improvements or expansion must be deferred. 

In addition to the effects of economic stress, other less dramatic 
effects must be considered. Among the most significant of these is 
the availability of capital funds versus anticipated revenue. Some
times it is necessary to keep outmoded equipment in service by paying 
for its maintenance from operating funds even though the results 
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of engineering economy studies have demonstrated the desirability 
of replacing the old equipment with new. When capital funds are in 
short supply, it is impossible to update equipment in the desired 
manner. This type of situation may be disclosed by engineering 
economy studies which compare initial capital outlays and estimated 
operating costs to available capital funds and anticipated revenue. 

27-2 D ESIGN COMPROMISES 

Most of the compromises that must be made between objectives 
and cost are made during the development and design of new systems 
and new equipment. These compromises are made at every stage of 
development and design ; the type of system to be developed, the 
features to be provided, the choice of circuits and physical designs, 
and the selection of components all relate to the balance between 
objectives (grade of service) and cost. 

Circuit Devices 

Devices used in electronic circuits include such elements as re
sistors, capacitors, inductors, transformers, transistors, and diodes. 
Each device selected for the circuit under design must obviously meet 
the requirements imposed by its function in the circuit. It must be 
of the correct value, capable of dissipating a certain amount of 
power, characterized by inputjoutput relationships that are ade
quately linear, sufficiently reliable, etc. Even with these constraints, 
there is often a wide choice within which circuit needs can be met. 
Making that choice with good j udgment involves consideration of 
costs and their relationship to the circuit requirements. Two signifi
cant factors are the manufacturing costs of the devices used and the 
ingenuity of the designer in utilizing a device to serve more than 
one function. 

The benefits of mass production are evident in the reduced cost 
of devices. Also, economic benefits are usually effected when a device 
can be made to serve multiple functions, as do many of the devices in 
telephone station sets. The quantity of sets manufactured annually 
is  so high that even a fraction of a cent saved in one device yields a 
significant manufacturing cost saving. As a result, a great deal of 
effort is devoted to design · and redesign of the station sets and of 
each device used. In such applied cost reduction studies, careful 
attention must always be given to every aspect of the design, in
cluding the environmental conditions that are found in the operating 
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plant (heat, humidity, voltage, handling, etc. ) as well as the circuit 
requirements. 

Circuits 

As discussed here, circuits are packaged entities of interconnected 
electronic devices that provide some specific function such as modu
lation, multiplexing, or amplification. A circuit may include electronic 
networks, filters, and equalizers, often referred to as apparatus. 

The design of circuits has progressed rapidly in recent years from 
point-to-point connection of devices through printed wiring techniques 
to a gamut of thin film, thick film, and integrated circuit arrange
ments that have evolved with the development of solid state tech
nology. With the wide choice of circuit arrangements available, 
careful attention must again be paid to economic factors. If large 
numbers of identical circuits are to be built and close control of 
circuit performance is required, integrated circuits are likely to be 
a good first choice. Sometimes, the added expense of integrated cir
cuits in small quantities is justified because the reproducibility of 
integrated circuit performance is high. 

An interesting illustration of circuit selection based on economic 
factors hinges on the selection of devices involved in the design of 
narrowband elimination or bandpass filters. In cases where the total 
available band for achieving prescribed characteristics is wide, the 
design may employ electronic devices, but if the efficiency of band
width utilization must be high and the available bandwidths are 
small, piezoelectric crystals may be needed to achieve the desired 
characteristics. The cost of the resistors, capacitors, and inductors 
used in an electrical filter design is, in most cases, much lower than 
the cost of crystals and the necessary additional devices. The choice 
depends on available bandwidth and the stringency of the require
ments. 

Physica l Design 

The physical design of equipment and facilities is greatly influenced 
by the costs of maintenance and operation as well as by the costs of 
manufacture and installation. Recent trends in physical design have 
been influenced by the decision to adopt new standards in building 
-design and by the recognition that both transmission and operation 
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could be improved by integrated designs of equipment bays [1 ,  2] . 
These integrated designs, sometimes called unitized bays, include 
many more combinations of transmission, signalling, and switching 
system interface equipment than were formerly provided in a single 
bay. Some of these combinations have been made possible by the 
development of miniature devices and some by improved techniques 
of bay wiring and functional circuit interconnection. The new designs 
result in a significant reduction in office wiring, the elimination of a 
number of cross-connect frames, reduced congestion of cable racks 
and cross-connect frames, and a reduction in the number of jack fields. 

The most significant feature of the new building design standards 
is the reduction of ceiling height and the concomitant standardization 
of 7 -foot equipment bay heights. The packaging of electronic circuits 
must now be consistent with the 7 -foot bay standard, but in order to 
serve existing buildings with reasonable efficiency, bays are also de
signed to old standards. The necessity for designing equipment for 
several bay heights has led to a number of design compromises that 
will eventually be unnecessary. As buildings of new design become 
predominant, bay designs for the older buildings will no longer be 
economically j ustifiable. 

Unitized bay designs have led to a set of design compromises 
different from those relating to building design. Facility terminals, 
as the new designs are called, contain all voice-frequency terminal 
equipment needed for a specific facility. In general, transmission 
performance improves, but there may be some minor limitations on 
the features that can be provided and the flexibility of equipment use. 

The advent of solid-state technology has also led to situations in 
which the solutions to design problems have resulted in various 
compromises. A transistor dissipates less power than an electron 
tube, but transistors are so much smaller that many more can be 
packaged into a given volume than electron tubes. The result is higher 
heat dissipation per unit of volume for transistor circuits, so tempera
ture control has become a problem in packaging solid-state devices. 
Since the higher density of components has lead to higher weight per 
unit of volume in many designs, floor loading must be reconsidered. 
Thus, physical designs have interacted with circuit and system de
signs to bring about new adjustments in objectives and design fea
tures. The process of adj ustment and compromise is continuous and 
parallels the development of all aspects of new technology. 
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Systems 

The design of systems follows the same pattern of compromise as 
has been outlined for components, circuits, and physical designs. 
System features and design criteria must be considered in respect to 
feasibility and cost. Reliability, maintainability, restoration of service, 
automatic versus manual testing, remote control and telemetry, and 
many other operational features must all be weighed carefully in 
terms of service and cost. 

The balance among system alternatives and cost factors plays an 
important role in determining whether to develop a new system. An 
example, illustrated by Figure 27-2, involves the cost of a carrier 
system relative to the cost of copper pairs for voice-frequency trans
mission. Costs for carrier and voice-frequency transmission are 
normalized to a value of unity at the point where the two costs are 
equal. As illustrated, the cost of carrier transmission has a base, A ,  
representing the fixed cost of the terminal equipment. To  this base 
cost is added the line cost (medium and electronics ) ,  which increases 
approximately linearly with distance. The cost of voice-frequency 
transmission increases linearly from a base of zero except for dis
continuities, designated B, introduced by possible gauge changes and 
the periodic need for VF repeaters. The slope of the VF facility cost 
curve is directly affected by the total cable cost and the number of 
pairs per circuit. 
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It can be seen that the cost/distance curve for the carrier system 
is already less steep than for voice-frequency transmission. Further, 
it is evident that even if this slope is significantly reduced, the cost 
of a circuit is not materially affected because of terminal costs. The 
conclusion is that only a significant reduction of the terminal 
cost, A, can be expected to improve the position of carrier trans
mission relative to that of voice-frequency transmission. Curve C2 
shows the effect of a terminal cost reduction of about ten percent, 
a reduction that has no effect on the relative markets for the two 
transmission modes because the crossover point of the cost curve is 
still at ten miles. However, with a different set of curves and cross
over points, a ten percent reduction might be very significant and 
lead to a different conclusion. 

Curve C3 shows the effect of a terminal cost reduction of about 
50 percent. This may well provide encouragement for the develop
ment of new carrier terminals if the cost reduction appears to be 
possible, because the crossover point of the carrier and voice
frequency transmission cost curve is now at six miles. In addition, 
it would be necessary to show that there are large numbers of cir
cuits in the range of six to ten miles and that there could be a high 
expectancy of achieving the 50 percent cost reduction by terminal 
redesign. 

Many studies of the type described have been made to guide the 
development of T -type and N -type carrier systems. The curves of 
Figure 27-2 are representative but are not based on any specific 
study results. Many other details must be included in a transmission 
system development study, such as the gauge of wire and the loss 
to which the circuits are designed. 

A second example of cost factors in transmission design is shown 
in Figure 27-3, which illustrates the effect of electronic equipment 
costs on the total line costs in long-haul analog cable transmission 
systems. The channel capacity or bandwidth of a number of systems 
is shown relative to an arbitrarily selected bandwidth taken as unity 
and to an arbitrarily selected unit of line cost. The line costs for a 
number of systems are then plotted in terms of electronic and 
nonelectronic components. Nonelectronic cost components include the 
cost of cable, installation, and right-of-way. 

Examination of the curves of Figure 27-3 shows that as the 
normalized bandwidth increases beyond a value of 3, the cost of 
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Figure 27-3. Electronic and nonelectronic l ine costs, analog cable systems. 

electronic equipment increases gradually. More important, the cost 
of nonelectronic components and electronic components is about equal 
for a normalized bandwidth of 6. Thus, it may be expected that any 
additional increase in bandwidth would show that the total cost 
starts to increase, and the development of new systems would be 
financially questionable. Other means of transmission should probably 
be considered. 

27-3 APPLICATION COMPROMISES 

Economic factors influence transmission problems in the field much 
the same as in the laboratory environment. In the field, the questions 
that arise involve long-range and short-range planning activities ; 
the optimum selection of equipment, transmission media, and systems ; 
and the allocation of funds to satisfy necessary operating functions. 

Components 

In the field environment, the word components refers to units of 
equipment such as filters, equalizers, amplifiers, or balancing net
works. In designing and laying out loops and trunks, the proper 
selection of such components plays a significant part in achieving 
performance consistent with established objectives and, at the same 
time, in satisfying economic constraints. 
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In addition to the decisions that must be made to satisfy technical 
objectives, the choice of equipment components must often include 
consideration of general trade equipment components that can be 
purchased outside the Bell System. Many suppliers have introduced 
equipment in the market that meets the needs of telephone operating 
companies. Thus, a knowledge of outside suppliers' equipment, its 
performance capabilities and cost is imperative. 

Systems 

In an operating company the planning function typically includes 
engineering studies that involve system choices in which economic 
factors are important. Many economic studies must be made since 
the choice of system depends heavily on cost relationships. Cost curves 
similar to Figure 27-2 provide a good basis for solving system appli
cations problems as well as design and development problems. By 
combining cost curves and a projected distribution of circuit lengths, 
it is often a simple process to decide the most economical choice of 
facilities. However, where system capacities are large, analysis may 
be quite complicated. 

In very heavily populated areas, where large circuit cross-sections 
are needed, there may be more than the usual choices of systems. 
In most cases, the choice is primarily made from several alternate 
plans for increasing the amount of paired copper cable, and the use 
of T- and N -type carrier systems. In larger metropolitan areas, the 
choices may be increased by the possibility of using microwave radio 
systems or digital coaxial cable systems. Several such systems are 
now available for metropolitan area applications. 

Efficient use of maintenance personnel is another economic factor 
in choosing a system. A number of equipment types are now available 
to make measurements and surveillance tests automatically and even 
to control certain operational functions remotely. In any planned 
installation or expansion program, the cost of using such equipment 
must be compared with the more conventional manual and on-site 
maintenance methods. 
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Chapter 28 

I nternational  Telecommunications 

The evolution of telegraph communications, the invention of the 
telephone, the development of radio communication, and the expansion 
of the total communication network have led to one of the world's 
most highly developed telecommunication systems on the North 
American continent. Whatever the principal reasons for this tremen
dous, but isolated growth in the United States and Canada (invention, 
corporate organization, common language, few and open international 
frontiers, etc. ) ,  little need was initially evident for coordination with 
other nations or for the establishment of international objectives or 
standards of performance. Thus, standards which in some cases, are 
quite similar to those now applied internationally, yet in other cases 
are quite different, have evolved independently in the United States 
and Canada. 

When transatlantic telegraph and then radio-telephone communi
cations were established, the need for some form of intercontinental 
coordination was recognized for the first time. The need for con
tinuing and expanding coordination has been more evident as sub
marine cable and satellite communicationS! have become realities. 
Today, the U. S. Government, a number of American common 
carriers, and American industrial and scientific organizations ( in
cluding manufacturers )  are members and active participants in 
international telecommunications organizations. The increasingly 
intense use of the radio spectrum, the enlarged international market 
and the increasing use of international direct distance dialing are 
bringing about increased standardization of international communi
cations. This trend is supp<>rted) in part, by the proliferation of 
telecommunication equipment manufacturers, whose international 
marketing efforts are naturally enhanced when their equipment 
satisfies international recommendations and standards. InternatiGnal 
transmission planning permits the use of various in�rnal trans-
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mission plans nationally, but international standards are met at 
international switching offices and on international circuits. 

28- 1 THE I NTERNATIONAL TELECOMMU NICATION UNION 

While international coordination of telecommunications did not 
directly affect the development of the North American network, the 
need for coordination and cooperation among European nations was 
evident as long ago as 1865. At that time, the International Telegraph 
Union was formed by a convention in Paris attended by twenty 
delegations from different European countries. Today there are nearly 
150 members of the International Telecommunication Union (ITU) , 
the modern descendent of the International Telegraph Union. The 
ITU engages in worldwide activities and is one of the specialized 
agencies of the United Nations, which recognizes it as the sole 
specialized agency competent for telecommunications [1,  2, 3] . 

Three international technical advisory committees were formed to 
deal with various aspects of international telecommunications. These 
committees were an outgrowth of the International Committee for 
Long Distance Telephony*, commonly referred to as the CCI, inau
rated in 1924. The three committees were called ( 1 )  the International 
Consultative Committee for Telegraph (CCIT) , the International 
Telephone Consultative Committee ( CCIF) , and the International 
Radio Consultati'Ve Committee ( CCIR ) . By 1939, when work was 
interrupted by World War II, these committees had succeeded in 
solving most of the traffic, operating, and radio coordination problems 
to the satisfaction of all Administrations [ 4] . The American Tele
phone and Telegraph Company participated in the activities of these 
early committees, first as an observer and then, after 1929, as a 
fully qualified member. 

At present, the relationships between the ITU and the U. N. (and 
several other specialized agencies of the U. N. ) provide for cross
representation between organizations, but the ITU has retained its 
independence. The ITU acts essentially as a technical advisory and 

* The original name of this organization was the Comite Consultatif Inter
·national des Communications TeUphoniques a Grande Distance. 
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administrative body. In 1956, two of its committees, the CCIF and 
the CCIT merged into the International Telegraph and Telephone 
Consultative Committee (CCITT) . 

The ITU and its principal organs maintain an active interest in 
all aspects of international telecommunications, including the studies 
of a wide variety of technical problems and the coordination of inter
national traffic and operating procedures. In addition, a special work
ing party of the CCITT and the CCIR (two of the principal organs 
of the ITU) have produced a handbook to assist the administrations 
and private operating agencies in an appreciation of the technical 
and economic problems involved in the planning of transmission 
systems [5] . Other special working parties have prepared handbooks 
on national automatic networks and on local networks. These hand
books contain information on current practices in countries that 
have highly developed telecommunication facilities and networks and 
are intended to help other countries fill their telecommunications 
needs. 

International cooperation regarding satellite communications has 
been fostered by studies and recommendations of the CCIR. With 
the advent of launch vehicles capable of placing substantial radio 
communication equipment into earth orbit, the CCIR began studies 
of the commercial feasibility of international communication satellites 
which culminated in recommended criteria for this mode of communi
cation. The radio frequencies required by early satellites were located 
in a frequency band bounded by excessive rain absorption above 
10 GHz and high galactic noise below about 1 .0 GHz. In order to 
share the available useful frequencies with existing microwave radio 
systems, equitable criteria had to be devised and international agree
ment obtained. In 1963, an Extraordinary Administrative Radio 
Conference (of the ITU) , to which the CCIR is the consultative 
technical organization, adopted initial sharing criteria (e.g., signal 
powers, frequencies, and allowable interference) for satellites, earth 
stations, and the terrestrial systems affected. Their conclusions be
came part of the international radio regulations upon treaty ratifi
cation by the various countries involved, including the United States. 
The initial criteria prevailed until 1971 when a World Administrative 
Radio Conference adopted new criteria and allocated additional fre
quencies above the earlier 10 GHz maximum. This action was based 
,on recommendations resulting from CCIR studies. 
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Organizational  Structure of the ITU 

The ITU consists of four permanent organs : ( 1 )  a General 
Secretariat directed by the Secretary-General and a Deputy Secretary
General, (2 )  the International Frequency Registration Board 
( IFRB ) ,  ( 3 )  the International Radio Consultative Committee, and 
( 4) the International Telegraph and Telephone Consultative Com
mittee. The General Secretariat provides liaison between Administra-
tions and private operating agencies throughout the world and is 
entrusted with the administrative and financial services of the ITU ; 
it also has a Technical Cooperation Department whose experts 
work in various countries to provide technical assistance where 
needed [3, 6] . 

International Frequency Registration Board. The IFRB acts as the re
cipient of information from the Administrations to record the fre
quency assignments of certain types of radio stations. It also acts, 
wherever possible, to predict potential interference and to adjudicate 
complaints of radio interference between Administrations by suggest
ing solutions to real or incipient problems. 

International Radio Consu ltative Committee. This committee studies 
technical questions relating to radio transmission and operations and 
issues recommendations based on technical reports resulting from 
their studies. The committee is made up of representatives from all 
members of the ITU Administrations and recognized private operat
ing agencies. When authorized, industrial and scientific organizations 
may participate on a consultative basis. The plenary assembly assigns 
work to various study groups and working parties whose reports 
are received at plenary assemblies held by the CCIR approximately 
every three years. The reports of the study results submitted and of 
the resulting actions taken by the plenary assemblies are published 
by the ITU. 

I nternational Telegraph and Telephone Consu ltative Committee. The 
CCITT, like the CCIR, is made up of representatives from all 
members of the ITU, some recognized private operating agencies, 
and industrial and scientific organizations. The CCITT studies tech
nical, operating, and tariff questions connected with international 
telecommunications. The study groups and working parties present 
the results of their studies to plenary assemblies of the CCITT, held 
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about every three years. These reports, together with other actions 
of the plenary sessions of the CCITT, are published by the ITU ira 
volumes whose colors are chosen to be distinctively related to a 
particular plenary session.* 

Study Groups and Working Parties 

Most of the technical work of the CCIR and the CCITT is carried 
out by study groups, special study groups, and joint working parties 
that are assigned responsibility for specific types of problems or 
fields of investigation. These groups meet as required in order to 
consider their assigned questions and problems. Figure 28-1 shows 
a number of study groups of the CCITT, some of which operate 
jointly with the CCIR. Regular study groups are designated by 
Roman numerals and, in respect to their responsibilities, they fall 
within a functional division of one field of study. Special study 
groups, designated by letter, are involved in more than one field of 
study. They may be formed of members from the CCIR, the CCITT, 
or both. In Figure 28-1, arrows are used to indicate interactions 
between special study groups ( SP. A, SP. C, and SP. D )  and the 
functional study groups. Interactions within a field of study are not 
shown. Working parties are formed within a study group to study 
a particular problem or field of investigation ; they may be permanent 
or they may exist only for the time necessary to complete an assign
ment. Study groups have the responsibility of responding to specific 
questions assigned by a plenary assembly of the CCIR or CCITT ; 
these questions and -subsequent recommendations are included in the 
official publications of the CCIR or CCITT. The study groups also 
prepare a list of questions and study programs for the following 
plenary period (the period between plenary assemblies) .  The ques
tions are proposed by the members of the CCIR or CCITT. Formal 
approval by the plenary assembly is required for recommendations 
and questions to become official. 

* Examples are the Red Books, which cover the meetings of 1958 at Geneva 
and 1960 at New Delhi ( 1st and lind Plenary Assemblies) ;  the Blue Books, 
which cover the meeting of 1964 at Geneva ( IIIrd Plenary Assembly) ; the White 
Books, which cover the meeting of 1969 at Mar Del Plata ( IVth Plenary As
sembly) ; and the Green Books, which cover the meeting of 1972 at Geneva (Vth 
Plenary Assembly) .  
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Characteristics of I nternational Operations 

The major differences between national and international opera
tions of telecommunication networks involve geography, language, 
law, and politics. The ITU has performed admirably in solving the 
related problems by patient negotiation and by the dedicated services 
of the many persons representing its membership. The ITU operates 
on the �asis of voluntary membership with the assumption that it is  
in the members' best interests to observe the conventions, regulations, 
and recommendations of the Union [7] . 

28-2 THE EVOLVING I NTERNATIONAL NETWORK 

The members of the ITU, through recommendations of the CCITT, 
have agreed on the goal of providing customer dialing of international 
calls on a worldwide basis. A general plan for achieving this goal has 
been agreed upon and is being implemented on a step-by-step basis. 
Operator and customer dialing of international calls is already a 
reality in many countries. The capability for operator and customer 
dialing requires all-number calling, already in effect or planned for 
most countries. 

World Numbering Plan 

Worldwide operator and customer dialing requires a worldwide 
numbering plan. An appropriate plan, worked out by the CCITT, 
divides the world into eight zones, as shown in Figure 28-2. Each 
country is given a 1-, 2-, or 3-digit country code number, the first 
digit of which identifies the world numbering zone. In the multi
national North American zone 1, which is already organized into a 
single integrated numbering plan, the single digit 1 is used as the 
country code of all the countries in zone 1. Another interesting detail 
is that the European zone has so many countries warranting two
digit codes that it has been assigned the initial digits 3 and 4. 

For worldwide dialing, a customer or operator must first dial an 
international prefix. Ambiguity between national and international 
numbers employing the same initial digits is overcome by first dialing 
the international prefix. In the North American network, the prefixes 
for international dialing are 01 for calls requiring operator assistance 
and 011 for other calls. After the international prefix, the country 
code and the national number of the called station - are dialed. The 
international numbering plan places the restriction that, after the 
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international prefix, there may be a maximum of twelve digits in 
the international telephone number. 

Some of the capabilities implied by the numbering plan just de
scribed are yet to be implemented. In some cases, the digit capacity 
of registers in local and toll offices must be expanded. Call routing 
from an originating office to the appropriate international switching 
center must be provided. 

Signal l ing 

When serious consideration was first given to direct dialing of 
transatlantic calls, it was immediately noted that the European and 
North American signalling systems were incompatible. Furthermore, 
none of the existing systems were compatible with the needs of the 
TASI system designed for use with the early submarine cable 
systems. 

Early submarine cable operation was carried out by manual ring
down signalling. In 1960, agreement was reached by the British, 
French, and German Administrations with the Bell System on a 
specification for an intercontinental signalling system. The system, 
sometimes called the Atlantic system, was compatible with TASI, 
provided for two-way operation of circuits, and provided practical 
interfaces with the European and North American signalling systems. 
It. used a modified version of the North American multifrequency 
pulsing for the transmission of address information and a new 
2-frequency system for supervisory signals. In 1960, both of the 
latter frequencies were in standard use in Bell System signalling 
systems. 

The CCITT was requested to study the Atlantic system for 
standardization as a recommended intercontinental signalling system. 
The system was accepted by the CCITT with some minor changes 
and was designated the CCITT Signalling System #5. Subsequently, 
the CCITT standardized a common channel signalling system 
( CCITT #6) , designed to operate with stored program switching 
systems and capable of providing features not available in System #5. 

Traffic and Operating · 

While most international calls were formerly person-to-person, 
station-to-station calling is commonly used between many countries 
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and is increasingly available for both incoming and outgoing U. S. 
international calls. Credit card and collect calls are also accepted for 
calls between many countries and are also more widely used in inter
national telephony. 

An international operator may sometimes have language difficulties 
or be unable to interpret a tone. To alleviate these problems, calling 
operators are able to ring forward and bring in an assistance operator 
in the terminating country. A language digit is prefixed to the called 
number by the switching machine and pulsed forward to prepare 
the distant equipment for receipt of a subsequent language-assistance 
signal. 

Routing Plan 

A routing plan that is similar in many ways to the routing plan 
used in the North American network has been recommended by the 
CCITT. The hierarchical arrangement of the worldwide plan utilizes 
three levels of international switching centers (transit centers) ,  
designated CTl, CT2, and CT3 ; CTl represents the highest rank in 
the hierarchy. The plan is shown in Figure 28-3. 

High usage trunk groups between any pair of CT offices are estab
lished wherever they can be economically justified. Provisions are 
made for alternate routing of overflow traffic from high usage groups 
to alternate transversal trunk groups and then to the final group. 
An example is given in Figure 28-3. For a call from CT3 on the left 
to CT3 on the right, attempts would be made first to use the direct 
group between these offices. As implied by the arrows, attempts 
would be made to route the call to CT2 and then to CTl on the right. 
Finally, the call would be offered to the final route. 

According to the routing plan, CTl offices are to be interconnected 
in pairs by circuit ,groups having low probability of blocking. In 
exceptional cases, two CTl offices may be interconnected through an 
intermediate transit center of unspecified rank ( CTx) . This is done 
only where significant economies may be realized and only if trans
mission and other standards of service quality are met. 

The CTl offices are important in the world routing plan. Locations 
are chosen to satisfy national and international economic considera
tions as well as technical requirements for switching and trans-
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INTERNATIONAL NETWORK 

@ CTl (first category CT) 

® CT2 (second category CT) 

Q CT3 (third category CT) 

0 CTx (unspecified category CT) 

International final route 

- - - High-usage circuit group 

NATIONAL NETWORK 

e Toll center (long distance exchange serving a subscriber through a toll connecting 
trunk and local center) 

0 Other national centers (i.e., CSPs) 

Final circuit group 

Figure 28-3. International routing plan. 

mission. Each country in which a CTl is located must be concerned 
with the costs of interconnecting that CTl with all others by direct 
circuit groups. The CTl offices are few in number and their recom
mended locations are strategically chosen on the basis of the in-
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transit flow of international transit traffic. These offices are concen
tration points for the traffic from a very large area. A number of 
CTl offices have been designated or proposed by ITU members to 
implement the world routing plan. 

The maximum recommended number of tandem-connected trunks 
that may be used for an international call is fixed by the CCITT at 
12, with a maximum of six international circuits. In some cases and 
for only a small percentage of calls, the total number of tandem 
circuits may be as high as 14 ; even in these cases, the maximum 
number of international circuits is limited to six. An international 
call involving six international circuits would be one routed through 
transit centers in the following manner : CT3, CT2, CTl, CTx, CTl, 
CT2, CT3. 

Final route engineering of a worldwide network for efficient 
handling of busy-hour traffic poses interesting problems caused by 
the concentration of traffic during a few hours of the day due to 
time zone differences. The CCITT has initiated a study of solutions 
to these problems by flexible routing and some form of network 
management. 

Transm ission and Maintenance 

The possibility of 12 or even 14, tandem-connected circuits in
creases the likelihood that international connections may be impaired 
more than domestic connections. In addition to the greater lengths 
and increased number of circuits involved, the variation in types of 
facilities also increases. These factors increase the probability of 
increased loss, loss variation, noise, distortion, and propagation de
lays. Unless very stringent controls are imposed, there is an increased 
likelihood of ·encountering multiple echo suppressors on an inter
national connection. All of these factors make necessary a high 
degree of control over transmission design and maintenance. 

The procedures involved in ·establishing and maintaining inter
national circuits have been and continue to be the subjects of study 
by members of the CCITT. The resulting recommendations cover such 
aspects of international circuits as the types of facilities, switching 
systems, and signalling arrangements ; detailed responsibilities for 
control, trouble locating, testing, and maintenance ; and procedures 
for operating the international network. At the time international 
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circuits are established between two countries, detailed agreements 
( largely based on current recommendations of the CCITT) are 
reached on all of the specific items involved in maintenance. 

28-3 TRANSMISSION PARAMETERS AND OBJECTIVES 

The CCIR and CCITT have defined a large number of transmission 
parameters and have established or recommended many transmission 
objectives for the international telecommunication network. These 
are thoroughly covered in documents published by the ITU [8, 9] . 
Space does not permit a comprehensive discussion here, but trans
mission level points, noise, and channel loading serve to illustrate the 
manner in which transmission problems are treated internationally. 

Currently, in the reports published by ITU, transmission para
meters are expressed in decibels. Some parameters are also expressed 
in decimal units of the international system of units. For example, 
noise and noise obj ectives are expressed in picowatts and picowatts 
per kilometer. 

International practices and recommendations include the use of 
a reference level, a term that is analogous to the 0 TLP used in the 
Bell System. The reference level point is sometimes referred to as 
0 dBr ( dB relative level ) .  For four-wire operation, the transmitting 
end of the circuit is defined as a -3.5 dBr point at the "virtual" 
switching point, a theoretical point whose exact location depends 
on national practice. 

Noise 

The basic unit of noise measurement used in international practice 
is the picowatt (pW) , i.e., l0- 12 watt. It should be noted that for a 
1000-Hz signal, this is the same reference as that used in the Bell 
System. In international maintenance practice, the standard test 
signal may be 800 or 1000 Hz. The picowatt may be expressed 
in  decimal or logarithmic terms ; the equivalent values are 
1 pW = l0-12 W = l0-9roW = -90 dBm. 

Message circuit noise is measured, according to CCITT recom
mendations, by a noise measuring set called a psophometer. The set 
is equipped with a weighting network that has a characteristic 
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somewhat �imilar to the C-weighting characteristic used in the Bell 
System. The two characteristics are shown for comparison in 
Figure 28-4. For general conversion purposes, it is usually sufficient 
to assume that the psophometric weighting of 3-kHz white noise 
decreases the average power by about 2.5 dB (compared with the 
2.0-dB factor for C-message weighting) . The term psophometric 
voltage refers to the rms weighted noise voltage and is usually 
expressed in millivolts. 

The (rounded) conversion factor recommended by the CCITT for 
practical comparison purposes is that 0 dBm of white noise measured 
by a psophometer ( 1951 weighting) is equivalent to 90 dBrn measured 
on a 3A-type noise meter with C-message weighting. This conver
sion, which applies to white noise in the 300 to 3400 Hz band, is not 
valid for other noise shapes because of the differences between 
psophometric and C-message weighting [10] . 

The relationships between various CCITT and Bell System noise 
units are summarized in Figure 28-5. The data are particularly 
useful for conversion from one noise unit to another since an estimate 
of the frequency spectrum effects can be obtained by comparing the 
three conditions tabulated. The 1-kHz values are given for comparison 
of the various conditions used. The 1-kHz psophometric reading ap
pears 1 dB high because the psophometric reference is 1 pW at 
800 Hz. The 0- to 3-kHz band of white noise approximates the noise 
obtained from a message channel. The broadband white noise read
ings are proportional to the total area under the weighting curve and 

0 

Iii -10 

� 
� c -20 0 � Gl ao: 

-30 

-40 
100 200 500 1000 2000 5000 

Frequency {Hz) 

Figure 28-4. Comparison of noise weighting characteristics. 
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TOTAL POWER OF 0 dBm 
WH ITE NOISE 

NOISE 
O F  -4.8 dBm/ kHz 

U N IT 0 TO 3 kHz 1 kHz 
WH ITE NOISE NOT BAND-LIMITED 

dBrnc 88.0 dBrnc 88.4 dBrnc 

dBrn 3 KHz FLAT 90.0 dBrn 88.8 dBrn 90.3 dBrn 

dBrn 15 KHZ FLAT 90.0 dBrn 90.0 dBrn 97.3 dBrn 

Psophometric 
voltage ( 600 ohms) 870 mV 582 mV 604 mV 

Psophometric emf 1740 mV 1 164 mV 1208 mV 

pWp 1.26 X 109 pWp 5.62 X 108 pWp 6.03 X 108 p Wp 

dBp 91.0 dBp 87.5 dBp 87.8 dBp 

Figure 28-5. Comparison of noise measurements. 

thus give significant information concerning the weighting function 
above 3 kHz. Similar data for other conditions or weightings can be 
obtained by integrating the appropriate weighting characteristic over 
the required frequency band. 

Channel Loading 

To simplify calculations in carrier system design, the CCITT has 
adopted (Recommendation G.223) a conventional value, - 15 dBmO, 
to represent the mean absolute power of speech and signalling cur
rents [8] . When the -15 dBmO value was established, it was based 
on a determination of expected channel signal loads. Analog system 
overload is discussed in Chapter 7 where Definition 2 is the CCITT
recommended definition of overload. 

The problem of loading has been under further study in recent 
years to determine whether the adopted value should be changed to 
reflect the transmission of new signal types. The approach that now 
appears most promising is that the amplitudes of data and other 
types of signals will be made compatible with -15 dBmO. One step 
has been to recommend a maximum sending reference equivalent 
(minimum loss) from the subscriber to the first international circuit. 
Also, several study groups have agreed that data and voice-frequency 
telegraph signals are to be reduced to -13 dBmO. 
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AC signalling, 346 
Accelerated depreciation, 283 
Accounting, depreciation, 281 
Accounts, Uniform System of, 274 
Acoustic shock, 424 
Activity factor, 305 
Addition, laws of, 590 
Address signal, 22, 321 
Alarm arrangements, 524 
Alerting signal, 22, 321 
Alignment charts, 85 
Allocation of objectives, 583, 629 
Alternate routing, 10 
Amplifier stability, 98 
Amplitude /frequency distortion, 

455, 458 
Amplitude/frequency objectives, 595 
Amplitude 

modulation, 189 
shift keying (ASK ) ,  359 

Analog coaxial cable systems, 31 
Analog data signal, 22, 375 
Analog signal, 351 
Analysis 

network, 63 
transmission, 64 

Analyzer, spectrum, 143 
Angle modulation, 203 
Apparent power, 77 
Arithmetic mean, 250 
Articulation testing, 539 
ASK signal waveforms, 360 
Aspect ratio, 385 
Attenuation constant, 39, 1 1 9 ,  1 4 0  
Attenuation factor, 1 1 9 ,  124 
Audible ring, 332 
Audio /video delay, 624 
Aurora borealis, 527 
Available gain, 46 
Average, central value, 250 

Back porch, 883 
Balance 

terminal, 494, 603 
through, 494, 603 

Bandwidth 
channel, 456 
objectives, 594 

INDEX 

654 

Bar pattern, 581, 620 
Battery 

common, 323, 414 
feed circuits, 325 
impedance, 420 

Baud, 210 
Bel, 39 
Bilateral network, 76 
Binary digit, 260 
Binomial distribution, 244 
Bipolar line signals, 367 
Bit, 260 
Blanking pulse, 383 
Boltzmann's ·constant, 429 
Book 

costs, 283 
depreciation, 283 
value, 283 

Break interval, dial pulse, 328 
Bridged tap, 462 
Building design, 633 
Busy circuit, 322 

C-message weighting, 56 
Capital 

costs, 280 
debt, 280 
equity, 280 
expenditures, 281 
recovery, 281 

Carrier systems, 28 
Carson, J.R., 209 
Category judgments, 539 
CCI, 639 
CCIF, 639 
CCIR, 639 
CCIS, 348 
CCIT, 639 
CCITT, 183, 640 
Central limit theorem, 243 
Central values, 250 
Channel, 23 

discrete, 268 
noiseless, 267 
one-way, 24 
two-way, 24 

Channel bandwidth, 456 
Channel capacity� 268 

TCI Library: www.telephonecollectors.info



I ndex 

Channel coding, 264 
Channel symmetry, 269 
Characteristic impedance, 117, 122 
Chrominance, 380, 389 
Circuit order requirements, 582 
Coaxial cable, 139 
Coaxial cable systems, analog, 31 
Coding, 216 
Coding, channel, 264 
Coil 

hybrid, 106 
heat, 529 
load, 136 
repeat, 104 

Combining transmission paths, 1 06 
Comment scale testing, 539 
Common battery, 323, 414 
Common Channel Interoffice Signalling 

System, 348 
Community antenna television, 393 
Compandor, 33, 408 

instantaneous, 436 
syllabic, 408 , 449 

Compatibility, system, 1 5  
Compensation theorem, 7 2 ,  8 1. 
Complement, set, 223 
Complementary period, 293 
Composite 

cost of money, 280 
return, 275 
signalling, 343 

Compounding, 275 
Compression ratio, 408 
Concentrator, line, 5 
Conditional probability, 225 
Conditioning, 459 
Confidence limits, 254 
Connection loss, overal1 , 489, 598 
Constants 

primary, 116  
secondary, 116 

Construction program, 274 , 279 
Continuous source, 259 
Contrast, 457, 458, 603 
Control signal, 22 
Convenience rate, 288 
Coordination, inductive, 422 
Cost 

book, 283 

Cost ( cont ) 
capital, 280 
first, 280 
incremental, 294 
initial, 277 
maintenance, 286 
operating, 286 
plant operations, 285 
recurrent, 277, 285 
sunk, 294, 296 

Cost of money, composite, 280 
Cotermination of plant, 294, 295 
Coupling, 413, 422 

crosstalk, 425 
electric field, 417 
electromagnetic, 416 
interrnodulation, 420 
magnetic, 416 

Coupling loss, 437 
Coupling loss, equal level, 425, 438 
Crosstalk, 425, 623 

differentiated, 623 
digital, 427 
far-end, 425 
flat, 623 
intelligible, 353, 581 
interaction, 425 
intermodulation, 431, 433 
near-end, 425 
speech, 426 
video, 427, 623 

Crosstalk coupling, 425 
Crosstalk index, 439, 581, 609 
Cumulative distribution function, 

230, 240 
Current 

longitudinal, 414 
metallic, 414 

Current revenues, 274 
Customer loops, 4 

Data, wideband digital, 463 
Data access arrangement, 595 
Data signal, 21 
DATAPHONE service, 595 
dB, 39 
dBm, 40 
dBRA P, 306 
dBrn, 58 
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dBrnc, 58 
dBrncO, 58 
dBrnO, 58 
dBV, 388 
de signalling, 336 
Debt capital, 280 
Debt-to-equity ratio, 278 
Debt ratio, 280 
Decoding, 264 
Deferred taxes, 27 4 
Delay 

audio /video, 624 
envelope, 46, 498, 500 
group, 498 
luminance/chrominance, 625 
phase, 46, 498, 500 

Delay distortion, 188, 499 
Delay distortion, envelope, 500, 515 
Demodulation, 188 
Depreciation, 274 

accelerated, 283 
accounting, 281 
book, 283 
straight line, 282 

Design 
objectives, 582, 593 
physical, 632 
requirements, 582 

Determinants, 103 
Determination of objectives, 577, 627 
Dial pulsing, 328 

break interval, 328 
make interval, 328 

Differential gain, 467, 510, 624 
Differential phase, 509, 511, 514, 518, 

624 

I ndex 

Differential pulse code modulation, 217 
Digital data signal, 351 
Digital signals, 351 
Digital systems, 32 
Direct trunks, 606 
Disconnect, 322 
Discrete channel, 268 
Discrete source, 259 
Dispersions, 251 
Distortion 

amplitude, 188 
amplitude/frequency, 455, 458 
delay, 188, 499 

intercept, 198, 501 
pha.se, 188, 498, 513, 514 
quadrature, 198, 360, 505, 511-513, 

517 
Distribution 

binomial, 244 
Gaussian, 239 
log-normal, 246 
normal, 239 
Poisson, 243 
Rayleigh, 249 
rectangular, 247 
uniform, 247 

Distribution function, normal 
cumulative, 241 

Diversity of trunking, 531 
Domain, set, 221 
Double declining balance, 284 
Dropouts, 474, 480 
Duplex, 24 
Duplex signalling, 344 
Duty cycle, 362 

E and M leads, 335 
Earnings, retained, 274 
EARS, 571 
Earth potential, 343 
Earthquakes, 527 
Echo, 90, 92, 467, 512, 596, 620 

differentiated, 622 
flat, 622 
listener, 482, 486, 491 
objectives, 601 , 622 
rating, 512 

· 

return loss, 492, 602 
suppressor, 34, 494, 605 
talker, 482, 489, 596, 601 
weighting, 622 

Echo path delay, 597 
Echo path loss, 603 
Economic objectives, 630 
Economy studies, engineering, 273, 278 
Edison Electric Institute, 422 
Educational television, 393 
Efficiency, power transfer, 95 
Electric field coupling, 417 
Electro-Acoustic Rating System, 571 
Electrolysis, 527, 530 
Electromagnetic coupling, 416 
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Electromagnetic pulses, 528 
Emergency broadband restoration, 530 
Empty set, 222 
End-office trunks, 606 
End section, 138 
Energy, 286 
Engineering economy, 273 , 278 
Engineering objectives, 582 
Entropy, 261 
Envelope delay, 46, 498, 5QO 
Envelope delay distortion, 500, 515 
Equal level coupling loss, 425, 438 
Equalization, 31 
Equalizer, 170 
Equalizing pulses, 384 
Equity capital, 280 
Equivalent four-wire transmission, 28 
Equivocation, 268 
Error 

correetion, 265 
detection, 265 

Error rate, 354 
Error rate objective, 613, 617 
Estimation, sample, 254 
Expectation of a function, 234 
Expected value of a random variable, 

233 
Expenditures, capital, 281 
Expenses, operating, 285 
Expert observer, 545 
Eye diagram, 447, 462, 465, 614  

Facility terminal, 28,  633 
Facsimile signal, 20, 21, 364 
Factor, via net loss, 599 
Far-end crosstalk, 425 
Feedback 

bridge-type, 17 4 
hybrid, 175, 186 
series, 173 
shunt, 173 

Field testing, 542 
Filter 

band-elimination, 111 
bandpass, 110 
high-pass, 110 
low-pass, 1 10 

Fire, 527 
First cost, 280 

Fixed loss design plan, 599 
Flicker, 466, 581, 623 
Flyback, television, 383 
Fourier 

integral, 158, 163 
inverse transform, 158 
series, 38 
series representation, 146 
symmetry, 149 
transform, 143, 157 

Four-wire transmission, 4, 25 
Frequency 

domain, 142 
frogging, 31, 34 
modulation, 203 
response, 160 

Frequency offset, 474 

657 

Frequency offset objectives, 611 
Frequency shift keyed signals, 373 
Frequency weighting, 56 
Frogging, 31, 33, 34, 591 
Front porch, 383 
Full duplex, 24 

Gain 
available, 46 
differential, 467, 510, 623 
hits, 479 
insertion, 46 
power, 47 
transducer, 47 

Gaussian distribution, 239 
Gaussian noise, 428 
Geometric mean, 250 
Glare, 327 
GOSCAL, 557, 566 
Grade of service, 220, 239, 551 

loss/ noise, 571 
loss-noise-echo, 570 

Ground-start, 326 
Group delay, 498 
Group velocity, 46 

Hardened systems, ·531 
Harmonic distortion, 171 
Heat coils, 529 
High-frequency line equipment, 31 
High-low signalling, 338 
High-usage trunk, 606 
Histogram, 252 

TCI Library: www.telephonecollectors.info



658 

Hits 
gain, 479 
phase, 479 

Holding tone, 436 
Horizontal resolution, 386, 465 
Hybrid, 482 

coil, 106 
feedback, 175, 186 

Idle circuit, 321 
IFRB, 641 
Image 

impedance, 73 
transfer efficiency, 77 

Impairment, noise, 447, 460, 462 
Impedance 

characteristic, 117, 122 
image, 73 
matching, 104, 130 
sending-end, 78 

Impulse signal, 159 
Impulse noise, 423 

objectives, 608 
Impulse response, 161 
Incidental modulation, 474, 479 
Income tax, 285 
Incremental cost, 294 
Index 

crosstalk, 439 
of modulation, 190, 205, 51.7 

Indices, 589, 606 
Inductive coordination, 422 
Inductive loading, 136 
Industrial television, 392 
Inflation, 278, 287 
Influence, power circuit, 422 
Information 

signal, 321 
theory, 256 
unit of, 259 

Initial cost, 277 
Insertion 

gain, 46 
loss, 45, 90, 131 
phase shift, 45, 90 

Intelligible crosstalk, 353, 581 
objectives, 609 

Interaction crosstalk, 425 

Index 

Intercept distortion, 198, 501 
Interest, 275 
Interference, single-frequency, 424, 620 
Interlacing, 384 
Intermodulation, 171 

coupling, 420 
crosstalk, 431, 433 
noise, 431 

Internal rate of return, 291 
International Committee for Long 

Distance Telephony ( CCI ) ,  639 
International Consultative Committee 

for Telegraph ( CCIT ) ,  639 
International Frequency Registration 

Board ( IFRB ) ,  641 
International Radio Consultative 

Committee ( CCIR ) ,  639 
International routing plan, 647 
International signalling, 646 
International Telecommunication 

Union ( ITU) , 639 
International Telegraph and 

Telephone Consultative Committee 
( CCITT) , 640 

International Telegraph Union, 639 
International Telephone Consultative 

Committee ( CCIF ) ,  639 
Interpretation of objectives, 578 
Interregional trunks, 605 
Intersection of sets, 223 
lntertandem trunks, 7, 12, 606 
Investment tax credit, 274, 284 
Isopreference testing, 538 
ITU, 639 

Jitter, 474, 479, 587 
Joint working parties, 642 

Kirchoff's Law, 65 

Laboratory tests, 542 
Landslides, 527 
Laws 

Kirchoff's, 65 
Ohm's, 64 

Lease, 286 
Level, 49 

reference, 650 
Life of plant, 281 
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Lightning, 527 
Limen, 547 
Liminal unit, 547 
Limit, 579, 593 

maintenance, 583 
turn down, 583 

Line concentrator, 5 
Listener echo, 482, 486, 491 
Load capacity, 314 
Load coil, 136 

spacing, 138 
Loaded lines, 134 
Loading 

inductive, 136 
noise, 450 

Log-normal distribution, 246 
Longitudinal current, 414 
Long route design, 604 
Long routes, 606 
Loop 

cutsomer, 4 
loss, 604 
loss objective, 605 
noise objectives, 607 
signalling, 336 

Loop-around testing, 524 
Loop-start, 326 
Loss, 461, 465 

insertion, 45, 90, 131 
loop, 604 
objectives ,  605 
overall connection, 489, 597 
reflection, 126 
return, 90, 133 

Loss changes, 461, 466 
Loss /noise grade of service, 571 
Loss-noise-echo grade of service, 570 
Low-frequency noise, 619 
Luminance, 380, 382 

signal, 384 
Luminance/chrominance delay, 624 

Maintenance, 16, 520 
costs, 286 
limits, 583 
objectives, 593 
preventive, 521 
requirements, 582 
support, 16 

I ndex 

Make interval, dial pulse, 328 
Mapping, 228 

Margin 
gain, 178 
phase, 178 

Mastergroup, 401 
Matrix analysis, 103 
Mean deviation, 251 
Median, central value, 250 
Medical data, 376 
Mesh analysis, 100 

Message, 18 
circuit noise, 607 
signals, 18 

Metallic current, 414 
Microwave radio systems, 31 
Midrange, central value, 250 
Misalignment, signal, 407, 629 
Miscellaneous taxes, 286 
Misframes, 587 
Mode, central value, 250 

Modulation, 32, 188 
amplitude, 189 
angle, 203 
coefficients, 182 
differential pulse code, 217 
DSBSC, 190, 197 
DSBTC, 192, 193 
frequency, 203 
incidental, 474, 479 
index, 190, 205, 517 
phase, 203 
product, 189 
pulse, 210 
pulse amplitude, 212 
pulse code, 215 
pulse duration, 214 
pulse position, 215 
SSB, 192, 197 
VSB, 193 , 201 

Money 
composite cost of, 280 
time value of, 275 

Monochrome signal, 380 
Multiburst test signal, 470 
Multichannel load factor, 316 
Multifrequency signalling, 348 
Multilevel ASK signals, 369 
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Multiplexing, 32 
frequency division, 33 
space division, 32 
time division, 33 

National Television System 
Committee, 388 

Near-end crosstalk, 425 
Near-singing, 489 
Negative feedback, 168 
Nepers, 39 
Net plant, 283 
Network 

analysis, 63 
bilateral, 76 
four-terminal, 91 
linear, 63 
switched message, 3 
synchronizing, 481 
synthesis, 63 
two-port, 37 

Nodal analysis, 102 
Noise, 56 

digital signal, 435 
Gaussian, 428 
impairment, 354, 447, 460, 462, 465, 

614, 617 
impulse, 4_23 
intermodulation, 431 
loading, 182, 450 
low-frequency, 619 
measuring set, 3-type, 56 
message-circuit, 607 
notched, 450 
1 //, 428, 430 
power system, 421 
quantizing, 435 
Rayleigh, 428, 431 
shot, 428, 430 
thermal, 184, 428 
weighting, 618 
white, 428 

Noise figure, 184 
Noise power, available, 429 
Noiseless channel, 267 
Nonlinear distortion, 180 
Normal cumulative distribution 

function, 241 
Normal distribution, 239 

Index 

Notched noise, 450 
NTSC, 388 
Null set, 222 
Numbering plan, world, 644 
Nyquist 

criteria, 258 
interval, 211, 357 
shaping, 356 
stability criteria, 179, 355 

Objectives 
allocation, 583, 629 
amplitude /frequency, 595 
bandwidth, 594 
design, 582, 593 
determination, 577, 626 
echo, 601, 622 
economic, 630 
engineering, 582 
error rate, 613, 617 
frequency offset, 611 
impulse noise, 608 
intelligible crosstalk, 609 
interpretation, 578 
loop noise, 607 
loss, 605 
maintenance, 593 
overload, 611 
performance, 593 
phase /frequency, 595 
sidetone, 612 
single-frequency, 610 
translation, 588 
transmission, 593 
trunk noise, 608 
video, 617 
wideband digital, 613 

Off-hook, 322 
Ohm's Law, 41, 64 
One-way signalling, 7 
On-hook, 322 
One-and-one-half balance, 284 
Operating 

costs, 286 
expenses, 285 

Order wires, 524 
Oscilloscope, cathode ray, 143 
Outage time, 526 
Out-of-sight plant, 532 
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Overall connection loss, 489, 598 
Overload, 53, 180, 182, 24� 315, 40� 

512, 528, 615, 652 
objectives, 611 

Overshoot, 467, 469, 470, 621 

Pair-comparison testing, 538 
PI AR, 515, 595 

meter, 447, 462 
rating, 515 

Panel call indicator, 339 
Peak factor, 310, 315, 402, 404 
Percent break, 329 
Performance objectives, 593 
Period 

complementary, 293 
planning, 293 

Phase 
constant, 39, 120 
delay, 46, 498, 500 
differential, 509, 511, 514, 518 
distortion, 188, 498, 513, 514 
distortion control, 516 
hits, 479 
modulation, 203 
shift, 45, 90, 498 
shift keyed signals, 372 
velocity, 46 

Phase/frequency objectives, 595 
Physical design, 632 
PICTUREPHONE 

signal, 20, 394, 407 
transmission level points, 396 

Pilot signal, 170 
Planning period, 293 
Plant 

life, 281 
net, 283 
operations costs, 285 
retirement, 295 

Poisson distribution, 243 
Pollard's theorem, 69 
Porch 

back, 383 
front, 383 

Power 
addition, 59 
circuit influence, 422 
gain, 47 

Index 

Power ( cont) 
system noise, 421 
transfer, 94 
transfer efficiency, 95 
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Present worth of annual costs, 291, 293 
Present worth of expenditures, 291, 

294 
Preventive maintenance, 521 
Primary constants, 116 
Probability, 219 

conditional, 225 
density function, 231 

Product modulation, 189 
Program signal, 20, 318 
Propagation 

constant, 120 
time, 498, 596 
velocity of, 125, 141, 599 

Protection line switching, 31 
Protectors 

carbon-block, 529 
diode, 529 
gas-tube, 529 

Psophometer, 650 
Psophometric 

voltage, 651 
weighting, 651 

Pulse modulation 
amplitude, 212 
code, 215 
duration, 214 
position, 215 

Pulse splitting, 323 
PWAC, 291 , 293 
PWE, 291, 294 

Quadrature distortion, 198, 360, 505, 
511-513, 517 

Quantization, 260 
Quantizing, 216 
Quantizing noise, 216, 435 

Radio systems, microwave, 31 
Rain attenuation, 527 
Raised cosine characteristic, 258, 355 
Random variable 

expected value, 233 
sum of, 237 

Range of sample, 251 
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Rate 
convenience, 288 
of return, 275, 280 
of return, internal, 292 

Rating 
P/AR, 515 
transmission, 570, 573 

Rating System, Electro-Acoustic, 571 

Rayleigh 
distribution, 249 
noise, 428, 431 

Receiver off-hook ( ROH) signal, 334 
Recurrent costs, 277, 285 
Rectangular distribution, 247 
Reference level, 650 

Reflection, 125 
coefficient, 90 
factor, 127 
gain, 128 
loss, 126 

Regulation, 31 
Regulator, 170 
Reliability, 15, 520, 526 
Rent, 286 
Repeat coils, 104 
Repeated plant, 295 
Repeater 

negative impedance, 27 
voice-frequency, 27 

Requirements, 593 
circuit order, 582 
design, 582 
maintenance, 582 

Resistance design, 604 

Resolution 
horizontal, 386, 465 
vertical, 385, 465 

Resonance 
parallel, 110 
series, 110 

Resonant circuits, 109 

Restoration 
emergency broadband, 520, 530 
service, 520 

Restored polar signals, 363 
Retained earnings, 27 4 
Retirement of plant, 296 

Index 

Return 
composite, 275 
rate of, 275 

Return loss, 90, 133, 602 
echo, 492 
singing, 494 
structural, 134 

Return rate, 280 
Revenues, current, 274 
Reverse battery signalling, 337 
Revertive pulsing, 339 
Ring, 325 
Ringing, 466, 469, 470, 621 

cycle, 333 
selective, 333 
signal, 22, 332 

Root mean square, central value, 250 
Routing plan, international, 647 
R-scale, 570 

Salvage, 281 
gross, 282 
net, 282 

Sample space, 221 
Sampling, 211, 252 

theorem, 211, 260 
Satellite communications, 640 
Scanning, 20, 380, 389 

pattern, 381 
Secondary constants, 116 
Secondary intertoll trunks, 606 
Secretariat, General, 641 
Section, end, 138 
Seizure, 322 
Separating transmission paths, 106 
Service 

grade of, 220, 239 
restoration, 520 

Set domain, 221 
Shielding, 417 
Shock, acoustic, 424 
Shot noise, 428, 430 
Sidetone, 486 

objectives, 612 
Signal 

address, 22, 321 
alerting, 22, 321 
analog, 351 
analog data, 22 
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Signal ( cont) 
bipolar line, 367 
control, 22 
data, 21 
digital, 351 
digital data, .351 
facsimile, 20, 21, 364 
information, 321 
message, 18 
misalignment, 407, 629 
monochrome, 380 
multiburst test, 470 
PICTUREPHONE, 20, 394 
pilot, 170 
program, 20 
ringing, 22 
restored polar, 363 
speech, 19� 302 
stairstep test, 4 70 
supervisory, 22, 321 
telephotograph, 397, 491 
television, 20, 380 
test, 321 
video, 20 
wideband binary A SK, 363 

Signal amplitude, digital, 352 

Signalling 
ac, 346 
Atlantic system, 646 
composite, 343 
dc, 336 
derived de, 342 
duplex, 344 
high-low, 338 
international, 646 
loop, 336 
multifrequency, 348 
one-way, 7 
out-of-band, 348 
PCI, 339 
reverse battery, 337 
revertive pulse, 339 
simplex, 342 
single-frequency, 346 
2600-Hz, 346 
two-way, 7 
wet-dry, 338 

Simplex signa1Iing, 342 

Index 663 

Singing, 98 
margin, 100, 490 
return loss, 494, 602 

Single-frequency 
interference, 424, 620 
objectives, 610 
signalling, 346 

Slip, digital signal, 478 
Smearing, video, 467, 469, 470, 621 
Snow, 618 
Special Services Signalling, 349 
Special study groups, 642 
Spectrum analyzer, 143 
Speech 

activity factor, 311 
energy, 303 
signal, 19, 302 

Spot noise figure, 184 
Stability 

amplifier, 98 
index, 99 

Stairstep test signal, 470 
Standard deviation, 235, 251 
Standing wave ratio, 128 
Station set, 4, 25 

telephone, 25, 612 
Statistics, 219, 249 
Straight-line depreciation, 282 
Streaking, video, 467, 469, 470, 621 
Structural return loss, 134 
Study groups, 642 
Subjective testing, 536, 574 
Submarine cable, 28 
Subset, sample space, 221 
Sum-of-years-digits, 284 
Sunk cost, 294 
Sunspots, 527 
Superposition theorem, 70, 81 
Supervisory signal, 22, 321 
Suppressor, echo, 34 
Susceptibility to power impairment, 

422 
Switched message network, 3 
Switching, 8 

blocking, 7 
local hierarchy, 8 
tandem, 8 
time domain, 24 
toll hierarchy, 8, 10 
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Switching center 
primary, 12 
regional, 12 
sectional, 1 2  
toll, 12  

Syllabic compandors, 408, 449 
Symmetry 

channel, 269 
Fourier, 149 

Synchronization, 380, 389, 474 
Synchronizing network, 481 
Synthesis, network, 63 
Systems 

carrier, 28 
compatibility, 15 

Talk-listen activity factor, Sll 
Talker 

constant volume, 305 
echo, 482, 489, 596, 601 
variable volume, 308 

Tandem trunks, 7, 12, 606 
T ASI system, 24, 34, 408 
Tax credits, investment, 27 4, 284 
Taxes 

deferred, 27 4 
income, 285 
miscellaneous, 286 

Telegraph signals, 37 4 
Telemetry arrangements, 524 
Telephone load activity factor, 311 
Telephone station set, 25, 612 
Telephotograph signals, 397, 491 
Teletypewriter signal, 374 
Television, 379 

channel assignments, 390 
community antenna, 393 
educational, 393 
flyback, 383 
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Telecommunications 
Transmission 
Engineering 

Introduction 

Communication Engineering is concerned with the planning, design, 
implementation, and operation of the network of channels, switching 
machines, and user · terminals required to provide communication 
between distant points. Transmission Engineering is. the part of 
Communication Engineering which deals with the channels, the trans
mission systems which carry the channels, and the combinations of 
the many types of channels and systems which form the network of 
facilities. It is a discipline which combines many skills from science 
and technology with an understanding of economics, human factors, 
and system operations. 

This three-volume book is written for the practicing Transmission 
Engineer and for the student of transmission engineering in an under
graduate curriculum. The material was planned and organized to 
make it useful to anyone concerned with the many facets of Communi
cation E ngineering. Of necessity, it represents a view of the status 
of communications technology at a specific time. The reader should be 
constantly aware of the dynamic nature of the subject. 

Volume 1, Principles, covers the transmission engineering prin
ciples that apply to communication systems. It defines the charac
teristics of various types of signals, describes signal impairments 
arising in practical channels, provides the basis for understanding the 
relationships between a communication network and its components, 
and provides an appreciation of how transmission objectives and 
achievable performance are interrelated. 

Volume 2, Facilities, emphasizes the application of the principles 
of Volume 1 to the design, implementation, and operation of trans
mission systems and facilities which form the telecommunications 

iii 
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network. The descriptions are illustrated by examples taken from 
modern types of facilities most of which represent equipment of 
Bell Laboratories design and Western Electric manufacture ; these 
examples are used because they are familiar to the authors. 

Volume 3, Networks and Services, shows how the principles of 
Volume 1 are applied to the facilities described in Volume 2 to pro
vide a variety of public and private telecommunication services. This 
volume reflects a strong Bell System operations· viewpoint in its con
sideration of the problems of providing suitable facilities to meet 
customer needs and expectations at reasonable cost. 

The material has been prepared and reviewed by a large number 
of technical personnel of the American Telephone and Telegraph 
Company, Bell Telephone Companies, and Bell Telephone Labora
tories. Editorial support has been provided by the Technical Publica
tions Organization of the Western Electric Company. Thus, the book 
represents the cooperative efforts of many people in every major 
organization of the Bell System and it is difficult to recognize indi
vidual contributions. One exception must be made, howev.er. The 
material in Volume 1 and most of Volume 2 has been prepared by 
Mr. Robert H. Klie of the Bell Telephone Laboratories, who was 
associated in this endeavor with the Bell System Center for Technical 
Education. Mr. Klie also coordinated the preparation of Volume 3. 

C. H. Elmendorf, III 
Assistant Vice President
Transmission Division. 
American Telephone and Telegraph Company 
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Volume 2 - Facilities 

Preface 
The Bell System transmission facilities network is made up of a 

large number of transmission systems, media, terminal equipment 
units, and items of apparatus that have been designed al}d constructed 
to operate efficiently and economically as an integrated communica
tions system. The network has grown rapidly in recent years and has 
changed remarkably with the increasingly sophisticated technological 
designs and processes that have emerged over the same period. 

The network has evolved as one capable of providing high-quality 
telecommunications services economically. In addition, it is composed 
of facilities and equipment that give it flexibility and adaptability in 
the face of a wide range of environmental factors that include rural 
and metropolitan areas, hot and cold climates, residential and business 
communities, and many more. Furthermore, the entire network has 
proven to be adaptable to transmitting signals of a constantly chang
ing character that have resulted from the provision of new and 
expanded services. 

Volume 2 is devoted to descriptions of the major facilities, systems, 
circuits, equipment, and apparatus designed and used by the Bell 
System to provide the required wide range of communications serv
ices. The text is organized in seven sections devoted to descriptions 
and discussions of ( 1 )  the network and the principal transmission 
media, (2) local plant facilities, (3) the major analog carrier systems 
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that utilize metallic media, (4)  analog microwave radio systems, ( 5 )  a 
wide range of digital systems, ( 6 )  transmission maintenance systems 
and equipment, and ( 7 )  how all these elements are brought together 
into an integrated communications system that serves this nation and 
interconnects with the facilities network of the entire world. 

Section 1 provides a general description of the facility network and 
discusses briefly the manner in which it has evolved. A summary is 
also given of the characteristics of transmission media. Section 2 pre
sents descriptions of loops and station sets, voice-frequency network 
trunk and data facilities, and wideband facilities. The section also 
includes discussions of the transmission aspects of central office and 
customer premises switching equipment generically called Business 
Communications Systems. 

In the third section, descriptions of analog carrier systems utilizing 
metallic media are presented. The section b€gins with a chapter in 
which the frequency division multiplex equipment is described. Basic 
design features of analog transmission systems are then discussed 
after which descriptions of systems based on wire-pair cable and 
coaxial cable utilization are given. Section 4 covers analog microwave 
radio systems. Basic design features, systems engineering, and pro
tection switching systems are first described. These general discus
sions are followed by descriptions of the features of short-haul and 
long-haul radio systems. Domestic satellite transmission and mis
cellaneous radio systems and services, principally mobile communi
cations services and radio paging services, are also described. 

Section 5 contains descriptions of digital transmission systems. The 
general design features of such systems are discussed and it is shown 
how they differ from analog carrier systems. Digital system terminal 
and multiplex equipment, digital transmission lines, and digital micro
wave radio systems are treated in succeeding chapters. 

Section 6 is devoted to a discussion of transmission maintenance. 
New maintenance systems, which are currently playing such a prom
inent role in the field of transmission maintenance, are computer
controlled and are being utilized to fufill significant functions in 
record keeping, operations control, and force management. Descrip
tions of more conventional types of test equipment and the important 
functions still fulfilled by such equipment in transmission maintenance 
are also presented. 
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An overall view of the facilities network and how the parts fit to
gether is presented in Section 7. Some of the limitations imposed 
upon system use because of interferences introduced into one system 
by another are first described. Finally, the methods of interconnecting
the parts and ensuring compatibility are covered. In addition to 
system interconnection, the design and operation of some common
equipment designs are also discussed. 
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Telecommunications 
Transmission 
Engineering 

Section 1 

The Facility Network 

The public and private switched message networks and the many 
special services circuits share a nationwide network of telecommuni
cations facilities. These facilities include transmission media, voice
frequency and carrier systems and equipment, a wide variety of 
terminating circuits, channelizing equipment, signalling and switching 
equipment, power supplies, and outside plant items of many descrip
tions. In short, the facility network comprises the telecommunications 
plant. 

High-quality transmission is provided over this network by careful 
design of all of these facilities and by paying particular attention to 
the interactions at the interfaces. Each of the categories of facilities 
mentioned above has some effect on transmission. However, those 
having the largest and most direct effects are transmission systems 
and the transmission media. 

Chapter 1 briefly reviews the evolution of transmission systems 
from the single-wire, ground-return circuits that were initially leased 
from telegraph service suppliers through the alphabetically desig
nated analog cable carrier and microwave radio systems to the modern 
digital transmission systems. Video signal transmission is also 
covered. The rapidly changing fields of maintenance and reliability 
are discussed and all of these factors are related to the importance 
of controlling the dynamic network changes by adequate planning and 
by the application of engineering principles. 

Every connection established for electrical communications between 
two points requires some form of transmission medium. Chapter 2 
describes the media most commonly used. These include open-wire 
lines, loaded and nonloaded multipair cables, coaxial cables, and the 
atmosphere, which provides the medium for a large number of 
different types of radi'o transmission systems. Transmission over 
waveguide is also briefly discussed. 
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The Facility Network 

Chapter 1 

The Evolution of the Facility Network 

Transmission facilities include transmission media, assemblies 
of equipment required to make up transmission systems, and the 
channels derived from these systems. A network of such facilities 
exists to provide a wide variety of telecommunications services. In
cluded are many types of transmission systems and subsystems which 
have evolved with advancing technology and with increasing demands 
for more and different types of services. 

As it becomes necessary to expand facilities and to replace portions 
that become obsolete, various criteria must be used in order to ac
complish the expansion in an orderly and economic manner. Selection 
of new facilities and the manner in which they are applied are de
pendent on many factors. The rate of growth and development of a 
geographic area, shifts of population and business activities, and the 
interaction of such factors in their influence on community of in
terests must all be taken into account. Separate consideration of these 
factors must be given to urban, suburban, and rural environments 
and accurate forecasts of loop and trunk facility needs must also be 
separately made. 

In all these aspects of the facility network evolution, engineering 
control has been and must be exercised so that new plant is com
patible with the existing plant. Engineering economy studies must be 
made to assure that growth is efficient and that short and long range 
objectives are satisfied wherever possible. New technology and in
novations must be carefully evaluated and, applied to assure the 
satisfaction of customer demands for improved performance and new 
services. 
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1-1 VOICE-FREQUENCY TRANSMISSION FACILITI ES 

The transmission media used during the years following the inven
tion of the t�lephone were single, iron-wire conductors rented from 
suppliers of telegraph service. These circuits operated on the principle 
of ground return circuit completion and, as a result, were subj ect to 
many types of impairments. The advantages of paired copper con
ductors, primarily lower transmission loss and lower susceptibility to 
noise, were recognized very early and by 1900, virtually all existing 
telephone communication was over paired copper conductors. The 
transition from iron to copper conductors was accelerated by the 
development during the late nineteenth century of the hard drawing 
process for copper wire. Also by 1900, some cables had been manu
factured and the technique of inductive loading had been invented 
and was being used. These advances permitted telephone communica
tions over longer and longer distances. 

With the introduction of electron tube amplifiers, transmission of 
telephone signals from coast to coast was accomplished in 1915. 
Nearly all transcontinental circuits during those early years were 
open-wire lines. These were used for long distance telephony because 
large gauge conductors were necessary to obtain the required low 
line loss. 

As the toll plant grew in size and complexity, problems were 
recognized and solved one by one. In terms of transmission per
formance, these problems included the need to reduce circuit loss and 
noise and, as transmission paths increased in length, to control or 
suppress echoes. Losses were first reduced by increasing the size of 
conductors. Later, inductive loading was applied and, with the in
vention of the electron tube, amplification was provided. Noise perfor
mance was improved by using balanced pairs, transposition ( or 
frogging) of pairs, staggered twisting of cable conductors, and 
quadded cable. Four-wire transmission, impedance matching, con
trolled losses, and echo suppressors were used to improve echo per
formance of the network. In addition, economics and operational 
considerations led to the adoption of common battery operation, the 
development of multichannel carrier systems, and the introduction of 
machine switching of local and toll traffic. 

In the local pla�t, the transition from open-wire lines to cable and 
the application of inductive loading techniques permitted the develop
ment of economical subscriber loops and local trunks. Central office 
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equipment expanded from simple manual switchboards to large cord
type switchboards with A-board and B-board arrangements, the 
A-board for outgoing calls and the B-board for incoming calls. This 
was followed by the first switching machines such as step-by-step 
and panel. In the manual and early machine switching systems, the 
status of telephone set development and signalling requirements placed 
limitations on wire gauge selection in the loop and trunk plant. 

The use of smaller wire gauges in the local plant was initially 
made possible by the application of inductive loading. Later, the in
vention of electron tubes and solid-state devices and improvements in 
circuit components of all types provided further important advances 
in voice-frequency transmission performance. These new devices and 
improved components have made possible the development of a wide 
range of amplifiers, repeaters, bridge lifters, hybrid coil transformers, 
impedance matching devices, noise balancing circuits, and filters. They 
have also led to improvements in frequency response, antisidetone 
features, and loop current equalization of telephone station sets. These 
improvements together with the development of circuits to increase 
loop signalling ranges have made possible the use of smaller wire 
gauges i n  the loop plant. 

1 -2 CARRIER TRANSMISSION FACILITIES 

The history of carrier systems really begins in the early years of 
the 20th century and progress in  all areas has been rapid. Carrier 
modes of transmission increase the efficiency of utilization of trans
mission media by combining (multiplexing) a large number of mes
sage signals into a single composite signal. Nearly all types of carrier 
modulation have been used but three are now predominant. Single
and double-sideband amplitude modulation with frequency division 
multiplexing of signals are commonly used to form a br

.
oadband signal 

for transmission over analog cable carrier systems. Frequency modu
lation of a microwave carrier is  used to transmit  this broadband 
signal over microwave radio systems. Various forms of pulse modula
tion, notably pulse code modulation, are used with time division 
multiplex techniques for transmitting signals over digital (regenera
tive repeater) facilities. Many other combinations of these techniques 
are possible and some are being developed. 

Ana log Cable Carrier Systems 

The application of electron tubes and solid-state devices and con
tinuing improvements in passive components have made it possible 
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to develop carrier systems providing ever wider bandwidths, thus 
substantially reducing the per-unit line cost of circuits. However, the 
distance between terminals, among other factors, does affect the point 
at which the use of electronics becomes more attractive than voice
frequency cable circuits. 

In addition to the economic advantages of carrier systems, a number 
of performance improvements are realized. The velocity of propaga
tion at carrier frequencies in any cable circuit is substantially higher 
than at voice frequencies. This is especially true when carrier circuits 
are compared with loaded cable pairs. The higher velocity offers ad
vantages i n  respect to control of echoes and favors some types of 
signal transmission where absolute delay is important. Some form of 
four-wire transmission is necessary in broadband carrier systems ; 
as a result, impedances are better controlled thus permitting the 
operation of circuits at lower losses yet with satisfactory stability 
and echo performance. 

The development of the A-type system in 1917 was followed by a 
succession of carrier systems identified by alphabetical designations. 
These systems were at first developed for use on open-wire trans
mission lines. Most of these early systems, designated A through J, 
provided four-wire or equivalent four-wire transmission in a fre
quency band above a voice-frequency channel which could simultane
ously be provided on the open-wire pair. Two exceptions should be 
noted. The E-type system provided transmission for one single
sideband channel on power lines. The same band was used for both 
directions of transmission, a mode that was made possible by voice
frequency switching so that only one direction of transmission oc
curred at any one time. Only three such systems were placed in  
service, those during the middle 1920s. The other exception was the 
G 1 system, placed in service in 1935. It provided a single channel 
above a voice-frequency channel on a single pair of wires in a 
double-sideband transmitted carrier mode and was the only carrier 
system which employed true two-wire transmission. 

The J-type system provided transmission for twelve single
sideband suppressed carrier channels on an open-wire pair in the 
equivalent four-wire mode. A voice-frequency channel and a C-type 
carrier system, which had a frequency allocation between the voice
band and the J-carrier band, could be operated simultaneously on the 
same pair. A number of different frequency allocations were used for J 
carrier but all involved a first step of modulation into a group band 
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covering the spectrum from 60 to 108 kHz. Thus, the basic group 
was formed to become the foundation of the entire modern frequency 
division multiplex ( FDM) system, during the 1930s. The K-carrier 
systems, developed at about the same time as the J-type, provided 
twelve single-sideband message channels for four-wire transmission 
on cable pairs rather than on open-wire lines. This was the first 
system in which the transmission medium was not shared with a 
voice-frequency channel or with another type carrier system. D ue to 
crosstalk effects, separate cables were normally used for the two 
directions of transmission. However, a single cable could be used 
when pairs were carefully shielded from one another. 

Terminal equipment for both J- and K-carrier systems used the 
same basic group frequencies. Both J- and K-type systems were 
manufactured and installed in quantity before, during, and after 
World War II.  Manufacture of these systems has now been discon
tinued although a number of both types are still in service. 

While the J- and K-type systems filled long-haul needs, short-haul 
analog systems were also developed. In 1950, the first N -type system 
was placed in service to provide twelve double-sideband transmitted 
carrier channels over nonloaded cable pairs for distances up to about 
200 miles. The initial designs utilized electron tubes throughout. 
However, the system was redesigned during the 1960s to exploit solid
state technology. The terminal equipment was again redesigned to 
permit the transmission of 24 single-sideband channels. 

The N-type systems were originally designed for four-wire trans
mission in two frequency bands which were alternated in succeeding 
repeater sections by a modulation process at each repeater (frequency 
frogging) . This technique partially equalizes the attenuation; 
frequency characteristic and minimizes the crosstalk coupling between 
the two directions of transmission. Another version of line design 
also uses the alternation of frequency positions at each repeater but 
utilizes the equivalent four-wire mode of transmission. 

The 0-type systems, made available during the same era and similar 
in many respects to the N-type systems, provide short-haul carrier 
transmission on open-wire facilities. These systems, many of which 
are still in service, utilize electron tubes. The equivalent four-wire 
mode of transmission is used and frequency frogging is employed at 
each repeater. In addition, the open-wire pairs must be transposed in 
accordance with a plan developed for carrier frequencies. 
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The 0-type system can provide a maximum of 1 6  4-kHz single

sideband channels which are multiplexed in groups of four channels. 
Each of the two pairs of channels in a four-channel group is trans
mitted on a common carrier frequency, one channel as an upper side
band and the other as a lower sideband. This arrangement is called 
twin-channel operation. 

Certain 0-type terminal arrangements have been adapted for use 
with N -type lines. This combination of 0-type terminals and N -type 
lines is called an ON system. Up to 24 channels can be provided by 
this method. An ON junction is available to permit convenient inter
connection of cable and open-wire facilities. In addition, ON -type 
system signals can be multiplexed by standard arrangements to pro
vide for the transmission of 96 channels on microwave radio systems. 

In 1929, the initial patent for a coaxial cable transmission system 
was granted. Cable and system development work continued from 
that time until 1941 when the L1 coaxial system was placed in service. 
Initially, the L1 system provided transmission for 480 ( later ex
panded to 600 )  4-kHz message channels using separate coaxial units 
for each direction of transmission. The continuing development of 
coaxial systems has produced the 1860-channel L3 system ( 1953 ) , the 
3600-channel L4 system ( 1967 ) , and the 10,800-channel L5 system 
( 1974) . The L5 system is currently being expanded to a capacity of 
22 600-channel mastergroups ( 13,200 channels)  . 

Design improvements in  active devices, components, and systems 
have been paralleled by improvements in the performance and capa
bilities of the transmission media. From open wire, progress has been 
made in conductor, insulation, and sheath designs of cables and 
numerous advances have been made in all aspects of coaxial cable 
design. 

Radio Transmission Systems 

E arly theoretical studies pointed to the possibility of using the 
earth's atmosphere as a transmission medium. The invention and 
development of the electron tube opened the way not only to cable 
carrier system development but also to the exploitation of the atmos
phere for radio transmission methods. 
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In 1915, significant experimentation in communication by radio 
was started. One of the principal objectives, at first, was to provide 
a means for communications between the United States and Europe. 
By 1923, the basic feasibility had been established and intensive work 
was underway [1] . The first transatlantic commercial telephone 
service was established in 1927 when a long-wave ( 57-kHz) system 
was put into service between the United States and Great Britain. 
This system employed single sideband transmission with suppressed 
carrier [2] . In 1928, short-wave systems were installed to operate in 
the 3- to 30-MHz range and service was expanded to all parts of the 
world. In the 1950s, overseas service was largely taken over by sub
marine cable transmission systems [3, 4] . 

During this period, radio transmission capability was also developed 
for a number of mobile services. These included high-seas ship-to
shore communication, coastal-harbor service ( ship-to-ship and ship
to-shore) ,  and mobile radio telephony to moving vehicles including 
automobiles, trains, and aircraft. Most important, from the point of 
view of modern communications, was the development of microwave 
radio systems. 

Microwave system development was stimulated significantly by 
World War II developments of radar and microwave components. 
There was some microwave transmission system work done for 
military applications and in preparation for the tremendous growth 
in communications services anticipated for the early post-war years. 
This growth quickly materialized ; it was stimulated by the pent-up 
demand for services that could not be satisfied during the war and 
by the introduction and rapid growth of television. The first experi
mental microwave radio system, called TDX, was installed between 
New York and Boston and service was begun in May, 1948. This 
system was manufactured commercially as the TD-2 System [5] . It 
is  now the most widely used long-haul transmission system in the 
United States. 

Many microwave systems have been developed to fill service needs 
in long-haul and short-haul applications. These have been designed to 
operate in a number of frequency bands specified for common carrier 
use. Since the medium must be shared by many users of communica
tion services, the allocation of frequency bands and the design and 
use of radio transmission equipment in the United States are subject 
to licensing and control by the Federal Communications Commission. 
The frequency bands allocated for various types of services must con-
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form to agreements made by member nations of the International 
Telecommunication Union through its World Administrative Radio 
Conferences. Figure 1-1 shows the principal bands and some of the 
services allocated to various portions of the bands [6, 7] . 

Microwave radio systems have successfully filled a growing need 
for telecommunications circuits. They presently carry all of the inter
urban broadcast network television signals and a majority of the 

Medium Frequency (MF) I 0.3-3 MHz 

0.3 

High Frequency (HF) 
3-30 MHz 

Very High Frequency (VHF) 
30-300 MHz 

Ultra High Frequency (UHF) 
0.3-3 GHz 

3 

0.3 

I 
'-AM Broadcast Radio 

I 
0.8 1 .3 

I
I'"'"""""""' .. �., .• 

8 1 3  

1 30 

Common Carrier Mobile 

0.8 1 .3 

1 .8 

1 8  

1 .8 

I I  
I I 

2.3 

23 

230 

Note 2 

2.3 

2.8 3.0 

28 30 

280 300 

2.8 3.0 

Common Carrier Microwave 

Super High Frequency (SHF 
3-30 GHz 

Notes: 
3 8 1 3  1 8  23 

1. The very low (VLF), low (LF), and extremely high frequency (EHF) 
al locations are not shown. 

2. Common carrier microwave and space telecommand signals share 
allocations in the bands from 2.1 1 0  to 2.130 and from 2.1 60  to 
2.1 80 GHz. 

Figure 1 - 1 .  Some radio-frequency spectrum al locations. 

28 30 

TCI Library: www.telephonecollectors.info



1 0  The Faci l ity Network Vol. 2 

telephone, data, and other signals in the long-haul toll plant. Long 
repeater spacing, typically 25 miles, and ease of growth have given 
such systems substantial economic advantages over other types. Some 
limitations on this form of communication may be brought about by 
crowding of the radio frequency spectrum and the increased concen
tration of circuits but, as will be seen in subsequent chapters, con
siderable further growth of microwave radio may still be expected 
through improved techniques and more efficient use of the medi urn. 

Pu lse Transmission Systems  

Some of  the earliest attempts to  transmit speech and music signals 
electrically involved efforts to code the signals into a pulse format 
and then to transmit the signal by telegraph [8] . These attempts were 
thwarted by the primitive technology of the times. Furthermore, de
vices were not available to facilitate advanced experimentation with 
coding techniques. Digital modes of transmission and digital process
ing of analog signals were delayed until more recent times although 
digital data signals were often transmitted over analog systems. 

While the evolving electron tube technology permitted some ad
vances in digital techniques [9] ' the most significant event leading to 
the application of pulse code modulation ( PCM ) techniques' was the 
invention of the transistor in 1948. The operating speed, size, low 
power dissipation, and low cost of transistors and other solid-state 
devices facilitated the design of practical and economical circuits for 
the digital mode of transmission. 

In the Bell System, progress in pulse code modulation and regener
ative repeatered transmission line operation has advanced steadily 
since the transistor became a practical reality. During the late 1950s, 
an experimental 1 .544-megabit-per-second system was designed [10] .  
This system, later designated the T1 Carrier System, was capable of 
transmitting simultaneously 24 voice signals which had been processed 
by pulse coding and time division multiplexing [ 1 1 ] . It was put in 
service in 1961 and now provides much of the circuit growth in typical 
metropolitan areas. As system costs have been reduced, T1 has proven 
to be econom.ical at shorter and shorter trunk lengths relative to other 
types of facilities. 

Work on digital modes of transmission has expanded to higher 
capacity systems capable of transmitting over longer distances. In 
1972, the T2 Carrier System was introduced and provided 96 channels 
of toll quality on a 6.3 megabit-per-second pulse stream [12] . In 1975, 
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the T4M system was installed as the first high-speed system to operate 
on coaxial cable. The T4M, designed for use in metropolitan areas, 
can carry 168 Tl system line signals, thus providing 4032 voice-grade 
channels. Systems that operate at even higher rates appear to be 
feasible and are under study [13] . 

The development of coding and multiplexing equipment for use with 
multimegabit transmission systems has kept pace with development 
of the line equipment. One example is that of the D2 channel bank 
which processes 96 individual voiceband signals into four 1 .544 Mbjs 
bit streams [14] . These signals, designated DS-1 in the digital hier
archy, may be transmitted separately over four T1-type systems. In 
addition, any combination of four DS-1 signals may be combined 
by an M12 multiplexer into a single 6.3 Mbjs bit stream to form a 
DS-2 signal. 

Digital transmission systems have proven to be effective for the 
transmission of analog signals that have been converted to a digital 
format. Although PCM systems are not as efficient as analog FDM 
systems for a given bandwidth, they tend to be more economical than 
the analog FDM systems on paired cable facil ities due to lower 
terminal and line costs and substantially lower cost of providing 
signalling. Furthermore, regenerative repeatered line noise is low and 
virtually independent of l ine length ; hence, PCM idle circuit noise is 
usually lower than that of analog FDM circuits. This has been especi
ally beneficial in the noisy local plant environment. Regenerative 
repeatered l ines are also more efficient for transmitting most forms 
of digital data signals. 

Digital signals are being adapted for transmission over analog 
facilities and to provide rural service. The introduction of the time 
division No. 4 ESS has given added impetus to the need for economical 
analog-digital interface arrangements. 

1 -3 VIDEO TRANSMISSION 

Transmission of pictorial matter by electrical means was the 
subject of research for many years before practical systems evolved. 
Proposed methods of converting picture information to electrical 
signals and electrical signals to pictures included a large number of 
electromechanical and electrochemical processes. Much research was 
spent on light sensitive materials that could be used in these processes 
and in the use of ink and photographic processes for use in the re-
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ceiving equipment. Synchronization and scanning were recognized as 
important ingredients of the overall problem and solutions were 
sought in the applications of tuning forks and pendulums to these 
processes [15] . 

Many of the transmission means that were proposed in the early 
investigations were made to work, some of them quite well. How
ever, development of the first economically feasible system for general 
commercial application had to await the invention and development 
of electron tubes. Telephotograph transmission of commercially ac
ceptable still pictures was begun in the United States in 1925. Demon
strations of the new system were given by transmitting pictures of 
the 1924 Democratic and Republican National Conventions and large
scale demonstrations were given in early 1925 when pictures of Presi
dent Coolidge's inauguration were transmitted successfully from 
Washington to New York, Chicago, and San Francisco [16] . 

As work progressed toward the successful transmission of still 
pictures, research was going forward to achieve true television trans
mission, that is, the direct conversion of a live action scene to an 
electrical signal format and its reproduction at a remote location. 
Success in these efforts came with the invention of the cathode ray 
tube. The first public demonstration of television signal transmission 
took place in 1927 [ 17] but commercial possibiiities did not emerge 
until the early 1940s. 

Continued development of these possibilities was essentially halted 
during the years of World War II but in the immediate post-war era, 
television came into its own. With improved camera and viewing 
equipment, the quality of received pictures became quite acceptable 
and new emphasis had to be placed on methods of signal transmission 
over long distances. Concurrently, picture standards had to be estab
lished and, particularly with the anticipated introduction of color 
signal transmission, an industry-wide National Television System 
Commttee ( NTSC) was formed to control the evolving signal 
format [18] . 

Systems have been developed for the transmission of baseband 
monochrome and color television signals over intracity wire facilities. 
These systems were initially designed to use electron tubes but have 
since been redesigned to use solid-state components. Shielded con
ductor pairs are used in lieu of the more expensive coaxial cable 
conductors. Portable microwave radio systems are also used in some 
instances. 
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The local distribution by the Bell System of television program 
signals has assumed high importance to the television industry. The 
availability of baseband transmission systems and facilities for 
switching, monitoring, and operating local television networks has 
made operations much more economical than would be possible if  
the industry had to furnish these facilities. 

Experimental long distance service over microwave radio began in 
November 1947 on the New York-to-Boston TDX system. This service 
is  now provided over a nationwide network of microwave systems. 
Baseband signals are delivered by a baseband system from the broad
caster directly to the microwave radio transmitter and are returned 
to the broadcaster at the receiving end by a baseband system con
nected at the output of the radio receiver. Sometimes the baseband 
signals are switched at a television operating center ( TOC)  where 
network configurations may be changed to satisfy broadcaster needs 
or to make more efficient use of transmission facilities. 

The L1 and L3 coaxial transmission systems were initially designed 
to permit television signal transmission but, with one exception, are 
no longer used for this purpo�e. Transmission performance is superior 
on microwave radio systems and costs are lower. 

Telephotograph and a variety of facsimile services are provided 
over voiceband circuits. Except for special equalization of some cir
cuits, the Bell System provides little equipment that is especially 
devoted to these services. 

PICTUREPHONE® signal transmission is in its infancy. A trans
mission plan for this new service has been proposed and many ele
ments of a network have been developed [ 19] . However, it is difficult 
to predict when final characteristics that satisfy the needs of the 
public will be determined. 

1 -4 MAINTENANCE AND RELIABILITY 

By modern standards, early transmission facilities were simple in 
concept and simple to operate. The problems of providing adequate 
maintenance and reliability were correspondingly simple and straight
forward. As the plant has become more complex, it has been necessary 
to think of maintenance and reliability in terms of their being inte
grated into the overall plant and into the design, operation, and 
installation of specific systems. The impact of growth alone has had 
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serious repercussions on maintenance and reliability. Disastrous 
troubles can affect great numbers of circuits and because of complex 
system interrelationships, the effects of such troubles may become 
very widespread. The introduction of machine switching and direct 
distance dialing have to a large extent removed the operator, an im
portant monitor of transmission performance, from the network. 
As a result, when performance is below par on a connection, it is 
difficult to determine the source of trouble since the connection is 
lost when the call is terminated. Thus, there is a need for routine 
trunk testing that is most efficiently filled by various forms of auto
mated testing. Some automated loop testing has also been introduced 
in order to reduce manpower requirements for maintenance opera
tions. 

As analog and digital carrier systems have increased in capacity, 
complexity, and design sophistication, the need for improved and 
simplified facility maintenance and reliability has also increased. For 
example, a fully equipped ( 18 mastergroups) L5 coaxial system carries 
180 supergroup pilots, 900 group pilots, 18 mastergroup pilots, 3 
multimastergroup pilots, and several line pilots to control the gain 
regulation of the line and associated multiplex equipment. In addi
tion, other single-frequency signals are used for L5 line mainte
nance features. These multiple maintenance and control features may 
interact in ways that would make manual methods of measurement 
and analysis very difficult. Therefore, most modern systems contain 
automatic equipment which aids maintenance personnel in identifying, 
isolating, and repairing troubles. Most new transmission system 
equipment is designed in the form of plug-in units and test proce
dures and equipment are designed to identify defective units. Thus, 
new pretested units may be quickly and easily substituted in order 
to restore circuits to service most expeditiously. 

Many special bays and special designs of equipment have been de
veloped to provide test access to switched network and special services 
circuits through plugs and j acks or by switching arrangements. 
Among these special arrangements are emergency broadband restora
tion centers which permit the interconnection of broadband carrier 
facilities in such a way that service from failed systems can be re
stored by patching or switching to protection line facilities. 

The entire field of maintenance operations and reliability proce
dures is supplemented by maintenance support systems and equip
ment. These include special systems for communications ( speech or 
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data) among maintenance personnel. Alarm functions are provided 
in all operating systems and provision is made to transmit alarms 
from remote unattended stations to central maintenance locations for 
analysis and action. Trunk processing circuits are provided so that, 
in the event of failure, the failed trunks are taken out of service, 
made busy so they cannot be seized, processed so that unwarranted 
charges are not made for calls affected by the failure, and then 
restored to service when the trouble condition is eliminated. 

1 -5 FACIL ITY SELECTION AND APPLICATION 

In planning for the introduction or installation of new transmis
sion facilities, a choice must be made from among a number of 
alternatives. As a general rule, the available choices have been de
signed for use in a particular field of application such as the loop plant 
or the trunk plant. These fields of application tend to overlap and the 
choice must usually be based on an analysis of many criteria. 

One feature that often influences the choice of facilities is the 
steady growth and expansion of the plant. Inevitably, when new 
installations are under consideration, plant growth and expansion 
and the resulting interactions between the new plant and the old 
must be considered. The growth may be due to an increase in traffic 
caused by expansion of population centers or industrial park areas. 
Growth may also be strongly influenced by changes in technology, by 
increased service offerings, by a lower rate structure, or by shifts in 
the economic status of an area. These factors all  interact and it is 
virtually impossible to consider any one without considering the 
impact of the others. 

Growth Factors 

Population density and distribution and related community-of
interest factors have a major effect on the way in which the telephone 
plant is organized and, therefore, on the selection of transmission 
facilities that must be provided. In addition to these geographical 
factors which influence the organization and growth, other factors 
that affect the facility network relate to the scope and diversity of 
services. 

Population Effects. Figure 1-2 shows a medium size city, Ca, with a 
number of surrounding suburban towns, St to Ss, all located within 
a radius of about 25 miles. Each suburb is assumed to be large enough 
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to be served by a separate switching machine. Examination shows 
that any of the suburban communities may be interconnected by no 
more than two tandem trunks through the hub at Ca. In addition, 
some of these suburbs have a community of interest great enough to 
justify direct trunks as shown between St and S2, S3 and Ss, S4 and 
Ss, S5 and Ss, and S1 and Ss. 

I 
I 
I 
\ \s, 

\ 

/ 
� ----

/ 

---

� � 
� s, \ 

/ 
/ 

../ 

\ 

J 
I 

I 

Figure 1 -2. I l lustrative city-suburban population distribution and telephone trunking. 

In a highly developed area such as that depicted in  Figure 1-2, 
distances are short. Most of the trunks shown would be between five 
and ten miles long with a few, like those between S4 and Ca and S5 
and Ca, 25 to 30 miles long. It is possible that service in this area 
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is provided by voice-frequency trunks. As the area continues to grow, 
the problem might be that of deciding whether to install more cable 
facilities or to start using N- or T-type short-haul carrier systems. 
However, there may already be a substantial number of N-type 
carrier systems between Ss and Ca. If there appears to be a high 
probability that the anticipated growth of an industrial park area at 
Ss will create a demand for wideband data service, the question of 
converting one or more cables in the route from N -type to T -type 
carrier must be considered. Any such set of problems may be further 
complicated by the increasingly congested conditions in cable ducts, 
a maj or highway construction program, or public opinion pressure 
to convert pole-line cable to out-of-sight facilities. 

The area depicted in Figure 1-3 and the problems encountered are 
quite different from those of Figure 1-2. In Figure 1-3, Cb is a small 
city in a predominantly rural area. It is easy to imagine the rural 
towns and villages, rt through r4, spread out over a considerable 
distance, perhaps along a navigable river. Between r2 and ra there 
may be some natural barrier which prevents the development of a 
strong community of interest and which makes direct trunking be
tween the two communities uneconomical. Thus, calls between r2 and 
ra are routed through Cb in spite of the longer distance involved. 

Figure 1 -3. I l l ustrative population d istribution and telephone trun king for sma l l  
city and rural environs. 

TCI Library: www.telephonecollectors.info



1 8  The Facil ity Network Vol.  2 

In the remote rural areas, service requirements might be met by 
open-wire installations. However, facilities used in areas typified by 
Figure 1-3 would most likely be loaded voice-frequency cables or 
N-type or T-type carrier systems. The trunks may be direct, tandem, 
toll connecting, or intertoll depending on the specific conditions in 
the area and their relation to the DDD network hierarchy. 

The simple examples discussed are multiplied in many dimensions 
when facility planning is undertaken on a larger scale. The congested 
area of Figure 1-2 may be expanded, for example, to represent the 
crowded northeast corner of the country, the Boston-Washington
Chicago triangle and the geography of Figure 1-3 could be expanded 
to represent the ,sparsely-populated plains states and the mountainous 
areas of the west. Urban, suburban, and rural areas all present dif
ferent problems in the planning and implementation of facility net
works. Different compromises must be made in providing trunks 
between switching machines, the types of transmission facilities, and 
the plant and outside plant to be used. Equally affected are the facility 
choices that must be made for feeder and distribution cables in the 
loop plant. As new cables are installed, the cable size and design plan 
must be selected to provide the most economical solution. Where long 
loops are involved, consideration must also be given to the use of 
electronic devices and systems that may provide acceptable service. 

Service Effects. In addition to creating demand for more service and 
more facilities, population growth brings other related effects. The 
nature of the growth may bring significant changes in community 
relationships that require different trunking patterns between central 
offices. For example, the trunking pattern must be changed when a 
new switching machine is added to the network. 

Another effect related to facility growth is an increase in the 
amount and kind of services provided in an area. With an increase 
in overall standard of living, many people desire to upgrade their 
service from multiple party to two-party or individual line service. 
Such upgrades require additional loop facilities and the accompanying 
increase in calling rate makes trunk facilities necessary. Growth of 
extended area service, the area over which unlimited calls may be 
placed or within which local message units are counted, also stimulates 
calling rates and leads to the need for more facilities. 

As areas grow and business becomes more diverse, the demand 
for a greater variety of services increases. Some of these services 
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have stringent transmission requirements particularly in the field of 
data communications. This diversity demands the provision of more 
sophisticated switching machines and improved transmission facilities 
that can meet modern requirements for both the message network 
and for a wide variety of special services. 

Faci l ity Forecasts 

The process of providing new and expanded transmission facilities 
is based on spare facilities in place, availability of new types of 
facilities, and forecasts of needs. While the plant is administratively 
divided into two parts, loop and trunk, there are many special services 
circuits that share both parts. Thus, forecasts must include special 
services needs in addition to loop and trunk needs. 

The loop plant must be under constant scrutiny to determine when 
it is necessary and timely to install new facilities in response to 
growth or other changes. Regular forecasts are made of new demands 
for station sets and other customer premises equipment. These fore
casts are based on information obtained from many sources such as 
building permits issued by local communities, plans announced by 
builders and developers, and the types of new building- construction 
anticipated. In newly developed areas, the latter information affects 
the types of anticipated services such as residence, business, PBX, 
coin, etc. The forecasts and proposed facility construction must be 
related to the type of central office and related limitations on trans
mission and signalling ranges. The condition of existing facilities and 
related underground and overhead structures and the extent to which 
these facilities are in use must also be taken into account. 

The statistics of trunk and trunk facility growth are under con
tinuous study. As the switched network expands, traffic engineering 
studies are made to determine how and when new switching facilities 
are to be installed. Special services circuit forecasts, which take into 
consideration the possible effects of new service offerings and changes 
in applicable tariffs, must also be included in the facility studies. 
From combinations of such studies of traffic network and special 
services circuit growth, forecasts are made of trunk and trunk facility 
needs. 

Newly installed trunk facilities must be compatible with existing 
central offices and with planned central office installations. The 
capacity of existing plant and the expected date of exhaustion of 
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spare capacity must be taken into account. Transmission and signal
ling objectives and the related performance of proposed facilities must 
also be considered. 

1 -6 ENGINEERING CONSIDERATIONS 

The selection of facilities to replace or to augment existing facilities 
must be based on the results of thorough studies and on sound engi
neering j udgment. The decisions are influenced by economic and 
technological factors. 

Economics 

Before new facilities are provided, studies must be made to deter
mine which of several alternatives is most economical . Economics 
must also be considered when new systems are to be developed. The 
question then is whether the development costs can be recovered 
within a reasonable time. 

When new loop or trunk facilities are under consideration, the 
question of introducing carrier systems along a, route previously 
served only by voice-frequency cable facilities must be examined. In 
general, the carrier systems make more efficient use of transmission 
media because a number of channels can be provided simultaneously 
by multiplexing techniques. The cost relationships involve the sub
stitution of electronics for copper, i.e., line repeaters and terminal 
equipment for additional cable pairs. Efficiency in using the trans
mission media can only be achieved at the expense of the increased 
terminal costs incurred by the necessary use of multiplexing equip
ment. Improved maintenance �echniques, increased craft training, and 
increased service protection and emergency restoration must also be 
introduced. 

Cost relationships in such cases are sometimes quite complex but, 
in general, the results of cost analyses tend to favor carrier systems 
when distances are great and cross sections are large. Under these 
conditions, line costs are greater than terminal costs and emphasis 
is placed on ·maximizing the efficiency of utilization of the medium. 
When distances are short and cross sections are small, terminal costs 
are dominant and the economic balance often favors cable facilities. 
Each case is affected differently by local conditions and must be 
studied on its own merits. 
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The design, operation, application, and maintenance of all types of 
systems and their interactions with environmental conditions also 
carry economic implications. For example, there is growing pressure 
to change some of the basic criteria of telephone building construc
tion in an effort to improve the efficiency of plant design. Most equip
ment designs in the past were based on a ceiling height of about 
14 feet and the standard equipment bay height was 1 1  feet, 6 inches. 
Recent technological advances have resulted in increased density of 
components on these equipment bays. Growth of plant has, in addi
tion, created difficult problems of congestion of cabling and wiring 
between equipment units. These factors combine to make a 7 -foot 
bay height appear much more attractive. Floor loading, cable and 
wire distribution, and maintenance requirements ( narrower aisles 
and lack of need for ladders) have all been made more manageable 
by the lower bay height. 

In addition, efforts to improve the efficiency of plant design have 
led to new equipment arrangements that have provided for mounting 
functionally related equipment units on bays specifically designed for 
this purpose. The arrangements result in less office cabling and 
therefore less cable congestion, space savings, improved maintenance 
capabilities, and lower overall costs [20] . 

Although economic analyses play an important role in decision
making when new facilities are required, some decisions are made 
in response to other forces. Plant integrity and survivability may 
lead to the selection of multiple routes and facility types that provide 
diversity and increase overall reliability. Uniformity of plant might 
be sacrificed and a higher price might be paid in order to satisfy 
particular service reliability requirements. The pressure of public 
opinion might lead to the use of out-of-sight plant in preference to 
new or added pole-line construction. In this instance, economic ad
vantages might be marginal at best ; the use of out-of-sight plant is 
generally more costly than the use of more conventional installations. 

The economic solutions to loop facility problems involve the selec
tion of optimium wire gauges for both feeder and distribution cables. 
Depending on the nature of the geographical area, the design plan 
must be selected from among those available, i.e., resistance, uni
gauge, or long route design. Consideration must be given to the use 
of carrier systems, range extension equipment, repeaters, etc., to 
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offset the cost of additional cable, large wire gauge, or loading. The 
choice must be made in a manner consistent with long range planning 
studies. 

For trunk facilities, many of the same factors must be considered. 
In addition, the reuse or rearrangement of facilities often offers an 
attractive solution. 

Technology 

The continuing shift from analog to digital technology is an ex
ample of how new technology interacts with the facility provision 
process. Pressures for the development and application of new sys
tems, new concepts of operation, and new services occur with evolving 
technology to create demands for new ways of organizing systems 
and facilities. 

Much of the growth of communications technology in this century 
can be traced to research in physics and chemistry. From this research 
have come the new devices and new materials which have formed the 
basis for most of the dramatic advances in telecommunications. These 
advances have made possible much wider bandwidths for analog 
transmission and have enabled much higher rates of digital signal 
transmission. 

Recent developments in digital transmission and time division 
switching have made possible the long-predicted combination of these 
two techniques. Research studies in this area culminated in the con
struction of a laboratory model of an experimental system described 
in the late 1950s [21] . While this experiment was deemed to be a 
successful demonstration of the feasibility of combining the time 
division switching and transmission functions, practical implementa
tion in the field had to await the accumulation of additional experi
ence in developing, designing, and applying the concepts to each of 
the two fields separately. Some of the techniques which have helped 
to achieve these goals have been incorporated into a digital toll 
switching system [22] . 

With these advances, new modes of operation of the network must 
be considered. Time division switching is four wire ; thus, as inte
grated systems come into use, intertoll transmission circuits will be
come more and more heavily oriented toward four-wire transmission 
from end to end. Concepts of network operation will also have to 
change in order to adapt to these new systems. It is highly probable 
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that the via net loss design of  the network will be changed with most 
trunks operating as fixed loss digital trunks in an integrated system. 

Another interplay among technological and other forces may be 
called mutual stimulation. Significant improvement in performance 
stimulates more frequent use of a service which in turn stimulates 
the installation of new systems and facilities. The improved perfor
mance in transoceanic telephony with the installation of the first 
repeatered submarine cable system and the accompanying increase in 
traffic is a case in point. Additional systems of advanced design have 
now been installed in all oceans, new technology has permitted the 
initiation of transmission by satellite, costs per unit circuit have come 
down, and international traffic is still rapidly increasing. Similarly, 
the mutual stimulation of digital services and digital systems has 
fostered rapid growth which has been supported by advances in the 
technology. 

The facilities used in the Bell System are in a constant state of 
flux. Old systems wear out or become obsolete and must be continually 
repaired and ultimately replaced. New technology brings into being 
new systems and techniques such as digital transmission systems and 
the use of waveguide as a transmission medium. The expanding 
demands for more facilities at lower cost and the introduction of 
new services insistently leads to a demand for new systems, new 
procedures, and new ways of organizing the network. 

Certain services have been provided for many years but are con
tinually expanding. Examples are the growth of extended area service 
in the local plant and the extension of customer dialing of long dis
tance calls to international services. The demand for digital data 
services has led to the introduction of the Digital Data System, a 
network of data transmission facilities which is being integrated 
with existing facilities used for message network and special services. 

All these forces of growth, change, and replacement require the 
application of a high level of expertise in building, operating, and 
managing the plant. A snapshot view of the systems and facilities 
availabJe at any given time is certain to become out-dated within a 
relatively short time. The evolutionary nature of the plant requires 
much planning for the future since all new systems must be integrated 
into the existing plant and must be compatible with what is already 
in service [23] . Adequate responses to the pressures of change can 
only come about by careful planning. 
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The Facility Network 

Chapter 2 

Transmission Med ia 

The transmission of communications signals between two points 
must involve the use of some interconnecting medium. This m edium 
may constrain and guide the signals i n  some manner or may permit 
the signals to be transmitted in an unguided or semi-guided manner. 
Examples of guided wave media are shielded and nonshielded pairs 
of wires that may be installed individually or combined in cables with 
other pairs, coaxial conductors, and wave guides. The atmosphere and 
the void of space provide unguided media for the transmission of 
radio signals. These media may be used for the broadcast of signals 
in all directions or, with directional antennas, for the transmission 
of signals within a controlled narrow beam between the transmitting 
and receiving devices. 

Individual pairs of conductors in the form of open-wire lines have 
been giving way to other forms of media for many years. Thus, the 
treatment here of open-wire lines is brief and superficial to allow more 
thorough discussion of shielded and nonshielded cable pairs and of 
coaxial conductors. The designs of cables in which such conductors 
are combined vary significantly according to the field of application. 
Requirements depend on whether these cables are to be used in local 
or toll portions of the network. 

Radio communication may be implemented in any portion of a 
very wide spectrum of frequencies. Allocations of the spectrum to 
various uses are controlled in  the United States by the Federal Com
munications Commission. Discussion here is confined to the charac
terization of the medium and its exploitation i n  those bands allocated 
to common carrier services. The discussion of waveguide transmission 
is confined to its applications in  microwave radio systems. 
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2- 1 OPEN WIRE 

Open-wire lines have been largely supplanted as loop and trunk 
facilities in most locations by various forms of paired cable or multiple 
line wire which may be carried on poles or buried in the ground. For 
this reason, only a summary of open-wire characteristics is pre
sented [1] . A typical open-wire line, usually consisting of bare copper 
wires 0 .165, 0.128, 0.104, or 0.080 inch in diameter, is supported on 
utility poles spaced about 40 to the mile. 

All open-wire pairs are transposed (frogged) in predetermined 
patterns to minimize their susceptibility to crosstalk from other pairs 
and to noise from nearby power lines. The transposition pattern pro
vides, ideally, for each pair to have equal positive and negative ex
posures to power lines and to all other pairs. In practice, regularity 
in pole spacing, wire sag, and alignment of crossarms is important in 
achieving sufficiently close balance of the two polarities,. of exposure. 

Variations from the standard open-wire line are numerous : ( 1 )  
long-span construction ( saves poles and pole placement but requires 
stronger wire or copper-olad steel in some situations) ,  (2 )  use of 
galvanized steel wire, ( 3 )  closer spacing of the wires of a pair, ( 4) 
greater separation of pairs on crossarms, ( 5)  greater spacing of 
crossarms, and (6 )  the use of more transpositions. All except ( 1 )  and 
(2)  are used in order to control crosstalk, which became of increasing 
importance as carrier systems, such as types C, J, and 0, were applied 
to open-wire lines. 

Open-wire lines have always been vulnerable to the effects of water� 
sleet, frost, and ice on transmission as well as on the physical struc
ture. A considerable amount of reserve amplification is required to 
compensate for the effects on transmission, especially where carrier 
systems are used. In certain localities, corrosive components in the 
atmosphere have reacted with the wire, particularly at splices, to 
reduce conductivity and strength and to increase attenuation. 

The development of cables carrying many pairs of insulated wires 
resolved many of the problems encountered in the use of open-wire 
lines as trunk facilities. Most open-wire lines have been supplanted by 
paired cables, coaxial cables, and microwave radio systems. 

2-2 LOOP AND LOCAL TRUNK CABLES 

Cables used for the provision of loops from central offices to sub
scriber locations are called loop cables. Cables used for trunks between 
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local central offices or between local offices and toll offices are called 
trunk cables. The several types of trunks and their uses in the general 
switching plan are discussed in Chapter 6 of Volume 3. Some cables 
have been used for both loops and trunks, usually as temporary ex
pedients. The present trend is to avoid the dual use of cables although 
trunk cables may contain carrier as well as voice-frequency trunks. 
In addition, some local cables are produced with mixtures of shielded 
pairs or coaxial units and local loop or trunk pairs. 

Physica l Characteristics 

Most cable pairs in the local telephone plant are made up of copper 
wires twisted together, each wire insulated with strip or pulp paper 
or some type of plastic. Groups of such pairs, twisted ( stranded) 
into a rope-like form are called units. The degree of pair twist in a 
unit is varied or staggered. The variation in twist tends to reduce 
crosstalk coupling in much the same manner as do transpositions in 
open-wire circuits. Several units are twisted together (cabled) to 
form a cable core. Although aluminum has a lower electrical con
ductivity than copper, it is sometimes used when copper is too 
expensive or in short supply. 

Figure 2-1 shows the gauges of copper wire generally used and the 
corresponding gauges of aluminum wire that have the same resistance 
per unit length as the copper. Since aluminum pairs are more bulky 
than corresponding copper pairs, aluminum cables make less efficient 
use of duct space. 

WIRE GAUGE 
APPLICATIONS 

COPPER ALUMINUM 

Special services circuits and carrier systems 19 17 

Special services circuits, trunks, long loops, and 

carrier systems 22 20 

Figure 2-1 .  Comparison of copper and aluminum wire usage. 

Loop and local trunk cables are made in a number of standard 
sizes, which are designated by the number of pairs they contain. 
Figure 2-2 shows the range and number of cable sizes of the several 
available gauges for polyethylene-insulated conductors (PIC ) and 
pulp-insulated conductors. 
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CABLE GAUGES 

NUMBER WATERPROOF PIC 

OF PAI RS 
1 7* 1 9  20* 22 24 26 

6 j 
11 j j 
16 j j 
2 5  j j j j j j 
50 j j j j j j 
75 j j j j 

100 j j j j j j 
150 j j j j 
200 j j j j j j 
300 j j j j j j 
400 j j j j 
600 j j j j 
900 j j 

1200 

1400 

1500 

1800 

2100 

2400 

2 700 

3000 

3600 

j Available in 1977 

*Aluminum conductors ; all others, copper 

t All ,sheath types not available 

1 9  22 

j 
j j 
j j 
j j 
j j 
j jt 
j j 
j jt 
j j 
j j 

j 
j 

PIC 

24 25 

jt 
jt 
j 
j 
jt 
j 
jt 
j 
j 
j j 
j j_ 
j 

j 
j 

j 

Figure 2-2. Standard local cable sizes. 
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PULP-INSULATED 

26 22 24 26 

jt 
jt 
j 
j 
jt 
j 
j 
j 
j 
j 
j j 
j j j J 

j j J 

j J 
j J 

J 
J 
J 
J 
J 
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Each standard cable is made up of an array of cable units formed 
into a cable core by being twisted together around a common axis 
prior to being sheathed. The number of pairs per unit varies from 
12 to 100 depending upon wire gauge and cable size. Although unit 
construction is the common type now used, cables of layered construc
tion may still be found. In the layer design, pairs are configured in 
concentric layers each of which is given a different direction or degree 
of twist from that of the preceding layer. 

Figure 2-3 shows the relative positions of the several units of a 
600-pair 22-gauge cable in the cable cross section. Wire-insulating 
material and the binding strings around individual units are used in 
different colors for identification purposes. In cables using poly
ethylene insulation, every pair is color coded and can be identified 
visually at any splice without recourse to electrical testing. Earlier 
forms of color coding, used in paper and pulp-insulated local cables, 
did not provide for visual identification of specific pairs. 

Insulation resistance between 
each conductor in a cable and all 
other conductors interconnected 
and grounded is required to be at 
least 500 megohm-miles ( the prod
uct of the measured leakage re
sistance in megohms and the cable 
length in miles) . 

The basic requirements in di
electric strength of pulp- and 
polyethylene-insulated conductors 
are given in Figure 2-4. Insulation 
between cable core and sheath may 
be paper, polyethylene, rubber-

Figure 2-3. location and form of 50_ 
mylar, or combinations of these 

pair units in a 600-pair materials. Requirements for di-
cable. electric strength of core-to-sheath 

. insulation range from 1 .2 to 1 .4 
peak ac kV for paper core wrap to 20 kV de for cables with an inner 
polyethylene jacket. 
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VOLTAGE, kV 
TYPE OF INSULATION 

19 GA 22 GA 24 GA 26 GA 

Pulp (peak ac) 0.7 0.5 0.5 0.5 

PIC (de) 5 4 3 2.4 

Figure 2-4. Conductor-to-conductor dielectric strength requirements. 

Other materials are utilized for physical and electrical protection 
of cables. The lead sheaths of the older cables provide both water
proofing and electrical protection against noise induction. However, 
they are also subject to electrolytic corrosion at points of stray earth 
current leakage. Electrical drainage systems, installed to provide 
noncorrosive paths for such currents, have prevented damage at many 
points but it has seldom been economical to make such systems com
plex enough to be 100 percent effective. Many lead sheaths of under
ground cables, especially those in urban areas, ultimately admit 
moisture and the affected lengths of cable must be replaced. 

Materials used outside the core insulation in newer cables include 
various combinations of ( 1 )  tacky waterproof coatings, (2)  corru
gated aluminum and steel shields, and (3)  polyethylene jackets. The 
combination used depends on the cable application and on environ
mental conditions. The aluminum shields provide electrical protection 
against noise induction and the steel provides physical protection. 
Both shields are necessarily cut back at splice points but electrical 
continuity of the shields across splices is provided. Most loop and 
local trunk cables have outer jackets of polyethylene and are not 
subject to electrolytic corrosion. 

Transmission Characteristics 

The properties of a cable pair that must be known in order to 
calculate circuit performance are characteristic impedance and 
propagation constant. These secondary constants are derived from the 
four primary constants, series resistance and inductance and shunt 
conductance and capacitance. The primary constants are expressed 
in values per unit length of the pair. To permit accurate transmission 
engineering on the basis of secondary constants, cable length, and 
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other derived parameters, the primary constants must be rigidly 
controlled during manufacture. 

Primary and Secondary Constants. The relationships between the pri
mary and secondary constants of a transmission line were developed 
in Chapter 5 of Volume 1. The constants are temperature and fre
quency dependent in some degree. It should be emphasized also that 
the primary and secondary constants at any frequency depend on the 
medium alone and are not affected by sending- or receiving-end im
pedance. On the other hand, the actual transmission from a source 
to a termination depends on the source and termination impedances 
as well as on the properties of the medium. 

Figure 2-5 shows the relation between attenuation and frequency, 
Figure 2-6 shows the relation between delay and frequency, and 
Figure 2-7 shows the relation between characteristic impedance and 
frequency for 22-gauge cable pairs. The trends are similar for all 
gauges. 

8 

6 

� ·e ""--
c:a � 4 r::: 
.Q c � 
Q) :t: < 

2 

0 
0 2 4 20 40 60 

Frequency (kHz) 

Figure 2-5. Attenuation/frequency characteristic of 22-gauge local cable pair. 

TCI Library: www.telephonecollectors.info



Chap. 2 Transm ission Media 33 

80 
� "i§ ]: 
>-0 

Gi 0 
40 

0 �--._--�--�--� 

A s pe c i a l  l o w - c a p a c i t a n ce 
( LOCAP) cable has been made 
available to provide reduced atten
uation in cable pairs used for the 
T2 Digital System. These pairs 
have a nominal capacitance of 39 
nF per mile ( 46 nF in waterproof 
cable) instead of the 83 nF per 
mile found in earlier designs. The 
LOCAP cables are made up of 
22-gauge copper conductors insu
lated with dual expanded plastic. 
They are available with 26, 52, or 
104 pairs. 

0 2 3 4 

Frequency (kHz) Another low capacitance cablet 
introduced for use in metropolitan 

Figure 2-6. Delay /frequency charac- areas, is designed to optimize trans
teristic of 22-gauge local mission performance for Tl carrier 
cable pair. system applications and overall 

costs for all types of metropolitan 
area trunks ( MAT) . The MAT cable is designed for major metro
politan routes that may economically util ize 1400 or 1800 pair com
plements. Cable pairs are 25-gauge copper with expanded plastic 
insulation. Their transmission characteristics make them approxi
mately equivalent to 22-gauge pulp-insulated cable pairs for T1 sys
tems. When loaded, the 25-gauge pairs are equivalent to 24H88 loaded 
pairs for voice-frequency circuits. The lighter gauge conductors result 
in a slight penalty in respect to de signalling performance on some 
circuits. The 25-gauge wire size was selected as a compromise for 
maximum compatibility with existing equipment that would, at the 
same time, yield a significant cost saving in respect to the use of 
copper. The new design produces characteristic impedances different 
from those of earlier designs ; as a result, somewhat different termi
nating impedances must be used in the affected equipment. These 
impedances may be obtained by different adjustments in some existing 
equipment and design modifications in other equipment types. 

Crosstalk. Coupling between pairs in the same cable is unavoidable 
and results in  the transfer of a small amount of signal power from 
each energized ·pair to other pairs [2] . Although design and manu
facture are effective in limiting the coupling to acceptable values, 
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Figure 2-7. Characteristic impedances for 22-gauge cable pair. 

crosstalk influences circuit design and system layout. For example, 
differences between signal amplitudes transmitted i nto a cable at a 
repeater point and the amplitudes received from the same cable at 
that point must be limited in order to control near-end crosstalk. This, 
in turn, limits the difference in amplitudes from a repeater output to 
the next repeater input and thereby establishes a repeater section 
loss limit. In some systems, such as the T -type, crosstalk limits 
performance. 

Pulp-insulated loop and local trunk cables are designed with nine 
different lengths of pair-twist, or pitch, in order to guard against 
adjacent pairs having the same twist lengths. Each unit in a cable 
may be thought of as made up of several layers of pairs twisted 
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around a common axis with a common length of layer twist. A dif
ferent twist length is used for every pair, up to 25 pairs, in a 
PIC-insulated cable. 

If approved circuit designs are followed, annoying crosstalk usually 
occurs only when cables are damaged or when significant unbalance 
exists between pair conductors or between the conductors and ground. 
Crosstalk also occurs when two adjacent pairs are inadvertently split 
during splicing operations along the cable route, as shown at point A 
in Figure 2-8. If the error is detected and corrected at a subsequent 
splice, point B, in an attempt to compensate for the split at A, high 
coupling remains in the length A-B. Moreover, the usual de tests 
made between the ends of the cable after splicing has been completed 
do not reveal the split. It is important, therefore, to avoid splitting 
pairs and, whenever split pairs are detected, to take immediate steps 
to correct the error at the splice where the error was made. 

Pair J 

Pair K 

A B 

Figure 2-8. Split pairs. 

Crosstalk couplings at voice frequencies in local cables are generally 
controlled by design and manufacture to the extent that no special 
splicing procedures are required. For T -type carrier systems, how
ever, it is sometimes necessary to use different cables for the two 
directions of transmission ; with same-cable operation, it is necessary 
to select pairs for opposite directions of transmission according to 
carefully specified rules unless screened cable is used. Such cables 
have a shield between equal sets of binder groups which provides. 
isolation between the two sets of binder groups. 
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I nductive Loading. Inductive loading of cable pairs is effective not 
only in reducing attenuation but also in making attenuation, imped
ance, and delay more uniform throughout the passband of the loading 
system [3] . These transmission improvements are obtained at the 
sacrifice of all frequencies outside the passband. Figures 2-5, 2-6, and 
2-7 show the attenuation, delay, and characteristic impedance of 
22-gauge H88-loaded pairs in comparison with the same character
istics of 22-gauge nonloaded pairs. 

Load coils are made by winding two coils simultaneously on a core 
of high-permeability metal, one coil for each conductor of a pair. 
This bifilar method of winding ensures equal effects of the load coil 
inductances in the two wires of a pair and minimizes the likelihood 
of longitudinal unbalance. It also, by cancellation effects, reduces the 
danger of damage to the coils that might result from unwanted surge 
currents due to lightning or power system faults. The inductance of 
each winding alone is about one-fourth of the required total ; the two 
windings are connected "series-aiding" in the circuit so that the total 
inductance is the sum of that of the two windings alone plus twice 
the mutual inductance. Since the total inductance is not independent 
of direct current flowing in the windings, allowance is made in design 
for the resulting decrease in inductance. 

The bifilar method of winding load coils is illustrated in 
Figure 2-9 (a) . The complete coil with terminals has a volume of 
one to two cubic inches. Various quantities of coils, from 6 to 900, 
are housed in watertight cases to serve different needs. Coil connec
tions are provided to a stub cable which can be spliced into the cable 
to be loaded. The cases may be mounted aerially or underground. A 
typical aerial installation is shown in Figure 2-9 (b) . 

Structural regularity of a loaded cable pair is essential ; irregu
larities such as misplaced or omitted load coils can make the pair 
useless for a repeatered two-wire trunk by seriously reducing echo 
return loss. Regularity of a loaded pair, however, can be no better 
than the uniformity of the capacitance, C, along the pair or the vari
ations in load-coil values. For that reason, the cost of attaining more 
accurate load-coil spacing than afforded by following specified rules 
would not be justified [3] . Good factory control of capacitance 
and of load-coil inductance and good field control of load-coil 
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T R 

R T 

(a) Bifilar wound loading coil 

(b) Typical load coil case arrangements for aeria l cable 

Figure 2-9. Typical loading coil and application.  

spacing should provide adequate structural regularity for local area 
transmission. 

When it is necessary to locate a load point out of limits, the affected 
load section is made shorter than normal and then built out to the 
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required length with a build-out capacitor ( BOC ) or a build-out 
lattice ( BOL) . The BOC is simply a capacitor shunted across the pair. 
Although it lacks series resistance, it is adequate for a short build-out 
and the resultant return loss is generally adequate for loop applica
tions. For a trunk, a BOC may not provide adequate return loss and 
a BOL may be needed. The BOL is a network of two balanced resistors 
and two balanced capacitors configured as in Figure 2-10. Close 
matching of the two resistors and the two capacitors in the lattice is 
essential for maintaining longitudinal balance. The characteristic 
impedance is exactly the same as if the total capacitance of the criss
crossed branches were evenly distributed along the resistors. It is 
therefore an excellent approximation to real cable throughout the 
passband and may be used for simulating any length of cable up to 

a full load section with little or no 
degradation in return loss. The 
lattice is not used on loops since 
the resistors are subject to burn
out during loop breakdown tests. 

Return Loss. Structural return loss 
is a convenient and sensitive 

Figure 2- 1 0. Build-out lattice. measure of the structural quality 
of a loaded cable pair, that is, of 

the resemblance of the real pair to the ideal model in which load 
spacing, pair capacitance, and load-coil inductance all match the ob
j ectives perfectly in all load sections. Structural return loss is the ratio 
of the power of a signal sent into one end of a pair to the composite 
power reflected back to that end by all the small structural irregu
larities in the pair. The receiving end of the pair must be properly 
terminated in order to avoid mixing a reflection from that end with 
the structural reflections from within the pair. Since each reflection 
traverses a different distance, the components from the several re
flections do not arrive in phase. Moreover, the relative phases and 
the relative magnitudes change continuously with frequency. Thus, 
a measurement at a single frequency is not a reliable indication of 
structural regularity. To overcome this difficulty, a mixture of many 
frequencies in the voiceband is used as a source and the structural 
return loss is measured directly with a return-loss measuring set. 

Results of such measurements on all newly loaded cable pairs are 
essential in j udging the suitability of the pairs for service. If there 
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are no irregularities, the return losses for a complement should 
cluster around a figure not more than 2 dB under the expected median 
value and none should fall more than 3 dB below the actual median. 
Return losses below the general distribution usually should be located 
and corrected. Return losses higher than the general distribution do 
not signify irregularities. 

The effect of load-spacing deviations on the structural return loss 
of normal 22-gauge H88-loaded pairs is illustrated in Figure 2-11. 
The return losses of polyethylene-insulated pairs are higher than 
those of paper-insulated pairs because it is practicable to control the 
capacitance constant of the former more closely as insulation is ap
plied to the wires. The structural return losses expected for various 
loading systems, wire gauges, load-spacing deviations, average splicing 
lengths, and pair insulations are tabulated for engineering use. 
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Figure 2- 1 1 . Expected median structural return losses in complements of 22-gauge 
H88 loaded pairs. 

The cable between a central office and the first load coil is called an 
end section. In order to provide flexibility for connecting one loaded 
cable to another by way of cross-connection in a central office, end 
sections are usually made slightly less than half a load section in 
length so that the section including the path through the central 
office is a full load section. 

Veloc ity of Propagation. The velocity of propagation over wire facili
ties is w/ {3, where w is the radian frequency and {3 is the phase con-
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stant [3] . This velocity increases monotonically with frequency in 
nonloaded pairs. In loaded pairs, it reaches a maximum within the 
passband and then decreases as shown in Figure 2-12. Since echo 
tolerance decreases as echo delay increases, velocity of propagation 
is an important factor in long-haul transmission system design. 
Lengths for which loaded facilities can be used for such transmission 
without echo-suppressors are sharply limited.  

2-3 TOLL TRUNK CABLES 

Intertoll trunks carry traffic between class 4 or higher toll offices. 
Among other media, these trunks may use cable pairs equipped with 
T- or N -type carrier systems or coaxial cable units equipped with 
T- or L-type carrier systems. The trunks may also use cable pairs 
equipped as voice-frequency circuits. 

Cable Pairs 

Cable pairs formerly shared toll telephone traffic with open-wire 
lines. However, open-wire lines are now largely obsolete and cable 
pairs are used for trunks no longer than about 200 miles. Toll cable 
is still manufactured, mainly for replacing damaged sections of exist
ing cables or for rerouting. 

Phys ical Characteristics. Toll cable pairs are insulated with paper 
tape helically applied. Most of the pairs are twisted together, two 
pairs at a time, to form quads from which a phantom circuit ( now 
rarely used) could be derived. In general, there are ten different quad 
types, as defined by the lengths, or pitches, of the pair twists and 
quad twists. Each type is keyed to a different combination of pair 
insulation colors. 

A toll cable is formed of cylindrical layers of quads and pairs 
twisted helically around the cable axis. In order to keep the layers 
intact and the quads and pairs in order around the layers, adjacent 
layers are given opposite directions of rotation around the axis. This 
also prevents long adjacencies of pairs in different layers. All these 
design features are essential for control of crosstalk within and be
tween quads and reduce coupling to noise sources both within and 
outside the cable. 
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Figure 2- 1 2. Velocity of propagation, 22-gauge cable pairs. 
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Copper wire gauges now being used in the manufacture of toll 
cables include 16 and 19 gauges for voice-frequency trunks and carrier 
systems. Nonquadded 16-gauge cable pairs are also provided for voice
frequency trunks and special services circuits. Cables with selected 
complements of numbers and gauges of pairs are available. Some of 
these have been retained in the wire-armored type so that replace
ments of existing sections do not require two cables in a submarine 
section. 

A number of standard sheaths, provided to protect the cores, are 
specified according to the physical and electrical environments in 
which the cables are to be placed and the hazards to which they may be 
subjected. Electrical insulation may be provided by paper wrap or 
an inner polyethylene j acket on the core. Polyethylene is also used 
as an outer jacket for insulation and for physical protection. Physical 
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protection i s  also provided by corrugated steel sheaths or lead 
sheaths and by steel armor wires for submarine cables. Lead or one 
or two sheaths of aluminum are used to provide shielding against 
electrical induction. Thermoplastic compounds are used to prevent 
the penetration of moisture. Problems of electrolytic corrosion of lead 
sheaths are similar to those encountered in local cables. 

Insulation between conductors of various designs of quadded toll 
cable pairs must withstand for two seconds a 60-Hz test voltage 
having approximately a sine-wave form and a peak value of 700 to 
1100 volts. For cables that contain pairs for local applications, lower 
values apply ; however, for wire armored cables, the requirements 
are somewhat higher especially where double strip-paper insulation 
is used. 

Paper insulation is wrapped around the cores of quadded cables so 
that at least two thicknesses of paper lie between the core and the 
sheath. Cables with additional core insulation are available for use 
where extreme lightning conditions and high earth resistivity are 
prevalent. The required dielectric strength between core and sheath 
ranges from 1000 volts rms for normal dielectric strength lead
sheathed cable to 20,000 volts de for lepeth or tolpeth-K sheathed 
cable. The lepeth sheath consists of several protective layers over the 
core, the most important of which is a polyethylene jacket, and an 
outside layer of extruded lead. The tolpeth-K sheath includes an inner 
polyethylene jacket, corrugated aluminum and steel shields, and an 
outer polyethylene j acket. 

The minimum requirement for insulation resistance between each 
conductor and all other conductors plus sheath is 1000 megohm miles 
for a 60-second test. The average actually attained is about 20,000 
megohm miles. 

Transmission Characteristics. The principal difference between the 
electrical characteristics of toll and local cable pairs is the lower 
capacitance of toll cable pairs. As a result of the lower capacitance, 
toll pairs have a higher cutoff frequency when both are identically 
loaded. For example, 22-gauge local cable with 83 nF per mile cuts 
off at about 3500 Hz5when H88-loaded ; 19-gauge toll cable with 62 nF 
per mile cuts off at about 4000 Hz. Present production of standard 
toll cables is limited to 16 and 19 gauges. 
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The use of ten quad types with different pair-twists and quad
twists serves to control interquad crosstalk couplings in the same 
way that different pair twists control couplings in local cable. Con
tinuous quad-adjacencies are limited to one splicing length by means 
of random and test splices in the field. Since quads must stay intact 
for entire repeater sections, test splices are made to reduce couplings 
within quads. This is done by measuring capacitance imbalances of 
all the quads in the lengths to be spliced and then by selecting and 
splicing the quads in such a way that the imbalances in one length 
tend to neutralize those in the other. 

The loading of nonquadded toll pairs is quite similar to that of 
pairs in local cables. No allowance is made in manufacture for the 
effect of direct current on the load-coil inductance since such currents 
are not generally present on toll pairs. Load coils for toll cables have 
lower resistance than those used on local cables and generally have 
greater insulation resistance. 

Structural uniformity is especially important in toll cables since 
toll trunks are longer than local trunks and require more amplifica
tion. The capacitance constant is well controlled in the factory and 
when load-coil spacing in the field is as well controlled, structural 
return losses are a few dB higher than those in local cables. Build
out of quadded cables is accomplished by using finer gauge quads in  
a calculated length of  the main cable in order to  increase the resis
tance and then adding the required capacitance by connecting a 
calculated length of stub cable in parallel with the main cable. The 
capacitance imbalance in the stub cable must be taken into account. 

The relationship between velocity of propagation and frequency 
for toll pairs is the same as that shown for local cable pairs. Because 
of the lower capacitance, the velocity at 1 kHz is somewhat greater 
for 19-gauge toll cable pairs than that for local cable pairs ( 46,900 
versus 29,300 miles per second for nonloaded pairs and 14,300 versus 
12,000 miles per second for H88-loaded pairs ) . 

Shielded Conductors. Some signals and systems are so sensitive to 
noise and crosstalk that the facilities used must be individually 
shielded. Video pairs, used for transmission of television signals in 
local areas, are a prime example. 
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The standard 16-gauge video pa.ir consists of two copper con
ductors insulated with expanded polyethylene and twisted together 
with two expanded plastic fillers. The pair and fillers are helically 
wrapped with polyethylene tape followed by a longitudinal copper 
shield and a helically wrapped copper shield. An outer longitudinal 
crepe-paper wrapping is bound with continuous strings of rayon or 
cotton, colored for identification purposes. As with nonshielded con
ductors and to minimize crosstalk, pair twists ranging from 5.3 to 
7.5 inches are used so that adjacent pairs in the same or adjacent 
layers can always be given different twists. 

These video pairs have a de resistance of 42 ohms per loop mile 
at 68 degrees Fahrenheit and an attenuation of 17 dB per mile at 
4.0 MHz. The characteristic impedance is 125.5 + 3.5 ohms at 1 .0 
MHz. Manufacturing and splicing techniques are designed to pro
duce reflections of 38 dB or more below the amplitude of pulses used 
in measurement. Insulation resistance exceeds 1000 megohm-miles and 
the dielectric strength of the insulation between pair conductors and 
between the conductors and the copper shields must be in excess of 
3000 volts de. 

Coaxia l Cables 

Coaxial cables are now used to carry a substantial portion of long
haul special services circuits and switched network trunks in the 
Bell System. In addition, this medium is finding increasing use for 
digital and analog trunks in metropolitan networks. Although the 
cost of coaxial cable is high relative to paired cable, the adaptability 
of coaxial cable to very broadband systems makes it a contender for 
providing service where heavy cross sections of traffic flow exist. The 
per-channel-mile cost of these systems is relatively low. 

Physical Characteristics. A coaxial cable is made up of 4 to 22 coaxial 
units with interstitial wire pairs and single wires all wound helically 
around the cable axis. Various sheath components perform the same 
functions as similar layers used in quadded toll cables. Because of 
the helical winding, or stranding, the coaxial units and some of the 
wire conductors are appreciably longer than the cable. This extra 
length ranges from about 0.5 percent in 4-unit cables to about 2.4 
percent in one of the larger sizes. 

TCI Library: www.telephonecollectors.info



Chap. 2 Transmission Media 45 

The interstitial pairs and wires are used for maintenance support 
and operational functions such as order wires and alarms. The char
acteristics of the pairs are similar to those in toll cables. The single 
wires are used only for de alarm and control circuits. Pairs assigned 
to order-wire circuits in the L5 system are loaded at coaxial repeater 
points which are spaced about a mile apart but not nearly as uni
formly as loading points usually are. This loading system, Q44, is 
satisfactory for these four-wire circuits because reflections from 
structural irregularities are prevented from becoming echoes by 
one-way amplifiers ; the slight unevenness in transmission caused by 
the reflections is acceptable in an order-wire circuit. 

The serrated-seam coaxial unit, the present standard, consists of a 
0.1003-inch axial copper conductor centered within a 0.369-inch ( in
side diameter.) copper tube by polyethylene insulating disks spaced 
about 1 inch apart. The tube is a s·trip of copper 0.012 inch thick 
formed into a cylinder around the disks. It is held closed by the inter
locking of its serrated edges in a longitudinal seam and by two strips 
of steel tape wound helically around the copper tube with the outer 
tape overlapping the gap between turns of the inner one. 

Transmission Characteristics. For coaxial cable units, primary and 
secondary constants are expressed in the same manner as for local or 
toll cable pairs. The derived transmission characteristics are shown 
in Figure 2-13. Note that a is approximately proportional to· the 
square root of frequency. This is primarily because of skin effect in 
the inner and outer conductors ; as frequency increases, current flow 
is progressively restricted to the portions of the conductors near the 
surface. The constant p is nearly proportional to frequency, while 
delay and Zo are comparatively insensitive to frequency. 

FREQUENCY, a, p, DELAY, zo, 
MHz dB/mi rad / mi p.s/ mi ohms 

0.1 1.217 3.66 5.83 77.5 

1.0 3.845 35.7 5.69 75.5 

10.0 12.15 354 5.64 74.9 

100.0 38.68 3533 5.62 74.7 

Figure 2-1 3. Transmission characteristics of serrated seam coaxials per mile of 
coaxial unit. 
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Because of the shielding effect of the outer coaxial conductors, the 
equal-level coupling loss between coaxial units increases with fre
quency, despite the lack of insulation between the outer conductors 
of the coaxial units. 

As in loaded cable pairs, it is important to minimize reflections in  
coaxial conductors. Although transmission on each coaxial unit is in  
only one direction, reflections can cause interference among signal 
components traveling in that direction. Reflections result from in
ternal impedance variations caused by splices, sharp bends, dents, gas 
plugs, and terminations at equipment units. Factory measurements 
are made on each coaxial unit by means of a pulse technique to verify 
that internal reflections are sufficiently small. Random splicing lengths 
are used i n  the field to avoid in-phase buildup of reflections from 
regularly-spaced splices ; the latest coaxial splicing techniques are 
designed to minimize the reflections at splices. 

2-4 MICROWAVE RAD IO TRANSMISSION 

Microwave radio transmission media include propagation paths, 
antennas, and the waveguides used to couple the transmitters and re
ceivers to the antennas [ 4] . Comprehension of radio propagation and 
the path losses encountered, antenna patterns and efficiencies, and 
waveguide transmission characteristics are essential to an under
standing of these media. For microwave transmission, portions of 
the 2 to 40 GHz spectrum are made available by the Federal Com
munications Commission for fixed, common-carrier service. This 
range corresponds to wavelengths of 1 50 to 7.5 mm respectively where 
it is practicable to direct the radiated energy in a narrow beam. 

Propagation Paths 

The principal propagation paths in the microwave range are the 
direct ( free-space) wave and the ground reflected wave as illustrated 
in Figure 2-14. If the antennas are located to provide a l ine-of-sight 

· path with adequate clearance, the path loss for a large percentage 
of the time approximates the free-space loss. This loss obeys the 
inverse square law. 
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_j Direct (free-space) wave path 

Antenna! �Antenna 

Figure 2- 1 4. Microwave propagation paths between a ntennas. 

Line-of-Sight Transmission. Imagine a radiated wave expanding as a 
spherical surface from a point source. The power density, in terms 
of power per square unit of that surface at distance d from the source 
radiating power PT watts, is the radiated power divided by the 

spherical surface at that distance, or 4��2• If that radiated power is  

now concentrated in  a narrow beam by means of  a suitable antenna 
and accurately aimed at a receiving antenna, the latter receives 
many times the energy it received before the beam was concentrated. 
The actual power it receives before concentration is 

( 2-1 ) 

where AR is the effective area of the receiving antenna and PT is the 
power transmitted at the transmitting antenna. It can be shown that 
the on-axis power gain of the transmitting antenna having its radi-

ation concentrated in a narrow beam is 4�1T , where A. is the wave

length and AT is the effective area of the transmitting antenna.* 
When Equation ( 2-1 ) is  modified to account for the transmitting 
antenna gain, the received power is 

*Antenna gain is  defined as  the ratio, in dB,  of  the signal amplitude received 
or transmitted by an antenna to the amplitude that would be received or trans
mitted by an isotropic antenna at the same location and fed with the same power. 
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(2-2) 

These factors may be regrouped so that the transmitting and re
ceiving antenna gains are in the same form ; thus, 

PR = PT ( 4:1T ) ( 4:1R ) ( 
Trmtg Rcvg 

ant. ant. 
gai n  gain 

Free-space 
path loss 

(2-3 ) 

Note that the antenna gains are frequency-dependent and that the 
free-space path loss is both distance and frequency dependent as 
shown in Figure 2-15. In dB, the loss from the transmitter to the 
receiver is : 

10 log PT 
- 10 log 

41TA·r-
- 10  log 

41TAR + 20 log 
41Td 

(2-4) 
PR A.2 A.2 A 

where the units of length in AT, AR, A., and d are all the same. The 
effective areas, AT and AR, are smaller than the physical areas 
because of power dissipation and reflections in the antennas. 

Reflections. It is not enough that the l ine-of-sight path be unob
structed. It is also necessary to have adequate clearance all around 
that path in order to reduce the l ikelihood of reflections that may 
set up secondary paths longer than the direct path. Waves taking a 
longer path can arrive at the receiving antenna i n  any phase rela
tionship with the direct wave. The phase relationship depends upon 
the wavelength, the difference in length between the two paths, and 
whether or not the grazing angle at the projection is small enough 
to cause a phase reversal at the reflection. The strength of the re
flected wave determines the limits of reduction or reinforcement of 
the direct wave and the phase relative to the direct wave determines 
where, within those limits, the effect will lie. 
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Figure 2- 1 5. Free-space path loss versus frequency and path length . 

Figure 2-16 illustrates a direct path, d, from A to B and an indirect 
path, dt, from A to C to B. Clearance above intervening terrain is 
usually described in terms of Fresnel zones which are ellipses of 
revolution around the line-of-sight path, as shown in vertical cross 
section in Figure 2-16. The first Fresnel zone is the surface from 
which a reflection reaching the receiving antenna will have traveled 
one-half wavelength farther than the direct wave. The nth Fresnel 
zone defines paths n/2 wavelengths longer than that of the direct 
wave. The locations of the zones depend on the wavelength and the 
length of the direct path. Experience indicates that clearance should 
be at least 0.6 times the distance to the first Fresnel zone all along 
the direct path in order to achieve transmission loss that approxi
mates the free-space loss. Somewhat greater clearance than that is 
usually provided, however, in order to reduce deep fading under ad
verse atmospheric conditions. Effective path clearance is not constant 
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but varies with atmospheric conditions which can bend the direct 
wave away from a straight line as a result of variations in dielectric 
permittivity. 

1 200 
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� � 
Gl 600 "'0 -� � 

400 

200 

0 
0 

..... ... -- - - - - - - - - ..... 
- -- First Fresnel zones - - - B 

,., "' "' ..,...... A. =  3 mete::;;.,, \ 
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Indirect path, d1 

4 6 8 10 12 14 16 18 

Distance between antennas (miles) 
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Figure 2- 1 6. Typical profile plot showing first Fresnel zones for 1 00 MHz (3 meters) 
and 1 0  GHz (3 centimeters). 

For determining suitable antenna heights, the obstacle having the 
least Fresnel clearance for prevalent atmospheric conditions is  located 
and then used as a fulcrum to allocate height to the antennas to pro
vide suitable clearance. Path tests with portable antennas are often 
made to verify the height of the principle obstructions, path reflec
tivity conditions, and optimum antenna heights. 

Fading. Heavy ground fog or very cold air over warm earth can 
cause enough atmospheric refraction to obstruct the line-of-sight path 
and increase its loss substantially throughout a wide frequency band. 
This type of fading takes place slowly and clears up slowly ; its only 
remedy is the use of higher antennas. 

Another, faster type of fading is caused by interference between 
two or more rays in the atmosphere. These separate rays between 
transmitter and receiver are the result of irregularities in the way 
dielectric permittivity varies with height. Fading of both types in
fluences the margins that must be built into the transmission system. 
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Figure 2-17 shows the median 
duration of fast fading on a 4-GHz 
system. It indicates an inverse re
lationship, that is, the deeper the 
fade, the less its duration. For ex
ample, a 1 6-dB fade has a median 
duration of 50 seconds ; a 43-dB 
fade, only 2 seconds. About 1 per
cent of the fades may last ten times 
or more as long as the median and 
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.,g 1 0 e :;;) 0 5 

2 
0 10 

51 

'\ ' 
' 

� 
'\ r\. 

20 30 40 50 
Depth of fade (dB) 

about 1 percent may last only one- Figure 2- 1 7. Median duration of fast 
tenth as long or less. On l ine-of- fading at 4 GHz. 
sight paths, much of the multipath 
fading occurs at night when there is little or no wind or convection 
to break up atmospheric layers that cause irregularities in refraction 
and result in multipath transmission. 

Both the number and severity of fades increase with repeater 
spacing and with frequency. Although multiple paths are usually 
overhead, ground reflections are sometimes involved. Effects of multi
path fading can be reduced by the use of alternate frequencies, alter
nate routes, or alternate antennas at different heights. 

Absorption. Rain and water vapor increase path losses markedly at 
the higher microwave frequencies. Figure 2-18  shows the estimated 
atmospheric absorption versus frequency for several concentrations 
of rain in the atmosphere. The increase of loss with frequency is 
caused by the greate,r absorption and scattering of energy as the 
wavelength approaches the size of the rain drops. Systems operating 
in the upper part of the superhigh-frequency ranges (3 to 30 GHz) 
are vulnerable to rain attenuation and cannot rely on inband frequency 
diversity for protection of service. 

Antennas 

A number of different types of antennas have been used for Bell 
System microwave radio systems. Today, most long-haul and many 
short-haul systems utilize a horn-reflector design that has proved to 
be economical, versatile i n  its broadband capability, and rugged in 
the face of exposure to the elements. Other short-haul systems are 
equipped with parabolic antennas. 
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Figure 2- 1 8. Estimated atmospheric absorption. 

Characteristics. The gain of an antenna is closely associated with the 
width of the beam it radiates ; the narrower the beam, the greater 
the gain. Although a narrow beam minimizes interference from out
side sources and adjacent antennas, too narrow a beam may be de
flected from its target by unusual stresses on the antenna tower. 
Therefore, there must be a balance between antenna gain and re
sistance of the tower to such stresses. Most of the antennas in modern 
microwave systems have half-power beam widths of about one to two 
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degrees. Figure 2-19 shows relationships among antenna area, gain, 
and beam width. 

Not all the energy from an antenna is radiated in the main beam. 
Some is radiated in minor beams, called sidelobes, which are potential 
sources of interference. The energy radiated in the backward direc
tion must be well controlled in repeater systems that transmit the 
same frequency in both directions. ( In most systems, the frequencies 
are different in the two directions. ) Side-to-side and back-to-hack 
coupling losses between various combinations of transmitting and re
ceiving antennas, all at the same station, must be high to avoid inter
ference especially when fading is being experienced. Transmitter 
outputs are some 60 dB higher than receiver inputs. 

Polarization. Adj acent channels in the� frequency spectrum have 
opposite polarizations of the transmitted signals. This improves 
discrimination between adjacent channels and facilitates the design 
of networks for combining and dropping channels. Cross-polarization 
discrimination, the ratio of the power received in the desired polariza
tion to that in the undesired, is usually in the range of 25 to 30 dB 
for an entire repeater section. 

Typical Designs. Beaming microwave energy is quite similar to 
beaming light energy with reflectors and lenses. In both cases, the 
function of the equipment is to transform a spreading spherical wave
front into a plane wavefront that travels toward its objective in a 
narrow beam. Antenna gains of 30 to 50 dB are usual in microwave 
transmission. 

The paraboJic (or dish) antenna is fed from waveguides having 
outlets at the paraboloid focus. As many as four waveguides may be 
used to feed the antenna at the same time. Such antennas of 5- to 
10-foot diameter are used mostly on short-haul systems but sometimes 
on l ightly loaded long-haul routes. 

The horn-reflector antenna, shown in Figure 2-20, combines a 
vertical horn and a small section of a large paraboloid surface. The 
energy is fed from a waveguide orifice placed at the focus of the 
paraboloid and flows upward, spreading out in the horn. The para
boloidal surface changes the direction of the energy to horizontal and 
also changes the wave front from spherical to plane, thus confining 
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Figure 2-1 9. Approximate antenna area, gain, and beam width. 

the energy to a beam spread of about 2 degrees. This type of antenna 
is capable of about 40-dB gain at 4 GHz and of successively h�gher 
gains in the 6- and 1 1-GHz regions. Good impedance match of the 
waveguide feed to the antenna results in high return loss. The horn
reflector is a broadband antenna that can be used with both vertical 
and horizontal polarization in the 4-, 6-, and 1 1-GHz bands� It has 
only small sidelobes and a front-to-back ratio ( the ratio of the power 
measured at the front of a directional antenna to the power measured 
at the back of the antenna) of about 70 dB. 
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Another type, the delay-lens antenna is somewhat less versatile 

than the horn-reflector and is seldom used. Within its limitations, it 
provides gains up to 45 dB. The limitations are imposed by the lens 
structure which embodies a large number of parallel aluminum strips 
shaped in plano-convex form and set in slabs of foamed polystyrene. 

Figure 2-20. Horn-reflector antenna. 

This structure is effective over only a limited frequency range de
termined by the separation of the aluminum strips and can transmit 
only waves that are polarized in the direction in which the strips are 
aligned. 

Since path losses between two microwave antennas are the same 
no matter which transmits and which receives, separate consideration 
of receiving antennas is unnecessary except when considering space 
d iversity arrangements. The reversibility of the two roles, however, 
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makes it clear that each antenna must be precisely aimed at the other 
in order to achieve maximum gain. 

Waveguides 

Waveguides prevent radio waves from spreading as they emanate 
from a source, usually a precisely placed loop or coaxial pro be, and 
force them to propagate within a restricted path. At present, the 
major use of waveguides is to conduct energy in microwave radio 
systems between receiver and transmitter components, from trans
mitters to transmitting antennas, and from receiving antennas to 
receivers. New systems utilizing waveguide as the transmission 
medium are under development. 

In order effectively to propagate radio energy, a rectangular wave
guide must have a cross-sectional dimension of about one-half wave
length. This restriction limits the practical use of waveguides to high 
frequencies at which wavelengths are at most a few inches. Within 
this limit, there are a number of possible configurations of the electro
magnetic field within the guide. These configurations are known as 
modes of propagation. The maj or modes are the transverse electric 
( TE )  modes and the transverse magnetic ( TM )  modes. In the TE 
mode, the electric field is transverse to the axis of the guides and the 
magnetic field is parallel to the axis. In the TM modes, the reverse 
is true. 

Propagation of a specific mode is possible only when the wave
length of the applied energy is less than the "cutoff wavelength" of 
the waveguide. Longer wavelengths, or lower frequencies, are not 
transmitted. The same guide, however, may transmit longer wave
lengths in some other mode. The mode that has the longest cutoff 
wavelength is called the dominant mode. It is the preferred mode 
becaus�, for a given frequency, the waveguide can be smaller than it 
could be for any other mode. 

Many waveguides in current use are rectangular in cross section 
with a two-to-one ratio of the two dimensions. The cutoff wavelength 
of the dominant mode of such a design is twice the dimension of the 
longer side of the cross section. The other modes have cutoff wave
lengths no more than half that of the dominant one. Therefore, the 
band of frequencies propagated in the dominant mode alone ranges 
from the frequency corresponding to the cutoff wavelength of that 
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mode to twice that frequency ; all other modes are suppressed within 
that range. Circular waveguide is also used, particularly from tower 
base to antenna ; 4-, 6-, and 11 -GHz may be transmitted in this 
waveguide in two polarizations. 

Losses in waveguides are minimized by using the dominant mode 
but attenuation is still considerable because of power losses in the 
walls of the guide where the traveling waves induce currents. At 
4 GHz, the loss in a 1 .25 x 2.50-inch bronze guide is about 1.5 dB 
per 100 feet. This is high in comparison with losses in wire lines at 
much lower carrier frequencies but substantially lower than the 
losses that would be experienced in wire lines or coaxial cable at 
microwave frequencies. The velocity of propagation in a waveguide 
is close to, but always less than, that of light. 

Uniformity of structure is j ust as important in waveguides as in 
other linear transmission media. Changes in size or shape of cross 
section, holes or projections in the walls, and lack of homogeneity in 
the metal distort the electromagnetic field and generate unwanted 
modes that result in transmission losses. Reflection losses can be 
caused by bends or twists that are not gradual enough or by improper 
terminations at the sending or receiving end. Where irregularities are 
unavoidable, they are minimized by means of impedance matching 
techniques. 

Waveguides can be made effectively to limit transmission to only 
one direction by means of accurately placed magnetic ferrites and 
magnets. The magnets are placed outside the waveguides to produce 
magnetic fields in the ferrites which are placed inside. These devices, 
called isolators, prevent energy reflected from transmitting antennas 
or discontinuities in the waveguides from interfering with the opera
tion of components such as klystron oscillators or traveling-wave tube 
amplifiers. 

2-5 MOBILE RADIO TRANSMISSION 

Since mobile radio transmission requirements are different from 
those of microwave transmission, the medium is used in a different 
way and lower frequences are better suited to the service. First, 
transmission between the base and mobile antenna is in the nature 
of a broadcast. Second, since unobstructed paths are the exception, 
the frequencies employed must be capable of delivering a useful 
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amount of energy to and from areas that are not in line-of-sight paths 
from fixed transmitters. Fortunately, the frequencies available for 
mobile service are able to accomplish that result. They lie mainly in 
the VHF (30 to 300 MHz) and UHF (300 to 3000 MHz) ranges [5, 
6, 7] . 

In mobile services, where transmitting and receiving antennas are 
comparatively close to reflecting surfaces of the earth, path losses in 
the VHF and UHF ranges increase at about 12 dB per octave 
( doubling) of distance rather than 6 dB per octave as in free-space 
transmission. A simplified explanation of this rate of increase is that 
the total field strength at any point in the covered area is the sum of 
the direct wave and the ground-reflected wave. The latter undergoes 
a 180-degree phase change in being reflected and only because of its 
slightly longer path length arrives a little out of phase opposition to 
the former. The net field, therefore, is the relatively small vector 
sum of the two nearly opposing main components. As the receiver 
recedes from the transmitter, the strength of each main component 
decreases by 6 dB per octave of distance, the departure from phase 
opposition decreases, and the degree of cancellation increases. 'rhe 
net result is a loss change of approximately 12 dB per octave of 
distance. 

The influence of antenna heights is also closely related to path loss. 
Within practical ranges of transmitting and receiving antenna 
heights, there is a gain of 6 dB when the height of either antenna 
is doubled. The variation of path loss with frequency is very slight 
because of two opposing effects. Power received at a half-wave dipole 
decreases with increasing frequency if field intensity is kept constant 
but the lower wavelength reduces the degree of cancellation of the 
direct wave by the ground-reflected wave. The result of these two 
opposing effects is to keep the loss substantially constant. 

For the conditions commonly encountered in land mobile service, 
the following idealized relationships provide a good starting point 
from which the effects of earth curvature, topography, and obstruc
tions can be added to give a realistic picture in specific situations. 
Path loss is substantially independent of frequency, increases at 
about 12 dB per octave of distance, and decreases at about 6 dB for 
doubled antenna height at either terminal. 

Earth curvature does not cut transmission off sharply ; atmospheric 
refraction tends to bend waves so that they follow the curvature to 
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some extent and diffraction tends to dilute the radio shadows cast by 
hills, buildings, and other obstructions. As an example, transmission 
losses between a base-station antenna at an elevation of 200 feet and 
a car 35 miles away ( several miles beyond the geometrical horizon) 
might typically be increased over flat-earth-path losses by about 5 dB 
at 40 MHz, 8 or 9 dB at 160 MHz, and 12 dB at 460 MHz. 

Since both fixed and mobile antennas in mobile services must 
generally radiate in all compass directions, the half-wave dipole 
antenna and variations of that design are natural choices. When 
mounted vertically, a dipole radiates mainly near the horizontal plane 
where the associated receiving antennas are located ; there is very 
little vertical radiation. For the lower frequency ranges, for which 
half-wave dipoles are impracticable in size for vehicles, simple ver
tical antennas are suitable. Such a radiator is tuned to resonance at 
the carrier frequency by making its length a convenient fraction of 
the carrier wavelength and by adding lumped reactance at the top 
or bottom. In any case, the effect of tuning to resonance is to produce 
a standing wave of current along the antenna. 

The considerations that apply to the choice of transmitting antennas 
at fixed stations also apply to mobile antennas, which serve for both 
transmitting and receiving. It is often sufficient to consider transmis
sion only from fixed to mobile stations because path loss is usually 
the same in  both directions of transmission at the same frequency. 
However, shadow losses may be significant and transmission from 
the vehicle to the base location may be controlling. Furthermore, the 
base location often uses higher power in transmission ; even though 
path loss is reciprocal, satellite fixed receivers are often necessary. 
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Section 2 

Local Plant Facilities 

The quality of transmission is influenced in many ways by local 
plant facilities among which are loop or access l ine facilities and 
station sets. These are signficant in determining transmission quality 
because two of each are used on every connection. Many trunks are 
also included in local plant facilities and they too have an effect on 
transmission quality. 

The variety of transmisS'ion equipment located in central office 
buildings and the switching equipment itself, which provides a multi
tude of transmission paths, must all be carefully controlled to assure 
satisfactory service .  In addition, there are a number of switching 
facilities located on customer premises that provide transmission 
paths that must be equally well controlled. 

Chapter 3 is devoted to discussions of loop facilities and station 
equipment. The loop facility portion briefly discusses the resistance, 
unigauge, and long route design plans and describes a number of 
supplementary electronic equipment types that are used to improve 
transmission and to extend loop ranges. Analog and digital loop 
carrier facilities are also described. Finally, the 500-type telephone 
station set is discussed with special attention given to ringing 
considerations. 

In Chapter 4, voice-frequency trunk transmission facilities are dis
cussed. After a brief review of the via net loss trunk design plan, 
consideration is given to the use of negative impedance and gain-type 
voice-frequency repeating equipment. The performance and applica
bility of various types of equipment are compared. The application of 
echo suppressors to network trunks is discussed. 

Chapter 5 discusses voice-frequency data transmission in the loop 
plant and the adaptation of loop facilities to the needs of data trans-
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missiOn. The types of equipment found at typical data stations are 
described and the features of the 208-type DATA-PHONE® data set 
are discussed as representative of a large class of data sets. 

Chapter 6 covers wideband facilities found in the local plant. In
cluded are descriptions of wideband data access facilities and station 
equipment with discussions of the relationship of these facilities to 
wideband carrier terminals. The access facilities and customer 
premises equipment used in the digital data system and the local plant 
facilities used for television signal transmission are described. 

The switching machines are unquestionably the largest items of 
central office equipment but there are also many items of trans
mission equipment mounted in central offices. Chapter 7 describes the 
transmission paths through the switching machines together with 
transmission circuit terminating and auxiliary equipment and some 
switching system functions that affect transmission performance. The 
sources and control of central office transmission impairments are 
also discussed. With the introduction of digital switching in the toll 
plant (No. 4 ESS) , new transmission-switching interface equipment 
is found in central offices and the principal equipment items are de
scribed. Central offices contain equipment relating to the transmission 
of television signals. This equipment is also described. 

Chapter 8, the final chapter in this section, is a parallel to the 
previous chapter but covers switching equipment used at customer 
premises. Included are private branch exchanges and key telephone 
equipment. Emphasis is placed on transmission characteristics of 
this equipment that differ significantly from those of central office 
equipment. 

62 
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Local Plant Facilities 

Chapter 3 

Loops and Station Sets 

A loop and the associated station set are uniquely related to the 
communication service received by an individual customer. Since the 
same loop and station set &re common to every connection to that 
station set, their performance has a direct effect on service to that 
customer and the cost of these items has a direct effect on the cost of 
furnishing service. Thus, the problem of providing satisfactory 
service at a reasonable cost is brought into focus in the design, in
stallation, and operation of loops and station sets. 

Several plans, called resistance, unigauge, and long route designs, 
are used in the loop plant. Application of these plans leads to the 
specification of cable pair wire gauges and to the economic application 
of electronic equipment to extend the length andjor improve the per
formance of loops. In general, loops are designed in bulk rather than 
on an individual basis. When design rules are followed, overall per
formance in the loop plant is satisfactory on a statistical basis. Oc
casionally, individual loops must be treated to improve performance 
because they represent extremes in the statistical distributions. 

Carrier system techniques are being increasingly applied to loops 
to improve performance, to extend ranges, and to make more efficient 
use of cable facilities. Single-channel and multichannel analog systems 
and multichannel digital systems all have been found to be economical 
in various situations. 

Telephone station set designs, which have been substantially im
proved over the years, have focused recently on the 500-type station 
set. Although there are now many types of station sets available, the 
500-type design is sufficiently representative that it may be used to 
illustrate the transmission performance of telephone station equip
ment generally. 
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3- 1 LOOP BASEBAND FACILITIES 

A loop is defined as the connection between a station set and the 
switching machine in the serving central office. It includes a cable 
pair connection from the termination at the switching machine line 
circuit to the main distributing frame (MDF ) ,  a cross connection at 
the MDF, the loop facil ities, a "drop wire" pair to extend the con
nection into the customer premises, a protector unit, and inside wiring 
or cabling at the customer premises to complete the connection from 
the protector unit to the station set. The loop facilities that comprise 
the connection from the MDF to the drop wire are the only parts of 
these connections that materially affect transmission. 

Loop conductors are usually contained in a multipair cable which 
may be located overhead (aerial cable) , below ground by direct burial 
(buried cable ) ,  or in conduit ( underground cable ) .  They may consist 
in part of one of several designs of paired multiple line wire or of 
paired open wire. In some cases, the loop facility may include an 
analog or digital carrier system. 

Loops play a large role in transmission because two are used in 
every network connection. Loop facilities often share supporting 
structures with power lines and are thus highly susceptible to power 
line influence. They may be exposed to the weather and various con
struction activities and are thus subject to damage and abrasive 
effects that can result in loss of service or deterioration of perfor
mance from excessive noise, crosstalk, or other interference. Switched 
and nonswitched special services circuits also use these facilities and 
may be subject to the same impairments. 

Transmission performance in the loop plant is controlled by loop 
cable layouts that are designed and engineered to take advantage of 
the statistical distribution of resistance and loss values. If the design 
rules are not applied, the number of limiting (high loss ) loops may 
be significantly increased and grade of service for built-up connec
tions may deteriorate substantially because the number of connections 
between high-loss loops would increase. 

Where loop lengths are limited by signalling considerations, it may 
be possible to extend the ranges by application of signalling range 
extenders. However, if this is done without regard to transmission 
considerations, performance may suffer noticeably unless voice com
pensation (gain andjor equalization) is applied. The more modern 
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electronic equipment which provides for improvements i n  both 
signalling range and in transmission performance should be used. 

loop Design Plans 

The design procedures used to control the i nstallation and use of 
thes.e media are previewed here to the extent necessary to relate loop 
losses to the electronic equipment that can be provided to increase 
loop ranges and to improve performance under normal conditions [1] . 
Loop design plans determine the gauge of cable conductors and where 
and how supplementary electronic equipment may be used to i ncrease 
signalling ranges or to improve transmission performance. These 
plans are called resistance design, unigauge design, and long route 
design. 

The design plans have evolved as a result of efforts to satisfy eco
nomically the needs of ordinary telephone service to residential and 
business main station loops. The resulting network of facilities is 
also used to satisfy many special service·s circuit needs. In some cases, 
these needs are fulfilled without special treatment of the facilities ; in 
other cases, treatment is required and in many of these situations, 
must be tailored to the specific service. 

Resistance Design.  When new distribution and feeder cables are to 
be installed, the choices of cable gauges and sizes are based on an 
economic analysis of the existing distribution of customer locations 
and the anticipated growth of the area. The design and layout of 
such new routes are based on a loop resistance which is known to 
satisfy transmission requirements. If loops in the area under study 
can be served by no more than two wire gauge sizes in such a way 
that the loop resistance design limit ( 1300 ohms in most cases) is 
not exceeded, the entire area can be served under' the resistance 
design plan. 

With resistance design, cable pairs serving the more distant cus
tomers are often loaded inductively. Design rules call for H88 loading 
for loops longer than 18 kilofeet ; i.e., 88 mH coils are located along 
the line every 6000 feet. The rules specify within close tolerances the 
lengths of all loading sections including the end sections. In addition, 
the maximum allowable lengths and characteristics of bridged taps 
are also specified. 
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When loop facilities provide service to areas that have few special 
services needs, ancillary equipment for gain, equalization, or signal
ling is seldom required when resistance design rules are otherwise 
satisfied. However, where there is substantial demand for special 
services, additional loading is often installed and a variety of elec
tronic equipment may be used to reduce loss or otherwise to improve 
transmission performance. 

Un igauge Design.  It can be shown that, in certain situations, it is 
more economical to provide loop plant of the same fine-gauge cable 
pairs (26-gauge ) and to compensate for transmission and signalling 
limitations by the use of electronic equipment at the central office. In 
this unigauge design plan, the greatest economies are realized where 
the electronic equipment is switched into a connection as needed 
rather than being permanently connected in each loop requiring 
compensation [2] . 

At present, the unigauge plan can be applied only in areas served 
by No. 2 ESS or No. 5 crossbar switching machines. In No. 2 ESS, 
unigauge capability has been provided as a part of the basic design 
with generic programs available to cause the appropriate gain to 
be switched into a connection as required [3] . To achieve similar 
operation in No. 5 crossbar, logic wiring changes m ust be made, test 
arrangements must be modified, and additional equipment must be 
installed. Thus, the theoretical economic advantage of unigauge design 
may be negated by the additional equipment and switching system 
modification costs. 

The unigauge plan is primarily applicable as permanently con
nected plant for new growth areas since interconnection points permit 
economical flexibility in loop extension using coarse gauge cable pairs. 
Additionally, the number of line and station transfers that would 
require central office rearrangements are limited. There are four 
ranges associated with the unigauge plan as shown in Figure 3-1 . The 
shortest range, which includes loops less than 15 kilofeet long, con
sists entirely of 26-gauge nonloaded cable pairs. The longer ranges 
are shown in the figure as utilizing a combination of electronic equip
ment such as range extenders, inductive loading of the cable pairs, 
and larger gauge cable pairs (a departure from the theoretical u ni
gauge concept) .  Loops from 30 to approximately 52 kilofeet long may 
be equipped as extended unigauge loops by using heavier (22 gauge) 
wire and H88 loading with the first load coil at the 1 5-kilofoot point 
rather than at 3.0 kilofeet as in resistance design. 
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Figure 3- 1 .  Unigauge loop plant layout. 

22H88 

Plant installed according to the unigauge design plan is often 
troublesome in respect to special services circuit design. Beyond 15 
kilofeet, the unigauge loops have higher losses than loops provided 
under resistance design rules. These losses must often be compensated 
for by electronic equipment. 
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Long Route Design. Most rural routes are served by voice-frequency 
( baseband)  loop arrangements. The design procedure for such long 
routes involves the establishment of several resistance range zones 
in excess of the normal 1300-ohm resistance design l imit. The pro
cedure provides for a specific combination of electronic range exten
sion andjor fixed gain devices to be applied to all loops falling within 
each of the several ranges. The devices and resistance ranges are 
selected so that the maximum insertion loss of each loop is limited to 
8 dB. The distribution of the resulting losses provides a grade of 
service not significantly poorer than normal [ 4] . The long route 
design plan provides for loop lengths up to about 210 kilofeet. 

The general features of long route design are illustrated in 
Figure 3-2. The design of No. 2 E SS permits operation through 
zone 16 without the use of auxiliary equipment. However, in some 
offices (step-by-step, for example) , a 2A range extender must be used 
to extend dial pulsing, ring tripping, and call origination ranges. For 
zone 18 ( the upper boundary of which has been moved to 2000 ohms ) ,  
the use of a range extender with gain ( REG)  is recommended. How
ever, many installations are still operating with the older dial long 
line (DLL) unit and a central office-located E6 repeater. Operation 
in zone 28 is similar to that in zone 18 but 6-dB gain is required. 

Operation in zone 36 formerly required the use of a DLL in the 
central office ; an E6 repeater with 9-dB gain was remotely located 
along the route as indicated in the figure. A recently designed version 
of the REG is now used to extend signalling and supervision to loops 
up to 3600 ohms with no remote repeater. However, the REG is con
strained to a maximum gain of 6 dB which is insufficient to com
pensate for the added loop loss ; a new design of handset ( type G-36)  
must be used. This handset provides 3 dB of transmitting and 3 dB 
of receiving gain relative to a 500-type station set. 

Voice-Frequency Electronic Equipment 

A wide variety of electronic equipment is used in the loop plant to 
provide message signal gain, equalization, direct current resupply, ad
dress signal repeating and/ or regeneration, ringing range extension, 
and bridge lifting. Since these functions are combined in various ways 
i n  different equipment items, logical categorizing of the equipment is 
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rather difficult. For present purposes, two some what arbitrarily 
chosen major categories are discussed. The first category includes 
items whose primary function is to supply message signal gain. The 
second category includes items whose primary function is to provide 
address signal repeating or regeneration. 
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Figure 3-2. Long route design. 
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Message Signal Gain.  The application of dedicated voice-frequency 
gain equipment to individual loops tends to be uneconomical. However, 
where service must be furnished over routes longer than about 45 
kilo feet, long route design with E-type repeaters, V -type repeaters, 
or metallic facility terminal arrangements is sometimes economical .  
In most cases, the equipment for these applications is mounted at  the 
central office end of a loop. However, customer premises mounting of 
facility terminal equipment is used, especially to improve the per
formance of PBX-related' circuits such as PBX-CO, foreign exchange, 
and wide area telecommunications service trunks, long distance and 
off-premises station l ines, and similar connections in the loop plant. 
In addition to voice-frequency gain, this type equipment can provide 
impedance compensation, equalization, and signalling range extension. 
Since E- and V -type repeaters and facility terminals have· their 
greatest field of application in the interoffice trunk plant, they are dis
cussed in Chapter 4 as trunk facilities rather than as loop facil ities. 

The application of message signal gain is much more economical 
where a fixed value of gain can be provided and switched into a con
nection only when needed. As previously mentioned, this is the basis 
of operation in the unigauge design concept applied in areas served 
by No. 2 ESS or No. 5 crossbar switching machines. 

In No. 2 ESS, range extension capability is provided as a basic 
design feature of the system. Repeaters are installed in sufficient 
quantities to meet service requirements with an approximate ratio of 
one repeater for each three range extended lines to be served. They 
are placed ( electrically) within the switching network at a location 
such that they may be switched into a connection when required ; 
when not used, they present no obstacle to ordinary switching opera
tions. In addition to voice-frequency gain, they provide a 72-volt 
battery supply circuit ( instead of the normal 48-volt battery supply) 
in order to deliver adequate current to the station set and supervisory 
circuits on loops of up to 2500 ohms. 

The repeater, shown schematically in Figure 3-3 ( a ) , is designed to 
serve all unigauge loops for which gain is required. The gain char
acteristic is determined primarily by the unbalanced amplifiers, one 
of which is shown in Figure 3-3 (b )  ; the gain increases with frequency 
to compensate for nominal loop loss. The gain at 1000 Hz is 5.1 dB 
and at 3000 Hz, 8.5 dB. The 24-volt converter supplements the normal 
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48-volt battery. Thus, the de path is carried through the repeater for 
signalling and supervision. The circuits are designed to be stable 
under all conditions including an open circuit on the central office 
side of the repeater and to operate satisfactorily in the presence of a 
wide range of foreign potentials on the loop. Since the 26-gauge loops 
present a reasonably constant impedance, a fixed balancing network 
design is used. The tip and ring conductors can be bypassed around 
the repeater so that connections not requiring gain can be made ; the 
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(a) Block diagram 

(b) Unbalanced amplifier circuit 

Figure 3-3. No. 2 ESS unigauge repeater. 
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bypass is  accomplished by the contacts of relay B controlled by the 
ESS call processor. 

In No. 5 crossbar systems, the range extender units are added and 
the required voice-frequency gain is furnished by a plug-in 306A re
peater. The repeater, as illustrated in Figure 3-4, is a balanced, hybrid 
type that provides 4.6 dB gain at 1000 Hz and 8.8 dB gain at 3000 Hz 
when measured between 900 ohms and a unigauge loop. The office 
balancing network ( OBN ) and the line balancing network ( LBN ) 
must provide a good match to the office and line transmission circuits 
respectively for satisfactory operation. The unigauge plan generally 
provides the match required, especially on the line side. 

The unigauge design plan applies primarily to main station loops. 
The plan may be applied in some cases to PBX-CO trunks and other 
special services circuits. However, the additional treatment that is 
often necessary with special services circuits must be applied to a 
larger number of such circuits under unigauge than under resistance 
design principles. 

For residence and business main stations, the REG is a useful de
vice that operates on H88 loaded loops having a resistance range of 
1300 to 3600 ohms [5] . This need had been previously met by various 
combinations of 96-volt dial long line units and E6-type repeaters. 
In addition to voice-frequency gain, the REG unit, i l lustrated in 
Figure 3-5, provides range extension of supervision, dial pulsing, and 
ringing trip and increases the voltage applied to the loop to bring 
loop current into the station set operating range. It also provides a 
through path for testing and ringing and, when a talking path is 
established by the operation of a transfer relay ( HRO ) , it connects 
a negative impedance repeater as shown in Figure 3-5 (a)  to provide 
up to 6 dB of gain. In addition, the de path in the REG unit permits 
automatic number identification for 2-party lines. 

The operating sequences required for the REG are implemented by 
the dual-mode current detector shown in Figure 3-5 (b) . A threshold 
sensor is connected to the loop pair by a l inear resistance bridge with 
negligible insertion effects. The output at nodes A and B is propor
tional to loop current and is independent of longitudinal current and 
voltage to ground. 

Signal Repeating Equipment. A wide variety of loop facilities without 
voice-frequency gain features are available. These are known as range 
extenders, dial long line units, or dial long trunk circuits. The func-
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Figure 3-4. Unigauge repeater for No. 5 crossbar. 

tions fulfilled by these units include the repeating of ringing signals, 
the repeating a.ndjor regenerating of dial pulses, and the boosting 
of de l ine current for improved performance of supervisory circuits, 
station set microphones, and TOUCH-TONE® oscillators. Some de
signs provide for the disabling of E-type repeaters and, in some cases, 
can apply idle circuit terminations. Designs are made more complex 
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when party line or coin line service is involved and when automatic 
number identification is needed in connection with automatic message 
accounting procedures. 

Miniature Dial Long Line Units. A number of designs of dial long 
line and dial long trunk facilities are used on long central office loops, 
PBX station lines, and various special services circuits. Since the 
REG has become available, many of these units are no longer recom
mended but there are still a large number in operation. Among these 
units is a design known as the miniature dial long line circuit. Eleven 
plug-in  units, each a complete circuit except for ballast lamps, may 
be mounted in a single tray. Two tray designs are used to accommo
date the various design options th�t are available. These units in
corporate terminating impedances that provide high return losses in 
the circuit applications where they are used. They also offer such 
features as idle circuit terminations and E6 repeater disabling. Ex
tended transmission and supervisory ranges are achieved by the use 
of 72-volt battery. 

Three different designs are provided to operate with all types of 
local switching systems. Individual l ines, some PBX lines, 2-party full
selective loops ( without party identification ) ,  4-party full- or semi
selective loops, 10-party coded ringing loops, and 8-party semiselective 
loops can be extended. These units are not generally applicable to 
special services circuits. These circuits operate with either TOUCH
TONE or rotary dial stations. Pulsing, supervisory and ring-trip 
ranges depend on the battery supply. The maximum external resis
tance is 2500 ohms with 48-volt operation. With 72-volt operation, the 
individual and party-line units provide extended ranges which are 
limited by restrictions imposed by requirements to trip during either 
the ringing or silent interval. 

Signalling Range Extender. Central office coin line loop resistance 
limits may be extended to a maximum of 2400 ohms by using a 
signalling range extender ( SRE ) . The SRE equipment provides range 
extension on up to ten coin lines in a single shop-wired shelf assembly. 
In addition to the range extender plug-in units, the shelf accommo
dates an inverter unit which converts 48 volts de to a 10-kHz square
wave output voltage. An alarm and transfer unit distributes the 
inverter output to the range extenders, provides alarm indications in 
the event of failure, and optionally provides transfer to an alternate 
inverter. 
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E ach range extender rectifies the squarewave signal received from 
the inverter. The 24-volt rectified signal is filtered and applied to 
the line as illustrated i n  Figure 3-6. When the station set is on hook, 
no current flows and the range extender is idle. When the station is 
off hook, current flow is  sensed and 24-volt battery of appropriate 
polarity is connected i n  series with the line. This battery augments 
the current flow, assists in the operation of the ring tripping circuits 
in the central office, and improves supervision, dialing, and transmis
sion performance. The SRE provides no gai n  ; however, it may be used 
with an E6 repeater when gain is required. 

Tip 

Ring 

Central 
office 

Cut-off 
relay 

Signalling 
range extender 

24V 

Transmission 
facilities 

Coin 
station 

Figure 3-6. Application of signal l ing range extender to coin station l ine. 

Type 2A Range Extender. This unit is  used in step-by-step and 
No. 5 crossbar offices to extend loop ranges from 1300 ohms to about 
1 600 ohms. It cannot generally be used with special services circuits. 
The circuit assemblies are of miniature size so that they may be 
mounted in groups of 10 or 20 units on the horizontal side of the 
main distributing frame. Jumpers are then used to interconnect the 
range extender with the switching equipment and the loop pair. 
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The range extender circuit, shown in Figure 3-7, consists of two 
identical but oppositely poled transistor circuits connected in and 
across the tip and ring conductors. The oppositely poled circuits are 
required because battery and ground may be reversed in a number of 
frequently-used call sequences. 

The principal function of the extender circuits is to increase line 
current flow to assist the operation of supervisory, dial pulse, and 
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Figure 3-7. Type 2A range extender. 
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ring-tripping relays. The circuit responds to a flow of l ine current 
in excess of 6 rnA in resistors Rt and R2 or Ra and R4. Such a current 
flow causes transistor Qt or (h to change to the operate condition and 
thus to increase the line current. (Line current is not i ncreased in 
the talking condition. ) Other components in the circuit provide surge 
current protection and a low impedance signal path for voice signals. 

Bridge Lifters 

The transmission degradations caused by a parallel or bridged con
nection (bridged tap) may be substantially eliminated by the use of 
a bridge lifter. This device produces low-series impedance in the 
current-carrying pair and produces simultaneously high impedance in 
the unused shunting or bridged pair ( s )  ; thus, the impedances of the 
unused pairs are isolated from the through connection. 

Relays and semiconductors may be used but saturable inductors 
are more commonly used as bridge lifters because they are relatively 
inexpensive and require little maintenance. A typical application is 
shown in Figure 3-8 (a)  . When no current flows i n  loop 1 or loop 2, 
the inductance of the toroidal core coils is high and the bridging loss 
of either loop is low. When current flows, as in the off-hook condition, 
the toroid is magnetically saturated so that the insertion loss of the 
affected windings is  low. Thus, transmission in the circuit that carries 
current is  not materially affected by the coil insertion loss nor by 
the bridging loss of the parallel connection. The losses are shown 
qualitatively in Figure 3-8 (b ) . Actual losses are functions of fre
quency and of the impedances of the connected circuits. 

The most commonly used inductor is the type 1 57 4. Early designs 
( 1574A and 1574B ) have been replaced by the 1574C and 1574D 
which utilize bifilar-wound coils. This method of winding results in  
less circuit noise than that observed with conventional windings where 
each coil was wound independently. Each of the two windings of a 
157 4-type bridge lifter has 12 ohms resistance so that each bridge 
lifter adds 24 ohms to the loop resistance. In the 157 4B and 157 4D 
types, a 5600-ohm resistor is connected in parallel with each winding 
to make the device less susceptible to low-frequency noise components. 

Although bridge lifters may be installed at remote locations, they 
are usually used in the central office to improve transmission perfor-
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mance on party lines. Under the permanently connected plant design 
concept, each party line is provided a separate cable pair from 
the central office and the pairs are bridged at the main distributing 
frame by an arrangement that incorporates the bridge lifters. Bridge 
lifters are similarly used on secretarial service l ines and off-premises 
extensions. 
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Concentrators 

The cost of providing service to remote stations on long routes can 
theoretically be materially reduced by using line concentrators. 
Located remotely from the central office, these are switching arrange
ments that permit a number of loops to be served by a smaller number 
of trunks. Loops terminate at the concentrator and the trunks connect 
the concentrator to the central office. 

A number of concentrators are in use, some of Bell System design 
and some of outside design. A ratio of loops to trunks as high as 50 to 
10 has been used but, with the traffic generated in many areas, block
ing has been found to be excessive and concentrator costs have been 
higher than desirable where service and reliability needs have been 
met. These problems are under active study. 

Most designs cause little transmission impairment. A full-access 
switching matrix and relatively simple line and trunk terminating 
circuits make the concentrator essentially transparent to transmis
sion. Loss through a concentrator is typically held to 0.5 dB or less 
and other transmission impairments tend to be negligible. 

Program Facil ities 

A number of wideband services furnished by the Bell System re
quire loop facilities that can provide gain andjor equalization. The 
facilities discussed here are those provided for special program 
services such as "wired music," local and network radio, and the audio 
portion of television. Excepting the cable pairs, essentially all the 
facilities used for these purposes are manufactured to Bell System 
specifications by outside suppliers. 

For "wired music" service, a cable pair is used to connect the pro
gram source to the local central office. Here, distribution amplifiers 
are used to connect the serving loop to many receivers andjor trunk 
facilities which may be used with distribution amplifiers to serve re
ceivers through other offices. Many hundreds of receiving stations 
may be served simultaneously by this type of arrangement. Equalizers 
are built into the distribution amplifiers to satisfy transmission re
quirements on various types and gauges of nonloaded cable. Repeating 
coils are usually located at the customer premises to isolate customer
provided equipment from Bell System facilities and to provide a 

TCI Library: www.telephonecollectors.info



Chap. 3 loops and Station Sets 8 1  

150-ohm termination. The bandwidth provided for this type of service 
may be either 5 or 8 kHz. 

High-quality service may be provided for radio or television pro
gram signals transmitted over circuits such as studio-to-transmitter 
links. Rugged amplifiers may be mounted in central offices, at cus
tomer premises, or remotely in manholes or on telephone poles. When 
mounted remotely, these amplifiers are powered over a separate wire 
pair. Bandwidths of 5, 8, or 15 kHz may be provided and built-in 
equalizers are used to adapt the amplifiers to these bandwidths and 
to a variety of nonloaded cable types and gauges. In some cases, pro
gram circuits may be furnished on specially loaded cable pairs. The 
loading may include arrangements such as B22 or E l l ,  i .e.,  22 mH 
or 11 mH coils at 3000-foot spacing. 

3-2 LOOP CARRIER FACILITIES 

Continued growth of demand for telecommunication services has 
led to use in the loop plant of electronic techniques and, in many cases, 
to the application of carrier systems. Both analog and digital carrier 
systems are used to achieve acceptable transmission performance and 
to increase the efficiency of use of cable conductors where long route 
designs are necessary. However, carrier systems are not yet generally 
used for special services circuits. 

Analog Systems 

Both single channel and multichannel analog carrier systems are 
available for loop applications. Single channel systems utilize carrier 
techniques to place a voice signal in a frequency spectrum above the 
voice-frequency band. When added to an existing VF loop, this tech
nique provides an additional channel, called an add-on channel . The 
arrangement may be used to defer the installation of additional cables 
or, in congested areas, to increase the utilization of cable pairs. Multi
channel systems, which may provide up to eight voice channels on a 
single wire pair, are used primarily on long low-growth routes to 
provide increased cable utilization and to defer new cable installations. 
Equivalent four-wire transmission is used in both single channel and 
multichannel systems. 

Technical requirements for these systems are specified by the Rural 
Electrification Administration ( REA) of the United States Depart
ment of Agriculture [6] . These specifications are applicable to station 
carrier equipment purchased by telephone companies that borrow 
from the REA and cover equipment intended for use on cables meet-
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ing REA specifications. Thus, systems of outside manufacture are 
generally designed to meet these specifications and many are used by 
the Bell System. However, the REA specifications are not applied to 
Bell System designs. 

Single Channel Systems. A number of single channel carrier systems 
are currently used. The SLC*-1 system, recently introduced in the Bell 
System, is generally represented by Figure 3-9 [7] . It may be used to 
provide service over a carrier-frequency channel on a nonloaded cable 
pair in which the loss does not exceed 53 dB at 76 kHz. This loss 
corresponds to the maximum value for a resistance designed loop less 
than 18 kilofeet long. Allowance must be made for bridged taps. 

A single channel system consists of two terminals, a central office 
terminal unit and a subscriber terminal unit. As shown on Figure 3-9, 
the voice-frequency channel and the carrier channel are combined at 
the line side of each unit. The two paths are isolated electrically by 
low-pass filters (LPF) for the voice-frequency channel and bandpass 
filters ( BPF) for the carrier channel. The operation of the carrier 
channel may be explained by first considering an incoming call to 
station set 2 and then an outgoing call from station set 2. 

Incoming Call. When a ringing signal is applied at the central office 
to the carrier channel, the ringing detector activates and modulates 
the 76-kHz oscillator by way of the transmit switch. The 76-kHz 
oscillator provides a modulated carrier signal via the modulator to 
transmit the ringing indication to the distant end. After detection at 
the subscriber terminal unit, the modulated 76-kHz carrier activates 
the ringing generator which then applies the ringing signal to the 
station set. When this signal is answered ( station set off-hook) ,  the 
loop detector turns off the ringing generator and turns on the 28-kHz 
oscillator. The oscillator output is transmitted to the central office to 
signal the off-hook condition through the loop relay. With both oscilla
tors energized and with the ringing signal turned off, the circuit i s  
set u p  for voice communication. Transmission away from the central 
office is by double sideband amplitude modulation of the 76-kHz 
carrier and toward the central office by double sideband amplitude 
modulation of the 28-kHz carrier. 

Outgoing Call. The initiation of a service request from the station 
set follows a sequence somewhat similar to the incoming call se
quence. When an off-hook condition is recognized by the loop detector 

*Trademark of the Western Electric Company 
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at the subscriber terminal, the 28-kHz signal is transmitted to the 
central office to indicate the service request. It operates the loop relay 
which turns on the 76-kHz oscillator and extends the off-hook signal 
indication to the central office line equipment. Normal loop signalling 
can now take place by interruption of the 28-kHz oscillator in response 
to dial pulses or by the transmission of TOUCH-TONE signals from 
the station s·et. 

The SLC-1 System. The operating sequences described apply gen
erally to single channel systems of outside suppliers or of Bell System 
design. One significant difference between the, SLC-1 System and 
others is that the SLC-1 uses a compandor ( not shown in Figure 3-9 ) 
on the carrier channel for transmission from the central office to the 
station set. This transmission path, at 76 kHz, has relatively high loss 
and is therefore susceptible to noise impairments which are reduced 
by the compandor. 

Multichannel Systems. In applying carrier techniques to multichannel 
loop transmission systems, double sideband amplitude modulation is 
general ly used to supply four to eight channels on a single cable pair 
by the equivalent four-wire transmission mode. In these systems, no 
voice-frequency channel is provided. Systems generally are designed 
to meet REA Specification PE-62 [6] . These systems may have 
lumped customer terminal arrangements, in which there is only one 
remote terminal with all customer connections made from that ter
minal, or they can accommodate distributed remote terminals which 
provide one or more customer connections at each of several locations. 

In systems that meet the REA specifications, the design must per
mit the use of up to three remote repeaters powered from the central 
office. Longer systems may be accommodated by providing remote 
power feed arrangements and additional repeaters. Each repeater 
must provide gain to compensate for 35 dB of cable loss at 1 1 2  kHz. 
The system obj ective for total line loss is thus to accommodate up to 
140 dB at 1 12 kHz using central office powered repeaters. 

Transmission level points are specified so that crosstalk is tolerable 
in the presence of T- and N-type carrier systems or wideband data or 
video channels in the same cable. Transmission toward the central 
office is usually in the band from 8 to 56 kHz. Transmission toward 
the station sets is at higher frequencies, usually in the band from 
64 to 1 12 kHz. Higher frequencies, up to 136 kHz, may also be used. 
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Dig ita I Systems 

Two digital transmission systems, a Subscriber Loop Carrier 40 
( SLC-40) System and the Subscriber Loop Multiplexer ( SLM * )  
System, have been designed to serve long route needs. O f  the two, the 
SLC-40 System has proven to serve telephone company needs more 
economically and is more commonly found in service. However, a 
number of SLM Systems are also in use. Both utilize Tl-Carrier 
System line equipment, discussed in Chapter 22, but the terminal 
arrangements and system configurations are quite different. 

The SLC-40 System. When fully equipped, the SLC-40 System can 
provide up to 40 speech channels between a central office and a remote 
terminal as much as 50 miles away [8] . Channel units provide service 
to individual (single party) lines, two-party lines with automatic 
number identification, and a variety of multiparty lines ( up to eight 
party) with combinations of semi-selective, fully-selective, or coded 
ringing and automatic or operator number identification. Other 
applications are being developed to expand further the field of use of 
this system. 

System Layout. Figure 3-10 shows a typical layout of an SLC-40 
system. The system is composed of a central office terminal and a 
singl e  remote terminal interconnected by a T1-type repeatered line. 
The system provides 40 full-time voice-grade channels as loops be
tween the central office and the remote terminal. Standard voice
frequency distribution facilities are used to extend the loops from the 
remote terminal to customer premises. 

The length of the repeatered line depends on the type and gauge 
of cable. For 22-gauge cable, the maximum length is 10 miles for 
systems powered only from the central office. The length may be in
creased to 20 miles for systems powered from both the central office 
and the remote terminal and to 50 miles for systems powered from 
both ends and from an intermediate power feed point. 

Two remote terminal arrangements are available. In one, a weather
proof cabinet that may be pole- or pedestal-mounted is used to house 
channel units, common circuit units, batteries, battery charger, and 
a ringing generator. In the other arrangement, the equipment for two 
SLC-40 systems may be mounted on a seven-foot frame in an equip-

*Trademark of the Western Electric Company. 
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ment hut, in a community dial office building, or at a customer 
premises. 

Central office and remote terminal equipment must be synchronized. 
A 41st channel is assigned to carry timing and maintenance informa
tion between terminals. The system can detect loss of synchronization 
within one millisecond and can correct such a condition within three 
milliseconds. 

As shown in Figure 3-10, the first repeater is placed about 3000 feet 
from the central office. Other repeaters are spaced about 6000 feet 
apart, the exact spacing depending on type of cable, gauge, number 
of systems on the route, and practical problems of land and right of 
way acquisition. The short spacing at the central office is provided to 
minimize impulse noise impairments that might result from switching 
transients. 

The SLC-40 system is provided with a protection line and automatic 
protection switching. One protection line may serve to protect two 
working lines where the remote terminal equipment is rack mounted. 
An alternative arrangement is available for rack mounting in which 
one protection line may protect 5 or 1 1  l ines. In some cases, patching 
is provided and a single protection line may serve more than two 
regular lines. 

Terminal Equipment. The 40 voice-frequency circuits of an SLC-40 
system are each connected at central office and remote terminals 
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through a channel unit. The channel signals are sampled, coded, and 
multiplexed by the multiplexer-demultiplexer common circuits to form 
a single 1.544 Mb/s pulse stream. The coding process is adaptive delta 
modulation, a differential pulse code modulation ( DPCM ) process 
which is a modified form of the PCM process used in the T-type 
carrier systems. The 1 .544 Mb/ s signal is processed in the l ine inter
face unit to form a bipolar 50-percent duty cycle signal suitable for 
transmission over a Tl-type transmission line. 

The SLM System. This system combines carrier and switching tech
niques to serve up to 80 station lines by the use of 24 multiplexed 
digital channels (the Tl line capability) on two nonloaded cable 
pairs [9] . The configuration and typical layout of an SLM system is 
shown in Figure 3-1 1.  A control terminal, located in the central office, 
contains most of the logic circuits that control switching and multi
plexing functions. At the control terminal, up to 80 switching machine 
line appearances may be connected to the SLM through a concentrator 
made up of 8 miniature crossbar switches. Each of the 24 channel 
connections is then applied to a channel modem which processes the 
signals for transmission. A channel signal is sampled at a rate of 
57.2 kb/s by a process called delta modulation ; each signal is time 
division multiplexed with various control and framing bits and with 
the signals from 23 other channels to form the 1.544 Mb/s line signal. 

4------ Control terminal ------+t 

To 
switching 
machine 

Figure 3-1 1 .  SLM system layout. 

Up to six 
remote terminals 

Up to 40 station 
lines each 

A maximum of 6 remote terminals may be placed as required along 
the cable up to 50 miles from the central office to interconnect with 
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individual station lines. Each remote terminal may serve up to a 
maximum of 40 lines. The total served at all remote terminals may 
not exceed the system capacity of 80 station lines. Switching at remote 
terminals is accomplished in channel pack modems by time division 
techniques. At any remote terminal, a given channel may be connected 
to any station line in accordance with control information carried by 
specified bits transmitted from the control terminal at the central 
office. When a connection is to be established, the next successive free 
channel is assigned to that connection. The assignment, as in any time 
division multiplex system, is accomplished by inserting the coded 
signal in preassigned time slots in the line bit stream. 

Service for one SLM system is provided over a single digital carrier 
line equipped in a manner similar to that of a Tl carrier line. How
ever, the format of the transmitted signal differs from that used in 
the Tl Carrier System. The line is looped at the remote termina1 
farthest from the central office so that both ends of the line are termi
nated at the control terminal in the central office. Thus, two cable 
pairs are used for one complete working SLM system. In addition, it 
is common practice to equip another complete line (two additional 
pairs ) to be used with an automatic switching arrangement as 
protection against equipment failure. 

Normally, pulse code modulation is used with time division multi
plexing of signals for transmission on Tl carrier lines. However, this 
mode of operation requires a substantial amount of common equip
ment which cannot be conveniently dispersed among the remote 
terminals of an SLM system. The delta modulation technique is used 
in SLM because it requires much less common equipment. 

Alerting, addressing, and supervisory signals of the SLM are coded 
into the line bit stream and are translated at the terminals to satisfy 
station set and switching machine signalling needs. Ringing signals 
from the central office are coded and transmitted to the remote termi
nals, each of which is equipped with a 20-Hz ringing signal generator. 
On-hook, off-hook, and dial pulse signals are recognized at the remote 
terminals and transmitted to the control terminal in the form of 
coded signalling bits. The system is capable of serving individual or 
2-party lines with operator or automatic number identification. It can 
also serve 4-party selective or semiselective lines and prepay coin 
lines. 
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3-3 TELEPHONE STATION EQU IPMENT 

The telephone station set accepts an acoustical signal from a talker 
and converts it to an electrical form suitable for transmission to a 
receiver which reverses the process at a distant point. The set is 
composed of a transmitter, a receiver, electrical networks to provide 
equalization and to control sidetone, a ringer, a rotary dial or 
TOUCH-TONE pad, and switch contacts having several functions. 

There are a large number of different designs of station sets in  
use. However, the majority are either 500-type sets or have equivalent 
circuits and transmission performance [10] . Although the discussion 
here concerns principally the characteristics and performance of the 
500-type station set, some special purpose sets are discussed briefly. 
In addition, some design details relating to party line operation are 
also considered. 

The 500-Type Telephone Station Set 

In a modern telephone transmitter, such as the 500-type, granules 
of carbon are held between two electrodes ; one is a cup which holds 
the granules and the other, a diaphragm. Varying sound pressure on 
the diaphragm changes the contact resistance between granules to 
modulate the direct current flowing between the electrodes, thereby 
translating the acoustic message into an electrical signal. Thus, the 
electrical signal magnitude is a function of acoustic pressure and the 
direct current flowing through the transmitter. In the telephone re
ceiver, the varying component of this current passes through a wind
ing positioned in the field of a permanent magnet. The resulting 
variations of the magnetic field cause the diaphragm to vibrate and 
generate sound waves corresponding to those delivered to the 
transmitter by the talker. 

The transmission circuit of the telephone set must separate the 
transmitter and receiver circuits so that the direct current in the 
transmitter is blocked from the receiver and the amount of speech 
signal in the receiver ( sidetone) is contr�Iled. Subjective tests have 
shown that some sidetone coupling between the transmitter and re
ceiver must be allowed. Too much sidetone causes the talker to lower 
his or her voice, thereby reducing the received volume at the distant 
end ; too little sidetone makes telephone conversation · seem unnatural 
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and tends to cause people to talk too loudly. The circuit used i n  the 
500D-type station set is shown in Figure 3-12. The three-winding 
transformer and the sidetone balancing network form an improved 
hybrid circuit which interconnects the transmitter and the reoeiver 
so that the interaction between them is controlled. Capacitors i n  the 
balancing network prevent the direct current flowing in the trans
mitter from appearing in the receiver. Improvements i n  sidetone con
trol were made necessary by increases i n  the efficiencies of the 
transmitter and receiver relative to sets of earlier design [11] . 

L1 St Ss , - - - - , I I I I I v. I I I 

Figure 3- 1 2. Schematic of 5000 station set. 

When the handset is removed from its mounting, switchhook con
tacts S1 and S2 are closed to connect the transmission elements of 
the set to the loop. Contact S3 doses when the station set is in the 
on-hook condition ; it short circuits the receiver to protect the listener 
from sharp transients that would be heard when contacts S1 and S2 
are operated. Removal of the handset allows direct current from the 
central office to pass through the transmitter and removes the short 
circuit from across the receiver. On the answering of an incoming 
call, the direct current actuates a circuit that disconnects the ringing 
signal at the central office (ring tripping) . Dial contact S5 interrupts 
the battery current to form the dial pulses required to control the 
central office equipment. Contact S6 short circuits the receiver during 
dialing to prevent dial pulses from being heard by the user. Other 
features of the circuit are a filter to suppress high-frequency inter-
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ference into radio sets caused by dial pulsing and a varistor, V3, to 
suppress clicks in the telephone receiver. 

To prevent excessive volumes on very short loops that would result 
from the improved overall performance of the 500-type station set, 
an equalizer that employs two varistors, shown in Figure 3-12 as 
V1 and V2, has been provided. This equalizer helps to solve the trans
mission problem resulting from the interdependence of the trans
mitting and receiving efficiencies and the wide range of operating 
current caused by the large variation in loop resistances. On long 
loops, the direct current from the central office battery supply is low 
and the resulting varistor impedances are high ; on short loops, the 
direct current is high and the varistor impedances are low. The result
ing changes in efficiency with loop current are conveniently expressed 
in terms of the change in conversion loss, i.e., the change in loss of 
converting acoustic to electric and electric to acoustic energy. Without 
an equalizer, the change in transmitting conversion loss is an inverse 
function of the loop current. Typically, the increase in loss is about 
6 dB for a decrease in line current from 80 to 20 milliamperes. This 
variation is reduced by the equalizer to about 4 dB. For the range of 
currents considered, the receiving loss is nearly constant when no 
equalizer is used. With the equalizer, the conversion loss increases 
with loop current. These conversion loss variations are illustrated in 
Figure 3-13. As the loop current increases, more current is shunted 
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Figure 3- 1 3. Relative conversion losses of a 500-type station set with equal izer. 
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through varistors Vt and V2 and a lower speech amplitude is delivered 
to the receiver. Thus, variations of transmitted and received speech 
volumes due to variations in loop loss are reduced. These volumes 
are highly variable in any case because of differences in customer 
talking habits and the manner in which the transmitter is held to 
the mouth. 

Varistors Vt and V2 serve an additional purpose. By a mechanism 
similar to the one described for the equalizing function, they com
pensate for differences in customer loop impedances which would 
otherwise tend to produce imbalance in the sidetone circuit. Imbalance 
can produce sidetone that is objectionably high or low. 

The asymmetry of transmitting and receiving efficiencies is cause 
for concern when large concentrations of customers are located near 
the resistance design limit. Although proliferation of such clusters 
throughout the DDD network and the attendant higher loop losses can 
cause substantially lower transmission quality, a small percentage of 
customers can be served satisfactorily under these conditions due 
to the equalizing nature of the receiver characteristic shown in 
Figure 3-13. However, low transmitted volume resulting from a long 
loop (high loss and low current) could result in poor received trans
mission quality. Thus, the probability of occurrence of this condition 
must be kept small. This probability has been controlled by the nature 
of the distribution of loop lengths and the conventional resistance, 
unigauge, and long route design plans. The impact of station set effi
ciency asymmetry on network transmission performance must be 
considered as the use of concentrators is expanded, central offices are 
consolidated, and the use of finer gauge cable pairs is increased. 

If the telephone station set is equipped for TOUCH-TONE signal
ling, additional circuits, not shown in Figure 3-12, are provided in 
the form of voice-frequency oscillators and pushbutton switches which 
connect the oscillators to the loop. By switch selection, two single
frequency signals are simultaneously transmitted for each digit. The 
oscillators generate the appropriate signals in accordance with 
resistance-capacitance or inductance-capacitance combinations con
nected by the switches. The oscillators are powered from a common 
battery supply in the central office ; thus, they too are sensitive to 
variations in loop current. These switches and oscillators replace that 
part of the circuitry of Figure 3-12 associated with the conventional 
rotary dial. 
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Other Station Set Types 

Many other telephone station sets and associated circuits are 
available with transmission performance corresponding closely to 
that of the 500-type set [12] . These include the PRINCESS® and 
TRIMLINE® telephones, many coin station sets, and the telephone 
circuits of key sets and DATA-PHONE data sets. In addition, 
a number of decorative models called DESIGN LINE® telephones 
are also available and have similar transmission performance 
characteristics. 

Some types of telephones are designed to meet special needs, such 
as operation in  a potentially ·explosive atmosphere or in an area of 
high ambient noise. Wherever possible, these are also designed to 
have transmission characteristics similar to those of the 500-type 
station sets. Several sets, designed to aid the handicapped, depart 
from the 500-type characteristics significantly. Such sets may have 
amplifiers in the receiver circuits for the hard of hearing or amplifiers 
in the transmitter circuits for us·ers with weak speech. 

Modern operator headsets and a new handset, primarily for use in 
zone 36 of the long route design plan, depart in a number of ways 
from the 500-type [ 13, 14] . They employ microphones based on elec
tromagnetic principles rather than the carbon granule resistance 
modulation principle. In fact, the design principles of the microphone 
and receiver are similar and differ only in detail. Amplifiers are used 
in both transmitting and receiving circuits to provide approximately 
3-dB gain in each direction relative to 500-type set performance. 

In many cases, operator headset circuits must be designed to suit 
the characteristics of the trunks with which they are associated. These 
circuits must take into account the transmitting and receiving gains 
in each particular application so that grade-of-service objectives are 
met. SpeciaL consideration must also be given to the sidetone perfor
mance of the C'ircuit and headset [15] . 

Ringing Considerations 

An incoming call is usually indicated by an alterting signal in the 
form of a ringing bell. The ringing is accomplished by transmitting 
an ac signal at a nominal frequency of 20-Hz over the loop from the 
central office to the telephone station. The ringing cycle of two seconds 
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on and four seconds off is initiated by switching machine circuits 
which connect a source of ringing signals to the called loop.*  When 
the called station is answered, the signal source is disconnected. This 
action, called ring tripping, is performed in modern systems whether 
a call is answered during a ringing or silent interval. This is accom
plished by superimposing the ac ringing current on a de current 
compontnt used for ring tripping. 

The ringing function is made complex by the many variations in 
loop lengths and electrical characteristics and by the need to satisfy 
a wide range of service requirements, such as multiple ringers and 
party lines. The imbalance of loop impedances to ground that may be 
caused by party line ringer connections can produce excessive noise 
due to induced longitudinal currents. In addition, coupling of ringers 
to the loop can have adverse effects on dial pulse signals. These effects 
must both be controlled. 

Party line ringing may be full selective, coded semiselective, or 
coded. Two-party lines are always full selective in that the bell is 
rung only at the intended station set. Four-party service may also 
be full selective but is often semiselective ; where semiselective, two 
station sets are rung with the distinction between the two indicated 
by some form of ringing code. Eight-party service is usually semi
selective and 10-party to 20-party services are always furnished by 
coded ringing only. 

The design of station set ringing circuits must avoid such ringing 
impairments as bell tap, an intermittent ringing of the bell that can 
occur during dialing, and cross ring, a brief ringing of the bell on an 
uncalled party line that can occur when a called party on the same 
line answers an incoming call. Some circuits designed to avoid these 
impairments can introduce another problem called pretripping, the 
unwanted tripping of the ringing signal before the call is actually 
answered. This can be avoided by providing adequate design margin. 

Circu it Design Features. Each ringer is connected in series with a 
coupling device either between the loop conductors or between one 
conductor and ground as shown in Figure 3-14. The coupling device 
may be a capacitor, a relay, or an electronic circuit utilizing electron 
tubes, diodes, or transistors. The coupling device provides a trans-

*Other ringing cycles, such as one second on, three seconds off, are also used . 
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mission path to the ringer for the 20-Hz ringing current and, simul
taneously, prevents de from passing through the ringer coils which 
would interfere with the supervisory signalling function. 

Capacitors are most commonly used to couple ringers to the loops. 
Capacitors in the range of 0 .4 to 0 .52 JLF are used with ringers that 
have a total coil resistance of 2500 ohms or more. For ringers of 
lower resistance, no longer manufactured though many are still in 
service, capacitors of 0 .1  or 0.2 JLF are used. The series circuit made 
up of the coupling capacitance and the ringer coil inductance forms 
a 20-Hz series resonant circuit that allows the ringer to operate 
efficiently at 20 Hz but to present a high impedance at 60 Hz. 

As previously mentioned, the 20-Hz ac ringing signal is superim
posed on a de voltage which may be of either polarity. The com
posite ac-dc signal may be applied between the two loop conductors 

Tip Tip 

Rin!J Ring 

(a) Individual line ringing (b) Two-party full selective grounded ringing 

Party 2 Party 4 

Tip 

(c) Four-party grounded ringing 

Figure 3- 1 4. Typical station ringer connections. 
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or between one loop conductor and ground. The four combinations of 
de polarity and conductor selection provide the flexibility required 
for 4-party full selective ringing and for 8-party semiselective ringing. 
The de component of the ringing signal is also used to operate central 
office relays required for ring tripping. 

In the 500-type station set, the usual ringer consists of two bells 
with a striker between them. The striker is attached to a nonmag
netized steel armature which is pivoted at one end. The other end is 
free to oscillate between the two poles of an electromagnet that is 
energized when ac is passed through the coil. The oscillation of the 
armature causes the striker to hit the bells. The armature is normally 
held against one pole of the electromagnet by a permanent biasing 
magnet. This arrangement provides for ringer operation on the posi
tive half-cycles of the 20-Hz ringing signals and prevents bell tap 
due to line transients. An adj ustable spring provides for further 
biasing of the armature. Weak or stiff spring tension, provided by 
inserting the spring in appropriate notches, may be used to control 
the sensitivity of the ringer. For 2-party service, the spring is placed 
in the stiff tension position to prevent cross ring. The ringer circuits 
are designed to permit up to five ringers to be bridged across a loop 
or to be connected between each side of the loop and ground. 

The ringer coil may consist of two windings or a tapped single 
winding. These arrangements are combined with switch-hook contacts 
so that in the off-hook condition the ac connection to the ringer is 
broken and a connection is established from ground through a part 
of the ringer winding (which has a high impedance at speech signal 
frequencies) to the loop conductors. This arrangement is used to 
provide the central office with a means for automatic identification 
of the station connected to the tip side of a 2-party loop. 

In special cases, the alerting signal is other than a ringing bell .  
For these cases, ring-up circuits are available to respond to the ac 
signal and to produce the necessary alerting signal . 

Coupling Devices. A ringer is  normally connected in series with a 
coupling device across the loop conductors as shown in the left-hand 
sketch of Figure 3-14 (a) . Occasionally, the connection is made 
from one loop conductor to ground as in the right-hand sketch of 
Figure 3-14 ( a ) . This arrangement can be used to extend the ringing 
range since the resistance of only one loop conductor is in the circuit ; 
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it also allows the bell to be rung when the station set is inadvertantly 
left in the off-hook condition. Figures 3-14 (b)  and 3-14 (c)  are illu
strative of 2- and 4-party line connections. The 4-party configuration 
of Figure 3-14 (c)  may be semiselective or, where the de component 
of the ringing current is reversible, it may be full selective. Many 
other arrangements are used, e.g., for 8-party semiselective ringing 
and for 10- or 20-party coded ringing. 

Two-party line coupling devices commonly us,e capacitors as for 
individual line ringing. The ringing circuit for one station, called 
the ring station or ring party, is connected between the ring side of 
the line and ground. The tip party ringing circuit is connected be
tween the tip side of the line and ground. Since neither station re
sponds to ringing signals intended for the other, the arrangement is 
full selective. 

Ringing Range Extension. There are many factors that affect the dis
tance over which telephone ringers can be successfully operated. 
These include the ringing voltage, the sensitivity, number, and loca
tions of ringers connected on a loop, the impedances and other design 
characteristics of ringers and coupling circuits, and the electrical 
characteristics of the loop. 

One method of extending the ringing range is to use a coupling 
circuit which avoids unbalanced impedances from loop conductors to 
ground. This imbalance results in induced noise on party-line arrange
ments. This type of limit, not truly a ringing range limit, is closely 
related to ringer coupling circuit design ; it may be overcome by the 
use of a coupling circuit that effectively isolates the ringer ( s )  from the 
line except when ringing current is applied. This is accomplished by 
using electron tubes or solid-state devices. Figure 3-15 illustrates the 
application of an isolator circuit that contains silicon controlled recti
fiers ( SCR 1 and 2) which break down upon application of ringing 
current (to the ring side conductor in this illustration ) . The ringing 
current is thus passed to the ringer circuit. 

Another form of coupling device is the range extender shown in 
Figure 3-16 which illustrates 4-party full selective or 8-party semi
selective operation. This circuit, which performs functions similar to 
those of Figure 3-15, acts as a voltage controlled switch that connects 
a :ringer to the loop when the proper amplitude and polarity of a 
composite ac-dc ringing signal is applied. The circuit utilizes a silicon 
controlled rectifier and two solid-state diodes. The field of application 

TCI Library: www.telephonecollectors.info



98 

Ring 

Tip 

GRD 

Ringer 

� - - , 
I I 
I I 
I 
I 
I 
I 
I I 
L _ _  _j 

Loca l P la nt Faci l ities 

r -
1 I 

SCR 1 

Vol.  2 

-
Ri� is�or

- - l 

SCR 2 

L _ _ _ _ _ _ _ _ _ _ _j 
Figure 3- 1 5. Typical connection of ringer isolator (ring party). 

is somewhat more restricted than that for the circuit of Figure 3-15 
since the de current component can cause pretripping. One range 
extender must be used at each station set involved. 

Figure 3-17 shows a third circuit that uses diodes, silicon controlled 
rectifiers, and a transistor to provide range extension and ring.er iso
lation. The circuit is connected to respond to a negative de voltage 
on the ring conductor. Other connections can be made for positive 
voltage on the ring side and negative or positive voltage on the tip 
side of the line. This circuit is somewhat more complex than the pre
vious two but is designed so that only one extender is required for 
each party instead of one for each station. It is the most flexible of 
the three circuits since it may be used on long or short loops for ringer 
isolation and on long loops for range extension. It can provide 4-party 
full selective ringing and it can be used with ringers adjusted for 
weak spring tension. There is no pretripping because no direct current 
is transmitted. 
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Local Plant Facilities 

Chapter 4 

Voice-Frequency Trunk Facilit ies 

Network trunks, the uses they fulfill, and the transmission require
ments they must meet in order to operate properly in telecommunica
tions networks may be considered separately from the physical 
facilities that must be provided [1] . These facilities include trans
mission media ( open-wire lines, cable pairs, or carrier system chan
nels) and central office or remotely mounted transmission equipment. 
Voice-frequency trunks use various types of loaded and non1oaded 
cable pairs almost exclusively. 

Voice-frequency trunk transmission equipment provides amplifica
tion, impedance matching, equalization, suppression of echoes, and 
interface circuitry between voice-frequency and carrier-frequency 
channels. A number of types of hybrid metallic facility terminal 
(MFT) or negative impedance ( E-type) repeaters are used for gain, 
impedance matching, and equalization of two-wire trunks. The most 
common of these is the solid-state E6 repeater which has found many 
applications throughout the voice-frequency plant. 

For four-wire circuits and for interface applications between two
wire and four-wire circuits, V -type or MFT repeaters are most com
monly used. These repeaters can provide amplification, impedance 
matching, and equalization in voice-frequency circuits including 
trunks and many special services circuits. 

The MFTs are the latest equipment designs available for these ap
plications. A wide variety of circuit needs can be fulfilled by this type 
of equipment in a very efficient manner. They are used for all-voice
frequency applications to provide two- and four-wire repeater and 
interface capabilities. 

1 02 
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Analog facility terminals and digital facility terminals are used to 
provide interfaces between voice-frequency and carrier-frequency 
channels. Facility terminal equipment is available for two-wire or 
four-wire circuits and for interfaces between two- and four-wire 
circuits. 

Trunks are designed to perform satisfactorily in many different 
switched network positions some of which require the use of echo 
suppressors. Several types of echo suppressors, equipped with en
abling and disabling features that must be used to permit the trans
mission of certain types of data signals, are available. 

4- 1 TRANSMISSION CONSIDERATIONS 

A switched network must satisfy simultaneously a number of 
transmission objectives in  order to assure generally satisfactory com
munication. The objectives include those relating to impairments such 
as noise and crosstalk and those relating to l oss and echo. Keeping 
noise at acceptable values requires longitudinal balance of i nside and 
outside plant, good cable shielding, and signal amplitudes that ensure 
adequate signal-to-noise ratios. Controlling crosstalk requires strict 
control of level point differences that occur in groups of cable pairs. 
Meeting the echo objectives requires a good impedance match between 
lines and repeaters and low enough loss for good received volume but 
not so l ow that echo or near-singing becomes annoying. 

Although nearly all connections that involve voice-frequency trans
mission exclusively are short enough so that echo is no problem, most 
long connections include voice-frequency end links. Since echoes pro
duced in these end links cannot be elimin ated, they must be controlled 
by maximizing the structural return loss in cable pairs. It is also 
important that all other voice-frequency facilities and equipment be 
kept as free as possible of echo-producing reflections. It is clear that 
an echo from a distant terminal may be attenuated by an increase in 
net loss. However, this is not practicable in individual connections 
since net loss cannot be adjusted for each built-up connection as a 
function of echo ; each link must have an assigned loss, dependent 
upon delay, that limits echoes i n  that link to allocated values. Loss 
and echo are controlled by the via net loss (VNL) design of the 
network [2] . 

Initially, loading was the only economical means for reducing at
tenuation in cable pairs and, by modern standards, load-coil spacing 
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was kept reasonably long and inductance quite high. A number of 
loading systems evolved but the H88 system ultimately became the 
most commonly used. It combines a reasonably long spacing with ac
ceptably low attenuation and its passband in local cable (where 
capacitance is 0.083 JLF ;mile) is only slightly narrower than that 
achieved in channels of widely used carrier systems. 

Loading makes attenuation of a cable pair more uniform through
out the passband but still introduces attenuation/frequency distortion 
sufficient to require equalization · in trunks or lines long enough to 
need gain. The equalization serves two purposes : ( 1 )  it provides 
naturalness in the transmitted speech and (2 )  it prevents instability 
of the facil ity at frequencies where echoes would otherwise cause 
singing or near-singing. The apparatus needed for equalization is in
corporated in modern voice-frequency repeaters. A repeater is com
monly understood to mean a two-way amplifier and the ancillary 
equipment needed to support its operation. 

Modern repeaters are the result of continued efforts to reduce cost, 
size, and power requirements and to group in one assembly as much 
as possible of the equipment needed at any given location. Early de
signs of repeaters depended on electron tube amplifiers requiring two 
sources of power, one for the filament or heater ( usually 24 or 48 
volts ) and the other for the plate ( usually 130 volts ) .  The invention 
and development of the transistor reduced the power requirements to 
the type of supply common in most local central offices for switching 
and signalling. The use of transistors and advances in the designs 
of capacitors, inductors, and transformers have contributed materially 
to the reduction of repeater size and cost. 

The development of economical repeaters has resulted in significant 
improvement in transmission on local trunks and special services 
circuits and has saved materially on cable costs by permitting the use 
of finer-gauge wires. These efforts led to the design of the negative 
impedance E6 repeater for two-wire circuits, the V 4 repeater for 
four-wire circuits, and the subsequent integrated circuit designs in 
the various types of MFT equipment. 

4-2 NEGATIVE IMPEDANCE REPEATERS 

The provision of gain for both directions of transmission in a 
two-wire transmission circuit is a complex problem accentuated in 
typical telephone circuits by variabilities in circuit losses and im-
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pedances and the necessity for providing margin against singing and 
near-singing. A common solution is the 2-way repeater that operates 
on the basis of introducing negative impedance in the two-wire 
line [3, 4] . These repeaters are generically designated as exchange or 
E-type repeaters. Some older versions which utilize electron tube 
circuits are still in use but the most common type is the solid-state 
E6 repeater [5] . Negative impedance repeaters are currently being 
superseded by the more flexible MFTs. 

Repeater Design 

The gain unit of the E6 repeater uses two solid-state active ele
ments (series and shunt) that work in combination as negative im
pedances to provide gain in both directions of transmission. They are 
oriented somewhat like the elements of an attenuation pad with re
spect to the transmission path to facilitate the image impedance 
design of the repeater. To promote stability of the circuit under the 
widely varying impedance conditions encountered in normal service, 
the series element is designed to be open-circuit-stable and the shunt 
element is designed to be short-circuit-stable. In order to- achieve 
longitudinal balance and to provide a low-resistance de path for 
signalling and supervisory currents (not provided in early repeater 
types) ,  the two elements are transformer-coupled to the cable pair 
and the shunt path contains a blocking capacitor, as shown in 
Figure 4-1. 

The line build-out ( LBO ) networks shown in the figure serve to 
match the line impedance to the image impedance of the repeater. 
When the E6 is used as an intermediate repeater, two LBO networks 
are needed ; when it is used as a terminal repeater, the LBO position 
on the terminal side is equipped with a small dummy network which 
is electrically transparent and serves only to make metallic connection 
between the gain unit and other equipment in the central office. In 
some special services applications, the dummy network may be re
placed by a range extension unit. 

A completely assembled E6 repeater is approximately 3-1/2 inches 
wide, 3-1/2 inches high, and 10 inches deep. Shelf mountings are 
arranged to accommodate six repeaters. The gain unit and networks 
are assembled in the repeater by sliding them from the front and back 
ends of the extruded aluminum case along internal rails that guide 
the units to appropriate connector points ; screw-down connectors are 
used to complete the interunit electrical connections. The overall as-
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Figure 4- 1 .  Block diagram of an E6 repeater. 
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sembly makes electrical connections to the mounting shelf wiring by 
plug-in connector arrangements. Each repeater dissipates about 1 .5 
watts supplied by the standard 48-volt office battery. 

Gain 

The circuit of the E6 gain unit is shown in Figure 4-2. The ga;in
control networks, N, shown at the right-hand side of the circuit are 
adj ustable in a series of binary-scaled steps by means of screw-type 
switches that are accessible only when the repeater is not plugged 
into the shelf. The adjustments for the series and shunt units are 
coordinated according to tables designed to keep the image impedance 
constant as the gain is  changed. Steps of 0 .1  dB are specified and the 
maximum possible gain is 13.3 dB. The gain must compensate for 
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equalizing and impedance matching network (LBO ) losses as well as 
for cable pair loss. Since E6 repeaters are used on short-haul circuits, 
the changes in that loss with temperature are normally small and no 
gain regulation is provided. The loss changes that may occur must be 
considered in the overall design of circuits that utilize the E6 repeater. 
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figure 4-2. Schematic of an E6 repeater. 
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Impeda nce Relationsh ips 

Satisfactory echo and stability performance of negative impedance 
repeaters is largely dependent on meeting stringent requirements on 
impedance relationships. The required impedance match is achieved 
by the use of LBO networks and impedance compensators. 

A family of networks, coded as the 830-type, has been designed to 
match the impedance of loaded and nonloaded cable pairs to the gain 
unit of the E6 repeater, nominally 900 ohms resistive. It was not 
practicable to incorporate in a single LBO network enough com
ponents and switches to permit adj usting it to match a variety of 
loading systems with different cutoff frequencies and impedances. It 
was also not practicable to manufacture a different network for each 
of three gauges of loaded cable pairs. A compromise was reached by 
designing a network for each loading system and to provide adj ust
ments for cable gauge in each one. A similar plan was followed for 
the nonloaded-cable LBO networks. In addition to impedance match
ing, all the networks provide some attenuation/frequency equalization 
generally required for nonloaded cable. 

Most of these networks have conventionally adj usted elements, such 
as potentiometers and screw-type switches which are used to connect 
and disconnect resistors, capacitors, inductors, or lattice networks. 
The element interconnections, which determine the impedance charac
teristics of the network, are selected according to printed instructions 
to meet the requirements of cable pair gauge and location and the 
location of the repeater at an intermediate or terminal point in the 
trunk. The 830D network, used for high-impedance ( 6800 ohms ) 
bridging on TSPS trunks, has no adjustments. The 830F network, 
also nonadjustable, is used on the terminal side of a terminal repeater 
for delay equalization where required. The 830C network, used for 
matching an E6 repeater impedance to that of a 22-, 24-, or 26-gauge 
nonloaded cable pair, supplies partial equalization but requires the 
use of an impedance compensator ( 837D-type network) at the non
repeatered end of the pair for complementary equalization. The 830E 
network performs an equalization function similar to that of the 
830C and the 837D networks combined ; it is used only when terminal 
balance requirements do not apply at the distant end. Other 837 -type 
impedance compensators are available to match cable pair to office 
impedances where good terminal balance is required at the1 non
repeatered end. 
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The previously mentioned networks for loaded cable include series 
build-out resistance ( BOR ) and shunt build-out capacitance ( BOC ) 
adjustments for building out adjacent sections to the optimum equiva
lent length for impedance matching. They also contain high-frequency 
correction ( HFC ) and low-frequency correction (LFC ) networks. 
Figure 4-3 shows the LBO circuit for H88 loaded cable facilities. 

Disablers 

Repeater gains must be limited to provide margin against singing 
at all times whether facilities are in use or idle. In some cases, a 
repeater disabler may be used to remove the power supply ground of 
an E6 repeater when a repeatered trunk is idle and to reconnect it  
whenever the trunk is seized. While disablers are usually not required 
on switched network trunks that are designed to 3-dB loss or more, 
they may be required for E6 repeaters on special services lines or 
trunks that include intermediate dial long line equipment since such 
equipment reduces return loss during dialing and can cause singing 
during dial pulse break intervals. Disablers can be adj usted to operate 
and release in response to various values of direct current. Where re
quired, an older relay-type disabler is plugged into a separate shelf 
immediately below the E6 it serves. Built-in electronic disablers are 
also in common use. 

Appl ications 

In most applications, E6 repeaters are mounted in the central 
office where standard 48-volt de power supplies may be used. The 
design has also been adapted for mounting in the outside plant where 
power must be supplied from a central office over separate pairs 
dedicated to that purpose. 

Repeater gain must be carefully limited so that overload, crosstalk, 
and stability requirements are not exceeded. Generally, the gain of re
peaters located at the terminal end of a trunk is l imited to about 6.5 
dB gain while at intermediate points, the gain is limited to about 
12 dB. In all cases, computations should be made of the achievable 
return loss at the terminals of the gain unit to be sure that stabi lity 
margins are adequate. 

4-3 FOUR-WIRE V-TYPE REPEATERS 

Where voice-frequency trunks or special services circuits have 
too much loss for two-wire repeaters or where structural return 
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losses of cable pairs are too low to support two-wire circuits, four
wire operation may be employed. In addition, all trunks designed to 
meet via net loss requirements must also be four-wire. In a four-wire 
section, amplifier-type repeaters pass signals in the desired direction 
but prevent echoes that arise between amplifiers from reaching the 
talker or listener and from creating circuit instability. Amplification 
for four-wire circuits is provided by units of the V 4 repeater family 
and of the MFT repeaters of similar design. 

Equipment Arra ngements 

A V 4 repeater consists of a mounting shelf and a number of plug-in 
units designed to provide most of the transmission equipment needed 
for one circuit at a given office. The repeater may be mounted in a 
central office or at customer premises. Cross-connections, needed 
between units of older equipment grouped according to function in 
different parts of a central office, are not needed for the V 4 repeaters. 
All connections are made permanently at the factory between sockets 
on the mounting shelf and the required units are plugged into the 
sockets. 

There are two major types of V 4 repeater shelves. The 24V 4 re
peater provides gain for each direction of transmission in the four
wire branches at a four-wire to two-wire interface. It is typically 
used at a trunk terminal or customer premises where two-wire switch
ing is used but four-wire cable facilities are required. The amplifiers 
are always in the four-wire part of the repeater. The 44V4 repeater 
is a four-wire repeater that provides gain separately in each direction 
of a four-wire circuit. Block diagrams of these two repeaters are 
shown in Figures 4-4 and 4-5. Shelf configurations for various re
peater types are given in Figure 4-6. This type of equipment may also 
be used for mounting a number of miscellaneous items such as four
wire terminating sets, 227 -type amplifiers, pads, and various net
works. A test jack field is usually included in each shelf. 

There are many possible combinations of equipment units that may 
be plugged into V 4 shelves. The proper combinations are usually de
termined by the type of service required and the type of cable facilities 
used. Since it is not practicable to provide schematics showing all 
workable combinations, special drawings are provided which consist 
of a large schematic for each V 4 shelf and a smaller one for each 
plug-in unit. Several areas on the shelf schematics are left blank for 
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Figure 4-4. Block diagram of 24V4 repeater. 
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the appropriate plug-in unit schematics. Shelf wiring to the plug-in 
sockets is shown terminating at the edges of the blank areas. When 
the proper plug-in unit schematics are plac,ed in those areas, the unit 
wiring meets that of the shelves to complete the desired transmission 
path. 

Another variety of repeater, called the 424V4, is available for use 
on four-wire operator trunks associated with the Traffic Service 
Position System ( TSPS) No. 1. This repeater utilizes the same design 
principle as do the 24V 4 and 44V 4 in that a single shelf design is 
coordinated with a combination of plug-in units required with the 
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TYPE OF REPEATER SHELF 
CONFIGURATION 

24V4A, 8 24V4C 24V4D 44V4A, 8 

Repeaters per shelf 1 1 1 2 

UNITS PER REPEATER 

1-type terminating 
set or 4182-type 1 1 1 -

network 

227-type amplifier 
2 2 2 2 

or 849-type network 

359-type equalizer 1 1 1 2 

434A plug - 0 or 1 0 or 1 -

4066-type network - 0, 1, or 2 0, 1, or 2 -

648A filter - 0 or 1 0 or 1 -

Relay for bypassing 
repeater lacking - - 1 -

emergency power 

Figure 4-6. Shelf configurations for V4 repeaters. 

TSPS. Most frequently used are four-wire terminating sets, amplifiers 
( or connect-through dummy networks or pads where amplification i s  
not required) , and relay units which provide suitable interconnection 
with signalling equipment. This repeater is being replaced by a newly 
designed bridging arrangement ; there are significant numbers of 
424V 4 repeaters now operating in TSPS systems. 

Amplifiers 

The 227 -type amplifiers used in V 4 repeaters are solid-state, two
stage circuits with negative feedback. The maximum gain of these 
amplifiers is about 36 dB. Selection of one of three slightly overlapping 
gain ranges is made as a coarse adjustment by means of screwtype 
switches ; a fine adjustment within each range is made by means of a 
potentiometer with calibration marks of about 1 dB. Precise gains 
can be achieved with the aid of measuring sets. Each amplifier re
quires approximately 1/2 watt from a noise filtered, regulated, 24-volt 
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power supply. A regulated 48-volt supply may be used with the current 
fed through a 1400-ohm resistor to reduce the supply to 24 volts. 

Automatic gain regulation to compensate for temperature-induced 
variations in cable loss is not provided. Since V 4 repeaters can be 
equipped with adjustable equalizers, they can be used on longer trunks 
than can E6 repeaters ; however, some repeatered facilities may have 
enough loss and annual temperature range to require seasonal ad
justment of gains in order to avoid instability at low temperatures. 
The alternative to making such adjustments would be to operate the 
repeatered facilities at higher average losses than permitted by the 
objectives. 

The input and output circuits of 227 -type amplifiers contain 
coupling transformers that have multiple windings with several con
nection options. Center taps provide simplex leads for de signalling 
over the cable ·conductors. Other optional connections may be made 
so that the impedance presented at the input or output is nominally 
600 or 1200 ohms to match central office or H88 loaded line impedances 
respectively. For special applications, input and output impedances 
of 1 50 or 300 ohms can also be obtained. 

Figure 4-7 provides a summary of 227 -type amplifier characteristics 
and features. The 227 A and 227B amplifiers are identical except that 
the 227B design was provided with diodes for protection from damage 
by voltages induced by lightning or power-line faults. For data serv
ices, it is desirable to provide amplifiers with less low-frequency delay 
distortion than that of the 227A and the 227B. The 227C and 227D 
amplifiers provide l ess delay distortion and have been recommended 
for use on data circuits. As a side effect of the improved delay char
acteristic, the flat-gain range is extended from 0.3 kHz to about 
0.1 kHz. Many types of data signals are subject to errors produced 
by impulse noise and the susceptibility to this  impairment has been 
reduced in the 227D, E, and F amplifiers. The 227 A, B, and C 
amplifiers are no longer manufactured but many are still in use where 
their characteristics are adequate. 

The jacks and plugs of the V 4 shelves and plug-in units are wired 
in such a way that a four-wire terminating set is always connected 
to the 600-ohm ports of the amplifiers. An equaUzer for nonloaded 
facilities is also connected to the 600-ohm amplifier ports. An equalizer 
for loaded facilities is always connected to the 1200-ohm input of the 
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H IGH-VOLTAGE 
REDUCED DELAY LOW SUSCEPTI- RANGE OF 

AMPLI FIER 
PROTECTION 

DISTORTION AT BILITY TO IM- FLAT GAI N, 
LOW FREQUENCY PULSE NOISE kHz 

227A No No No 0.3-10 

227B Yes No No 0.3-10 

227C Yes Yes No 0.1-10 

227D Yes Yes Yes 0.1-10 

227E No No Yes 0.3-10 

227F Yes No Yes 0 .3-10 

figure 4-7. Characteristics and features of 227-type amplifiers. 

amplifier on the receiving side of the line and to the 1200-ohm output 
of the amplifier transmitting in the opposite direction. The 1200-ohm 
impedances are a compromise between the minimum impedance of 
H88-loaded facilities i n  midband and the impedance at the lower and 
upper edges of the transmitted band. 

Where no gain is needed, an 849-type network may be used eco
nomically in place of an amplifier to provide continuity for the voice
frequency and signalling circuits. Each network is provided with a 
socket for an 89-type resistor (plug-in pad modifier) which is required 
for control of loss through the amplifier position. 

Equa l izers 

Equalizers promote stability and compensate for attenuation; 
frequency distortion in transmission circuits. A wide variety of equal
izers is used with V 4 repeaters to equal1ize loaded and nonloaded cable 
pairs. These equalizers, the 359 type, include several codes which are 
dummy units provided for strap-through connections where equaliza
tion is not required. The 359A, the most commonly used unit, equalizes 
H88 loaded cable. Its features illustrate overall design principles of 
the 359-type equalizers. 

The frequency-sensitive part of the 359A equalizer for loaded cable 
is applied at the input to the 227 -type amplifier to compensate for 
attenuation/frequency distortion in the preceding line section. The 
equalizer has low-frequency and high-frequency sections, as shown in 
Figure 4-8. The low-frequency section, in series with the line, has 
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a loss characteristic that increases inversely with frequency to com
pensate for the opposite trend in the line. It consists of a variable 
capacitor ( CLF)  and a variable resistor · ( RLF) connected in parallel ; 
both are adjustable in  steps for length and gauge of cable pairs. The 
high-frequency section is an antiresonant circuit precisely tuned 
slightly above 3000 Hz and connected in shunt with the line. The 
bridging loss is minimal at the tuned frequency and increases above 
and below that frequency. Adjustment for length and gauge of facility 
is accomplished by means of a step-adjustable resistor ( RHF) in series 
with the antiresonant circuit. Figure 4-9 shows loss;frequency charac
teristics for several adj ustments of the equalizer elements. The use of 
this equalizer is recommended to increase circuit stability as well as 
to provide equalization. 

To 
line 

'�----------�' 
Low-frequency 
section 

Transmission----+ 

Figure 4-8. Schematic of 359A equalizer. 

High
frequency 
section 

To 
AMPL 
input 

The 359-type equalizers for nonloaded cable applications are 
made up primarily of repeating coils. For short repeater sections, 
600 : 600.ohm coils are placed at both ends ; for intermediate length, 
600 : 600-ohm coils are placed at one end and 600 : 1 50-ohm. coils at the 
other ;  and for longer lengths, 600 : 1 50-ohm coils are placed at both 
ends. The equalizing action results from a combination of the natural 
low-frequency roll-off of repeating coils and the impedance mismatch 
between the line and coil. Both effects become more pronounced as 
frequency decreases and thus they tend to compensate for decreasing 
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Figure 4-9. Typical loss curves of 359A equalizer. 
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attenuation in the cable pairs. The effects are greater in the 
600 : 1 50-ohm coils. It has not been practicable to design equalizers for 
loaded and nonloaded facilities in the same repeater section. Where 
both types of facility must be used, a repeater should be placed 
between the two. 

Dummy units are used when the amplifiers are connected to 600-ohm 
equipment in the same central office and also for short repeater sec
tions. They provide electrical continuity and have no other function. 
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Four-Wire Terminating Sets 

Several designs of terminating sets have evolved to satisfy various 
24V4-type repeater requirements. Each terminating set includes the 
hybrid transformers necessary for achieving the transition from two
wire to four-wire operation, a compromise network for balancing the 
impedance facing the two-wire port, a network building-out capacitor 
( NBOC) adjustable in fine steps, impedance-correcting networks for 
the four-wire ports, and reversing switches for aligning the polarities 
of simplex leads. Some sets have inductors in the de signalling leads 
to prevent the circuit from noticeably affecting the impedance at the 
two-wire port, to block noise picked up in the simplex path formed 
by the two pairs in the four-wire section from reaching the two-wire 
ports, and to prevent voice transmission via the simplex path. Such 
undesired transmission could combine, in various phase relations, with 
the desired transmission via the voice-signal path to r·esult in unde
sirably irregular attenuation/frequency characteristics. The signalling 
path inductors must not have enough inductance to impair signalling 
appreciably but must have enough to block voice transmission. 
Figure 4-10 illustrates some of the features of 1-type terminating sets. 

2-wire 
line 

Pad 

Pad 

� A � 

Y � � 

Figure 4- 1 0. Schematic of 1 -type terminating set. 

4-wire 
line 

Balancing Networks. Precision balancing networks ( 4066-type) are 
available for loaded and nonloaded cable pairs. The networks for 
loaded and one for nonloaded pairs simulate an infinite length of line 
and have only one port. Two of the networks for nonloaded pairs are 
adjustable for simula+,ing different line lengths and have two ports. 
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The two-port networks are generally used for balancing subscriber 
loops. A build-out capacitor for a 4066-type network is available in 
each 1-type terminating set and is automatically connected to the 
network when both are plugged into a 24V 4C shelf. 

Resistance Pads. Transmission l·evel points may be adj usted at each 
of the four-wire ports of many terminating sets. The adjustment is 
made by inserting appropriate values of 89-type resistors in 1 C  pad 
sockets provided in the four-wire legs. The resistors are assembled 
as plug-in devices each containing three resistors and six prongs for 
connections in the socket. In combination with resistors that are 
factory-wired to the 1C sockets, the plug-in resistors form 600-ohm 
H-pads. Loss values are provided in steps of 0.25 dB from zero loss 
upward over a wide range. 

Four-Wire Extension Networks 

A 4182-type network may be used instead of a 1-type terminating 
set and mounted in the same position in a V 4 shelf. The main function 
of the network is to permit extending a line or trunk from a carrier 
terminal or four-wire facility to customer premises or a central-office 
switching machine on four-wire rather than two-wire cable facilities. 
All 4182-type networks provide transmission ievel point control 
through suitable choice of 89-type plug-in resistors. Other provisions, 
found in specific designs, include the derivation of simplex leads for 
signalling purposes, transform·ers with adj ustable impedance ratio for 
matching purposes or for equalization of nonloaded cable pairs, and 
adj ustable H88 loaded cable pair equalizers. 

When a 4182-type network is used in place of a 1-type terminating 
set in a 24V 4A repeater shelf, the repeater becomes the equivalent of 
a 44 V 4A repeater if the leads that normally connect a precision 
balancing network to the 24V4A repeater have been provided. These 
leads are used to provide a second path to the four-wire extension. 
Where these leads are not available, the 4182-type network cannot be 
used. Although the 4182-type networks permit use of a 24V 4 repeater 
as a 44V4 repeater, it should be recognized that such use is wasteful 
of shelf space, since one shelf accommodates two 44V4 repeaters but 
only one 24V4. 

Where no level point control, equalization, or signalling provisions 
are required, a dummy unit, the 437 A, can be plugged into the termi
nating set socket of a 24V 4-type repeater shelf to establish simple 
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four-wire electrical continuity through the terminating set position. 
The plug contains no equipment ; it is used to connect the amplifiers 
to two four-wire pairs on what is normally the two-wire side of the 
repeater. 

low-Pass Fi lter 

In order to prevent singing and near-singing, a low-pass filter may 
be necessary in a four-wire section operated at a net gain between 
two two-wire circuits and extended in a two-wire section on at least 
one end. The 648A is a low-pass filter with 600-ohms nominal imped
ance and a 3-dB cutoff frequency of 3 150 Hz. It is placed electrically 
at the input of the amplifier transmitting into the four-wire section ; 
singing is prevented by the loss inserted in the circulating path around 
the four-wire section through the terminating sets for frequencies 
at which a balancing network cannot provide adequate balance for 
two-wire lines. 

A 434A plug is provided solely for electrical continuity through the 
24V 4C shelf when the 648A filter is not used and when certain plug-in 
unit combinations are used. When the 434A plug is not used, external 
equipment (such as SF signalling units ) may be connected into the 
circuit configuration. 

4-4 METAlliC FACIL ITY TERMI NAlS 

All transmission and signalling functions required at the terminals 
of message network trunks and many types of special services circuits 
can now be provided in one standard equipment assembly called a 
metallic facility terminal ( MFT ) . The required functions are pro
vided by selected plug-in units which are appropriately and automa
tically interconnected when inserted into the equipment shelf of a 
facility terminal. The connectors on the shelf are permanently wired 
in a manner to produce the desired interconnections. By this design 
approach, facility terminals eliminate many of the wiring congestion 
problems associated with earlier designs. This concept was used in 
the design of V 4-type repeaters but it has been extended considerably 
and made more flexible in the facility terminal designs [6] . 

There are several other facility terminal arrangements used in the 
trunk plant : analog facility terminals (AFT ) , digital facility termi
nals (DFT ) , and customer premises facility terminals ( CPFT ) . 
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Voice-frequency terminations are provided at analog and digital 
carrier system terminals for message network trunks and special 
services circuits and at customer premises for special services circuits 
such as PBX-central office trunks and PBX tie trunks. The types and 
capabilities of AFT, DFT, and CPFT equipment are generally similar 
to those provided in MFTs. 

Metall ic  facility terminal equipment is compatible with existing 
E-type and V -type repeater equipment which may be in use in other 
parts of a trunk or circuit. The terminals provide interface circuits 
for most central office switching machines and a number of PBXs. 
The MFTs may be used on circuits employing loaded or nonloaded 
19-, 22-, 24-, or 26-gauge cable pairs and for many special cases in
volving bridged taps, mixed gauges, and a variety of end-section 
lengths. 

Equ ipment Features 

Metallic facility terminal configurations may be selected to provide 
a repeater for any one of three transmission modes. The first, called 
the 22-type, utilizes hybrid transformers and two amplifiers in two
wire circuits rather than the negative impedance principles of the 
E6 repeaters. It is functionally similar to an E6 repeater. A second 
type, the 44-type repeater, is used when four-wire circuits are con
nected at both terminals ; it is arranged to function like a 44V 4 re
peater. Two versions of this repeater are available, one for use at an 
intermediate point and one for use at a terminal of a four-wire circuit. 
The third type provides an interface between a two-wire circuit and 
a four-wire circuit. It is similar to the 24V 4 repeater in its functions 
and is also available in two versions, the 24-type and the 42-type. The 
two versions provide the necessary flexibility for circuit interfaces of 
two-wire to four-wire or four-wire to two-wire in progressing from 
the designated repeater input port to the designated output port. The 
three basic configurations are illustrated in Figure 4-1 1 .  

Two facility terminal shelf arrangements are provided, each with 
spaces for twelve plug-in units. Where treatment is required only for 
transmission, plug-in equipment for twelve circuits may be used. 
If both signalling and transmission treatment is needed, adjoining 
pairs of plug-in transmission and signalling units are used. Each 
shelf is arranged to provide treatment for six circuits. The interface 
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-----tC>>---
(a) 22-type (b) 44-type 

(c) 24-type 

Figure 4- 1 1 .  Metal l ic facil ity terminal transmission configurations. 

is provided by standard signall ing leads normally designated as the 
A and B, E and M, and SX and SXl. Test access for modern mainte
nance systems, such as the Switched Maintenance Access System 
( SMAS) , may be provided. 

Transm ission Features 

A number of different transmission features are available and may 
be selected for appropriate use in various applications of facility 
terminal equipment. For example, terminating impedances of 600, 
900, or 1200 ohms may be provided to satisfy specific circuit needs. 
Gain adj ustment of the amplifiers is continuous over the range from 
-20 to +24 dB. Transmission plug-in units containing various types 
of impedance compensators, balancing networks, and equalizers are 
available to satisfy network trunk or special services circuit needs. 

Equalizers compatible with the 359-type are used in the receiving 
portions of the repeaters. These equalizers are active circuits. In many 
cases, equalizer and amplifier gain settings are made in accordance 
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with tabulated data that pertain to the various applications in which 
these repeaters can be used. Adj ustment and alignment is also possible 
on the basis of measurements made after installation. 

There are several coded equalized gain units to satisfy various 
MFT transmission needs. The 309A unit provides flat gain in the 
transmitting path only of the four-wire portion of 24-, 42-, and 44-type 
repeaters. The 309B unit provides flat gain and equalization in the 
receiving path of the four-wire portion of 24-, 42-, and 44-type ter
minal repeaters and in both directions in 44-type intermediate re
peaters. Designs are available for loaded and nonloaded cable pairs. 
In the four-wire portion of one 24-type repeater application, equaliza
tion is also provided in the transmitting path. 

The 309C unit provides flat gain for loaded cable applications of 
22-type repeaters. The 309D unit provides gain and equalization in 
22-type repeaters used with nonloaded cable pairs and in repeaters 
used with mixed loaded and nonloaded cable pairs. 

4-5 VOICE-FREQUENCY EQU IPMENT COMPARISONS 

Each of the three types of voice-frequency equipment has had ad
vantages in its application and has fulfilled major needs at the time 
it was made available. Facility terminal equipment is now used in 
preference to E-type or V -type repeaters though there are still some 
of the older types of equipment in operation throughout the network. 

Bandwidth and Stabi lity 

The attenuation/frequency characteristic of the E6 repeater is not 
adj ustable. It provides the required amplification in  midrange and 
rolls off in the high and low ranges in order to promote stability. This 
characteristic counteracts the low-frequency decrease in cable attenu
ation and, in the high-frequency range, counteracts decreased return 
loss near the cutoff frequency of loaded cable pairs. Since these char
acteristics are fixed and cannot be adj usted to match specific cable 
layouts, the use of more than two E6 repeaters in a specific trunk or 
special services facility generally precludes meeting bandwidth 
requirements. 

In the two-wire facility terminal design shown in Figure 4-1 1 (a) , 
the impedance matching and equalization functions are separate and 
independent. Impedance match to the transmission lines is provided 

TCI Library: www.telephonecollectors.info



1 24 Loca l P lant Facil ities Vol .  2 

by the balancing networks of the two hybrid transformers while 
equalization is provided by a portion of the amplifier circuitry. There
fore, both functions can be fulfilled with greater accuracy and 
flexibility than in E6 repeaters. 

Circuits consisting of several four-wire sections equipped with V 4 
and/or MFT repeaters and associated adj ustable equalizers can meet 
bandwidth and stability requirements. Where return losses of cable 
pairs are inherently too low for two-wire operation with negative 
impedance repeaters, four-wire operation with V 4 or MFT repeaters 
is usually practicable. As previously mentioned, reflections in the four
wire section are confined to the repeater sections in which they 
originate by the blocking effect of the one-way amplifiers. The length 
limits of four-wire voice-frequency trunks in specific situations are 
imposed by lack of temperature regulation or by costs exceeding those 
for providing carrier facilities. 

Return Loss and Echo 

The substantial blocking of reflections that originate within the 
transmission medium and at medium and repeater j unctions makes 
the echo performance of four-wire facilities practically independent 
of such reflections. In V 4 and four-wire MFT repeatered facilities, 
the reflections are attenuated by approximately 70 dB of loss at each 
amplifier. In contrast, an E6 or a 22-type MFT repeater amplifies 
reflections as well as the speech signal. As a consequence, it is usually 
difficult, if not impossible, to attain and sustain acceptable return loss 
performance and control of echoes on a switched facility employing 
more than two of these repeaters. 

Losses and Transmission Level Points 

The E6, V4, and MFT repeaters can transmit into loaded or non
loaded cables at a maximum transmission level point (TLP ) of + 6  dB 
with only a small chance of creating crosstalk problems or of being 
overloaded by the loudest talkers. Crosstalk-coupling magnitudes be
tween loaded cable pairs in the same cable dictate that level point 
differences between repeater outputs and inputs be limited to 15 dB. 
That figure, therefore, is  the limiting repeater section length for re
peatered loaded trunks and -9 dB TLP is the lower limit for inputs 

TCI Library: www.telephonecollectors.info



Chap. 4 Voice-Frequency Trunk Facil ities 1 25 

from cable pairs to repeaters. Because crosstalk coupling between 
nonloaded pairs is less than that between loaded pairs, transmission 
level point differences for nonloaded cable pairs could be allowed to 
reach 21 dB but equalization capabilities are not generally sufficient 
for repeater sections with that much loss. 

Loss objectives for direct and toll-connecting trunks can usually be 
met by two- or four-wire voice-frequency facilities. Where the loss 
and annual temperature range of the metallic facilities are very large, 
it may be impractical to avoid instability at the lowest temperatures 
or an unacceptable loss at the highest temperatures. Experience has 
shown that seasonal manual adjustment of the repeater gains is not 
practical. However, carrier facilities are usually more economical than 
metall ic facilities where temperature-induced loss variations are 
excessive. 

Signal l ing 

Voice-frequency repeaters must be capable of passing address and 
supervisory signals. In some cases, it is necessary that these signals 
also be amplified. The various types of repeaters that have been dis
cussed differ in the manner in which such signals are processed. 

All types of ac signals in the voiceband, such as 2600-Hz single
frequency, multifrequency, TOUCH-TONE, and inband coin-control 
signals, are amplified and transmitted by E6 and MFT repeaters. 
Expensive arrangements for bypassing low-frequency and de signals 
around the amplifying elements of the E-type repeaters were elimi
nated by the method of coupling those elements to the transmission 
path. The transmission takes a split path through the repeater and 
supervisory and signalling components below the voice range are not 
amplified but are somewhat attenuated by the resistances of LBO net
works and transformer line windings. These become part of the total 
loop resistance and thus reduce the maximum permissible facility 
length for a specified minimum supervisory current. In addition, the 
capacitor in the shunt element of the gain unit causes delay distortion 
of dial pulses, thus adversely affecting the operation of certain types 
of switching systems. Although these effects of E-type repeaters on 
supervision and signalling must be taken into account, they have not 
been limiting in enough cases to prevent the wide application of the 
repeaters. 
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All ac signals in the voiceband are also amplified and transmitted 
satisfactorily by V 4 and MFT repeaters. Supervisory de, dial pulse, 
and 20-Hz ringing signals are bypassed around amplifiers and other 
units on separate paths included in the shelf wiring and the plug-in 
units. Penalties must be accounted for in computing signalling ranges. 

4-6 ECHO SUPPRESSORS 

Under the VNL network plan, every connection with an echo-path 
delay of more than 45 milliseconds should contain an echo suppressor. 
The echo suppressor is located in a four-wire intertoll trunk that is 
part of the built-up connection. It inserts a loss of 35 dB or more in 
the echo return path when speech energy is present in the direct path. 
Echo suppressors are always applied at points where speech or other 
signals are transmitted at voice frequencies. 

Operation 

Two configurations of echo suppressors are currently in use. In 
one configuration, called split, suppression is applied at both ends of 
a trunk and in the other, called full, suppression occurs at only one 
end of the trunk for both directions of transmission. A block diagram 
of the split echo suppressor is shown in Figure 4-12. It consists of 
two parts, one at each end of the four-wire portion of a trunk. When 
speech energy is transmitted from A, the part at the B end is operated 
by the speech signal and inserts a loss, LB, in the B-to-A path. When 
speech is transmitted from B, the part at the A end similarly inserts 
loss, LA, in the A-to-B path. Threshold circuits determine the sensi
tivity of the suppressor detection circuitry. The sensitivity is adjusted 
so that the suppressor does not operate in response to normal circuit 
noise but does operate on speech or other signal energy. The nominal 
operate sensitivity for all echo suppressors is -31 dBmO ; that is, a 
1-kHz tone of -31 dBmO j ust operates the suppressor. Thus, the 
zero-level sensitivity of the suppressor is said to be 3 1  dBm. The 
actual sensitivity, called local sensitivity, �is the sum of the zero-level 
sensitivity and the loss between 0 TLP and the level point at which 
the suppressor is applied. At the - 1 6  dB TLP, local sensitivity must 
be 3 1  + 16, or 47 dBm ; at the +7 dB TLP, it must be 3 1  - 7, or 
24 dBm. 

The time interval between the passage of voice energy past the 
point q and the arrival of the echo at point r in Figure 4-12 depends 
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Figure 4- 1 2. Split echo suppressor. 

on the length and makeup of the circuit between the suppressor and 
the B station set and may be quite short. Thus, the suppressor must 
operate quickly to switch in the loss, LB, so that the beginning of the 
echo signal does not return to the A end unsuppressed. On the other 
hand, the q-to-r delay interval may be as long as about 20 ms and 
the suppressor must not release as quickly as it operates but must 
keep LB in the path long enough to suppress all of a delayed echo 
signal. The time it takes to switch in LB is called suppression pickup 
or suppression operate time. The time the loss LB stays in the path 
after the speech signal has passed q is called suppression hangover 
time. 

As in face-to-face conversations, there are times when the speaker 
at B may try to interrupt the speaker at A. If the suppressor had 
only the features previously described, the speaker at B could not 
interrupt the speaker at A because the loss LB would be kept in the 
B-to-A path until the speaker at A paused. Since experience has 
shown that such situations lead to confusion, hence to inefficiency of 
circuit use, another feature is included to permit interruptions. A 
differential circuit, illustrated in  Figure 4-13, compares the signal 
powers at points q and r. Whenever the power at r is high enough 
to indicate that it is probably speech from B and not an echo of the 
signal from A, the suppressor removes LB from the B-to-A path and 
holds it out for a short time after B has finished speaking. The time 
between detection of double talking and removal of suppression is 
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called break-in pickup or break-in operate time. The time that sup
pression stays removed after double talking ceases is called break-in 
hangover time ; it avoids, as much as practicable, the continued muti
lation of speech from B as heard at the A end. Without break-in 
hangover, not only the first break-in syllable from B but also subse
quent syllables would be clipped by suppression restored to the B-to-A 
path between syllables. Of course, the echoes of speech from A return 
to A during break-in but they are overriden by speech from B which 
must be the stronger in order to achieve break-in. 

Where the intertoll circuit is provided via a synchronous satellite 
and the speaker at B breaks in with a single word, the echo of a 
signal from A can be delayed long enough ( about one-half second) 
to ride through the break-in hangover "window" after the word from 
B passes through ; it is, therefore, entirely exposed as it returns to A. 
The disturbing effects of such echoes are mitigated in practice by an 
additional feature that permits the differential circuit to add attenu
ation in each direct speech path during break-in, shown as RA and Rs 
in Figure 4-13. The additional loss in the speech path is generally 
preferable to unattenuated exposed echoes. 

The full echo suppressor, shown in Figure 4-14, provides suppres
sion for both directions of transmission by means of equipment located 
at one terminal. The part at the left for suppressing echoes from B 
is the same as in Figure 4-13 but the part at the right for suppressing 
echoes from A is now closer to A than in Figure 4-13. The suppression 
hangover and differential circuitry, therefore, must be adjusted to 
take into account the echo delay in the intertoll trunk as well as that 
in the toll-connecting trunk and the loop. The break-in characteristics 
of this type of suppressor are inferior to those of the split type and 
its use is limited to certain types of terrestrial intertoll trunks. 

Types 

The echo suppressors in current use in the Bell System are known 
as the 1A, 2A, 3A, 3B, and 4A. Their characteristics and other per
tinent data are shown in Figure 4-15. 

The amplifiers of the lA echo suppressor employ electron tubes 
and require both 130- and 24-V de power supplies. The 1A can be used 
either as a full or as a split suppressor but full suppressor use is 
limited. Since the lA does not have a differential circuit, suppression 
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Figure 4- 1 3. Split echo suppressor with differential circuits. 

hangover must expire before break-in can occur ; break-in cannot be 
forced.  It can take place only when some pause in the opposing speech 
train is longer than the hangover time. Even then, the break-in speech 
train may be clipped until the hangover interval expires. For this 
reason, the lA cannot be used as a full echo suppressor on terrestrial 
circuits more than 2500 miles long ; since it has no receiving loss, it 
cannot be used as a split echo suppressor on satellite circuits. 
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Figure 4-1 4. Full echo suppressor. 

TYPE OF ECHO SUPPRESSOR 

l A  2A 3A 38 4A 

Full Yes No No No Yes 

Split Yes Yes Yes Yes Yes 

Break-in capability No Yes Yes Yes Yes 

Receiving loss during break-in No Yes Yes Yes Yes 

Compressor No Yes Yes No No 

For trunks Yes Yes Yes No Yes 

For access lines No No No Yes Yes 

Superseded by 4A 3A - - -

Figure 4-1 5. Echo suppressor types and features. 
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The 3A echo suppressor is solid-state, operates from the 24-V de 
battery supply, and is designed for split use only. It has a modular 
shelf design with plug-in units. Break-in is facilitated by the opera
tion of a differential circuit ; an optional plug-in unit provides for 
insertion of receiving loss during double talking. The receiving loss 
consists of a speech compressor in early models and a 6-dB pad in 
later models. The 3A echo suppressor is suitable for all split applica
tions. The receiving-loss unit is generally not needed for terrestrial 
circuits. 

The 3B echo suppressor is  the same as the 3A except for sensitivity, 
which is adjustable to compensate for various transmission level 
points and for the omission of the speech compressor option. The 
3B suppressor is used in private switched network access lines rather 
than trunks. 

, 

The 2A echo suppressor was produced in limited quantities and is 
functionally and physically similar to the 3A. The 2A is used only on 
about 200 overseas circuits. In addition to the bridging amplifier, 
logic unit, and tone-operated disabler, similar to comparable circuits 
in the 3A echo suppressor, the 2A includes a speech compressor. 
Whenever the transmitting power exceeds the receiving power, the 
compression mode is initiated and loss is inserted in  the receiving 
path. The inserted loss varies from 0 dB at a receiving power of 
-40 dBm to about 1 6  dB at 0 dBm. 

The 4A echo suppressor may be used for either full or split opera
tion as selected by means of a switch. When used as a split suppressor, 
it is functionally the same as the 3B echo suppressor with a 6-dB 
receiving-loss pad. Since break-in occurs through operation of a differ
ential circuit, the 4A echo suppressor can be used in the full mode on 
longer circuits than the lA in the full mode. When the 4A is used in 
the full mode, a switch option permits a choice of zero or a 6-dB 
receiving loss. 

Enablers and Disablers 

In some applications to private switched networks, it is necessary 
that echo suppressors normally be nonoperative and function only as 
required. In these applications, the suppressors are enabled by a con
trol lead of a switching machine. Disabling is needed for echo sup
pressors on network trunks since such trunks at times carry data 
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signals. In these applications, suppressors are normally operative but 
are deactivated by a single-frequency signal which operates a tone
activated disabler. 

When data signals are to be transmitted in both directions simul
taneously, the echo suppressor must be disabled. The break-in feature 
cannot be relied on to remove suppression because of the wide range 
of amplitudes of the two oppositely-directed data signals at the 
suppressor on various built-up connections. The tone-operated dis
abler is bridged across the transmission path in the echo suppressor. 
When the called data set goes off-hook, a 2000- to . 2200-Hz disabling 
signal is transmitted for at least 400 ms. The disabler recognizes such 
a signal and actuates a relay that disables all echo-suppressor opera
tion. The suppressor then remains disabled until the data signal stops 
for at least 0.1 second, at which time it returns to normal operation. 
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Chapter 5 

Voice-Frequency Data Facil it ies 

The transmission of various types of analog and digital data signals 
is an increasingly important part of providing telecommunications 
services. Many signal formats are used and the required bandwidths 
vary from the extremely narrow bands used for telegraph signals, 
which are multiplexed in the voiceband, to the full voice-bandwidth 
transmission of one data signal. 

Voiceband data service may be provided by point-to'""point or 
switched private line operation or over the switched public network. 
Although the facilities used for these modes of service provision may 
be similar or identical, the nature of the service is such that the 
manner of treating the facilities may be quite different. In private or 
public switched network operation, the variety of transmission paths 
and the variable number of trunks that may be encountered in suc
cessive connections make precise equalization difficult. For point-to
point line operation, the transmission facilities are usually dedicated 
to a particular service and may be engineered to optimize perfor
mance. As a result, satisfactory service can often be provided at a 
higher transmission rate than is possible over switched facilities. 

Performance parameters that affect the quality of data signal trans
mission include random and impulse noise amplitudes, channel band
width and distortion, and such digital signal impairments as phase 
j itter, frequency shift, and gain and phase hits. These impairments 
must be related to appropriate transmission objectives and must be 
evaluated in respect to the available types of facilities. 

The large range of facilities used for data signal transmission in
cludes various transmission media and related equipment as well as 
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station interface equipment and data sets. While some of these facili
ties can be described in general terms, specific examples are used for 
illustrative purposes. 

5- l TRANSMISSION CHANNELS 

Data signals are usually transmitted between two customer-owned 
business machines. Data station equipment provides the interfaces 
between the business machines and the transmission channel or 
channels. These channels have a number of components that can be 
classified according to the facilities that provide them and the way 
in which those facilities are related to the message network. 

Each data station is connected to a central office by a facility that 
may be compared functionally to a customer loop. For data service, 
these connections are more commonly called access facilities because 
connections must often be made to a distant central office. The normal 
serving office may not be equipped to satisfy certain data operating 
needs or may have transmission characteristics that cannot satisfy 
data transmission objectives. Where access facilities connect data 
stations to distant central offices, problems due to added length and 
added exposure to certain types of impairment are introduced. 

Access facilities are usually dedicated to or at least known to be 
needed for data signal transmission. For switched services, the inter
office facilities are shared with message telephone services and special 
treatment or engineering cannot be j ustified economically as is pos
sible with access facilities. However, for point-to-point private line 
services, interoffice channels are usually dedicated to data signal 
transmission and special engineering can often be j ustified. 

Access Faci l ities 

In addition to loops, access facilities include remote exchange ( RX ) , 
foreign exchange ( FX ) , and wide area telecommunications service 
(W ATS) lines and trunks. Most voice-frequency circuits utilize loaded 
or nonloaded cable pairs but RX, FX, and W A TS circuits may be 
routed over a dedicated channel of a carrier system. For data trans
mission, access facilities are often provided with gain or equalization 
equipment beyond that normally provided for telephone service. 

Access facilities are usually provided on local plant cable pairs that 
have been installed according to resistance design, unigauge design, 
or long route design rules. Where data transmission requirements for 
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loss, attenuation distortion ( slope) , or envelope delay distortion can
not be met, alternative engineering design must be used. For example, 
bridged taps might be removed to improve transmission character
istics or, where economically j ustified, the available facilities might 
be improved by the application of loading or the use of electronic 
equipment such as repeaters or dial long line units. Dial long line 
units, used to increase signalling range, and repeaters sometimes in
crease delay distortion and delay equalizers may be needed. In other 
cases, circuits might be routed over facilities with coarser gauge cable 
pairs and thus less loss and slope or loading might be applied to 
improve loss and slope characteristics. 

Figures 5-l and 5-2 illustrate improvements in transmission char
acteristics that may be realized by the use of E6 repeaters and the 
line build-out networks that are available for use with the repeaters. 
In Figure 5-l, the indicated cable loss is the insertion loss between 
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900-ohm terminations of 12 kilofeet of a nonloaded 26-gauge cable 
pair having a 6-kilofoot bridged tap near the station end. The re
peatered cable loss characteristic represents the same circuit equipped 
with an E6 repeater at the central office. The maximum gain is 12.5 dB 
but since the repeater is equipped with an 830E build-out network 
which has substantial loss, the overall repeater gain is about 4 dB at 
1000 Hz. Figure 5-2 shows the delay distortion of the same circuit. 
The characteristic shown without delay equalization includes the effect 
of the 830E network ; the equalized characteristic shows the effect of 
adding an 830F delay equalizer to the repeater. 
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Figure 5-2. E6 repeater effects on delay distortion. 

Another E-type repeater, the E7, is available to improve transmis
sion on nonloaded access facilities devoted to the transmission of data 
signals. These facilities should be no more than 18 kilofeet long and 
must not exceed 1200 ohms resistance. There are also restrictions on 
gauges (22-, 24-, or 26-gauge cable pairs may be utilized singly or in 
combination) and on the length and makeup of bridged taps (maxi
mum of 6 kft) . The repeater is installed at the central office end of 
the facility. The E7, which consists of a negative impedance converter 
transformer-coupled to the l ine, acts as a series repeater at low fre
quencies and as a shunt repeater at high frequencies. The principal 
functions are to improve amplitude equalization and return loss at 
the central office end. It also provides a small amount of gain ( less 
than 1 dB) above 1 kHz. 
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Plug-in equalizers, available for V 4 and E6 repeaters, improve the 
transmission characteristics of specific gauges of loaded and non
loaded cable pairs. In some V 4 applications, repeating coils (assembled 
as equalizer networks) having impedance ratios greater than 2 to 1 
may be used to improve the slope characteristics of cable pairs. The 
insertion loss between lower impedance terminations thus provided 
increases more at 1000 Hz than at 2800 Hz. As a result, circuit loss 
is increased at all frequencies but the slope is reduced. This method is 
particularly effective for nonloaded cable pairs 9 to 12 kilofeet long. 
Improved equalization can be achieved with metallic facility repeaters 
which are superseding E6, E7, and V4 types for data service. 

Although most electronic PBXs provide performance equal to that 
of direct access facilities, data transmission performance on connec
tions through an electromechanical PBX is sometimes poorer than on 
direct facilities largely due to impulse noise. Therefore, it is often 
desirable to use the direct facil ity, especially for signal transmission 
at rates above 300 bits per second ( bps ) . If a separate facility is not 
provided, any treatment necessary to meet data transmission require
ments must be applied to all PBX-CO trunks over which service may 
be routed and the signal amplitude at the station must be adj usted 
accordingly. Where data signals must be transmitted through an 
electromechanical PBX, performance can not be assured. 

Interoffice Faci l ities 

Between end offices, there is a wide variety of transmission facilities 
that may provide channels for data signal transmission. These include 
analog cable carrier systems, analog microwave radio systems, digital 
carrier systems, and voice-frequency cable facilities. Where service 
is provided over the switched message network, the trunks used are 
designed for speech signal transmission ; for data signal transmission, 
echo suppressors are disabled. Message network trunk designs are 
adequate on most connections provided the number of toll trunks in 
tandem is not excessive. The number of trunks is a function of net
work routing under a given traffic load ; speech and data transmission 
quality are both affected. 

Where data signal transmission is provided as a point-to-point 
private line service, the channels used for interoffice connections are 
furnished over the same types of facilities as those used for message 
network trunks. However, the channels are dedicated to data trans-
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mission and can be economically treated for optimum signal trans
mission. Gain units, equalizers, and impedance compensators may be 
installed as required to obtain the desired performance. Furthermore, 
facilities may be selected for optimum transmission ; for example, if 
the normal routing takes a circuit through a central office with ex
cessive impulse noise, consideration can be given to bypassing that 
office by using other facilities. If the signals to be transmitted are 
particularly susceptible to delay distortion and the normal routing 
includes an analog carrier system with excessive delay distortion in 
the multiplex equipment, special equalization may be provided or the 
circuit may be rerouted over facilities with less delay distortion. 

5-2 TRANSMISSION PERFORMANCE 

As in any type of signal transmission, satisfactory performance in 
providing data service involves the generation of a suitable signal 
format, the control of channel transmission characteristics, and the 
control of impairments. The relationships among these important 
parameters differ somewhat in switched network and point-to-point 
services [1,  2] . 

The differences are due mainly ( 1 )  to the variable length and 
makeup of connections in switched services versus the fixed channel 
composition in point-to-point services and ( 2 )  to the fact that a 
wider range of facilities is available for optimizing performance in 
point-to-point services. Many impairments are uniquely identifiable 
with specific types of facilities. 

Objectives 

Transmission objectives for digital signals are specified to satisfy 
the transmission of signals defined for three ranges of transmission 
rates [3] . Type I signals are low-speed signals transmitted at rates 
less than 300 bps. Type II are medium-type signals transmitted at 
rates of 300 to 2400 bps. Type III are high-speed signals transmitted 
at rates in excess of 2400 bps. Objectives for type I signals are less 
stringent than for type II or type III signals. The objectives and the 
design rules for type II and type III signals and circuits are generally 
the same but additional transmission tests are specified if carrier 
channels are used in circuits provided for type III signals. For low
speed, type I, asynchronous service, transmission quality is measured 
as telegraph distortion for start-stop operation. Error rate is not used. 
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The basic criterion for j udging the quality of synchronous data 
signal transmission is error rate. In many cases, the objectives and 
performance values are expressed in terms of bit error rate, i .e., the 
number of errors in a given number of transmitted bits. However, 
methods of administering business machine operations that involve 
type II and type III signals result in the transmission of bulk data 
in large blocks. Where errors are detected, the entire block is retrans
mitted. Thus, for these services, error performance is more appro
priately expressed as a block error rate. The error performance 
objective is stated in terms of blocks containing 1000 data bits, a repre
sentative number for business machine operation. Typical block error 
objectives for Bell System services state that an average of no more 
than 1 block out of 100 should contain errors (expressed as a block 
error rate of l0-2 ) .  One advantage of this error performance criterion 
is that it better reflects data transmission throughput ( a  term used to 
express data transmission efficiency) with data sets that use data 
scrambler and descrambler circuits. These circuits, used in type III 
data sets, tend to deliver several bit errors for each isolated bit error 
in the received signal ; as a result, the bit error rate may. be signifi
cantly increased but the block error rate is affected only slightly since 
the added errors tend to follow the initial error closely in time and 
thus fall within the same data block. 

Most data channel transmission impairments can be expressed in 
terms of an equivalent noise impairment. An impairment, such as 
envelope delay distortion, can be rated by determining the improve
ment in signal-to-noise ratio needed to maintain the error rate ob
tained in the channel when impaired only by Gaussian noise. This 
method of rating quantifies the extent to which transmission is de
graded by the added impairment and can be used to estimate the error 
rate due to other interferences. The equivalent noise impairment also 
provides a method of evaluating the accumulation of impairments 
from several tandem links of a connection. 

To avoid excessive crosstalk or intermodulation and to prevent 
overloading of transmission amplifiers and carrier systems, the ampli
tudes of voiceband data signals are l imited to a maximum power at 
the main distributing frame of -12 dBm ( -13 dEmO) averaged over 
a 3-second interval [ 4] . Private line circuits are designed to have a 
nominal 1-kHz loss of 1 6  dB from transmitter to receiver. The toler
ance on this value is +4 dB to provide margin for loss variations. 
Switched network losses are controlled by the via net loss design. 
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Impairments 

Many of the impairments to which data signals are particularly 
sensitive are more commonly encountered in certain types of facilities. 
One notable exception is random noise. Since this impairment appears 
in all circuits, it can be controlled only by proper transmission facility 
and equipment design. 

Impulse noise is commonly related to particular systems or environ
ments and is often the dominant cause of data transmission impair
ment. A common source of impulse noise is the pulse transients 
associated with switching machine operations. Some types of switch
ing machines, notably panel and step-by-step, produce excessive im
pulse noise and it is  often necessary to route data circuits around 
offices that use such switching machines. 

Delay distortion is another type of impairment that can be re
lated to certain facilities. A common source of delay distortion is 
that due to the sharp cutoff characteristics of analog multiplex equip
ment, especially the characteristics associated with channel banks. 
For private line service over dedicated facilities, these characteristics 
can be equalized ; in switched network applications, the number of 
multiplex terminals encountered varies from connection to connection 
and only an estimated average amount of distortion can be equalized .  
Departures from the average values must be tolerated (by providing 
adequate margin in data set design and operation) or must be 
equalized by adaptive equalizers which are included in some types of 
data sets. 

Similarly, frequency shift, nonlinear distortion, and phase or gain 
j itter and hits may be identified with particular facility assignments 
or specific systems. When these impairments are excessive in point-to
point data circuits, the selection of alternate facilities is often the 
most economical solution to the problem. When troubles of certain 
types occur persistently in switched message network service, the 
trouble is likely to be in the data station or access facilities (which 
are not switched) .  The trouble then must be cleared or alternative 
facilities can be used if available. 

The evaluation of data transmission performance and the identifi
cation and correction of specific trouble conditions are often of such 
a nature that data technical ( DATE C )  support effort must be given 
to assist craft personnel in installation and maintenance procedures. 
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The DATEC program provides for assistance where normal methods 
do not suffice. The assistance may be in the form of consultative or 
on-site participation by technical, engineering, or design personnel as 
required. The program is applied to intercompany as well -as intra
company problems. Test procedures. to determine the most likely 
source of impairment have been devised ; they are used to identify a 
trouble, to help in isolating the trouble to a specific part of a circuit, 
and to provide insight as to how adjustments can be made to favor 
one solution or another as seems appropriate. 

For switched network services, tests are made and results compared 
with objectives to determine the minimum acceptable performance 
( MAP ) . In these procedures, tests and measurements are made of 
attenuation;frequency distortion (slope between 1000 and 2800 Hz) ,  
envelope delay distortion, C-notched noise ( C-message noise measured 
while a holding tone is transmitted) , phase j itter, second- and third
order nonlinear distortion, frequency shift, and impulse noise. The 
procedures involve taking a statistical sample of data from several 
independently established connections. 

5-3 VOICE BAND DATA STATIONS 

Standard voiceband data service is supplied by a variety of DATA
PHONE data sets which may be connected to transmission facilities 
directly or through appropriate data auxiliary sets to provide the 
necessary interface (called the analog interface) between the data set 
and the line. A data set or customer-provided equipment designed for 
private line use is connected to the line through a data auxiliary set 
( DAS ) such as the 828A and 829 type. A data set designed to transmit 
over and receive from the switched message network is connected 
directly to the access line. Where customer-provided equipment is 
operated on the switched message network, the analog interface is 
provided by a data coupler, referred to as a data access arrangement 
( DAA ) . The DAAs provide the following features : ( 1 )  protection of 
the network from hazardous ac and de voltages, (2)  protection agianst 
the transmission of signals of excessive amplitude or bandwidth, 
( 3 )  call charge protection to allow automatic message accounting 
(AMA) of toll calls, (4)  dial pulse signal control, and ( 5 )  longitudinal 
balance control to protect the network from excessive noise. 

In some older equipment, the DATA-PHONE data set and the tele
phone instrument used for network signalling and speech transmission 
were designed as separate units. In these cases, the telephone instru-
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ment was coded as an 804-type data auxiliary set. In newer data sets 
for the switched network, a standard 6-button key telephone set is 
used but is not called a data auxiliary set as in the earlier designs. 

A second interface ( called the digital interface) is provided by 
data station equipment between the DATA-PHONE data set and the 
customer operated terminal equipment, such as a computer, that pro
vides the data message signal. This interface must satisfy a standard 
interface specification, either one issued by the Electronic Industries 
Association [5] or one covered by a series of Technical References 
issued by the American Telephone and Telegraph Company [6] . 

Data Sets 

Each type of DATA-PHONE data set uses the voiceband spectrum 
to transmit a signal format appropriate to a given application. The 
wide variety of signal spectra and formats and the transmission 
characteristics of the switched message network lead to variations in 
transmission performance from data set to data set and from con
nection to connection. Standard service offerings for private line and 
switched network use are provided by four series of data equipment 
identified as the 100, 200, 400, and 600 series data sets. 

The 100 series equipment provides low-speed ( up to 300 bps) trans
mission of data signals in a serial format to provide type I services. 
Signals are typically asynchronous and operate in a start-stop manner 
to transmit each character of a teletypewriter signal. Each trans
mitted character is represented by a 5- to 8-bit code.* The initiation 
of each character is recognized by a start bit ; the receiver recognizes 
the end of the character by counting the information bits, a parity 
bit, and a stop bit. Intercharacter timing is not controlled, thus 
making the overall bit stream asynchronous. 

Some 200 series data sets operate at medium and high speeds ( 300 
to 2400 bps) to provide type II synchronous or asynchronous serial 
data transmission over private line or network facilities. Others of 
the 200 series sets provide type III data transmission at rates up to 
4800 bps over switched network facilities and up to 9600 bps over 
dedicated private line facilities. 

*The American S.tandard Code for Information Interchange ( ASCII) 7-bit code 
is most commonly used in the Bell System. 

TCI Library: www.telephonecollectors.info



Chap. 5 Voice-Frequency Data Facil ities 1 43 

The 400 series data sets operate asynchronously at low speeds to 
transmit data characters in a parallel mode. Multifrequency signals 
are used to represent data characters in 2-out-of-8 or 3-out-of-14 codes. 
These multifrequency signals are transmitted at rates of 10 to 75 
characters per second. 

The 600 series data sets provide primarily for the analog trans
mission of facsimile, analog telemetry, or medical electrocardiographic 
signals. 

Ana log I nterface 

The tip and ring appearance of a cable pair at the customer premises 
is the interface point for voice-frequency data stations with the 
facilities network. Certain electrical and transmission characteristics 
may be described at this analog interface. 

Since the impedances of access facilities vary widely, the input 
impedance of data stations must be a compromise value. A resistive 
value of 600 ohms has been selected for compatibility with the im
pedances of V 4 and carrier system equipment. This standard data 
station termination is now being used in preference to the former 
value of 900 ohms for all applications since recent studies show that 
return loss performance is not very sensitive to the station set 
impedance. 

In Bell System equipment, surge and hazardous voltage protection 
is provided at the analog interface by a line coupling transformer in 
most data sets, data auxiliary sets, andjor data access arrangements. 
These transformers are designed for at least 1500 volts rms isolation 
between primary and secondary windings to protect data set circuitry 
against any large longitudinal voltage that might result from contact 
of the cable pair with power l ines or from lightning surges. They are 
also designed to provide good longitudinal balance in order to mini
mize induced power line interference and crosstalk between the cable 
pair used for data signal transmission and other pairs in the same 
cable. The station equipment is protected from high transient voltage 
by carbon protector blocks or gas discharge devices which automa
tically ground the line conductors when voltages exceed 250 to 600 
volts, depending on the type of protector. 

When a data circuit is installed, the data set or DAA equipment is 
adj usted to meet the previously mentioned signal power limit of 
-12 dBm at the main distributing frame. This adjustment must 
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simultaneously meet a limit of 0 dBm at the data station. Thus, the 
station equipment compensates for up to 12 dB of loop loss. Where 
these limits cannot be met, supplementary amplification must be used. 
The DAA coupler is designed to limit the transmitted signal amplitude 
to the appropriate value ; it automatically introduces attenuation to 
maintain a satisfactory signal amplitude and eliminates extraneous 
out-of-band signal components. 

Other features may be furnished at the analog interface. These 
include automatic calling and answering, access and other arrange
ments for maintenance and testing, and loop-back facilities to permit 
testing from the central office. 

5-4 THE 208-TYPE DATA-PHON E  DATA SET 

Among the data sets most commonly used are the 200-series which 
provide type II and type III data transmission. The 201-type data sets 
provide for the transmission of serial binary data at rates of 2000 bps 
and 2400 bps over the switched message network and on conditioned 
and unconditioned private line channels [7] . The modulation method 
used is phase shift keying. There are large numbers of these sets in 
use. 

Another, more recently designed data set has also been introduced 
for service over private lines designed to meet D1 conditioning re
quirements for message circuit noise and nonlinear distortion. This 
set, the 209-type, operates at 9600 bps [8] . It offers options of ac
cepting and delivering several signals at lower bit rates (by time 
division multiplexing) with the sum not exceeding 9600 bps. It has a 
number of other unique operating features. 

A new service offering which utilizes the 208-type has been intro
duced. This set operates at 4800 bps and is expected to replace the 
201-type set in many applications. The 208-type data set, shown in 
block diagram form in Figure 5-3, is discussed as representative of 
DATA-PHONE facilities used for voiceband data services [9] . 

Description 

The 208A data set transmits and receives 4800 bps synchronous 
serial binary data on unconditioned 3002-type four-wire private line 
channels [10] . These private lines provide a transmission band from 
300 to 3000 Hz. The 208A is capable of duplex, half-duplex, or simplex 

TCI Library: www.telephonecollectors.info



Chap. 5 

To 
customer 
terminal 

Telephone 
channel 

Voice-Frequency Data Facilities 

(a) Transmitter 

(b) Receiver 

Figure 5-3. Block d iagram, 208-type data set. 
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operation on four-wire facilities in point-to-point or multipoint private 
line applications. Another 208-type set, coded 208B, is capable of 
simplex or half-duplex operation over the two-wire facilities of the 
switched message network [11] . 

Physical Characteristics. Both data sets; use solid-state integrated 
circuit technology. The circuit boards are mounted in a housing 16 
inches wide, 4-1/4 inches high, and 11-1/2 inches deep. The sets may 
be placed on a convenient table, desk, or stand or they may be equipped 
with brackets for rack mounting in standard 19- or 23-inch wide 
equipment racks. 

On the front of both data sets are a number of switches and indi
cator lamps used to control data set operations and to indicate the 
operating mode. At the rear there are receptables for plug-in con
nections to commercial power, to the customer terminal equipment 
( digital interface) ,  and to the transmission facility ( analog inter-
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face) . Connections to th� transmission facility are made directly 
from a 208B data set to a connecting block with a transfer control to 
a standard 6-button key telephone station set. For the 208A data set, 
connection is made through an 828A or an 829-type data auxiliary 
set. The choice is dependent on the application and the required 
features. 

Operating Features and Procedures. A 208A data set may be operated 
in a number of optional modes which depend on the particular appli
cation. Among these options are internal and external timing, con
tinuous or switched carrier, a one-second holdover, and new sync 
operation. The 208A may also operate on the switched message net
work for dial backup of the private line but only by using an 828C or 
48B1 data unit ; two two-wire loops must also be provided. The use 
of alternate voice operation depends on the need for coordination be
tween attendants. Where a 208B data set is used for switched network 
applications, automatic calling and answering may be provided for 
network signalling ; speech transmission is provided by a standard 
6-button key telephone set. 

The 208-type data set receiver incorporates an adaptive equalizer 
that self-adjusts according to certain signal characteristics and per
mits operation in the presence of a wide variety of channel charac
teristics. At the start of transmission, the 208-type data set requires 
a 50-ms training interval. During this interval, the transmitter 
generates a special signal sequence, called the training sequence, that 
permits the self-adapting equalizer at the distant receiver to be 
properly adjusted. While data is being transmitted, the equalizer is 
automatically readjusted according to the incoming signal charac
teristics whenever the error rate approaches 1 error in 100 bits. In 
nonswitched private line applications, an option is provided to permit 
the transmission of a continuous carrier signal when data is not being 
transmitted. This signal, received continuously at receiving data 
stations, obviates the need for transmitting a training sequence. 

On connections exceeding 2000 miles in length, echoes may have 
more than 50 ms round-trip delay and, as a result, they may interf�re 
with proper data set operation. In the 208B data set, an option switch 
is provided to allow the training interval, sometimes called the 
request-to-send-clear-to-send ( RS-CS) interval, to be increased to 
150 ms. Round-trip echo delays on channels provided over satellites 
exceed 150 ms ; thus, the 150 ms interval may be insufficient on such 
channels. 
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The one second holdover option is applied to the timing recovery 
portion of the data set receiver. It permits the receiver to maintain 
synchronization with the transmitter to which it is connected for up 
to one second in the absence of a received signal. This option also 
provides for a quicker receiver recovery time in the event of a short
interval line interruption or dropout. 

The new sync option is most advantageously applied to the receiver 
of the master station in a multipoint private line arrangement. In this 
arrangement, the master station receives messages in rapid sequence 
from a number of remote transmitters whose clock signals are not 
mutually synchronized. Upon receipt of an end-of-message code, the 
receiver timing circuit at the master station may take a longer time 
to decay than the interval between messages. The new sync option 
permits the customer data terminal to squelch the timing circuit 
rapidly upon receipt of the end-of-message signal . The timing circuit 
is thus readied for the next message and the synchronizing or timing 
signal associated with it. 

In nonswitched private line applications, the 208A data sets are 
capable of operating in direct point-to-point applications and in a 
number of multipoint applications. The initiation of a message signal 
from the transmitter of one set triggers a fast start-up ( 50 ms train
ing inte:r:val) of the timing circuits in the receiver of the addressed 
set. The use of the continuous carrier guarantees that the receiver 
timing circuits are already operating at the correct rate when a 
message is initiated. The adaptive equalizer in the receiver is also 
arranged for fast start-up adj ustment or continuous carrier operation. 

With alternate voice operation, the telephone key set controls must 
be used to switch between voice and data modes of operation. With 
the 208B data set, the voice mode may be used to establish a connec
tion. Both ends of the connection are then switched to the data mode. 
However, an 801-type automatic calling unit (ACU) can also be used 
to set up dial connections ; optionally, the receiving data set answers 
such calls automatically. 

Operating procedures for the 208B data set are implemented by a 
built-in line control circuit. This circuit provides the analog interface 
between the data set and the access line. Circuit functions include the 
detection of ringing signals, line impedance matching, and lightning 
protection. When the automatic answering option is used, the control 
circuit responds to an incoming call by an answering sequence that 
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starts with a 2-second quiet interval during which no signal is trans
mitted from the data set. This interval is followed by a 2-second 
period during which a 2021-Hz signal is transmitted for the purpose 
of disabling any echo suppressors on the connection. The echo sup
pressors are kept disabled by either a 600-Hz signal from the data set 
or the normal data signal. The 600-Hz signal is transmitted when a 
data signal is not being sent or received. The circuit also contains 
data-voice transfer and call termination capabilities. The 801-type 
ACU responds to the 2021-Hz answer signal from the called data set. 
The ACU generates a 32-ms interrupt interval and then puts the 
data set directly into the data mode. It bypasses the 2-second quiet and 
answer-signal intervals of the answer sequence. 

Electrical Characteristics 

The 208-type data set, as previously mentioned, is designed to pro
vide the highest practical transmission rate commensurate with the 
transmission performance capabilities of unconditioned, 3002-type, 
four-wire channels. It uses phase shift keyed (PSK) modulation and 
compensates for amplitude and envelope delay distortions with an 
automatic adaptive equalizer. Each set incorporates a scrambler to 
randomize the data signal. By this technique, long strings of Os or 1 s 
in the transmitted signal are avoided thus precluding the necessity 
for placing restrictions on input data sequences. 

Signal Format. Serial binary data signals are accepted by the data 
set at a synchronous rate of 4800 bps. The input bits are encoded as 
discrete phase shifts of an 1800-Hz reference carrier signal. The 
signalling rate is limited to 1600 bauds in order to minimize the effects 
of channel impairments. To transmit 4800 bps, three bits of input 
information ( called tribits ) form a symbol that is encoded in each 
baud. Thus, eight ( 23==8)  possible phase shifts of the reference carrier 
must be recognized and decoded at the receiver. 

The phase shifts differ by 45 degrees and correspond to odd mul
tiples of 22.5 degrees. The encoding of tribit input data to carrier 
phase shifts is illustrated in Figure 5-4 where it can be seen, for 
example, that the tribit 01 0 causes a carrier shift or symbol of 1 12.5 
degrees and the tribit 000 causes a carrier shift or symbol of 67.5 
degrees from reference. During data transmission, these phase shifts 
occur as multiples of +45 degrees from the previous state of the 

TCI Library: www.telephonecollectors.info



Chap. 5 Voice-Frequency Data Facilities 1 49 

carrier. The receiver circuits detect the differential phase shifts in 
the received carrier signal by measuring the time interval between 
zero crossings. 

The PSK signal format was 
selected because of its ruggedness 
in the face of impairments nor
mally encountered. In addition, the 
signal is transmitted at essentially 
constant power which can be con
trolled at the transmitter to con
form to channel requirements in 
the switched message network. 

Timing.  The transmitter portion 
of each 208-type data set contains 
circuits that generate clock signals 
required to control the rate at 
which output signals are trans-

1 1 0 
(247S) 

101 
(337S) 

mitted ( 1600 bauds ) to within very Figure 5-4. Signal coding in 208-type 
close tolerance. However, a timing data set. 
signal may be furnished optionally 
from the customer terminal equipment. In this case, the clock in the 
data set transmitter is phase locked to the customer-provided clock 
signal. 

At the distant receiver, the line signal is  modulated to an inter
mediate frequency ( I F )  as shown in Figure 5-3. The IF signal is 
then filtered, full-wave rectified, and applied to a narrow bandpass 
filter with a center frequency at the symbol rate of the data set. The 
output signal from this filter is amplified and sliced to produce a 
square-wave signal at the received symbol rate which is used as the 
reference frequency input to a digital phase locked loop in order to 
provide additional phase stability for the receiver timing. The output 
of the phase locked loop is thus an extremely stable signal locked to 
the line signal in phase and frequency. The final processes in the re
ceiver, carried out in the digital demodulator and descrambler circuits, 
involve the decoding of the tribit symbols to binary signals and oper
ations that are the inverse of the scrambler unit of the transmitter. 

Equal ization .  A compromise equalizer is located with the transmitter 
circuits in the data set. This equalizer is adjusted at the time of in
stallation to one of four possible settings to provide nominal equaliza
tion of the transmission facilities. 
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In the receiving portion of the data set, a tapped delay line equalizer 
is used to compensate adaptively for amplitude and delay distortion 
introduced by the channel. Six delay sections, as shown in Figure 5-5, 
are used ; each has a delay of one symbol interval. At each of six tap 
points on the delay line, two attenuators are connected, one to mini
mize the in-phase component and the other to minimize the quadrature 
component of intersymbol interference. Such interference results 
from the distortion of pulses causing the pulse intended for trans
mission in one time interval to spread into time intervals assigned 
to other information pulses. Each set of delay line outputs is summed, 
the output of the quadrature summing amplifier is shifted 90 degrees 
relative to the output of the in-phase summing amplifier, and the two 
outputs are again summed to form the equalized output signal. The 
attenuators are adjusted automatically by an algorithm that minimizes 
the error rate in the output signal. 

Equalizer 
in 

fZ) Tap aHenuator 

Figure 5-5. Block schematic of adaptive equalizer. 

Equalizer 
out 

Signal Scrambling. To prevent the transmission of a long series of 
identical phase shifts and to preclude the necessity for placing re
strictions on input data sequences from customer terminal equipment, 
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the data is scrambled at the input to the data set transmitter. The 
scrambler circuit, especially effective in avoiding the transmission of 
long sequences of Os or 1 s, maintains a random-appearing sequence 
of phase shifts in the line signal. This feature is required to prevent 
the adaptive equalizer from diverging and to allow the receiver to be 
properly synchronized to the incoming signal. It also results in a 
signal power spectrum that meets requirements specified in the 
applicable tariff. 

As shown in Figure 5-3, a descrambling circuit, complementary to 
the scrambler in the transmitter, restores the signal to its original 
form before delivering it to the customer terminal equipment. The 
use of scrambling and descrambling involves a penalty in that the 
descrambler produces an increase in bit errors ; however, the block 
error rate is not materially affected. 

Ancil lary Features. Primary power for the 208-type data set is fur
nished from a commercial 60-Hz power source. Provision is made 
within the data set for primary power shut-down in the event of an 
excessive rise of temperature. If internal voltages increase excessively, 
a circuit is brought into action automatically to reduce voltages to 
safe values. The thermal protection feature automatically resets when 
the internal temperature drops to a safe value. The overvoltage circuit 
must be reset by removing and then reapplying the ac voltage to the 
data set. 

A number of test modes and maintenance features have been pro
vided in these data sets. Test conditions are estabilshed by the opera
tion of test option switches located on the front panel of the data set. 
An analog loop-back test can be performed at the data set without 
involving customer terminal equipment or telephone line facilities. 
A simple test signal is generated in the transmitter and looped back 
through the receiver. Errors in the received signal are indicated by 
a flashing front-panel lamp. 

Similarly, a digital loop-back test can be performed. With this 
arrangement, the remote data set is looped at the digital interface 
and acts as a regenerator. Test data is transmitted from and returned 
to the local data set and checked for errors. This type of test can be 
carried out only on four-wire private lines utilizing a 208A data set. 

Type-208 data sets can be placed in a test mode so that tests 
can also be performed by telephone company personnel operating 
from a data set center. Circuits are arranged for one-man testing 
throughout. 

TCI Library: www.telephonecollectors.info



1 52 Loca l Plant Facil ities Vol. 2 

REFERENCES 

1. Bell System Technical Reference PUB 41004, Data Communications Using 
Voiceband Private Line Channels, (American Telephone and Telegraph 
Company, Oct., 1973 ) .  

2. Bell System Technical Reference PUB 41005, Data Communications Using 

the Switched Telecommunications Network, (American Telephone and Tele
graph Company, May 1971 ) .  

3 .  American Telephone and Telegraph Company. Telecommunications Trans
mission Engineering, Volume 3, Second Edition (Winston-Salem, N. C. : 
Western Electric Company, Inc., 1977 ) , Chapter 13. 

4. American Telephone and Telegraph Company. Telecommunications Trans

mission Engineering, Volume 1, Second Edition (Winston-Salem, N. C. : 
Western Electric Company, Inc., 1977 ) , pp. 352-354. 

5. Engineering Department, Electronic Industries Association, Interface Be
tween Data Terminal Equipment and Data Communication Equipment Em
ploying Serial Binary Data Interchange - RS-232-C, ( Electronic Industries 
Association, Washington, D. C., Aug. 1969 ) .  

6 .  Bell System Technical Reference PUB 40000, Technical Reference Catalog, 
(American Telephone and Telegraph Company, June 1975 ) .  

7. Baker, P .  A .  "Phase-Modulation Data Sets for Serial Transmission at 2,000 
and 2,400 Bits per Second," AlEE Communciations and Electronics Trans
actions, (July 1962 ) , pp. 166-171. 

8. Bell System Technical Reference PUB 41213, Data Set 209A Interface 
Specification, (American Telephone and Telegraph Company, Preliminary, 
M ay 1974 ) . 

9. Ehlinger, J. C. and W. J. Wolf. "Design and Performance Evaluation of 
Eight Phase Data Sets for Use on Telephone Channels," IEEE Conference 
on Communication Conference Record, June 1974, Minneapolis, Minn. 

10. Bell System Technical Reference PUB 41209, Data Set 208A Interface 
Specification, (American Telephone and Telegraph Company, Nov. 1973 ) .  

11 .  Bell System Technical Reference PUB 41211, Data Set 208B Interface 
Specification, (American Telephone and Telegraph Company, Aug. 1973 ) .  

TCI Library: www.telephonecollectors.info



Local Plant Facilities 

Chapter 6 

Wideband Facilities 

Signals that occupy a bandwidth wider than voiceband often require 
specially treated transmission facilities. Among these signals are 
wide band data signals, some Digital Data System (DDS) s,ignals, and 
baseband television signals. The types of facilities involved are the 
transmission media, the terminal equipment used at the customer 
premises, and central-office-mounted equipment. Both customer
premises and central-office equipment may provide gain, equalization, 
impedance matching, and a number of operating and maintenance 
features necessary to integrate wideband services with the telephone 
plant. 

In some cases, local plant facilities furnished for wideband services 
are similar in design and operation to equipment required for inter
exchange and long distance transmission. These equipment items are 
discussed in later, more appropriate chapters but they are mentioned 
here in order to show more clearly the nature of the design relation
ships. 

A number of wideband facilities are also provided for visual tele
phone service, program services, and high-speed local baseband data 
service furnished primarily by using customer-provided equipment. 
A method of diplexing television video and audio signals by frequency 
modulation of a carrier at about 6 MHz by the audio signal is under 
consideration but design details are not now firm. 

6-1 WIDEBAND OAT A FACILITIES 

A substantial number of equipment types have been designed and 
produced for the transmission of specialized data signals required 
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for business and government purposes. Attention is confined here to 
a family of wideband data facilities originally designed for compati
bility with half-group, group, and supergroup bandwidths available in 
the L-multiplex equipment. Included are several arrangements for 
high-speed data transmission on T-carrier systems [1] . The short-haul 
N-carrier system has also been adapted to the transmission of these 
signals where bandwidth is suitable. In some cases, provision has 
been made for the alternate use of these bandwidths for data or voice 
channels. Wideband data applications are confined to switched and 
nonswitched private line services. 

Wideband Data Station 

Excluding the DDS, the 303-type data station is the principal equip
ment design used for coupling customer-owned data terminal equip
ment to Bell System transmission facilities [2, 3 ] . Serial signals 
synchronized to clock rates of 19.2, 40.8, 50.0, 230.4, or 460.8 kilobits 
per second (kbjs) may be transmitted. Asynchronous signals may 
also be transmitted with minimum permissible signal element ( pulse) 
widths of 52.0, 24.5, 20.0, 4.3, or 2.2 microseconds respectively for the 
available options. These options are provided by tha appropriate 
selection of coded data set within the 303-type family. 

Optional Features. In most installations, the 303-type data station 
equipment can be housed in a single cabinet 24 inches high, 24 inches 
wide, and 12 inches deep. A somewhat smaller cabinet is also available 
for use where equipm,ent requirements are minimal ; in a central 
office environment, the equipment can be rack mounted without a 
cabinet. Optional units that may be used to provide selected available 
features include the 404-type voiceband data set and the 809-, the 
804-, and the 806-type data auxiliary sets. 

The 303-type data set processes the signal from the customer 
terminal for transmission over various types of local and toll trans
mission facilities. A selection of data auxiliary sets must be made in 
order to satisJy requirements, such as operating speed and synchro
nous or asynchronous operation, of the specific service to be furnished. 
If synchronous operation is required, internal or external timing must 
be selected and a signal scrambler and descrambler must be provided. 
The options selected determine the code designation of the required 
303-type data station equipment. 
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The 404-type voiceband data set may be used to transmit parallel 
data at low speed over the voiceband coordination channel associated 
with each high-speed data channel. It is used primarily to control and 
coordinate operations at the two ends of a circuit over which asynchro
nous signals ( su ch as 2-level black and white facsimile) are to be 
transmitted. 

The 809-type data auxiliary set is used when the 303 data station 
is equipped to transmit 19.2 kbjs synchronous data or the equivalent 
asynchronous data ( 52 JLS minimum permissible signal element dura
tion ) . It translates the baseband signal from the data set to a vestigial 
sideband signal in the band between 28 and 44 kHz for transmission 
and then translates it back to baseband at the receiver. With the 
carrier at 29.6 kHz, the signal spectrum is made up of a 1 .6  kHz 
vestigial lower sideband and a 14.4 kHz principal upper sideband. 

The 804-type data auxi liary set provides a telephone instrument 
and the circuitry needed for operational control of the voiceband 
coordination channel and the wideband facilities. Voice communica
tion may be carried on while the wideband channel is in  use ; if the 
404-type data auxiliary set is used to provide low-speed data com
munication, voice communication and low-speed control signal com
munication cannot be carried on simultaneously. 

The 806-type data auxiliary set provides line termination and test 
capabilities. It contains test access jacks and circuits that may be 
used for loop-around connections which can be established by signals 
transmitted over the voiceband coordination channel from the central 
office. This feature is useful in isolating trouble conditions without 
visiting the station. 

Electrical Characteristics. Although data signals can be transmitted 
by a 303 data station at a number of different rates, the most common 
is 50 kb ;s. In all applications, the wide band data channel is provided 
as a four-wire ·channel and full duplex operation is possible. The 
voiceband coordination channel may be either two- or four-wire. 

Signal Format. Signals are transmitted between 303-type, data 
stations in a modified polar two-level form. A polar signal has low
frequency and de components which are blocked when the signal is 
transmitted through circuits that contain transformers andjor series 
capacitors. In addition, these signal components are difficult to cope 
with in the vestigial sideband mode of transmission which is desirable 
for band conservation. Therefore, the polar signal is modified by re-
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moval of the low-frequency and de components. In the receiving data 
set, these signal components are reinserted. A simplified schematic 
showing how low-frequency and de components are removed at the 
transmitter and restored at the receiver is shown in Figure 6-1 (a ) . 
The resulting waveforms are shown in Figure 6-1 (b ) . Note that the 
variations of the feedback signal at C are opposite in phase to the 
variations of the signal at B. At the output, the sum of the two is 
a restored form of the polar signal at A. These processes have led 
to the designation of the transmitted signal as a restored polar 
signal [4] . 

�t---------aB�---_:::.- - �----. 

Transmitter 
blocking 
circuit 

{a) Simplified schematic 

A .J9J  _ft 
8 r-, � 

...J LJ L----
c ----� .... �..:::;___--::::.....,..._ __ _ � � 

{b) I l lustrative signal waveforms 

restoration 
circuit 

Figure 6- 1 .  Restored polar signal  processing. 

The receiving portion of the 303-type data set contains a low-pass 
filter which shapes the signal spectrum to provide the required 100 
percent roll-off characteristic [5] . The filter must be selected accord
ing to the data rate. 

Data Signal Scrambler. Multichannel analog transmission systems 
are susceptible to intelligible crosstalk impairment due to intermodu
lation between speech signals and high-amplitude single-frequency 
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data signal components. The strong single-frequency signal compo
nents are produced when synchronous data signals contain a repeated 
bit pattern. For example, alternate 1 s and Os would concentrate the 
data signal power at one frequency. To prevent these objectionable 
bit patterns, a scrambler is used in the transmitting portion of the 
data set to spread the energy in the data signal more uniformly over 
the wideband data channel. This technique reduces the probability of 
crosstalk and permits operation of the data channel at higher signal 
amplitudes resulting in an improved signal-to-noise ratio. At the 
receiving data set, the signal is  restored to its original form by a 
descrambler before transmission to the business machine. Scramblers 
and descramblers are not used for asynchronous data signals. Such 
signals are expected to be sufficiently random so that single-frequency 
components of troublesome amplitudes are not generated. 

Access Faci l ities 

Wideband data signals share the Bell System facility network with 
many other types of signals. In most cases, access to the facility net
work is provided over the same wire pair cables that are used for 
telephone loops ; the wire pairs that connect a wideband data station 
to the serving central office are called a wideband data loop. In some 
cases, an N- or T -carrier system may be used but baseband trans
mission over the wire pairs usually provides good performance eco
nomically ; where necessary, wideband loop repeaters are also used. 

Transm ission Media. Certain engineering rules must be applied in the 
design of wideband data loops because of the required bandwidth and 
the susceptibility of data signals to random and impulse noise. These 
loops may be provided over any of the types of 19-, 122-, 24-, or 
26-gauge nonloaded cable pairs ordinarily used for telephone service. 
However, all bridged taps must be removed and mixed gauges should 
not be used in nonrepeatered loops nor in a repeater span. Where it 
is  possible to use a repeater at a j unction point between gauges, 
satisfactory performance can usually be achieved. 

To minimize noise susceptibility, office and customer premis·es 
wiring is double-shielded with special attent,ion paid to the grounding 
of the shields. Battery and ground leads are also shielded and central 
office repeaters are mounted in an electrically quiet location, usually 
in or adj acent to the wide band service bay. 
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Loop Repeaters. A number of wideband loop repeaters are available 
to provide the gain, gain regulation, and equalization needed for wide
band data transmission. These repeaters are designed for bidirectional 
four-wire transmission. They are used at customer locations, in central 
offices, or at intermediate locations and are designated respectively as 
customer repeaters, terminal repeaters, or 1intermediate repeaters. 
There are two general categories to be considered, wideband loop 
repeaters (WLR ) and wideband regenerative repeaters (WRR ) . 

Repeater Types. The WLR-1 repeater was des.igned to extend wide
band loops for 40.8 kbjs data signals transmitted for the type 301B 
data set [6] . This data set is used only in private line applications and 
generates the transmitted signal by a four-phase phase-shift-keying 
( PSK) method. This signal is of constant amplitude and is used to 
regulate the gain of the WLR-1. The WLR-2 �is similar to the WLR-1 
except that it is remotely mounted and usually receives power over 
the loop from a WLR-1 .  

The WLR-3 repeater provides amplification and equalization over 
the band from 1 to 50 kHz. It may be used for half-group and group
band data circuits but it is used infrequently because there �s no 
provision for automatic gain regulation. 

The WLR-4 repeater provides amplification, equalization, and gain 
regulation over the band from 1 to 250 kHz. It is used with data 
loops engineered for the transmission of data at a rate of 230.4 kbjs ; 
such signals occupy the supergroup band of the L-multiplex. The 
regulation of this repeater is controlled by a pilot signal transmitted 
above the data signal at 280 kHz. 

The WLR-5 was designed primarily to provide gain, gain regula
tion, and equalization for the transmission of 50 kbjs restored polar 
signals. It can also be used with loops on which 19.2 kbjs or synchro
nous 40.8 kbjs four-phase PSK signals are transmitted. 

The WRR-1 is a regenerative repeater designed to expand the flexi
bility and scope of wideband data networks. It is capable of regener
ating half-group, group, and supergroup synchronous and asynchro
nous signals. The mode of operation is changed to accommodate 
signals of either type. Asynchronous signals are reshaped before being 
retransmitted so that any previously accumulated pulse distortion or 
noise remains only as Jitter in the data transitions ; synchronous 
signals are retimed before being retransmitted. 

TCI Library: www.telephonecollectors.info



C hap. 6 Wideband Faci l ities 1 59 

Transmission Plan. The application of WLR-type repeaters is best 
illustrated by the WLR-5, the most commonly used of these repeaters. 
Figure 6-2 shows how terminal, intermediate, and customer WLR-5 
repeaters might be used on a 50 kbjs loop. Only one direction of 
transmission is shown. The typical system level points given show 
that the gain is 0 dB between the wideband service bay in the central 
office and the 806B data auxiliary set in the 303-type data station. 
The maximum gain of a repeater at 25 kHz is 30 dB. This gain must 
compensate for the loss of a cable section and any cabling in the 
central office or at the customer premises. As shown i n  the figure, 
regulators and adj ustable ampl1ifiers are used at intermediate and 
customer repeaters. For the opposite direction of transmission, regu
lators and adjustable amplifiers are used at intermediate and terminal 
repeaters. Where there is a very short loop, one having 6-dB loss or 
less at 25 kHz, only a nonregulating terminal repeater is necessary. 

The WLR-5 repeaters maintain the proper system level points at 
the wideband service bay and at the data station in order to facilitate 
loop-back testing. The repeater output is at a system level point of 
+6 dB which limits the maximum total signal power on the loop 
to +6 dBm. 

The 50 kb/s loop is limited to a length which produces 90 dB of 
cable loss at 25 kHz under nominal conditions. This maximum loop 
contains three sections and requires the use of one terminal repeater, 
one customer repeater, and two intermediate repeaters. Depending on 
the type of cable used, the maximum loss criterion is equivalent to 
approximately 22.5 miles for 19-gauge cable, 14 miles for 22-gauge 
cable, 10 miles for 24-gauge cable, and 7.5 miles for 26-gauge cable. 

While the frequency band of WLR-5 repeaters is usually referred 
to as 1 to 50 kHz, flat gain  and linear phase characteristics are pro
vided to much lower frequencies than 1 kHz because performance at 
higher frequencies is affected by the low-frequency cutoff charac
teristics. The principal el�ment that controls this characteristic is 
the transformer that couples the repeater to the cable pair. Each 
transformer has a natural cutoff with 3 dB of discrimination at about 
15 Hz. A connection may include a number of these transformers in 
tandem and discrimination must be limited to no more than 3 dB at 
100 Hz in overall channel response. A critical factor is the envelope 
delay distortion that arises at moderately low frequencies from sharp 
low-frequency discrimination. 
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Figure 6-2. Transmission plan for WlR-5 appl ication to 50 kb/s loop. 

Equalization. In Figure 6-2, an adj ustable preamplifier is shown in 
the intermediate and customer repeaters. A similar preamplifier ( not 
shown) is used in the terminal repeater for the opposite direction of 
transmission. These preamplifiers are designed to compensate for 
the loss/frequency characteristics of the preceding section of cable 
pair. Adjustments are made at the time of installation. A 1-kHz signal 
is first transmitted over the pair and the flat-gain adj ustment of the 
repeater is made to provide the required output signal amplitude. 
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The preamplifier contains six equalizer networks, each of which 
may be adj usted to provide the required gain at a specified frequency 
and to control the gain over a limited band near that frequency. Each 
gain-adj usting potentiometer is labeled with the frequency at which 
a measurement should be made for the adjustm·ent of that network. 
A signal is transmitted over the line at each adjustment frequency, 
starting with the lowest. The gain of the preamplifier is thus set to 
match the loss of the preceding section of cable to within ± 0.5 dB at 
all frequencies. The best results are obtained with 22- and 24-gauge 
cable where the loss can be matched to within about ± 0.12 dB. 

Adequate delay equalization of the line is also accomplished as a 
result of the loss equalization. A low-frequency-compensated regulator 
is available for use in special situations to correct excessive phase 
distortion at low frequencies. It replaces the flat-gain adjusting 
circuit and, in some cases, permits a loop to be extended to four 
repeatered sections. 

Regulation. PHot regulation of WLR-5 repeater gain is provided 
where required. A 60-kHz pilot signal is transmitted from the cus
tomer or terminal repeater to control the gain of the regulating re
peater at the receiving end of ·each repeater section. The loss of a 
regulating network is controlled to compensate for cable pair loss 
characteristic changes that result from temperature variations. A 
switch may be operated to alter the network characteristic at the time 
of installation where the repeater is used with 19-gauge cable pairs in 
which the dynamic loss characteristic differs significantly from those 
associated with 22-, 24-, and 26-gauge pairs. 

Centra l Office and Carrier System Equipment 

For each of the carrier systems commonly used, terminal equipment 
is available to permit the transmission of wideband data signals. 
These terminal arrangements are described here briefly in order to 
show how the local plant facilities are related to the carrier plant. As 
previously mentioned, carrier systems equipped with data terminals 
are also used in the loop plant. 

All central office equipment associated with wideband data transmis
sion is coordinated at wideband service bays. These bays are available 
in small and large capacity arrangements. They provide distributing 
frame capability, miscellaneous j ack fields for cross-connections and 
for test and maintenance access to voiceband coordination and wide-
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band circuits, and mounting space for terminal and intermediate loop 
repeaters. Provision is also made for mounting a variety of test and 
data station equipment useful in central-office controlled maintenance 
activities. Bay arrangements permit orderly growth by the installation 
of different combinations of service and test bays. 

L-Mu ltiplex Equipment. A number of modulator-demodulator units, 
called modems, are available to permit wideband data signals to be 
combined by frequency division multiplexing with many other signals. 
Each of the wideband channels has been designed to occupy the basic 
group and supergroup frequency spectra of the multiplex facilities, 
60 to 108 kHz and 312 to 552 kHz, respectively. A dedicated voice
band channel in each spectrum is normally used to coordinate the 
operation of the wideband channel . The wideband equipment units are 
designated as LWM-type modems [7] . 

The LWM-1 modem, now obsolete and rarely used, provides for the 
transmission of 40.8 kb/s signals in the group band. These four-phase 
PSK signals, generated in the 301B data set, occupy the spectrum 
from 10.2 to 51 kHz. The LWM-1 shifts that spectrum to the band 
from 60 to 104 kHz and provides a voiceband coordination channel be
tween 104 and 108 kHz. The modem replaces a channel bank which 
ordinarily accommodates twelve voice channels. 

The LWM-2 modem provides a bandwidth such that any baseband 
signal that occupies the band from 1 to as high as 190 kHz is modu
lated in a vestigial sideband format that occupies most of the 
L-multiplex basic supergroup band, 312 to 552 kHz. The LWM-2 is 
used for 230.4 kb/s wideband signals generated by one version of 
the 303-type data sets and provides a voiceband coordination channel 
between 312 and 316 kHz. The LWM-2 replaces, electrically but not 
physically, the L-multiplex group bank. The equipment must be 
mounted in a miscellaneous bay and wired into the L-multiplex 
equipment. 

The L WM-3 and L WM-4 are companion units ; each is designed to 
place a 19.2 kbjs data signal (28 to 44 kHz) and a related voiceband 
channel from a 303-type data station into a portion of the basic 
groupband spectrum. Each modem requires the same bay space as an 
A5 channel bank and is mounted in a miscellaneous bay. The LWM-3 
places the data signal in the band from 86 to 102 kHz and the asso
ciated voiceband signal between 104 and 108 kHz. The LWM-4 places 
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the data signal in the band from 66 to 82 kHz and the voiceband signal 
between 60 and 64 kHz. Two data signals may thus be transmitted 
simultaneously in the group band. 

The LWM-6 modem has replaced the LWM-5 modem which is no 
longer manufactured. The LWM-6 provides a 63- to 104-kHz channel 
in the L-multiplex group band for the transmission of 50 kb/s data 
signals generated in type 303 data stations. A voiceband coordination 
channel is also provided between 104 and 108 kHz. These modems are 
mounted in miscellaneous bays. Electrically, the high-frequency 
LWM-6 signal replaces that of an A-type channel bank. 

In each of the group and half-group applications, signals may be 
applied to the L-multiplex system through an LW A-1 alternate use 
panel. This panel allows the group band to be used, under customer 
control, alternatively for the transmission of twelve voice signals. In 
the case of half-group transmission, the LWA-1 is used to combine 
signals from an LWM-3 and an LWM-4 modem and, under customer 
control, permits the alternate use of either half-group band for the 
transmission of six voice signals or both bands for twelve voice 
signals. Alternate use is  not furnished with the LWM-2 supergroup 
data service. 

N-Carrier Equ ipment. The bandwidth of the N -carrier system is 
sufficient to permit transmission of group band or lower speed data 
signals. The system can be used to transmit 19.2 kb/s and 50 kb/s 
signals from 303-type data stations and 40.8 kb/s data from the 
301B data set. Three equipment units are involved, the N2WM-1 
modem, the N2WM-2 modem, and the N2WT-1 terminal. 

The N2WM-1 modem consists of plug-in units that can provide a 
40.8 kHz band for transmission of a 301B data set signal or a 
19.2 kb/s vestigial sideband signal from a 303-type data station. The 
plug-in units may be used to replace six of the twelve channel units 
in an N2 terminal. In this arrangement, the composite signal consists 
of six voice signals and the wideband data signal. 

The N2WM-1 modem units may also be plugged into an N2WT-1 
terminal. In this arrangement, the transmitted signal consists of the 
wideband data signal and four single-frequency signals used for 
regulation of N -carrier line repeaters. Two voice channels are also 
available, one for voice coordination and one for telephone company 
administrative use. A customer-controlled alternate use feature pro-

TCI Library: www.telephonecollectors.info



1 64  Local Plant Facil ities Vol. 2 

vided in the N2WT -1 permits the substitution of standard N2 voice 
channels for the composite wideband signal. The administrative 
channel is retained so the system is used for a total of thirteen voice 
channels in this arrangement. 

The N2WM-2 modem provides for the transmission of a 50 kb/s 
signal or 19.2 kb/s baseband signal from a 303 data station. The 
equipment is mounted in the N2WT-1 terminal which contains circuits 
so that the N -carrier spectrum may carry a wideband signal and two 
dedicated voice channels or may alternatively carry the two dedicated 
voice channels and eleven standard voice channels. Only one single
frequency signal is required for line regulation. 

T-Carrier Equipment. Terminal units, called T1 WB-type wide band 
data banks and T1WM-type modems, are available to process wide
band data signals for transmission over the T1 Carrier System. Some 
of these units require that the entire Tl system be dedicated to data 
signal transmission ; others are designed to transmit time division 
multiplexed combinations of data signals and pulse code modulated 
speech signals. This terminal equipment can transmit either synchro
nous or asynchronous signals from 303-type data stations. 

The organization of the 1544 kb/s T1 line bit stream is intended 
primarily for transmission of 24 speech signals that are pulse code 
modulated and time division multiplexed. In this organization of the 
line signal, 64 kb/s are used for each coded speech signal. Thus, 
64 X 24 == 1536 kb/s of the 1544 kb/s line signal rate carry voice 
signal i nformation. The remaining 8 kb/s are used as framing pulses 
to provide synchronization for the demultiplexing processes at the 
receiving terminal. 

The need to accommodate asynchronous signals led to the assign
ment of 3 line signal bits to carry the i nformation regarding each 
i nput data signal transition thus eliminating the possibilty of trans
mitting a 50 kb/s data signal in a voice channel of 64 kb/s. The first 
of these three line bits identifies the time slot in which the transition 
occurs, the second bit indicates whether the transition occurs in the 
first or second half of the time slot, and the third bit indicates the 
direction of the transition, i.e., positive-to-negative or negative-to
positive [8] . This format, sometimes called sliding index or transition 
coding, results in the design of a flexible and inexpensive terminal 
with an output signal which displaces three pulse code modulated 
speech signals. Since wideband data channels are relatively few in 
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number and are provided on T1  carrier for only short distances, the 
economic advantage of an inexpensive terminal generally outweighs 
the inefficient use of the line facility. 

With transition coding, the T1 line bit stream can theoretically 
provide up to 8 channels to carry asynchronous signals at 64 kb/s, 
4 channels for 128 kb/s signals, 2 channels for 256 kb/s signals, or 
1 channel for a 512 kb/s signal. The maximum rate of each W:ideband 
channel is ample for the signalling rates delivered by 303-type data 
sets. Several terminal arrangements have been designed to accommo
date such signals and are arranged to provide flexible combinations 
of wideband data and pulse code modulated speech signals. The avail
able combinations, which require T1 WB-1, T1 WB-2, T1 WM-1,  or 
T1  WM-4 wide band terminal units, are shown in  Figure 6-3. The 
T1 WM-4 is similar to the T1 WM-1 except that it is designed for 
customer premises mounting and the digital interface is somewhat 
different. These modems may be used to provide one 19.2, one 50, or 
one 230.4 kb/s channel but, under these conditions, the T1 line is 
used very inefficiently. 

WIDEBAND NO. MAX. BIT RATE, kb/ s 
TERMINALS CHANS. 

SYNCHRONOUS NONSYNCHRONOUS 

8 50 50 

T1WB-1 
4 50 50 
1 230.4 250 

----

2 230.4 250 
f---

T1WB-2 2 230.4 250 

T1WM-1 1 460.8 500 

T1WM-4 1 460.8 500 

Figure 6-3 .  Combinations of wideband data signals on Tl -carrier. 

The T1 WB-3 bank permits the time division multiplexing of speech 
and wideband data signals in various combinations. Figure 6-4 shows 
the achievable combinations expressed in terms of supergroup, group, 
or half-group signals. 

The voiceband coordination channel normally furnished with the 
wideband data channel in analog systems is administered separately 
from the wideband channel in the T1 system. It is usually treated as 
an ordinary voice-frequency channel in the same or in a paralleling 
T1 Carrier System. 
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NUMBER OF CHANNELS 

WIDEBAND DATA 
VOICEBAND 

HALF-GROUP OR GROUP SUPERGROUP 

1 - 21 

2 - 18 

3 - 12 

4 - 12 

- 1 12 

Figure 6-4. Multiplexing combinations with one Tl WB-3 and one D l  channel bank. 

A number of other data terminals (T1DM, T1 WB-4, and T1 WB-5) 
are available for use with the T1 Carrier System. These are used 
primarily for interoffice connections in the Digital Data System 
( DDS) [9] . 

6-2 lOCAL PLANT FACiliTIES FOR DDS 

DATA-PHONE digital service is provided over the Digital Data 
System. Switched message network service and DATA-PHONE 
digital service are independently provided but the systems that pro
vide these services share the facility network. Synchronous digital 
data transmission is provided at a number of signalling rates called 
service speeds. Duplex service is presently provided on point-to-point 
and multipoint private lines. The signals are routed exclusively over 
digital transmission facilities. No provision is made in the DDS for 
alternate speech signal transmission or for voice coordination ; how
ever, DDS signals may be combined with other signals for trans
mission over shared facilities [10] . 

The four service speeds provided in the DDS are 56, 9.6, 4.8, and 
2.4 kb/s. Synchronous signals are accepted at any one of these signal
ling rates from customer terminal equipment. They are transmitted 
over loop facilities to the central office and combined with other DDS 
signals by time division multiplex techniques. Note that the available 
service speeds include several voiceband applications and one wide
band application. 

The DDS facilities are also used to provide private line wideband 
data service. Two service rates are possible. By adapting a 306-type 
data set to this type of service, synchronous data may be transmitted 
at 1 .344 Mb/s. The facilities may also be used to transmit non
synchronous data at the DS-1 rate, 1 .544 Mb/s. 
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Customer Premises Equ ipment 

Two types of equipment are used at customer premises to link the 
transmission facility with the data source ( computer or business 
machine) .  The first, called a channel service unit ( CSU) , terminates 
the transmission facility and connects with customer-provided ter
minal equipment. The second, called a data service unit (DSU) , is 
functionally equivalent to a data set in that it provides total data 
service from one customer business machine to another. 

Channel Service U nit. Where customer-provided terminal equipment 
is used to transmit and receive signals that meet the DDS specifica
tions, a CSU is used to terminate the four-wire loop at the customer 
premises. The CSU provides equalization of the receiving loop cable 
pair, loop-around testing capability, and network protection. A specific 
CSU design must be selected to accommodate the service speed re
quired for each installation [ 1 1 , 12] . Signals furnished from the 
customer terminal to the CSU must be synchronized at the specified 
service speed and must conform to the interface requirement for a 
bipolar, return-to-zero, 50-percent duty cycle format. In the trans
mitting direction (toward the central office ) the CSU amplifies, filters, 
and couples the signals to the loop. In the receiving direction, the CSU 
amplifies, equalizes, and slices the incoming signals before trans
mitting them to the customer terminal equipment. 

Data Service Un it. Where the customer chooses complete data service, 
a DSU of the appropriate service speed is provided at the customer 
premises. The DSU performs all of the functions previously described 
for the CSU. In addition, the DSU provides signal coding and de
coding, timing recovery, synchronous sampling, and the generation of 
and response to control signals. All timing is derived from the bipolar 
bit stream received from the loop. The DSU accepts synchronous 
binary data signals from the customer terminal and converts them to 
a properly shaped, bipolar, return-to-zero format for transmission on 
the loop. In the opposite direction, this process is reversed. 

The interface with the customer terminal must meet the standard 
RS-232-C specifications for a Type D or Type E interface at the 2.4, 
4.8, and 9.6 kb/s service speeds [13] . The interface for 56 kb/s is 
based on CCITT standard V.35. 

Signal Formats. The bipolar signal used for data transmission be
tween the customer premises and the central office is illustrated in 
Figure 6-5. The signal is transmitted at the rate corresponding to the 
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service speed selected by the customer. The 2.4, 4.8, and 9.6 kb/s rates 
are called subrate speeds. 

Figure 6-5. Bipolar, return-to-zero, 50% duty cycle data signal .  

While data is normally transmitted in the bipolar form, which re
quires that successive 1 s in the signal be transmitted with alternate 
plus and minus polarities, bipolar violations are use d  in the signal to 
convey special information. Specially coded sequences are used when : 
( 1 )  the distant DSU is transmitting an idle code to indicate that there 
is no data message being transmitted ; ( 2 )  a trouble condition exists 
in the receiving path ; (3)  the DSU is being tested from the serving 
test center ; ( 4 )  a series of 6 or more Os (7 for 56 kb/s) appears in 
the customer data signal. Such a series of Os, not allowed in the trans
mitted signal, is replaced by coded bipolar violations which are de
tected at the receiving DSU. The bipolar violations are then removed 
and the proper number of Os replaced in the signal before it is passed 
on to the customer receiving terminal equipment. Thus, there is no 
restriction on customer data sequences. 

Access Facil ities 

The CSU or DSU at the customer premises is connected to a DDS 
office by a four-wire nonloaded loop. Where the local serving office is 
not equipped for DDS service, the loop must be extended through that 
office over interoffice cable facilities to a DDS office. The local serving 
office is then called a baseband office and the interoffice connection is 
regarded as a part of the loop. For 56 kb/s service, a repeater may 
be used in the loop. 

Loop Facil ity Selection. The maximum allowable insertion loss for a 
DDS loop is 31 dB at a frequency numerically equal to one-half the 
bit rate. Thus, the selection of loop facilities is dependent on the 
gauges of cable pairs available and on the specified service speed. The 
relationships among service speeds, wire gauges, maximum loop 
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lengths, and insertion losses are given in Figure 6-6. For mixed gauge 
applications, the maximum loop length is specified approximately by 
the 31-dB overall loss limitation and the insertion losses given in 
the figure. 

BIT RATE, kb/s 

WIRE 2.4 4.8 9.6 

GAUGE 
LENGTH,* LOSS,t LENGTH,* LOSS,t LENGTH,* LOSS,t 

kft d B / kft kft d B / kft kft d B / kft 

1 9  114.8 0.27 86.1 0.36 67.4 0.46 

22 73.8 0.42 56.4 0.55 43.1 0.72 

24 56.4 0.55 42.5 0.73 32.3 0.96 

26 41.9 0.74 32.3 0.96 24.8 1 .25 

*Lengths are maximum acceptable. 

t Losses are insertion losses between 135-ohm terminations at the 
frequency corresponding numerically to one-half the bit rate. 

Figure 6-6. loop lengths and losses for DDS. 

56 

LENGTH,* LOSS,t 
kft d B / kft 

40.8 0.76 

24.2 1 .28 

17.2 1.80 
12.9 2.40 

In addition to these limits, the use of cable pairs in separate cable 
units is recommended to minimize the risk of interference with other 
services and transmission systems. Load coils are not permitted and 
the length of allowable bridged taps is limited. Mixed cable pair 
gauges are permissible ; insertion loss for each gauge can be deter
mined for any length by linear interpolation of the length and loss 
values given in Figure 6-6. 

Where customer locations are outside the established serving area 
for the DDS, service may be provided by analog extensions based on 
engineering criteria similar to those applied to conventional analog 
private line data services. Data sets have been adapted to terminate 
these links at both ends. 

Central  Office Terminations. All DDS access facilities are terminated 
in the DDS central office by an office channel unit ( OCU) . This unit 
must be selected to match the customer service speed. On the loop 
side, the OCU functions in a manner similar to that described for the 
CSU and DSU in respect to gain and e·qualization. In addition, a low 
value of de, called sealing current, is transmitted from the OCU to 
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the loop and customer premises equipment. This current maintains a 
low resistance at splices and other connection points by breaking down 
small accumulations of dirt and oxides. A reversal of the sealing 
current polarity, initiated in the OCU, is used at the CSU or DSU to 
establish a loop-back condition. The de current reversal is made in 
response to a control signal from the serving test center or OCU 
location. 

On the central office side of the OCU, other functions are performed 
to satisfy system operations requirements for the DDS. These include 
flexible cross-connection, submultiplexing, and digital hierarchy 
multiplexing [9] . 

6-3 BASEBAND TElEVISION FACiliTIES 

The intercity network of television transmission facilities in the 
United States is provided almost exclusively by microwave radio 
transmission systems. H,owever, intracity facilities must be provided 
to interconnect broadcast studios, control sites, and broadcast trans
mitters and to connect these points through a telephone company 
television operating center (TO C )  to the intercity facility network. 
The intracity facilities may also be used to provide closed-circuit 
service for drama or sports presentations. Most of the needs for 
intracity transmission are met by A2-type video transmission systems. 
The A4 system is used for very short ( 0.5 mile or less ) applications. 

The A2-Type Video Transmission Systems 

Baseband A2 video transmission systems, first developed to meet 
intracity transmission needs, were based on electron tube technology. 
Improvements in design were introduced in the A2A system which 
had greater flexibility and broader application than the A2 [14] . This 
system was subsequently replaced by the solid-state A2AT system. 

Media. Most baseband video signals are transmitted on 16-gauge 
shielded cable pairs which are often assembled in cables with ordinary 
trunk pairs used for telephone service. The 124-ohm characteristic 
impedance of the pairs is carefully controlled in design and manu
facture so that, when properly terminated at a repeater or terminal , 
reflections are held to a minimum. The attenuation characteristic of 
these cable pairs is illustrated in Figure 6-7. The low-frequency at-
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Figure 6-7. Typical atten uation/frequency characteristics for 1 6-gauge video pairs. 

tenuation is very low and amplifier gains and equalizer designs are 
determined primarily by the high-frequency loss of the cable pair. 

Television signals are highly susceptible to interference from cross
talk of other signals into the television channel. In addition, the con
centration of energy at discrete frequencies in television signals 
causes problems of crosstalk interference from the television channel 
into other channels. These problems are minimized by the use of 
shielded cable pairs. For intraoffice wiring, 75-ohm coaxial cable may 
be used. 

Equ ipment Arrangements. Although the A2A and A2AT systems are 
compatible and there is some A2A equipment still in service, the dis
cussion here is confined to the A2A T system. Each system can be 
regarded as a one-direction transmission facility. Even where two 
directions of transmission are provided, the system for each direction 
can be considered as independent of the other. 

A basic system consists of a transmitting terminal, a receiving 
terminal, and the interconnecting shielded cable pair. Such a minimal 
system can be used to compensate for 82.5 dB of video cable pair loss 
at 4.5 MHz, the loss of about 4.5 miles of cable. Repeaters may be 
used to extend the length of the system. Each added repeater increases 
the permissible cable loss by 82.5 dB. Thus, one repeater added at the 
midpoint of the cable span extends the length of a system to about 
9 miles. Individual multirepeater systems up to 30 miles long are 
currently in operation. 
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Each terminal and repeater is arranged to permit flexible combina
tions of the pads, equalizers, and amplifiers required for different 
circuit lengths. With the exception of the 331A variable equalizer, 
used at a receiving terminal, these are all plug-in units. The 331A is 
too large to be packaged conveniently as a plug-in unit. The terminals 
and repeaters mount in standard 19-inch equipment bays. A trans
mitting terminal requires 5-1/4 inches of vertical bay space, a re
peater 10-1/2 inches, and a receiving terminal, ( including the 331A 
equalizer) 15-3/4 inches. Power units are not included and must be 
provided separately. 

In addition to these standard equipment arrangements, portable 
terminal and repeater units are available to permit temporary in
stallations. These are often required in order to broadcast sports 
events or unusual news stories. 

Electrical Characteristics. The A2A T system provides a well-equalized, 
4.5-MHz video channel on shielded cable pairs. The equalization cor
rects both attenuation/frequency and delay distortion. 

Tandem operation of 12 systems is permitted ; a total of three re
peater sections in the 12 systems may be of the maximum 4.5-mile 
length. Where the number of maximum-length sections exceeds three, 
intermediate repeaters must be used in order to meet signal-to-noise 
objectives. 

Signal voltage levels are expressed in dBV ( dB relative to 1 volt 
peak-to-peak) and are sometimes written in a fractional form, e.g. ,  
0/0 dBV. The numerator of the fraction represents the level for low 
video frequencies ( near de) and the denominator represents the level 
for 4.5 MHz. The A2AT input signal is usually received from an 
unbalanced source at a 0/0 dBV level. The output level delivered to a 
balanced or unbalanced termination is also 0/0 dBV ; thus, the A2AT 
introduces zero insertion loss. 

Transmission Layout. Figure 6-8 shows a typical two-section lay
out of an A2AT system. All amplifiers used in the receiving and 
transmitting terminals are designed with negative feedback and have 
a flat gain/frequency characteristic. The compensation for the 
loss/frequency characteristic of the cable is provided entirely in the 
A2AT equalizers. Therefore, the amplifier gains must compensate for 
the losses of these equalizers as well as for cable loss. The system is 
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lined up in accordance with the voltage levels shown in Figure 6-8. 
These levels have been established at values designed to prevent ex
cessive noise penalty and to minimize the likelihood of amplifier 
overload. 

lnput [�'l, 
�dBV) 

( -1 0/-60 dBV 
min.) 

Post-equalization 

Transmitting 
terminal 

(- 1 0/+22.5 dBV 
max.) 

(0/0 dBV) Pre-equalization ( - 1 0/+22.5 dBV 

Repeater 

Receiving 
terminal 

max.) 

Output 

Figure 6-8. Typica l A2AT system transmission layout. 

The system is arranged for either 124-ohm balanc-ed ( two-wire) or 
75-ohm unbalanced (coaxial ) input and output. At the input to the 
transmitter, connections may be established through a jack to balanced 
or unbalanced circuits. The required oonnection is made by internal 
j ack and plug arrangements not shown in the figure. For an un
balanced input, the connection is made directly to the equalizer when 
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the incoming circuit shield is grounded. For a balanced input or for 
an unbalanced input with ungrounded shield, the connection is made 
through an amplifier with 0-dB gain. At the output, the selection is 
made by inserting the clam per amplifier into the appropriate j ack 
receptacle. No wiring changes or other adj ustments are required. 

Equal ization.  Fixed 330-type plug-in equalizers are used in terminals 
and repeaters to provide most of the equalization of the cable charac
teristic. With these equalizers, the square-root-of-frequency compo
nent of line loss can be equalized to within a residual deviation of 
± 1.25 dB at 4.5 MHz. For short repeater sections, a flat-loss pad 
must be used so that the loss of pad plus equalizer is properly com
pensated by the following flat-gain amplifier. Equalization of the 
residual deviation is provided by adj ustable equalizers located in the 
receiving terminal. With the combinations of equalizers and amplifiers 
that can be used in the A2A T system, the video channel can be equal
ized to be flat to within ± 0. 1  dB over the band from 30 Hz to 4.5 MHz, 
a span of over 17 octaves in frequency. This wide band contributes 
significantly to the complexity of equalizers and makes highly ac
curate impedance matching between the cables and the electronic 
equipment mandatory. Pre- and post-equalization is used in order to 
limit the required range of adjustable equalizers, to maximize the 
signal-to-noise ratio, and to minimize overload penalties that may be 
incurred when all equalization is placed at one end of a link [15] . 
Delay distortion at the high-frequency end of the band is corrected 
by delay equalizers installed in the receiving terminal according to 
prescription that depends on the overall length of the circuit. 

The A2A T system is equalized from the transmitting end to the 
receiving end on a section-by-section basis. This procedure provides 
the most accurate achievable gain equalization. 

The A4 Video Transmission System 

This system provides a video channel 10 MHz wide over shielded 
cable pairs up to 0.5 mile long. In addition, a span of about 0.3 mile 
is achievable with unshielded balanced cable pairs ; with unbalanced 
coaxial cable, a span of about 500 feet is the recommended maximum. 
The system can be used economically as a temporary or permanent 
intracity video link and is especially appropriate for portable use to 
connect a mobile pickup unit to telephone company facilities. 
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The A4 system consists of a very small and simple transmitter, a 
cable pair transmission medium, and a receiver that provides all of 
the amplification, equalization, clamping, and power supply functions 
in the system. No repeater is required because the system is designed 
only for very short single-link circuits. 

The only function of the transmitter is to convert an unbalanced 
75-ohm input to a balanced 124-ohm output with 0-dB gain. If the 
medium is 124-ohm balanced at the input, a transmitter is not used. 
When used, it receives power over the medium from the receiver. 

Equalization is provided in the receiver over the video band up to 
10 MHz. Receiver gain can compensate for a loss of up to 9 dB at 
4.5 MHz. Since there are differences in low-frequency characteristics 
among the various transmission media that may be used, a variable 
low-frequency equalizer is also provided. Amplification is provided by 
several fixed-gain amplifiers and a clamper amplifier which maintains 
the signal at a fixed 0-dBV reference value. Levels are adjusted by 
means of adj ustable attenuators to give a 0-dB insertion loss for the 
system. 

The transmitter and receiver are available as small, neatly-packaged 
portable units to make them convenient for temporary installations. 
The transmitter is 1-3/4 inches high, 3 inches wide, and 5 inches deep. 
The receiver is 1-3/4 inches high, 17-1/2 inches wide, and 14 inches 
deep. This equipment can also be mounted permanently on central 
office equipment racks. 
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Chapter 7 

Central Office Equ ipment 

The transmission characteristics of central office equipment result 
from a wide variety of circuits, transmission paths, and interre
lated switching and transmission functions. The transmission paths 
through the central office include all of the wiring and cabling between 
cable vaults where central office cable is connected to outside plant 
cabling, terminating trunk circuits, and (where switching is involved) 
transmission paths through the switching machine. I n  addition to 
being parts of the office transmission paths, trunk circuits provide 
many auxiliary functions, such as a signalling interface and imped
ance matching, that are indirectly or directly related to transmission. 
These functions as well as switching system features and functions 
are discussed in terms of transmission effects. For example, the sequ
encing of calls involves many processes such as battery feed transfer, 
battery feed reversal, the switching of idle circuit terminations, and 
repeater or echo suppressor enabling and disabling. These processes 
can deteriorate transmission and must be adequately controlled. 

Transmission through a central office is further complicated by 
two- and four-wire operation used for both switching and transmis
sion. In addition, the several types of switching and signalling systems 
in use require a variety of transmission circuits and terminations. 
Line and trunk impedance values vary widely and strongly influence 
the design of the central office auxiliary and interface circuitry. 

Many central offices provide interface functions for the transmis
sion of digital signals. Some of the interfaces are points of transition 
between analog and digital signal formats such as those required to 
switch voice signals in a digital toll switching system. 
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The video network for broadcast television service also requires 
considerable equipment for signal administration. This equipment is 
often located on telephone company premises in central office buildings. 

All of these circuits, features, and functions must be designed and 
maintained in such a manner as to limit and control transmission 
impairments. All of the impairments that normaUy affect transmis
sion (noise, echo, loss, crosstalk, and harmonic distortion ) may be 
caused by central office equipment. 

7- 1 CENTRAL OFFICE TRANSMISSION PATHS 

M ultipair outside plant cables usually terminate in a vault in the 
basement of or immediately outside a central office building. These 
cables are spliced to other cables that are routed through the build
ing to main distributing frames ( MDF) . Jumpers are used at the 
MDFs to connect switching machines with other central office 
equipment and with loops and trunks. The MDF also provides pro
tection from unwanted voltages such as those due to lightning and 
crosses with power lines. The interconnections involve interfaces 
among signalling, switching, power, and transmission equipment. 
While the cables between the distributing frames and the vaults are 
within the central office buildings, they are usually considered as part 
of the outside plant. Central office transmission performance is typi
cally evaluated between main distributing frame appearances. 

In addition, there are many other distributing frames used through
out a central office. These cross-connection facilities are subject to 
continuing change accomplished by the movement of j umpers in the 
frames so that cable pairs may be connected to different equipment 
items or to other cable pairs as required. The frequency of change is 
very low but, in principle, the interconnection functions are similar 
to those of a switching machine. Important differences are that a 
switching machine operates on a per-·call basis and is engineered to 
concentrate traffic as it is  routed through the machine. 

I ntraoffice Wiring 

Direct and multiple wiring is used to provide transmission paths 
within a central office. In addition, there is a large amount of wiring 
that is not directly related to transmission such as the wiring that 
carries the control signals to operate the switching machine. 
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The direct wiring interconnects various items of transmission, 
signalling, and switching equipment in the office. These wiring paths 
must meet stringent requirements for transmission loss, return loss, 
and interference. Path lengths may be quite varied and in order to 
maintain control of cross-office losses and loss variations, the maxi
mum lengths of these paths are often specified as design requirements. 
Similarly, wire gauge, pair twisting, separation between wires that 
carry different amplitudes or types of signals, and, in most cases, the 
relative locations of various equipment items are also specified so 
that transmission objectives can be met. 

Multiple wiring is the term applied to the many interconnections 
within a switching matrix or a manual switchboard. The varying 
lengths of the multiple wiring paths can cause different degrees of 
exposure to certain types of induced interferences. These multiples 
also act as bridged taps which often result in transmission impair
ment. The design of these multiple paths must be carefully specified 
if transmission performance is to be controlled. 

Switching Networks 

The matrix of interconnected switching devices through which 
connections are established is called a switching network. The switch
ing devices and the manner in which they are arranged in a network 
in different types of switching machines vary widely. The variations 
may result in a different set of transmission problems in each type. 
The machines most commonly used are step-by-step, crossbar, and 
electronic switching systems (ESS) . 

Step-by-Step Systems. For each digit dialed in these systems, a switch 
like that shown in Figure 7-1 (a )  is used to advance a call step-by-step 
through the switching network. This mode of operation is called 
progressive control or dial control because switch operation is con
trolled directly by the station set dial. Different types of switches, 
called line finders, selectors, and connectors are used in the switching 
network. 

Each switch contains a shaft which steps vertically and then rotates. 
Attached to the moving shaft are a number of contactors (wipers ) 
which wipe across a series of fixed contacts to establish a connection 
at the final or rest position. The fixed contacts are usually arranged 
in a 10 X 10 matrix as illustrated in Figure 7-1 (a ) . The matrix 
shown, called a switch bank, provides contacts for the tip or ring 
conductor or a supervisory ( sleeve) lead. 
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In order to reduce blocking and provide adequate service, switch 
banks are multipled together in complex wiring patterns. One layer 
of contacts is shown for two switches in Figure 7-1 (b ) . These multiple 
wiring paths may extend to many switches. B ecause of the lengths of 
the paths involved, the wiring must be very carefully controlled to 
prevent excessive loss or exposure to noise and interference. 

Crossbar Systems. While there are a number of types of switching 
machines that utilize common control of crossbar switches to establish 
connections (No. 1, No. 5, crossbar tandem, and No. 4A) ,  the methods 
of interconnecting the switches to form a network are sufficiently 
similar in respect to transmission that a single description should  
suffice. 

Two switch sizes are available to provide the switching crosspoints 
required in various types of switching systems. A 100-point switch 
has 10 horizontal paths and 10 vertical paths ; a 200-point switch has 
10 horizontal paths and 20 vertical paths. At each crosspoint, the 
contacts may be arranged in groups of three to six depending on the 
type of transmission paths ( two-wire or four-wire) and the number 
of supervisory and control leads to be switched. In order to achieve 
high reliability and low probability of noise, each precious metal con
tact is arranged as a parallel pair on a bifurcated contact spring. 

Five selecting bars are associated with the horizontal paths, two 
paths to each of the bars. Under control of the switching machine 
logic circuits, each bar may be rotated slightly in either direction to 
operate selecting fingers which enable a connection to be made from 
the selected horizontal row to any vertical path through the switch. 
The vertical paths are equipped with a configuration of coil-controlled 
magnets. The ability of these magnets to operate the crosspoint con
tacts and to hold them operated depends on the position of the hori
zontal selecting fingers. Thus, when a crosspoint is to be operated, 
the appropriate horizontal bar rotates in a direction to move the upper 
or lower selecting fingers. When the appropriate vertical magnet 
operates, only the selecting finger at the desired crosspoint can operate 
the contacts. When the contacts are closed, the operate magnet is re
leased leaving the crosspoint contacts latched in the operated position 
by a hold magnet which is released upon call completion. To avoid 
double connections, the switch and its control circuits are arranged 
so that only one crosspoint can be closed at one time in any horizontal 
or vertical path. However, each switch can establish up to 10 
simultaneous connections. 
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Arrays of crossbar switches are assembled and interconnected in 
various ways to provide switching networks for use in local, tandem, 
or toll offices. The common control logic circuits for these networks 
are called markers. 

As with the step-by-step system, the interconnections among 
switches are complex and may result in different path lengths and 
a large amount of multiple wiring. The transmission path lengths, 
multiple wiring, and control wiring must all be carefully designed to 
prevent excessive transmission impairment. 

Electronic Switching Systems. Electronic switching systems operate in 
a mode called stored program control. Some ESS networks are electro
mechanical ; others utilize electronically controlled time division 
switching of digital signals. In the electromechanical networks� the 
basic element commonly used to switch a transmission path is called 
a miniature sealed reed contact. This contact assembly is used in 
pairs or quads to switch a two-wire or four-wire transmission path. 
Switching is accomplished by changing the polarity of magnetic forces 
inherent in square-loop magnetic material. The desired polarity to 
operate or release the reed contacts is induced by the application of 
high-current, short-duration control pulses to coils surrounding the 
contact assembly. A pulse applied only to a horizontal row or vertical 
column of switches places all the contacts in the row or column in the 
open condition. When a pulse is applied simultaneously to a row and 
column, the crosspoint at the intersection of the row and column is 
closed. The square-loop magnetic material commonly used is called 
remendur ; the reeds are ferrous material and the switch assemblies . 
are called ferreeds [1,  2] . In later designs, the square-loop material 
is used for the reed contacts ; external magnetic m aterials is not re
quired. These switch assemblies are called remreeds. 

Most ferreed and remreed switches are combined in matrices of 
64 crosspoints arranged in a square array of 8 horizontal rows and 
8 vertical columns. Within these 8 X 8 arrays, switching controls and 
transmission paths may be organized in a number of combinations to 
provide optimum network configurations as required. Control circuits 
are arranged so that only one crosspoint can be operated at a time 
in any row or column. 

As in all switching networks that utilize electromechanical cross
points, satisfactory transmission performance is related to the lengths 
of paths through the switches and the lengths of m ultiple wiring. 
The exposure of the transmission paths to the wiring that carries 
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the high-current pulses to operate crosspoints must be controlled to 
avoid excessive impulse noise. 

In some electronic switching systems ( e.g., No. 4 ESS) , the message 
signal is coded and used in digital form and transmission and switch
ing are integrated functions ; logic circuits, time division multiplexing, 
and gate circuits are used in combination to achieve the desired inter
connections electronically. Transmission problems of the type found 
in electromechanical networks, such as those due to multiple wiring, 
are essentially nonexistent. However, there are other problems. For 
example, different delays due to different path lengths can produce 
pulse transpositions. 

7-2 TERMINATING AND ANCILLARY C I RCUITS 

Many individual circuits in a central office have a direct bearing on 
transmission performance. For example, trunk and switchboard cord 
circuits provide battery feed and are directly in the transmission path 
of message network connections. These battery feed circuits often 
perform multiple functions and, in many systems, their design is 
quite complex. Circuits indirectly related to transmission provide 
interfaces with other circuits such as those required for control of 
charging information, number identification,. and signalling inter
faces. There are also circuits directly in the transmission path to 
perform special functions. Among these are conference circuits, 
switchable pads and amplifiers, and idle circuit terminations. Addi
tionally, a large number of ,connections made to call services and 
number services operators involve transmission problems that have 
a direct impact on DDD network performance [3] . 

The manner in which the signalling/transmission interface is pro
vided involves a compromise between signalling range and trans
mission performance for each type of switching machine. Resolution 
of the compromise often has a direct effect on the selection of facilities 
(wire-gauge, voice-frequency, carrier, etc. ) in a particular wire-center 
environment. Trunk and switchboard cord circuits also provide im
pedance matching ; this function and the use of drop build-out 
capacitors are closely related to the necessity for meeting through and 
terminal balance requirements for the control of echo [ 4] . 

A comprehensive discussion of individual line and trunk circuits is 
impractical because of the large number involved. For each of the 
categories to be discussed, circuit functions are first described and 
then some specific circuit arrangements are presented in order to 
illustrate the functions. 
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Line Circuits 

A line circuit is used at a switching machine to terminate a loop, 
PBX station l ine, or any of the access lines to the switched services 
network or the switched public network that are functionally equiva
lent to loops. The function of a line circuit is primarily the signalling 
of a request for service to the central office switching machine or to 
an operator. 

A typical line circuit, as shown in Figure 7-2, consists simply of a 
sensing element ( a  relay or, in ESS, a ferrod) through which battery 
and ground are fed to the line [5] . When there is a request for service 
(station set off hook) , current flows through the sensing element. This 
produces a change in signalling state. For example, if the sensing 
element is a relay in an electromechanical office, contact A closes to 
place a ground on the start lead, S. The switching machine recognizes 
the request for service and connects the calling line to a source of dial 
tone and a different source of battery and ground. Simultaneously, 
the B contacts in the line circuit are opened to disconnect the original 
source of battery and ground from the line. When the switching ma
chine has operated in response to a request for service, the line 
circuit is disconnected from the transmission path. Only the transfer 
of battery and ground, to be discussed subsequently, has an indirect 
effect on transmission. 

access 
Loop or [ T 
circuit 
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r - - - - - - - - - - � 
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Figure 7-2. Typical line circuit. 
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Trunk  Circuits 

Trunks are the transmission paths that interconnect switching 
machines, portions of switching machines, and/ or switchboards. Most 
trunks terminate in a trunk circuit at each end. Each trunk circuit 
connects the transmission medium to a specific terminal on the 
switching network at which the trunk terminates. Many trunk circuit 
types are found in the telephone plant because of the variety of func
tions performed, the variety of trunks used in the network, and the 
requirements of the different types of switching machines and 
switchboards. 

Functions. Trunk circuits must perform many functions because they 
provide switching, signalling, and transmission interfaces. In many 
cases, battery and ground are furnished from a trunk circuit at one 
end of a connection. Such a circuit typically contains a transformer 
or blocking capacitors ( or both) which provide coupling for speech 
signals between the two parts of the circuit and prevent the de from 
that circuit from interfering with de supplied at the distant end. 

Trunk circuits must be designed to provide a high degree of balance 
so that longitudinally induced noise and interference is not trans
formed into more interfering metallic disturbances. In trunk circuit 
design, circuit arrangements determine to a large degree the extent 
to which interface impedances are matched so that terminal and 
through balance requirements may be met. Many trunk circuits must 
also provide additional protection against unwanted high voltage that 
may appear on the trunk conductors due to lightning or power line 
faults. 

Most trunk circuits provide the interfaces that permit signalling 
over the trunk. Included are supervisory components which recognize 
the on-hook, off-hook, or reverse battery state of the connection. These 
differences in state may provide both supervisory and address signal
ling information on the tip and ring (T and R )  leads or on standard 
signalling leads for use locally and at a distant office. In addition, 
signalling information may be extended from the trunk circuit to 
automatic message accounting equipment. 

Effect of Trunk  Type. Trunks are classified in a number of ways to 
satisfy the needs of . transmission engineering and traffic organiza
tions [6] . However, none of these classifications can be used adequ
ately to discuss the effect of trunk type on required trunk circuit 
transmission and operating characteristics. 
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One method of classifying trunks is by the number of directions of 
call origination. A two-way trunk provides for call origination in 
either direction ; a one-way trunk permits origination in one direction 
only. The various trunk

, 
circuits for one-way and two-way trunks 

have different signalling system interface requirements which are 
further complicated by the signalling requirements of the switching 
machine or switchboard at each end of the trunk. 

Both trunks and switching machines can be either two-wire or 
four-wire. Any combination of these may be found and provision 
must be made accordingly in the transmission design of the trunk 
circuit which provides the interface at the point of interconnection. 

As previously mentioned, trunks are used to interconnect switching 
machines, portions of switching machines, and/ or switchboards. Each 
different application requires the use of a different design of trunk 
circuit. Many intramachine trunks are required to provide connections 
to signal sources such as dial, busy, audible ringing, and reorder tones 
and to announcement machines associated with certain number 
services (reached unassigned number, disconnected service, etc. ) . 

Intermachine trunks include all of the various trunks required in 
the message network hierarchy. Each of these may be one-way or 
two-way, two-wire or four-wire, direct, tandem, toll connecting or 
intertoll, high-usage or final r-oute. Operation of any one of these 
trunks may involve echo suppressors and their enabling and disabling, 
switched gain, switchable pads, or the use of idle circuit terminations. 
Most of these options require the use of a different type of trunk 
circuit. 

Some trunks that interconnect switching machines, and switch
boards provide operator services only and others remain in a network 
connection after the operator has disconnected (e.g., secondary inter
toll trunks) . Each of these applications requires a different type of 
trunk circuit to accomplish the desired functions. Where the connec
tion from the operator to the network trunk is made by bridging, the 
trunk circuit must have low loss in the through-trunk connection and 
high-impedance bridging of the operator trunk. The bridged operator 
trunk is connected to the through trunk by a path through a switching 
machine network. After the operator has completed the necessary 
action, the bridged conne�tion is released. 
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Some trunks provide connections from a D:etwork trunk to local or 
centralized automatic message accounting ( LAMA or CAMA) equip
ment. The requirements on these trunks depend on whether the 
message trunk is i n  a fiat rate, message rate, or toll rate portion of 
the network and the nature of the trunk circuit is affected accordingly. 

Typical Trunk  Circuits. Detailed illustration of trunk circuits is im
practical because of the large number of circuit types that are in use. 
However, the more significant features and functions of these circuits 
can be demonstrated by a few schematic drawings chosen to illustrate 
specific points. 

The principal connections to trunk circuits are those dedicated to 
transmission and signalling. In order to effect a reasonable amount 
of standardization, certain designations are consistently used for 
trunk circuit leads having specific functions. In many cases, these 
designations are applied to leads other than those usedi in trunk 
circuits ( e.g., many signalling unit and voice-frequency repeater 
leads) . 

Lead Designations. Standard designations for the tip and ring 
transmission leads are T,R,Tl, and Rl.  The T and R designations 
are used generally to designate the tip and ring leads of two-wire 
circuits where no distinction between the two circuit ports is needed. 
Where a distinction must be made, T and R are usually used for the 
leads at the port facing the switching equipment and Tl and Rl for 
the leads at the port facing the transmission facility. At two- to 
four-wire conversion points, the two-wire port leads are designated 
T and R. The four-wire port leads that transmit away from the con
version point are also designated T and R ;  the leads that transmit 
toward the conversion point are designated Tl and Rl. 

Where an equipment item interconnects two four-wire circuits, the 
T, R, Tl, and R l  leads are assigned in various ways depending on 
the application and functional designation of the interconnecting 
circuit. Signalling leads are also given standard designations. These 
include E, M, SX, SXl, A, B, SG, and SB. Illustrations of some 
applications are given in Figure 7-3. 

The designations, E and M, identify leads that interconnect trunk 
circuits and signalling circuits. These leads are always functionally 
related in such a way that the E lead is used to signal from the trunk 
circuit toward the local switching system through signalling circuits 
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and the M lead is used to signal from the local switching system 
through signalling circuits toward the distant end of the trunk. The 
relationship of E and M signalling leads to transmission circuits and 
the directions of signalling are illustrated in Figure 7-3 (c ) . An open
circuited E lead represents an on-hook condition at the distant end 
of the trunk ; a ground on the E lead represents an off-hook condition 
at the distant end. Similarly, the M lead is used to signal toward the 
distant end of a trunk ; an on-hook condition at the near end is 
represented by a ground on the M lead and on off-hook condition by 
-48 volts. 

The E and M lead method of signalling is in common use but, as 
shown in Figure 7-4 (a ) , the signals are changed by opening and 
closing single-wire circuits. With each change of state, this arrange
ment produces high-amplitude transients which may be induced into 
other circuits to cause errors in control or impulse noise in trans
mission. The circuit arrangement of Figure 7-4 (b)  is used to over
come these impairments by providing paired-wire signalling. The 
SG ( signalling ground) and SB ( signalling battery) leads are 
doubled back between trunk and signalling circuits so that transients 
are suppressed by cancellation. In this arrangement, the local on-hook 
condition is represented by an open rather than a grounded M lead 
and the off-hook condition by the application of -48 volts to the 
M lead. 

Where de signals are transmitted over cable pairs, de continuity 
can be provided around a transmission circuit by use of simplex leads 
( SX and SXl ) as illustrated in Figure 7-3 (b) . Such signals may also 
be applied across the tip and ring conductors of a pair. In this case, 
access to the pair may be over A and B · leads connected directly to 
the tip and ring leads or by way of the terminals of the midpoint 
series capacitors in line transformers. Lead associations are main
tained in order to provide logical interfaces between transmission and 
signalling circuits. The A lead is associated with the T-lead side of a 
transmission circuit and the B lead with the R-lead side. Where A 
and B leads of DX signalling circuits connect to SX and SXl leads, 
an association is maintained between A, SXl, Tl, and Rl leads and 
between B, SX, T, and R leads. 

Battery Feed Circuits. When a connection is established, current 
is generally supplied to a loop and/ or a trunk from a trunk circuit or 
a j unctor circuit. (Junctors are used to interconnect certain portions 
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of the switching networks of E SS and crossbar systems. ) There are 
many forms of battery supply (or battery feed) circuits most of 
which can be classified in one of two general categories, repeating coil 
circuits and bridged impedance circuits. 

Figure 7-5 (a) illustrates a repeating coil battery feed circuit for 
an interoffice connection at a step-by-step switching machine and is 
typical of a number of other applications. Battery and ground are 

fed independently to the loop and trunk. The capacitors, designated 
C, furnish voice signal current coupling through the repeating coil 

windings. The capacitance values are chosen to be as small as 
practicable without inserting excessive transmission loss or distortion. 
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The relays are used for supervisory signal information. The relay 
and repeating coil windings have sufficient resistanc,e to limit the 
battery feed current on extremely short loops to acceptable values ; at 
the same time, these windings are capable of carrying the maximum 
values of de that may arise from trouble ground or short-circuit con
ditions on a loop.* Shunt losses to speech currents are limited by the 
relatively high inductance of these coils. The windings are well 
bala'nced· to prevent the conversion of induced longitudinal interfer
ence to the more interfering metallic form of interference. 

Figure 7-5 (b)  illustrates a bridged impedance battery feed circuit. 
It is used for intraoffice connections in step-by-step and crossbar 
systems and is typical of a number of such applications. Although it 
does not provide longitudinal isolation, it is much simpler and less 
expensive than the circuit of Figure 7-5 (a )  and performs satisfac
torily in many applications. 

Intraoffice ( loop-to-loop) connections in No. 1 ESS receive battery 
current from a j unctor circuit located at the midpoint of the switch
ing network connection. The circuit, shown in Figure 7-5 (c ) , is an 
example of a bridged impedance battery feed arrangement with some 
unique features. The windings of the inductors designated Ll act 
as a filter to suppress noise originating in the battery supply. The 
two-winding inductor designated L2 limits surge currents that might 
be caused by power crosses or lightning in order to prevent damage 
to fragile circuit elements, especially the sealed reed switch contacts 
used in No. 1 E SS networks. The polarities of the windings of L2 are 
such that the inductance is minimized for voice signals that circulate 
through the circuit but has a relatively high value for unwanted 
longitudinal currents. This battery feed circuit has an insertion loss 
of about 0.25 dB over the voiceband. 

Figure 7-6 shows the originating and terminating trunk circuits 
of a typical direct trunk interconnecting two local central offices. In 
both trunk circuits, battery current is supplied through the windings 
of an S relay which also provides certain signalling and supervisory 
functions. The A relay windings in the terminating trunk circuit 
furnish battery and ground to the trunk for supervisory and signal
ling purposes. These three battery feed circuits are prevented from 
interfering with one another by the blocking capacitors, designated C. 

* A des.ign criterion used for these circuits is that a trouble ground condition 
may destroy the component but may not create a fire hazard. 
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Signalling. Figure 7-6 may also be used to illustrate a number of 
signalling features commonly provided in trunk circuits. The con
nection shown is one in which de signals from the calling station set 
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are extended by relay operations in the trunk circuits at the two ends 
of the trunk. On-hook and off-hook conditions at the calling station 
set ( supervisory and dial pulse signals)  are detected by the S relay 
in the originating trunk circuit. This relay operates (off-hook) and 
releases (on-hook) in response to calling station set conditions. The 
S1 relay operates and releases under control of the S relay. The S1 
relay contacts open and close the trunk loop to extend signalling to 
the terminating trunk circuit. 

The A relay in the terminating trunk circuit operates through the 
normally closed contacts of the T relay when the trunk loop is closed 
by the S1 relay in the originating trunk circuit ; it releases when the 
S1 relay releases. Thus, the A relay repeats dial pulses and super
visory conditions received from the originating end of the trunk to 
operate the switching machine at the terminating end of the trunk. 
When the called station set is answered, the S relay in the terminating 
trunk circuit operates to actuate a ring tripping circuit ( not shown) 
and also to operate the T relay which reverses the direction of current 
flow from the A relay through the trunk. This polarity reversal causes 
the polarized CS relay in the originating trunk circuit to operate, thus 
providing an indication of the called station off-hook condition to the 
originating switching machine. This sequence is called reverse battery 
supervision. If the called station is busy, the BY relay operates and 
connects a busy signal to the trunk to notify the caller of the busy 
condition. 

Two-Wire Switch ing of Four-Wire Trunks. In No. 1 ESS, provision is 
made for the two-wire switching of four-wire toll trunks by a tech
nique called HILO. Trunk circuits are used to convert the two balanced 
(two-wire) paths of a four-wire trunk to two unbalanced (one-wire, 
ground return) paths for transmission through the switching net
work. As a part of the conversion process, the impedances of the two 
paths are transformed from nominal 600-ohm values in such a 
manner that an impedance in excess of 100,000 ohms faces the 
switching network at the transmitting end of each path and an im
pedance of 5 ohms or less faces the receiving end ; hence, the designa
tion HILO. A block diagram of the resulting transmission layout is 
given in Figure 7-7. 

The HILO technique is applicable only to No. 1 ESS machines 
equipped with remreed-type networks. The high transmitting-end 
impedance makes the currents transmitted through the switching 
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network relatively insensitive to inductive crosstalk coupling between 
transmission paths. The remreed-equipped networks are more com
pact than ferreed-equipped networks. As a result, the transmission 
loops through the network are shorter and inductive crosstalk cou
pling, normally limiting in single-wire switching networks, is con
trolled. Capacitive crosstalk coupling is also controlled by virtue of 
the low-impedance used at the receiving end of each path. 

This method of converting four-wire circuits to two-wire circuits 
significantly increases the No. 1 ESS capability for switching toll 
trunks. It thus provides for the application of No. 1 ESS to the switch
ing of limited numbers of toll trunks in situations where a machine 
wholly dedicated to toll switching could not be economically justified. 
The HILO technique was originally proposed for use in switching 
networks employing solid-state crosspoint devices [7] . 

7-3 TRANSMISSION-RELATED SWITCHING OPERATIONS 

The operation of every switching system involves sequences and 
call manipulations that have a direct impact on transmission. Some 
of these involve the transfer or reversal of battery and ground con
nections in the transmission path. Other sequences are performed by 
the switching machine to satisfy certain transmission requirements. 
Still others are signalling circuit manipulations that affect trans-

TCI Library: www.telephonecollectors.info



1 96 local Plant Faci l ities Vol .  2 

mission at the points of interface between switching, signalling, and 
transmission circuits. In addition, there are a number of service 
features that involve transmission in direct or indirect ways. 

Each of these general classes of transmission-related switching 
operations has involved problems that had to be solved to assure 
satisfactory transmission performance. Some of the solutions have 
affected station set designs ; others have affected transmission cir
cuits and some have had their primary impact on switching system 
designs. 

Cal l  Sequencing 

In the course of establishing connections, the sequence of operations 
in a switching machine often involves the transfer of battery and 
ground connections from one circuit to another. Each time such a 
transfer is effected, electrical transients may be transmitted to the 
station set at one or both ends of a connection. These transients are 
sometimes minimized in  respect to the frequency of occurrence by 
the sequence of operations designed into the switching machine but 
they cannot be eliminated completely. Station set circuits have been 
provided with diodes bridged across the receivers to suppress such 
transients and to make them less annoying to a listener. These diodes 
break down to absorb the sharp instanteous voltage peaks of the 
transient. 

A similar phenomenon results when the battery and ground con
nections to a loop or trunk are reversed. This reversal is used as a 
signalling mechanism for a number of sequenced functions within a 
switching machine. When reversal occurs, it is equivalent to opening 
and closing the battery and ground connections j ust as in battery 
transfer. The transient suppression feature in station sets is also 
effective in limiting the annoyance due to these transients. 

Switched Transmission Operations  

There are a number of transmission features and functions that are 
provided by switching system operations. For example, the stability 
of transmission equipment frequently depends on the existence of a 
suitable termination at the input and/ or output terminals. A circuit 
condition that can often produce instability is the open-circuit termi
nation that may exist when a line is idle. To prevent instability under 
these circumstances, the switching system is arranged in many cases 
to apply an idle circuit termination. 
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The enabling and disabling of E6 repeaters and echo suppressors 
are also often controlled by switching machines. The disabling of E6 
repeaters accomplishes the same purpose as the application of idle 
circuit terminations ; i.e., by removing the power ground, it prevents 
repeater instability when the line is in the idle condition. The dis
abling of echo suppressors is sometimes necessary to prevent having 
more than one echo suppressor in tandem in a long built-up connection 
in private switched networks. In many cases, they are also disabled 
in the public as well as private switched networks to allow duplex data 
signal transmission. 

Loss pads are sometimes switched in or out of an intertoll trunk. 
If the intertoll trunk is switched to a high-loss toll connecting trunk, 
the pad is switched out of the intertoll trunk circuit. If the connection 
is to a low-loss toll connecting trunk, the pad is switched into the 
circuit [6] . 

7-4 DIGITAL SWITCHING INTERFACES 

In addition to the facilities and equipment required for voice
frequency telephone communications, central office buildings house a 
great variety of other types of transmission equipment. Among these 
are equipment units that provide interfaces between digital and 
analog portions of the facility network. Some of the interface equip
ment units are more conveniently described as parts of major systems ; 
among these are the D-type channel banks used with various T-type 
carrier systems. 

Te.Jephone switching has evolved as a means of interconnecting 
transmission circuits ( loops and trunks) by providing complex 
switching networks primarily utilizing the previously mentioned 
electromechanical step-by-step, crossbar, or sealed reed switches. 
These are sometimes referred to as space division switching networks. 
Now, switching may also be accomplished by electronically directing 
the pulses of digitally encoded signals according to the desired inter
connection pattern, a method known as time division switching. 

The first major central office system to utilize time division switch
ing is the No. 4 ESS toll switching system [8] . Signals to be switched 
by this machine must be coded in accordance with a specific format 
based, in part, on the DS-1 signal format employed in the T1 Carrier 
System. The coding may be accomplished by voiceband interface units 
(VIU ) , which accept up to 120 voice-frequency signals at the input, 
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or by digroup terminals (DT) which accept D S-1 signals at the input ; 
in both cases, the signals are processed into the appropriate format 
for digital switching of voiceband signals. Switching is implemented 
by making appropriate changes in time slot assignments of the pulses 
that represent specific signals. These changes are accomplished in 
the switching machine by circuits that are collectively called the time 
slot interchange ( TSI) . 

Digroup Terminal  

The most efficient method of processing large numbers of DS-1 
( bipolar, 50-percent duty cycle)  signals terminated at a No. 4 ESS 
is by the use of digroup terminals. Each DT has the capability of 
terminating 40 D S-1 digroups, a total of 960 voiceband circuits. A 
digroup terminal consists of eight digroup terminal units ( DTU) each 
of which can process five digroups ( 120 circuits) . In addition, a 
switchable spare DTU is incorporated for protection and maintenance 
purposes. 

On the switching side of the digroup terminal, the five DS-1 signals 
of each DTU are multiplexed by time division techniques into a single 
serial bit stream of 16.384 Mb/s for transmission to the time slot 
interchange of the ESS switch. This signal is in a two-level ( unipolar) 
format and has 128 channel time slots. Of these, 120 provide for the 
multiplexed circuits of the five DS-1 signals ; the remaining eight are 
used for maintenance. 

Circuits are provided in each digroup terminal for timing and 
buffering so that incoming DS-1 signals can be synchronized to the 
operations of the time slot interchange. In addition, signalling infor
mation and digroup terminal maintenance information is transmitted 
between a digroup terminal and the No. 4 ESS common control over 
a 2.048 Mb/s link. 

Voiceband I nterface Un its 

Although the processing of signals in No. 4 ESS is most efficient 
when the input signals are in the DS-1 format, many voice-frequency 
signals must be accepted and processed at the interface into a suitable 
digital format. The equipment units used for this processing, called 
voiceband interface units (VIU) , are mounted in a three-bay voice
band interface frame (VIF ) .  Seven working VIUs, each arranged to 
terminate 120 trunks, are mounted in one VIF together with a switch
able VIU for maintenance and protection. 
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On the voice-frequency side of a VIF, connections are made to any 
of a large number of alternative equipment types. These include voice
frequency trunk terminal equipment, short-haul analog (N-type) or 
digital ( D-type) carrier terminals, or long-haul ( A-type channel 
bank) terminal equipment. Some of these equipment types are stan
dard items associated with particular transmission systems ; others 
are unitized equipment bays developed specifically for this application. 

Signals between either the VIU or the digroup terminals and the 
time slot interchange are of the same format. Signals from the VIU 
are processed and multiplexed into a 16.384 Mb/s unipolar signal. 
Signalling, timing, and maintenance signals are treated separately 
as with the digroup terminal. 

7-5 TELEVISION EQUIPMENT 

The nationwide network of television channels is provided pri
marily over microwave radio transmission systems. The administra
tion of the major broadcasting networks is coordinated largely by 
telephone company personnel located at the television operating 
centers (TOG) . The TOG equipment is usually located in telephone 
central office buildings. The TOGs, the equipment required, and the 
operating staff are variable in respect to size and assigned manpower. 
In some cases, equipment locations called television facility test posi
tions are provided with minimum facilities. 

The TOG is provided with switching, patching, and a wide variety 
of transmission and maintenance items needed for network opera
tions. Switching equipment is provided for both video and audio 
circuits. The switching is coordinated and controlled so that local 
circuits between studios, pick-up points, broadcast transmitter loca
tions, or the long distance network can be switched in a variety of 
combinations with minimum delay or interruption. The control cir
cuits for these switches are located in the TOG and the control 
elements (pushbuttons) may be located at the TOG or at a remote 
location or both. Switching matrices of various sizes are available 
up to a maximum of 30 X 36 inputs and outputs. The TOGs, studios, 
transmitters, and receivers are interconnected by video trunks. Am
plifiers, dampers, equalizers, etc., ar,e provided so that trunks can 
be adjusted to meet transmission requirements. 

A patch bay is provided so that video circuits can be patched 
through the switching matrix as desired. This bay is also used as a 
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common transmission level point where levels are not only equal but 
are adjusted to be flat across the video band. 

The TOC is the control point for television video and audio circuit 
maintenance activities. A wide variety of test equipment, most of it 
permanently mounted, is used with switching or patch cord access 
to the video trunks for test and maintenance work. 

Signal generators, level meters, transmission measuring sets, and 
other test equipment items are used for troubleshooting and for the 
adj ustment and evaluation of video and audio circuits. Order wires 
are provided so that maintenance personnel can communicate easily 
and directly with personnel at other locations. Two types of monitors 
are normally used. One type displays the picture being transmitted 
to give assurance that correct connections have been made through 
the patch bay and the switching matrix and to j udge the quality of 
the picture. The second type is an oscilloscope that is used to display 
and evaluate the waveforms of signals transmitted on circuits under 
investigation. 

7-6 SOURCES AND CONTROL OF IMPAIRMENTS 

In many cases, the unique environment and specific design problems 
involved in central offices make the control of transmission impair
ments essential if high quality performance is to be1 maintained. 
Central office circuits and equipment arrangements may be the source 
of transmission deterioration, partly because of the high concentra
tion of equipment and wiring and partly because of the many inter
faces between different kinds of circuits. 

Noise 

A predominant transmission impairment generated in many central 
offices is impulse noise. Switching functions, such as the operation and 
release of relays and switches, produce high transient voltages. Care 
must be taken in design ,and layout so that excessive transients are 
not induced into circuits that carry data or other signals susceptible 
to such noise. 

Of particular interest in respect to impulse noise generation are 
alarm, bay power distribution, and control leads. Wherever possible, 
these leads and the circuits they interconnect should be operated as 
balanced circuits and the leads installed as twisted pairs. The cost 
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savings resulting from single-wire ground-return operation is often 
tempting but where circuits are so operated, induced transients are 
difficult to control. 

Another source of impulse noise is the switching s-ystem operations 
that require the transfer or reversal of battery feed connections to 
transmission circuits. In general, these take place during the connect 
and disconnect processes of call sequencing. Thus, the effect is minimal 
on data signal transmission and, as previously mentioned, the effect 
on voice circuits is minimized by the design of the receiver circuits 
in telephone station sets. 

Other central office noise sourc�es produce interferences, such as 
contact noise and battery noise, that are more nearly like random 
circuit noise. Contact noise is due primarily to the build-up of dirt 
and other high-resistance materials on the surfaces of electrical con
tacts. Switchbank contacts and wipers on step-by-step switches are 
of base metal ( copper) ,  and are thus subject to wear. They must be 
cleaned regularly to prevent deterioration of performance. Contacts 
on relays and other switching elements are made of precious metals 
and the contacts are designed to have a wiping action as they make 
and break to help prevent the accumulation of unwanted dirt and 
other pollutants. Most relay contacts now are of the bifurcated design 
which, in effect, puts two contacts in parallel to minimize the dele
terious ·effects of high resistance that may build up in one contact. 

Common battery supply circuits are also a source of interference 
similar to random noise. All of the transmission and switching circuits 
in an office that operate from the common battery share the battery 
feed circuits as a common impedance which is kept as low as possible 
(a small fraction of an ohm ) . Even though the coupling impedance is 
extremely low, the total power of the many coupled-in signals can be 
significant and usually has the quality of random noise [9] . The 
coupling of this impairment into transmission circuits must be con
trolled in design so that it is not a significant source of message circuit 
noise. In some situations, special filters must be installed in battery 
supply leads on each equipment frame to prevent excessive noise 
accumulation. 

Crossta lk  

In central office equipment, there are many exposures to crosstalk 
between transmission circuits and from announcement and tone 
sources into transmission circuits. These sources of impairment are 
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controlled in d esign and by careful and continuing maintenance effort. 
Signal amplitudes and transmission level points must be maintained 
at design values. 

In some cases, where wide discrepancies exist between signal ampli
tudes in adj oining circuits, crosstalk is minimized by routing the cir
cuits through cable or wiring paths that are separated physically. The 
separation is specified by installation instructions and must be main
tained if performance is to be satisfactory. 

Coupl ing Circuits 

The combined need for isolating battery feed circuits from one 
another while providing signal coupling between circuits is generally 
solved by the use of ,capacitors and/ or transformers. These circuits 
can degrade performance by introducing transmission deviations or 
by restricting bandwidth. However, their characteristics are deter
mined primarily by design and unsatisfactory performance is usually 
due to a trouble condition or to errors in wiring. 

Loss and Return Loss 

Impairments can result from excessiv·e transmission loss or in
sufficient return loss in  central office circuits and equipment. Trans
mission losses are controlled primarily by design and, where excessive, 
ar·e usually caused by a trouble condition. Return losses must be 
controlled by the application of through and terminal balance 
procedures [ 4] . 

Battery Voltage 

The cotnmon battery supply used in central offices consists of large 
batteries in which voltage is maintained at nominal values with per
missible fluctuations of several volts. The charge is maintained by 
applying a primary power source of commercial 60-Hz ac through 
appropriate power rectification and control equipment. 

In the event of failure of the primary commercial supply, the load 
is taken up by emergency ac generating equipment driven by a diesel 
or turbine engine. In the event of multiple failure, the battery carries 
the operating load without primary supply but only for a limited time. 
Most batteries are selected to provide a minimum of 4 hours reserve 
capacity at peak traffic load. Under such conditions of power failure, 
battery voltage may gradually decrease. As the voltage drops, indi-
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vidual circuits deteriorate in ways that depend on circuit functions 
and the applied voltage. Switching and transmission performance 
gradually deteriorates until total failure occurs. 
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Chapter 8 

Business Commun ications Systems 

Business customers have many communications needs that are not 
satisfied by the ordinary telecommunications services provided by the 
message network. One of these needs is rapid, convenient, and eco
nomical intercommunications among their employees. In some cases, 
these needs must be fulfilled at a single location and, in other cases, 
between two or more locations that are distant from one another. This 
type of service is furnished by a class of equipment called business 
communications systems (BCS ) . In some instances, these systems are 
also used for residence services. 

The strategy of furnishing business communications service de
pends on the size of the customer organization, the manner in which 
it is dispersed over different locations, and the number of people at 
each location. In addition, the manner in which the needs are fulfilled 
depends on the service features to be provided in addition to the basic 
feature of intercommunication. 

Typically, where customer needs are concentrated at one location, 
service is provided by a key telephone system (KTS ) or a private 
branch exchange (PBX) system. These provide local intercommuni
cation services and can also be furnished with a number of other 
desirable features. The equipment is usually located at the customer 
premises. 

Where corporate activities are dispersed, business communications 
systems may be expanded to include a network of interconnected 
PBXs and/ or key telephone systems. The scattered locations may each 
be served locally by a PBX and the PBXs may be interconnected by 
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tie trunks ; the overall network in this case is called a tandem tie 
trunk network ( TTTN ) . For very large service needs, a network of 
switching systems usually located in central office buildings may be 
interconnected by network trunks. A PBX at each customer location 
is connected by access lines to the network, called a switched services 
network ( SSN ) . On intranetwork connections, these private switched 
networks perform functions similar to the local, toll connecting, and 
intertoll switching functions of the switched message network. Many 
aspects of transmission are now recognized as unique to this type of 
equipment. 

Other types of business communications services include those pro
vided by commercial automatic call distributors (ACD ) and telephone 
answering systems ( TAS) . The ACDs are arranged to distribute a 
large number of incoming trunks or lines to a smaller number of posi
tions at which incoming calls are usualJy served directly by attendants. 
The service at a TAS is . one in which incoming calls are answered for 
the customers of the answering service. Mes.sa,ges are recorded and 
forwarded at a later time. 

In some respects, KTS and PBX equipment have significant common 
operating features ; ACD and TAS equipment features are also some
what similar. The main points of similarity between KTSs and PBXs 
are that both provide multiple access to a switched ·network (public or 
private) and both provide intrasystem communications without re
·quiring access to the network. Thus, there are·circuits in these layouts 
that are similar 'in function to customer . loops, i .e., circuits that con
nect station sets to the switching equipment. Circuits, similar to 
PBX-central office (PBX-GO) 'trunks, connect the ACD or TAS equip
ment to a switched public or private network. Incoming calls termi
nate at attendant positions. The service is predominantly incoming 
and there is very little provision for initiating outgoing calls. In 
T AS equipment, there is usually no way of extending a connection 
to another switchboard or station ; however, provision is made to 
transfer connections from an ACD to an associated PBX switchboard 
or station. 

The majority of PBXs, ACDs, and TASs are administered by at
tendants at key-type consoles or, in older installations, at cord-type 
switchboards. In some cases, KTS arrangements also have a central 
station which may be regarded as an attendant position. Thus, all 
four equipment categories use some form of attendant administration. 
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The market for business communications systems comprises a wide 
variety of customer preferences, environments, and communicating 
styles. As a result, there is available a very wide variety of products 
and services that add to the complexity of this field of application. 
While most of the variations primarily affect the switching and 
signalling designs, transmission designs are also somewhat affected. 

8-1 KEY TELEPHONE SYSTEMS 

A key telephone system allows a station set to be used to pick up 
and/ or hold one of several lines or trunks. Customer requirements for 
key telephone service may be satisfied by a wide variety of available 
systems. Some have only one station or line and others have up to 40 
stations or lines. Most key station sets are provided with pushbutton 
access to 6, 10, or 20 lines ; also, the CALL DIRECTOR® telephone set 
can be used to provide access to as many as 30 lines. 

These systems also provide for intercommunication ( intercom ) 
between stations of the system. The circuits that terminate at a key 
telephone set may be PBX station lines or any of a number of central 
office connections including loops, private lines, foreign exchange 
( FX )  lines, wide area telecommunications service (WATS)  lines, or 
long distance (LD )  lines. Transmission on connections to each of 
these lines must be nearly equivalent to satisfy customer needs and 
the necessity for providing high quality transmission over the various 
types of connections to KTSs offers many design challenges. In addi
tion to the primary requirements of pickup, hold, and intercommuni
cation, KTSs also may provide a number of other features, some of 
which may affect transmission. Some features are : 

Controlled privacy or exclusion 

Interstation signalling 

Battery supply for intercom 

Use of CO or PBX talking battery 

Incoming call transfer 

Conference and drop-off transfer 

Multistation intercom and outside conferencing 

Tie line connections to other KTSs. 
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Key telephone systems may be used in a number of different ways 
to achieve conference or add-on service. In some key station sets, non
locking pushbuttons are used. Thus, more than one button may be 
depressed simultaneously giving a station access to more than one 
connected l ine at a time and/or to the intercom circuit. Transmission 
quality is not guaranteed because, with each line added to the con
nection, transmission loss increases and the return loss deteriorates 
due to changes in the terminating impedance. In other systems, an 
add-on key and circuit are provided so that a second line can be 
bridged to an existing connection. Similar loss impairments are 
incurred. 

Remotely located, independently operated key telephone systems 
may be interconnected by tie l ines similar to intercom lines. These 
tie lines cannot ordinarily be interconnected with other circuits to 
establish connections beyond the KTSs. 

Key telephone systems are designed so that features can be pro
vided as selected by the customer. One commonly used feature is a 
lamp display that indicates the state of each station set line. Figure 8-1 
shows the indications normally provided. In addition to the line state 
indicators, a separate lamp may be provided to indicate that the at
tendant has a message waiting for the user and another lamp may 
indicate that the add-on feature ( for conferencing) is in use. In addi
tion to these commonly used features, others may be optionally pro
vided. These include voice signalling over the intercom to a loud
speaker, privacy and exclusion arrangements, and manual or dial 
intercom signalling. In some systems, provision is also made for music 
to be transmitted to calling parties when their connections are placed 
on hold and tones to be transmitted to calling parties placed in a 
camp-on condition ( waiting for a busy called party to become free) . 
The music source is a customer responsibility ; access for the connec
tion is provided in the key telephone system. This feature involves 
the application of stringent design requirements so that two callers 
whose connections are in the hold condition cannot communicate. The 
loss between two such connections, called talk-through loss, must be 
in excess of 60 dB. 

Key telephone service was initially provided by custom-engineered 
assemblies of lamps and keys which were subsequently standardized 
and called wir-ing plans. The service has expanded and evolved to 
include a number of systems which provide the range of features 
previously discussed by packaged units called key telephone units 
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L INE STATE LAMP INDICATION 

Idle Not illuminat�d 

Busy Steady illumination 

Ringing signal · Flashing ( 60 per minute) 

On hold Winking ( 120 flashes per minute) 

Figure 8- 1 .  Key te lephone lamp sig na ls. 

( KTU) which may be mounted and interconnected in apparatus 
cabinets and key service units ( KSU) . By proper selection and 
interunit wiring of KTUs, a wide range of custom-engineered options 
can be provided by use of standard equipment and apparatus. Cross
talk must be carefully considered in design because of constant ex
posure between the same potentially disturbing and disturbed cir
cuits. Most of the telephone station transmission circuitry in KTSs 
is provided in the form of 500-type station set circuits. Thus, the basic 
performance of these stations is equivalent to that of the 500-type 
station set. 

The equipment and components used in KTUs have undergone 
many changes in technology and service applications. The circuits 
that provide the numerous options are assigned code numbers and are 
designed for use in apparatus cabinets and KSUs. The latest versions 
of these circuits use solid-state components, printed wiring boards, 
and miniature relays mounted on plug-in circuit cards to make most 
efficient use of available space and power. The most recent version of 
this type equipment assembly is the 1A2 KTS. 

Another trend in customer premises switching is the integration 
of PBX and KTS functions. Four systems, shown in Figure 8-2, are 
available to provide features that are a mix of those usually found 
in PBXs or KTSs. A station on any of these systems may be connected 
to any line terminating at the system. Most of the newer features 
such as tone signalling, loudspeaker intercom, music on hold, tone on 
add-on, and multiline conferencing are provided. 

TYPE CO OR PBX LINES STATIONS 

4A 4 16 

7A 7 18 

14A 14 34 

21A 21 52 

Figure 8-2. Key telephone communication systems. 
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8-2 EQUIPMENT FOR PBX AND CENTREX SERVICES 

Where a customer has a large number of employees that have need 
for telephone communication among themselves as well as with others 
outside the organization, the required services are

. 
often provided 

most economically by the use of one or more PBXs. In this type of 
business communication system, connections may be established be
tween stations served by a PBX, between these stations and trunks 
terminating at the PBX, and between various types of trunks. 

Services are provided by PBXs covering a wide range of sizes, 
features, uses, and applied technology. Sizes range from small, manual 
systems that can accommodate up to 40 station lines to machine 
switching systems of various types that can serve up to 1 0,000 station 
lines. Features, some optional, include intraPBX dialing by any 
station, attendant services, direct inward dialing, direct or attendant
assisted dialing to remote locations over PBX-CO or PBX tie trunks, 
toll diversion, and direct outward dialing with automatic identification 
of outward dialing. Multipart conference circuits are available for 
use with PBXs. These circuits can simultaneously bridge up to six 
PBX-CO trunks or PBX station lines in various combinations. Key 
telephone station lines can be among those connected together through 
such a conference bridge. Simple, single-station, add-on capability is 
also provided in some PBXs by the dialing of an appropriate code. 

A PBX may serve j ust one group of users at a single location or at 
a number of locations and it may be used as a switching center in a 
large and complex private telecommunications network [1] . There 
are many thousands of PBXs in service utilizing a range of tech
nology that includes manual switchboards and step-by-step, crossbar, 
and electronic switching systems. Both space division (ferreed and 
solid state) and solid-state time division ESS machines are used. 

Station Lines and Tie Trunks 

Station sets are connected to an associated manual or dial, attended 
or unattended PBX by means of PBX station lines. These are 
analogous to loops that connect station sets to the serving central 
office in the switched message network. The station sets may be 
collocated with the PBX or remotely located (off-premises) .  In either 
case, they may be individual or multipled station sets or they may 
comprise a key telephone system operating from the PBX. The loss 
and resistance limits for on- and off-premises station lines are estab-
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lished by complex relationships with the loss and resistance limits 
for PBX-CO trunks so that objectives can be met for a wide variety 
of connections [2] . Among other complications, these limits must 
satisfy transmission contrast and signalling requirements with bat
tery feed circuits located at the central office on some connections and 
at the PBX on others. 

The interconnection of PBXs is accomplished by circuits called tie 
trunks. There are numerous types of tie trunks and many intercon
nection patterns may be established to form parts of extensive tandem 
tie trunk networks. These are sometimes considered as a class of 
networks within a larger class called switched services networks in 
which separate locations are interconnected by network trunks and 
access lines. However, the latter networks provide services covered by 
specific tariffs ; furthermore, they are well-organized networks con
trolled by common control switching arrangements. Therefore, for 
present purposes, the two types of networks are to be considered as 
separate classes [1] . 

PBX Types a nd Services 

While there are many manual PBX systems still in operation, 
especially in small installations, the trend is toward machine switch
ing ; most PBXs are now machine switching types with some form of 
attendant switchboard or console. Another type of dial PBX service, 
called centrex, includes certain specific features. This service may be 
provided by all or a portion of the serving central office switching 
machine. 

Manual PBXs. In small business installations, most service require
ments are satisfied by key telephone systems. However, one modern 
manual PBX, the 558A, operates with a 29-type console to serve up 
to 40 lines. 

There are still manually-operated key-type switchboards of the 506 
and 507 types in service. These switchboards, no longer manufactured, 
provide service to a maximum of seven and twelve PBX station lines, 
respectively. Other outmoded cord- and jack-operated manual switch
boards are still found in service. These include the 552-type, which 
can serve up to 420 lines, the 555-type, which can serve up to 120 lines, 
and the 606 and 607 types, which can serve up to 5000 and 3500 lines 
respectively. 
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The 608-type cord switchboard can serve up to 1600 lines. This 
switchboard, together with the 552, 606, and 607 types, can function 
as an attendant switchboard for dial PBX operation in addition to 
being used as a manual switchboard. 

Dial PBXs. As previously mentioned, most PBX service is now pro
vided by switching machines, supplemented by attendant consoles, 
rather than by manual key-type or cord-type switchboards. Switching 
and attendant equipment is located on customer premises in most in
stallations. In  some cases, PBX or centrex services are provided by 
central office switching equipment. Like central office switching 
machines, dial PBXs are of two general categories, electromechanical 
coded with 700-series numbers and electronic with a variety of code 
number series. 

Figure 8-3 lists the principal types and general characteristics of 
the systems now in use. While they are of early design, the 701-type 
and 7 1 1-type PBXs still provide a large proportion of these services. 
These systems are progressive, direct-control, step-by-step switching 
systems. In application, they are very flexible, can economically serve 
relatively small business needs, and can also be used to serve very 
large installations ( up to 10,000 lines ) . They are the only PBXs avail
able to serve more than 4000 lines. The 702 ... type PBX, capable of 
serving a market similar to that served by the 701- and 7 1 1-types, is 
no longer manufactured. Only a few systems remain in service. 
Similarly, the 7 40-type systems, designed to serve smaller installa
tions, are no longer manufactured nor commonly used. 

PBX TYPE CATEGORY MAX. SIZE, L INES 

701 s x s 10000 
702 s x s 9600 
711 s x s  10000 
740 s x s 300 
755 X bar 20 
756 X bar 60 
757 X bar 200 
770 X bar 400 
800 ESS 80 
801 ESS 270 
805 ESS/X bar 57 
812 ESS /X bar 2000 
101 ESS 4000 

css 201 E.SS 2000 

Figure 8-3. Dial PBX types and line capacities. 
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The 755-, 756-, and 757-type PBXs are relatively small relay
controlled crossbar systems. Though a number of these systems are 
in operation, they are no longer manufactured. The 770-type system 
is a common-control crossbar system capable of serving up to 400 
station lines. Its features make it attractive for use in hotel and motel 
applications as well as in general business applications. 

Recent designs of PBXs utilize electronic technology ; some are 
all-electronic and others utilize electronic control of electromechanical 
networks. The 800- and 801-type PBXs listed in Figure 8-3 have 
ferreed networks combined with an electronic common control mode 
of operation. The designs are generally similar with the 801 an ex
panded version of the 800-type. The 805-type PBX is a compact 
machine designed to provide basic services in small installations. 

The 812-type PBX utilizes a large crossbar switching network with 
electronic common control. It can serve medi urn to large service needs 
and, in many cases, offers an attractive alternative to the bulky step
by-step systems previously used for this market. 

The 101-type PBX, properly referred to as the No. 101 E SS, utilizes 
time division switching units located at customer premises. The sys
tem is unique in that the switching units are controlled by a stored 
program unit located at the serving central office. The control unit is 
capable of operating several independent switching units for different 
PBX customers at different locations. Service requirements of the 
various customers may differ considerably in terms of the size of the 
installations and of the specialized features that can be provided. The 
control and switching units are interconnected by a data link. Switch 
unit sizes range from one serving a maximum of 340 station lines to 
one serving as many as 4000 station lines. System application is 
limited to one large or several smaller customer locations that require 
service in an area served by the same central office. 

The CSS201 is designed to provide economically a wide range of 
features that have evolved in business communications systems. It 
is a versatile all-electronic customer switching system called the 
Dimension* PBX. It is capable of serving up to 2000 station lines 
depending on the traffic load. It uses stored program control executed 
by a special-purpose minicomputer and time division switching [3, 4] . 
Development of -systems of larger capacity is continuing. 

*Trademark of AT&T Co. 
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A family of systems, coded in the SS300 series ( SS300, SS301,  . . .  ) , 
is used to provide a wide range of private switching and transmission 
services for the specialized needs of a number of U.S. government 
departments and agencies. A few general features are of interest. 
The S8300 system, for example, is a switching arrangement that uses 
crossbar switches in a nonblocking network array. It provides flexible 
and swi tchable circuit arrangements between Federal Aviation Ad
ministration ( FAA) air traffic control positions and remote locations 
that permit direct communication by radio with aircraft in flight. The 
system accommodates several hundred control positions. The SS301 
system is more nearly like a key telephone system that provides the 
same type of service for up to 40 control positions. 

Other systems in the 88300 family provide switched access arrange
ments that can be used for conferencing among several hundred sta
tions that may be widely scattered. Special distribution amplifiers are 
used in a conference bus-bar circuit to assure satisfactory transmis
sion performance. Several other smaller conference arrangements are 
also provided by these system types. The SS310 system provides two
or four-wire switching of private line circuits. It is used for crew 
dispatching by maintenance organizations of power companies and 
for truck dispatching by large trucking organizations. 

Direct Dial ing Services. The introduction of direct distance dialing in 
the switched message network led to the provision of new features in 
PBX services. Two significant features that have resulted are the 
capability of direct inward dialing ( DID) to a PBX station without 
attendant assistance and direct outward dialing ( DOD) over the 
switched message network with automatic identification of outward 
dialing (AIOD) by PBX stations for billing of long distance calls. 

These features and many more are provided by some PBXs and by 
central office switching machines that provide a service called centrex. 
For centrex service, the operator console or switchboard is usually 
located at the customer premises. The switching equipment may be 
dedicated to centrex service or it may be a portion of the serving 
central office switching machine. Central office switching equipment 
that can provide centrex services includes the No. 5 Crossbar System, 
and No. 1 and No. 2 ES8. The DID and AIOD service features can be 
provided by the 701, 770A, 812A, and C8S201 PBXs and by No. 101 
ES8 where these systems are served by central offices that provide 
outpulsing and automatic number identification (ANI ) . The stored 
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program mode of operation of No. 1 ESS permits a wide range of 
service features to be provided within complex arrangements of main 
and satellite central office switching machines and PBXs. Several 
forms of automatic ( dial-controlled) call transfer services can be 
furnished. 

In centrex service arrangements, each station line terminates 
directly at the central office switching machine. These arrangements 
involve a cost penalty that is dependent on the distances of the 
centrex stations from the central office as compared to the PBX-CO 
trunking used in ordinary PBX service. However, this penalty is off
set by the fact that with centrex arrangements, there is no switching 
equipment at the customer premises ; thus, maintenance is more con
venient and less costly and much less customer premises floor space 
is required. In general, the centrex arrangements appear more attrac
tive where a customer is located close to the central office. 

Attendant Faci l ities. With most PBXs, there are attendant consoles 
or cord switchboards operated by a customer employee or employees. 
These attendant facil ities are usually located at the customer prem
ises, even when the switching equipment is located at the central 
office. The attendant answers and completes incoming calls routed to 
the customer directory number and provides operator assistance to 
the PBX station users as required. In a network that contains main 
and satellite PBXs, the main PBX attendants serve the satellites by 
way of tie trunks. There are no attendant facilities at satellite PBXs. 

There are many types of operator consoles used for these attendant 
services. The selection must be based on the number of lines and 
trunks involved and on the desired operating features. In console 
operation, as contrasted with cord switchboard operation, the at
tendant connection can be held, if necessary, for monitoring but is 
broken in most cases after the attendant has established the desired 
through connection. 

T ra nsm ission Considerations 

Many aspects of transmission in PBX installations are similar or 
identical to those found in central offices. The same care in design, 
manufacture, installation, and operation must be exercised in respect 
to direct and multiple wiring layouts, trunk and line circuits, switch
ing network organization, and office cabling as in similar central office 
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situations. However, there are a number of ways in which PBX trans
mission problems differ significantly from those found in central 
offices. 

Central office and PBX transmission problems differ primarily be
cause, as previously mentioned, PBXs can often be regarded as com
prising additional ( sixth and seventh ) levels in the switched message 
network hierarchy and because of PBX service features that are not 
normally associated with message network services. Included are 
problems such as those relating to the design and layout of private 
switched networks and the circuits that are used in these networks. 
These circuits, which have counterparts in the message network, pro
vide communication channels for the added network levels ; examples 
are PBX-CO and PBX tie trunks, on- and off-premises station lines, 
and trunk and operator circuits for attendant facil ities. Most PBX 
transmission problems are discussed in Volume 3 [1] . 

In some installations, PBXs provide service to a specific group of 
stations that are essentially collocated while in others, the PBXs are 
interconnected as parts of tandem tie trunk networks or swi tched 
services networks. These may be very large and the trunks between 
PBXs must be designed to meet transmission requirements according 
to the same general criteria, such as the via net loss design, as those 
applied to the message network. The establishment of suitable objec
tives is further complicated by universal service connections which 
permit the interconnection of the private switched network and the 
message network but with certain restrictions designed to facilitate 
the maintenance of an acceptable grade of service. Another somewhat 
similar complication is introduced in providing centrex and PBX-CO 
services. Connections that are routed through the PBX attendant 
facilities may involve up to three intermediate tandem loop facility 
links, instead of one, before a connection is finally established between 
a message network trunk and a PBX station line. Design objectives 
must include the losses of the extra links. In order to meet loss and 
return loss objectives in private switched networks, it may be neces
sary to provide four-wire trunks, terminal and through balance in the 
switching machines, and switchable pads on many trunks and access 
l ines. Transmission circuits for PBXs are now designed to have a 
nominal impedance of 600 ohms. This provides a closer match to PBX 
station set impedances than the previous value of 900 ohms and thus 
improves transmission performance on network connections by 
reducing talker echo. 
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The design of transmission circuits associated with attendant 
facilities presents additional challenges. These circuits must not in
troduce excessive loss or degrade echo performance by reducing return 
losses. In addition, they must not introduce excessive transmission 
contrast for attendants or other network users and they must provide 
satisfactory sidetone performance for the attendant console or switch
board. Sidetone objectives are similar to those established for 
auxiliary services in the switched message network [5] . 

In addition to the network and trunk aspects of PBX services dis
cussed above, transmission performance is significantly affected by 
station lines and the interactions between station lines and network 
connections such as private network access lines, PBX-CO trunks, 
FX trunks, and W A TS trunks. 

The transfer of battery and ground connections encountered in 
switching system sequences has an added impact in PBX operation. 
Signalling and transmitter current may be fed from one of several 
points in the central office, from some part of the PBX switching 
machine, or from the attendant console or switchboard. These changes 
of battery connections can result in transmission degradation if they 
are not well controlled in design. Impedances may vary widely causing 
changes in echo performance ; transmission contrast may be excessive ; 
transmission quality may be affected by changes in battery supply 
voltage, the resistance of the battery feed circuits, and the resulting 
changes in transmitter current supply. 

Typically, battery feed circuits are based on 48 volts and 800 ohms 
or 24 volts and 400 ohms. These supply circuits are based on main
taining a transmitter current of 50 ± 15 milliamperes. Departures 
from the nominal value are caused by variations in loop length and 
tolerances on supply voltage and circuit constants. In worst cases, the 
current should be held to a minimum of about 23 milliamperes and a 
maximum of about 90 milliamperes. 

8-3 CALL DISTRIBUTORS AND TELEPHONE ANSWERING SYSTEMS 

Incoming calls from the switched message network constitute most 
of the traffic for these systems. These calls terminate at an attendant 
console or switchboard and only a small percentage are extended 
beyond the attendant position. Transmission problems at the termi
nating positions for these systems are similar to those involved in 
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incoming service to a PBX operator position. Central office connec
tions are by way of trunks similar to PBX-CO, foreign exchange, and 
incoming W ATS trunks. Attendant circuits are like those used at 
PBX switchboard or console positions. 

The switching functions performed by an automatic call distributor 
(ACD) provide service approximately according to the sequence of 
arrival of calls and distribute the calls among available attendants 
equitably so that the efficiency of the group of attendants is 
maximized. 

Automatic call distributors are widely used by telephone companies 
to provide auxiliary operator services such as directory assistance 
and call intercept services [5] . Similar services are also supplied com
mercially for such business customer applications as airline or rail
road reservation bureaus and department store catalog departments. 
The types of equipment used for commercial applications are different 
from those used for telephone company services. Installations range 
in size from about 10 operator positions to 500 or more. Most are in 
the 10- to 100-position range. 

While incoming calls are seldom extended beyond the attendant 
position, provision is usually made for attendant origination of out
going calls and reception of other than ACD calls. These features, 
usually needed so that an attendant can obtain information necessary 
for the proper servicing of the incoming calls, are provided through 
an associated PBX. Provision is also made to extend calls under over
flow or night transfer conditions and for call transfer. 

Commercial ACD service is provided by a number of systems. The 
2A ACD uses standard crossbar switches and provides for up to 56 
incoming trunks and 60 attendant positions ; the 2B ACD, using a 
small crossbar switch, provides for up to 68 incoming trunks and 
70 attendant positions. Up to three 2B ACDs can be combined and 
operated to expand the size of the attendant group ; the expanded 
2B can serve up to 180 attendant positions depending on the traffic 
pattern. It can also be arranged to forward overflow traffic to another 
ACD when the offered load cannot be adequately handled. Both the 
2A and 2B can provide announcements on queued incoming calls to 
assure waiting callers that they will be answered if they continue 
to wait. 
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The 3A ACD is a step-by-step switching arrangement that can pro
vide for up to 198 incoming trunks and 200 positions. Several 3A 
systems can be combined and load balanced to provide up to 600 posi
tions. The 3A can provide for the diversion of overflow traffic to a 
distant ACD, can be arranged to allow for several independent groups 
of attendant positions, and ( like the 2-type ACD ) can provide 
announcements on queued incoming calls. 

The 4A call distributor is designed for smaller applications than 
the 2- and 3-types. It provides for up to 20 incoming trunks and 15 
attendant positions. It does not automatically distribute incoming 
calls to attendant positions. The calls are r·eceived at console positions 
at which the flashing rates of the call indicators are varied to indicate 
the queue priority to the attendants. 

Automatic call distributor facilities are sometimes used to provide 
centralized attendant service for several PBXs. Calls that require 
attendant service at any of these PBXs are routed over release link 
trunks to the ACD. When the attendant determines the required dis
position of the call, this information is feed into the machine ; after 
the proper connection is established, the link to the attendant is 
released. 

Automatic call distributor services can now also be furnished to 
relatively simple attendant positions by appropriate programming of 
No. 1 and No. 2 E SS central office switching machines. This is a 
specialized version of centrex service applied primarily to incoming 
call distribution to the attendant positions. 

Telephone answering service is provided by organizations whose 
principal functions are to receive incoming calls for telephone cus
tomers, record messages, and relay the messages to the customers at 
a later time. There is little or no provision for switching or inter
connection among the circuits that terminate at a telephone answering 
system position. The telephone connection for each client usually has 
j ust one appearance at the attendant switchboard or console. 

There are several methods of making connections to the attendant 
switchboard or console position, as shown in Figure 8-4. The most 
common is a simple bridging arrangement as shown at A in the 
figure. In this arrangement, the connection to the attendant position 
is a bridged tap on the normal loop analogous to an off-premises 
extension line. A bridge lifter is used to isolate the leg not in use thus 
minimizing transmission impairment. In some cases, the incoming 
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line ( B )  appears only at the attendant position ; in this arrangement, 
the connection is analogous to a PBX-CO trunk that is not extended 
to a PBX station line. The third arrangement, shown at C, is used 
when the system is served by a central office that is remote from the 
serving office of the attendant position. In this arrangement, the 
connections between the two offices may involve concentration at the 
distant office and expansion and identification at the serving office. 
The connections in this case are analogous to foreign exchange trunks. 

Serving 
central office 

r--- I 'T Identifier 
� 

N 

To switch 

� 
A 

Attendant 
console or 
switchboard 
position I Station set 

Remote 
central office 

I 
I I Concentrator c 

M 
(M<N) 

To •w�{ =-
I 
I 
! 
N J To station 

sets 
1-N 

Figure 8-4. Typica·l telephone answering system serving arrangement. 

Several types of switchboard and console arrangements are avail
able for telephone answering services. The 557 A is a double-ended 
cord switchboard that is not much used. It combines regular PBX 
service and answering service. The 557B, a single-ended cord switch
board, is more commonly used. The lA T AS console features push
button answering of incoming calls. Though no longer manufactured, 
a number of lA consoles are still found in service. In some cases, key 
telephone equipment is used, especially for small installations. 

In all cases, the telephone answering service equipment
, 
can be 

furnished in flexible arrangements that may involve a single attendant 
position or may involve as many as 20 or more positions. Typically, 
a three-position installation can serve most answering service needs. 
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Section 3 

Analog Carrier Systems on Metallic Media 

The technology that has evolved from the invention and develop
ment .of electron tube and solid-state devices has made possible 
increasingly wider bandwidths for wire-pair and coaxial cable trans
mission. The resulting broadband analog transmission systems have 
required the development of modulation and multiplex equipment 
capable of combining large numbers of voice-frequency channels into 
a single broadband channel by frequency division multiplex tech
niques ; i.e., each channel is assigned a separate portion of the broad
band channel. Increased demands for service have brought about a 
significant increase in the total cost of transmission facilities ; how
ever, with the increased efficiency of utilization of transmission media 
that has been achieved by the application of electronic techniques, the 
cost per channel-mile has steadily decreased. These analog systems 
have been used primarily to satisfy trunk requirements. Subscriber 
loop applications are covered in Chapter 3. 

The long-haul, high-capacity wire pair and coaxial transmission 
systems created the initial pressure for the development of suitable 
multiplex equipment. The organization of this equipment has evolved 
into a hierarchy of multiplex capability ranging from a 12-channel 
group to a spectrum of 13,200 channels for a fully equipped L5E 
Coaxial Transmission System. Many of the multiplex arrangements 
are also used with microwave radio systems. The various types of 
multiplex equipment and their channel capacities are described in 
Chapter 9. 

Broadband analog transmission systems are designed to satisfy 
certain signal-to-noise requirements over specified bandwidths. The 
spacing between repeaters is an important parameter that depends 
on bandwidth and signal-to-noise objectives as well as on achievable 
circuit designs. The relationships among these parameters are dis-

22 1 
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cussed in Chapter 10 in general terms that may be applied to any 
broadband analog cable transmission system. 

The general principles of analog cable transmission system design 
are covered in Chapter 10. In Chapter 1 1, the design of analog systems 
for use on open-wire lines and wire cable pairs is described. The 
principal systems involved are the 0-type systems for use on open
wire lines and the N -type systems for use on cable pairs. Each type 
of system utilizes multiplex equipment designed especially for system 
compatibility. As the use of open-wire lines declined, it became de
sirable to adapt terminals designed for 0-type systems to cable pair 
systems. Equipment designed for this purpose, called ON type, is also 
described in Chapter 11 .  Chapter 12 discusses the design of coaxial 
cable transmission systems. General characteristics of each are 
described and a detailed description of the latest designs, L5 and 
L5E, are presented. 

222 
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Analog Carrier Systems on Metallic Media 

Chapter 9 

Frequency D ivis ion M u lt i p lex 

The development of broadband analog cable and microwave radio 
transmission systems has been, of necessity, accompanied by the de
velopment of multiplex equipment capable of providing efficient 
bandwidth utilization of the medium. In some cases, the multiplex 
equipment bears a unique relationship to and is really a part of the 
transmission system with which it is associated ; these multiplex 
terminals are discussed with the systems of which they are parts. In 
other cases involving coaxial cable and microwave radio systems, the 
multiplex arrangements have evolved in a hierarchical manner and 
can be regarded as a terminal multiplex system. 

Frequency division multiplex ( FDM ) equipment is composed of a 
complex assortment of oscillators, modulators, demodulators, ampli
fiers, pads, hybrid coil circuits for combining and splitting transmis
sion paths, and filters. The circuits and equipment that are used have 
evolved with new technology and with new transmission systems. 
The basic group of twelve 4-kHz channels in a frequency band of 60 
to 108 kHz was established for J- and K-type carrier systems in the 
1930s. The multiplex hierarchy has since expanded to include equip
ment for the 13,200 channel spectrum that forms the line signal for 
the expanded L5 Coaxial System, L5E. 

A number of different combinations of multiplex units have been 
used to provide signal spectra for coaxial cable and microwave radio 
systems. In addition, a 600-channel, FDM signal has been used to 
drive a coder/decoder which converts the composite analog signal to 
a pulse code modulated signal for transmission over a high-speed 
digital transmission system. This equipment provides a useful inter-
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face between frequency ·: division and time division multiplex hier
archies and offers a means of interconnecting broadband analog and 

·high-speed digitaL transmission systems. 

The modulating and multiplexing processes that are used to as
semble a broadband, multichannel signal are reversed at receiving 
terminal points where individual signals must be recovered so that 
each may be routed to its destination. In many cases, modulating and 
demodulating circuits are combined in one unit designated as a 
modem. 

9- 1 THE FDM H IERARCHY 

Many variations of the FDM hierarchy have evolved to serve the 
changing needs of coaxial and microwave radio systems as they have 
been developed to provide ever wider bandwidths. Economic and 
operational pressures have also been imposed to make more efficient 
use of available bandwidths in existing systems. Each step in the 
process of FDM evolution was built upon and utilized existing equip
ment designs in order to achie;ve timely and economical terminal 
arrangements for new transmission systems. 

Figure 9-1 shows schematically how one form of the FDM hier
archy is derived by means of five separate frequency translations 
each of which places signals at higher frequencies and in larger 
groupings. In this arrangement (for purposes of discussion called 
the basic plan ) , the input and output frequency bands of each block 
of equipment is designated ( except the initial input and final output) 
as a basic grouping of channels. For example, the outputs of channel 
banks and the inputs to group banks are known as basic group8. Each 
is a block of 12 channels occupying the band from 60 to 108 kHz. 
Similarly, groupings at other points in the hierarchy are the basi.c 
supergroup ( 60 channels placed between 312 and 552 kHz�. , the basic 
master group ( 600 channels in the band from 564 to 3084 kHz ) ,  and 
the basic jumbogroup (3600 channels in the band from 564 to 17.;548 
kHz) . The outputs at any level in the hierarchy may be used totally 
or partially as a line signal or as a portion of a line signal feeding a 
broadband analog transmission system. 

Four-wire transmission is used throughout the FDM equipment. 
The four-wire paths are provided over balanced shielded pairs or 
coaxial cable depending on requirements imposed by the frequency 
band at each point in the hierarchy. However, in many cases 4-kHz 
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channels connected to the multiplex are two-wire. The necessary 
interface equipment, in the form of four-wire terminating sets, E
or F -type signalling units, etc., is provided as individual units or as 
facility terminal units which integrate all needed functions in a 
single assembly with plug-in units. 

Channel  Banks 

Two designs of channel bank are now in general use in the Bell 
System. Although the A5 is found in large quantities throughout the 
plant, the A6 is the newest design available and has superseded the 
A5 in new installations. The two designs are completely compatible ; 
i .e., circuits operate satisfactorily with an A5 bank at one end and 
an A6 bank at the other. 

A third design, not called a channel bank although it performs 
similar functions, is the direct formed supergroup bay. It combines 
60 voice-frequency signals into a supergroup spectrum without inter
mediate group level modulating and multiplexing stages. 

The AS Channel Bank. Early channel bank designs utilized electron 
tubes for amplification, a copper oxide shunt varistor bridge as a 
modulator, and filter elements that limited performance. The A5 
channel bank was a redesign that represented a significant ad
vance [1 ] . It was the first large-scale equipment item in the long-haul 
plant of the Bell System to use transistors. The modulating elements 
followed earlier designs in using copper oxide but these elements were 
subsequently replaced by solid-state diodes. Filters represented design 
advances in the use of ferrites for magnetic devices, mylar capacitors, 
and synthetically grown quartz crystals. 

A block diagram of the transmitting portion of the A5 channel 
bank is given in Figure 9-2. The speech signal modulates a carrier 
for translation to the assigned frequency band in the group spectrum. 
At the output of the modulator, the resulting double sideband signal 
is passed through a highpass filter to suppress any voice-frequency 
energy that may have passed through the modulator and a bandpass 
filter to suppress upper sideband signal components and any carrier 
signal that may have leaked through the balanced modulator. Thus, 
only lower sideband components are retained to be combined with 
eleven other such signals, each in a different portion of the group 
spectrum. The figure also shows the carrier frequency for each 
channel, the lower sideband signal allocation for each channel, and 
the channel numbering sequence that is used. 
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b__ L r+B  
0 4 kHz 

\ 
2 

1 2  

fct = 1 08 kHz 

84 92 1 00  1 08 

80 88 96 1 04 

Note: 

l +- l  1 --+ 1  
Arrows show sideband 
orientation of 4-kHz 
channels. 

Figure 9-2. Transmitting A5 chan ne l  bank block diagram and channel  number 
assignments. 

The A5 channel bank represents improvements over previous de
signs in respect to its smaller size, superior gain stability with time, 
improved attenuation/frequency response and nonlinear distortion 
performance, better maintenance accessibility, lower power consump
tion, and longer l ife. It has been the standard analog channel bank in 
the Bell System until the introduction of the A6 channel bank. 

The A6 Channel Bank. The addition of the A6 to the family of A-type 
channel banks represents another step in miniaturization, cost re
duction, and adaptation of new technology. Input and output signal 
spectra are identical to those associated with the A5 channel bank to 
provide end-to-end compatibility of the two designs. 

A block diagram of the A6 bank is shown in Figure 9-3. Note that 
the group band is formed by two steps of modulation. The first step 
places each channel in a preassigned frequency position near 8 MHz. 
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The channels are combined and then, in the second step of modula
tion, the entire group is translated down to the basic group frequency 
band. This two-step process was adopted in order to permit the ap
plication of a new design of channel filters using monolithic quartz 
crystals. These filters are more readily optimized at frequencies close 
to 8 MHz than at the basic group band frequencies as would be 
necessary if the A5 plan had been followed [2] . Other new technology 
used in the A6 includes a number of hybrid integrated circuits for 
amplifiers, pads, and other circuit elements [3] . 
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Figure 9-3. Transmitting A6 channel bank block diagram and channel number 
assignments. 
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Each of the twelve A6 input circuits is coupled to a modulator 
which is provided with a carrier in  the range of 8140 to 8184 kHz. 
The double sideband output of each modulator is passed through a 
bandpass filter which selects the upper sideband. The twelve signals 
are combined to form a band from 8140 to 8188 kHz. This signal band 
is next passed through a second modulator driven by a carrier at 
8248 kHz. The double-sideband modulator output signal is then filtered 
to select its lower sideband which is a signal spectrum between 60 and 
108 kHz, identical to that at the output at an A5 channel bank. 

Direct Formed Supergroup. Sixty voice-frequency signals may be com
bined directly to form a supergroup signal in the frequency band 
between 312 and 552 kHz. This direct formed supergroup ( DFSG) 
may be used economically where the number of circuits originating 
in an office for transmission along the route approaches 60. In this 
application, group banks are not required. The signal spectrum and 
individual channel sideband orientation is identical to that of the 
basic supergroup. Thus, it is not necessary to have a DFSG at both 
ends of a channel. One end may use a DFSG and the other may 
utilize conventional group bank terminal equipment. 

The modulation and multiplexing plan for the DFSG is similar to 
that used in the A6 channel bank. Twelve channels are modulated to 
the 8 MHz region and combined into a group band spectrum. The 
five group bands are then modulated into appropriate portions of the 
supergroup band. Thus, the DFSG combines the functions of the A6 
channel bank and the group banks. 

Group and Supergroup Banks 

Blocks of channels are combined in the next steps of the multiplex 
hierarchy to form 60-channel supergroups in a group bank and 600-
channel mastergroups in a supergroup bank. The equipment now 
most commonly used for these functions is called the LMX-2 [ 4, 5] . 
A new version, the LMX-3, has been introduced and will supersede 
the LMX-2 [6] . 

One of the features of the LMX-2 and LMX-3 equipment that 
represents a departure from earlier designs is that of automatic gain 
regulation. Pilots are inserted in the transmitting equipment and 
picked off to control regulation loops in the receiving equipment after 
demodulation to basic supergroup · and basic group frequencies. 
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The LMX-2 Equipment. Figure 9-4 shows how the group banks in the 
LMX-2 equipment are arranged to produce the 60-channel basic super
group in the band between 312 and 552 kHz. The channel orientation 
is inverted in the process so that voice-frequency channels appearing 
as lower sidebands in the basic group appear as upper sidebands in 
the basic supergroup. Note that there is no space allowed in the 
spectrun1 between 4-kHz channels or between group bands. Filters 
designed to separate the 4-kHz channels must have very sharp cutoff 
characteristics in order to provide the necessary discrimination be
tween adjacent VF channels and adjacent group frequency bands. The 

Basic groups 
60 108 kHz 

L I I _13_ 

To 
channel 
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l _  � 
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L � 
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L I I 
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Figu re 9-4. Transmitting group bank in LMX-2. 
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cutoff characteristics of these filters are responsible for the reduction 
of effective bandwidth from 0 to 4 kHz to about 0.2 to 3.4 kHz. 

In order to facilitate the process of combining, the even-numbered 
groups are bridged together and the odd-numbered groups are bridged 
together. The even and odd groups are combined in a hybrid trans
former, as shown in Figure 9-4. This arrangement minimizes im
pedance interactions where filter cutoff characteristics overlap. 

The transmitting supergroup bank is shown in Figure 9-5. One 
notable feature of the arrangement is the supergroup numbering 
which covers the ranges 13 to 18 and 25 to 28. This unusual number
ing scheme is a result of the way in which the multiplex evolved. In 
each of the numbered sequences, the second digit corresponds to a 
supergroup number taken from the original L600 multiplex hierarchy. 
The first digit in each of the sequences refers to the subnwstergroup 
designations. There are frequency spaces (often called guard bands ) 
of 8 kHz between most pairs of supergroups. The guard band be
tween supergroups 18 and 25 (submastergroups 1 and 2 )  is 56-kHz 
wide. The band was initially provided to facilitate separating the two 
submastergroups and to provide for the transmission of a line pilot 
for carrier system regulation. 

The supergroups are combined at the outputs of the bandpass filters 
in a manner similar to that used for combining groups. The even
numbered supergroups and the odd-numbered supergroups are each 
bridged together and then the two circuits are combined in a hybrid 
transformer. The composite signal forms the basic mastergroup 
designated U600 ( U  for universal ) .  The U600 is the standard format 
used on most microwave radio and coaxial cable carrier systems. 

The LMX-3 Equ ipment. This new design of multiplex equipment is 
ful ly compatible with existing designs that utilize the U600 frequency 
allocations ; i .e., systems may be operated with LMX-2 equipment at 
one end and LMX-3 equipment at the other end. The new equipment 
features significant reductions in space, power consumption, and cost. 
In addition, it provides better access arrangements for test and main
tenance, is organized for logical and economical service growth 
through more extensive use of plug-in units and minimally equipped 
shop-wired bays, and includes several new distributing frame designs. 

The LMX-3 equipment may be combined in various ways to provide 
the most economical arrangement required for each installation. This 
flexibility is achieved by making several optional preassembled and 
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Figure 9-5. Transmitting supergroup 'bank in LMX-2. 
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prewired bays available. One bay design is made up entirely of group 
assemblies (group bank bay) with basic group inputs and basic 
supergroup outputs ; another is made up entirely of supergroup as� 
semblies ( supergroup bank bay) with basic supergroup inputs and 
basic master group (U600 ) outputs. A combined bay, composed of 
group and supergroup assemblies to form one mastergroup, is also 
available. Most of the equipment for both group and supergroup as� 
semblies is contained in plug-in modems that provide modulators and 
demodulators, common carrier supply drive amplifiers, bandpass 
filters, and pilot regulating amplifiers. Each bay thus provides for 
both directions of transmission. 

One of the guiding factors in the development of the LMX-3 was 
the recognition of the large amount of work carried out in the field in 
respect to circuit installations and rearrangements. It has been esti
mated that the assignments of 50 percent or more of the groups are 
changed each year. Large numbers of supergroups and mastergroups 
assignments are also changed each year. Thus, the multiplex hier
archy, as illustrated in Figure 9-6, can be regarded as an extremely 
slow-speed switching system. The switching function requires con
siderable time and effort when carried out by wiring and cabling 
changes. 

This point of view has led to the provision in LMX-3 of improved 
group and supergroup distributing frames and a new mastergroup 
distributing frame as shown in Figure 9-6. These frames are each 
designed with access points having equal transmission level points to 
permit simple, in-service rearrangements without readj ustments. 
Changes can be made much more quickly than in any previous design. 

The mastergroup distributing frame is arranged for direct appli
cation of the Carrier Transmission Maintenance System ( CTMS) .  
Access points are also provided to make mastergroups available for 
emergency broadband restoration purposes. 

The performance of the LMX-3 equipment equals or surpasses that 
of predecessor systems in all respects. The most significant improve
ment is the reduction of spurious single-frequency interferences. 
There are also other improvements that affect maintenance activities 
and costs. For example, a large improvement in overall reliability 
has been achieved and the ranges of group and supergroup regulators 
have been increased. 
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The equipment designs are compatible with new building design 
requirements. All LMX-3 bays are designed to 7 -foot bay heights ; 
provision is made for bay extenders so that, where used in buildings 
with high ceilings, the extended bay space may be used for miscel
laneous equipment mounting. Heat dissipation is controlled so that no 
forced cooling is required. The successive designs of multiplex equip
ment have all had floor space savings as a primary objective and 
LMX-3 units are from three to six times smaller than LMX-2 
counterparts. 

The L600 Mastergroup. This multiplex arrangement, shown in 
Figure 9-7, utilizes standard groups to form 60-channel supergroups. 
The L600 mastergroup evolved from the early needs of the L1 Coaxial 
Carrier System which was designed for 480 channels. When the per
formance of L1 was shown to be adequate, two additional supergroups 
were added above the original eight. It was this arrangement that led 
to the numbering of supergroups from 1 to 10. 

6 1 2  None 1 1 1 6 1 364 1 6 1 2  1 860 2 1 08 2356 1 860 3 1 00 

� I � � � � � � � � I 

+ 
300 552 804 1052 1 300 1548 1 796 2044 241 2  2788 

60 3 1 2  564 81 2 1 060 1 308 1 556 1 804 2 1 72 2548 

LJ.-1 � bbb�b� b � 
1 2 3 4 5 6 7 8 9 1 0  

Notes: 
1 .  All frequencies in kHz. 

Arrows show sideband 
orientation of 4-kHz 
channels. 

Figure 9-7. Frequency al locations for L600 mastergroup. 

] SG <a";"' 
frequencies 

Output signals of the type developed by the L600 multiplex are 
sometimes used to feed TD-2, TJ, and TM/TL microwave radio 
systems. The U600 multiplex arrangement is now used with trans
mission systems capable of carrying 600 channels or more. This 
mastergroup is considered standard ; however, much L600 equipment 
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remains in service. Where "data-under-voice" arrangements are used 
on microwave radio systems, the L600 multiplex spectrum cannot be 
used and the U600 spectrum is usually provided. 

An increasing number of 2-GHz common carrier radio channels are 
being made available to the Bell System. Supergroups 1, 2, 3, and 4 
of the L600 arrangement can be used economically to serve systems 
that utilize these radio channels. To provide this capability, LMX-3 
equipment is being made available to supply the L600 or portions of 
the L600 frequency spectrum. This equipment is compatible with the 
earlier L600 design. 

The Mastergroup Multiplex 

A number of multiplex arrangements are available to translate and 
combine U600 mastergroup signal spectra for transmission over 
broadband coaxial and microwave radio systems. While there is still 
a significant amount of MMX-1C (cable) and MMX-1R (radio) in 
the plant, the equipment now most commonly used is the MMX-2C 
and MMX-2R. The latest designs, called mastergroup translators 
( MGT-A, MGT-B, and MGT -AT ) , are available or in development to 
satisfy a number of coaxial cable and microwave radio system needs. 

Mastergroup Multiplex, MMX- 1 .  The MMX-1 was developed initially 
to serve the needs of the L3 Carrier System ; in addition, it is widely 
used to furnish baseband signals for multimastergroup microwave 
radio systems. As shown in Figure 9-8, six basic supergroups are 
modulated individually and combined to form submastergroup 1, a 
spectrum of signals from 564 to 2044 kHz. Four other basic super
groups are similarly modulated and combined to form submaster
group 2 in the spectrum from 1060 to 2044 kHz. Submastergroup 2 
is further translated in two steps of modulation and placed in the 
spectrum between 2100 and 3084 kHz ; it is then combined with sub
mastergroup 1 to form the complete U600 mastergroup. Three such 
mastergroups are formed at basic mastergroup frequencies. One re
mains as a basic mastergroup, the second is translated in two steps 
of modulation to fall in the spectrum between 3 164 and 5684 kHz, 
and the third is similarly translated in two steps of modulation to 
the spectrum between 5764 and 8284 kHz. These three mastergroups 
and an additional basic supergroup are then combined to form the 
L1860 spectrum. There are no mastergroup pilots in this spectrum 
since neither gain regulation nor protection switching is used in 
MMX-1. 
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The 3-digit numbering system shown in Figure 9-8 was adopted to 
identify each supergroup. The first digit represents the mastergroup 
number and the second digit the submastergroup number. The third 
digit represents the supergroup number in the L600 spectrum. Ele
ments of this numbering system have been retained in later designs 
but the frequency translations of submastergroup 2 as an entity is 
used only in MMX-1. 

Mastergroup Multiplex, MMX-2. This equipment provides a step in the 
FDM hierarchy but it is not a part of the L-type multiplex. The 
MMX-2 was designed initially to provide the line frequency signal 
for the 3600-channel L4 carrier system [7] . It was later adapted to 
provide a baseband line signal spectrum for microwave radio systems. 

Figure 9-9 is a block diagram of the transmitting MMX-2. In this 
arrangement, the usual combination of signal input, modulator, and 
bandpass filter is supplemented by a protection . switching arrange
ment, not shown in the figure, which requires the insertion at the 
input of a 2840-kHz mastergroup pilot. The pilot is picked off at the 
output and detected. Loss of pilot produces a de voltage on the control 
lead to the switch which operates to transfer service to the spare 
equipment. One spare and associated switching is arranged to protect 
three working circuits. Provision has been made to operate the trans
mitting equipment without the switching feature and to modify exist
ing equipment to eliminate the switching feature where unprotected 
operation is desired. 

The MMX-2 terminal is provided with many test access points and 
patch jacks that permit very flexible use of the circuits for mainte
nance and for emergency broadband restoration. The receiving cir
cuits perform the demodulation function in a conventional manner. 
Three-for-one protection switching of the receiving circuits is ac
complished in a manner similar to that used in the transmitter. The 
2840-kHz pilot is used at the receiver for controlling the switching 
circuits and the mastergroup regulator circuitry. Switching arrange
ments may be disconnected or omitted. 

Mastergroup Translators .  Several designs of multiplex equipment have 
now been introduced to supersede the MMX-2 equipment. These de
signs incorporate individual self-contained mastergroup shelf mount
ings which permit more flexible and economical applications to 
transmission systems that require more than one mastergroup. These 
system applications include the provision of two mastergroups for 
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1 .  All frequencies in kHz. 
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Arrows show sideband 
orientation of 4-kHz 
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2 3 4 5 6 

Combining 
circuit 

(MG NO.) 

Figure 9-9. Transmittin g  MMX-2 termina l . 

TM-, three for TD-, and four for TH-type radio systems. In addition, 
five mastergroups are combined for the AR 6A radio system, six 
mastergroups for the L4 Carrier System and the jumbogroup multi-

TCI Library: www.telephonecollectors.info



240 Analog Carrier Systems on Metal l ic Media Vol .  2 

plex, and seven and eight mastergroups for the 22-mastergroup L5E 
Carrier System. Reliability of this type equipment has been such that 
costly protection switching arrangements are not required. Standby 
equipment, maintained in operating condition, may be patched into 
service if required for maintenance or for restoration of failed 
service. 

Several designs of the new equipment are available. The first, called 
mastergroup translator, series A ( MGT-A) , provides a spectrum 
identical to that of the MMX-2. The inputs to the MGT-A are normally 
U600 mastergroups. However, it is possible to transmit an L600 
spectrum in the first ( lowest frequency) master group position since 
it is not modulated to another frequency band. This feature permits 
the reuse of existing L600 equipment where frequency allocations 
are compatible with the transmission system bandwidth. 

A second design, called MGT-B, translates the mastergroups to fre
quency spectrum positions such that the guard bands between master
groups are a constant 168 kHz. This spacing, shown in Figure 9-10, 

Basic mastergroups 

564 3084 

L I I 
_ _s_ 

MGl I 

MG2 

MGB 

Multimaster MGT-8 spectrum 

l _  

Notes: 
1. All frequencies in kHz. 

2. (3  8 
Arrows show sideband 
orientation of 4-kHz 
channels. 

Figure 9- 1 0. Formation of MGT -B spectrum. 
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makes more efficient use of the overall spectrum and makes feasible 
the transmission of a larger number of 4-kHz channel signals over 
the L5E Carrier System and over certain microwave radio systems. 
The MGT-B is somewhat less flexible than the MGT-A and precludes 
mastergroup branching except by demodulation to basic mastergroup 
frequencies. 

A third design, for light-route terminating applications, utilizes the 
same frequency allocations as the A-series and is designated MGT -AT. 
It does not provide several of the features, such as squelch and regu
lation, found in other designs. As an option, redundant path trans
mission is provided to increase reliability. It is expected to be used 
often to terminate mastergroups at unmanned locations. 

The mastergroup translator equipment differs in many respects 
from the MMX-2. Each MGT unit has built-in carrier and pilot gener
ation, alarm, and de power supply circuits. Frequency translation is 
performed by plug-in modulators and demodulators. These plug-in 
units also provide regulation and squelch functions. Mastergroup 
signal combining and separating are accomplished in a separate panel . 
The segregation of modulation and demodulation functions from 
signal combining and separating functions and the use of plug-in 
circuits results in an equipment arrangement that is much more 
flexible than that of the MMX-2 arrangements. 

Multimastergroup Multiplex Equipment 

In the basic plan of Figure 9-1, multimastergroup translation is 
effected in equipment called the j umbogroup multiplex (JMX) [8] . 
This equipment, developed specifically for the L5 Carrier System, was 
used only in early installations. The channel capacity of the L5 system 
has been increased from 10,800 to 13,200 channels (L5E ) . This ex
pansion required the development of new equipment called the multi
mastergroup translator (MMGT-C ) .  Another multimastergroup 
translator, the MMGT-R has been developed for use with the AR 6A 
microwave radio system. The output signals of these translators have 
different spectra and the equipment provides a number of different 
features due to differences in the systems they serve. 

The Jumbogroup Multiplex. While the general layout of circuits in the 
JMX fol lows a conventional pattern, there are a number of significant 
departures. 

· 
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Three basic jumbogroups ( 18 mastergroups ) are used as the input 
signals to the JMX as shown in Figure 9-1 1.  Jumbogroups 1 and 2 
are translated to their positions in the L5 spectrum by two steps of 
modulation. Jumbogroup 3 is translated to its position in the spectrum 
by three steps of modulation, the first two of which are identical to 
those used for j umbogroup 1 .  

Protection switching is provided in  the JMX by a spare path (B)  
for each working path. This mode of  operation is  used in  order to 
simplify the switching circuits and logic. Each path is split by a 
hybrid transformer. A relatively simple transfer switch is  used at 
the output of the two redundant paths, either of which may be selected. 
The two paths are made available, by circuits not shown in the figure, 
for emergency broadband restoration use. 

The complete L5 line spectrum is not formed in the JMX. The three 
jumbogroups are carried in assigned frequency locations to line con
necting equipment where they are combined for transmission over the 
L5 line. This arrangement is used in order to provide maximum 
flexibility in assembling the line signal . 

Portions of the receiving JMX are i llustrated in Figure 9-12. The 
complete paths of jumbogroups 1 and 2 are not shown since they are 
demodulated by circuits .which follow the conventional pattern of per
forming the inverse of the transmitting circuit functions. Jumbogroup 
3 which is formed by three steps of modulation in the transmitting 
circuits, is returned to the basic j umbogroup spectrum in one step of 
modulation in the receiver. Patterns of unwanted ( interference ) 
signals found i n  the transmitter do not appear in the receiver thus 
permitting the simpler mode of operation. 

The L5 line signal is  split into six independent paths in line con
necting equipment. These signals are transmitted to the JMX equip
ment where bandpass filters select the appropriate j umbogroup. 
Switching arrangements in the receiver are similar to those used in 
the transmitter. 

The gain of each basic j umbogroup is accurately regulated at the 
output of the receiving JMX. This is accomplished by the use of a 
5888-kHz pilot which is added to the basic j umbogroup signal before 
it is applied to the JMX transmitting circuits. The pilot is removed 
by a band el imination filter at the JMX output. 
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Figu re 9- 1 1 . Simplified schematic of the transmitting JMX. 
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Figure 9- 1 2. Simplified schematic of the receiving JMX. 

JGl 

JG2 

JG3 

Multimastergroup Translators. The multimastergroup spectrum shown 
in Figure 9-10 may be used in various combinations to provide signals 
required for transmission over specific systems. Figure 9-13 shows 
how the spectrum is formed for the 22 mastergroup L5E Carrier 
System. A single step of modulation is used to place each mastergroup 
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in its assigned place in the spectrum. Note the relatively close spacings 
between multimastergroup spectra. This close spacing and the close 
spacing between master groups in the MGT -B arrangement permit the 
fitting of 22 mastergroups into the L5 system passband. Figure 9-14 
shows the formation of a ten-mastergroup array for transmission 
over the AR 6A single-sideband microwave radio system. 

Notes: 
1 . All frequencies in kHz. 
2. [3 � 

MGl-7 

Arrows show sideband 
orientation of 4-kHz 
channels. 

3252 21900 

L _  : .. 1•1•1•1•1•1•: 
3252 21900 I I 

MGl-7 L 1+1+1+1+1+1+1+1 

MGl -8 

3252 24588 

L_ :.1·1 ·1·1 ·1·1·1 ... : 

3252 22900 43508 

21900 41548 

I I 64�44 L_ l --+ 1 1 +- 1 1+---- I 

fe = 68096 

2 3 

(MMGT NO.) 

\ 

Figure 9- 1 3. Formation of l5E l i ne  signal  using three MGT -8 spectra. 

The multimastergroup transmitting and receiving equipment is 
furnished with automatic protection switching systems arranged so 
that one working spare multimastergroup modulator or demodulator 
can protect up to 20 working circuits in the MMGT -C and up to 15 in 
the MMGT-R. Transmitting and receiving circuits are protected in
dependently. A 13,920-kHz pilot signal is used to actuate the switching 
circuits. These switching arrangements are controlled by modern 
electronic logic and control circuitry. 
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Notes: 
1. All frequencies in kHz. 
2. � [B 
Arrows show sideband 
orientation of 4-kHz 
channels. 

3. LIF = lower intermediate 
frequency; UIF = upper 
intermediate frequency. 
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\ 

Figure 9- 1 4. Formation of the 1 0-mastergroup spectrum for AR 6A microwave 
radio system. 

9-2 DESIG N CONSIDERATIONS 

The designs of the various portions of the analog multiplex hier
archy have evolved from a number of specific transmission system 
needs. Each step has been featured by the application of new tech
nology, the consideration of many interrelated and interacting 
objectives, and a recognition that compatibility with existing arrange
ments was essential. Also, the overall process had to allow for flexible 
expansion and the possible application of future innovations. Features 
that have been given particular attention in thi s  on-going design 
process include the overall efficiency of the multiplexing arrange
ments, the transmission requirements that have had to be satisfied 
at each step, and the reliability of the services carried by the multiplex 
equipment. 

TCI Library: www.telephonecollectors.info



Chap. 9 Frequency Division Multiplex 247 

Efficiency Factors 

In addition to supporting the increased efficiency of bandwidth 
utilization in transmission media, other advantages have been found 
as the analog multiplex hierarchy has evolved. These advantages in
clude the use of common equipment, the cost of which is shared by 
many transmission circuits. Such common equipment includes pilot 
and carrier supplies, maintenance equipment, and, in many cases, 
identical circuits in both the transmitting and receiving portions of 
the multiplex. Advantages have also been gained from the multiplex 
arrangements that permit different levels of the hierarchy to be used 
as terminal equipment for systems of different bandwidths and trans
mission modes, e�g., microwave radio, coaxial cable, and high-speed 
digital systems. 

Bandwidth Uti l ization. As each step is taken in the evolution of a 
given type of transmission system, the use of the medium is extended 
in bandwidth by system design techniques such as using shorter 
repeater spacing in cable systems or increasing the transmitted power 
in a microwave radio system. These bandwidth increases must be 
supported by commensurate increases in terminal equipment band
width and channel capacity but complexities appear in multiplex de
sign that are different from those that influence transmission system 
design. 

In order to make most efficient use of assigned bandwidth, there 
is always pressure to place channels in the spectrum as close together 
as possible. However, close channel spacing imposes stringent require
ments on the bandwidth allowed for filter discrimination, i.e., for the 
filter attenuation to increase from its minimum ( inband) value to its 
maximum (out-of-band) value. This problem is accentuated as the 
top transmitted frequency is increased because the bandwidth re
quired for the transition region is a percentage of the frequency at 
which the transition must be achieved. Thus, a more complex design 
is required for the higher frequency filters than for lower frequency 
filters if the same guard bandwidth is provided. 

The sharp cutoff and high out-of-band attenuation requirements 
produce inband amplitude/frequency and phase/frequency distortions 
that are hard to control and that tend to accummulate systematically 
when terminals are connected in tandem. The attempts to control 
these distortions or to correct them by the use of equalizers cause 
undesirable increases in terminal equipment costs. Ultimately, designs 
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must be a compromise between performance and costs when technical 
feasibility has been established. 

One example of how a design compromise was effected in the design 
of multiplex equipment is illustrated by the shift in frequency alloca
tions of the mastergroup multiplex, MMX-2, shown in Figure 9-9, as 
compared to the mastergroup multiplex, MMX-1, shown in Figure 9-8. 
In the MMX-1 design, the frequency allocation provided a constant 
guard bandwidth of 80 kHz between mastergroups. In the design of 
the MMX-2 equipment, the guard bands are approximately 4 percent 
of the center frequency of each band. This approach made possible 
improved transmission/frequency performance in the multiplex filters 
and related equipment used to provide flexibility in system layouts. 
Without the proportional bandwidth, the functions of dropping, block
ing, reinserting, and through connecting cannot be accomplished 
except by demodulation to basic mastergroup frequencies. 

In the design of the B-series of the mastergroup translator and the 
multimastergroup translators, the approach of minimizing the guard 
bandwidths at the expense of reduced flexibility was again taken. 
Thus, increased numbers of channels were made available. The ap
proach was deemed appropriate because the growth of service has 
made it desirable to administer channels in larger blocks . 

Another feature of the multiplex hierarchy that was introduced to 
increase the efficiency of bandwidth utilization is the location of group 
and supergroup pilots. Originally, these pilots were assigned fre
quencies near the middle of their respective bands. However, they 
later were reassigned to frequencies near the band edges to make 
possible the more complete utilization of these bands for wideband 
data signals. In anticipation of later needs for wideband signals in 
the mastergroup and j umbogroup, pilots for those bands are provided 
at frequencies fairly near the respective band edges. The multimaster
group pilot is placed near the center of the multimastergroup trans
lator spectra at a frequency selected to more nearly optimize analog 
transmission. These pilot frequencies are shown in Figure 9-15. 

Common Equipment. The details of how common equipment advan
tages are realized are numerous. A limited discussion of the applica
tion of common circuits and equipment is appropriate. Four categories 
of equipment are of interest : carrier supplies, pilot supplies, modu
lators and demodulators (modems ) ,  and maintenance equipment. 
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Figure 9- 1 5. Pilot frequencies in FDM equipment. 
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Carrier and multiplex pilot supplies are sufficiently alike that they 
may be discussed as a single item. Carrier frequencies must be pro
vided at every stage of the multiplex ; pilots are used for regulation, 
alarms, and/ or protection switching control in all steps in the multi
plex above the channel bank level. All carrier frequencies are multiples 
of 4 kHz ; these signals and pilots must be precise, accurate, stable, 
and reliable. Amplitude and phase j itter must be held to extremely 
small values even in the presence of noise or variations in supply 
voltages. Such factors have all contributed to the use of common 
equipment because the cost of supplying large numbers of individual 
signal generators meeting such stringent requirements would be ex
cessive. However, in the more recent designs, such as the mastergroup 
and multimastergroup translators, emphasis has shifted from common 
equipment to flexibility of application. 

Typically, an office that uses FDM equipment contains one or more 
reliable primary frequency supplies (PFS) and/or a j umbogroup fre
quency supply (JFS ) the circuits of which are redundant and switched 
automatically from working to spare in the event of failure. The 
operating frequencies of these units are controlled by synchronization 
with reference signals transmitted from the Bell System Reference 
Frequency Standard [9] . These signals are transmitted nationwide 
through regional frequency supplies. In the event of failure of the 
Reference Frequency Standard, synchronization is maintained by the 
regional frequency supplies. 

The output signals of the primary frequency supplies are at 4, 
64, 128, and 512 kHz [10] . These signals are fed to multi port dis
tribution networks and a number of bays of L-multiplex equipment 
may be supplied from each. Signals at 1 .024, 2.56, and 20.48 MHz are 
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generated in j umbogroup frequency supplies to synchronize JMX and 
multimastergroup equipment [11] . Within the multiplex bays, pilots 
and carrier frequencies are generated and distributed as required to 
serve their assigned functions [12] . 

Many modulators and demodulators use identical circuit and equip
ment arrangements to fulfill their functions and are combined in 
single-unit modems. Maintenance features that have been incorporated 
in the multiplex equipment are also furnished on a common basis so 
that external and built-in maintenance test sets and circuits can serve 
one or more bays of transmission equipment. 

Transmission 

A transmission system must simultaneously meet service and trans
mission objectives such as bandwidth, reliability, signal-to-noise 
performance, and specified input/ output linearity relationships. For 
economic reasons, allowable transmission impairments are allocated 
primarily to the transmission line with only small amounts allocated 
to terminal equipment. It is also important to recognize that overall 
transmission performance of systems is dependent on certain oper
ating features that must be provided. Included are the provision of 
flexibility in respect to the interconnections between systems and 
circuits, adequate transmission stability, and the provision of specified 
transmission level points ( TLP ) for compatibility with other parts 
of the transmission plant. 

In some transmission systems, TLPs must vary with frequency. 
Where these specifications are expressed as stepped functions of fre
quency (for example, each mastergroup may be applied to a trans
mission system at a different TLP) , appropriate gain (or loss) 
adj ustments may be applied in the FDM equipment. Where the TLPs 
are specified as continuous functions of frequency, the appropriate 
characteristic is provided by a network placed between the multiplex 
and the line equipment. 

The input to FDM terminals consists primarily of four-wire voice
frequency circuits. Where the incoming circuit is two-wire, it must 
be converted to four-wire by a four-wire terminating set. The TLP 
at the four-wire voice-frequency FDM input on the transmitting side 
is -16 dB and at voice-frequency output on the receiving side of the 
circuit, the TLP is + 7 dB. These standard TLPs are used in all 
carrier systems including the N- and T-types.  Thus, it can generally 
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be stated that a carrier system channel has 23 dB of gain from the 
input to the output. These standard TLPs and system gains facilitate 
the interconnection of systems and orderly administration throughout 
the plant. Even though transmission system designs require a wide 
range of TLPs internally, the input and output TLPs are always 
- 16 dB and +7 dB. These standards may well be subject to change 
with the introduction of No. 4 ESS and the fixed loss transmission 
plan [ 13] . 

Stabil ity. Broadband amplifiers used in FDM equipment are designed 
to maintain high gain stability in spite of component characteristic 
changes, temperature changes, or battery supply voltage changes. This 
stability is achieved by the use of negative feedback and by the use of 
pilot-controlled regulators in the receiving circuits of the multiplex. 
Group, supergroup, and mastergroup transmission is usually regu
lated. Generally, regulators maintain transmission at the pilot fre
quency to within ± 0. 1  dB of the required value. The frequencies of 
pilots used in the multiplex equipment are shown in Figure 9-15. 

Transmission Response. At each level in the multiplex above channel 
bank, the attenuation/frequency characteristic is designed to be flat 
within approximately ± 0.05 dB over any 4-kHz portion of the trans
mission band. This accuracy in transmission is easily met over the 
center frequencies but band edges tend to roll off in spite of the use 
of crystals in filter designs. The cumulative departure from flat trans
mission through ten pairs (transmitting and receiving terminals) i s  
typically 0.25 dB or  less. 

Delay distortion is not normally corrected in the multiplex equip
ment since FDM design is based primarily on the transmission of 
speech signals. When voiceband or wideband private line data chan
nels are provided by FDM equipment, any required delay distortion 
correction is accomplished in circuits external to the multiplex. 

Combining and
· 
Separating Circu its. · Many combining and separating 

points must be provided to combine signals of different frequencies 
into a composite spectrum and to separate them at receiving terminals 
so they may be directed as separate signals to the appropriate desti
nations. Hybrid coil and resistance pad circuits are commonly used 
in conjunction with filters for these purposes. 
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The choice between hybrid coil and resistance pad circuits depends 
on allowable loss at the point of application, impedance relationships 
at the interfaces, circuit-to-circuit interaction sensitivity, and costs. 
Hybrid coil circuits tend to have somewhat less through circuit loss 
and higher coupling loss ( transhybrid loss ) but are more costly than 
resistance pad circuits. The control of impedances involves the designs 
of the required filters and combining and separating circuits. The 
relationships among echo, attenuation/frequency distortion, power 
transfer, and cost must all be considered. 

Signal-to-Noise Considerations. In a newly designed long-haul, broad
band transmission system, the terminals are usually allocated only a 
small portion (31 .2 dBrncO) of the overall 4000-mile noise objective 
( 40 dBrncO ) [ 14] . This low value of noise must be allocated to the 
individual terminals (the number of tandem terminals in a long 
system must be estimated ) ,  to various levels of the FDM hierarchy 
within each terminal, and to other kinds of terminal equipment such 
as group, supergroup, and mastergroup connectors. The noise alloca
tion must be further broken down to various types and sources of 
noise. The large number of variables involved and the flexibility in 
system application that must be provided make it  difficult to describe 
specific processes of allocating objectives and design approaches. 

As previously noted, the TLPs at the voice-frequency input and 
output of all channel banks have been standardized to - 16 dB and 
+7 dB respectively. At other points within the multiplex equipment, 
gains and losses (and therefore TLPs) are selected to optimize 
signal-to-noise performance and to meet obj ectives. The basic re
quirements are generally satisfied by optimizing performance in re
spect to the combined effects of thermal and intermodulation noise ; 
however, compromises must sometimes be made in order to solve other 
problems such as those associated with unwanted single-frequency 
interference or crosstalk. 

Due to the large number of modulation steps and the various 
carrier signals that must be used, the generation of unwanted single
frequency signals is a common phenomenon in FDM equipment. 
Carrier leakage through a modulator, ground circuit paths, inter
modulation among pilots and carriers in amplifiers, and inadequate 
suppression by filters are all sources of both single-frequency inter
ferences and crosstalk. All circuit elements in FDM equipment must 
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be carefully designed to minimize these problems and must be care
fully laid out relative to one another if signal-to-noise performance 
is to be satisfactory. 

Reliabi l ity 

The design of all levels of the FDM hierarchy has been influenced 
in many ways by reliability considerations. This has become in
creasingly true as bandwidths and the number of channels in the 
multiplex equipment have increased. The goals of minimizing the 
likelihood of complete failure or significant deterioration of perfor
mance are achieved by the use of fundamentally reliable components, 
the selective application of redundancy, the use of well defined main
tenance equipment and procedures, and the provision of alarms to 
indicate failure or (in some cases) incipient failure. Pilot signals 
are used to control automatic gain regulators and are monitored con
tinuously to determine whether circuits are drifting from established 
gain settings. The

. 
loss of a pilot signal triggers an alarm and, where 

protection switching is available, causes maintenance facilities to be 
switched into use, 

Alternate transmission paths are provided in some multiplex equip
ment for use in case of failure of the working path. Input and output 
ports to these standby paths are provided so that they can be used for 
restoring service in the event of high-frequency line failure. In such 
circumstances, emergency broadband restoration plans are often 
implemented by using the standby equipment to bypass a failed section 
of line. In some cases, this equipment is switched into service and in 
others it must be patched into service. 

Redundancy is also used in many of the ancillary circuits associated 
with the multiplex equipment. Carrier, pilot, and synchronizing signal 
supplies are all supplemented by redundant circuits which can be 
called into service as required. 

A maintenance feature, called carrier group alarm (CGA) , mini
mizes the effect of a carrier system failure on calls that are involved 
directly or indirectly in the failure. Blocking and delay in completing 
calls not involved directly in the failure are minimized by making 
failed trunks appear busy, thus reducing the unproductive use of 
switching machine common equipment. Connections involved in the 
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failure are immediately released and false charges are thereby elimi
nated. Alarm indications and the trunks-made-busy feature reduce 
the effect of failure on central office maintenance. 

A single-frequency alarm pilot is transmitted in the basic group 
band for carrier frequency alarm ( CF A) control at 100.08 kHz. The 
pilot transmission and detection and the alarm functions are associ
ated with the channel bank output, the basic group frequency of the 
FDM. Trunk processing is applied to the supervision leads of indi
vidual trunks at the input (and output) of the channel banks. The 
CGA feature is provided optionally for A5 or A6 channel banks and 
for the direct formed supergroup. 

Maintenance arrangements include the provision of test points, to 
permit manual measurements of voltages or pilot ampl itudes, and 
automatic measuring systems of different degrees of sophistication. 
In the LMX-2 equipment, for example, a scanner sequentially checks 
all group and supergroup pilot amplitudes and amplifier gains. When 
a parameter exceeds l imits, office alarms are initiated and an alarm 
lamp indicates the type and location of trouble. 

9-3 SPECIAL MULTIPLEX EQU I PMENT DESIGNS 

Each level of the multiplex hierarchy has been redesigned several 
times in order to exploit new technology, to save space, power, and 
costs, and to increase flexibility of application. In addition to these 
redesigns, special modulators and demodulators have been provided 
for signals having certain unique characteristics. Among these are 
program and wideband data signals. 

Program Term inals 

Program signals are transmitted, according to tariff specifications, 
in 5-, 8-, and 15-kHz bands. Separate terminal equipment is used to 
translate such signals into a preassigned portion of the 60- to 108-kHz 
basic group frequency band. Where toll facilities are required for 
15-kHz service, special arrangements must be made. The 5-kHz pro
gram channel displaces voice-frequency channels 6 and 7 (80 to 88 
kHz ) and the 8-kHz program channel displaces voice-frequency 
channels 6, 7, and 8 ( 76 to 88 kHz) . The channel bank equipment for 
the displaced voice-frequency channels must be disabled. The program 
signal is combined with the remaining A-type channel bank signals 
between the channel bank output and the group bank input. The two 

TCI Library: www.telephonecollectors.info



Chap. 9 Frequency Division Mu ltiplex 255 

sets of signals are separated at the receiving terminal by separating 
circuits located between the output of the group bank and the input 
of the channel bank. 

Wideband Data Terminals 

Standard terminal equipment is available for transmission of 
50 kb/s data signals in the group band and up to 250 kb/s signals in 
the supergroup band [ 15] . This terminal equipment, like the program 
terminals, is not actually a part of the LMX-2 equipment. The data 
terminals are separately mounted and combining and separating 
circuits are provided as required. 
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Analog Carrier Systems on Metallic Media 

Chapter 1 0  

System Design Featu res 

Electron tubes followed by the transistor have made it possible to 
overcome the losses of transmission media over increasingly wide 
bandwidths and to modulate and combine a multiplicity of signals. 
These factors increase the efficiency of use of open-wire and cable 
conductors. Both single sideband and double sideband modulation 
modes have been used but, as the design of electric wave filters im
proved, signals have been transmitted increasingly by single sideband 
methods. Other advances have permitted improvements in transmis
sion response characteristics, transmission stability, signal-to-noise 
performance, and reliability. 

The optimization of system design requires that a number of inter
related system parameters all meet established transmission objec
tives. This is accomplished by the solution of a number of simultaneous 
equations that relate these objectives to signal-to-noise performance, 
repeater spacing, bandwidth, load capacity, transmission losses in the 
medium, and achievable repeater gain. The process is highly iterative 
in practice. Results must be reevaluated continually as performance, 
objectives, and the computation process are refined and improved in 
technique and accuracy. 

Initial computations, intended only to demonstrate technical feasi
bility and economic practicality, are usuaily simple and straightfor
ward. However, the processes become complex as refinements are 
introduced. System equalization and regulation, intermodulation 
phenomena, overload performance, and the provision of margins in 
the design for inherent variabilities all make system calculations 
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more complex and more difficult to evaluate. Other complications may 
be introduced by frequency allocations, the mode of transmission 
( e.g., equivalent four-wire) ,  repeater spacing or placement con
straints, and the need for providing additional margin for the use of 
specialized terminal equipment. 

All modern analog cable carrier systems employ either a four-wire 
mode of transmission, in which the two directions of transmission are 
carried over separate, unidirectional facilities, or an equivalent four
wire mode of transmission, in which the two directions of transmis
sion are carried in separate frequency spectra over a single pair of 
conductors. The four-wire design is used in the L-type coaxial carrier 
systems. The N-type systems were originally designed for four-wire 
transmission but have now been adapted for the optional use of 
equivalent four-wire transmission. Equivalent four-wire transmission 
is also used in most submarine cable systems and in analog loop 
carrier systems. 

The system design discussion is presented for the purpose of 
clarifying terminology and to demonstrate the importance of specific 
parametric relationships. However, these relationships are not given 
in sufficient detail to permit a complete system design [1] . 

1 0- 1  THE DESIGN PROCESS 

The transmission plan and design of an analog cable system are 
determined analytically by adjusting bandwidth, repeater spacing, 
and signal amplitudes so that prescribed signal-to-noise objectives 
may be met over the life of the system. Many parameters enter into 
the determination of the optimum achievable performance. The 
process involves the determination of the minimum allowable signal 
amplitude consistent with signal-to-thermal noise objectives and the 
maximum allowable signal amplitude that satisfies intermodulation 
or overload objectives. If there is no spread between these two values, 
a design cannot be achieved. If there is a spread, the design may then 
be optimized at values of signal amplitude that provide the largest 
total signal-to-noise ratio without exceeding overload objectives and 
the greatest margins for departures from this ideal. Finally, if these 
margins are too small or too large, a matter of engineering skill and 
judgment, design adjustments may be made in bandwidth, repeater 
spacing, or cost. 
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In this process, the limits of permissible signal amplitudes are 
often discussed in relation to the "noise floor" and the "intermodula
tion or overload ceiling." These are convenient references to design 
limits that may not be exceeded by signal amplitudes if objectives are 
to be met. 

Design Relationships 

The design parameters for an analog transmission system may be 
expressed in mathematical terms and related to one another by the 
concept that system performance must equal system objectives. Most 
of the parameters are time-variable and/or functions of frequency. 
For refined design computations, they must be expressed as functions 
of frequency and in statistical terms. For initial calculations and for 
present purposes, fixed average values are generally assumed and the 
highest transmitted frequency is used to determine feasibility. Where 
margins are appropriate, they may be included as mathematical terms 
in the performance expressions. 

In considering the relationships among various parameters, a 
common reference point for analysis must be chosen. The 0 transmis
sion level point ( TLP) is commonly used. Another reference point 
conveniently used in many intermediate computations is the output of 
a repeater. The TLP at this point is related to 0 TLP by a factor de
fined as C dB, the nominal . gain from the output of a repeater to 
0 TLP. This factor may be a function of frequency or it may be 
constant with frequency depending on specific design criteria. For 
initial calculations, the value of C is usually assumed constant with 
frequency and equal to the top-frequency value. 

Repeater Gain. A basic design requirement is that the transmission 
loss of the medium must be compensated by the gains of repeaters 
distributed along the line. This design requirement may be expressed 
by 

and 
Lx == nGR dB 

GR == Lx!n dB ( 10-1) 

where Lx is the loss of the medium for the distance X over which the 
design is to apply, GR is the gain of each repeater, and n is the number 
of repeaters. Thus, the nominal repeater spacing for the system is 
X/n. Equation ( 10-1 ) assumes that the losses of a series of identical 
lengths of cable are exactly compensated by the gains of an equal 
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number of repeaters. The equation must apply at all frequencies in 
the transmitted band even though it is used in initial design studies 
as if it applied only at the top transmitted frequency. 

Thermal Noise and·  Load Capacity. These two parameters sometimes 
combine to limit the design of a system ; thermal noise may provide 
the "noise floor" and load capacity the "overload ceiling." Thus, it is 
necessary to determine how the performance may be computed for 
each of these parameters and how the two may be related. 

In a system of n repeaters, it can be shown that the total thermal 
noise accumulated in a 3-kHz band, expressed as an annoyance 
factor, is 

Wno = NR + GR + 10 log n + C + 88 dBrncO. ( 10-2) 

The term N R defines the noise in dBm at the input to a repeater 
(where the signal amplitude is lowest) in a 3-kHz band [1] . The 
terms NR, GR, C, and Wno in Equation ( 10-2 ) , may all be functions of 
frequency. If the accumulated noise is to be equal to or less than the 
system objective for this impairment, WNs, and if margin, AN, is to 
be allowed for system misalignment, then 

Thus, 
N R ·+ GR + 10 log n + C + 88 + AN < W Ns ( 10-3) 

The load capacity of a system is conveniently expressed in terms 
of a single-frequency signal, the power of which is equal to that of 
the total multichannel load. The repeaters must be capable of carrying 
this amount of power, usually expressed in dBmO, and margin must 
be allowed so that departures from normal system performance or 
from the predicted load do not cause impairment due to system over
load. The single-frequency power values for repeater capacity and 
system requirement are designated PR and Ps, respectively. These 
power values are related by 

dBmO ( 10-4) 

where AP is the overload margin that must be provided in the design. 

Equation ( 10-4) is deceptively simple in appearance. The factors 
that make up the load requirement are highly variable and must be 
treated by statistical analyses for the derivation of Ps. These factors 
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include the variation of talker volume, the number of signals simul
taneously transmitted, the applicable activity factors, and the loading 
effect of combined signal power and its variation [2] . In addition, 
the load capacity of a repeater may be a function of frequency. For 
present purposes, it may be assumed that the value of PR in dBm 
applies at the output of the repeater and at the top transmitted 
frequency. 

lntermodulation. System design may be l imited by an "intermodula
tion ceiling." Equations may be written for noise due to intermodu
lation among the multiplexed speech signals transmitted through the 
line repeaters. In these equations, W2 and W3 represent the annoyance 
factor of the noise due to second- and third-order nonlinearities, 
respectively, in the line repeaters. In broadband systems that provide 
at least several hundred speech channels, the interfering effects of 
these impairments are subj ectively very similar to the interfering 
effect of thermal noise. The power of intermodulation noise is thus 
added to the power of thermal noise to evaluate the total impairment. 
However, the mechanisms by which W2 and W3 are generated and 
the manner in which they are related to signal amplitudes and system 
transmission response are quite different. Thus, the impairments must 
be computed separately and combined only in the final evaluation. The 
two equations are 

dBrncO ( 10-5 ) 
and 

W3 == M3 - 2C + 20 log n + K3 dBrncO ( 10-6) 

In these equations, M2 and M.3 represent the second- and third-order 
modulation coefficients for line repeaters in terms of the ratio of 
single-frequency 0 dBm signals to the second- and third-order har
monics at the repeater output. The factors K2 and Ks relate single
frequency impairments to the statistical properties of impairments 
due to intermodulation among speech signals. These properties include 
the number of channels in the system, the activity factors associated 
with a message load, the variation of signal energy in each channel 
with time and frequency, the number of intermodulation products 
generated, etc. [1] . 

Two essential differences between Equations ( 10-5 ) and ( 10-6) 
should be noted. First, the term C, which appears unmodified in 
Equation ( 10-5 ) , is multiplied by 2 in Equation ( 10-6 ) . This difference 
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results from the mathematical signal-to-interference ratio relation
ships of second- and third-order intermodulation phenomena. Second, 
the terms 10 log n in Equation ( 10-5 ) and 20 log n in Equation ( 10-6) 
represent the difference in the laws of addition of intermodulation 
products generated in successive repeaters. The difference results 
from the fact that cable and repeater phase/frequency characteristics 
are essentially linear. 

The computed intermodulation noise must be equal to or less than 
the established objectives. Thus, Equations ( 10-5 ) and ( 10-6) may 
be used to write system design equations : 

or 
( 10-7 ) 

and 
Wa + Aa < Was 

or 
M a - 2C + 20 log n + Ka + A.3 < W 3s ( 10-8) 

The factors A2 and Aa are margins that provide for uncertainties and 
variations. 

The Use of Design Equations. Five of the previously derived equations 
may be used to establish system designs. Equation ( 10-1 ) specifies 
the cable loss-repeater gain relationship. Equation ( 10-3 ) specifies the 
relationships among parameters that, in effect, establish the "noise 
floor," the value below which signal amplitudes may not drop with
out exce-eding signal-to-thermal noise objectives. Equatiort ( 10-4 ) 
establishes the "overload ceiling," ( 10-7 ) the "intermodulation ceil
ing" where second-order products predominate, and ( 10-8) the "inter
modulation ceiling" where third-order products predominate. 

Equations ( 10-1 )  and ( 10-3) may be combined with each of the 
other three equations to eliminate C and GR. When this is done, three 
system equations may be written. The first is the · equation for 
a system limited by thermal noise and overload : 

Lx n+ 10  log n < ( WNs-NR) - (AN-t-AP) - (Ps-PR ) - 88. ( 10-9 ) 

The second is the equation for a system limited by thermal noise and 
second-order intermodulation : 
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�x + 20 log n < ( WNs+ W2s) - (NR-f-M2) - (A N+A2) - ( 88+K2) . 

( 10-10) 

The third equation represents a system limited by thermal noise and 
third-order intermodulation : 

�x + 20 log n < ( WNs + �'s) - ( Nn + �' ) - ( AN + �3 ) -
( 10-11)  

When the development of  a new system is initiated, the loss char
acteristic of the medium and the objectives (Ps, W Ns, W2s, and W3s) 
are usually known. Estimates of many other parameters must be 
made on the basis of previous designs, desired goals in respect to 
bandwidth or channel capacity, state of the art, and engineering 
judgment. The estimates and the known values of objectives and 
media characteristics may then be used in these operations to assist 
in judging feasibility. The results determine approximate repeater 
spacing and provide information as to whether the proposed system is 
likely to be limited by overload or intermodulation. As development 
proceeds, the computations are continually refined and adj usted so 
that the final design represents an economical set of compromises. 
These compromises i nvolve margins, repeater spacing, and bandwidth 
as well as manufacturing, installation, maintenance, and operating 
costs. 

Design Implementation 

Some of the design releationships discussed above may be dealt with 
rather simply. However, most of the parameters are complex and 
their interrelationships are far more complex than may be evident. 
These complexities must be resolved in the design process. 

Transmission Level Points. As previously mentioned, transmission level 
points at the outputs of line repeaters are specified by the term C 
used in developing the system equations. Figure 10-1 illustrates a 
simplified system layout in which the factor C is assumed to be a con
stant over the transmitted band. The layout assumes an ideal case in 
which there are n identical repeater sections in each of which the 
repeater gain, GR dB, exactly compensates the cable loss, -GR dB. 
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Only one direction of transmission is illustrated. Note that even 
though C is assumed constant over the band, the TLP is generally a 
function of frequency at points within the system other than the re
peater output as shown at point R. In practice, C is also a function of 
frequency in most systems. 

Thermal Noise. It can be shown that thermal noise can be computed 
by 

Pa == kTB watts 

where k is Boltzmann's constant ( 1 .3805 X 10-23 joule per degree 
Kelvin) ,  T is the absolute temperature in degrees Kelvin, and B is 
the bandwidth in hertz. The available noise power at 290 degrees 
Kelvin (near room temperature) , may also be expressed as 

Pa == -174 + 10 log B dBm. 

These expressions apply at any point in a circuit but the effect of 
noise tends to be greatest at points where signal amplitudes are 
lowest. In general, these points are at the inputs to l ine repeaters. 
Where other thermal noise sources are found to be significant, the 
noise amplitudes are usually measured or computed, translated to 
equivalent values at the repeater input, and added to the input noise. 
Such sources are sometimes found internally within the repeaters. In 
addition, amplifiers that are used at equalization points or at terminals 
also contribute thermal noise that must be added, in computing total 
system noise, to that originating in line repeaters. 

As illustrated at point R of Figure 10-1, thermal noise is constant 
over the frequency spectra at which wire pair or coaxial cable trans
mission is practical. However, the noise originating at point R is 
amplified in the repeater and appears at the repeater output (point S )  
with a n  amplitude/frequency characteristic similar to the gain curve 
of the repeater. This characteristic is maintained as additional noise 
is accumulated and translated to 0 TLP as shown at points T and U. 
These factors must be carefully manipulated in the design process to 
achieve the desired objectives. 

l ntermodulation Noise. The analysis of impairment caused by inter
modulation among multiple speech signals, very similar to that caused 
by thermal noise, is an extremely complex problem because of the 
nature and multiplicity of parameters involved. These include the 
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characteristics and amplitudes of the fundamental signals, the non
linearity of the repeater input/ output characteristics, the system 
attenuation/frequency characteristic, the number of fundamental sig
nals (which influences the number of intermodulation products) ,  the 
order of the products, and the laws of addition from repeater to re
peater. Most of these parameters are functions of frequency, time, 
system length, etc. ,  and as a result, statistical methods of analysis 
must be used. 

The variation with frequency of intermodulation noise as measured 
at 0 TLP can be made less pronounced by appropriate shaping of the 
TLPs across the band of the system. The shaping is accomplished by 
the use of electrical networks at the input and output of the system. 
These, in effect, result in a frequency-dependent characteristic of the 
term C. While this design technique is often used to advantage, varia
tions with time of the attenuation/frequency characteristic have 
similar effects on intermodulation noise. These effects must be taken 
into account in system analysis and their control is one of the primary 
obj ectives of a system equalization plan. The departure of the system 
characteristic from ideal is called misalignment. 

As a result of the highly linear phase/frequency characteristics of 
the transmission medium and repeaters, the dominant third-order 
modulation products tend to add in phase (often called voltage addi
tion) from repeater to repeater. This effect can be reduced by the 
use of nonlinear phase networks at appropriate points in the trans- . 
mission path. By this means, the law of addition may be reduced from 
20 log n (where n is the number of repeaters ) to more nearly 10 log n. 
This technique must be used carefully so that costs are not excessive 
and consideration must be given to possible impairment of signals, 
such as wideband data, sensitive to channel phase characteristics. 

Overload Effects. The effects of overload, the criteria for defining 
overload, and many of the statistical properties of signals that may 
cause overload are discussed in Volume 1. Two types of system im
pairments are of concern. The first, associated with what is sometimes 
called "hard overload," results in a complete breakdown of transmis
sion. This type of failure is  relatively rare ; even so, some systems 
have specific design features which minimize such occurrences. 

More commonly, signal amplitudes exceed design values by amounts 
small enough so that the primary manifestation of an overload con
dition is an increase in intermodulation noise. It is for such signal 
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amplitude excursions that the margin, AP of Equation ( 10-4 ) , is 
provided. The amount of margin must be determined as a part of 
the design process. The statistical properties of the complex multi
channel signal to be transmitted must be carefully analyzed to 
determine its mean value and standard deviation. This analysis is 
influenced by the amplitude/frequency characteristic of the complex 
signal at the output of the line repeater. In addition to the nominal 
TLP characteristic, account must be taken of the effect of all sources 
of misalignment in the system. 

Intermodulation noise is directly affected by the amplitudes of 
transmitted signals. The term C controls these amplitudes and thus, 
indirectly, the intermodulation noise. Below the repeater overload 
point, the change in noise is predictable from the power series repre
sentation of the system input-output characteristic. When measured 
at 0 TLP, modulation noise varies inversely with the change in the 
value of C. Second-order noise varies dB-per-dB and third-order noise 
varies 2-dB-per-dB change in C. When C is reduced to the overload 
point, the noise increases faster than predicted. Furthermore, just 
one overloaded repeater can cause a marked deterioration in system 
intermodulation noise performance. In operation, the most serious 
sources of overload are ( 1 )  the application and transmission of 
signals of excessively high amplitude and (2 )  the failure to maintain 
system equalization which causes signals of otherwise satisfactory 
amplitudes to reach overload values within the system. 

Certain system design features must be used with care because of 
overload relationships that are involved. One is the use of compandors 
which tend to increase the mean values and to reduce the standard 
deviations of the signals transmitted. Thus, it may be necessary to 
reduce signal amplitudes (by increasing the value of C) depending 
on the overload margin in the system. The net result may be a signifi
cant reduction of the signal-to-noise advantage expected from the use 
of the compandors. A second feature that affects overload performance 
is the use of a Time Assignment Speech Interpolation ( TASI ) System. 
This type of system, applied at the terminals of some transmission 
systems, increases the capacity of the system by assigning channels 
to speakers only when speech energy is present at the input. High
speed channel switching is initiated by speech detectors on each input 
channel and by high-speed logic circuits that connect appropriate 
incoming and outgoing lines through an idle channel. This arrange
ment effectively increases the talker activity on the system and can 
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increase the power load by a factor of 2 or 3 ;  it must be taken into 
account in the provision of overload and intermodulation margin in 
system design. 

Optim ization.  It can be shown mathematically that, for a given set 
of design parameters, transmitted signal amplitudes can be chosen to 
optimize the system signal-to-noise performance. While the mathe
matical treatment is a valuable part of the design process, noise load
ing tests of analog cable systems are often made during the develop
ment process to verify the design value of C and during field trials 
to evaluate system performance [3] .  When systems are operational, 
such tests are not often conducted because the systems must be taken 
out of service during the tests. However, they are sometimes useful 
in identifying and isolating certain types of trouble conditions. 

1 0-2 EQUALIZATION 

The term equalization is  used to  cover a number of  different tech
niques and methods for correcting the transmission characteristic of 
a system, a circuit, or a channel . 

The difficulty of equalizing analog cable carrier systems is illus
trated by the following. The loss of 4000 miles of coaxial cable at 
60 MHz, a high transmitted frequency in the L5 system, is. ap
proximately 120,000 dB. In terms of the allowable variation of net 
loss of a network trunk (approximately ± 1  dB of the design value) , 
the tolerance on the transmission variation after equalization is 
100 X 1/120,000 == 0.0008 percent. 

Fixed and variable equalizers are used to correct attenuation/ 
frequency characteristics or delay /frequency characteristics or both. 
Variable equalizers may be adj usted automatically or manually, locally 
or remotely, continuously or in discrete steps. In this treatment, the 
emphasis is placed on attenuation/frequency equalization of trans
mission systems. 

Functions and Objectives 

The need to correct the attenuation/frequency characteristic of a 
transmission system derives from a number of different but inter
related transmission objectives. For each objective, margin must be 
provided for system misalignment. The design of system equalization 
is based in part on the need to maintain signal-to-noise and overload 
performance within the margins provided. 
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In the idealized system of Figure 10-1,  it is assumed that repeater 
gain exactly compensates for the loss in the preceding section of cable. 
In a system designed for the maximum signal-to-noise ratio, any mis
alignment results in a penalty to signal-to-noise performance. Thus, 
one design objective is to provide equalizers of sufficient accuracy, 
adj ustability, and bandwidth located at positions in the system such 
that the signal-to-noise margin is not exceeded when the system is 
properly operated. 

A second equalization design objective is to control misalignment 
of a positive nature, that which results in increasing signal ampli
tudes, so that overload margin is not exceeded. Misalignment, even 
over a relatively narrow band, can cause overload that adversely af
fects performance over the whole bandwidth of the system due to the 
nature of feedback amplifier response to an overload signal. 

A third obj ective concerns the relationship between 4-kHz channel 
loss objectives and system equalization. In the types of system under 
consideration, designed primarily to provide 4-kHz channels, mis
alignment typically covers a band much wider than the channel band
width. Thus, system misalignment has a minimal effect on the 
transmission characteristic within an individual voice channel ; the 
principal effect is on the net loss of the channel . Pilot-controlled regu
lators are used in the multiplex equipment to maintain the net loss 
within rather close limits. The range over which these regulators 
operate is limited and most of that range has been allocated to the 
control of variations within the multiplex equipment. Thus, only a 
small proportion of the net loss objective can be allocated to the 
equalization system. 

Another equalization objective, applicable to coaxial transmission 
systems, is to make a spare line as nearly as possible like the working 
lines it protects. Where the attenuation/frequency characteristics of 
such lines differ appreciably, a transmission gain hit is experienced 
each time lines are switched. 

The final objective for the design of equalizers is the flat attenua
tion/frequency characteristic required for the transmission of wide
band signals. This objective is most difficult to meet for television, 
PICTUREPHONE, or wideband data signal transmission. Television 
signals are rarely transmitted over analog cable systems and there 
are only limited applications of PICTUREPHONE and wideband data 
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signals to this type of system. Thus, while the possibility of such ap
plications must be recognized in system design, they are not now 
dominant. 

Design Types 

Equalizer designs may be categorized in a number of ways. For 
present purposes, consider fixed and variable equalizers as the two 
most important categories ; within each of these, several subcategories 
may be discussed. 

Fixed Equal izers. The most common fixed equalizer found in an 
analog cable system is the fixed-gain line repeater, often not even 
thought of as an equalizer. The principal function of a line repeater 
is to provide gain in compensation for cable loss. Since cable loss is  
essentially proportional to the square root of frequency, the repeater 
gain must match this characteristic as nearly as possible. Since this 
match is difficult to obtain economically, two additional types of fixed 
equalizer are usually required. Both are closely related to l ine repeater 
design. 

In laying out a system geographically, line repeaters can seldom be 
located to match precisely the nominal specified spacing. In order to 
real ize the manufacturing advantages of duplicative processes, it is  
common practice to provide a single design of l ine repeater. Toler
ances in repeater spacing are then provided by a set of spacing rules 
that are often quite complex but which basically have two features : 
( 1 )  spacings that are longer than nominal must be offset immediately 
by spacings that are shorter than nominal ; (2)  a series of long 
spacings is not permissible. Short spacings are generally not offset 
by compensating long sections. Instead they are built out to the loss 
of the nominal spacing by networks with loss characteristics that 
simulate closely the l oss characteristics of short sections of line. These 
line build-out networks are, in effect, a series of fixed equalizers. 

The loss characteristic of cable conductors tends to be a smooth 
function of frequency. The compensating gain of l ine repeaters can 
match this loss characteristic very closely but the match can never be 
perfect. Furthermore, the closer the match, the higher the cost of the 
repeater. An economic balance is commonly achieved by allowing 
deviations from ideal design to accumulate over a specified number of 
repeater sections and then to compensate with a fixed equalizer called 
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a deviation equalizer. The amount of accumulation allowed is a com
promise between the performance penalties of misalignment (margins 
must be provided for these effects) and the cost of feasible equalizers. 
A degree of perspective may be gained by considering the L5 coaxial 
system which uses line repeaters at a nominal spacing of one mile. 
Suppose each repeater had an excess gain at some frequency of j ust 
0.01 dB. If uncorrected, this deviation, small as it is, would accumu
late through the 4000 repeaters of a maximum length system to 
0.01 X 4000 == 40 dB. Such small gain deviations ( 0.01 dB ) are, in 
practice, difficult to measure and are essentially impossible to control 
in design, manufacture, and operation. The deviations are allowed to 
accumulate to some reasonable magnitude dictated by the margins 
provided and the feasibility of equalizer design. They are then 
corrected by deviation equalizers distributed strategically along the 
route. 

Variable Equal izers. Many different types of variable equalizers are 
used. The attenuation/frequency characteristics provided and the 
range and manner of adj ustment depend on the system characteristics 
that are to be compensated. A brief discussion of these characteristics 
can be used to relate system operating characteristics to adjustable 
equalizer designs. 

The cause of the largest changes in system attenuation/frequency 
characteristics is the variation of temperature. In most modern 
systems, there are two maj or effects. The first, and usually by far the 
larger, is the change in the loss characteristic of the cable. This change 
occurs smoothly with temperature variations and is almost completely 
defined as a square-root-of-frequency effect, i .e. ,  the dB change of loss 
at any frequency relative to the change of loss at another frequency 
is proportional to the square root of the ratio of the two frequencies. 
The second major effect is the change of the gain  characteristics of 
the line repeaters with temperature. 

For specific temperature ranges, the changes in gain and attenua
tion/frequency characteristics are predictable, of known magnitudes, 
and tend to be relatively smooth functions which can be accurately 
reproduced in discrete component networks. Loss changes due to 
temperature variations are usually corrected continuously since they 
are large effects and occur over periods of several days or weeks. The 
equalizers are adjusted automatically in response to changes in single
frequency pilot signals that are transmitted at carefully controlled 
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amplitudes. These signals are picked off the line, rectified, and com
pared with a de reference voltage. The voltage difference, or error 
signal, is then used to adj ust the equalizer in such a direction as to 
return the pilot signal to its proper value. This process is usually 
called regulation and the repeaters that incorporate this feature are 
called regulators or regulating repeaters. 

Another cause of attenuation/frequency changes in a system is 
active component aging. These changes were important and large 
enough to warrant correction by regulation when electron tubes were 
the principal active components. However, circuits that utilize sol id
state devices are extremely stable and aging can usually be ignored. 

There are many causes of misalignment within a system. In addi
tion to the fixed and variable systematic deviations previously dis
cussed, many others occur randomly. These are usually small in each 
repeater or equalizer but may accumulate to excessive values. The 
usual method of correction is to distribute adj ustable equalizers along 
the route so that misalignment can be limited to design values, i .e. ,  
within the established margins. 

The equalizers used to compensate for accumulated random devia
tions are usually designed as a group of adj ustable equalizers whose 
characteristics are interrelated in such a way that almost any trans
mission deviation in the band can be corrected. These equalizers may 
be adj ustable in small discrete steps or they may be continuously ad
j ustable by varying some element such as a capacitor or potentiometer. 
The adj ustments are usually accomplished manually but may be 
remotely controlled from a central location by logic circuits. 

Another type of equalizer, the adaptive equalizer, is designed as a 
tapped delay l ine. It is used to reduce attenuation/frequency distortion 
and/or delay distortion in digital circuits automatically in response 
to an algorithm based on the characteristics of the transmitted signal. 
The adj ustment minimizes the error rate over the channel being 
equalized. It is used on some digital transmission channels derived 
from analog facilities. However, it is not used to equalize the analog 
facility itself as a part of the analog system design. 

Equal ization Strategy 

The provision of equalization for an analog cable transmission 
system usually requires that a number of different criteria be satisfied 
simultaneously. The design of equalization networks must be feasible 
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and must provide specified characteristics and range of adj ustment. 
Adj ustment procedures must be practical in the operating environ
ment. The equalizers and application strategy must satisfy system 
obj ectives in respect to both equalization and signal-to-noise perfor
mance within the margins allocated. 

Theoretically, equalizers may be placed anywhere in the transmis
sion line of a system and may equalize any characteristic of any 
magnitude. However, the location of equalizers and the magnitude of 
the distortion to be corrected have profound effects on system over
load and/ or signal-to-noise performance penalties that may be in
curred. Figure 10-2 shows the signal-to-thermal noise penalties for 
several equalization strategies and for a range of positive and nega
tive values of channel misalignment. The penalties shown by curves 1 
and 3 are mirror images in respect to nominal signal amplitude for 
a range of amplitudes and for positive and negative accumulated 
misalignments. If the equalizers are divided so that one-half the mis
alignment is corrected at each end of the line, the penalties are 
significantly reduced for the range of misalignments shown in 
Figure 10-2. For misalignments of about ±5 dB, penalties are in
significant. With this method of equalization, it can be shown that 
signal-to-noise penalties in respect to intermodulation noise are also 
small for such misalignments. 
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In system design, it is common practice to divide equalization be
tween the transmitting and receiving ends of a line section for many 
types of misalignment. However, this strategy, called pre- and post
equalization, increases somewhat the complexity of equalizer adj ust
ment. Thus, where misalignments are small, it is more common to 
place equalizers at the receiving end of a line section. 

1 0-3 ANCILLARY DESIGNS 

The transmission medium and the electronic equipment required to 
overcome line loss are of primary importance i n  system design. How
ever, there are other essential facets of system design that have a 
direct or indirect influence on transmission performance. 

Power 

Primary power for essentially all communications equipment is 
obtained from commercial,  60-Hz, ac sources. The primary supply is 
rectified and used to provide a wide variety of de voltages and cur
rents required by transmission system equipment. The rectifier output 
is used to maintain a constant charge on 48-volt batteries. Individual 
system needs are met by a variety of electronic circuits which derive 
other voltages from the 48-volt supply. The batteries and the conver
sion circuits are located with the transmission equipment in central 
office buildings and in main station buildings located along the route 
of a transmission system. 

The de supply arrangements are provided with many backup fea
tures to assure high reliability for the communications equipment. 
The batteries are designed to carry the full load for short periods of 
time in the event of primary power system failure. Backup power 
generating equipment is usually made available to pick up the load if 
the primary power failure persists. 

The remote repeaters of an analog cable system are usually powered 
by direct current transmitted over the conductors of the transmission 
medium. The direct current is furnished from the central office or 
main station and combined with the signal currents in appropriate 
filters at the connection to the line. At -each remote repeater, similar 
filters are used to separate and recombine power and signal currents. 
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Maintenance and Reliabil ity 

Many features are designed into analog cable systems to provide 
adequate reliability and to provide access and facilities for main
tenance activities. In addition, building design, cable route selection, 
and cable placement ( aerial, buried, use of ducts, etc. ) all affect the 
reliability and maintainability of systems. 

Transmission system equipment is distributed over long distances 
and, of necessity, is often located in out-of-the-way places which are 
difficult to reach. For these reasons, it is necessary to provide each 
system with specialized equipment designed to facilitate the recogni
tion of trouble conditions, to isolate the trouble to a particular section 
of line, and then to identify the location of the fault so that repair 
personnel may be efficiently dispatched to the correct location. In 
addition, separate communications facilities for voice and/or data 
transmission (order wires) are also provided to assist maintenance 
personnel in their work. 

Some transmission systems are provided with equipment for carrier 
group alarm and conditioning. With this equipment, system failure 
initiates an alarm and conditions affected trunks in various ways. Any 
connection established over these trunks is disconnected in such a 
manner that time charges are immediately terminated. The trunks are 
made busy until the system is repaired. They are then automatically 
tested and restored to service. 

Most transmission systems are operated so that on each route there 
is at least one fully equipped and fully powered line that does not 
carry service. Service can be transferred to this spare line to facilitate 
maintenance work or to restore service in the event of failure of a 
working line. The transfer of service from the working line to the 
spare line may be accomplished manually or automatically by line 
protection switching equipment. As previously mentioned, the work
ing and spare lines must be equalized to very nearly the same 
attenuation/frequency characteristics in order to minimize the trans
mission performance penalty that might accompany the transfer of 
service from one line to another. 

Terminal Arrangements 

The main station and terminal buildings used with analog cable 
transmission systems contain many types of equipment in addition to 
those described in relation to power, maintenance, and reliability. 
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Most important of these equipment types are those associated with 
the multiplexing of signals in preparation for transmission over the 
line. Related equipment types include those that are required to drop, 
block, and add circuits ; these facilities provide the flexibility needed 
for efficient system operations which include the interconnection of 
various types of systems. Carrier and pilot signal generators and 
highly precise frequency control equipment are also located at trans
mission system terminals. 
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Chapter 1 1  

Wire Pa i r  Carrier Systems 

A number of analog carrier systems have been designed t o  operate 
on open-wire lines and/or on wire cable pairs. The older of these 
system designs, based on electron tube technology, are no longer 
being manufactured but many are still in operation. Later designs 
are all based on solid-state circuit technology. In many applications, 
Hybrid Integrated Network ( HIN ) devices are being used to convert 
the older electron tube circuits to solid state. 

These systems generally meet allocated transmission requirements 
for circuits up to about 200 miles in length. They are often referred 
to as short-haul analog carrier systems. Initial designs of line re
peaters and multiplex terminals for open-wire and cable-pair appli
cations were carried out concurrently. Later, as cable gradually re
placed open wire, the terminal designs originally used on open-wire 
were adapted for use on cable-pair systems. The designations of 
systems that evolved in this manner were : ( 1 )  0-type line and 
terminal equipment for open wire ; ( 2 )  N-type line and terminal equip
ment for cable pairs ; ( 3 )  ON-type equipment to adapt 0-type 
terminals for use on N -type transmission lines. 

The use of syllabic compandors in the design of these systems en
abled signal-to-noise objectives to be met economically [ 1 ] . In the 
older designs, signall ing was accomplished by arrangements that 
util ized a 3700-Hz tone, j ust outside the passband for voice signals. 

The 0- and N -type terminals and line equipment are more nearly 
integrated than in most other types of systems. Proper line repeater 
operation requires the application of well-controlled carrier signal 
power from the terminal equipment. Similarly, many aspects of ter
minal equipment design have been influenced in significant ways by 
repeatered line considerations. 
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1 1 - 1  0-TYPE SYSTEMS 

When the 0-type analog carrier systems were developed, they eco
nomically fulfilled a need for circuits in the range of about 15 to 150 
miles in length. Systems can be combined in various ways to provide 
up to 16 single-sideband, two-way, voice-grade channels on a single 
open-wire pair. Equivalent four-wire transmission is useCl [2, 3] . 
Crosstalk control sometimes requires special engineering of open-wire 
transpositions along the line. · 

Three of the four 0-type systems use frogging repeaters which 
provide attenuation/frequency equalization by inverting and inter
changing the frequency bands for the two directions of transmission. 
In the fourth, cable slope is small enough to be ignored in respect to 
overall equalization. As a result, only flat-gain regulation is required. 

Achievable repeater spacings and the distances at which 0-type 
systems are economical depend on local conditions. These parameters 
are significantly affected by terrain, population density, pole-line con
gestion, and environmental conditions such as rain, ice, sleet, and 
frost. 

0-Type Terminals 

The 0-type systems are designated OA, OB, OC, and OD. The signal 
spectrum for each of the four systems covers a different frequency 
band so that the four signals may be transmitted simultaneously over 
a single open-wire pair. Each system provides four single-sideband, 
two-way, voice-grade channels in a twin-channel arrangement illu
strated in Figure 1 1-1.  Two channels each modulate a single carrier 
at 184 kHz or 192 kHz. The upper sideband of one modulator output 
and the lower sideband of the other modulator output are selected 
and combined to form the twin-channel spectrum. The carrier signal 
is suppressed in the two modulators ; where the two independent side
bands are combined, a carrier signal is added to provide power for 
regulation at the intermediate repeaters and for regulation and 
demodulation at the distant receiver. 

Equivalent four-wire transmission is used on the open-wire pair. 
The four single sideband channels, numbered from 1 through 4, that 
make up each 0-type system must be transmitted in one direction in 
one frequency band and in the other direction in a different frequency 

TCI Library: www.telephonecollectors.info



19
2 

19
2 

18
4 

18
4 

4 
V

F 
ch

a
nn

el
s 

19
8 

2
16

 
23

6 

N
ot

es
: 

(1
) 

A
ll 

fr
eq

ue
nc

ie
s 

in
 k

H
z.

 
(2

) ..
.EIB... 

25
6 

A
rr

ow
s 

sh
ow

 s
id

eb
an

d 
or

ie
nt

at
io

n 
of

 c
ha

nn
el

s.
 

27
6 

29
6 

1
1

1
1 

O
A

 
O

B 
o

c 

Lo
w

 

Fi
g

ur
e

 1
1-

1.
 

0
-t

y
p

e 
ca

rr
ie

r 
m

o
d

ul
a

ti
o

n 
p

la
n

 a
nd

 f
re

q
ue

nc
y

 a
llo

ca
ti

o
ns

. 

I 
H

ig
h 

1 
2 

3 
4 

33
6 

0
0 

G
ro

up
s 

C
H

A
N

 
N

O
. 

C
ar

ri
er

 
fr

eq
ue

nc
ie

s 

Sy
st

em
s 

- - (')
 

Q ""'
 

""'
 cr ""'
' 

TCI Library: www.telephonecollectors.info



280 Ana log Carrier Systems on Meta l l ic Media Vol. 2 

band. These bands, as illustrated in Figure 1 1-1, are called the low 

group ami the high group for each system. At any terminal, either the 
high group or the low group may be used in the transmitting direc
tion ; the alternate group must then be used in the receiving direction. 
Thus, the modulation plan must provide for these alternatives. 

The principal terminal functions of modulation, demodulation, 
multiplexing and demultiplexing are performed in the channel, twin
channel, and group units shown in Figure 1 1-2. Similarity among 
units required for the various 0-type systems provide economic ad
vantages in manufacture and maintenance. Only four types of channel 
units and two types of twin-channel units are needed. All of the chan
nel units are identical except for the plug-in bandpass filters used in 
the carrier-frequency subassembly ; thus, only two filter codes are 
required. The twin-channel units are also very similar and require 
only a selection of the oscillator crystal units and the pick-off filter 
used to select the incoming carrier signal. Group units are similar for 
OB, OC, and OD systems ; they are different for OA systems because 
of the low frequencies of operation. Differences in the frequency 
ranges over which the OB, OC, and OD systems operate are accom
modated by the selection of plug-in filters which determine the fre
quency spectrum and whether the operation is in the high or low 
group. Connections to the appropriate oscillator must also be selected 
for proper operation of modulators and demodulators. 

Channel U n its. Figure 1 1-3 shows how the signalling paths inter
connect with the transmission paths in an 0-type channel unit. The 
channel unit is made up of three subassemblies. In the compressor 
subassembly, provision is made for direct connection to a four-wire 
circuit or, optionally, through a resistance hybrid and network to a 
two-wire circuit. Each compressor and expandor subassembly con
tains a low-pass filter to limit the VF band to about 3100 Hz. The 
carrier-frequency subassembly contains a modulator and a demodu
lator and a plug-in bandpass filter assembly to select the desired side
bands. The frequency and sidebands shown in the figure illustrate one 
set of options, ( 1 )  to transmit the lower sideband of a modulated 
184 kHz carrier ( channel 1 )  and receive the upper sideband of a 
modulated 192 kHz carrier ( channel 4) or (2)  to transmit the upper 
sideband of the 192 kHz carrier and receive the lower sideband of the 
184 kHz carrier. A similar set of options must be chosen in respect 
to the opposite sidebands of the two carriers from those illustrated 
(channels 2 and 3 )  . 
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Twin-Channel Units. As shown in Figure 1 1-2, the signal transmitted 
from the channel unit does not pass through the twin-channel unit. 
Figure 1 1-4 shows that for the transmitting direction, the twin
channel unit provides a carrier signal of 184 or 192 kHz to the channel 
unit modulator and demodulator. It also supplies a carrier signal to 
be added to the group signal for transmission over the open-wire line. 
In the receiving direction, the full twin-channel spectrum is trans
mitted through the twin-channel unit. The received carrier is picked 
off and used to regulate the incoming signal . It is also transmitted to 
the appropriate channel unit for demodulation of the signal. 

Carrier supply 
to transmitting 

modulators 

To receiving 
bandpass filters 

Carrier  supply 

, - - - - - - - - - - - - - l 
I Oscillator Transmitted I 

1 84 kHz carrier 
(or 1 92 kHz) adjustment 

Pick-off 
filter 

1 92 kHz 
(or 1 84 kHz) 

Regulating 
amplifier 

Rectifier 

I 
I 
I 
I 
I 
I 

to receiving ...,-+-----------� 

I 
I 
I demodulators 

L _ _ _ _ _ _ _ _ _ _ _ _  _j 
To other 

twin-channel 
unit 

Figure 1 1 -4. Block diagram of twin-channel unit. 

Transmitted 
carrier 

Group Units. The block diagram of Figure 1 1-5 shows the manner in 
which group-band signals are treated. The figure shows frequency 
bands and carrier frequencies for the OB system. Similar circuits are 
used for OA, OC, and OD ; the OA arrangements differ in some details 
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because of the low-frequency operation of this system. Three separate 
units are used for group-band signals. A transmitting unit accepts 
and combines at the input the four single sideband channels com
prising the group and the two carrier signals associated with them. 
A receiving unit selects the desired four-channel group, regulates the 
signal amplitude, and modulates the signal to the common 180 to 
196 kHz frequency band for transmission to the two channel units. 
An oscillator unit provides a 3700-Hz tone for out-of-band signalling 
over each of the channels of the group and the required carrier signals 
for use in the transmitting and receiving group modulators. 

The optional connections shown in the oscillator unit of Figure 1 1-5 
are used to select the required mode of operation of the terminal. The 
frequencies of the oscillators determine the operating frequencies of 
the system ( OA, OB, OC, or OD)  and the connections determine 
whether the terminal is to operate high-group-transmit-low-group
receive or low-group-transmit-high-group-receive. The frequencies 
shown are those required for OB system use. 

After channel unit and twin-channel carrier signals are combined 
at the input to the transmitting unit, the composite group signal i s  
modulated t o  the assigned position i n  the line signal spectrum. The 
signal ·is passed through a low-pass filter to remove the unwanted 
upper sideband, amplified, and combined in the directional filter in 
the receiving unit with the signal for the opposite direction of trans
mission. At the line side of the receiving group unit, the OB, OC, and 
OD system signals are combined for l ine transmission. Combining 
these signals with OA system signals is accomplished in an office
or pole-mounted line filter. This arrangement was provided so that 
OB, OC, and/or OD systems could alternatively be combined with 
C-type carrier system signals. A noise generator is  also included in 
the group transmitting unit. Its output is added to received group 
signals to mask crosstalk from the line. 

At the line-side input to the group receiving unit, the received line 
signal is applied to a directional filter as shown in Figure 1 1-5. This 
filter has the function of combining and separating ( depending on the 
direction) the high- and low-group signals of the 0-type system. It 
must be selected for the appropriate system frequency bands. In the 
receiving direction, the group-band signal is additionally filtered by 
the A UX BPF, B ( or A ) , to eliminate residual unwanted signal com
ponents. The signal then passes through a regulating amplifier and is 
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modulated to the common group-band of 180 to 196 kHz. At the output 
of the modulater, the signal passes through the RCV GRP BPF, C, 
to select the wanted sideband. Plug-in filters C and B ( or A) must 
be selected for the low or high group and appropriately applied for the 
particular 0-type system. They are assembled in one subunit. 

Line Repeaters 

The transmission plan for 0-type systems involves a number of 
options that are determined by the distance between terminals, the 
number of systems to be combined on one open-wire line, and environ
mental weather conditions which exert a strong influence on trans
mission line losses. Repeaters are spaced at distances determined by 
the operating frequency band, the transmission line loss, and the regu
lation range required to compensate for line loss variations. The re
peater spacing may be different for some systems than for others even 
though they are combined for use on a single open-wire pair. Where 
OA systems only are used, repeaters may be spaced at distances as 
great as 50 miles. 

Line repeaters perform four functions : ( 1 )  they separate the fre
quency bands of the respective systems and separate the two bands 
used for equivalent four-wire transmission in each system ; (2 )  by a 
modulation process, they transpose each incoming group for trans
mission over the next line section ; ( 3 )  they provide amplification to 
compensate for line loss ; and ( 4) they reguJate repeater gain to com
pensate for line loss changes. Repeaters for OB, OC,  and OD systems 
perform all four of these functions. Repeaters for OA systems do not 
modulate the signals into opposite transmission bands but otherwise 
perform the same functions as the others. 

The transmission plan is illustrated in Figure 1 1-6. The figure 
shows the difference between an OA repeater and an OB repeater. 
The layout of OC and OD repeaters is similar to that of an OB re
peater. To illustrate the effect of repeater modulation on the frequency 
plan, consider the translations that occur in an OB system under 
several conditions. Assume first that signals are transmitted from 
the west terminal in the high OB band, 60 to 76 kHz. These signals 
are translated at the repeater and are thus received at the east ter
minal in the low band, 40 to 56 kHz. The east terminal must be ar
ranged to receive such signals and to transmit in the high band toward 
the west terminal. In this case, both terminals are arranged for high-
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band transmitting and low-band receiving. However, if line cable 
losses require a second repeater, a second frequency translation occurs 
and the east terminal must be arranged to receive high-band signals 
and to transmit low-band signals. These translations occur in OB, 
OC, and OD repeaters but not in OA repeaters. 

In order to distinguish between the two directions of transmission, 
0-system repeaters are arbitrarily designated in terms of east-to-west 
(EW) transmission or west-to-east (WE ) transmission. Thus, an 
OB, OC, or OD repeater connection may be designated east-to-west 
high/low, east-to-west low /high, west-to-east high/low, or west-to
east low /high. In OA, the designations are east-to-west high/high, 
east-to-west low /low, west-to-east high/high, or west-to-east low /low. 

In an OB system repeater, the equipment units used for the two 
directions of transmission are identical except for the bandpass filter 
units which must be selected for high/low or low /high operation. 
Amplifiers are all designed to cover sufficient bandwidths so that they 
may be used in OB, OC, or OD repeaters. In the OA system, the 
amplifiers are of the same design as those used in the terminal group 
receiving units. Nominal gain, which is flat with frequency, may be 
adjusted to accommodate the average line section loss and to center 
approximately the regulation range of the regulating circuits. These 
circuits operate so that an input signal amplitude variation of about 
40 dB is reduced to about 1 .5  dB at the output. 

As previously mentioned, equalization of 0-type systems is accom
plished as a direct result of the frequency frogging scheme used at 
each repeater. The slope of the line loss is effectively inverted in 
succeeding repeater sections and cancels so that, over a channel band
width, the attenuation/frequency characteristic is within tolerable 
limits. Short nonrepeatered systems do not normally require equaliza
tion. Frequency frogging is not employed in OA system repeaters 
because the line loss characteristic over the OA frequency band is 
essentially flat and does not require equalization. 

1 1 -2 N-TYPE REPEATERED LINES 

The N-type carrier systems are designed to provide analog trans
mission over cable pairs. In most applications, two pairs are used, one 
for each direction of transmission. The two pairs may be in the same 
cable. Frequency frogging is used at each repeater in order to 
minimize crosstalk and to provide equalization. 
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Several versions of N-carrier repeaters have been designed. The 
earliest, called N1 repeaters, were based on electron tube technology. 
Many of these repeaters are still in service and many have been con
verted to solid-state operation by the use of Hybrid Integrated Net
work devices designed to replace the electron tubes. The N1A, a 
solid-state version of N1,  is also in  service ; the N2, a completely new 
design, is now the only version in manufacture. All solid-state 
N -carrier repeaters can now be adapted for equivalent four-wire 
transmission to permit N -carrier operation over a single cable pair. 

Transmission Plan 

All types of N -carrier line equipment use essentially the same trans
mission plan. The signals are transmitted in a high-frequency group 
( 172 to 268 kHz ) or in a low-frequency group (36 to 132 kHz) * .  The 
terminals are arranged to receive the group opposite to that trans
mitted. At each repeater, the two groups are interchanged by a modu
lation process in which a 304-kHz carrier is used. Thus, a repeater 
may receive signals in the low group from both directions and trans
mit in the high group in both directions ( a  low-high repeater) or 
vice versa (a high-low repeater) .  The high-low version is illustrated 
in Figure 11-7. Multiple frequency translations are, illustrated in 
Figure 11-8. The modulation process at each repeater results in fre
quency frogging and serves three important purposes : circulating 
crosstalk paths around the repeater are blocked, the system is self
equalizing for as many as ten repeater sections, and average repeater 
spacing is equal for the two directions of transmission. 

The design of N -type systems is based on the double-sideband 
transmission of 12 two-way voice-frequency signals with transmitted 
carriers. The total power of the carriers is used to activate the 
N-carrier regulation system. A later design of multiplex terminal 
equipment, the N3, provides for the transmission of 24 two-way voice
frequency single-sideband signals wtih suppressed carriers. Carrier 
signals, spaced at 8-kHz frequency intervals, are added to the multi
plexed channel signals to provide signal power for regulation, fre
quency correction, and demodulation. 

* An additional 8-kHz band ( 132 to 140 kHz in the low band and 1 64 to 172 kHz 
in the high band ) is  available for use if interference precludes the use of any 
other channel. 
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I 
I 
I 
I 

1 64-268 kHz I 
+- I 

I 
I 

_ _ _  _j 
Figure 1 1 -7. Frequency frogging at an N l  high-low repeater. 

East west 
· - -

268 268 268 268 
East west 

Vol. 2 

Output ------i · - -1------- Input 
High group 

West east 
--+ 

Input ------i 
Low group 

Note: Values shown are 
frequencies in kHz. 

Line 
,........ ........ ..... ..... / 
, 1 40H40// 

\ · - -
\ I 

\ I 
36 36 

Low-high repeater High-low repeater 

High group 

West east 
� 1------- Output 

Low group 

Figure 1 1 -8. Frequency translations along an N-carrier repeatered line. 

Paired or quadded cable conductors of 16-, 19-, 22-, or 24-gauge can 
be used with appropriate repeater spacing. The nominal spacing is 
5 miles for 19-gauge and 3.5 miles for 22-gauge conductors. There is 
no specified limit on the percentage of pairs that may be assigned to 
N -carrier use in a cable. 

Line repeater spacing in N -carrier systems is based on satisfactory 
noise performance rather than achievable repeater gain. In some 
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cases, noise ( especially impulse noise in cable sections near a central 
office ) is excessive and can be overcome by the installation in the 
offending section of a fixed 20-dB flat-gain amplifier to increase signal 
amplitudes. Pads must be installed at the central office or at the next 
repeater point to reestablish the proper transmission level points. 

The N -carrier systems are designed to provide service over dis
tances up to 200 miles. The line layout, repeater spacings, and re
peater circuit designs are based on the general principles described 
in Chapter 10. However, the line noise requirements are approxi
mately 25 dB less stringent than would be permitted on the basis of a 
proportional distance allocation of long-haul objectives. This less 
stringent requirement results from the use of compandors in the 
multiplex terminals and the hierarchical organization of the DDD 
network which limits the number of N-type systems that might be in 
tandem on long connections [ 4] . 

Performance of early N-carrier systems was degraded by a pulsat
ing variation in overall system gain ( carrier beat) caused by the lack 
of synchronization between the 304-kHz oscillators and by insufficient 
out-of-band discrimination in the repeater filters. Later repeater de
signs have incorporated sufficient loss in these filters and improved 
filter designs have been provided for installation in affected systems 
of early designs. 

N 1 Repeaters 

A block diagram of an N1 repeater is shown in Figure 1 1-9. Two 
versions of this repeater are used, the high-low and the low-high. 
The block diagram applies to both versions and the only circuit differ
ences are in the frequency bands over which the high- and low-pass 
filters operate. Repeaters may be placed in pole- or pedestal-mounted 
cabinets, on equipment racks in central office buildings, or in repeater 
huts on routes with large numbers of systems. 

The line repeaters of an N1 system can be discussed conveniently 
in terms of ( 1 )  amplification, modulation, and filtering, ( 2 )  equali
zation and regulation, and ( 3 )  remote powering arrangements. Much 
of the discussion applies equally to N1A and N2 repeaters. 

Amplification, Modulation, and Fi ltering. The amplifiers shown in 
Figure 1 1-9 are of two-stage, electron tube, negative feedback design. 
The gain is nominally flat and is factory-adjusted to 48 dB. Automatic 
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flat-gain regulation is provided by a thermistor in the feedback 
circuit. Slope can be introduced in the gain-frequency characteristic 
to supplement other forms of equalization of the system attenuation/ 
frequency characteristic. 

The filters shown at the input and output of the double-balanced, 
ring-type modulators in Figure 1 1-9 determine the mode of repeater 
operation, high-low or low-high. At the inputs to the modulators, 
filters accept the high or low group and suppress any noise or other 
unwanted signal outside the group band. The filters at the outputs of 
the modulators suppress the unwanted components of the modulated 
signal and any 304-kHz carrier signal that may leak through the 
modulator. 

Equal ization and Regulation. The several types of equalization and 
regulation used in an N1 repeatered line include the previously 
mentioned frequency frogging and amplifier feedback adj ustments. In 
addition, span pads, artificial cable sections, and deviation equalizers 
are used. A dynamic deviation regulator may also be used where 
required. 

The first step in equalizing N1 lines is the frequency frogging pro
cess in which the frequency bands are inverted at each repeater so 
that, for each group, the highest-frequency channel in one line section 
becomes the lowest-frequency channel in the succeeding section. Thus, 
the slope of the line loss characteristic is effectively inverted and for 
many systems, no further slope correction is needed. 

The slope correction found in the feedback circuit of the repeater 
amplifier can be used to supplement the equalization resulting from 
frogging. Such supplemental adjustments may be required where re
peater sections are not quite equal in length and do not balance out 
adequately or where there are an odd number of cable sections. 

Resistive span pads are used as illustrated in Figure 1 1-9 to build 
out short repeater sections to have 47 dB loss at 136 kHz in the low 
group or 168 kHz in the high group. These pads are available in steps 
of 2-dB loss from 2 to 36 dB. The slope adjustment in the repeater 
amplifier is then used to adjust the repeater slope to match the cable 
loss slope. For line sections less than four miles long, networks that 
simulate line losses of one-, two-, or four-mile sections are also used 
where appropriate. 
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The flat gain of the repeater is adj usted at the time of manufacture 
to give a repeater gain of 48 dB with a regulator thermistor resistance 
of 9000 ohms. Line signal power is dominated by power in the carriers. 
A portion of the transmitted signal is picked off at the repeater out
put, as shown in Figure 1 1-9, flows through the thermistor, and pro
vides the necessary regulator control. The thermistor resistance can 
vary between 1000 ohms and 20,000 ohms and varies inversely with 
total carrier power. 

O riginally, the final correction of N1 line deviations was to have 
been accomplished in the adjustable deviation equalizer designed for 
use i n  systems ten or more repeaters long. The equalizer characteristic 
was based on the use of 19-gauge cable pairs and on repeaters of 
early production. The equalizer is installed at the input or output of 
a repeater as appropriate. 

Subsequent to the design of the adj ustable deviation equalizer, it 
was shown that more sophisticated regulation would be needed for 
lines using cable conductors of other than 19-gauge and for variations 
with time of all long systems. Residual loss/frequency deviation 
characteristics of working systems were analyzed and it was deter
mined that a combination of four equalizer network characteristics 
could adequately compensate for these deviations. These network 
characteristics, designated slope, bulge, cubic, and quartic, are illus
trated in Figure 11-10. 

Slope 

Bulge 

Cubic 

Quartic 

t t t t t t t t t t t t 
2 3 4 5 6 7 8 9 10 1 1  12 1 3  

Channel carriers 

Figure 1 1 - 1 0. loss/frequency characteristics of N-carrier deviation regulator 
networks. 
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The deviation regulator operates on departures from ideal ampli
tudes of the channel carriers in the N-carrier high group [5] . A 
separate regulator is used for each direction of transmission at the 
outputs of a low-high repeater. The power consumption is such that 
it must be used at a point where primary power is available (usually 
at a central office building) . Figure 1 1-11  is a block diagram of the 
regulator. 

From 
low-high ----1 
repeater ______. 

Thermistor-controlled 
networks 

Computer 
and control 

circuits 

line 
AMPL 

Figure 1 1 - 1 1 .  Block diagra m  of deviation regu lator. 

line 
output 

Various combinations of the four regulator network characteristics 
very closely correct deviations and, as a result, temperature changes 
are not now a controlling factor in limiting system length. The re-
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quired amount of each characteristic is determined by a small ,  
resistance-network computer that weights the deviation from ideal at 
each channel carrier frequency. The computer then applies a suitable 
value of direct current to each network thermistor to adj ust the 
network and to correct the transmission deviation. 

Repeater Powering. Where Nl repeaters are mounted in a central 
office, they are powered directly by central office batteries of -48 and 
+ 130 volts. Remote repeaters are powered by simplex circuit arrange
ments over the conductor pairs used for transmission. In this case, 
the battery supplies are of + 130 and - 130 volts. In all remotely 
powered repeaters, a series-parallel arrangement of electron tube and 
thermistor heaters is fed from a closely regulated voltage supply de
rived from a gas tube control circuit in the repeater. The electron 
tube heater voltage and current are held closely to lower nominal 
values than are used in central office equipment and, as a result, tube 
life is appreciably increased. 

In most cases, only one remote repeater can be powered in each 
direction from a central office, especially where repeater sections are 
of maximum length. Thus, Nl systems are limited to a maximum of 
3 cable sections between power feed points. Where central office 
buildings are not suitably located, special engineering is required to 
provide the necessary power feed. 

N 1 A Repeaters 

The design of N l A  repeaters was based on the need for improved 
repeatered l ine rel iability and increased efficiency of remote repeater 
powering. Reliability was increased by the use of solid-state circuitry. 
In addition, the reduced power requirements of these circuits made 
it possible to serve three remote repeaters in each direction from a 
power feed point. Conversion from Nl to NlA operation requires only 
that the remote powering circuit arrangements be changed and new 
repeater mountings be provided. 

The NlA may be considered as an interim solid-state repeater de
sign intended to fulfill an urgent need for modern circuitry and more 
economical operation. As in  all N -type repeaters, l ine equalization is 
primarily a result of the frequency-frogging technique used at each 
repeater. In addition, the NlA provides automatic flat-gain regulation 
on the basis of average transmitted signal power. Each NlA repeater 
also has manual adj ustments of flat gain, slope, and bulge to correct 
deviations in the l ine characteristics. 
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N2 Repeatered line 

With the development of the N2 repeaters, all associated line equip
ment was redesigned for improved performance and the application 
of more modern technology. The transmission plan for N2 lines 
follows the traditional pattern of N -type systems. Two cable pairs 
are used, one for each direction of transmission, and frequency frog
ging is applied at each repeater point. Thus, high-low and low-high 
repeaters are used alternately along the l ine. However, there are many 
differences in detail between the N2 line equipment and that of earlier 
designs [6] . 

Design Requirements. A high degree of physical and electrical com
patibility with the earlier N1 and N1A designs was a primary require
ment in the design of N2 l ine equipment. Thus, the N2 line has the 
same repeater spacing, transmission level point, crosstalk, and gain 
control requirements as the earlier systems. In addition, de power 
provision and system assignments are compatible with the earlier 
systems but somewhat more flexible due to the provision of new 
cross-connect facilities. 

A number of transmission requirements were imposed on N2 that 
were more stringent than those of the earlier systems. These include 
a reduction from about 2.5 dB to 0.5 dB in the departure from flat 
over any 3-kHz band of the attenuation/frequency characteristic in a 
40-repeater line, an improvement of initial oscillator stability in the 
line repeaters from + 20 Hz to ±2 Hz along with a substantial reduc
tion in variations due to aging and temperature changes, and a 3-dB 
increase to 71 dB in the equal level crosstalk coupling loss between 
the two halves of a repeater. 

Repeater Design. The N2 repeater, like the N1 and N 1A, is a plug-in 
unit ; it is made up of an assembly of five plug-in subunits. These 
subunits are composed of two identical modulator units, two identical 
amplifier units, and an oscillator unit. These plug-in arrangements 
make maintenance and operations significantly simpler than for the 
N1 and N1A. 

Figure 1 1-12 shows block diagrams of N1, N 1A, and N2 repeater 
equipment. Included in the figure are plug-in repeater and ancillary 
equipment mounted in the repeater frame. The many black dots in 
Figure 1 1-12 (a) show how the ancillary equipment m ust be soldered 
into the circuit at an N1 or N1A repeater. Figure 1 1-12 (b) shows 
that this is plug-in equipment in N2. 
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The N2 repeater modulator differs from the earlier designs in that 
signals are amplified at the input by a preamplifier to provide im
proved noise performance. A three-stage amplifier provides additional 
gain after modulation. The bandpass filters are also of an advanced 
design so that crosstalk and transmission deviations are less than in 
the N1 and N1A repeaters. 

The N2 repeaters use 3-stage transistor feedback amplifiers which 
provide proper terminations for the· modulators and transmission 
lines. The linearity of these amplifiers is superior to the older designs ; 
as a result, the intermodulation noise is lower than in  the earlier de
signs. The gain  of the repeater can be determined by an in-service 
ohmmeter measurement of the resistance of the regulating thermistor 
used in the feedback network of the repeater amplifier. The input 
span-pad value can be determined from this measurement and selected 
so that the regulator operates in the desired midrange. Improved 
maintenance features are also provided for the N2 repeater and the 
use of maintenance equipment is facilitated by the repeater design. 

Equal ization and Regulation. As in the earlier N -type repeaters, the 
primary equalization of cable slope is accomplished by means of fre
quency fragging. In addition, the N2 repeater can accommodate fixed 
plug-in equalizers which have characteristics inverse to those found in 
the line. These fixed equalizers are available in several values as shown 
in Figure 1 1-13. Methods are specified for determining which of the 
available fixed equalizers is optimum for the partial correction of the 
transmission characteristic at selected repeaters. Deviation equalizers 
are used in longer systems where the fixed networks used at repeaters 
cannot perform adequately. These equalizers are continuously adjust
able over a range of ± 10 dB of slope correction and ± 5  dB each of 
bulge, cubic, and quartic corrections. 

TYPE VALUE, dS. 

Slope ±3, ±6, ±9 

Bulge +2, +4 

Cubic ± 1  

Quartic ±1 

Figure 1 1 - 1 3. Fixed equalizers available for N2 repeaters. 
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Flat-gain adj ustments are made by the selection of plug-in span 
pads used at the input and output of a repeater as shown in 
Figure 1 1-12 (b) . The span pads have flat losses in increments of 
2 dB from 0 to 44 dB. Thus, by proper span-pad selection, the flat 
gain of a repeater may be adj usted to within ± 1 dB of the desired 
nominal value. More precise adjustment and automatic gain  regula
tion to compensate for loss changes due to temperature variations are 
accomplished by the flat-gain regulator at each repeater. As in earlier 
systems, the N2 regulator operates on the basis of transmitted signal 
power which is concentrated primarily in the channel carriers. 

Repeater Powering.  In Nl and N1A repeatered lines, the power ar
rangements are based on constant-voltage circuit designs. In the N2 
repeatered li ne, the power supplies are based on a constant-current 
regulator at the power source to hold the line current stable under all 
the variable conditions encountered. This design can also be used with 
Nl,  N1A and combinations of N1A and N2 repeaters on one line. 

Other improvements in the power circuitry have made installation 
and maintenance activities much more efficient. For example, power 
pick-off points in N2 repeaters, shown in Figure 11-12 (b) , are located 
in repeater mounting shelves rather than in the plug-in repeater 
units. Thus, the repeater circuits are completely isolated from the line 
voltages and currents. 

Cross-Connect Fac i l ities. For each of the N-carrier line equipment 
arrangements, cross-connect facilities provide flexible means for inter
connecting cable pairs and multiplex terminals. In the N1 equipment, 
the line equalizers are applied by means of soldered connections which 
make changes and rearrangements difficult and time-consuming. In 
addition, de power for remote repeaters appears on the cross-connec
tion wires. Thus, changes in cross connections involve service and 
possible personnel hazards which can be avoided only by removing the 
power feed fuses. 

For the N2 repeatered line, the power feed connections are made 
in a separate equipment bay called a line build-out (LBO ) bay. Line 
build-out networks and equal izers are also mounted in this bay by 
plug-in arrangements. The N2 cross-connect bay is separate from the 
LBO bay and thus all cross connections are free of power feed volt
ages. In addition, transmission level points are controlled to facilitate 
interconnection between incoming cable pairs, outgoing cable pairs, 
office-mounted repeaters, and/or multiplex terminals. The N2 LBO 
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and cross-connect bays may be used with any N-type line and/or 
terminal equipment. 

Equ ivalent Four-Wire Lines. Any N-carrier line that employs solid-state 
repeaters may now be operated on a single cable pair as an equivalent 
four-wire transmission system. Directional filters that meet very 
stringent requirements have been developed to permit this mode of 
operation while still meeting crosstalk requirements and the overall 
transmission needs of frequency frogging. Phase equalizers are also 
available to correct the phase distortion introduced by these filters and 
thus prevent "washout" when double sideband signals are trans
mitted [7] . The block diagram of circuit arrangements at a repeater 
point is given in Figure 1 1-14. This mode of operation may be used 
with N1A or N2 repeaters or with N1 repeaters that .have been con
verted to solid-state by the use of Hybrid Integrated Networks. The 
advantage of this arrangement is the 50 percent saving of cable pairs 
which is usually greater than the cost of adding directional filters. 

_) Directional 
filter 

/ 

oscillator 

Directional 
filter 

� L 

Figure 1 1 - 1 4. Equivalent four-wire N�carrier repeater arrangement. 

1 1 -3 N-TYPE TERMINALS 

The development and design of new multiplex terminal equipment 
for N-carrier systems has kept pace with the evolution of N-carrier 
line repeater equipment. The N1 terminals were initially based on 
electron tube technology. As the US·e of open-wire line facilities was 
reduced, the 0-type terminal equipment was gradually adapted for 
use on N-carrier lines. From this program evolved the ON1 and ON2 
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terminal arrangements both of which are also based on electron tube 
technology. These early designs may al l be converted to sol id-state 
operation by the use of Hybrid Integrated Network devices. Later 
terminals, designed specifically for use with N-carrier l ines, include 
the NZ soli d-state terminals which provide 12 double sideband chan
nels in the same general format as that used in N1 terminals and the 
N3 terminals which provide 24 single sideband channels. 

The Nl Terminal  

The transmission plan and frequency frogging technique used in 
N -carrier repeaters require that terminal equipment be arranged for 
high- or low-group transmitting and receiving. The Nl terminals pro
vide 12 VF signals in a double-sideband transmitted-carrier format 
in the high-group band as illustrated in Figure 1 1-15 (a) . This group 
signal spectrum is applied directly to an N-carrier l ine where high
group transmission is required or, as shown in Figure 1 1-15 (b) , i s  
modulated into the low-group frequency band where low-group 
transmission is required. 

The N -carrier systems depend on the use of a syl labic com pandor 
applied to each VF channel for achieving satisfactory signal-to-noise 
performance [ 4, 8] . As shown in Figure 1 1-15 (a) , the compressor 
portion (c )  of the compandor is followed in the transmitting terminal 
by a low-pass filter. The high-frequency cutoff of this filter is between 
3000 and 3200 Hz ( depending on the equipment vintage) .  Where 
required, the 3700-Hz out-of-band signalling circuit is connected at 
the output of this filter. The VF signal (voice or signall ing) is then 
modulated to the high-group N -carrier band where it is combined with 
1 1  other signals that have been similarly processed to fall at different 
frequency positions in the group band. At the input to the channel 
unit modulator, there is a connection to a + 130-volt de bias supply. 
This voltage, controlled to within ± 1 percent of its nominal value, 
produces the necessary modulator unbalance to provide a well 
controlled carrier signal component in the double-sideband modulator 
output. The power in these carrier signals is used at repeaters and 
receiving terminals to control the flat-gain regulators of the system. 
Although systems may be partially equipped, at least four channels 
must transmit the carrier signal to satisfy regulator operating re
quirements. The first four to be equipped are specified in the operating 
instructions. 
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Provision is made in the group units for a number of other features 

that are related to overall system performance. Random noise may be 
added to the channels to mask intelligible crosstalk on short trunks 
where noise may be of low amplitude. Cable slope pre- and post
equalization may also be introduced in transmitting and receiving 
terminals. 

At receiving terminals arranged for high-group input from the line, 
the group signal is flat-gain regulated and then connected to filters 
where individual channel signals are selected and then demodulated. 
Additional regulation of each channel is provided at that point. Where 
the receiving terminal is arranged for low-group input from the l ine, 
the signal is first modulated into the high group and the above 
processes are fol lowed. 

ON J unctions and Terminals 

Two versions of ON -type equipment are available. The ON1 
provides 20 channels and the ON2 provides 24 channels, each in the 
twin-channel 0-carrier format, for transmission over an N -carrier 
repeatered line [9] . Wherever possible, existing 0-carrier terminal 
equipment is used in the ON-type equipment. Additional modulators, 
filters, and other electronic equipment are used only where necessary 
to achieve the desired occupancy of the N -carrier frequency spectrum. 
Frequency allocations for ON1 and ON2, shown in Figures 11-16 and 
1 1- 17  respectively, are derived in the ON equipment from standard 
four-channel 0-carrier groups. 

The ON1 provides a signal primarily for transmission over a com
bination of wire-pair cable conductors with N-carrier repeaters and 
open-wire pairs with 0-carrier repeaters. The ON2 signal is pri
marily transmitted over N -carrier lines only. Both signals may also 
be transmitted over microwave radio facilities. 

An ON1 junction is used as an economical means of interconnecting 
0- and N-type lines without having to provide complete terminal 
equipment for both systems with voice-frequency interconnections. 
An ONl terminal is used at the cable end of an ON1 system if it is 
not interconnected at that end with an 0-type system. The ON2 ter
minals are used at both ends of an ON2 system. 

An ON repeater is always required between an ON terminal or 
junction and the N-type high-frequency line in both directions of 
transmission. The primary function of this repeater is to convert the 
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frequency spectrum of the low groups transmitted and received by 
j unctions and terminals to the high- or low-group frequency band of 
the N -carrier line. The repeater consists of three subassemblies . One 
is a standard N -carrier low-high or high-low unit ; one is a low-low 
unit ; one is a 304-kHz oscillator unit. 

N2 Terminal  

Although the previously described N1 terminal equipment is sti ll in 
use in many locations, it is no longer maufactured. Where 12-channel 
systems are needed, N1 has been replaced by N2 terminal equipment 
which is based on solid-state technology [ 10] . The N2 also offers im
proved transmission performance, requires less space, uses less 
power, and provides better maintenance features. 

Objectives. With the expansion of the switched message network and 
the rapid increase in demand for network trunks and special services 
circuits came a concomitant increase in demand for more stringent 
transmission and operating requirements on equipment such as 
N-carrier terminals. The more stringent objectives derive, at least in 
part, from the growing complexity of the facil ity network and the 
increasing probability of tandem operation of short-haul l inks. Thus, 
the transmission performance of each link had to be improved if 
overall connections were to continue to provide satisfactory service. 
Net loss variations with time, attenuation/frequency characteristics, 
channel bandwidth, random noise, impulse noise, and crosstalk al l 
had to be improved in the N2 terminals. 

In addition to these improvements, N2 terminals had to operate 
compatibly with existing line equipment. This meant that transmis
sion level points, carrier frequencies, and transmitted carrier power 
had to match those of the earlier systems. However, no provision has 
been made for the operation of N1 terminals at one end of a line and 
N2 terminals at the other end because performance improvements in 
the N2 would be nullified by the N1 terminals with which they would 
be operating. 

In the time interval between the development of N1 and N2 ter
minals, the inband E-type signalling system was developed. The per
formance of this system had proven to be superior to the 3700-Hz 
out-of-band signalling used with N1 and ON terminals. The inband 
signalling arrangement was used with N2 and permitted the design 
of channel bandpass characteristics that are significantly wider than 
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for N l .  In N2, the high-frequency cutoff (3-dB point) is approxi
mately 3400 Hz and for N1, 3000 to 3200 Hz. In both terminals, the 
low-frequency channel cutoff is about 200 Hz. 

Other important obj ectives for N2 terminals were those involving 
system maintenance and operation. The equipment was designed to 
operate satisfactorily with a minimum number of transmission ad
justments to be made during service l ife. In addition, an alarm and 
trunk processing arrangement was provided with N2 to recognize 
system fai lure and to remove failed trunks from service. 

All of these improvements had to be realized without producing a 
s ignificant increase in the per-channel cost of N2 terminals relative 
to N l .  This cost obj ective was achieved primarily because of solid
state circuit advantages such as lower power dissipation, smaller space 
required, and less maintenance. Some of the improvements were ap
plicable to the older equipment and, as a result, the performance of 
N -type systems generally has been improved. 

Frequency Al locations. Operation of N1 systems showed that delay 
distortion in channel 1 tends to be excessive because of filter cutoff 
characteristics at frequency frogging points. However, it was found 
that N-carrier repeaters could pass the equivalent of a channel 13 
without equipment modification and with less distortion than that 
incurred by channel 1 .  Thus, channel 13 was added to the spectrum 
but the number of transmitted channels was held to 12.  Most N1 and 
N2 terminals are now equipped to transmit channels 2 through 13 
although channel units are available for channel 1 where it is needed . 
Frequency allocations of the N1 and N2 terminals are shown in 
Figure 11-15. 

The channel units in N2 terminals are identical except for channel 
bandpass filters and oscil lator frequencies. The carrier frequencies 
place the channel signals in the high-group N -carrier band. They are 
shown in Figure 11-15 (a) . 

Term inal  and Line Design I nteractions. In a design program as extensive 
as that involving the N2 terminals, certain interactions with re
peatered l ine performance must occur. For example, the total power 
of the carriers transmitted at high- or low-group frequencies was set 
by the need for lines operating with N2 terminals to perform satis
factorily in the same cable with l ines operating with N1 or ON ter-
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minals. With N2 terminals, the slope of the channel carrier amplitudes 
is used as a parameter in engineering N-carrier lines. A much wider 
range of slope equalization is provided in N2 terminals than in Nl.  
In N2,  slope may be provided by plug-in networks available in 3-dB 
steps from +9 to -9 dB. With positive slope, the power of the channel 
13 carrier is greater than the power of the channel 2 carrier and with 
negative slope, the channel 2 carrier power is greater than that of 
channel 13. 

With this added flexibility in line engineering provided by N2 ter
minals, significant performance improvement can be realized, particu
larly in respect to induced impulse noise performance. The method of 
engineering lines associated with these terminals is called "natural
slope" engineering. It takes full advantage of the natural line-loss 
slope and facilitates the equalizing of carrier signal amplitudes where 
required at locations of severe noise induction. 

Maintenance Featu res. Some N2 terminals are referred to as "pack
aged terminals" because all the equipment required for transmission, 
Rignalling, circuit conditioning, patching, and monitoring is assembled 
in one equipment bay. The equipment is shop-wired with operating 
requirements met by the choice of appropriate plug-in units and 
strapping at the bay according to standard templates. The equipment 
for several systems can be mounted in a single bay. Most troubles in 
the terminal equipment can be cleared by simple substitution of plug
in units. Other designs of both early and late vintage are called 
"terminal-only" bays ; signalling equipment is mounted in separate 
bays. 

During complete N-carrier system failures, alarms are sounded at 
both terminals to alert maintenance personnel ; trunk conditioning 
processes that minimize the effect of the failure on users or prospec
tive users of the affected channels are automatically initiated. The 
trunk conditioning circuits are designated carrier group alarm ( CGA ) 
circuits because the alarms originate from loss of group carrier 
energy. Upon recognition of system failure at one terminal, a trans
mission failure is induced in the opposite direction of transmission to 
start the alarm and processing sequence at the distant terminal. All 
trunks involved in the failure are disconnected in order to terminate 
charges on any calls that were in progress at the time of failure. The 
trunks are made to appear busy so that no new connections can be 
attempted over the affected trunks. A restor·al tone is transmitted at 
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2600 Hz over one channel of the failed system in each direction and 
the received amplitude and tone-to-noise ratio is observed at the 
distant end. When repairs are completed and the restoral tone and 
tone-to-noise ratio is satisfactory in both directions for a specified 
time period, the trunks are returned to service simultaneously at both 
terminals. The return to service is initiated by the transmission of 
a signal in both directions on a different channel. 

A portable test stand is used with N2 terminals to facilitate routine 
tests on plug-in units. The test stand serves as an extender to provide 
convenient access to each contact of the connector of the plug�in unit 
under test. A special arrangement is also used to permit in-service 
switching of a working group unit so that a new unit can be sub
stituted with only a minor (about 1-dB ) transmission hit on the 
circuits involved. Other maintenance facil ities are provided to permit 
the patching of service around a defective unit and the in-service 
monitoring of circuits for lineup and maintenance purposes. 

N3 Termina l 

The application of solid-state technology to N -carrier line and ter
minal equipment was completed with the development of N3 terminals. 
These terminals, which effectively replace the ON2 terminals in 
respect to field of application, provide 24 single-sideband voice-grade 
channels by frequency division multiplex [ 1 1 ] . The N3 supplements 
the N2 by providing economic short-haul carrier channels over dis
tances from 10  or 15 miles up to somewhat more than 200 miles. 
Typically, N2 is more economical at distances below 35 miles and 
N3 above 35 miles. 

The transmission objectives for N3 terminals are basically the 
same as those applied to N2. Signal-to-noise objectives are met by the 
use of syllabic compandors. In addition, improved performance is 
achieved in respect to net loss, net loss stability, and channel band
width by the use of modern circuit components and design technology. 

The N3 terminals operate compatibly with all existing N -carrier 
lines and signals from old and new systems are transmitted over pairs 
in the same cable. These constraints dictated the design of circuits 
to provide the usual high- or low-band transmission capability and 
frequency allocations consistent with the frequency frogging feature 
used in N-type line repeaters. Transmission level points had to be 
consistent with crosstalk objectives in new and old systems. 
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In addition to meeting transmission and compatibil ity requirements, 
the N3 terminals had to be economical, reliable, and easily maintained. 
Among the features that make N3 attractive economically are a com
mon carrier supply, shared by as many as 26 N3 terminals, and an 
integrated bay design that combines all the equipment necessary for 
meeting transmission, inband signal ling, VF patching, and system 
alarming with trunk processing for use in the event of system failure. 
As in N2 terminals, separate bays are now provided to accommodate 
new signalling system needs. 

Modulation Plan. The 24-channel high- or low-group line signal in 
N3 is composed of tw:o identical channel groups. For each channel 
group, 12 VF signals are used to modulate twelve carriers spaced at 
4-kHz intervals from 148 through 192 kHz · as shown in Figure 1 1-18. 
For each channel, the upper sideband is selected and the lower side
band and carrier are suppressed. Six of the twelve carriers are rein
serted at controlled amplitudes to provide the line signal power re
quired for repeater regulation. These carriers are also used at 
the receiving terminals for regulation, frequency correction, and 
demodulation. 

Each channel-group signal modulates a different carrier frequency 
(280 kHz for channel group 1 and 232 kHz for channel group 2 ) . At 
the output of the channel-group modulators, the two channel groups 
are combined to form the line signal in the low-group N-carrier fre
quency band. If high-group transmission is required, the line signal 
modulates a 304-kHz carrier in the usual manner. Channel carriers 
are numbered consecutively in the line-frequency signal for admini
strative convenience. 

The N3 uses a single-sideband signal format but, unlike the twin
channel format of the 0 and ON systems, all sideba-nd signals are 
similarly oriented. This plan was chosen for N3 to ease an intelligible 
crosstalk problem and to simplify the design of the channel filters. 
It should be noted that the frequencies of the transmitted carrier cor
respond to those used for channels 2 through 13 in N2. No provision 
is made in N3 to use the frequencies assigned to channel 1 of the N2 
spectrum. 

Circu it Features. The N3 has a number of circuit features that are 
different from those of other N -type systems. The transmitting ter
minal operates with conventional application of amplifiers and pads 

TCI Library: www.telephonecollectors.info



�
 

0
 

4
 

12
 �

 
0

 
4

 

12
 

S
ho

w
s 

vo
ic

e 
ch

a
nn

e
l 

si
d

e
b

a
nd

 o
ri

e
nt

a
ti

o
n.

 

l_ 3
6

 
C

ha
nn

e
l 

C
ha

nn
e

l 
g

ro
u

p
 2

 
g

ro
up

 
1 

13
2 

,
 

"
 

10
 

• 
• 

7
 

• 
• 

• 
, 

, 
• 
1 

l•
t•l•

t---l ..
 t+ l+

t .. l ..
 t .. l.-

!+1+
!+14-

t .. l.
t+l+

t+l+
t+l+

t .. , 
Fr

e
q

ue
nc

y
 

(k
H

z)
 

T
ra

ns
m

itt
e

d
 

ca
rr

ie
r 

nu
m

b
e

r 

12
 

-
-

-
-

-
-

-
-

-
-

-
-

2 
12

 
-

--
--

--
�

 2 
1 

C
H

A
N

 
N

O
. 

C
ha

nn
e

l g
ro

u
p

 1
 

�
 

Lo
w

g
ro

up
 

�\-
----------1 

T
ra

ns
m

itt
ed

 

15
2 

1 6
0

 
16

8 
17

6
 

18
4

 
19

2 
ca

rr
ie

r 
+ 

+ 
t 

+ 
+ 

+ 
fr

e
q

ue
nc

ie
s 

l_ 1
+

1+
1+

1
+

1+
 +

1+
1+

1+
1+

1+
1+

1 
(k

H
z)

 

I 17
2 

2 
-

-
-

-
-

-
-

-
-

-
-

-
12

 

C
ha

nn
e

l 
g

ro
up

 2
 

C
ha

nn
e

l 
g

ro
u

p
 1

 

C
H

A
N

 
N

O
. 

2
32

kH
z

 
C

ha
nn

e
l 

g
ro

u
p

 2
 

2
 

3 
4

 
5 

6
 

7
 

8 
9

 
10

 
1

1
 

12
 2

6
8 

l l
+
t+l+

t+l+
!-.1-.

t+l+
!+l+

!+l+
!+l+

t+l+
t+l+

t+l+
t+l+

t+l 

To
 l

in
e 

H
ig

h 
g

ro
up

 

Fr
e

q
ue

nc
y

 
(k

H
z)

 

Tr
a

ns
m

it
te

d
 

ca
rr

ie
r 

nu
m

b
e

r 

2
 

-
-

-
-

-
-

-
-

-
-

-
12

 
2

 
-

-
-

-
-

-
-

-
-

-
-

-
12

 
C

H
A

N
 

N
O

. 

Fi
g

ur
e 

11
-1

8.
 N

3 
tr

a
ns

m
itt

in
g 

te
rm

in
a

l f
re

q
ue

nc
y 

tr
a

ns
la

ti
o

ns
. 

()
 

:r
 

0 1' - - ()
 

0 ""
" 

""
" (D' ""
" w
 

__,
 

w
 

TCI Library: www.telephonecollectors.info



3 1 4 Ana log Carrier Systems on Meta l l ic Media Vol. 2 

(to control signal amplitudes and transmission level points) and filters 
(to limit frequency bands ) . Most of the features unique to N3 are in 
the receiving portion of the terminal where the frequency translations 
are inverse to those described for the transmitter. 

Group Receive Unit. A span pad is used at the i nput to the re
ceiving terminal to adj ust the channels to their approximate trans
mission level points. The signal is then applied to a group receive unit 
for equalization, amplification, and regulation. If the received signal 
is in the high group of the N-line, it is modulated to the low-group 
spectrum. Thus, in all cases, the output of the group receive unit is a 
multiplexed signal in the 36- to 132-kHz band. 

Channel-Group M adem. Two frequency-selective channel-group 
modems are used in each N3 terminal. The desired channel group is 
selected, demodulated to the 148- to 196-kHz channel-group frequency 
band, and amplified for application to double-channel regulator units. 

The oscillators in the demodulators must operate at nominal fre
quencies of 232 and 280 kHz, the same frequencies as those used in 
the far-end channel-group modulators. However, the received signal 
has undergone a frequency shift, due to the drift of line repeater 
oscillators, that can exceed the maximum allowable deviation of about 
20 Hz by a factor of five to one or more. Thus, corrective action must 
be taken. 

The necessary correction is made by a frequency correction unit 
separate from the channel-group modem but associated with it elec
trically and operationally. In the correction unit, the 168-kHz channel 
group 1 carrier .or the 152-kHz channel group 2 carrier received from 
the line is picked off after demodulation, amplified, and filtered. This 
carrier signal has accumulated the full frequency shift from the line. 
It is compared in a phase detector with a stable reference frequency. 
The output of the phase detector is a de voltage proportional to the 
frequency error in the received signal. The error voltage is then used 
to shift the nominal 280-kHz or 232 -kHz channel group demodulator 
carrier to a frequency that is offset by the frequency error of the line 
signal . Thus, the correct carrier frequency is derived for use in 
demodulation. 

Double-Channel Regulator. The purpos-e of the double-channel reg
ulator circuit is to regulate each pair of channels by using the carrier 
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signal located between them as a regulating pilot. This is made pos
sible by the fact that the amplitude of the carrier and the carrier-to
sideband power ratios are carefully controlled at the transmitting 
terminal . 

There are six regulators, with different filters but otherwise iden
tical, one associated with each channel group. Each regulator unit 
consists of a flat-gain amplifier the gain of which is automatically 
adj usted inversely with the magnitude of the carrier received signal 
between the channels of interest. This carrier is selected from the out
put signal of the amplifier by a highly selective filter. It is amplified, 
rectified, filtered, and compared to a reference de voltage. The differ
ence voltage ( error signal ) is used to control the resistance of a 
thermistor or to change the drain-to-source resistance of a field effect 
transistor in the input circuit of the transmission amplifier. 

Co,mmon Carrier Supply. Many individual oscHlators were used in 
earlier N-carrier systems. In N3, one carrier supply is used to provide 
all the carrier signals for up to 26 terminals. Signals are generated 
at 16 different frequencies for use as carriers in the 12 channel modu
lators, the 2 channel-group modulators, and the 304-kHz group modu
lator.  The sixteenth frequency, 256 kHz, may be used to translate the 
N-carrier channel-group band from the 148- to 196-kHz band to 
the 60- to 108-kHz band for compatibility with L-type multiplex 
transmission. 

The common carrier supply may use a highly accurate 4-kHz crystal 
controlled oscillator ; however, where a suitable 4-kHz signal is avail
able from an L-multiplex primary frequency supply, it may be used 
directly. All required carrier frequencies are derived as harmonics of 
this primary source. Frequencies and ampl itudes are held to close 
limits. Duplicate . circuits and automatic protection switching in the 
event of failure are features of the common carrier supply. Alarms 
are initiated in the event of failure. 

Maintenance and Reliability. Provision for maintenance and trunk 
processing in N3 is similar to the features provided in N2. The trunk 
processing in N3 is usually carried out independently on the two 
channel groups. In an optional arrangement, a single alarm and 
restoral circuit may be used to control both channel groups but, in 
this case, all circuit responses depend on transmission in only one of 
the channel groups. 
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Chapter 1 2  

Coaxia l  Carr ier Systems 

Coaxial conductor cables are more expensive than paired wire 
cables but the transmission characteristics of the coaxial medi urn 
permit the accommodation of many thousands of voice-frequency 
channels. As a result, the cost per channel mile of coaxial carrier 
systems is relatively low and use of these systems is economical where 
a large cross-section of message channels is needed and where the 
demand growth rate is high. A number of systems have evolved and 
have been assigned the designations Ll, L3, L4, and L5. The L5E, an 
expanded version of the L5 system, has also been developed. 

Coaxial carrier systems are used primarily in the long-haul plant 
to provide telecommunications services over distances of a few 
hundred up to about 4000 miles. There have also been several instal la
tions of these systems, notably L3 and L4, in metropolitan areas 
where high channel capacity is needed. Current manufacture is 
essentially of the L5E system for new long-haul routes and for 
conversions of older systems. 

While there are many aspects of undersea cable system design and 
operation that are similar to the L-type systems, the submarine en
vironment leads to significant differences. These differences affect the 
design of multiplex and other types of terminal equipment as well as 
the design of the transmission l ine. Many repeatered undersea cable 
systems have been installed throughout the world. Those of Bell 
System design are designated SA, SB, SD, SF, and SG. 

3 1 7  
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1 2- 1  COAXIAL SYSTEMS ENGINEERING 

The engineering of coaxial systems requires detailed knowledge of 
the transmission medium, interactions between the medium and 
system components, the environment, and operational procedures. 
Careful consideration must be given to the elements of cable route 
selection such as right-of-way complexities, the necessity of crossing 
or circumventing natural and man-tnade obstacles, and reliability re
quirements on "hardening" [1 ] . The relationship between route 
selection and flexibility in repeater spacing rules is also an important 
consideration in engineering a route. 

Other aspects of route engineering include route maintenance needs, 
accessibility, and the relation to power transmission lines along the 
route. All of these considerations have affected the L-type systems 
in various ways and to different degrees. 

Transm ission Media 

The current standard coaxial cable unit consists of a copper-wire 
conductor 0 .1003-inch in diameter centered in a copper tube having a 
nominal inside diameter of 0.375 inch. The center conductor is held 
in place by thin polyethylene insulating disks spaced about 1 inch 
apart. The copper tube is formed of a flat strip of copper 0.012 inch 
thick. The strip has serrated edges which interlock when it is formed 
into a tube. The secondary transmission constants of the medium and 
the manner in which the cable units are combined with single paired 
interstitial wires to form a cable are covered in Chapter 2. 

Design  Evolution. The first cables were made up of 0.27 -inch inside 
diameter ( nominal) coaxial units with hard rubber disk insulators. 
Most of these cables, some of which are still in service, contain only 
four coaxial units. 

It was found that polyethylene disks produced substantially less loss 
than hard rubber disks and the first significant design change involved 
the substitution of polyethylene for rubber. Meanwhile, studies showed 
that a coaxial unit of 0.375-inch diameter would result in more eco
nomical systems and this unit was adopted as standard in 1946 in 
anticipation of the availability of the L3 system. The early cable de
signs had been used for L1 systems many of which have since been 
converted to L3 or L4. 
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In addition to improvements i n  the loss characteristics of coaxials, 
a higher channel capacity was first realized by increasing the number 
of coaxial units assembled into a cable to eight. Later designs con
sisted of 12 and 20 coaxials for use with L3 and L4 systems. A 22-unit 
cable designed for use with L5 systems and an 18-unit cable to accom
modate duct size limitations in metropolitan areas have been intro
duced. Cable designs involving increases in the number of coaxial 
units had little effect on coaxial unit transmission characteristics. The 
principal effect was to change the stranding factor, a factor that de
fines the ratio of the length of coaxial unit to the length of cable. 
This factor differs for each cable design because of changes in cable 
lay or twist. 

Design Interactions. A number of electrical parameters related to 
cable design have significant, if not first order, effects on transmis
sion system design. These parameters include the power factor, the 
high voltage breakdown characteristics, and the characteristic 
impedance of the coaxial unit. 

The power factor of a coaxial is a minute variation of the phase 
relationship between signal currents and voltages. The variation, 
which tends to be a linear function of frequency, is caused by changes 
in the parallel leakage (conductance) between conductors. Although 
the factor is small enough to be ignored at low frequencies, it causes 
a departure of a few tenths of dB per mile from the expected square
root-of-frequency loss characteristic at high L5 frequencies, which ap
proach 70 MHz, and must be corrected. A nominal correction is made 
in each repeater and variations are corrected by equalizers placed 
strategically along the line. The effect is relatively time invariant but 
can vary significantly from one vintage of coaxial to another. 

Repeaters located along a coaxial cable route are powered from 
centralized main station locations over the center conductors of the 
coaxial units. I n  some cases, the voltages required are high enough to 
approach the voltage breakdown point of the polyethylene disk dielec
tric or of gaseous elements in the hollow tube. As a result, corona 
( incipient voltage breakdown between conductors due to ionization ) 
may be formed especially where there are burrs or other sharp edges 
of the inner or outer coaxial conductor protruding into the dielectric 
region between the conductors. System voltages must be held to values 
below which corona may be formed to prevent the generation of un
wanted circuit noise. Where burrs or sharp edges exist, they may 
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sometimes be burned out by the application of suitably high voltage 
at the factory or after the cable has been installed. Such action might 
be taken as a result of factory or preservice corona tests. Where high 
ac voltages are required for long power feed sections i n  the L3 
system, corona is controlled by filling the coaxials with sulphur hexa
fluoride, a heavy gas with high-dielectric strength. 

As discussed in Chapter 2, the characteristic impedance of 0 .375-
inch diameter coaxial units is 75 ohms. While the impedance normally 
varies only slightly, physical discontinuities in the coaxial structure 
can cause significant departures from the nominal value. For example, 
lightning, back-filling operations, or subsequent shifts in terrain may 
produce dents in the cable. If a dent is deep enough to short circuit 
the coaxial conductors, the unit becomes unusable and must be re
paired. In other cases, the dent may cause an echo impairment due to 
the resulting impedance discontinuity. Splices may also cause such 
discontinuities and splice distances must be randomized to avoid 
systematic build-up of echoes. As a result of the stranding operation, 
minute systematic deformities in the outer conductor may be produced 
and cause departures from the expected transmission characteristic 
over a narrow range of frequencies determined by the stranding 
factor. 

Survey of Systems 

The principal features of existing coaxial cable systems are shown 
in Figure 12-1. All of the systems were designed according to the 
general principles set forth in Chapter 10. These principles have 
evolved as successive systems were developed. 

Several interesting trends may be identified by examining the data 
in Figure 12-1. For example, the pressure to provide increasingly 
larger channel cross sections can be seen by the growth in size of 
cables shown in Figure 12-1 (a)  and by the increase in channel 
capacity shown in Figure 12-1 (b) . Improvements in performance are 
also apparent from the more stringent noise objective applied to L4 
and L5 systems relative to L1 and L3 systems. In addition, the transi
tion from huts to manholes for repeater station housings resulted in 
improvements in repeater reliability and transmission stability with 
temperature changes. 
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PREDOMI NANT REPEATER STATIONS 

SYSTEM CABLE S IZES, PROTECTION 

UN ITS TYPE 
SPAC I NG, SWITCH ING 

MILE* 

L1 4-8 Huts 8 1 : 1 

L3 8-12 Hutst 4 Multiline 

L4 12-20 Manholes 2 Expanded 

L5 12-22 Manholes 1 Digital control 

L5E 12-22 Manholes 1 Digital control 

*These nominal spacings apply to the use of 0.375-inch diameter coaxials. 

tUnderground structures are used on one hardened route. 

(a) System features 

SYSTEM 
NOMINAL CHANNELS PER 4000-MI LE NOISE 

BANDWIDTH, MHz COAXIAL PAI R  OBJ ECTIVE, dBrnCO 

L1 2 .8 600 44 

L3 8 1860 44 

L4 17  3600 40 

L5 57.5 10800 40 

L5E 61.5 13200 40 

(b) Service features 

SYSTEM 
REPEATER REPEATER EQUALIZATION 

TECHNOLOGY CONFIGURATION AND CONTROL 

Ll Electron tube Parallel tubes, Bumps & dynamic -
soldered in local, out-of-service 

L3 Electron tube Single path, Cosine & dynamic -

plug-in local, out-of-service 

L4 Solid-state S ingle path, Bumps & dynamic -
printed wiring remote, in-service* 

L5, L5E Solid-state Parallel transis- Bumps & dynamic -
tors, hybrid IC, local, out-of-service 
thin film 

(c)  Design features 

*In L4 systems of late vintage, bump equalizers may be manually adjusted 
out-of-service. 

Figure 1 2- 1 . Coaxial system features. 

POWER 

60 Hz 

60 Hz 

de 

de 
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As indicated by the principles discussed in Chapter 10, a significant 
increase in the bandwidth of an analog cable carrier system must be 
accompanied by a decrease in repeater spacing if comparable signal
to-noise performance is to be achieved. Figure 12-1 (a)  shows that the 
nominal repeater spacing is halved for each successive system ; thus, 
conversion of one system to another is relatively simple and 
straightforward. 

To minimize the effects of system failure and to facilitate main
tenance, coaxial carrier systems are operated . with one pair  of coaxial 
units reserved in each cable for maintenance of service. Service may 
be transferred to this standby or spare line facility manually or auto
matically upon recognition of a failure. The earliest designs of L1 
systems were protected on the basis of one spare for each working 
faci lity. The two facilities were fed in parallel and the receiving end 
only switched manually or automatically from working to spare upon 
demand. 

With the design of the L3 system and cables having 8 or 12 coaxial 
units, the 1-for-1 protection switching arrangement was deemed un
economical and unnecessary because of the proven reliability of elec
tronic components. With the introduction of the 8-unit cable, a 1-for-3 
protection switching system was designed and when 12-unit cables 
became available, the system was expanded to accommodate a 1-for-5 
arrangement. This system was modified and further expanded for 
L4 systems so that 9 working systems could be protected by automatic 
switching of j ust 1 spare line. 

The analog control signals for L3 and L4 switching are carried in 
the band between 280 and 300 kHz. While this frequency band is 
marginally acceptable in L4, it is  unusable in L5 and a complete re-

. design was necessary. As a result, digital techniques are used for 
logic circuits and control signal transmission in L5. The system is 
designed to permit 1 standby line to protect up to 10 working lines. 
If it is installed initially for fewer than 10 working l ines, expansion 
to 10 is a simple and straightforward process. 

Analog system design advances have been accompanied by changes 
in applied technology, some of the more important of which are 
shown in Figure 12-1 (c ) . In L1, electron tubes were used in a 
soldered-in parallel configuration to improve system reliability. In L3 
and L4, improved device reliability and the success of the multiline 
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protection switching systems permitted the use of single series ar
rangements of active devices. In L5, the circuit configuration again 
uses parallel devices to achieve the required linearity and signal power 
handling capability in the repeaters rather than for reliability. 

Methods of design and implementation of equalizers have also 
changed with the evolving technology as has the method of supplying 
power to remote repeaters. The requirement for relatively frequent 
adj ustment of L3 equalizers led to the desire for remote adj ustment 
of L4 equalizers on an in�service basis. In the L4 system, however, the 
innate stability of solid-state circuits was demonstrated and the re
mote control feature was not considered necessary for L5. The transi
tion from ac to de powering of remote repeaters was made feasible 
by the lower operating voltages and lower power consumption of 
solid-state devices relative to electron tubes. 

The network of coaxial cable systems and the multiplex equipment 
associated with them have become important parts of a system of 
broadband circuit restoration. The effect of a failure of a coaxial 
cable, microwave radio, or satellite system anywhere may be mini
mized by the planned rerouting of service over other facilities nor
mally used only as maintenance and protection standby equipment. 

The engineering of a new coaxial system is not complete without 
consideration of maintenance and reliability. For each of the systems 
from Ll to L5, the equipment and methods specified for system main
tenance have become more sophisticated. Surveillance, alarm, and con
trol functions can be arranged for remote operation. In some cases, 
centralized facilities control all systems within a radius of several 
hundred miles. In addition, the protection switching systems have 
become more reliable and more versatile so that system reliability 
has been increased without significant increase in cost. 

Many modern systems are "hardened." Cables are buried about four 
feet underground, repeaters are housed in underground manholes de
signed to withstand earthquakes or atomic blasts (short of a direct 
hit ) , and main station buildings are erected well below grade. These 
buildings are shielded and, in the most .hardened locations, the equip
ment is shock mounted. Life support systems are provided to permit 
maintenance forces to continue their jobs in the building for a month 
or more in the event that enemy attack makes it necessary to seal 
the building. 

TCI Library: www.telephonecollectors.info



324 Ana log Carrier Systems on Meta l l ic Media Vol. 2 

Route Engineering 

The problems of engineering a route for a new coaxial system are 
mixtures of technical, economic, and socio-political considerations. A 
satisfactory route must be selected ; the right-of-way must be procured 
through legal means occasionally involving the exercise of the right 
of eminent domain ; environmental and ecological effects must be 
taken into consideration ; the possibility of conversion of an existing 
system to one of higher channel capacity must also be examined. 

Route Selection.  An important criterion that is commonly applied 
in selecting a route for a new coaxial carrier system is that i t  should 
not pass through highly developed centers of population or business 
activity. Service into these areas is provided over side legs from the 
main route. This practice is followed because overall construction and 
operating costs tend to be lower, the cable and equipment are less 
subject to damage, and the likelihood of damage to the main route in 
case of enemy attack on the city is reduced. 

There are many other factors to consider in selecting a route most 
of which can be evaluated in terms of cost, rel iability, or service 
quality. For example, it may be more economical to add several miles 
to a route in order to avoid some natural or man-made obstacle such 
as a swamp, lake, river, rocky terrain, or maj or highway. The effect 
on performance of the added mileage would be trivial . 

Where it is necessary to cross a large river, such as the Mississippi 
or the Hudson, much study must be given to optimizing the crossing 
site. The width and depth of water, the strength of current flow, pro
tection against anchor and ice damage, and concurrence of responsible 
governmental agencies must all be taken into consideration. In some 
cases, special engineering is applied in order to permit a longer re
peater section than normally permitted by the spacing rules or to 
provide special cable made up of nonstandard coaxial units of large 
diameter and low loss. 

Another important factor in route selection is that of accessibility 
to the cable and to repeater sites for economical maintenance and 
repair operations. There may be a choice between selecting a route 
to the north or to the south of a range of hills or mountains. Prevail
ing winds and weather patterns might strongly favor one of these 
choices because, for the other, there are long periods of time when 
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the route would be covered by deep snow. Another example might 
involve a route through a swamp that might be quite feasible insofar 
as construction is concerned ; however, access to repeater points 
located in the swamp might be quite difficult. Generally, an attempt 
is made to select a route that parallels a highway so that relatively 
inexpensive access roads can be provided from the highway to 
repeater sites. 

Right-of-Way. Acquiring the legal right to place cable and repeater 
equipment is a significant part of the cost of a new system, especially 
in highly developed areas. Costs are also materially affected by con
siderations involving the environment. The clearing of timber to 
allow access by construction and maintenance crews is often subje�t 
to review by environmentalists and it is often necessary to plant gra,ss 
or other ground cover after a route has been installed. 

Every coaxial carrier system is designed to operate with line re
peaters spaced along the route at nominal distances determined by 
the system signal-to-noise objectives. Spacing rules are written to 
provide as much flexibility as possible in locating repeater sites with
out incurring excessive performance penalties. Practical considera
tions regarding the application of these rules are also important 
factors in determining the right of way. 

Environment.  The problems of route selection and right-of-way de
termination can be complicated by environmental factors in addition 
to those already mentioned. Temperature, terrain, building design 
and construction, and equipment designs all interact in ways that can 
affect costs and/ or performance. 

Where coaxial systems cross deserts or other areas where tempera
tures are high, the control of hut temperature has b€en a difficult 
problem. In another situation, the cable might be laid in the median 
strip of a divided highway in a southern region. If the median is 
devoid of trees, ground temperature around the buried cable may be 
higher than estimated in system design and regulation range might 
prove to be insufficient. These hazards can be overcome when recog
nized but might be overlooked when a route is being selected and 
engineered. 

Conversions. As previously mentioned, the repeater spacings for 
coaxial carrier systems have been selected so that the nominal spacing 
for each system is one-half that of the preceding system. This practice 
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has been followed so that when a route is converted from one system 
to another of later design most existing repeater sites can be reused. 
This possibility must be always be examined from the point-of-view 
of economical desirability and technical feasibility. 

The number of coaxials in a cable is one factor that may limit the 
economic desirability of conversion. If the cable is too small, the in
crease in channels may not satisfy the need. Furthermore, conversion 
is more difficult because the percentage of working circuits that must 
be taken out of service while conversion work takes place may be too 
high. There may also be incompatibilities in the application of re
peater spacing rules between the old and new systems that make 
conversion difficult and/ or expensive. 

Cable design must also be evaluated if conversion is being con
sidered. For example, rubber disk-insulated 0.27 -inch cable cannot 
support L5 transmission. In addition, power factor losses are excessive 
in some older designs of polyethylene disk-insulated cable and, at the 
very least, new designs of deviation equalizers are required to com
pensate for these losses in L5 applications. 

1 2-2 THE L5 COAXIAL CARRIER SYSTEM 

While there is a substantial amount of L1, L3, and L4 coaxial carrier 
equipment in service, their similarity is such that a detailed descrip
tion of each is unnecessary [2, 3, 4] . The latest systems, L5 and L5E, 
utilize essentially the same repeatered line equipment. Thus, the L5 
system is described with an occasional reference to one of the older 
systems. The relatively minor changes required in the L5 line equip
ment for L5E operation are discussed. 

The large channel capacities, 10,800 channels per coaxial pair for 
L5 and 13,200 channels for L5E systems, are provided by previously 
described multiplex arrangements. The increased capacity of L5E is 
possible because the original design of L5 l ine equipment provided 
slightly more bandwidth than needed for 10,800 channels. A more 
Closely packed arrangement of mastergroups and multimastergroups 
in the new multiplex equipment and a slight increase in top frequency 
provide for the additional channels. 

To achieve a satisfactorily engineered line for an L5 system, the 
transmission design and layout, maintenance features and arrange
ments, protection switching system features, and constraints of power 
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distribution to remote repeaters must all be thoroughly understood 
and carefully evaluated. Each of these aspects of line engineering 
imposes certain limitations on the achievable system performance [5] . 

Transmission Design and layout 

The transmission design of the L5 and L5E systems provides wide 
frequency bands for signal transmission over coaxial cable. The sys
tem layout specifies the placement of repeaters and the provision of 
regulators and equalizers at strategic locations. As previously dis
cussed, these design features and parameters are all interrelated and 
dependent on the established signal-to-noise objectives. For both sys
tems, the objective is 40 dBrnCO for voice-grade channels 4000-miles 
long. Of this objective, 39.4 dBrnCO is allocated to the high-frequency 
transmission line. 

Frequency Al locations. The frequency division multiplex equipment 
described in Chapter 9 provides the message signal spectra for L5 
and L5E systems. In L5, the spectrum from 3.124 to 60.556 MHz is 
that provided by the j umbogroup multiplex equipment as illustrated 
in Figure 9-1 1 .  The L5E spectrum from 3.252 to 64.844 MHz is pro
vided by mastergroup and multimastergroup translators as shown in 
Figure 9 .. 13. The frequency allocations of line pilots used for dynamic 
equalization ( regulation) and of control signals for protection switch
ing system signals, fault location, and reference frequencies used at 
terminal points to synchronize the multiplex equipment are shown 
in Figure 12-2. 

' 

The shift in message signal frequency allocations in L5E relative 
to L5 systems resulted in two other significant frequency allocation 
changes both of which are shown. in Figure 12-2:. The equalizing pilot 
transmitted at 20.992 MHz in L5 was shifted to 21 .956 MHz in L5E ; 
this shift caused some change in line equipment design. The reference 
frequency signal, transmitted at 20.480 MHz in L5, was shifted to 
2.048 MHz in L5E. This shift had no effect on line design or layout 
but required changes in the synchronizing circuits used in conj unction 
with the multiplex equipment at terminal points. The new frequency 
made L5E consistent with other long-haul transmission systems that 
use 2 .048 MHz. 

Repeater Designs and Spacing Ru les. The L5 repeaters are designed 
and installed along the cable route according to the hierarchical pat
tern illustrated in Figure 12-3. The simplest repeater, called a basic 
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FREQUENCY, MHz 
SIGNAL FUNCTION 

l5 l5E 

Switching control 68.78 68.78 

Switching control 68.76 68.76 

Fault location 68.65 68.65 

Fault location 68.60 68.60 

Equalization 66.048 66.048 

Equalization 42.88 42.88 

Equalization 21 .956 

Equalization 20.992 

Synchronization 20.480 

Equalization 2.976 2.976 

Synchronization 2.048 

Fault location 1 .60 1.60 

Fault location 1.59 1 .59 

Figure 1 2-2. Control signal frequency al locations in LS and LSE systems. 

repeater, is installed at nominal 1-mile intervals to compensate for 
line loss. At a maximum of every 7 miles, a regulating repeater is 
installed to correct line-loss variations caused primarily by cable 
temperature changes. At the midpoint of a 75-mile power feed span, 
a maximum distance of 37.5 miles, an equalizing repeater is used to 
correct fi�ed and variable deviations that occur along the line in 
addition to the temperature-caused line-loss change.* These three 
types of repeaters are housed in pressurized water-tight apparatus 
cases and mounted in manholes along the cable route. 

Power for manhole-mounted repeaters is supplied to the line over 
the center conductors of the coaxial units from power feed stations 
( usually underground) spaced at maximum intervals of 75 miles. A 
transmitting repeater or receiving repeater, depending on the direc
tion of transmission, terminates each coaxial line at the power feed 
stations. 

In L5 and L5E systems, one pair of coaxial units is always equipped 
as a fully-powered protection line to be switched automatically into 
service in place of a failed coaxial line or to be switched in manually 

*As a result of a modification of the transmission layout, an equalizing repeater 
need not now be used in most power spans less than 75 miles long. 
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to permit maintenance on one of the working lines. The switching 
equipment and control circuits are located at distances not exceeding 
150 miles. Thus, a switching span may encompass two power feed 
sections. Main stations that supply power but no protection switch
ing are called power-feed main stations. Where power feed and pro-
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tection switching are found, the station is called a switching power
feed main station. The most complex stations provide power feed, 
protection switching, and various combinations of complex operating 
features such as signal and pilot administration, transmission sur
veillance, and multiplexing and related signal-processing functions. 
This type of station is called a terminal station when it terminates a 
side leg or a terminal main station when it is a junction station along 
a backbone route. 

Basic Repeater. Transmission performance of the L5 system is 
dominated by basic repeaters not only because they are used at one 
mile intervals but also because basic repeater circuits constitute a 
portion of all the regulating, equalizing, and main station repeaters. 
Thus, about 4000 basic repeaters are used in a system of maximum 
length and extremely stringent repeater performance requirements 
must be met in respect to noise figure, power-handling capacity, 
linearity, return loss, gain characteristics, and temperature coefficient. 

The basic repeater is  designed to provide a fixed gain to compensate 
(within +0.15 dB ) for the attenuation of 1 mile of a coaxial cable 
unit, shown in Figure 12-4. * This requirement applies at a tempera
ture of 55 degrees Fahrenheit over the frequency band of 3.1 to 
65 MHz. The gain is thus approximately 6.9 dB at 3.1 MHz and 
31.5 dB at 65 MHz and varies in dB essentially as the square root of 
frequency. A wider band, from 1.6 to nearly 70 MHz, is also controlled 
but less precisely outside the 3.1 and 65 MHz limits. A block diagram 
of the repeater is shown in Figure 12-5. 

The repeaters must be designed to withstand the high voltages to 
ground that result from the method of remote powering used. They 
include circuits for separating and combining the operating and signal 
powers at . the input and output respectively. They are protected 
against damage due to lightning and other high-voltage surges by the 
low-frequency networks shown in Figure 12-5. The earth-ground 
filters shown in the figure isolate the earth ground, required in the 
outer wall of the repeater housing for personnel safety, from the 
circuit ground within the repeater. A l ine build-out ( LBO)  network, 
provided in each basic repeater, has a loss characteristic equivalent to 

*The repeater gain is actually designed to compensate for the attenuation of 
1.006 miles of coaxial unit;  the added gain provides margin for variations in cable 
length due to "snaking"' in the trench, etc. 
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Figure 1 2-4. Attenuation/frequency characteristic of 0.375-inch diameter coaxial 
cable unit. 

a given length of coaxial unit. It is used to reduce the gain of the 
repeater in  increments of 0.1 mile from zero change to the equivalent 
of 1 /2 mile of cable unit loss. Thus, there are six repeater codes 
corresponding to the equivalent overall gains provided. This feature 
accommodates the necessary flexibility in repeater spacing. The LBO 
network is  placed electrically in the repeater between the output of 
the low-noise input amplifier and the input of the high-power output 
amplifier. 

Regulating Repeater. As shown in Figure 12-6, the regulating re
peater contains all of the circuits of the basic repeater, a second LBO 
network, and circuits that perform pre- and post-regulating functions. 
These additional circuits have an insertion loss of zero dB at nominal 
temperature and repeater spacing. 

As discussed in Chapter 10, there is a significant signal-to-noise 
advantage in dividing the regulation about equally between the trans
mitting and receiving ends of a line section. This is accomplished for 
the transmission deviations caused by cable. temperature changes by 
the use of two independent regulating networks. The pre-regulator, 
located in the transmitting portion of the repeater, responds directly 
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Figure 1 2-5. Basic repeater block schematic.  

to changes in ground temperature near the repeater. The temperature
sensing element is a thermistor that must be buried at the same 
depth and in an earth environment similar to that in which the cable 
is buried. The mapping circuits convert the nonlinear temperature/ 
resistance function of the buried thermistor into a linear function of 
temperature-versus-regulating network loss which is controlled by the 
indirectly heated thermistor in the regulator network. 

Post-regulation is performed by the pilot-controlled regulating net
work in the receiving portion of the regulator. The signal received at 
the pick-off hybrid is amplified and the narrowband crystal filter 
selects the 42.88 MHz pilot. This pilot is again amplified, detected, 
and compared with a carefully controlled reference de voltage. The 
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difference between the two, called the error signal, is amplified and 
applied to the indirectly heated thermistor of the post-regulator to 
provide accurate control of the overall repeater gain. 

In a line on which the 42.88 MHz pilot is lost, the regulating re
peaters could all be driven to their maximum gain condition causing 
large unequalized misalignment. This action would introduce high 
gain to signals and/ or noise in the affected line and could cause over
load of circuits well beyond the directly affected section. To prevent 
this potentially catastrophic overload phenomenon, the regulators con
tain a transfer circuit. Upon loss of pilot, the control of the post
regulator is transferred to the ground-temperature sensing therm
istor ; an imperfect adjustment results but it is far less deleterious 
to performance than complete loss of control. 

The phase shaping network in the receiving portion of the regu
lating repeater is used to introduce a nonlinear phase/frequency char
acteristic in the transmission band. Due to the linear phase/frequency 
characteristic of a repeatered coaxial transmission line, certain types 
of third-order intermodulation products add in phase from repeater 
to repeater. Thus, the accumulated amplitudes of these products tend 
to be proportional to 20 log n, where n is the number of tandem re
peaters. With the phase shaping networks, the intermodulation 
product accumulation is reduced to being proportional to about 15 log 
n, a little less in some cases. 

Equalizing Repeater. In addition to the circuits and features of a 
basic and a regulating repeater, an equalizing repeater contains 
several networks designed to equalize an L5 line approximately so as 
to limit signal-to-noise penalties due to misalignment. System studies 
relating to the L5E development program have shown that equalizing 
repeaters need not be installed in many power feed sections for L5 
or L5E. The need depends on the length of the section and on the 
cable vintage. 

One of the networks used in the regulator portion of an equalizing 
repeater is a fixed equalizer, called a deviation equalizer, designed to 
compensate for the difference between the average gain of 22 re
peaters and the nominal loss of 22 miles of a coaxial cable unit. The 
number of repeater sections was selected as an estimate of the average 
length of an equalizing repeater section. This type of equalizer is 
applied to L5 and L5E lines at equalizing and main station repeaters 

TCI Library: www.telephonecollectors.info



Chap. 1 2  Coaxia l Carr ier Systems 335 

according to well-defined rules. * The residual deviations are partially 
corrected by manually adjustable E1 equalizers. 

These adjustable networks of the E1 equalizer are continuously ad
justable over a l imited loss range and the effect of the adj ustment i s  
t o  introduce a "bump" o f  loss over a limited frequency range. Ten 
such bumps, numbered in ascending order with frequency, are used 
at an equalizing repeater. A very narrow unnumbered bump is cen
tered at the 42.88 MHz regulating pilot frequency. The network loss 
characteristics are illustrated in Figure 12-7 ( a ) . As shown in 
Figure 12-7 (b) , a number of the bump networks are connected in 
series with the amplifiers ; four of the bumps are in the feedback 
circuits of these amplifiers. Test access is provided at the input and 
output to facilitate measurement and evaluation of the system 
attenuation/frequency characteristic. 

Main Station Repeater. Each L5 main station contains the trans
mitting and receiving components of basic and regulating repeaters 
and, in addition, E 1  and E2 equalizers. The E1 equalizer is func
tionally the same as that used at an equalizing repeater but it is 
packaged for central office rack mounting instead of manhole ap
paratus case mounting. The E2 equalizer resembles the E1 in a number 
of ways. It has bumps of loss over 18 narrow frequency bands to 
supplement the E l  equalizer bumps and provides fine-grained equali
zation of the L5 frequency band. Each loss bump is continuously ad
j ustable over a range of + 3.5 dB. In a 150-mile switching span, the 
E 1  and E 2  equalizers together can equalize the band from 1 .6 to 
66 MHz to within +0.4 dB. 

The E 2  equalizer contains 7 amplifiers and 6 intermediate 2-bump 
equalizer networks. Six of the amplifiers also contain bump networks 
in the feedback circuits. Access is provided at the input and output 
for test and system evaluation. For the L5E system, E2 equalizers 
are not used at power-feed stations. They are omitted at intermediate 
power-feed main stations. A dynamic (pilot-controlled ) equalizer, 
the E3, is used in the receiving main station repeaters. It is controlled 
by line pilots transmitted at 2.976, 20.992, 42.88, and 66.048 MHz in 
L5 and at 2.976, 21.956, 42.88, and 66.048 MHz in L5E. In adapting 
the L5 system to L5E operation, the change in frequency of the pilot 
near 2.1 MHz required the design of a new pilot-frequency generator 
and pick-off and control circuits in the equalizer. 

*Where an equalizing repeater is not used, a deviation equalizer is incorporated 
in the regulating repeater. 
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The transmission variations that are corrected by the E3 equalizer 
are primarily those due to temperature changes that affect repeater 
gain. The temperature within a manhole changes seasonally and also 
as the number of equipped systems increases. In addition, the regu
lator networks designed to compensate for cable loss changes match 
the desired loss characteristic imperfectly ; the discrepancy increases 
with the amount of compensation. 
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Corrections are made in the E3 by four networks, the characteristics 
of which are illustrated in Figure 12-8. Three of these are bump 
shapes and one ( No. 2) is a flat-gain correction for the entire band. 
A pi lot pick-off circuit at the output of the equalizer selects the four 
pilots, rectifies them and compares the resulting de voltages to ap
propriate reference voltages. The error signals are then used in a 
computer-like circuit to provide appropriate measures of each of the 
network characteristics to be introduced for correction of the line 
characteristic. The corrections are determined by digital circuits 
which maintain the last-established setting of the equalizer in the 
event of the loss of pilots. 

The adaptation of L5 line equipment for L5E has involved a rede
sign of E3 equalizers. The new designs utilize only equalizer network 
shapes similar to No. 1 and No. 4 of Figure 12-8. At power feed 
stations, only the high-frequency ( No. 4) equalizer is used . At al J 
other types of main stations, both are used. 
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Spacing Rule Flexibility. All of the spacings previously discussed 
are established with permissible variations that allow for geographic 
anomalies, population distribution, and right-of-way complications. 
With basic repeaters, some spacings in excess of 1 mile are acceptable. 
Such excess spacings must be compensated by short spacings on both 
sides of the long section. Short sections that are not being provided 
as compensation for long sections are built out to match the nominal 
1-mile spacing by the use of repeaters with LBO networks of appropri
ate values. 

Main Station Admin istration Equipment. At every main station, equip
ment must be provided to interconnect line and terminal equipment. 
Among the items of terminal equipment are the multiplex terminals, 
branching filters, l ine pilot and synchronizing signal administration 
circuits, protection switching equipment, transmission surveillance 
and fault location equipment, restoration access arrangements, j umbo
group trunk circuits, and line connecting equipment. The line con
necting equipment is mounted in a transmit-receive bay with trans
mitting and receiving repeaters. These bays are standard in three 
arrangements, one for power-feed main stations, one for switching 
power-feed main stations, and one for terminal stations and terminal 
main stations. Arrangements for other types of terminal equipment 
are unique to the needs of each main station. 

Significant differences in detail exist in the main station arrange
ments for L5 and L5E systems. These differences are due to changes 
in the pilot frequencies ( near 21 MHz) and the reference frequencies 
used for synchronization, and the difference in the multiplex equip
ment used for the two systems. 

Maintenance a nd Rel iabi l ity 

The L5 system design has many maintenance and reliabil ity fea
tures ; some are improved versions of similar features previously used 
and some are newly developed. Since L5 and L5E have such large 
circuit capacities, probability of failure must be minimized and outage 
time must be kept as short as possible. 

As in other broadband systems, many circuits are duplicated and 
provided with automatic switching features. Also, access points are 
provided for test and emergency broadband restoration ptlrposes. 
However, features unique to L5 include aspects of line maintenance 
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and administration, a newly designed protection switching system, a 
transmission surveil lance system with new fault location features, 
and a new design of four-wire order wires. 

Line Maintenance and Administration. Many features of L5 line opera
tion are important for efficient maintenance and administration. 
Among the most significant are the equalization system and the pro
cedures for repeater replacement. 

Equalization System. The individual components of the equalization 
system, previously described, are the fixed, manually adj ustable, and 
automatically controlled equalizer networks. The principal fixed 
equalizers are the fixed-gain basic repeaters, the line build-out net
works, and the deviation equalizers. All of these fixed equalizers are 
installed in new L5 systems according to carefully defined application 
rules. The designs are such that residual deviations from an ideal 
(flat) attenuation/frequency characteristic can be corrected by the 
manually adj ustable bump equalizers. 

The bump equalizers are distributed along the line for pre- and 
post-equalization at equalizing and main station repeaters. The char
acteristics and the method of adj ustment are designed to minimize 
the mean-squared error in the resulting characteristic after adj ust
ment. The equalizers are adjusted at the time of installation and 
ocassionally thereafter. When later adj ustments are required, service 
must be removed from the line under adj ustment by operation of the 
line protection switching system. 

Automatic adj ustment of the transmission characteristic is pro
vided by regulating repeaters and by E3 dynamic equalizers. These 
adj ustments compensate primarily for system loss/frequency changes 
due to temperature variations. 

Repeater Replacement Procedures. Operating de power is supplied 
to manhole-mounted repeaters over the center conductors of the 
coaxial units. Removal of a repeater, for test or replacement, opens 
the de circuit and special means must be provided to maintain power 
continuity. The means are illustrated in Figure 1 2-9. At the input 
and output of each manhole-mounted repeater, twin jacks are pro
vided. When a repeater is to be removed from its apparatus case, the 
bridging pads are removed from the twin jack assemblies and a 
coaxial patch cord is plugged into the vacant jacks. By this action, 
the repeater is short-circuited and direct current continuity is pro-
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vided through the patch cord. The repeater can then be removed with
out causing de power shutdown. In addition, the twi n  jacks provide 
a bridging connection for fault location oscillator signals which can 
be applied through the bridging pads to the repeater at input and 
output. The pads are of relatively high impedance to minimize the 
bridging loss. 

Tw;o l 
jacks Bridging 

pad 

( 

Repeater 

Coaxial patchcord 

Bridging 
pad 

) 

Figure 1 2-9. Manhole repeater patching. 

1 

The inductors in the twin jack assemblies are provided to main
tain a good impedance match at the repeater I cable i nterfaces. The 
inductance of these coils and the parasitic capacitance of the jack 
assemblies provide a good simulation of a 75-ohm cable section. 

Protection Switching System.  The development of the L5 system re
quired the design of a new line protection switching system. As 
previously mentioned, the frequencies used in earlier systems for the 
transmission of control i nformation between switching points are 
completely unsuited for use in the L5 system. In addition, the de
velopment of L5 and a 22-unit coaxial cable coincided and no existing 
switching system was capable of providing the 1-for-10 protection 
switching arrangements required for this large cable. 

The new system, designated the Line Protection Switching System 
No. 3 (LPSS-3 ) ,  was designed to be relatively immune to line noise 
and line hits ( short-duration service outages) because a signalling 
error can cause a service failure due to improper switch activation. 
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The system was also designed to permit gradual growth with mini
mum effort and initial expense because, in a high-capacity system 
like L5, it is seldom that all coaxial units are simultaneously equipped 
for service at the time of cable installation. 

Two criteria are used to initiate an automatic transfer of service 
from a working l ine to the standby protection line. If the amplitude 
of the 42.88-MHz pilot departs by 5 dB or more from its nominal value 
at the receiving end of a switching span, a switch is called for by a 
detector circuit. The received signal power is used as another criterion 
for switching. If the power exceeds a preestablished threshold, a 
switch is also initiated. In both cases, the completion of the switch 
is dependent on many conditions. 

After the need for a switch has been indicated, the operation of 
circuits at both ends of the switching span must be properly sequenced 
and coordinated. These functions are accomplished by a signalling 
system that utilizes frequency shift keying of l ine signals at 68.76 and 
68.78 MHz to communicate between the two ends of the span. The 
signalling rate is 2 kilobits per second. The necessary circuit func
tions are coded into a total of 39 digital code words, each seven bits 
in length. The first of the seven bits is a parity bit. In the idle condi
tion, the signalling system transmits an idle code of alternate 1 s and 
Os. The beginning of a seven-bit code word is preceded by the trans
mission of two successive 1 s. A 1 bit corresponds to signal energy 
transmitted by the 68.76 MHz signal and a 0 bit by energy in the 
68.78 MHz signal. At the receiving end, the two signals are inde
pendently detected. With no errors, the two signals are complementary 
on the high-frequency line and identical at the detector output in the 
receiver. 

The coded signals are normally transmitted over all equipped 
coaxial units in the switching span although, in some cases, the signals 
are transmitted over only one working line or over the standby line. 
The signalling receiver is  normally connected to the lowest numbered 
workin g  line on which signals are transmitted. Controls are pro
vided so that service may be switched manually to the standby line 
when required. In general, the manual controls can be used to over
ride any automatic switch. 

Transmission Survei l lance. The complexities of L5 system operation 
require a sophisticated arrangement of equipment designed to ac
complish a number of transmission measurements and to identify the 
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location of faulty remote repeaters and main station equipment. These 
functions are carried out by a transmission surveillance system 
( TSS) . Units of this maj or support system for L5 include a trans
mission surveillance center ( TSC ) ,  transmission surveillance auxiliary 
( TSA ) units, an E2 Status Reporting and . Control System, switched 
access networks, precise and programmable transmission measuring 
equipment, and a small but versatile miniature computer. Some of the 
principal features and functions of this surveillance system have a 
direct influence on the quality of transmission and on the efficiency of 
operation and maintenance of L5. 

Many of the surveillance functions of the TSS are carried out auto
matically under the control of the miniature computer. In addition, 
manual override of the automatic features is possible to enable specific 
measurements or procedures to be carried out as required. 

The TSC is located strategically at an L5 main station from which 
remote control of TSA units may be exercised efficiently and eco
nomically. All automatic operations of the TSS originate at the TSC. 
Remote TSA units located at other main stations, are controlled by 
the TSC. At the TSC and at each TSA unit, a switched access net
work is arranged to provide switched connections to selected meas
uring points and to a fault location system from which troubles at 
remote repeaters can be identified and isolated. Transmission of data 
and control signals between the TSC and TSA units is by means of 
the E2 Status Reporting and Control System ; the latter system is 
time shared to provide TSC-TSA communications as well as other 
services such as alarm surveillance at locations remote from the TSC 
or the E2 central location. 

T-ransmission Measu-rements. The test equipment located at L5 
main stations is capable of measuring pilot amplitudes in all L5 sys
tems operating through the main station and in al l multiplex equip
ment located at the main station. Furthermore, the test equipment 
can be programmed to make such measurements automatically and 
to report the results back to the TSC upon command. Analysis of 
the measurements is made at the TSC by computer manipulation. 

In addition to pilot amplitude measurements, the test equipment 
can also be programmed to measure attenuation/frequency charac
teristics between distant locations and to transmit the results over 
the E2 system to the TSC for analysis. Measurements of this type 
must be made on an out-of-service basis ; thus, the E2 system must 
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be capable of switching service from normally operating equipment 
to standby facilities while the tests are being performed. 

Remote Status and Control. Alarm polling is the principal func
tion of the E2 system as applied to L5 operations. Typically, all remote 
stations under alarm surveillance by an E2 central station are polled 
during a 2- to 4-second interval. This polling function continues auto
matically until interrupted by a request for operations such as status 
reporting, remote switching, data collection and transfer, etc. When 
the alarm polling function is  so interrupted, it automatically takes 
precedence and performs a polling cycle at least once every 30 seconds 
in order to update the alarm status throughout the system. 

Fault Location. As shown in Figure 12-2, there are two low
frequency and two high-frequency fault location signal frequencies 
in the L5 spectrum. Oscillators, normally inoperative, are located in 
each manhole apparatus case. The fault location oscillator signals may 
be activated and connected (by remote control from the TSC or the 
nearest main station ) to the input and output of the repeater under 
test ; one low-frequency and one high-frequency signal is connected 
to the input and one of each is connected to the output. The amplitudes 
of the signals are adj usted to be equal at the output when the gain 
of the repeater is normal . Thus, measurement of these signal ampli
tudes provides a sensitive indication of the operation of the repeater. 
The process is complicated at regulating and equalizing repeaters, 
especially in evaluating high-frequency gains, because repeater gain 
varies with cable temperature changes. However, tables are provided 
so that the variations in gain can be taken into account. 

The processes of operating the fault location oscillators are all 
accomplished on an in-service basis by the TSS. Control signals and 
power for the oscillators are transmitted over interstitial wires in the 
coaxial cable. 

Order Wires. Coordination of maintenance and repair activities in 
L5 is supported by an order-wire system that provides for voice 
communications between all manhole and main station locations. The 
interstitial pairs in the cable are used for this purpose. Four-wire 
transmission is used and, to reduce transmission losses, the pairs are 
sometimes inductively loaded at L5 repeater points ( Q-loading) as 
described in Chapter 2. Electronic circuits are used to provide gain 
and interlocation signalling. 
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Power System 

A simplified block diagram of the L5 power feed system is shown 
in Figure 12-10. Two designs of power converter are available. One 
converts 140 volts and the other converts 24 volts de to the required 
line feed voltage. The power converters are located at main stations 
along an L5 route at distances not exceeding 75 miles. 

At the main stations, the de is  fed to the center conductors of the 
coaxial units through power separation filters which combine ( or 
separate) the de power and signal power. The de is supplied by 
constant-current feed circuits that maintain a well-regulated 910 
milliampere current. In standard installations, the voltage to ground 
at each end of a power feed section may be as high as 1 150 volts ; 
end-to-end, the maximum voltage differential is thus as high as 2300 
volts. In some sections, subject to special engineering, these voltages 
may be increased to 1250 and 2500 volts, respectively. 

Power feed to the coaxial units that are associated for the two 
directions of transmission are basically independent. A failure of 
power feed for one direction of transmission causes operation of the 
protective grounding circuit shown in Figure 12-10, thus permitting 
the unaffected direction of transmission to continue in operation. The 
protective grounding circuit also operates under a number of other 
trouble conditions such as abnormal de earth potentials, a nearby 
lightning strike, or abnormal 60-Hz induction. 

Where a coaxial route is less than 37.5 miles long, the converters 
normally used at one end of the section are omitted and power is fed 
from one end only. Another feature of the power feed system is that 
converters can be turned on by remote control from the central loca
tion of an E2 Status Reporting and Control System. 

1 2-3 UNDERSEA CABLE SYSTEMS 

The transmission design principles of undersea coaxial carrier sys
tems are very similar to those applied to land systems. The greatest 
differences between the two types of systems derive from differences 
in the environment. These differences are manifested in installation 
and repair methods, system equalization, efficiency of utilization of 
the medium, and reliability considerations. Since the first repeatered 
undersea system was installed in 1950, a new design has emerged 
approximately every six or seven ye�ars. Each new design has repre
sented a significant forward step in providing more channels at a 
lower per-mile channel cost. 
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System Comparisons 

Among the technological advances that have permitted the increase 
in channel capacities of later undersea cable systems has been the 
increase in the diameters of the coaxial cables. The effect of the larger 
diameters is analogous to the effective increase in channel capacities 
of land-based systems achieved by increasing the number of coaxial 
units in a cable. Figure 12-11  shows some of the pertinent data that 
apply directly or indirectly to the cables used for systems designated 
SA , SB, SD, SF, and SG [6, 7, 8, 9] . 

SYSTEM DESIGNATION 
CHARACTERISTICS 

SA SB so SF SG 

Coaxial diameter 
( inches)  0.460 0.625 1 .0  1 .5 1 .7 

Type of cable 
( deep sea ) Armored Armored Armor less Armor less Armor less 

Maximum de voltage 500 2600 6000 4200 7000 

Number of cables/ 

system 2 2 1 1 1 

Transmission mode 4W 4W Equiv 4W Equiv 4W Equiv 4W 

Spacing ( nautical 
miles ) 36 38 20 10 5 

Equalizer spacing 

( nautical miles) None 200 192 192 150 

Maximum gain ( dB )  65 62 50 40 41 

Active device Tube Tube Tube Transistor Transistor 

Repeater housing Flexible Flexible Rigid Rigid Rigid 

Maximum length 

( nautical miles ) 125 2000 3500 4000 4000 

Number of channels 24 36 ) 138 845 4000 

Channel spacing 
(kHz) 4 4 3 3 3 

Top frequency ( MHz) 0 .12 0.17 1 .1  6 .0  30.0 

Figure 1 2- 1 1 .  Comparison of undersea systems. 

All the cables used for repeatered undersea systems have been solid 
dielectric coaxials with one coaxial unit per cable. The outer diameter 
of the coaxial structure has been increased with each successive sys
tem design. In the early designs, the strength of the cable ( important 
during laying and especially during repair operations) was incorpo
rated in the outer sheathing. In the cable used for SD and later sys-
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terns, the strength is in the center conductor. This design makes more 
efficient electrical and structural use of the available cross-section ; for 
a given tensile strength, the armorless cable provides a larger coaxial 
diameter. Other significant cable-related changes include the increased 
voltages that have been applied to power undersea repeaters and the 
transition from four-wire to equivalent four-wire transmission. 

Other comparisons of various design parameters of the systems 
now i n  service are given i n  Figure 12-11 .  Repeater and equalizer 
spacings are shortened as the bandwidth of the system increases. In 
spite of the increasing bandwidth in the later systems, maximum re
peater gain has tended to decrease, a reflection of the shorter spacings 
and larger cable diameters. The required gains have been obtained by 
the application of electron tube technology for SA, SB, and SD sys
tems. Solid-state technology has been used in SF and SG systems. 

A significant advance in design was accomplished when the flexible 
(or articulated ) repeater housing of the SA and SB systems was re
placed by the rigid housing made possible by improved shipboard 
cable and repeater handling techni ques. Better control of feedback 
loops became possible and overall system performance was accordingly 
improved. The improved feedback control, the larger cables, and the 
shorter repeater spacings have permitted the design of longer systems 
with greater bandwidth and channel capacity. 

The cable and repeater housing design changes required the de
velopment of entirely new cable handling machinery for use on cable 
ships. This requirement, together with the more stringent transmis
sion requirements resulting from wider bands and equivalent four
wire transmission, led to the design and construction of the modern 
cable laying vessel, the C. S. Long Lines. The SD system was the first 
to be i nstalled by this vessel. 

Of the undersea systems listed in Figure 12-1 1 approximately 250 
nautical miles of SA system, 20,000 nautical miles of SB system, 
20,000 nautical miles of SD system, 12,000 nautical miles of SF sys
tem, and 3,500 nautical miles of SG system have been installed. 

Desig n  Features 

While the transmission design principles are the same in undersea 
cable systems as in land coaxial systems, a number of details differ 
significantly. As previously mentioned, most of the differences derive 
from the difference in the environment. 
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One environmental effect that favors undersea system design is the 
stability of deep-water temperature which makes dynamic regulation 
to correct for cable loss changes unnecessary. What little change does 
occur can be corrected in most systems by the adj ustment of shore
end equalizers which are used to give about equal amounts of pre
and post-equalization. In the SG system, shore-controlled adj ustable 
undersea equalizers are installed about every 700 nautical miles to 
provide compensation for possible cable aging effects. The stability 
of the medium also permits the allocation of smaller signal-to-noise 
margins in undersea systems than in land systems for such 
misalignments. 

The economic advantages of equivalent four-wire transmission have 
led to a repeater configuration in which a single amplifier is used for 
both directions of transmission. The frequency bands for the two 
directions are separated and combined by complex networks, called 
directional filters, that must be used in every repeater. The configura
tion used, shown in Figure 12-12, results in a very large number of 
electrical networks of identical designs being connected in tandem. To 
achieve satisfactory transmission, particularly in respect to the 
attenuation/frequency characteristics of the system, the design and 

� �;:d I 
P = Power separation filter 
D = Directional filter 
C = Combining network 

r.:: I t:��� 

Figure 1 2- 1 2. Equivalent four-wire repeater. 
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manufacturing requirements imposed on these networks are extremely 
stringent. 

The entire process of cable laying, repeater connections to the cable, 
and system equalization is most efficient when the process is made as 
continuous as possible. Cable, repeaters, and equalizers are stored on 
shipboard according to carefully prepared plans ; the repeaters and 
equalizers are spl iced in advance at proper places along the cable so 
that the process of laying is not interrupted. Initially, the land-end 
cable sections are installed and shallow water cable (with added 
sheath protection ) is buried in trenches to protect it from ship, 
anchor, and sea damage [ 10] . Connections to the cable are immediately 
established on shipboard and at the shore end to power sources and 
transmission test equipment. Measurements of the system transmis
sion characteristics are then made continuou]y as the cable and r2-
peaters are laid on the sea bottom. Required equalizer characteristics 
are determined on the basis of these measurements and appropriate 
equalizer networks are switched in or out of the transmission path 
before the equalizer is sealed. The process requires highly sophisti
cated test and computer equipment which is used intensively during 
the laying process. The equalizers, installed at intervals shown in 
Figure 12-11,  are called ocean block equalizers. 

Cable repair operations lead to unique transmission problems. Aside 
from the problems of locating damaged or severed cable or defective 
repeaters, repair operations usually result in the addition of cable 
equal in length to about twice the depth of the water at the repair 
location, depending on the available slack in the cable. In some cases, 
where the water is shallow, the loss of this added cable can be ab
sorbed ; otherwise, a repeater must be added to the system. 

Since the cost of undersea cable systems is dominated by repeatered 
line costs, every effort is made to use the medium as efficiently as 
possible. Thus, the voice-channel spacing in these systems is 3 kHz 
rather than the standard 4 kHz used for land system operations. The 
3-kHz spacing is made possible by the use of channel bank filters with 
sharper cutoff characteristics and by a reduction of approximately 
200 Hz in the voice band. In addition, the capacity of certain undersea 
systems can be increased substantially by the use of time assignment 
speech interpolation ( TASI ) equipment at the terminals. 

The unique characteristics of undersea systems leads to the evalu
ation of signal-to-noise design parameters not usually important in 
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land systems. The use of equivalent four-wire transmission, the 
stability of the environment, the effects of repair operations, the 
loading effects of 3-kHz channel assignments and TASI, and the dif
ferences i n  speech habits of overseas service users all add to the 
complexity of design analyses. These factors are further complicated 
by the division of responsibilty among many private and governmental 
agencies in respect to design, manufacture, operation, and ownership 
since they exist in an international environment. 
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Section 4 
Analog Radio Systems 

A high percentage of trunks and special services circuits in the toll 
portion of the network and most network television circuits are now 
carried by analog microwave radio systems. The designs of many of 
these systems are based on solid-state technology. Most of these sys
tems operate by frequency modulation of a carrier signal. However, 
they are capable of transmitting a variety of signals in a digital 
format. The AR6A system, currently in development, operates as a 
single sideband amplitude modulation system. In analog microwave 
system design, the AR6A represents the first significant departure 
from FM techniques. 

A number of FM systems currently in operation are being adapted 
for digital transmission by multiplex techniques, by digital signal 
deviation of the RF carrier, or by the application of phase shift key
ing digital technology ( including regenerative repeaters ) throughout. 
These applications of digital transmission techniques are covered in 
Section 5 since a discussion of digital technology is prerequisite to 
descriptions of these modes of transmission on microwave radio 
systems. 

In Chapter 13, there is a general discussion of the design features 
of microwave radio systems. A description of the entrance links that 
interconnect the radio equipment and signal sources is followed by a 
characterization of the transmission medium, its impairments, and 
methods of overcoming these impairments. The transmission layout 
of radio terminal and repeater equipment is then discussed. The 
chapter concludes · with a consideration of system signal-to-noise 
relationships. 

The engineering of microwave systems and the routes they traverse 
are the subjects of Chapter 14. Common carrier radio-frequency band
width allocations and the manner in which these bands are utilized 
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are discussed in considerable detail. The criteria for choosing a specific 
type of system are described as are the relations of those choices to 
the type of application. The methods of selecting a route and de
termining the repeater sites are· discussed i n  relation to terrain 
characteristics, atmospheric and path transmission aberrations, and 
intersystem and intrasystem interference control. 

The provision of protection channels and the use of automatic pro
tection switching equipment are features of microwave radio systems 
that are necessary for maintenance and the achievement of adequate 
service reliability. In Chapter 1 5, these subj ects are discussed and 
descriptions are given of frequency and space diversity switching of 
repeatered sections as well as hot standby switching to protect against 
equipment failures at repeaters and main stations. 

Chapter 16 covers descriptions of short-haul microwave systems 
such as the T J, TL, TM, and TN types. Chapter 17 covers descriptions 
of the TD- and TH-type systems designed for long-haul applications. 

Chapter 18 discusses transmission over satellite facilities and the 
types of equipment now in use. The AT&T Comstar domestic satellite 
system is described as an example of this type of facility. 

Chapter 19 covers a number of customer loop services that are pro
vided by a variety of miscellaneous radio equipment. Included are 
mobile radio and personal paging services. There are also brief 
descriptions of overseas and tropospheric transmission facilities. 
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Chapter 1 3  

Microwave Rad io System Design Featu res 

A wide variety of multiplexed signals is transmitted over micro
wave radio transmission systems in the telecommunication network. 
These are versati le systems that provide a maj ority of the long-haul 
trunks and network television circuits. Other special services circuits 
and a large proportion of short-haul and metropolitan area trunks 
are also provided by these systems. 

The microwave radio frequencies allocated for common carrier use 
by the Federal Communications Commission ( FCC)  include bands 
near 2, 4, 6, 11 ,  18, 22, 28, 31 ,  and 39 GHz. * These frequency alloca
tions strongly influence many aspects of microwave radio system 
engineering, design, transmission layout, field of application, and 
operation. 

Frequency modulation ( FM )  is commonly used as the transmission 
mode in these systems. Signals are transmitted in radio channels 

within the common carrier bands allocated by the FCC. The channel 
spectrum of one or more of the available bands is often used to full 
capacity by multiplexed voice-frequency signals. To eliminate the 
need for guard bands between the radio channels and thereby maxi
mize usage of the spectrum, the signals in  adjacent channels are 
usually transmitted with orthogonal polarizations. 

Circuit and system techniques are being developed to permit the 
transmission of frequency division multiplexed signals by single
sideband amplitude-modulation ( SSB-AM )  of the radio-frequency 
carrier. Previously, microwave system repeaters were not sufficiently 
linear to permit this mode of transmission. 

*The 22, 28, and 39 GHz bands have not yet been exploited for use in the Bell 
System. 
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Digital transmission techniques are also being introduced in micro
wave radio systems. However, the design features of digital systems 
are different from those of FM and SSB-AM systems. Where simi
larities exist, they are described in this chapter but greater detail is 
given in Chapter 23. 

The principal components of a microwave radio system are the 
transmission medium, protection switching equipment, repeaters, 
terminal equipment and entrance facilities. Terminal equipment in
cludes frequency-modulation transmitters and receivers ( FMT and 
FMR) where FM is used, transmitter and receiver modulators for 
SSB-AM systems, and digital processors for digital systems. The 
entrance facilities are used to interconnect the radio terminal 
equipment and other parts of the facility network. 

Two methods are used to generate the transmitted FM signal. One, 
used primarily for short-haul systems, involves the direct application 
of the input signal ( usually regarded as the baseband signal)  to an 
FM deviator. Thus, the microwave carrier is frequency modulated by 
the baseband signal. However, the recovery of the baseband signal is 
greatly facilitated by using an intermediate step of modulation. The 
received RF signal is applied to a down converter which translates 
the signal to an intermediate frequency (IF) near 70 MHz. In long
haul systems, the demodulation to baseband and remodulation to RF 
at each repeater would be costly in terms of economics and perfor
mance. In these systems, the connection from the receiving to the 
transmitting portion of a repeater is made at IF and the IF signal is 
applied to an up converter for transmission at RF. The intermediate 
step of modulation at transmitting terminals is also used in long-haul 
systems in the transmitting portion of a terminal. The baseband signal 
frequency modulates a carrier near 70 MHz and the IF signal is 
applied to an up converter to translate it to the proper RF band in 
the same manner as that used at repeaters. 

1 3- 1  THE TRANSMISSION MEDIUM 

In microwave radio systems, the transmission medium may be re
garded as including the atmosphere, the transmitting and receiving 
antennas at repeater points and/ or terminals, and the waveguide 
components that connect the antennas to the repeater or terminal 
equipment. The general characteristics of these components of the 
medium are discussed in Chapter 2. The effects of these characteristics 
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on system design features depend somewhat on the frequency bands 
transmitted, the nature of the radio repeaters, and the reliability 
requirements appropriate to the field of application. 

Tra nsmission Medium Impai rments 

The control of impairments is quite different depending on the 
origin, whether in the atmosphere, antennas, or waveguides. In every 
case, the methods used to control and minimize the effects of impair
ments have evolved over a period of years and often have resulted 
from studies that were initiated for the development of new systems 
and then applied to existing systems [1 ,  2, 3, 4] . 

Microwave radio transmission normally requires a l ine-of-sight 
path between transmitting and receiving antennas. When the atmo
sphere is well-mixed and adequate clearance is provided between the 
line-of-sight path and potential obstacles, the transmission loss is  
highly predictable and stable. However, when different strata of 
atmospheric temperatures and/ or humidities exist, components of 
the direct signal and reflections can interact to reduce or increase the 
net received signal amplitude, a phenomenon called multipath fading. 
A fade may cover the entire frequency spectrum of a route but it i s  
usually frequency selective, affecting only one o r  two radio channels 
in a switching section at any one time. The depth of fade can vary 
widely and, in some instances, may cause a complete failure of trans
mission in one or m ore channels for short periods of time. Protection 
switching usually prevents loss of service during fades. 

Systems that operate at frequencies higher than 10 GHz, where 
raindrop size is an appreciable fraction of a wavelength, are subj ect 
to variations in attenuation due to absorption and scattering. Service 
may be seriously impaired by heavy rainfall .  The repeater spacings 
for such systems tend to be shorter than in lower frequency systems 
and are thus less susceptible to multipath fading. At 18 GHz, rain 
attenuation and scattering are the dominant media impairments. 

Impairments produced by antennas result from the use of an un
suitable type, departures from design specifications, damage, or im
proper orientation. The antenna most commonly used for Bell System 
long-haul microwave radio transmission is the horn reflector [5] . 
This antenna provides high gain, a narrow transmitted beam, the 
abil ity to transmit both horizontal and vertical signal polarizations, 
and a wide bandwidth that permits the simultaneous transmission of 
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signals in the 4-, 6-, and 11-GHz bands. Short-haul systems, most of 
which operate at 6 or 1 1  GHz, are usually equipped with parabolic 
"dish" antennas. By proper selection of the feed method, this type 
antenna can also be used for simultaneous transmission of the two 
polarizations and one or two frequency bands. 

The wide bandpass characteristic of the horn reflector results in 
little delay distortion across the allocated frequency bands. At the 
frequencies for which it is designed, the horn reflector confines the 
bulk of the radiated energy to a beam two degrees wide or less. The 
transmitting and receiving antennas must be precisely aligned as 
departures from proper alignment cause excessive path loss, increase 
the delay distortion significantly, and reduce the cross-polarization 
discrimination. 

Microwave antennas are usually mounted at or near the tops of 
high buildings or towers or, often, at the tops of hills or mountains 
in order to provide adequate clearance in the line-of-sight path. They 
are connected to the radio repeater or terminal equipment by sections 
of waveguide. The wideband horn-reflector antenna is fed by a cir
cular waveguide of such a diameter ( 2.81 inches) that it can trans
mit 4-, 6-, and/or 1 1-GHz signals of both horizontal and vertical 
polarizations. Parabolic antennas are fed by rectangular waveguide 
to a point near the antenna where there is a transition to circular or 
square waveguide. 

The maj or sources of impairment in the waveguide portion of the 
transmission medium are the points between waveguide sections, con
nections to the antenna feedhorn, waveguide bends or flexible wave
guide sections, and system networks. The latter are used to combine 
and separate the 4-, 6-, and 1 1-GHz bands and the two polarizations 
that might be used in each band. The impedance discontinuities that 
may occur at these points result in intermodulation noise. Thus, 
stringent return loss requirements are imposed on all individual wave
guide sections and components. For this reason, the mechanical align
ment of all the pieces that comprise a waveguide system must be 
precise. Irregularities due to foreign matter inside the waveguide or 
to dents or other imperfections on the inside surface must also be 
avoided. 

Continu ity of Service 

Several protection switching arrangements are used to provide the 
necessary continuity of service. They operate automatical ly to pro-
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teet against equipment failure and fading. They may also be controlled 
manually to facilitate maintenance of working radio channels, to 
provide for part-time or incidental television transmission of special 
events, or to effect emergency broadband restoration. In some arrange
ments, automatic switching is initiated by automatic gain control 
(AGC ) circuits ; in others, the switching is initiated by an increase 
of noise beyond an established threshold value or by the loss of 
RF carrier power. The protection channel may be at a different posi
tion in the RF spectrum than the channel in  trouble ( frequency 
diversity switching) or it may be at the same frequency as that of 
the channel in trouble but received from a separate antenna system 
( space diversity switching) .  

Frequency Diversity Switc h ing. Since fading phenomena usually affect 
only certain portions of the microwave radio spectrum ( one or two 
radio channels ) at a time, automatic switching arrangements are 
often used to transfer service during deep fades from the assigned 
RF channel to a protection channel. This mode of operation requires 
the assignment of a portion of the available microwave band to pro
tection use ; stringent rules established by the FCC govern the use of 
the spectrum for these purposes [6] . 

Arrangements are available to provide protection switching for 
various combinations of portions of microwave radio transmission 
systems. Those most commonly used to protect against atmospheric 
fading operate over several repeater sections. They switch at inter
mediate frequencies and thus entrance links or radio terminal equip
ment are not protected. Some of these switching arrangements are 
designed to provide intrasystem protection switching (where the pro
tection and working channels are all at the nominal 4-, 6-, or 1 1-GHz 
frequencies) and some provide intersystem switching called crossband 
diversity switching. 

Protection circuits are sometimes arranged to protect an entire 
radi o  channel from baseband input to baseband output including 
entrance links and radio terminal equipment. Systems are also avail
able in which a protection channel may protect j ust one working 
channel and others are available in which one protection channel may 
protect several working channels. These baseband-to-baseband ar
rangements are used primarily on short-haul systems. 

Space Diversity Switching. The FCC rules which reduced the permis
sible number of frequency diversity protection channels make relia-
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bil ity criteria on routes subject to severe fading difficult to meet 
without adding space diversity switching to some repeater sections. 
With this technique, the signals are normally received by a "regular" 
antenna usually mounted at or near the top of a high tower. To pro
vide space diversity, a "diversity" antenna is usually mounted lower 
on the tower than the regular antenna [7, 8] � 

The regular and diversity antennas are independently connected 
by waveguide to the radio equipment. Space diversity switch control 
circuits are arranged so that when any channel signal received from 
the primary antenna fades below an established threshold, the re
ceiving circuits are immediately switched to the secondary antenna. 
The process is called blind switching because the switch is made with
out knowledge of the quality of the signal being received by the 
diversity antenna. Service for the affected channel is carried by the 
diversity antenna for a predetermined time interval (typically thirty 
minutes) and is then switched back to the regular antenna. If a fade 
is experienced on the diversity antenna during this interval, service 
is immediately switched back to the regular antenna. If reception is 
satisfactory, the service is carried by the regular antenna until the 
next fade. If not, the receiver is again switched to the diversity 
antenna. On routes equipped with space diversity switching, each 
repeater section for which such a need has been established is equipped 
with the necessary diversity antenna and switching equipment. 

1 3-2 REPEATERS AND TERMINALS 

As previously mentioned, either baseband or IF repeaters are used 
in FM microwave radio systems. Baseband repeatered systems are 
most commonly used in short-haul service to permit ready access to 
the baseband signal thus facilitating the adding and dropping of voice
frequency channels at intermediate stations. Systems that util ize IF 
repeaters are usually used in long-haul service. 

Baseband System Repeaters 

Figure 13-1 shows one direction of transmission through a micro
wave radio baseband repeater. Signals are received by an antenna 
and transmitted through waveguide to the channel separating network 
shown at the left of the block diagram. The desired signal is selected 
by a bandpass filter and connected to a down converter which trans-
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lates the FM signal to an IF band centered at 70 MHz. This signal is 
amplified and limited in amplitude before being applied to a discrimi
nator which demodulates it to baseband frequencies where it is again 
amplified. This portion of a baseband repeater might serve as the 
receiver at a terminal point in the system. In this case, the signal 
would be connected through a wire-line entrance link to multiplex 
or other suitable terminating equipment. 

From 

receivers 

Receiver 

I 
I BSB 
1 AMPL 
I 

I 
Entrance 

links 
\ 

Figure 1 3- 1 .  Microwave radio baseband repeater. 

From other 
transmitters 

Transmitter 

In repeater applications, the baseband signal would be connected 
directly to the transmitter portion of the repeater. After additional 
amplification, the baseband signal is applied directly to a microwave 
FM deviator, usually to the repeller of a klystron tube in equipment 
of ·early design. In more recent designs, a solid-state deviator is used 
to translate the baseband signal to an FM signal. At the output of the 
deviator, the signal is amplified and combined with other channel 
signals for transmission by waveguide to the antenna. The frequency 
of the carrier in this transmitter is usually different from that of the 
carrier received from the previous repeater section in order to mini
mize crosstalk and interference impairments. Occasionally, where 
interferences are well controlled, transmitters and receivers may be 
operated at the same frequency. 
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I ntermediate-Frequency Repeaters 

Figure 13-2 shows one direction of transmission through an IF 
repeater typical of  those used in  long-haul microwave radio systems. 

After the received channel signal has been modulated to the IF 
band by the down converter, it is amplified and connected directly to 
the limiter and/ or up converter of the transmitting portion of the 
repeater. Thus, at repeater points the signal is not demodulated to 
baseband. A microwave carrier supply furnishes carriers at different 
frequencies, fct and fc2, to the up and down converters. Transmitter 
output power for IF repeatered systems is in the range of 1.0 to 
12 watts, depending in part on equipment vintage. 

To FM 
terminals 

IF 
I I 

AMPL I (Optional) I 
t t 

From Direct To 
antenna antenna 

Receiver Transmitter 

Figure 1 3-2. Microwave radio IF repeater. 

The IF connection between the receiving and transmitting portions 
of the repeater may be opened and connections made instead to FM 
terminal equipment. This arrangement would be used where voice 
channels must be added or dropped and where the two portions of 
the repeater are to be used at a terminal station. 

FM Terminals 

The initial and final steps of modulation in microwave systems 
that utilize IF -type repeaters are performed respectively by FM 
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terminal transmitters and FM receivers. These units are often re
ferred to simply as terminals. A modern version of this equipment, 
the 4A FM, was designed for use with TH-3 and TD-type microwave 
radio systems [9] . 

Figure 13-3 is a block diagram of a 4A FM transmitter. The 
balanced input signal is amplified and converted to an unbalanced 
signal in the baseband amplifier. This signal is applied to the deviator 
in which the signal voltage modulates a 70-MHz oscillator. The oscil
lator, varactor diode biasing circuits, and buffer amplifier elements 
of the deviator, are assembled in a controlled temperature oven to 
provide the prescribed IF stabi lity of ± 25 kHz. The output of the 
deviator is filtered to eliminate unwanted signal components and 
amplified to the required amplitude. 

Baseband 
1 24-ohm 
balanced 

Figure 1 3-3. Block diagram of 4A FM terminal transmitter. 

IF 
75-ohms 

unbalanced 

The noise generator may be used when multiplexed message signals 
are transmitted. It must be disabled when a television signal or a 
digital signal with very low frequency components is transmitted. 
The noise, confined to the band from 0 to 1 kHz, provides a random 
variation of the carrier frequency, called spreading. This causes 
certain tone interferences that may appear in the radio channel to 
be spread over several voice channels, thus making the interference 
more l ike random noise and thereby substantially reducing the 
subjective effect of the tones. 

In an earlier design of transmitter, as shown in Figure 13-4, two 
oscillators, 70 MHz apart in frequency, are frequency modulated by a 
baseband signal. The oscillator frequencies are typically about 186 
and 256 MHz. The circuits are arranged so that an applied input 
voltage that causes one oscillator to increase i n  frequency causes the 
other to decrease in frequency. The output of the mixer is the fre
quency difference between the two oscillators, a frequency deviation 
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twice that of either oscillator. Thus, each oscillator is required to 
provide only one-half the total deviation and at the same time, even
order intermodulation products cancel. The complexities of this dual 
oscillator arrangement (many of which are in service ) have been 
overcome by recent technology advances. 

Baseband 
1 24-ohms 
balanced 

Figure 1 3-4. Early designs of FM terminal transmitter. 

IF 
75-ohms 

unbalanced 

Figure 13-5 shows a circuit arrangeiD:ent typically used in an FM 
receiver. The limiter is used to remove amplitude variations in the 
signal before demodulation in the discriminator. 

75-ohm � 
unbalanced 

IF input 
Limiter �� -----11 D;'<rim;oato• 1 ...... -----4[> 

Figure 1 3-5. FM terminal receiver. 

1 3-3 ENTRANCE FACIL ITIES 

1 24-ohm 
balanced 
baseband 

output 

Radio-frequency circuits and equipment are usually located in close 
proximity to the associated antennas but are often physically removed 
from signal sources for the radio system. In metropolitan areas, the 
antennas are usually mounted atop tall buildings while the associated 
transmitting and receiving equipment is located nearby on one of the 
highest floors of the building. Other equipment, such as the multiplex, 
is likely to be located on one of the lower floors of the building or even 
in a nearby building ; the radio equipment and signal sources may 
thus be several hundred feet apart. In suburban and rural areas, the 
antennas are normally mounted on high towers with the RF equip
ment at the base of the tower. The distance to the signal source is 
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typically several hundred feet and may be up to eight miles in extreme 
cases. The facilities that interconnect signal sources and RF equip
ment, called entrance facilities, must be designed to meet stringent 
transmission, reliability, and operating requirements. They are al
located only a small portion of the overall allowable impairment. 

Signal Sources 

The signals transmitted over microwave radio systems originate in 
various types of equipment. The design of entrance facilities depends 
on the characteristics of the source equipment as well as on the char
acteristics of the signals. Sources include multiplex and connector 
equipment, television video and audio circuits, digital multiplex cross
connect frames, and direct connections from other systems. 

The signals most commonly transmitted on microwave radio sys
tems are those generated in the frequency division multiplex equip
ment described in Chapter 9. Similar signals are also used as radio 
system inputs by connection from an adjacent or intersecting radio 
system or route. In this case, the signal may be a composite signal 
made up of a portion of a signal from another route and of signals 
generated in  local multiplex equipment. Filters, combining networks, 
and separating networks must be arranged to form a signal spectrum 
compatible with the radio system involved. 

Where a microwave radio channel is to be used for television signal 
transmission, the signal source is most likely to be a television opera
ting center or a television facility test postion, especially if signal 
administration (switching, equalization, etc. ) is required. Where 
there is no signal administration, the signal source may be an 
A2A-type or an A4 baseband transmission system or an intersecting 
radio system by direct interconnection at intermediate or baseband 
frequencies. The audio portion of television service can be carried 
either on a separate facility or on the same radio channel as the video 
signal. Where both are carried on the same channel , the audio signal 
modulates a subcarrier in  the baseband spectrum above the video 
signal. 

A digital signal at the DS-1 rate ( 1 .544 Mb/s) may be transmitted 
over a microwave radio system in the band below the lowest frequency 
normally allocated to the L-multiplex channels, 0.564 MHz. Where this 

TCI Library: www.telephonecollectors.info



364 Ana log Radio Systems Vol .  2 

signal is to be added to multiplexed voice-frequency signals, the two 
spectra are carried over separate facilities from the sources and com
bined at the input to the radio system terminal. This transmission 
arrangement is sometimes referred to as data under voice ( DUV ) . 
The digital signal is received from a DSX-1 cross-connect frame, is  
processed by the lA Radio Digital System ( lA-RDS )  into a seven
level format that occupies the frequency band from near 0 to 470 kHz, 
and then is transmitted to the radio terminal over a double-shielded 
balanced pair. 

In other digital arrangements involving microwave radio transmis
sion, one or more channels of the radio system may be dedicated to 
the transmission of high-speed digital signals. In the 3A-RDS, a 
44.736 Mb/s, bipolar, return-to-zero, DS-3 signal is transmitted from 
the DSX-3 cross-connect frame over distances up to 450 feet on solid
dielectric coaxial cable to the radio terminal where it is processed for 
transmission over the microwave radio system. 

The DR 1 8A microwave radio system transmits DS-4 level signals 
(274.166 Mb/s) on 18-GHz carriers. The signal is received from a 
DSX-4 cross-connect frame and transmitted to the radio terminal 
usually over solid-dielectric coaxial cable. 

Wire-line Entrance links 

These entrance facilities are used between signal sources and 
microwave radio system terminals where compensation for loss and 
attenuation/frequency distortion is required. In most cases, these 
facilities are protected by some form of automatic switching arrange
ment. Additional features of wire-line entrance links ( WLEL) include 
pre- and de-emphasis of the baseband signal spectrum and the com
bining of speech and data signals required when the lA-RDS is used. 

Most entrance links provide baseband transmission of the signals 
to the radio terminal as shown in Figure 13-6. However, it is desir
able in some cases to transmit signals at the 70-MHz IF band used in 
radio repeaters. Such applications are somewhat rare but their use
fulness will probably increase in the near future. For example, it is  
expected that entrance links for the SSB-AM AR 6A system will 
operate exclusively at IF. 
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To FM 
system 

From FM 
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Figure 1 3-6. Simpl ified schematic of a baseband wire-line entrance l ink. 

Baseband Entrance links. A number of entrance link types have been 
developed to satisfy the needs of new microwave radio systems as 
they were introduced into service. Earlier design ( designated A-, B-, 
and C-type) were used for single master group transmission. While 
many of these are still in service, they are no longer manufactured. 
Now the most commonly used is the 3A WLEL which provides a 
wide range of options that make it applicable to most microwave radio 
systems under a variety of loading and operating conditions. 

The amplifiers, equalizers, and other frequency-dependent com
ponents of the 3A WLEL have been designed to operate1 with a 
number of cable types having nominal insertion losses that increase 
in proportion to the square root of frequency. Components must be 
selected for compatibility with the type and length of cable to be used 
and with the channel capacity of the radio system being served. 
Entrance l inks may include intermediate repeaters as well as terminal 
equipment located at the multiplex and radio ends. Distance l imits, 
as shown in Figure 13-7, depend on type of cable, channel capacity of 
the served radio system, use of repeaters, and standard or "dedicated" 
appl ications. The latter category refers to 3A WLELs dedicated to 
broadband restoration use. The distance l imits are the same as those 
applied to standard WLELs for 1800 channels.  

Satisfactory signal-to-noise performance of most 'FM microwave 
radio systems carrying frequency-multiplexed signals depends in part 
on the pre-emphasis of high baseband frequency_ signal components. 
The networks required to achieve this pre-emphasis are :installed in 
the transmitting portions of 3A WLELs. The compensating de
emphasis networks are installed in the receiving portions of 3A 
WLELs. These networks, shown in Figure 13-�6; must be selected to 
satisfy the requirements of the radio system being served and the 
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CABLE NONREPEATERED WLEL, REPEATERED 
miles WLEL, miles 

TYPE Z, ohms UP TO 1 200 1 800 UP TO 1 800 
C HANNELS CHAN NELS CHANNELS 

724 
unbalanced 

75 0.5 0.5 NA 

754 
124 0.5 0.5 NA 

balanced 

16 PVL 
124 2.81 1 .92 3.84 

balanced 

0.375-inch 
coaxial 75 5.85 4.0 8.0 

unbalanced 

Figure 1 3-7. Length l imits for the 3A WLEL. 

bandwidth it covers. Figure 13-8 illustrates the loss/frequency char
acteristics of some typical networks. Curves la and l b  are comple
mentary as are curves 2a and 2b. 
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Figure 1 3-8. Insertion losses of typical pre- and de-emphasis networks. 
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Wire-line entrance link equipment contains amplifiers and carries 
large numbers of multiplexed signals. For these reasons, automatic 
protection switching systems are used to assure service reliability. In 
most cases, the protection switching operates between the baseband 
and i ntermediate frequencies thus protecting the wire-line entrance 
link as well as the associated FM terminal transmitter or receiver. 
In other cases, the protection switching is applied to the entrance 
link only. In yet other arrangements, the protection switching covers 
the entire radio system from the WLEL at one end through the WLE L  
at the other end. 

Where required, the 3A WLEL may include equipment to combine 
message circuits from multiplex equipment with the digital signal 
from a lA-RDS terminal . When so equipped, the WLEL is usually 
protected by a baseband-IF switching system which includes protec
tion of the FM transmitting and receiving terminal equipment. How
ever, other protection arrangements are also used, especially in TH-1 
and in short-haul systems. 

I n termediate- Frequency Entrance Link. In some microwave radio ter
minal locations, it is undesirable to use the normal transmission mode 
because of existing or potential interference problems. One such situ
ation may occur where a radio route terminates at the earth station 
of a satellite communications system. The terrestrial system may in
duce excessive interference into the satellite system. Another situation 
may occur where a radio route traverses a congested urban area in 
which new building construction may obstruct the transmission path. 
Alternate routing of the radio path may be expensive or perhaps 
impossible. 

In these cases, the radio system might be terminated at the last 
repeater before the terminal and the last section might consist of a 
baseband entrance link to the terminal location. However, it is often 
not economically or operationally desirable to use baseband facilities 
for this purpose and an IF entrance l ink is used. It is capable of 
transmitting up to 2400 multiplexed message signals over 0.375-inch 
coaxial cable units for distances up to about 8000 feet. Somewhat 
greater distances can be accommodated where fewer channels are 
involved, for example, up to 9000 feet for 1200 channels. Limits are 
established by cable loss and the resulting noise penalty in the top 
transmitted channel. The IF link has added advantages over a base
band l ink ; it can be protected as if it were a part of the radio system 
and can be tested from the terminal station by the use of radio rather 
than baseband test equipment. 
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1 3-4 SIGNAL-TO-NOISE CONSIDERATIONS 

Until recently, frequency modulation has been used in microwave 
radio systems because the technology has not permitted the design of 
intermediate and microwave frequency AM amplifiers with sufficient 
gain, power output, and linearity to permit signal-to-noise require
ments to be met in the transmission of broadband signals.* Although 
the amplitude linearity characteristics of available amplifiers have 
been unsatisfactory for AM use, FM signals are relatively insensitive 
to such impairment. 

The determination of a satisfactory transmission layout of micro
wave radio systems involves many considerations. Among these are 
achievable transmitter performance in respect to power output, re
ceiver performance in respect to noise figure, route layout to provide 
line-of-sight transmission with adequate clearance from obstacles, 
achievable modulation noise performance, system bandwidth and 
voice channel capacity, and RF channel allocations. In addition, trans
mission and reliability objectives consistent with system application 
must be well documented and properly applied. 

The concept of establishing optimum signal amplitudes between 
an overload or intermodulation "ceiling" and a noise "floor," discussed 
in Chapter 10, is applied in the design of microwave radio systems 
as well as in the design of analog wire transmission systems. How
ever, bandwidth, repeater spacing, and signal-to-noise are not nearly 
as closely related in radio systems as in wire systems. 

The maximum signal amplitude may be considered in terms of the 
radiated power of the RF wave or in terms of the maximum fre
quency deviation of the FM carrier. Limits on transmitted power and 
frequency deviation are imposed by the Rules and Regulations of 
the FCC. 

The minimum allowable RF signal amplitude, set by the noise 
floor, is found at the input to a radio repeater. The repeater noise 
figure is dependent on the noise at the input and on the random noise 
generated within the repeater. These additional noise components 
are translated to equivalent values at the input and added to the input 
circuit thermal noise to derive the repeater noise figure. 

*An SSB-AM microwave radio system, the AR6A, is currently in development. 
Improved active devices and advanced technology have permitted this system 
design. 
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If the signal-to-noise ratio in an FM system of the type under con
sideration deteriorates so badly that the noise power is only 10 to 
15 dB below the carrier, a phenomenon called breaking may occur. 
In these circumstances, the signal-to-noise ratio at baseband decreases 
faster than it does at radio or intermediate frequencies. The re
sultant noise has a highly impulsive characteristic and is especially 
damaging to data transmission. The effect is more pronounced at low 
baseband frequencies (below 2 MHz ) than at higher frequencies. 

Modulation noise in FM systems is a function of frequency devia
tion, rather than of signal amplitudes and repeater amplitude linearity 
relationships, and of AM-to-PM conversion effects. Thus, the maj or 
sources of this type of noise are relatively small attenuation/frequency 
deviations, delay /frequency deviations, and echoes due to impedance 
mismatches. The analysis of intermodulation noise amplitudes is 
rather difficult and requires the application of sophisticated mathe
matical techniques. In operating systems, special test equipment is 
used to measure system performance parameters and to identify 
sources of excessive noise. 

Radio repeater spacings are determined primarily by line-of-sight 
path clearance, the required signal strength at the receiver, and the 
geographical locations of points where access is needed for connection 
to multiplex equipment or with other systems. In relatively flat terrain, 
an increase in path length dictates an increase in antenna tower height 
and thus is an economic factor in repeater site selection. Transmitter 
power output and antenna gain similarly enter into the economics of 
selection but the performance of radio systems, unlike that of AM 
cable systems, is not a sensitive function of the repeater spacing. The 
primary reason for this divergence lies in the transmission medium. 
Cable loss is measured or expressed directly in dB per mile ; doubling 
a length of cable multiplies its loss in dB by two. Radio path loss 
varies as 20 log of the path length ; therefore, doubling a path length 
increases its loss only 6 dB. It follows that there is  greater flexibility 
in the choice of repeater spacings in a radio system than in AM cable 
systems where a specific spacing is determined by repeater perfor
mance, medium transmission characteristics, and system noise re
quirements. In a radio system, the problem involves tower economics, 
geography, fading or rain attenuation, interferences, and system re
quirements. Consideration of these factors results in typical 4- and 
6-GHz microwave repeater spacings of 20 to 30 miles and somewhat 
shorter spacings for short-haul systems that operate at higher 
frequencies. 
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The performance of microwave radio systems is often evaluated 
experimentally (during development) and in operating situations 
( out of service) by a technique called noise loading [ 10] . This tech
nique may be used to establish or to verify signal amplitudes and 
transmission level points and to determine system performance. 
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Chapter 1 4  

M icrowave System Engi neeri ng 

Facility planning studies based on forecasts of network growth and 
restructuring and/ or specific orders for television video services often 
indicate the need for new point-to-point microwave radio systems. 
Engineering studies are then used to determine the radio frequency 
( RF) band to be used, the type of system to be installed, and the 
specific locations of terminal and intermediate mai n  stations. These 
determinations depend, at least in part, on the length of the system 
between terminals, required initial and ultimate circuit capacity, and 
costs. 

In addition to these overall studies, much detailed work is required 
to establish the specific route and to determine the system layout 
along that route. In this aspect of the work, studies must be made of 
both real and potential interferences into the new system from out
side sources and by the new system into existing systems. Specific 
repeater sites must be selected and the required heights of antenna 
towers determined. Consideration must also be given to accessibility 
of reliable sources of power and repeater station maintenance. 

1 4- 1  OPERATI NG FREQUENCIES AND SYSTEM CHARACTERISTICS 

The Federal Communications Commission ( FCC) has allocated 
frequency bands for common carrier transmission use at nominal fre
quencies of 2, 4, 6, 11,  18, 22, 28, 31, and 39 GHz. Systems are available 
for use in each of the allocated bands through 18 GHz ; however, the 
higher frequencies are not yet being used in the Bell System. Metro
politan, short-haul, and long-haul services are provided ; distances 
associated with these services are generally regarded as up to 50 
miles, 250 miles, and 4000 miles respectively. 
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The 2-GHz Band 

Common carrier system signals are limited to 20-MHz wide bands 
between 2.1 10 and 2. 130 GHz and between 2.160 and 2.180 GHz. The 
limited telephone channel capacity, the complications of sharing the 
frequency bands with other users,* and FCC-imposed limitations on 
2-GHz systems have made these allocations relatively unattractive in 
the Bell System. However, consideration is being given to the use of 
this band for digital signal transmission and some general trade 
systems have been installed to provide service to remote areas as 
well as order-wire and alarm facilities for other systems. 

The 4-GHz Band 

The majority of Bell System long-haul microwave radio message 
channels are carried on the TD-2 and TD-3 systems. In these systems, 
baseband signals frequency modulate a 70-MHz intermediate fre
quency (IF) carrier. The resulting IF signal (carrier plus side bands) 
is used to modulate an RF carrier in  the band between 3 .7 and 4.2 
GHz. This band accommodates twelve two-way radio channels each 
20 MHz wide. Each radio channel in the TD-2 and TD-3 systems has 
a capacity of 1500 message channels although most systems are now 
equipped to carry only 1200. These high capacities have been achieved 
by a series of circuit and operating improvements which have per
mitted the increase from the 480 message channels for which the 
TD-2 was originally designed. Bell System network television service 
is also provided by these systems. 

The two systems are functionally similar, differing mainly in circuit 
and equipment details. While the TD-2 was designed on the basis of 
electron tube technology, many of its circuits have been converted to 
solid-state designs. The TD-3 incorporates circuits that are essentially 
all of solid-state design. Both systems utilize an intermediate fre
quency band of 60 to 80 MHz within which a 70-MHz carrier is 
frequency modulated by the baseband signal. The repeaters in both 
systems are of the heterodyne ( IF)  type. 

The 6-GHz Band 

The nominal 6-GHz band utilizes frequencies between 5.925 and 
6.425 GHz. This 500-MHz band is divided into eight two-way, 30-MHz 

*The band from 2.160 to 2.162 is largely preempted by television distribution 
systems in large metropolitan areas. 
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channels and is used by several major Bell System designs and by 
others of outside supplier design. Those of Bell System design are 
the TH- and TM-type FM systems ; the AR6A single-sideband AM 
system is now being developed. The TH-1, TH-3, and AR6A systems 
use heterodyne repeaters ; the TM-type systems use heterodyne or 
baseband remodulating repeaters. The TH-1, TH-3, and AR6A sys
tems are intended primarily for long-haul applications and the 
TM-type for short-haul applications. 

In each 30-MHz radio channel, the TH-1 system can carry 1860 
message channels ( usually used for 1800 channels )  ; the TH-3 and the 
TM-type systems can carry up to 1800 message channels.* The TH
and TM-type systems can be also used for television transmission. 
The AR6A system is being designed for a capacity of 6000 message 
channels. 

The 1 1 -GHz Band 
Several systems are used to provide short-haul service in this band 

which extends from 10.7 to 11 .7 GHz. The TJ system utilizes electron 
tube technology and baseband remodulating repeaters. It has a capac
ity of 600 telephone channels in each of six 20-MHz wid€ two-way 
radio channels formed from the allocated 1-GHz spectrum. The system 
does not conform with the more stringent FCC regulations on channel 
usage now in force and is no longer being manufactured� 

Solid-state baseband repeatered systems of the TL-type are also in 
service. Each of the . six radio channels, which require a 40-MHz band 
in each direction, may provide 1200 telephone channels or one tele
vision channel. 

The solid-state TN-1 system is the most recent of Bell System de
signs for analog service in the 1 1-GHz band. This system can provide 
either 12 two-way radio channels with 1800 message channels in each 
or 23 two-way radio channels with 1200 message channels in each. 
It is an FM system that utilizes heterodyne repeaters and an IF band 
at 70 MHz. Where dropping and adding of message channels are re
quired, FM terminal equipment is used. This system may also be used 
to transmit digital signals derived from the 3A Radio Digital System. 

The 1 8-GHz Band 

The spectrum allocated to common carrier use at 18 GHz extends 
from 17.7 to 19.7 GHz. The DR 18A System is primarily used for 

*The feasibility of expanding the message channel capacity of the TH-3 system 
is under study. 
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transmission of digital signals at the DS-4 rate. Eight two-way RF 
channels are allocated by the FCC, one of which is used as a protec
tion channel for the other seven. Each regular RF channel can 
transmit one DS-4 rate signal which can carry up to 4032 message 
signals or 168 DS-1 rate digital signals. 

1 4-2 CHOICE OF SYSTEM 

In engineering a new route, the selection of the type of system to 
be used requires engineering studies of route factors, type of applica
tion, signal-to-noise objectives and performance, and many cost 
factors that include the relative advantages of digital and analog 
modes of transmission. In addition, the selection of · the RF band to 
be used interrelates with all other considerations and ultimately leads 
to establishing the most appropriate system type. 

Some of the route factors that influence the system choice include 
length, initial and ultimate message channel capacity, interference 
or potential interference between intersecting routes, and the existence 
of other systems along the route. Geographical and environmental 
factors also influence the choice of system ; for example, site-to-site 
antenna visibil ity or rain attenuation may be controlling factors. The 
system may have to meet long-haul or short-haul requirements and 
may require frequent or infrequent dropping and adding of message 
channels at intermediate points. Signal-to-noise performance of the 
various systems, particularly in respect to transmitter output power 
and the path losses that may be expected along the planned route, 
must be considered. The transmission band selected tends to deter
mine the specific system choice but it must be chosen to satisfy all 
the other criteria. Costs are an overriding consideration and where 
engineering studies show that several system types may be satis
factory, the most economical system is the one selected. 

The route length, required message channel cross-section and the 
existing or potential congestion of frequency bands all have an in
fluence on system selection. In addition, the selection of a system may 
be influenced by corporate policy which might dictate route diversity, 
the provision of a separate route or different type of transmission 
facility between the route terminals in order to provide greater service 
reliability and network survivability. 

As previously mentioned, microwave radio system applications are 
generally divided into overlapping categories, long-haul, short-haul, 
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and metropolitan ; the design objectives and features provided by 
various systems are appropriate for specific applications but usually 
not for more than one. The long-haul TD-2, TD-3, TH-1 , and TH-3 
systems are designed to meet message network signal-to-noise obj ec
tives for distances up to 4000 miles. Initially, the long-haul objectives 
specified that, in  the worst ( noisiest) message channel, the noise 
should not exceed 44 dBrncO. These design objectives have been made 
more stringent and the worst channel noise for new systems must 
not exceed 41 dBrncO. * The noise objective for short-haul systems is 
32 dBrncO in the worst message channel for systems up to the maxi
mum length of about 250 miles. System costs are accordingly affected. 

Additional capacity may possibly be provided on existing routes by 
under- or overbuilding. These terms are used to describe the addition 
of a second radio system sharing the land, buildings, towers, antennas , 
waveguides, and power supply of the existing system. The new system 
must operate in a different portion of the radio-frequncy spectrum. 
The existing route must be equipped with broadband (dual-frequency ) 
antennas and band combining and separating networks. For example, 
a 6-GHz TH-type system might be added to a route already equipped 
with a 4-GHz TD-type system and, in the short-haul field, an 11-GHz 
TN -type system might be used to overbuild an existing route equipped 
with a 6-GHz TM-type system. 

The selection of the new system is influenced by the anticipated 
growth along the route as well as the immediate augmentation o f  
service. Anticipated growth i s  especially pertinent since the FCC 
regulations now impose stringent requirements on the ratio of pro
tection channels to regular channels. Thus, selection is influenced by 
the total message channel capacity required, its relation to the total 
system capacity, the ease with which the growth can be accommodated 
by equipping additional radio channels as required, and the costs 
associated with each of these factors. 

In long-haul applications, system performance and costs tend to be 
dominated by repeater equipment rather than by terminal and multi
plex equipment. For such systems, heterodyne type repeaters are 
preferable because they are usually less costly and prevent the ac
cumulation of impairments that would result from the extra steps of 
modulation and amplification required in baseband repeaters. 

*These objectives do not apply during the brief intervals of atmospheric fading. 
Protection channels are usually switched into service when noise reaches 55 to 
60 dBrncO. 
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In short-haul applications, repeater equipment has less influence 
on system performance and costs. The layout of the system is often 
dictated by the need for flexibility in dropping and adding circuits 
which requires the translation of the signal to baseband frequencies 
at all dropping and adding points. Thus, most short-haul systems 
utilize baseband repeaters. The impairments introduced by modern 
baseband systems are comparable to those of heterodyne systems. 

The selection of the RF band is made for consistency with all of 
the other route factors previously discussed. The overriding considera
tions are likely to be the result of propagation and interference studies 
and the interaction between these factors and the selection of suitable 
repeater sites. When these technical requirements have been satisfied, 
the final system selection depends on cost. 

1 4-3 ROUTE SELECTION AND LAYOUT 

The establishment of a final route layout for a new system and the 
precise specifications for locating each required repeater constitute 
the most important and, in some ways, the most difficult aspect of 
microwave system engineering. Signal propagation must be studied 
carefully to give reasonable assurance that the appropriate objectives 
can be met. Interference studies must be made to give assurance that 
intra- and intersystem interferences are held to specific limits. Re
peater sites must be selected to satisfy transmission and interference 
requirements. After sites have been selected, antenna towers must be 
designed and placed to satisfy many operating and environmental 
requirements. In addition, governmental agencies exert considerable 
influence on radio system design, layout, and operations and the re
quirements imposed by these agencies must be met. 

All of these facets of route selection and layout are highly inter
active and requirements must all be simultaneously satisfied. The 
process is iterative and successive compromises must be made in 
order to establish a satisfactory overall system [1] . 

Site Selection 

Route layout work is based on a preliminary selection of several 
alternate radio repeater sites at each prospective location. The criteria 
for final selection involve site availability, zoning and land use re
strictions, building and tower design and construction problems, main
tenance and access, environmental considerations, power availability, 
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and the results of propagation and interference studies and measure
ments. Frequently, a site selection tour is made so that preferences 
for one of the several alternate sites at each location may be expressed. 

The first step in the design of a new route is to find acceptable paths 
from all existing terminals and from j unction points with other routes. 
Figure 14-1 illustrates a problem involving the introduction of a new 
TD-3 route from the south to terminate at station A� The permissible 
loc�tion of station C, the TD-3 station nearest A, is to be determined 
in terms of the angular sector relationships with the two TD-2 routes 
which already terminate at A. One route enters from station B and 
the other from station D. Involved in the problem of meeting trans
mission objectives are the polarizations of the channels in the new 
and existing routes, the angles of incidence for signals transmitted 
between stations A and D, A and B, and A and C, the transmitted 
power of the three systems, the number of message or video channels 
in each system, the discrimination between routes provided by the 
antennas, and the distances between stations on the proposed new 
route. 

The layout of stations and routes illustrated in Figure 14-1 is com
monly derived from a radio -route map. Often called an overreach map, 
it is used to depict microwave station locations and common inter
ference situations. 

The polarization pattern found on the existing TD-2 paths is indi
cated by the abbreviated nomenclature associated with the directional 
transmission arrows.*  In TD-2 12-channel RF arrangements, the two
way channels designated 1 through 6 are usually called regular chan
nels and those designated 7 through 12 are called inte'rstitial channels .  
In the figure, the regular channels are designated 1 and the interstitial 
channels designated 7. Each two-way channel has a low-frequency 
allocation, designated A, for one direction of transmission, and a 
high-frequency allocation, designated B, for the opposite direction 
of transmission. The horizontal and vertical signal polarizations are 
designated H and V respectively. Thus, transmission from station B 
to station A, designated 1 BH 7 BV, is in the high-frequency alloca
tions for all 12 channels. In this example, channels 1 through 6 are 
transmitted in horizontal polarization and 7 through 12 in vertical 
polarization. 

*Polarization refers to the alignment of the electric field in the radiated wave. 
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Station A 
1 BV 7 BH _. 

-4-- 1 AV 7 AH 

Vol. 2 

r r 

Figure 14-1. Discrimination study for a new TD-3 path to junction at station A. 

Examination of the D-A and B-A paths shows that the two con
verging TD-2 systems are cross-polarized relative to one another. 
Thus, the new TD-3 path must be cross-polarized in respect to one 
TD-2 path and co-polarized in respect to the other. 

A trial assumption may now be made that the new TD-3 path is to 
be cross-polarized with the B-A TD-2 path, as shown in Figure 14-1. 
With this assumption, the discrimination between the D-A and C-A 
paths must be achieved by the directivity of the antennas at station A. 
The achievable discrimination is determined from charts that show 
the transmission loss between same and opposite p olarizations as a 
function of the angle between the incident wave and the orientation 
of the antennas. These charts are available for each of the common 
carrier RF band allocations. From such curves, it can be shown that 
the like-polarized D-A and C-A paths must have angular separation 

TCI Library: www.telephonecollectors.info



Chap. 14 Microwave System Engineering 379 

of at least 70 degrees to achieve the same discrimination as that be
tween the cross-polarized B-A and C-A paths at an angular separation 
of about 15 degrees. 

Radio-frequency interference objectives involve complex relation
ships among many factors. Tabulations of these obj ectives are 
available for many combinations of signal loadings, radio frequency 
stability, channel frequency separation, type of signal ( FDM, video, 
or digital ) ,  and applications of pre- and deemphasis or signal coding. 
By properly accounting for output powers, antenna gains, antenna 
discriminations, path losses, waveguide losses, and frequency separa
tions, a new path that satisfies intersystem interference requirements 
may be established. 

In the example of Figure 14-1, it is found that station C may be 
located anywhere in the sector defined by an angle of 15 degrees mini
mum from the A-B route up to a maximum of 45 degrees from the 
A-B route and at least 72 degrees from the A-D route. Thus, there is 
a sector about 13 degrees wide within which station C may be located. 

After the sites for the repeater stations closest to the terminals 
and j unction points along the route have been tentatively selected, the 
other intermediate sites are similarly selected. These selections are 
made so that the route zig-zags to minimize interferences from within 
the new system due to overreach, the transmission from one station to 
another far removed. Overreach may occur a.s a result of unusual 
atmospheric conditions or lack of terrain blockage. In the preliminary 
selection of these intermediate sites, RF interference between the new 
route and other nearby or crossing routes must also be considered. 

The factors that determine the desirability of a repeater site are 
numerous and varied. Among the most important are drainage, soil 
characteristics, visibility and grade of access road, proximity to 
hazards or undesirable neighboring property, proximity to maj or 
highways that might be subj ect to construction or relocation work, 
possibility of flooding, area of land available, and relative location of 
power and telephone lines. In addition, consideration must be given 
to local zoning and land use laws and to legal requirements on building 
and tower construction and guy wire usage. 

After an option to buy has been obtained, each site must be sur
veyed. Magnetic and true bearings must be shown and true north 
must be indicated to an accuracy of ± 1  degree. The spherical co-
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ordinates of the proposed tower location must be determined and 
shown to an accuracy of 1 second of latitude and longitude. The survey 
results are used to check elevation of the tower location� Detailed 
information of this type and accuracy is required by the FCC for its 
records. 

The size of the site depends on the type of station and the required 
height of the tower. Adequate consideration must be given to the type 
of construction to be used so that, to the extent possible, the buildings 
and tower blend into the surroundings. Adequate clearance must be 
provided between the buildings and abutting properties and highways 
or roads. Provision must be made for vehicle parking. 

Where other criteria are satisfied equally, the final selection of a 
repeater site may well be related to accessibility for maintenance and 
availability of power for the repeater operation. Investigation and 
record should be made of unusual weather in the environs. The amount 
of snow and rain, wind characteristics, and range of temperatures 
may all have an impact on system operation and maintenance. 

After the desired sites have been agreed upon from all points of 
view, site purchase activities are started. When title is obtained for 
al l sites, construction work may be started provided approval has 
been obtained from the FCC for the construction of the route and, 
where necessary, from the Federal Aviation Administration ( FAA ) 
for tower construction. 

Path Transmission Characteristics 

When engineering a new microwave radio route, it is necessary to 
determine propagation effects that might be encountered along the 
proposed route. After preliminary repeater sites have been chosen, 
a frequency and polarization plan must be selected, terrain profile 
studies and measurements must be made, path propagation tests may 
be made along the route, studies of environmental weather data must 
be undertaken, and fade margins must be determined. 

Terrain Profile Stud ies. After preliminary selections of repeater sites 
have been made, it is necessary to determine the topographical char
acteristics of each path between proposed repeater sites. This type of 
information is needed in order to be certain that there are no obstacles 
in the path between stations and no points from which radio waves 
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might be reflected to cause transmission impairment. When obstacles 
or objectionable reflection points are discovered, it is necessary to 
change one or more of the proposed repeater sites. 

Beam Bending. When the atmosphere is  well mixed by convection 
or turbulence, standard atmosphere conditions are said to exist. Under 
these conditions, pressure, temperature, and water vapor content de
crease with altitude. As a result, the dielectric constant of the at
mosphere decreases monotonically with altitude and microwave beams 
are curved downward by refraction. If the beam curvature corre
sponds to the curvature of the earth, the beam path can be represented 
graphically as a straight line relative to a flat earth. This observation 
suggests that a radio beam path may be represented by a straight line 
relative to an earth contour having a suitably adjusted radius or the 
earth may be represented as a flat surface with the beam paths de
picted as curves adjusted to display the proper relationship to the 
flat earth surface. In many radio engineering studies, it is convenient 
to adopt the former representation and to assume beam paths are 
straight. Earth contours may then be plotted relative to an earth 
radius that has been appropriately adjusted. 

To accomplish this form of graphical representation, the earth 
curvature must be assigned a value that makes allowance geometri
cally for the actual bending of the beam. The factor that relates the 
actual and fictitious earth radii ,  k, is only approximately constant in  
that the bending of  the beam varies with the change in the gradient 
of the dielectric constant that occurs with the change in altitude. How
ever, for the conditions i nvolved in microwave system engineering, 
departures from constant gradient are small and may usually be 
neglected [2] . 

The factor k is defined for engineering purposes by 

( 14-1 ) 

where curvature, C, is the inverse of radius, r, and the subscripts E 
and F represent true earth and fictitious earth respectively. Thus, k 
is the ratio of the fictitious earth radius to the true earth radius ; it i s  
sometimes called the effective earth radius factor. 
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A range of values of lc, commonly used in most of the country, is 
given in Figure 14-2. More extreme values are also used in some 
situations. The value of k is sometimes as low as 0 .5  and, in certain 
coastal areas, it sometimes assumes a negative value. The curvature 
Cr = -0.5 CE is normally used as the maximum engineering value 
for inverse curvature (upward bending) of a microwave beam. The 
corresponding value of k is 0.67. The curvature Co = 0 represents an 
unbent beam. The corresponding value of k is 1 .0 .  The value of 
Cs = 0.25 CE (k = 1 .33 ) is used for beam bending in a standard 
atmosphere. The curvature CE (k = oo) represents the situation in 
which the beam is bent to follow exactly the earth curvature ; this 
value is usually taken as the maximum engineering value for do,vn
ward beam curvature. 

RELATIVE 
BEAM FICTITIOUS EARTH k 

CU RVATURE CU RVATURE, CFICI<; 
CI = -0.5 CE (CE- CI) ICE = 1 .5 0.67 

C0 = 0 (CE - C0) ICE = 1 .0 1 .0 

Cs = 0.25 CE (CE- Cs) ICE = 0.75 1.33 

CE = CE (CE - CE) ICE = 0 00 

Figure 14-2. Range of val ues fork. 

Figure 14-3, not drawn to scale, shows beam paths relative to real 
earth curvature and fictitious earth curvatures for a straight radio 
beam. The values of k are the same as those given in Figure 14-2. 

Atmospheric Variations. When near-standard atmosphere condi
tions exist for microwave radio transmission, k = 1 .33. However, 
temperature, pressure, and water vapor gradients may vary from 
those associated with the defined standard atmosphere. Other values 
of k then apply and the atmosphere is  referred to as nonstandard. 

Other anomolies may occur. Under certain types of weather condi
tions, the atmosphere may be stratified. In these cases, reflections or 
refractions may occur at the interface between layers and whole 
regions of the atmosphere may produce a focusing effect, sometimes 
called ducting. These are significant factors in producing selective 
fading of microwave signals. 
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Figure 14-3. Beam-bending reJationships. 

Path Profile. A profile plot of the earth surface must be prepared 
for each path between proposed repeater sites. Figure 14-4 illustrates 
a path profile sketch obtained from detailed topographic maps, aerial 
surveys, or field surveys. The profile is plotted on special graph paper 
the vertical coordinate of which represents height above sea level. 
The other coordinate represents horizontal distance along the surface 
of the earth. The earth curvature is modified by k to permit the repre
sentation of the radio beam as a straight line between transmitting 
and receiving antennas. 

In addition to the profile of the earth surface, other obstructions 
and possible reflecting surfaces must be determined by field observa
tion and plotted. For example, tree heights are designated by T in 
Figure 14-4� These heights are plotted with suitable allowance for 
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growth. If a lake were located along the path, its presence would be 
appropriately noted as would an obstructing or reflecting building. 

After allowance has been made for Fresnel zone clearance, as de
scribed in Chapter 2, the profile plot may be used for a tentative 
estimate of required tower heights at each of the repeater sites. 
Unless the path is  very short, final determination is made after path 
testing or after expected reflection or obstruction fading has been 
calculated for the chosen antenna heights. 

Occasionally, path profiles are drawn on rectangular graph paper. 
When this is done, a line representing the earth curvature must be 
drawn. This line must simulate the earth curvature for the appro
priate value of k. Templates or calculated clearances are sometimes 
used, typically for k== 0.67 or 1 .33. Clearances are measured relative 
to the earth surface. This method is particularly useful when the 
effects of different k values must be considered. It also eliminates the 
need for special graph paper. 

Path Testing. The best combination of antenna heights at the two 
ends of a repeater hop is often determined by path testing. In spite 
of the fact that the process is costly, careful and efficient path testing 
is frequently undertaken on new routes and on routes subject to over
or underbuilding, especially when profile studies and subsequent field 
surveys are j udged to yield inadequate or questionable data regarding 
the height of obstructions or the reflectivity of the path. However, 
these costs are j ustified by the fact that the correction of an error in  
antenna placement may be  more costly. For example, if the antenna 
must be  moved after the initial installation, antenna weight and wind 
loading factors may require changes in  tower design and waveguide 
connections must be lengthened or shortened to accommodate the new 
antenna location. Furthermore, the antenna mounting platform is not 
readily movable. 

Path tests usually involve the transmission of an RF carrier signal 
between antennas mounted on temporary test towers erected at the 
two proposed adjacent repeater sites. Since the transmitted power 
and antenna gains are known, measurement of the received power 
may be used to determine the transmission loss between the two 
points. Regulations regarding signal transmission and tower con
struction established by the FCC and the FAA respectively must be 
observed in conducting these tests. In addition, advance arrangements 

TCI Library: www.telephonecollectors.info



386 An::1log Radio Systems Vol. 2 

must be made for access to and use of the sites and various work 
permits must be obtained. Provision must also be made for temporary 
power and for construction operations. 

A temporary guyed tower, up to about 300 feet high, is erected at 
the location of each proposed permanent tower. Each temporary tower 
contains a vertical track on which is mounted a carriage that supports 
an antenna. The elevation and azimuth of the antenna can be adj usted 
by motors. The carriage also supports a transmitting or receiving 
unit and one end of the connecting power and control cable. The car
riage may be raised or lowered by a winch the cable of which feeds 
through a counter calibrated to indicate the height of the antenna. 
Controls, power supplies, and communications equipment are located 
in a van at the tower base. 

With these test arrangements, the two antennas (one at each end 
of the path ) may be raised and lowered according to specified pat
terns. The transmission loss between the two sites is measured for 
each set of antenna positions. The resulting data, referred to as a 
height-loss run, may be used to determine antenna placement to mini
mize reflections and loss, to establish the location of reflection points, 
and to determine the value of the factor k at the time of measurement. 
The analysis of the data involves the application of the principles of 
optical geometry. Microwave signals are subject to many of the same 
fundamental laws as light waves. 

Free-Space Loss. Under standard atmospheric conditions, the ratio 
of the power emitted by an isotropic transmitting antenna to the 
power captured by an isotropic receiving antenna closely approaches 
the free-space loss ( FSL) . By definition, the FSL is restricted to the 
propagation over the path of a direct wave remote from the earth 
and its effects. This loss may be calculated by 

FSL == 36.6 + 20 log d + 20 log f dB ( 14-2) 

where d is the distance in miles between transmitting and receiving 
antennas and f is the frequency in MHz. 

Reflection and Diffraction. The measurement of path loss is seldom 
made under conditions so ideal that true free-space loss is observed. 
Losses may be affected by reflections from terrestrial objects or from 
atmospheric strata and by diffraction at an obstruction located in or 
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near the edge of the direct transmission path. However, with most 
microwave paths, earth effects can be minimized under normal con
ditions so that the path loss is essentially free-space loss. 

When path-loss measurements are made, the results may be com
pared with the free-space loss computed by Equation ( 14-2 ) . Analysis 
is then necessary to determine the source or cause of the difference 
and to determine the best course of action to improve the condition 
if the departure from expected loss is excessive. The analysis, greatly 
aided by the data obtained from the height-loss run, involves the 
determination of reflection point locations and the phase lag of the 
reflected signal relative to the direct signal . 

Many terrain factors must be taken into account in this analysis. 
For example, in areas featured by extensive plains, a phenomenon 
called con-vergence may be observed. The terrain may be slightly 
concave and, as a result, energy arrives at the receiving antenna by 
a number of independent paths. One or more of the reflected waves 
in such a case may be of larger amplitude than the direct wave. 

Path-loss measurements should be made as nearly as possible under 
standard atmospheric conditions. Strata of temperature, moisture 
content, and/ or pressure can cause reflections that are difficult to ac
count for in analyzing test results. Variations during the test period 
are also difficult to analyze. When atmospheric conditions are stable 
but not exactly standard ( i .e., k == 1 .33 ) , measurements can be made 
successfully but test results must be used to determine the value of 

k at the time of test. 

In certain cases, attenuated transmission in the presence of an 
obstacle in or at the edge of the direct path can be measured. Trans
mission takes place because of diffraction of the wave into the region 
beyond the obstacle. The phenomenon may be explained by Huygen's 
principle which states that "every point on a wavefront may be con
sidered to be a new source from which new wavelets issue." Thus, 
some rays are bent around the obstacle and no reflection is involved. 
This form of interference, called knife-edge diffraction, can often be 
overcome by suitable adj ustment of antenna heights ; such a phenom
enon is inconsequential where there is sufficient clearance. Clearance 
of at least 0.6 times the distance to the first Fresnel zone is usually 
provided along the direct path in order to achieve loss that approxi
mates free-path loss. More clearance is provided where, increased 
fading margin is needed. 
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I nterference Studies 

Radio-frequency interference may originate in the impaired system 
( intrasystem ) or in a system that parallels or crosses the impaired 
system ( intersystem ) . Of concern here are those interference patterns 
that relate to the route layout of microwave systems and to the selec
tion of repeater sites [3] . In addition, these studies involve the fre
quency allocations used in the systems of interest [ 4] . 

Presently, the FCC requires that all interference coupling problems 
be resolved before filing for a construction permit. Thus, layout 
studies must be carried out well in advance of any preparations for 
actual route construction. Studies must cover a swath 125 miles wide 
on each side of the desired path. 

Where routes are lightly loaded and in areas that are uncongested 
in respect to radio system use, interference problems are often easily 
avoided by allocating frequency bands so that different radio channels 
are used in the potential interference situations. However, this  solu
tion often cannot be used, particularly if growth is considered. 

There are a number of route layout relationships that involve the 
potential for causing intra- or intersystem interference. These include 
interferences between similar systems as well as interferences that 
may be induced by radar, satellite, or tropospheric transmission sys
tems. These must all be related to the practice of transmitting and 
receiving at different frequencies in alternate sections. Some of the 
important sources of such interferences are illustrated in Figure 14-5 
where the high and low bands are distinguished by the designations 
/t and /2. 

Frequency Plan. The layout of a new route must include the selection 
of a frequency plan and the assignment of RF channels to specific 
frequency bands in a manner such that interferences within the route 
and between routes are minimized. The TD-type systems may be used 
to illustrate the nature of the selection process. 

Figure 14-6 shows four frequency assignments found at j unction 
stations and used at TD-type repeater points ; plans ( c )  and ( d )  are 
irregular and not recommended. The terminology is consistent with 
that used in Figure 14-1 ; channels 1 through 6 are called regular 
channels and channels 7 through 12 are called interstitial channels. 
For simplicity, the two groups of channels are designated as 1 and 7 
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Figure 14-5. Intra- and intersystem interference paths. 
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respectively. For each channel, a low-frequency al location is desig
nated A and a high-frequency allocation is designated B. In addition 
to the selection of the frequency plan for each repeater, it is necessary 
that for any plan, the regular channels must be cross-polarized rela
tive to all interstitial channels on a given path. 

..,.._ 1A 
7A 

18--+ 78 

1A --+ 
7A 

18 
.,..._ 78 

(a) Transmit low regu lar and low interstitial, 
receive high regular and high interstitial 
channels 

.,..._ 18 
78 

1A--+ 7A 

18-+ 78 

,....__ 1A 
7A 

(b) Transmit high regular and high interstitial, 
receive low regular and low interstitial 
channels 

..,.._ 1A 
78 

18 
7A-+ 18 

....._ 7A 

(c) Transmit luw regular and high interstitial, 
receive high regular and low interstitial 
channels 

....._ 18 
7A 

1A ___., 78 
..,.._ 1A 

78 

(d) Transmit high regular and low interstitial, 
receive low regular and h igh interstitial 
channels 

Figure 14-6. Alternative frequency plans for use at TO-type repeater stations. 

If the frequency plans of two existing routes that establish the 
terminals of a new route are the same, an even number of repeater 
hops is required in the new route to match the patterns at the j unction 
stations. If the frequency plan of the two existing routes differ in the 
high-low patterns used, an odd number of repeater hops is required 
to achieve the appropriate match. 

As illustrated by plans ( c ) and ( d )  in Figure 14-6, an undesirable 
intermix of the regular and interstitial frequency patterns may exist 
at j unction stations. Special engineering is then required at an inter
mediate repeater. This may involve the provision of a special repeater 
frequency plan, the addition of an extra repeater hop, or the use of 
the 6-GHz or 1 1-GHz frequency bands for one hop i n  order to satisfy 
RF interference requirements. 

Certain specially engineered repeater stations are called full- or 
half-bucking stations. A full-bucking station transmits and receives 
all channels at the same frequencies. A half-bucking station transmits 
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and receives at the same frequencies for all regular or all interstitial 
channels but not both. Terminal stations cannot be bucking stations. 
Figure 14-7 illustrates a half-bucking station with the regular channel 
frequencies shifted at the repeater and interstitial channels trans
mitted and received at the same frequencies. Bucking stations should 
be avoided whenever possible. 

l ntrosystem Interference. Three ex
amples of intrasystem interference 
are i l lustrated in Figure 14,..5: 
same-section, adjacent-section, and 
overreach interferences. For ad
j acent- and same-section interfer
ences, like frequencies but opposite 
directions of transmission are in
volved. In the illustration of over
reach interference, like frequencies 
are involved but, in this case, the 

,,.. 
..-7,._ __ -

,� + --,� _.. 
........ 1,..___ 1� 

---
- ,,.._.. 

7� 

Figure 14-7. A frequency plan at a 
TO-type half-bucking re
peater station. 

same directions of transmission are involved for the interference and 
the impaired channel. The impairment is an increase in channel noise; 
for data signals, an increase in error rate due to phase differences 
between the two signals may be observed, especially where the im
pairment appears as a distortion of the RF signal which is common 
with overreach interference. 

For same-section interference, the path loss from transmitting to 
receiving antennas is very nearly the same for both impaired and 
interfering signals. The largest attenuation to the interfering signal 
results from the fact that the path involves transmission through 
one antenna from front to back. For adjacent section interference, 
the impaired and impairing path lengths may be significantly dif
ferent. Adj acent-section interference from the shorter section into 
the longer may be greater due to the lower attenuation in the shorter 
path. The largest attenuation to the interfering signal is the back-to
front discrimination of the receiving antenna in the impaired path . 

For intrasystem overreach interference, the two major sources of 
attenuation to the interfering signal are the overreach distance, which 
approaches three (or even five) times the normal repeater spacing, 
and the directional discrimination of the transmitting and receiving 
antennas. The location of the repeater site and the resulting antenna 
orientation are thus important considerations in  route layout and the 
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control of overreach interference. In some cases, where the terrain 
is favorable, earth blocking may also be used to advantage ; a repeater 
site may chosen so that the overreach path is effectively blocked by 
some natural earth contour. 

Much intrasystem interference is a result of microwave reflections, 
many from man-made objects. The reflecting surfaces are often 
created after radio routes have been in operation for some time. 

Intersystem Interference. Figure 14-5 shows two examples of inter
system interference that must often be considered in route layout 
studies. A junction between the main route and a sideleg is depicted 
near the upper part of the figure. If the sideleg is regarded as a 
separate system, perhaps being added to the layout after the main 
route has been in operation, the potential interferences between sys
tems must be taken into account in locating the first sideleg station. 
Where path lengths are about equal, the path losses for interfering 
and impaired signals are nearly the same and the principal attenua
tion factors are those relating to antenna discrimination. Thus, rela
tive orientation of the m ai n  route and sideleg antennas must be 
adj usted by sideleg repeater location to maximize the discrimination 
and thus to minimize the interference. This problem is identical to 
that discussed in relation to Figure 14-1 . 

The second example of potential intersystem interference, shown in 
the lower portion of Figure 14-5, occurs when the route of one system 
approaches or crosses that of another. If the two routes cross, every 
effort must be made to have them cross at right angles so that both 
are benefited by maximum antenna discrimination or to locate the 
stations so that interference paths are blocked. Distances between 
repeater sites on the two routes are also of considerable importance 
as the longer path is generally more susceptible to interference due 
to higher path loss. 

In some cases of intersystem interference, advantage can be taken 
of terrain characteristics. Where the terrain permits, earth blocking 
may be used to advantage by appropriately locating one repeater site 
and thus introducing high attenuation in the interference path. 

Potential intersystem interferences must be considered in respect 
to other types of systems assigned to similar frequency bands such 
as other common carrier systems, satellite communications systems, 
tropospheric systems, and radar systems. In addition, where a system 

TCI Library: www.telephonecollectors.info



Chap. 1 4  Microwave System Engineering 393 

is to operate in close proximity to a national border, the possibility 
of interference between systems on both sides of the border must 
also be considered. Near by AM, FM, and television broadcast stations 
may also introduce interference into baseband or IF portions of 
microwave systems. These problems are sometimes solved by shielding 
or filtering but, in  many cases, practical solutions have not been found. 

Where a new installation takes the form of underbuilding or over
building, the same considerations of frequency coordination exist but 
there is less flexibility in finding solutions to problems than where a 
completely new route is being laid out. For example, all repeater sites 
and antenna orientations have been estabished and cannot economi
cally be changed. 

Computer Aids.  A centralized time-shared computer system is used 
for the recording of all pertinent information regarding Bell System 
and other microwave radio routes, repeater locations, frequency as
signments, antenna data, interference patterns, etc. [5] . Access to 
this i nformation is provided by remote data terminals l ocated at 
strategic points throughout the country for use in radio system engi
neering studies. A number of programs are used to perform computa
tions and comparisons required in microwave route engineering and 
layout. 

When information on a new route has been firmly established, it is 
added to the data stored in the computer. A vital step in the layout 
process involves a study of radio-frequency interference problems by 
means of programs designed to use these stored data. 

Governmental Jurisdictions 

Many aspects of telephone company operations are subject to regu
lation by a variety of local, state, and federal agencies. By its nature, 
radio transmission is impossible to constrain to specific geographical 
boundaries. Thus, all radio transmission is regarded as an interstate 
form of communication and is regulated by the FCC. However, there 
are aspects of route engineering other than those involving propaga
tion that are subj ect additionally to the regulations of other govern
ment agencies. 

Federal Com m unications Commission. The FCC has been granted juris
diction over all forms of nongovernment communications within the 
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United States. In exercising i ts role, the FCC in cooperation with the 
State Department coordinates specific radio matters with the corre
sponding organizations of neighboring countries and, where appro
priate, with the International Telecommunication Union, a specialized 
agency of the United Nations [6, 7] . 

During the preliminary engineering of a new route, when path 
testing is undertaken, a temporary license must be obtained from the 
FCC and the Commission must be kept informed of test activities 
and completion. Construction may not be undertaken without approval 
from the FCC in the form of either a construction permit or a waiver 
of section 319 ( d )  of the Communications Act of 1934. The project 
must be approved from a technical standpoint, judged to be in the 
public interest, and j ustified economically. With each application for 
a construction permit, an enviromnental impact statement must also 
be submitted. 

After construction is completed and before operation may be 
started, an operating l icense for each repeater station must be ob
tained from the FCC. To be issued a license, Commission require
ments must be met in respect to hop 'spacing, transmitted power, 
frequency and frequency stability, bandwidth restrictions, circuit 
loading, and interference between systems. Public notice of the license 
application is published by the FCC for 30 days before approval . 

Federal Aviation Admin istration .  This agency, commonly known as the 
FAA, is concerned directly with the design and maintenance of 
towers or other antenna supporting structures, especially those located 
near airports or along heavily traveled air routes. The FAA must 
be petitioned for permission to erect such structures. The agency also 
specifies tower lighting and painting requirements. Regulations of 
the FAA are applied to temporary towers; as well as permanent 
towers. When path testing is being done in support of propagation 
studies, the FAA must be kept advised of when such tests are started 
and completed if the erection of a temporary tower is involved. 

Local Government Authorities. When the radio repeater sites are 
selected, permits must be obtained from local authorities for tower 
construction, building construction, hoisting, access road construction, 
and tower guying rights. Zoning and land use laws that regulate such 
towers must be carefully considered and application must be made 
for variances from such laws. 
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Chapter 1 5  

Protection Switching 

Where permitted by the Federal Communications Commission 
( FCC)  Rules, microwave radio systems are often provided with pro
tection channels and automatic switching arrangements to minimize 
loss of service due to atmospheric fading or equipment failure. The 
protection channels also facilitate maintenance activities and system 
rearrangements. 

Long microwave radio systems are divided into protection switch
ing sections for three basic reasons. First, the administration of the 
system requires considerable flexibility to accommodate the dropping, 
blocking, and adding of message channels along the route. Wherever 
such arrangements are provided, switching sections are conveniently 
terminated so that the terminal station is not located within a switch
ing section. Second, a long route is sectionalized because there may 
be simultaneous atmospheric fades in different radio frequency ( RF ) 
channels and in different portions of the route. If the entire route 
were protected from end to end, service on only one of the faded 
channels would be protected. However, where failures occur simul
taneously in different switching sections, the failed channels can be 
protected. Finally, the outage time due to channel failure for any 
reason would be excessive if  the route were not sectionalized because 
the propagation time for switching control signals from one end of 
the route to the other woul d  be excessive. These considerations have 
led to a recommended maximum of ten repeater hops per switching 
section ; only a small percentage exceed eight hops [ 1 ] . M ultihop 
switching sections have the additional advantages of minimizing the 
required amount of switching equipment and faci litating maintenance 
activities. 
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Many different types of switching arrangements are used. In some, 
channels are switched at intermediate frequencies ; in others, they are 
switched at baseband frequencies or combinations of baseband and 
i ntermediate frequencies. In space diversity arrangements, RF chan
nels are switched. Some arrangements are used only to protect against 
equipment failure and to allow maintenance work to be done. Other 
arrangements provide protection against both equipment and trans
mission path (fading) failures. 

Most protection switching systems that are designed to protect 
against atmospheric fading operate as frequency diversity systems ; 
i .e. ,  when a channel fades or fails, service normally carried by that 
channel is switched to a protection channel in the same band or in 
another part of the microwave spectrum. Space diversity switching 
i s  used to provide fading protection on a per-hop basis. In thi s  ar
rangement, two antennas are mounted on a radio tower at different 
heights. These may be at the transmitting end, the receiving end, or 
both ends of a repeater section. In the Bell System, space diversity 
antennas are usually used only at the receiving end since this is the 
simplest and most economical arrangement and, in most cases, pro
vides adequate reliability. Where a further improvement in reliability 
is required, space diversity may be provided at both ends or, where 
physical limitations preclude the use of two antennas at the receiver, 
the two may be mounted at the transmitter only. Where space divers
ity is used at the receiver only, switching circuits in the receiving 
portion of the repeater are arranged so that, at threshold, the stronger 
of the signals from the two antennas is used .*  Since this type of 
switching provides no protection against equipment failure, it i s  
frequently combined with "hot standby" switching t o  provide addi
tional protection against repeater equipment failure. 

Thus, three kinds of protection switching arrangements are pro
vided in microwave radio systems so that reliability objectives may 
be m et, frequency diversity, space diversity, and 

·
hot standby. Fre

quency diversity arrangements protect against equipment failure in 
i ntermediate repeaters and fading in the switching section. Space 
diversity and hot standby switching arrangements are often combined 
to protect against both fading and equipment failure. 

*In some arrangements, the two signals are combined; if one becomes noisy, it 
is  suppressed. 

TCI Library: www.telephonecollectors.info



398 Analog Radio Systems Vol. 2 

1 5- 1  CONTINUITY OF SERVICE 

Most microwave radio systems carry large numbers of telephone 
message channels or wideband signals such as television. Therefore, 
transmission failures have far-reaching effects on message network 
operations or in terms of public reaction to the interruption of a 
favorite television program. Considerable effort and expense have 
been devoted to minimizing the probability of service failures or 
outages. 

The most common cause of channel unavailability in these systems 
is frequency-selective fading due to multipath transmission in the 
atmosphere. Fading conditions tend to occur in the evening or early 
morning hours and cause outages in individual channels. They seldom 
last more than a few seconds and are often only a small fraction of 
a second in duration. The frequency of occurrence and the depths of 
fades are also highly variable ; a fade may be hardly noticeable (only 
a few dB ) or it may be 40 dB or more in depth effectively causing 
complete loss of signal for several seconds, thus requiring transfer of 
service to a protection channel [2] . 

Equipment breakdown is another cause of channel unavailability. 
It occurs less frequently but usually involves a longer outage, perhaps 
several hours, until personnel can be dispatched to the trouble site 
and repairs effected. In the meantime, the protection equipment must 
provide continuity of service. Frequency-diversity switching is 
favored for long-haul multichannel transmission systems because it is 
generally less expensive and, unlike space diversity switching, it  pro
vides protection against equipment failure. In addition, it provides 
channels that can be used for emergency network restoration and 
special event television transmission. 

During the early 1970s, FCC rulings limited the number of channels 
available for protection purposes [3] . As a result, space diversity 
switching is being used increasingly where it is applicable for pro
tection against multipath fading. A combination of frequency and 
space diversity systems can be used to improve system reliability 
beyond that achieved by frequency or space diversity alone. Space 
diversity switching may also be combined with hot standby switching 
to protect against equipment failure. 

Previous to these rulings, it had been the practice to assign pro
tection channels in the 4-GHz band on the basis of two protection 
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channels for up to ten working channels in a TD-type radio system. 

Similarly, two protection channels were used at 6 GHz to protect up 
to six working channels in a TH-1 or TH-3 system. One protection 

channel had been assigned for each working channel i n  11 GHz 
systems. 

With the amended rulings, common carrier operators are required 
to reduce the ratio of protection channels to working channels. Only 
one channel may be assigned in each of the 4- and 6-GHz radio bands 
for protection purposes and that one may be assigned only if there 
are at least three working channels. Where it can be demonstrated 
that a total of three working channels will be required within three 
years, a protection channel may be authorized simultaneously with 
the first working channel. In the 11-GHz bands, one protection chan
nel is allowed for each three working channels. A waiver of the FCC 
Rules must be requested if it is  desired to exceed the authorized ratio 
of protection channels for any reason. 

On fully developed routes that utilize both the 4- and 6-GHz bands, 
this ruling can be satisfied by an arrangement in which two 6-GHz 
channels are used to protect 18 working channels, twelve at 4 GHz 
and six at 6 GHz. The 6-GHz channel bandwidth is greater than that 
of the 4-GHz channels. Thus, 4-GHz channels cannot be used for cross
band protection. These protection arrangements must be adaptable 
to either or both of the two intermediate frequency ( IF )  bands 
centered at 70 and 7 4.1 MHz. Where necessary, FM terminal pairs 
are provided to shift the signal to the appropriate IF band. Similar 
crossband arrangements are also available to include 1 1-GHz systems. 

With these allocations of protection channels, system reliability ob
j ectives may not always be fully satisfied by the use of frequency 
diversity switching alone. In repeater sections subject to excessive 
multipath fading, service reliability is substantially improved by 
adding space diversity arrangements. These are usually implemented 
by a second receiving antenna mounted on the same tower 25 to 50 
feet below the primary antenna. With space diversity as a supplement 
to frequency diversity switching, reliability is significantly improved . 

1 5-2 FREQUENCY D IVERSITY SWITC H I NG I N  lONG-HAUl 
SYSTEMS 

The principal Bell System microwave radio systems used for long
haul transmission are TD-2, TD-3, TH-1, and TH-3. When heavily 
loaded, these systems generally use frequency diversity protection 
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arrangements in which a protection channel can be switched auto
matically into service in place of a fai led working channel. 

The 400A protection switching system is the latest design for long
haul application. It can be used with the TD-2, TD-3, TH-1, or TH-3 
systems. The 400A can also be used for crossband diversity switching 
in which TH-1 or TH-3 channels ( at 6 GHz ) may be used to protect 
TD channels (at 4 GHz) . This feature is made possible by the large 
capacity of the 400A relative to systems of earlier design. The 100A 
can protect TD.:2, TD-3, or TH-3 systems. The electron-tube TDAS 
system, superseded by the 100A, was designed for use with the TD-2 
radio system only. The THAS system is used only to protect TH-1 
radio systems. 

These protection switching systems all operate at intermediate fre
quencies ; stringent loss and crosstalk objectives must be met to assure 
unimpaired transmission. The initiators ( detection circuits ) that 
sense a fai lure utilize FM receivers to demodulate the IF signal to 
baseband. The baseband signal spectrum is monitored for excessive 
noise which is used to initiate a request for transfer of service to the 
protection chapnel. Loss of the IF signal also initiates switching to 
the protection channel. 

The 400A System 

The most versatile of the automatic protection switching systems 
used for long-haul radio systems is the solid-state 400A. It may be 
used in configurations that cover a range of needs from a simple 
combination of one regular channel with one protection channel up 
to a complex arrangement of two protection channels for 22 regular 
channels that operate in the 4-, 6-, and/or 11-GHz RF bands. 

There are a number of features that i llustrate the flexibility of the 
system design. As in other systems, the protection channels may be 
used to provide temporary or emergency service. When so used, an 
option is available that al lows the protection channel to be preempted 
by a failed regular channel. The two protection channels are desig
nated X and Y ;  if the X channel is being u sed for tempo rary service, 
it may be protected by the Y channel. A priority feature permits the 
designation of one regular channel which may be given protection 
switching preference over other regular channels. Local and remote 
manual switching and forced switching are available to facil itate 
maintenance and troubleshooting activities. Automatic  testing of the 
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switching system is provided by an exerciser circuit which normally 
operates automatically once every 30 minutes. The receiving switch 
is not operated during exerciser tests in order to avoid the brief circuit 
interruption that would occur. 

O ne of the commonly used features, provided in order to satisfy 
FCC requirements regarding the permissible number of protection 
channels, is that of providing crossband diversity switching for sys
tems that utilize different IF bands as well as different RF bands. For 
example, the system may be arranged with two TH-1 channels (with 
the RF band at 6 GHz and the IF band at 7 4 MHz) to protect six 
other TH-1 channels and twelve TD-2 or TD-3 channels. The TD-type 
systems operate i n  a 4-GHz RF band and a 70-MHz IF band. The 
necessary shifting of the IF bands is provided within the 400A system. 
The TH-1 channels are used as protection channels because they are 
wide enough to accommodate either TH or TD channels. The differ
ence in IF bands is  accommodated by installing FM terminals back
to-hack in the path between the 70-MHz regular channel and the 
7 4-MHz protection channel . Thus, the channel signals are actually 
translated between IF bands by going through baseband frequencies. 

As shown in Figure 15-1, switch initiator circuits are connected to 
each regular and protection channel at the receiving end of the switch
ing section. The connection is  made by means of directional couplers 
which introduce very l ittle loss in the through transmission path and 
high loss in the pick-off path. The initiator receives the channel signal 
at IF, translates it to baseband, and monitors channel noise at a fre
quency near 9 MHz. When the noise exceeds a value equivalent to 
about 55 dBrncO in a message channel or when the IF signal power 
becomes too low, the initiator circuit starts the chain of actions that 
lead to a transfer of service. 

· 

The most common application of the 400A system is the protection 
of service on a combined TD/TH route in which two T'H channels 
are used as protection channels for twelve regular TD channels and 
six regular TH channels. Thus, Figure 15-1 i l lustrates a 2 x 18 ar
rangement. The basic sequence of operations is similar to that used 
in most frequency diversity switching systems. Failure of a regular 
channel is recognized at the receiving end of a switching section by 
the loss of carrier or an increase i n  channel noise. Logic circuits then 
turn on appropriate oscil lators to generate signals for transmission 
over a separate voice-frequency ( VF)  channel to the transmitting end 
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of the section. Where two protection channels are used, a separate 
VF channel is provided for each. 

In the 400A system, eight frequencies are used in pairs for regular 
channel identification : 765, 1615, 1785, 1955, 2125, 2295, 2635, and 
2805 Hz. Two other tones are used ; one, at 595 Hz, is called the con
tinuity tone for the signalling channel and one, at 2465 Hz, is called 
the guard tone. One complete set of tone-signal oscillators is provided 
for each VF channel. 

Under normal conditions, the channel identification ( or order-tone) 
oscillators are turned off and continuity- and guard-tone oscillators 
are turned on. When a failure is detected, the two order-tone oscil la
tors associated with the failed channel and with the first-choice pro
tection channel are turned on. When these signals are detected at 
the transmitting end of the section, logic circuits cause the protection 
channel to be bridged to the failed regular channel provided other 
criteria are satisfied. The continuity tone must be present and 
its amplitude must be within established l imits, the guard tone 
must be present, and the noise on the VF channel must be below a 
predetermined value. 

An IF carrier, modulated by an 8.6-MHz pilot, is normally trans
mitted over each protection channel. When a bridging connection is  
established at  the transmitting end, the modulated IF carrier is  re
placed by a regular channel signal ; the loss of the protection channel 
pilot combined with the fai lure indication at the receiving end of the 
regular channel cause the receiving-end logic circuits to operate the 
transfer switch and to turn off the guard-tone oscillator. The removal 
of the guard tone causes the bridge at the transmitting end to be 
locked in the operated condition. If the protection channel remains in  
service for more than a specified interval , nominally 35  seconds, a 
prolonged switch alarm is initiated at both ends of the section to 
alert maintenance personnel to the possibility of an equipment failure. 

When the receiving-end circuits check the condition of the regular 
line and find that it is satisfactory, a switch release sequence is 
started. After the receiving-end switch is rele·ased, an order is sent 
to the transmitting end to release the bridge and free the protection 
channel for further use. 

In the 400A system, the connections through the transmitting and 
receiving IF switching circuits, shown in Figure 15-1, are normally 
made by means of 295-type solid-state switches. Transmission is from 
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terminal A to terminal AB and from terminal B to terminal BO as 
shown in Figure 15-2. Provision is made for connecting a 75-ohm 
termination to the A input of a 295A switch or substituting a termi
nation for the BO output of a 295B switch as shown in the figure. 
The 295C switch, otherwise similar to the 295A, includes a circuit 
that monitors the carrier in the channel with which it is associated. 
Normally, switching actions are initiated by an intitiator circuit 
located at the receiving end of a switching section. However, the 
monitor circuit in the 295C switch initiates an alarm and a switch if 
there is a circuit failure ( loss of carrier ) beyond the initiator applica
tion point. Thus, the 295C switch arrangement provides protection 
against failure within the switch itself. 

80 75 fi 

8 
2958 

Figure 1 5-2. Schematics of 295-type IF switches. 

80 

Under normal conditions, the 295-type switches operate to transfer 
service in about 200 nanoseconds. This short service interruption is 
typical of switching operations in response to atmospheric fading. 
When there is an equipment failure, the total operating time of the 
400A system produces a service interruption typically 30 milliseconds 
long. If the switching action is not completed within 50 milliseconds, 
a recycling operation is initiated. 

When expansion is planned, the 400A can be used on a route that 
is already equipped with a lOOA protection switching system. The 
400A system, partially equipped, then becomes the master system in  
respect to  control and signalling with the 100A slaved to  it. If  the 
lOOA system has been arranged for 1 x 1 1  switching, it must be con
verted to the standard 2 x 10 arrangement. The two former protec
tion channels of the lOOA system are then converted to regular 
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channels. The two 6-G Hz protection channels are shared by the two 
systems. The 400A overbuild arrangement may be combined with the 
70- and 7 4-MHz IF intermix arrangement previously described. 

The 1 OOA System 

Technological advances that accompanied the expansion of the TD-2 
system from 6 to 12 RF channels and increasing emphasis on system 
rel iability led to the development of the 100A Protection Switching 
System [ 4] . This system utilizes solid-state active circuit components 
throughout ( including the switching elements ) ,  operates faster than 
the predecessor TDAS system, and provides the means to replace any 
one or two of ten regular channels with either or both of two protec
tion channels. The system can also be arranged to operate as a 1 x 1 1  
system t o  satisfy FCC Rules changes. 

The 100A system switches intermediate frequency signals at the 
transmitting and receiving ends of switching sections usually made 
up of one to ten repeater hops between main ( switching) stations. 
The two directions of transmission are independently protected. Coded 
two-tone VF signals are transmitted over an independent VF channel 
between the ends of the switching section to control the switching 
operations. A 2465-Hz guard tone is transmitted over each VF chan
nel ; the completion of a switch is indicated by logic circuit removal 
of the guard tone. A one-way VF channel is used for each protection 
line. 

The 100A system can be used to provide protection switching for 
TD-2, TD-3, and TH-3 transmission systems. The IF switch at the 
transmitting end of the switching section bridges the protection 
channel to the regular channel and the IF switch at the receiving end 
of the section transfers service from the regular channel to the 
protection channel . 

I n  addition to solid-state IF switches, a 100A system is made up 
of switching initiators, pilot and noise detectors, logic circuits, tone 
oscil lators and detectors, anrl a VF communication channel connecting 
the two ends of the switching section. Amplifiers, alarm circuits, 
manual control circuits, and an exerciser circuit are also provided to 
fulfill required system functions. 

The basic switching element in the 100A system is the IF gate 
( 8-type )  developed initially for use in the THAS system [5] . This 
gate uti lizes solid-state diodes and passive components to act as a 
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single-pole, single-throw switch. Three 8-type gates and a 1 x 3 com
bining network are associated with each regular channel as shown in 
Figure 15-3. Only one path can be closed through the gate at any time. 

As shown in Figure 15-3, each protection channel fans out at the 
receiving end of a switching section through a 4051A network to 12 
outputs. One output is connected through an individual 8-type gate 
circuit to a termination so that the network is always terminated 
when idle. Another output is connected through an 8-type gate to IF 
circuits that provide access for the protection channel in the next 
section or to other equipment in that station. The remaining ten out
puts are connected through 8-type gates to the 1 x 3 network of each 
regular channel. This provides a flexible arrangement capable of 
switching either of two protection channels, designated X and Y, to 
replace any of 10 regular channels designated A through J. An inverse 
arrangement, very similar to that shown, is used at the transmitting 
end of a switching section. 

Each channel is monitored for transmission quality at the receiving 
end of a switching section. The evaluation of quality is based on 
carrier amplitude and noise. If the carrier amplitude in a regular · 

channel drops by a predetermined amount, the channel is considered 
impaired and a switch is required. If the carrier in a protection 
channel drops by a predetermined amount, no switch is permitted to 
that channel. Similarly, a fade indicated by an increase in system 
noise to 55 dBrncO initiates a switch. If the noise on a protection 
channel exceeds 52 dBrncO, a switch to that channel is inhibited. 

When a failure occurs on a regular channel, the increase in noise 
or loss of carrier power is detected at the receiving end of the section. 
A switching sequence is started by the initiator circuits which operate 
through logic circuits to send coded tone-oscillator signals over one 
of the two VF channels to the transmitting end of the switching 
section. The tone oscillators are normally not energized and the result 
of initiator and logic-circuit actions is  to turn on the appropriate 
oscillators to identify the failed channel in accordance with the code 
combinations shown in Figure 15-4. 

Excessive noise on the VF channel can cause erroneous switch 
operation because the noise can simulate the coded channel signals. 
To prevent such errors, a 500-Hz band (900 to 1400 Hz ) in the VF 
channel is  continuously monitored at the transmitting end of the 
switching section. When the noise in this band is excessive, all real 
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Figure 1 5-3. Receiving-end switching in 1 OOA system.  
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SWITCH TO CODE TONE FREQ, Hz 

X OR Y 
1 61 5  1 785 1 955 2 1 25 2295 

A p p 0 0 0 

B p 0 p 0 0 

c p 0 0 p 0 

D p 0 0 0 p 

E 0 p p 0 0 
F 0 p 0 p 0 

G 0 p 0 0 p 

H 0 0 p p 0 

I 0 0 p 0 p 

J 0 0 0 p p 

No order 0 0 0 0 0 

P = tone present; 0 = tone absent 

Figure 15-4. Switching command codes in 1 OOA system.  

or false switching orders are ignored ; the noise detector generates 
an inhibiting voltage and initiates an alarm.  

The layout of the 100A system for a switching section of 1 to 
10 repeater hops and one direction of transmission is shown in  
Figure 15-5. One or  more of  the intermediate repeaters may provide 
a television drop and, where this is done, that station must also be 
equipped with protection switching facilities as shown. 

When the tone-oscillator signals have been detected at the trans
mitting end of the section, logic circuits cause the appropriate 8-type 
gate ( IF switch in Figure 15-5 ) to operate. This operation removes 
the 70-MHz carrier and pilot from the associated protection channel, 
X or Y, and bridges that channel to the failed regular channel. When 
the regular channel signal has been substituted for the protection 
channel carrier and pilot and the order to switch is  still present, the 
receiving-end logic circuits cause the IF switch at the receiving end 
to operate, thus transferring service from the regular to the pro
tection channel . 

The logic circuits are arranged to provide preference switching 
from any failed regular line to a specific protection channel, X or Y. 
However, if the designated protection channel is not available for 
any reason and the other is available, the switch is made to the other 
protection channel . 
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Figure 1 5-5. One section of a 1 OOA system, one direction of transmission. 

Out 

Operation of the receiving-end switch initiates a verification signal 
that causes the guard tone associated with that protection channel to 
be removed. This action is recognized at the transmitting end where 
the logic circuits cause the IF switch to be locked in the operated con
dition. If a switch to a protection channel remains in effect longer 
than 45 seconds, an alarm is sounded to alert maintenance personnel 
to the possibility of equipment failure. 

The logic circuits at the two ends of the section perform many 
other functions. When a failed channel recovers, the switches are 
restored to normal and service is again carri ed by the regular channel. 
If a switch is required and cannot be completed to the assigned pro
tection channel within 50 milliseconds, the logic circuits attempt a 
switch to the alternate protection channel. If both switch attempts 
fail, an alarm is sounded ; several further attempts to switch are made 
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at 100 millisecond intervals and, finally, at ten-second intervals .* The 
logic circuits are also arranged to recognize a failure in a previous 
section and to inhibit switching attempts in subsequent sections. 

The 100A system operations can be checked automatically by an 
exerciser circuit. A time clock is used to start the automatic test 
routine, usually once each day. The time is selected so that service is 
least likely to be affected. The test routine may also be initiated man
ually to support maintenance and troubleshooting. It is automatically 
interrupted in about 1 millisecond if a protection switch is required. 

Most of the functions of the system are checked in  the course of a 
routine exerciser operation. However, the procedures for previous 
section failure and transfer from one protection channel to another 
in the event of protection channel failure are not checked. These 
operations must be checked during manual routine maintenance opera
tions. The receiving switches are operated during exerciser routines 
unless the system is equipped with an optional switch control circuit. 
Receiving switch operation may cause brief service interruptions. 

Manual switch controls are provided to permit maintenance and 
other required operations. These controls may be imposed on indi
vidual RF channels. A regular channel trouble condition may be 
simulated to force a switch to a protection channel and switching may 
be inhibited by locking out a channel . A regular channel is locked out 
by simulating a good condition in the logic  circuits ; a protection 
channel is locked out by simulating a bad condition in the logic cir
cuits. Manual controls are imposed only at the receiving end of a 
section. 

Override controls may be imposed manually at either end of a 
section. These controls are used only when there is a malfunction in 
the VF control channel or when logic circuits are being maintained. 

The TDAS System 

This automatic switching system was the first designed to protect 
service on the TD-2 radio system. Originally, the TD-2 system pro
vided six two-way radio channels in the RF spectrum between 3.7 
and 4.2 GHz. Since one of these RF channels was assigned as a 
protection channel, the TDAS system was designed to operate as a 
1 x 5 switching system [6] . Each direction of transmission was 
i ndependently protected. 

*The exact sequence depends on how the system is equipped. 
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The TD-2 system was later expanded to twelve two-way radio 
channels by placing six additional channels in the guard bands ad
j acent to the original six channels. Later, because of the reduction 
in the number of protection channels allowed by the FCC, the TDAS 
system was redesigned so that, where the switching sections for two 
1 x 5 systems were coterminous, the two switching systems could be 
combined into one 1 x 1 1  system. However, the 1 x 11 arrangement 
may not meet outage objectives where electron-tube systems are 
involved. 

The 223-type switching elements used in this system are coaxial 
structures in which mercury-wetted sealed reed contacts are opened 
and closed under the magnetic influence of control currents through 
coils surrounding the glass containers. Each switch consists of four 
transfer contacts which operate simultaneously when the proper volt
age is applied to the series-connected windings. Normally, transmis
sion is from �terminal A to AB and from B to OB as shown in 
Figure 15-6. All transmission paths to and within these switches, 
including the plug and j ack connectors, are coaxial transmission line 
designs used in order to limit crosstalk by minimizing stray capaci
tance coupling between paths. Complex interconnections of switches 

08 

r-------- A8 

A 1 08 

8 

8 

(a) Schematic (b) Block convention 

Figure 1 5-6. The 223-type coaxia l switch. 
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permit the protection channel to be substituted for any regular 
channel. 

A VF channel is used to transmit control signals ( guard tones and 
channel identification tones) to convey the information regarding 
which switches are to be operated or released. These control signals 
are converted to appropriate de signals to operate or release the 
switches. The five regular channels are identified by 900-, 1100-, 1300-, 
1500-, and 1700-Hz single-frequency signals transmitted over the 
voice-frequency channel. A signal at 630 or 700 Hz is used as a guard 
tone. 

Figure 15-7 shows the principal components of a TDAS switching 
arrangement applied to one switching section. With all regular chan
nels operative and with channel 1 assigned as a protection channel, 
the VF channel carries the guard tone from the receiving switching 
control circuit to the transmitting switching control circuit to indi
cate the normal condition. Normally, no channel identification signals 
are transmitted. 

Sensing circuits, used to determine the transmission quality of 
regular channels by monitoring a pilot amplitude and by measuring 
noise, initiate the switching sequence upon channel failure. The pilot 
resupply circuit provides 70- and 61 .5-MHz signals to the protection 
channel which are picked off by the protection channel i nitiator at 
the receiving end of the section. When the received signals are within 
established amplitude l imits, the initiator indicates to the receiving 
control circuits that the protection channel is idle and in good 
working order. 

If a regular channel fails, the associated initiator signals the failure 
to the receiving switching control circuit. If the protection channel is 
idle and in good working order, the control circuit suppresses the 
guard tone and transmits the appropriate channel i dentification signal 
over the VF channel to the transmitting end of the section. The trans
mitting switching control circuit operates the appropriate switch, thus 
bridging the protection channel to the regular channel at the trans
mitting end, and removes the i dle pilot from the protection channel. 
The protection channel initiator receives the new signal and, if trans
mission quality is acceptable, signals the receiving switching control 
circuit to complete the transfer of service by operating the appropri
ate IF switch at the receiving end of the section. However, if a switch 
is attempted and the protection line is not available, the receiving 
switch control circuit inhibits any switching action and generates a 
service failure alarm. 
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Figure 1 5-7. One direction of TDAS switching in one switching section.  

Figure 15-7 shows only the main stations at the two ends of a 
switching section. A number of intermediate repeaters are usually 
included in  such a section. Furthermore, it is sometimes necessary to 
switch at one or more of the intermediate sites in order to protect 
television drops that might be provided there. The identification signal 
for i ntermediate station switching is 2100 Hz. 
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Manual controls are available at the receiving end of the switching 
section. They may be used to block switching attempts when the pro
tection channel is being maintained or temporarily used for some 
part-time service. They may also be used to substitute the protection 
channel for a regular channel to permit maintenance. 

Several other operating features of the TDAS system are of in
terest. For example, when a failed channel has been cleared the system 
automatically switches service back to this channel. This is accom
plished when the regular channel initiator recognizes satisfactory 
conditions of carrier amplitude and noise. Another important feature 
relates to the interaction between a failed section and other sections 
in tandem with it. The loss of service in the failed section is recognized 
in all subsequent sections where the protection and fai led regular 
channels are bridged at the transmitting ends. However, since the 
loss of signal in the fai led section is reflected as a loss of signal on 
both regular and protection channels in subsequent sections, the re
ceiving-end switches are not completed. The protection channels in 
those sections are then released for further use. 

The THAS System 

Two maj or radio systems have been developed to operate in the 
6-GHz band, the TH-1 and the TH-3. The THAS protection switching 
system operates only with the TH-1 system [6] . Both TH-1 and THAS 
are no longer manufactured and, therefore, only a brief review is 
given of the THAS system. The 300A Protection Switching System 
was developed to operate with the TH-3 system [7] . However, its 
limitations and changing requirements resulted in the development 
and use of the more versatile 400- and 401-type systems. Only a few 
300A systems are in service. 

The needs of the TH-1 radio system for automatic protection 
switching are well served by the THAS system, the first automatic 
protection switching system design principally based on solid-state 
circuits. A few IF amplifiers are based on electron tube technology. 

The TH-1 system provides eight 30-MHz wide two-way radio 
channels in the 6-GHz RF band. In the original design, two of these 
were reserved for use as protection channels in the THAS system. 
In the center of the RF band and at the band edges there are four 
narrowband AM channels allocated for the� transmission of voice 
communication signals between stations and control signals for the 
THAS system where such signals are required [8] . The control signals 
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are assigned baseband frequencies 1 kHz apart from 20.5 to 35.5 kHz 
inclusive. The auxiliary channels are not always used because on some 
routes, TH-1 and 4-GHz systems are operated together and other 
auxiliary channel facil ities are often available. 

The THAS circuits may be arranged to provide 1 x 1 to 1 x 6 or 
2 x 2 to 2 x 6 protection ; to satisfy changed FCC rules, it is  now 
generally used with j ust one protection channel. Switching may be 
done at baseband or intermediate frequencies according to need. 
Where radio channels only are protected, the switching is organized 
by switching sections up to ten hops long and only IF switching at 
74 M Hz is  used. I n  some cases, the switching section may include FM 
termi nals at one or both ends ; here, the protection switching may be 
between baseband points so that the FM terminals are also protected. 

Occasionally, the THAS system may be used within a building to 
protect only FM terminal equipment. In this arrangement, the switch
ing is done at IF at one end and baseband at the other ; signalling 
between the two ends is accomplished by de over separate wires. 

As in other systems, manual switching and override controls are 
provided and the protection channels may be used for temporary or 
emergency service. Automatic checks of the switching system func
tions are made periodically or on demand by an exerciser circuit. The 
THAS system is  unique in that the control logic is  at the transmitting 
end of the switching section and the initiation of switching takes place 
at i ntermediate repeater points by monitoring an automatic gain 
control voltage. 

1 5-3 FREQUENCY D IVERSITY SWITC H I NG OF SHORT-HAUL 
SYSTEMS 

Protection switching of short-haul radio systems differs from that 
used for long-haul systems for several reasons. Short-haul transmis
sion systems often consist of only one switching section. Where 
message channels are dropped, blocked, and added along a multiple
section route, each section tends to be short and baseband repeaters 
are usually employed. Thus, most protection switching systems in the 
short-haul fiel d  are baseband switching systems. Since short-haul 
routes tend to be lightly loaded and are characterized by a slow rate 
of growth, the switching was initial ly provided by 1 x 1 systems. This 
mode of operation is  now restricted under FCC Rules and its use is 
being discontinued. Short-haul protection switching systems, using 
noise monitoring as the criterion of channel quality and pilot trans
mission as the criterion of continuity, are the 400B and the 401-type. 
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The 4008 Protection Switching System 

Baseband signals for microwave radio systems appear at both ends 
of wire-line entrance links and at the input ( or output) of each FM 
terminal. The 400B system, derived from the 400A, switches at base- · 
band and is used to protect radio channels by a frequency diversity 
arrangement that includes the FM terminals and may additionally 
protect the wire-line entrance l ink at one or both ends of a switching 
section. The system uses one protection channel to protect up to seven 
regular channels. The transmission circuits make the 400B compatible 
with TL-, TM-, TD-, TH-, and TN-type radio systems. Optional fea
tures permit its use with television video signals, an intermix of 
radio channels having different message channel capacities, or chan
nels carrying the lA Radio Digital System ( lA-RDS ) signal . 

Nearly all circuits in the 400B system are of solid-state design. How
ever, the baseband signal switching is done by 295D-mercury-wetted, 
sealed-reed contact switches schematically shown in Figure 1 5-8. This 
type of switch was selected in order to facilitate the transmission of 
network television signals which require transmission to very low 
frequencies. The 400B operates, as do most other protection switching 
systems, under the control of receiving-end circuits by bridging 
channels at the transmitting end of the section and by transferring 
the channels at the receiving end. Switching is initiated by excessive 
noise in a baseband channel and/ or by loss of a pilot signal trans
mitted at 5.93 or 8.8 MHz. 

The 400B offers a number of 
optional operating features. The 
protection channel is provided with 
access so that it may be used for 
temporary or emergency signal 
transmission. Manual control then 
permits preemption of the protec
tion channel by a failed regular 
channel. A selected regular channel 
may be designated for priority 

r-- A 

AB BO 

B 

switching to a busy protection chan- Figure 1 5-8. Schematic of 2950 switch . 
nel . Automatic or manually con-
trol led in-service testing. of the switching system is provided through 
the use of an exerciser circuit. Optional controls are provided for 
auxiliary switch functions required when the lA-RDS signal is trans
mitted. The normal frequency range of the transmission paths through 
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the switching system, 6 0  kHz t o  1 2  MHz, may be extended to zero 
frequency when required for lA-RDS or video signal transmission. 

Two control signal options are available. One is a separate VF 
channel with tone signalling similar to that used with the 400A 
system ; the second, which uses digital control signals, was designed 
specifically for use with the 400B system. This method of signal ling 
is less susceptible to analog system impairments than the tone method 
of signall ing. Receiving-end logic circuits may be controlled manually 
from the transmitting end of a section if the system is provided with 
digital control facilities between the two ends. 

In the digital mode, a pair of single-frequency signals carry the 
signall ing information from the receiving to the transmitting end of 
the switching section. The coded signal pair is transmitted simulta
neously over radio channels 1 and 2 of the transmission system to 
protect the signalling system against channel failure. The signals are 
in the baseband spectrum at 5.91 and 5.93 MHz. Where transmission 
system operation requires the provision of a wider band (3 master
groups) ,  the 5.91- and 5.93-MHz signals are replaced by 8.80- and 
8.82-MHz signals. 

Signall ing information is transmitted in the form of an 8-bit word. 
In the idle state, alternate 1 s and Os are transmitted. The beginning 
of a word is indicated by transmitting two successive 1 s, the second 
of which is the first word bit. The signalling information is coded in 
the next six bits and the last bit is a parity bit. Even-bit parity is 
used ; i.e., every combination of 1 s in the six information plus parity 
bit must be an even number. If the number of 1 s is odd, the circuits 
do not respond. 

The two-frequency signalling arrangement is organized as a com
plementary system. The single-frequency signals are turned on and 
off to represent 1 s and Os, each bit one millisecond long. The two 
signals ( e.g., 5.91 and 5.93 MHz ) are turned on and off in a comple
mentary fashion so that a 1 is represented by the presence of 5.91 
MHz and a 0 is represented by the presence of 5.93 MHz. If comple
mentary signals are not received, the logic circuits in the signall ing 
receiver do not respond. 

401 -Type Systems 

In the design and application of microwave radio systems for short
haul use, there is considerable emphasis on simplicity and economy. 
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The three systems of the 401 type (401A, 401B, and 401 C )  have much 
in  common. All utilize noise in  a dedicated channel above the normal 
multiplex band as the criterion of channel quality and a single
frequency pilot as the criterion of system continuity. In all cases, 
they operate as 1 x 1 frequency-diversity protection switching systems 
with a permanent bridge connecting the regular and protection chan
nels at the transmitting end of a section. Thus, all switching is by 
transfer at the receiving end and communication between the two 
ends is not needed. When a switch is made, the service does not revert 
to the original channel unless an optional revertive mode is provided. 
Manual controls are located at the receiving end of the section. Access 
to the protection channel for temporary or emergency use is provided 
optionally. 

These relatively s imple systems may be used with TL-, TM-, TD-, 
TH-, and TN -type transmission systems. Most of the 401-type systems 
in service are of the 401B type. These are baseband systems that can 
protect, in addition to the RF channels, the FM terminals and/ or 
wire-l ine entrance links. These systems utilize the previously described 
295D mercury-wetted sealed-reed relay as the receiving-end switch 
element. 

The 401A is a 1 x 1 IF switching system with operating features 
generally similar to the 401B system. The switching element used i s  
the solid-state 295A switch. The 401 C  is a 1 x 1 baseband-to-IF switch
ing system also similar to the 401B in respect to operating features. 
It utilizes 401B equipment at the baseband end of the switching 
section. These systems are now seldom used because of FCC Rules 
which do not now permit the use of 1 x 1 protection except under 
extenuating circumstances. 

1 5-4 SPACE D IVERSITY AND HOT STANDBY SWITC H I NG 

The augmenting of frequency diversity protection switching of 
microwave radio channels by different types of protection arrange
ments has proven to be highly desirable. This is especially evident 
since the FCC Rules were amended to impose tighter restrictions on 
the assignment of radio channels for protection use. Two techniques 
are used in various forms and combinations, ( 1 )  space diversity 
switching of the radio channel and (2 )  hot standby ( powered) re
peaters equipped with automatic switching between the regular and 
hot standby equipment. Both are applied to individual radio channels 
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at individual repeaters. Space diversity switching i s  applied only to 
repeater sections subject to severe multipath fading. However, if no 
other form of protection against propagation failure is provided, space 
diversity switching should be considered even if only a moderate 
amount of multipath fading is expected. 

The effectiveness of space diversity switching depends on the ex
ploitation of the vertical structure of the electromagnetic fields of a 
radio wave at the receiving point in a point-to-point radio repeater 
section. Two vertically separated receiving antennas are mounted on 
the same tower. The regular antenna is usually mounted near or on 
the top of the tower and the diversity antenna is usually mounted 
lower on the tower. The nature of fading phenomena is such that only 
on rare occasions does a signal suffer from destructive multipath 
interference at both antennas when they are properly spaced [9] . 

Repeater sections that cross bodies of water or very flat, smooth, 
and barren countryside are especially subject to atmospheric multi
path fading ; ground reflections may require the optimization of 
antenna heights in such sections. In addition, the occurrence of fades 
is much higher along the Gulf of Mexico and the southern Atlantic 
coast where stratification of the atmosphere commonly occurs. Al

though space diversity switching can improve performance, the rela
tively light loading of most short-haul systems, the costs of the addi
tional antenna system and required tower modifications, and the less 
stringent outage requirements for short-haul systems make such 
arrangements less attractive in these applications than on many long
haul systems. 

In some repeater sections, where protection against fading alone is 
required, space diversity switching of the radio path is provided as 
shown in Figure 15-9 ( a ) . In other instances, protection against re
peater equipment failure is provided by the hot standby switching 
arrangement illustrated in Figure 15-9 ( b) . These two configurations 
are sometimes used in combination as shown in Figure 15-9 (c) . 

In  the configuration of Figure 15-9 (a) , a waveguide switch is used 
to transfer the receiver input to either of the two receiving antennas. 
Wheri carrier power, as measured by the automatic gain control volt
age in the main IF amplifier in the receiver, falls below a specified 
threshold, the switch is activated. This mode of operation, the most 
commonly used, is called blind switching because it is activated with
out knowledge of the condition of the alternate path. However, most 
of the time a stronger signal is available because, as previously men-
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tioned, deep fades seldom occur simultaneously on both paths. Space 
diversity switching can be arranged for nonrevertive ( blind ) or re
vertive operation. The correlation of fading on the two antennas of 
a space diversity system decreases as the distance1 between them 
increases. Since this  arrangement provides no protection against 
equipment failure, it is often used in combination with frequency 
diversity or hot standby arrangements. 

The hot standby switching arrangement of Figure 15-9 ( b )  uses 
either coaxial or solid-state diode-type switches between the trans
mitters and the channel combining network. The unused transmitter 
is terminated in a high-power RF termination at all times. The out
put power of both transmitters is continuously monitored. If the 
power of the transmitter in use falls below normal by a preset 
amount, a switch is initiated and, if the standby transmitter power is 
satisfactory, the antenna connection is switched. This arrangement 
may be used in either a revertive or a nonrevertive mode. Manual 
switching and lock-out can be made by means of a switch control 
circuit. 

Space diversity and hot standby switching are combined, as shown 
in Figure 15-9 ( c ) , by including the receiver circuits in the switched 
diversity paths. Hot standby switching alone is used in the transmitter 
portion of the repeater in this illustration. 

1 5-5 E NTRANCE L I N K  AND FM TERMINAL SWITC H ING 

Service on radio systems may be protected against equipment fail
ure in FM terminals and wire-line entrance links by one of several 
types of automatic protection switching systems. Those commonly 
found in service include the FM terminal automatic switching 
( FMAS) , THAS FM terminal switch, 200A, and the 200B systems. 
These systems have many features in common but also differ signifi
cantly and thus must be described separately. All have circuits that 
prevent excessive interactions with previous switching sections in 
which failures may occur. 

Although the FMAS system is no longer manufactured, many are 
sti l l  in service ; some of these utilize electron tube circuits and others 
have more modern solid-state circuits. Switching is accomplished by 
the use of the previously described 223-type coaxial switches. Base
band signals are switched at one end of the FMAS and IF signals at 
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the other end. The system may thus be used to protect FM terminal 
transmitters and receivers alone or, as it is more commonly applied, 
to protect combinations of FM terminal equipment and the associated 
wire-line entrance links, such as the A-, B-, or 3-type l inks. 

The system uses one protection channel to protect up to five regular 
channels. The regular channels may be of various message channel 
capacities and provision is made in the FMAS system for switching 
into the protection channel the preemphasis or deemphasis network 
and level-adjusting pads appropriate to the channels being replaced. 
Provision is also made for protecting channels transmitting the 
lA-RDS signal. 

Channel continuity is normally determined by the presence of a 
single-frequency pilot signal. This pilot can not be used in a channel 
carrying a television signal. Most FMAS systems initially used a 
64-kHz p.iJot. Newer channel additions and some converted systems 
use a 512-kHz pilot. The protection channel can accommodate either 
pilot in the same switching system ; however, the latter pilot must be 
used where lA-RDS signal transmission is involved. Control signals 
are transmitted from one end of the system to the other over wire 
pairs ; de signals are used. Manual controls are provided to switch 
or to lock out the channel as required. 

The 200A Protection Switching System 

Like the FMAS, the more modern and more compact 200A system 
switches baseband signals at one end of a section and IF signals 
at the other and is used to protect FM terminal equipment in com
bination with wire-line entrance l inks. The most significant differ
ences are that there are no electron tube circuits in the 200A and it 
is the more versatile system in that the one protection channel is  used 
to protect up to 12 regular channels. Features of the 200A system 
are otherwise similar i n  most respects to the FMAS system. 

The 200A system can be used to protect radio systems with three· 
different message load capacities : 600, 1200, and 1800 channels. The 
protection channel must be equipped with suitable preemphasis and 
deemphasis networks that can be switched in  as required. 
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The 2008 System 

In some short-haul system installations, the FM terminal equipment 
is protected as a part of the radio transmission system. In such cases, 
it is desirable to provide separate protection switching equipment for 
the wire-line entrance links. The 200B system may be so used. It 
switches baseband signals at both ends of 3A wire-line entrance links 
and may be used only for the protection of links that carry multi
plexed telephone message signals. A 64-kHz pilot is used to establish 
channel continuity. In the 200B system, the preemphasis and deem
phasis networks are connected outside the switching section ; thus, 
they are not protected. 

Much of the equipment used in the 200B is identical to that in the 
200A system. Like the 200A, switching is accomplished on the basis 
of one protection channel for up to 12 regular channels by means of 
223-type switches. Signall ing between the two ends is by de over 
wire-pair conductors. Manual controls are provided to supplement 
the automatic switching features. 
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Short-Hau l  Systems 

Early designs of  microwave radio systems intended for use as  end 
l inks or spurs for long-haul backbone systems were based on service 
requirements that were derived from assumptions of short distances 
and small channel capacities, assumptions that are no longer valid in 
al l  respects. In addition, systems of early design no longer meet stabil
ity requirements and limitations on protection channel assignments 
now specified by the Federal Communications Commission ( FC C ) . 
Operating systems of early design must be upgraded or replaced if 
they cause interference problems or if it becomes necessary to use 
frequency bands previously assigned to standby use. 

As service demands have increased, the distinction between short
haul and long-haul systems has tended to decrease and systems are 
used in overlapping applications. Early short-haul systems were de
signed for a maximum length of about 250 miles and to meet a noise 
objective of 35 dBrncO ; this is about 3 dB less stringent than would 
be determined by using a proportion of the objective applied to long
haul systems. Now, it is not unusual to use medium- and long-haul 
systems in what has been traditionally thought of as the short-haul 
field. Such systems provide better performance and larger channel 
capacities. 

One of the earliest short-haul systems, the TE, was designed pri
marily for transmission of television signals. It provided six one-way 
or three two-way channels in the 4-GHz RF band over as many as 
six hops in tandem. The system is not used today. 

424 
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Somewhat later designs include th� TJ, TL-1, and TM-1/TL-2 
systems. They are no longer manufactured but a number of each type 
are still in service. In some cases, the performance of these systems 
has been improved by modification using more modern circuit com
ponents. The TM-2, TM-2A, and TN-1 systems are of modern vintage 
and are economically attractive in many short-haul applications. 

1 6- 1 THE TJ, Tl-TYPE, AND TM- 1 SYSTEMS 

The first system specifically developed for short-haul telephone and 
tel evision transmission was T J. Although the cost of this system was 
high, it performed satisfactorily. Later, the TL-1 system was devel
oped to fill the needs of short-haul telephone applications more eco
nomically than did the T J system. The TL-1 system met this objective 
but, even as it was being introduced into service, the needs for im
proved noise performance, greater channel capacity, and television 
service became evident. The TL-2 and TM-1 systems were subsequently 
developed to satisfy these needs. 

The T J System 

Telephone message or television service may be provided on the 
baseband-repeatered. 1 1-GHz T J microwave radio system [ 1 ] . Six 
two-way RF channels, each about 40 MHz wide, are provided in the 
1000-MHz-wide RF band. The system utilizes electron-tube circuits 
throughout. The baseband signal is applied to the repeller of a klystron 
tube to generate an FM signal in the appropriate RF channel band. 
Automatic frequency diversity switching is provided on a one-for-one 
basis, no longer permitted in most cases by FCC regulations. Only 
three of the six two-way channels are normally used as regular chan
nels. One antenna is used for both directions of transmission. 

Klystron oscillator tubes provide the RF output of the transmitter 
and the local oscillator signal in  the receiver. These oscillators are not 
sufficiently stable to meet modern FCC requirements. As a result, 
some systems have been upgraded by using more modern frequency 
control devices, and others have been removed from service. However, 
a few of the original design remain in service where they cause no 
interference problems. 
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As originally designed, the T J system could be used on routes up 
to 250 miles long requiring no more than nine repeaters. The capacity 
of each RF channel was 240 message channels provided by L-multiplex 
equipment. The system was also used with ON-2 terminal equipment 
to transmit 96 message channels. It could also be used to provide 
television service over distances up to 100 miles. The message channel 
capacity was later increased to 960 4-kHz channels. 

The TL- 1 System 

A primary design objective for the 1 1-GHz TL-1 system was to 
reduce operating costs relative to those of the TJ system. The effort 
resulted in a system that required significantly less maintenance effort 
and operating power than TJ. Installation and engineering costs were 
also reduced [2] . 

The circuits in the TL-1 system are all of sol id-state design except 
for the klystron tubes used as the transmitter and receiver local oscil
lators. The RF channel plan is the same as that used in the T J system. 
A common antenna is utilized for transmitting and receiving. Use 
may be made of a 1 x 1 protection switching arrangement where 
permitted by the FCC. 

The TL-1 sy-Stem can provide telephone message service over dis
tances up to about 200 miles or ten repeater hops. In each RF channe,l, 
the system can carry a load of 48 channels from N -carrier system 
terminals, 96 channels from ON-carrier system terminals, or, under 
certain conditions, up to 600 channels of L-multiplexed signals. 

The TM- 1 /TL-2 System 

While designed as two separate systems, the TL-2 and TM-1 systems 
have been used extensively as a single system incorporating a cross
band frequency-diversity protection switching arrangement. The TM-1 
operates in the 6-GHz band and the TL-2 in the 11-GHz band. Many 
combinations of RF channels, derived from standard frequency plans 
of the TH-1 (6 GHz ) and TJ ( 1 1  GHz) systems, may be used. 
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As in the design of the TL-1 system, the objective of reducing costs 
relative to those of the T J system was also applied in the TM-1/TL-2 
design [3] . For a 10-hop, 250-mile system, noise performance was 
improved by about 2 dB, from 37 to 35 dBrncO, relative to the TL-1 
system. Provision was also made for television video signal transmis
sion. Power consumption for a transmit-receive panel was reduced 
from j ust under 500 watts for TJ to about 170 watts for TM-1 or 
TL-2. A single antenna is used for both directions of transmission. 
All circuits,  except the klystron oscillators, are of solid-state design. 

The crossband frequency-diversity arrangement has the advantage 
of minimizing the occupancy of the congested 6-GHz band by util izing 
a channel in the 1 1-GHz band for protection. Rain attenuation effects 
in the 1 1 -GHz band are minimized by using that band primarily to 
protect against atmospheric fading in the 6-GHz band or when main
tenance work is being done. With the changes in FCC regulations, the 
1 x 1 switching for which TM-1/TL-2 was originally designed is not 
al lowed on new installations. The 1 x 7 400B protection switching 
system is now generally used for the crossband arrangement. It 
should be noted that the TM-1 system has also been used in crossband 
diversity switching arrangements with the TJ system. 

The TL-2 and TM-1 systems both provide an output RF power of 
0. 1 watt when used for 600 message channels. The capacity of both 
systems may be increased to 1200 channels by using an IMP A TT. 
diode amplifier to increase the klystron output from 0.1  watt to 1 .0 
watt. When so arranged, the TL-2 system is known as the TL-A2 and 
the TM-1 as the TM-Bl.  

1 6-2 THE TM-2 SYSTEMS 

Among the modern short-haul radio systems now in common use 
are the 6-GHz TM-2 and TM-2A. These systems provide message tele
phone or television video service over distances of about 250 miles 
with a maximum of 10 repeater hops depending upon topography, 
geographical location, and other route parameters. The two systems 
are similar in many respects. However, the TM-2A is a later version 
that provides greater message circuit capacity, improved performance, 
and additional features. 
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The TM-2 system, whi ch normally has a capacity of 1200 message 
channels in each two-way RF channel, may be modified to provide 
both improved performance and a capacity of 1 800 message channels. 
The TM-2A incorporates these modifications and provides a capacity 
of 1800 message channels. 

Frequency Plans 

Three RF channel frequency plans are available for use with TM-2 
and TM-2A systems. The center frequency allocations for two of these 
plans are given in Figure 16-1.  The two-digit numbering system shown 
in the figure was chosen as an administrative convenience to designate 
channels usually equipped in pairs ( 11 and 21, 12 and 22, etc. ) .  The 
regular plan provides 16 one-way (eight two-way) channels that cor
respond to the standard RF channel frequency allocations used in 
TH-type radio systems. The staggered plan, which provides seven 
two-way channels, util izes frequencies that place the TM channels 
between TH channels and is sometimes used to minimize interference 
where a TM route crosses a TH route. 

CENTER FREQUENCY (GHz) 

CHANNEL REGULAR STAGGERED 
NO. PLAN PLAN 

--

11 5.9452 5.9600 

12 5.9748 5.9897 

13 6.0045 6.0193 

14 6.0342 6.0490 

15 6.0638 6.0786 

16 6.0935 6.1083 

17 6.1231 6.1379 

18 6.1528 -

21 6.1972 6.2121 

22 6.2269 6.2417 

23 6.2565 6.2714 

24 6.2862 6.3010 

25 6.3159 6.3307 

2 6  6.3455 6.3603 

27 6.3752 6.3900 

28 6.4048 -

Figure 1 6- 1 .  RF channel frequency assignments, TM-2 and TM-2A systems. 
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The RF channel allocations are used in  TM-2 and TM-2A systems 
in a so-called two-frequency arrangement using a single antenna for 
each route direction from a terminal or intermediate repeater station. 
I n  the two-frequency arrangement, the same radio channel fre
quencies, one for transmitting and one for receiving, are used at each 
station for the opposite directions of a two-way radio channel. Some 
systems have employed a four-frequency plan in which a different 
pair of channel frequencies is used for the opposite directions of 
transmission of a two-way radio channel. Signals in like-numbered 
channels received from opposite directions at a repeater station are 
horizontally and vertically polarized to minimize interferences. 
Channel pairs and polarizations are reversed at successive repeaters. 
These relationships can be observed in Figure 16-2 where frequency 
allocations for the two favored frequency plans are shown in terms of 
channel assignments. The center frequency for each channel is given 
in Figure 16-1 . 

I n  order to control interchannel interference where all RF channels 
are assigned and heavily loaded, supplementary filters must some
times be used. In some cases, it is also desirable to operate with two 
antennas for each route direction, one for receiving and one for 
transmitting. 

The third frequency plan used in these systems, called the split 
channel plan, was introduced with the TM-1 system and provides two 
channels in the frequency band allocated to each TH channel. How
ever, it is seldom used because of excessive interference between 
systems. 

Repeaters 

Terminal and intermediate repeaters in TM-2 and TM-2A systems 
are arranged so that the transmitter and receiver for one route direc
tion from the repeater point ( as distinguished from one direction of 
transmission) are mounted in a single panel as shown in Figure 1 6-3. 
This  arrangement, similar to that used at main stations i n  long-haul 
radio systems, facilitates the use of TM-2A repeaters as baseband 
or heterodyne (IF) repeaters a-ccording to requirements for dropping, 
blocking, and adding circuits. The TM-2 utilizes only baseband 
repeaters. 
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111141------- Terminal A ---------l·�� I lool41----- Repeater No. 1------ti��J�� 

Notes: 
1 .  Designations 1 through 8 show channel pairings for two directions of trans-

mission and recommended order of channel assignments with growth 
2. Designations 1 1  through 1 8  and 21 through 28 are RF channel numbers 
3. T = transmit; R = receive 
4. H = horizontal polarization; V = vertical polarization 

Figure 1 6-2. RF channel assignments in TM-2 and TM-2A systems {continued). 
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I 
111141-------- Repeater No. 2 -------1.,�� 

I 
!"'14e------ Terminal B -----... .,�, 

Notes: 
1 .  Designations 1 through 8 show channel pairings for two directions of trans-

mi�sion and recommended order of channel assignments with growth 
2. Designations 1 1  through 1 8  and 21 through 28 are RF channel numbers 
3. T = transmit; R = receive 
4. H = horizontal polarization; V = vertical polarization 

Figure 1 6-2. RF channel assignments in TM-2 and TM-2A systems. 
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Figure 1 6-3. Equipment arrangements at TM-2 and TM-2A baseband repeaters. 

A block diagram of a TM-2 or TM-2A receiver is shown in 
Figure 16-4. Radio energy from the antenna is transmitted by wave
guide through channel separation networks (which separate horizon
tally and vertically polarized signals and select the desired channel 
signal ) , and through an isolator. The isolator provides an impedance 
match between the channel separation network and the band reject 
filter and prevents RF energy reflected by the filter from being re
turned to the antenna where it might be retransmitted. The band 
rej ect filter is tuned to the receiver oscillator frequency and prevents 
osci llator energy from being transmitted. 

The receiver local oscillator produces a single-frequency signal 
70 MHz below the nominal carrier frequency of the desired channel . 
The amplitude of this signal is adjusted by the R F  pad. The local 
oscillator signal then passes through the circulator to reach the band 
reject filter at which it is reflected ; it returns through the circulator 
to reach the receiver modulator where it is used to demodulate the 
received RF signal to the IF band. 

Unwanted carrier and sideband energy is eliminated by the IF 
bandpass filter and the desired signal is equalized and amplified as 
required. If the repeater is to be used as a baseband repeater or as 
a terminal repeater, the signal is applied to an FM receiver in which 
the baseband signal is recovered. If a TM-2A repeater is to be used 
as a heterodyne repeater, the IF signal may be connected to the 
succeeding transmitter modulator. 
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Figure 16-5 is a block diagram of a TM-2 or TM-2A transmi tter . 
The signal at the transmitter input may be at baseband or inter
mediate frequencies. If the input signal is at baseband, it is connected 
to the transmitter at the input to the FM transmitter modulator. If 
the input signal is at IF, an IF limiter transmitter modulator is sub
stituted for the FM transmitter modulator. In either case, the output 
of the transmitter modulator is an RF signal in the desired frequency 
band. 

The output of the transmitter local oscillator is connected to the 
circulator through an attenuator used to adjust the s ignal amplitude. 
The circulator directs the s ingle-frequency signal to the FM trans
mitter modulator where it  is combined with the IF signal and used as 
the RF carrier signal. The modulated RF signal then passes through 
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the circulator to the bandpass filter which removes unwanted sideband 
components. After amplification in an IMPATT diode amplifier, the 
signal is combined with other channel signals and transmitted to the 
next repeater. 

The connections between the antenna and the receiver modulator 
and FM transmitter modulator ( including the connections between 
the circulators and local oscillators ) are all made by waveguides. A 
single parabolic or horn-reflector antenna is used for both transmitting 
and receiving in one route direction. 

In the TM-2 system, the nominal transmitter power output is  one 
watt, +30 dBm. The transmitter may be modified by applying an 
advanced design of output amplifier to provide .1.6 watts ( +32 dBm ) ; 
this output power is standard for the TM-2A transmitter. The per
section loss for these systems is nominally 62 dB. Thus, signals are 
nominally received in TM-2 at -32 dBm and in TM-2A at -30 dBm. 
The fade margin for both systems is about 37 dB per repeater hop. 
Noise in the two systems is about 22 dBrncO per repeater hop under 
normal (nonfaded) conditions. This value applies to a fully loaded 
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( 1200 message channel ) unmodified TM-2 system and to a fully loaded 
( 1800 message channel ) TM-2A system and a modified TM-2 system. 

A number of the protection switching arrangements described in 
Chapter 15 may be used with the TM-2 and TM-2A systems. Fre
quency diversity switching is generally used where permitted by the 
FCC Rules. The 400B Protection Switching System is commonly used. 
One protection channel may protect up to seven working channels. 
Space diversity and hot standby switching arrangements may also 
be used. 

1 6-3 THE TN- 1 SYSTEM 

Designed primarily to provide short-haul microwave radio facilities 
for local services and as feeder route systems for long-haul backbone 
routes, the TN-1 system uses standard TL-2 system RF channel as
signments. It may provide up to 1800 voice-grade message channels or 
a broadcast quality black and white or color television circuit over 
distances up to 250 miles. 

Although the TN -1 system is capable of being adapted readily for 
the transmission of 44.736 Mb/s (3A-RDS )  digital signals, only 
analog applications are covered here. The system operates in the 
1 1-GHz band and utilizes heterodyne repeaters. However, with the 
addition of a 5A FM terminal, a repeater may be operated as a base
band remodulating repeater. Several types of protection switching 
systems may be used, the choice depends on the specific application 
and on local requirements. 

In addition to these applications, the TN-1 system may be used to 
provide protection channels for 4- or 6-G Hz systems or an intermix 
of the two by crossband diversity switching techniques. The system 
is also used to bridge gaps in 4- or 6-GHz routes where there is heavy 
frequency · congestion and excessive interference at the lower RF 
bands. 

Frequency Plans 

Several RF channel allocation plans are available for TN-1 analog 
systems. The regular plan provides 12 and the alternate plan 1 1  RF 
channels, each capable of carrying 1 800 message channels. The chan
nel designations, center frequencies, and channel pairings for these 
plans are shown in Figure 16-6. The frequencies for the two plans are 
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interleaved but with 1800-channel loading, they cannot be combined 
because the modulated signal frequencies would overlap. However, if 
the loading is reduced to 1200 message channels, the two plans can be 
combined to produce a 23-channel arrangement. The channel center 
frequencies for this plan are identical to those used in the regular and 
alternate plans. 

REG PLAN, CHAN PAI RS ALT PLAN, CHAN PAI RS 

CHAN FREQ CHAN FREQ CHAN FREQ CHAN FREQ 
NO. (MHz) NO. (MHz) NO. (MHz) NO. (MHz) 

lP 1 0,755 2J 1 1 ,685 l E  1 0,775 1 D  1 1 ,385 
2P 1 0,955 1J 1 1 ,405 2E 1 0,975 2D 1 1 ,665 
3P 1 0,995 4J 1 1 ,445 3E 1 1 ,015 3D 1 1,625 
4P 10,715 3J 1 1 ,645 4E 10,735 4D 1 1 ,425 
5P 1 1 ,155 6J 1 1 ,605 5E*  1 1 ,175 9D* 1 1 ,225 
6P 10,875 5J 1 1 ,325 6E 1 0,895 6D 1 1 ,585 
7P 1 0,915 8J 1 1 ,365 7E 1 0,935 7D 1 1 ,545 
8P 1 1 ,115  7J 1 1 ,565 8E 1 1 ,135 8D 1 1 ,345 
9P 1 1 ,075 10J 1 1 ,525 9E 1 1 ,095 5D 1 1 ,305 

lOP 1 0,795 9J 1 1 ,245 10E 1 0,81 5  1 0D 1 1 ,505 
11P 1 0,835 12J 1 1,285 1 1 E  1 0,855 1 1 D  1 1 ,465 
12P 1 1 ,035 11J 1 1 ,485 12E 1 1 ,055 12D 1 1 ,265 

*Not normally used 

Figure 1 6-6. RF channel designations, frequencies, and pairings in the TN-1 system. 

A recommended pattern of growth ( others are possible, depending 
on obj ectives ) is associated with each of the plans. Specific antenna 
arrangements must be provided with certain of these plans in order 
to meet interference objectives. The channels are assigned alphanu
meric designations used consistently in all plans applicable to 1 1 -GHz 
systems. The channels are associated in groups identified by arbi
trarily assigned letters D, E, J, and P. Within each group the channels 
are numbered from 1 to 12. 

Although the TN -1  channel designations and frequencies are con
sistent with other 1 1 -GHz systems, the manner in which they are 
paired for opposite directions of transmission differs. The TN -1 
channel pairings shown in the figure have been selected to achieve 
the best possible performance with the two-frequency transmission 
plan made possible by the excellent frequency stability of TN-1 as 
compared with earlier systems. Note that channels 5E and 9D are 
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not used because the minimum allowable guard band between trans
mitters and receivers using the same antenna is 80 MHz. Although 
the alternate plan can be used alone, it is not normally the first choice 
because this restriction on channel usage allows only 11 RF channels 
to be equipped. 

Figure 16-7 shows the channel arrangements, polarization patternt 
and waveguide interconnections used for the standard frequency plan. 
This plan can accommodate up to twelve two-way channels with the 
use of just one antenna for each route direction. Channels that occupy 
adjacent frequency assignments are transmitted with alternate 
polarizations in order to achieve the maximum discrimination between 
channels. 

Figure 1 6-7. TN- 1 system, 1 2-channel arrangement with one antenna. 

The single antenna arrangement of Figure 16-7 can only be used 
with the 12-channel arrangement. In some cases, the performance of 
a 12-channel system is  s ignificantly more reliable if a l l  channel signals 
are transmitted with the same polarization. This mode of operation, 
illustrated in Figure 16-8, requires two antennas when more than 
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six RF channels are equipped. It is especially beneficial where outages 
caused by rain attenuation are controlling. The channel assignments 
shown are divided equally between the two antennas and all signals 
are s imilarly polarized . Channels in adj acent frequency bands are 
alternated between the two antennas thus avoiding delay distortion 
due to adjacent channel bandpass filters. In the presence of rain at
tenuation, there is an advantage of about 7 dB in fading margin for 
vertically polarized signals relative to horizontally polarized signals. 

Figure 1 6-8. TN- 1 system, 1 2-channel arrangement with two antennas. 

When TN-1 is to be equipped for 23-channel operation, two antennas 
must be used for transmission in each direction. Both are used for 
transmitting and receiving signals. The channel assignments and 
polarization arrangements are shown in Figure 16-9. The 12-channel 
plans involve RF channel allocations 40 MHz apart. In the 23-channel 
plan, the RF channel allocations are only 20 MHz apart. This differ
ence in channel spacing and the greater likelihood of interchannel 
interference with the closer spacing are the principal reasons for 
requiring two antennas and separate sets of channel combining net
works in the 23-channel plan. In order to separate channels that are 
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so closely spaced, polarization discrimination and an antenna assign
ment plan like that described above effectively result in 80 MHz 
between channels so that channel networks can provide the required 
selectivity. System combining networks, such as those designated N 
in Figures 16-7, 16-8, and 16-9, separate 1 1-GHz from 4- and 6-GHz 
signals where systems are combined and, in addition, provide for the 
separation of vertically and horizontally polarized signals where 
necessary. 

The recommended order of channel assignments (growth plan ) for 
each of the frequency plans is illustrated in Figures 16-7, 16-8, and 
16-9. In all cases, the recommended sequence of assignment should 
be read from left to right and from top to bottom of the figures. For 
example, in the standard plan with one antenna, the channel pairs 
would be equipped 12P /11J, 6P /5J, . . .  2P /1J. These channels 
would all be vertically polarized and would be followed by horizontally 
polarized channels 1 1P/12J, 5P/6J, . . .  1P/2J. For the 12-channel, 
2-antenna arrangement, the same sequence would be followed but with 
all channels vertically polarized. If the alternate frequency plan with 
one antenna were to be used ( 11 channels only) , the sequence of 
assignment would be 12E/12D, 6E/6D, . . .  2E/2D. The channels 
would all be vertically polarized and would be followed by horizontally 
polarized channels 11E/11D , 3E/3D, . . .  1E/1D. All would be 
vertically polarized if two antennas were used. For the 23-channel 
arrangement of Figure 16-9 the same left-to-right, top-to-bottom 
sequence would be followed. 

Protection channel assignments are recommended according to a 
pattern consistent with the above growth plans. For 1 x n switching 
arrangements, channels 6P and 5J or 6E and 6D are recommended 
as protection channels. One of these is also used for 2 x n switching 
arrangements and, in addition, channel pair 8P /7J or 8E/8D may be 
used. In any case, where 2 x n switching is used, the protection 
channels should be separated by at least 160 MHz. 

Equ ipment Layouts 

The TN-1 circuits and equipment are designed with great flexibility 
so that the system can satisfy the wide range of applications for which 
it is intended. Repeaters are normally operated as heterodyne re
peaters ; however, in combination with a 5A FM terminal, they may 
also be used as remodulating (baseband) repeaters or to furnish 
separate transmitting and receiving facilities at terminal points. 
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Figure 1 6-9. TN-1 system arrangement for two antennas and 23 channels. 
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A number of different protection switching arrangements may be 
used with the TN-1 system. These include the 100A, 200A, 400A, 400B, 
and 401B frequency diversity systems and, in addition, space diversity 
and hot standby arrangements. In most cases, the switching equip
ment and transmission equipment are intimately related and exert 
mutual influence on equipment layouts at repeater and terminal points. 

The basic transmission unit in TN-1 is a transmitter-receiver ( T/R ) 
panel that may be directly interconnected, as shown in Figure 16-10,  
to form a heterodyne repeater or may be split electrically between 
the transmitter and receiver for use as a terminal or as parts of a 
baseband repeater. The panel employs all solid-state electronic com
ponents, including an IMPATT diode power amplifier. 

The local oscillators for transmitter and receiver are independent 
and identical except for frequency. The stability-determining portion 
of the unit is a crystal-controlled transistor oscillator operating at 
approximately 100 MHz. It phase locks a cavity oscillator operating 
at approximately 1 .4  GHz. The frequency of the cavity oscillator is 
then multiplied eight times in a diode multiplier. The local oscillator 
signal is injected in the receiver by use of a directional coupler. A 
waveguide circulator is used in the transmitter. 

The power amplifier in the transmitter makes use of three IMPATT 
diodes to amplify the microwave signal. It provides an output power 
of about 3.0 watts to the channel combining filter. The amplifier has 
its own power supply consisting of an inverter, a rectifier-filter unit, 
and three current regulators ( one for each stage of the amplifier) . A 
control circuit automatically shuts down the amplifier power supply 
under various trouble conditions. 

The receiver channel separating filter and the transmitter channel 
combining filter are directional filters employing complementary band
rejection and bandpass sections. An additional bandpass filter fol lows 
the transmitter modulator and rejects the image signal and other 
unwanted products from the modulator. 

The receiver modulator uses a Schottky barrier diode and, along 
with the preamplifier, achieves a very low noise figure. The trans
mitter modulator is driven by a high-level IF limiter-driver amplifier 
which removes the amplitude modulation from the signal to prevent 
AM/FM conversion and makes the transmitter output insensitive to 
input amplitude changes. Two test access ports are provided on the 
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T /R panel. These devices behave like a section of waveguide in their 
normal condition. However, insertion of a short-circuiting plate and 
a coaxial probe converts the unit to a waveguide-to-coaxial transducer. 
Thus, disassembly of waveguide is unnecessary for normal mainte
nance. The receiver test access is located after the channel separating 
filter. The short-circuiting plate may be placed on either side of the 
probe, allowing the user either to measure received signals or to inject 
a test s�ignal to the receiver. The transmitter test access follows the 
transmitter amplifier and provides easy measurement of output power 
and frequency. 

The IF portion of the receiver is very similar to those used in long
haul radio systems. The IF main amplifier, automatic gain control, 
and carrier resupply are in a single unit. 

For hot standby-space diversity switching applications, T /R panels 
are arranged in pairs (regular and standby) in adj acent bays. The 
transmitter RF switch is located on the regular panel and the receiver 
IF switch and hybrid or the baseband switch are located on the stand
by paneL In both regular and standby transmitters, the transmitter 
test access is replaced by waveguide-to-coaxial transducers ; semi-rigid 
coaxial cable connects the transducers to a coaxial-type RF switch. 
The terminated port of the RF switch employs a coaxial pad on the 
front of the regular panel. This provides both a termination and a 
convenient test point for the nonworking transmitter. 

Transmission Performa nce 

The TN-1 system meets a noise objective of 35 dBrncO for a message 
channel 250 miles long provided there is sufficient signal power at each 
receiver. For typical loss values, including a 61 .5-dB path loss, the 
received signal power is nominally -30.5 dBm at the receiver test 
access port when the transmitted signal is 3.5 watts ( +35.5 dBm ) . A 
received signal amplitude greater than - 12.5 dBm would cause ex
cessive noise due to overload in the IF preamplifier of the receiver. 
With a very short repeater spacing, such an overload condition may 
exist and the transmitter output or receiver input must be reduced · 
by an RF pad. With signals transmitted at the nominal powers de
scribed above, the system operates with a fade margin of about 40 dB 
which varies with the actual received signal power; 

Other performance factors make TN -1 suitable for the applications 
for which it is designed and for meeting the requirements of the FCC 
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Rules. For example, the 5A FM terminal and the TN-1 transmitter 
oscillators are each stable to within ± 0.001 percent of nominal fre
quencies over a temperature range of 40 to 120 degrees Fahrenheit. 
In addition, all s.ingle-frequency tones are held to -68 dEmO or less 
in any message circuit and envelope delay distortion is controlled in 
order to limit the generation of intermodulation noise to tolerable 
values. Differential phase and gain changes meet objectives established 
for the transmission of color television signals. 

The 5A FM Terminal  

Two versions of 5A FM terminal equipment have been developed 
specifically for use with the TN-1 system. They are both sm

'
all, inex

pensive, solid-state, combined transmitter /receiver units that trans
late signals between 70-MHz IF bands and baseband frequencies. 
These versions are called a modem and a deviation shifter. 

The modem is used in baseband remodulating repeater applications 
to perform the straightforward function of modulation and demodu
lation between baseband and intermediate frequencies. A feature of 
this modem design is a carrier spreading circuit that can be activated 
when voice-grade message signals are transmitted. The circuit supplies 
a random noise signal in the band from 0 to 1 kHz that is used to de
viate the FM carrier at a high modulation index. This carrier devia
tion spreads the beat frequency of interfering IF- and RF -generated 
baseband tones over several speech channels and produces a random 
noise-like interference that is significantly less annoying than tone 
interference. 

The deviation shifter may be used in appl,ications of the TN-1 
system where IF interconnection with TD- or TH-type radio systems 
is required. It is used, for example, at the transmitting end of a TN-1 
multirepeater section to increase the FM deviation from the value 
normally used in the 4- or 6-GHz system to that used in an 1 1-GHz 
system. The increased deviation is possible because of the wider RF 
channel width at  1 1  GHz. The benefits of  the increased deviation are 
an improvement of the fade margin in the TN-1 system and a reduc
tion of thermal noise. Another deviation shifter must be used to re
duce the deviation wherever the signal is to be passed on to a 4- or 
6-GHz system. Such arrangements are also used when TN-1 provides 
a frequency-diversity protection channel for a 4- or 6-GHz system or 
when it serves as a last-hop connecting link between a 4- or 6-GHz 
system and a ground station for satellite communications. 
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Chapter 1 7  

Long-Hau l  Systems 

Although the distinction between short-haul and long-haul micro
wave radio systems is tending to disappear in application, a number 
of systems have been designed specifically to meet the requirements 
of 4000-mile transmission. Repeaters for these systems have been 
designed to satisfy the signal-to-noise objectives established for long 
network trunks ; system layouts have been selected to favor the need 
for dropping and adding circuits along the route and simultaneously 
to satisfy reliability criteria by the inclusion of multirepeater pro
tection switching section arrangements. 

The first system developed for long-haul transmission was the 
4-GHz TD-2. From the time of its introduction in 1950, the perfor
mance of this system has been improved steadily and, as improve
ments were introduced, the message channel capacity has been 
increased significantly. Initially, each 20-MHz RF channel could ac
commodate only 480 two-way message channels and the system utilized 
only six two-way RF channels. Now, there are 12 two-way RF 
channels and each channel can accommodate 1500 two-way message 
channels. 

Advances in technology, such as solid-state circuit designs, led to 
the development of the TD-3 system in the early 1960s which, in 
turn, led to improvements in TD-2 systems. With the exception of a 
traveling-wave tube output amplifier, the circuits in  the TD-3 system 
utilize solid-state devices throughout. The system is similar to TD-2 
in many respects and compatible with it in operation. Modern re
peaters, designated, TD-3D, combine TD-2 and TD-3 circuits to pro
vide the most economical use of the 4-GHz band. 
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Two TH-type systems have been developed for use in the 6-GHz 
band. The TH-3, the more modern of these, utilizes solid-state tech
nology with the exception of a traveling-wave tube output amplifier. 
Both systems can accommodate 1800 two-way message channels in 
each of eight two-way, 30-MHz RF channels. The earlier system, now 
called TH-1, is similar to TH-3 in many respects but the differences 
are sufficiently great that the two systems are described separately. 

Microwave radio systems are designed to meet noise obj ectives ex
pressed in terms of the noisiest message channel during the busy 
hour. The objective used for the design of the TD-2 system was 44 
dBrncO for a 4000-mile network trunk. For TH-1, the noise objective 
was 45 dBrncO and for the more modern TD-3 and TH-3 systems, 
41 dBrncO. Single-frequency tone interference in TD-3 and TH-3 is 
not to exceed -68 dEmO in any voice channel of a 4000-mile system 
during nonfaded conditions. Performance improvements in TD-2 
have been used to increase the load capacity. The system is stilJ 
engineered to a 44 dBrncO, 4000-mile objective. 

The use of the horn-reflector antenna is among the improvements 
that m ade possible the increased message capacity and better perfor
mance of long-haul systems. It permits the simultaneous transmission 
of vertically and horizontally polarized signals in  adjacent RF chan
nels, has greater directivity (a sharper beam with low-amplitude side 
lobes) than earlier designs, and provides better return loss and higher 
gain.  These features are all superior to earlier antenna designs. In 
addition, it should be noted that the horn-reflector can transmit an 
extremely broad band of frequencies. It is presently being used at 
2-, 4-, 6-, and 1 1-GHz and has been shown to be satisfactory at 
30 GHz [1] . Waveguide connections must be appropriate to the fre
quency band or bands being transmitted. 

1 7- 1  TH E TO-TYPE SYSTEMS 

A maj ority of long-haul message network trunks are carried by 
TD-type systems. While these systems are of various vintages, they 
may be equipped to provide 600, 900, 1200, or 1 500 message channels ; 
however, most existing systems are equipped for 1200 or 1500 channel 
loading. Some systems may not have been modified with upgraded 
circuits and devices but are suitable for existing light-load conditions. 
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Most TD-2 systems that have been installed are still in operation 
although the system is no longer manufactured. As a result of im
provements, TD-2 is now very similar to TD-3. As previously men
tioned, designs have been combined to provide the most economical 
repeater, called TD-3D, the only type now being manufactured. 

The frequency plans, overall system layout, and repeater spacing 
are identical in TD-2 and TD-3 systems. An intermediate frequency 
band extending from 60 to 80 MHz is used for both systems and both 
use heterodyne repeaters [2, 3] . 

Frequency Plan 

It has been found convenient to divide the 500-MHz band extending 
from 3.7 to 4.2 GHz into 25 RF channels each 20 MHz wide. In order 
to provide adequate isolation between the transmitted and received 
signals, each radio path (or hop ) is usually provided with separate 
transmitting and receiving antennas at each end. The 20-MHz RF 
channels are allocated in such a manner that two adj acent channels 
are used for transmitti ng and the next two adj acent channels are used 
for receiving. The adjacent channel signals in each pair are trans
mitted with crossed polarizations. Thus, the channel separating func
tion at a receiver is made somewhat easier because of the cross 
polarization of signals within each channel pair, which are separated 
by 20 MHz, and because of the 80-MHz separation between signals 
of the same polarization [ 4] . 

This frequency plan, as appl ied at a TD-2 or TD-3 repeater, is 
illustrated in Figure 17-1 . Two-way RF channels are numbered 1 to 
1 2. The two frequency bands used for each channel are designated 
A and B with A always assigned to the lower frequency channel. At 
adj acent repeaters, transmitter and receiver assignments are inter
changed. The frequencies shown at the right of the figure are the 
center frequencies of the RF channels. 

The 25th RF ehannel assignment, not shown in Figure 17-1, i s  
centered at 4190 MHz. Although this channel is sometimes used for 
one-way television transmission over single repeater hops, it is widely 
used for .two-way order-wire and alarm transmission. In the latter 
case, two narrow-band channels, numbered 13A and 1 3B, are provided 
at center frequencies of 4190 and 4198 MHz [5] . 

While the frequency plan of Figure 17-1 is the most efficient and 
most commonly used, some variations are used where such high 
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Notes: 
( 1 ) """0"" indicates local oscillator 

70 MHz below channel 
frequency; ...0... 70 MHz 
above channel frequency. 

(2) In some TD-3 equipment of 
early vintage, the local 
oscillator frequency is 70 MHz 
above the channel frequencies 
for channels 3 and 9. 

Figure 1 7- 1 . Frequency plan for TO-type systems ( low /high repeater). 
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efficiency is not required. In some cases, for example, only six channels 
are provided with all signals similarly polarized. These variations are 
recommended for use only under unusual circumstances. The four
frequency plan, described in Chapter 16 in connection \vith short-haul, 
light-route applications, is not used on long-haul backbone routes. 
Occasionally on very lightly loaded routes, a single antenna may be 
used for both transmitting and receiving. 

System Layout 

Figure 17-2 is a block diagram of a typical switching section con
sisting of nine or fewer intermediate repeater stations of a TD-2 or 
TD-3 radio system. The radio transmitters, receivers, and transmis
sion paths are normally provided with protection switching arrange
ments such as those described in Chapter 15. The TDAS system may 
be used with TD-2 ; the 100A or 400A switching system may be used 
with either TD-2 or TD-3. 

When the route is shared with other systems operating at 6- or 
11-GHz, syste'm networks must be used to combine or separate the 
4-, 6-, and/or 11-GHz signals and to separate the vertically and hori
zontally polarized signals. These networks feed circular waveguide 
that carries the signals to or from the antennas. The 4-GHz RF chan
nels are connected to the system networks through channel combining 

and separating networks. These are waveguide networks that provide 
the bandpass and attenuation characteristics to permit combining, in 
a single rectangular waveguide, all of the vertically or horizontally 
polarized transmitting or receiving channel signals in the 4-GHz band. 

Where required for circuit administration, the system layout may 
include FM terminals, wire-line entrance links, and terminal switch
ing arrangements as illustrated in Figure 17-2. These system com
ponents are often equipped with separate protection switching 
arrangements. 

One or more RF channels may be equipped to transmit television 
video signals. In such cases, television dropping may be required at 
intermediate repeater points and additional protection switching 
arrangements may be provided at those points. 

The repeater spacings for TD-type systems are established by 
transmission line-of-sight requirements, signal-to-noise considerations, 
and fade margins required in order to meet reliability objectives. The 
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distances between repeaters, together with antenna, waveguide, and 
channel network gains and losses, are engineered so that section losses 
between transmitters and receivers are normally about 63 dB. The 
TD-3 transmitter operates at 5 watts ( +37 dBm ) output and thus 
the received signal power is nominally -26 dBm. Initially, the TD-2 
system operated with only 0.5 watt ( +27 dBm) output resulting in 
a received signal power of about -36 dBm ; thus, a l imit was imposed 
on the number of message channels that could be carried. The trans
mitter may now be operated at an output of 1 watt, 2 watts, or 5 watts 
to meet requirements that depend on the type of signal (TV or 
message ) ,  message loading, and path length. 

Repeaters 

The TD-type systems utilize heterodyne repeaters with a standard 
intermediate frequency band centered at 70 MHz. Radio receiving and 
transmitting equipment for one two-way channel ( e.g., 1A and 1 B )  
i s  mounted in a single transmitter/receiver bay. Where the equipment 
is used at an intermediate (auxiliary) repeater station, this bay serves 
one direction of transmission through the station. Where it is used at 
a main station, at which the protection switching section terminates, 
the receiver and transmitter are used for the two directions of trans
mission associated with one route direction [2, 6] . These arrangements 
are illustrated in Figure 17-3. 

To 
main 
station 

equipment 

r - - -,  r - - - - - -,  r - - �  
I I 1 I I I TRMTR I �I RCVR TRMTR I �RCVR 

� I 1 � 1 
I I I I 1 I I I I 1 IL RPTR bay _JI I I I - - - - I I 1 1 

I 1 r - - - - -,  I 
I I I I I I RCVR I �TRMTR RCVR I �� TRMTR 

� I 1 � 1 
I I I I RPTR I I I I RPTR I I I I I I 1 

L �a!_ ....1 L _R� �y- _j L�a!. ..J  
Main 
station 

Intermediate 
heterodyne 
repeaters 

Main 
station 

To 
main 
station 

equipment 

Figure 1 7-3. Typical long-haul  system transmitter/receiver equipment arrangements. 
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The TD-3 Repeater. Figure 17-4 is a block diagram of the receiver 
portion of a TD-3 repeater. Incoming signals of one polarization in 
the 4-GHz band are delivered to the receiver where the channel 
separating network selects the desired channel signal. The channel 
filter provides additional selectivity to reduce interference from adj a
cent channels. The directional filter provides the means of combining 
the RF signal and the local oscillator signal for delivery to the receiver 
modulator where it is translated to the 70 MHz IF band. The isolator 
located between the directional filter and the channel filter prevents 
undesirable signal reflections due to impedance interaction between 
the filters and, in addition, absorbs many of the unwanted RF 
products generated in the modulator. 

Note in Figure 17-1 that each channel signal is normally shifted by 
40 M Hz as it passes through a repeater. The microwave generator, 
isolater, and power splitter in Figure 17-4 deliver an RF carrier to 
the 40-MHz oscillator-shift modulator which produces a local oscillator 
signal frequency appropriate to the channel of interest. The generator, 
isolator, and splitter are shared by the radio receiver and transmitter 
at intermediate repeaters. At main stations, separate microwave 
generators are used to supply the required local osci llator s,ignals to 
the receiver and transmitter. The bandpass filters and isolator that 
follow the 40-MHz oscillator-shift modulator select the required upper 
or lower sideband output signal. A number of stages of IF amplifica
tion, filtering, equalizing, and automatic gain control circuits follow 
the receiver modulator and process the signal for transmission to the 
radio transmitter (at an intermediate repeater ) or to terminal circuits 
at a n1ain station. 

The transmitter portion of a TD-3 repeater is shown in Figure 17-5.  
The signal to be transmitted is connected at IF from the radio re
ceiver at an intermediate repeater or from terminal circuits at a main 
station repeater. The transmitter output is normally +37 dBm at the 
desired channel frequency in the 4-GHz band. 

The IF limiter removes unwanted amplitude modulation from the 
jnput signal. It also furnishes an IF control signal to the IF carrier 
resupply circuit which generates a baseband tone-modulated carrier 
in the event of normal IF signal loss. Under these conditions, the 
carrier resupply circuit also provides a de bias signal to the limiter 
that introduces high 'insertion loss so that noise at the input is at
tenuated during the period the incoming carrier is absent. The re
supplied carrier operates automatic gain control (AGC ) circuits at 
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subsequent repeaters and thus prevents IF amplifiers from rising to 
full gain and limiters from band spreading high-amplitude noise 
signals. The tone modulation on the resupplied carrier is used to 
initiate the protection switching system. 

The IF driver amplifier and transmitter modulator convert the 
70-MHz signal to an upper or lower sideband microwave signal in 
the appropriate channel frequency band by means of a local oscillator 
signal supplied by the microwave generator. The sideband to be trans
mitted is selected by the bandpass filter. The unwanted sideband is 
reflected by the filter and dissipated in the reverse loss of the isolator 
located between the modulator and the filter. The filter also attenuates 
the local oscil lator leakage signal that appears at the modulator out
put [7] . By using relatively low selectivity in the sideband selecting 
filter, inband ampl itude and delay distortion in the wanted sideband 
is kept small, thereby making negligible any cross-modulation noise 
that might be generated in the traveling wave tube. 

The traveling wave tube amplifier produces a signal output power 
of +37 dBm and a transmission characteristic flat to within ± 0.02 dB 
over the channel bandwidth . The low-pass filter fol lowing the amplifier 
suppresses second and third harmonics of the RF carrier by at least 
50 dB. 

Isolators, tuners, attenuators, and filters are used in the trans
mitting path. These circuits improve return loss and transmission, 
adj ust signal amplitudes, and provide the necessary selectivity so that 
other channel and system signals may be combined for application to 
the common transmitting ( circular) waveguide and antenna. Moni
toring, control, and alarm circuits are provided at strategic points in 
the receiver and transmitter. Specially designed power supplies and 
voltage regulators are used where required. 

The TD-3 0 Repeater. While the performance of the TD-3 system has 
proven to be at least as good as that of the TD-2 system, the initial cost 
of TD-3 was significantly higher. Relative costs were further affected 
to the disadvantage of the TD-3 system by the increased capacity of 
the TD-2 system that resulted from the performance improvements 
introduced concurrently with the development of TD-3. A more eco
nomical version of the TD-3 repeater, des.ignated TD-3A, was intro
duced as a result of recognizing these cost-performance relationships. 
Further design effort then led to the introduction of a still more 
economical repeater, the TD-3D. Although this version of the TD-3 
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repeater is the only one now being manufactured, most of the TD-3 
and TD-3A repeaters produced are still in service. 

The TD-3D repeater ( as well as the TD-3A ) is similar to the TD-3 
in terms of functional relationships. The receiver and transmitter 
portions are shown in Figures 17-6 and 17-7 respectively ; the simi
larity of these units to the corresponding units of TD-3, shown in 
Figures 17-4 and 17-5, is quite apparent. As shown in Figure 17-7, 
the TD-3D utilizes a microwave integrated circuit for local oscil lator 
signal distribution. This integrated circuit replaces individual isola
tors, monitors, attenuators, and other waveguide components used 
for this purpose in the TD-3 repeater. In addition, the receiver and 
transmitter IF circuits have been simplified. The three-stage triode 
electron tube amplifier was substituted for the traveling wave tube 
amplifier and associated high-voltage power supply used in the TD-3 
repeater. Thus, the TD-3D design is a combination of the technologies 
used in TD-2 and TD-3 adapted to yield an economical repeater 
capable of meeti ng the more stringent noise objectives of the TD-3 
system. 

-26 dBm 
nominal 
from 

antenna 

Local 
oscillator 
input from 

40 MHz 
shift modulator 

lchann�ll 
I separatmg network I 

If preamplifier 

IF main amplifier 
and carrier 
resupply \ 

Figure 1 7-6. Microwave receiver for TD-30 receiver. 
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The TD-2 Repeater. Figure 17-8 is a block diagram of a TD-2 inter
mediate repeater, a design which i nitially used only electron tube 
circuits. Many units have been replaced by solid-state equipment but 
some circuits, such as the transmitting modulator and the transmit
ting amplifier, still use electron tubes [8] . 
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Figure 1 7-8. Intermediate TD-2 repeater. 

The block diagram, applicable in many res.pects to TD-3 and TD-3D 
as well as TD-2, shows the frequencies of Channel 1 to i llustrate cir
cuit relationships. The received signal, centered i n  the RF channel at 
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3730 MHz, is transmitted through system and channel separating net
works to the converter and IF preamplifier. A 3800-MHz local oseil
lator signal translates the signal to the 70-MHz IF band. At an 
intermediate repeater, the signal is amplified and applied to the trans
mitter modulator ; at a main station, it is transmitted to an FM 
terminal receiver for demodulation to baseband. 

The signal is translated back to the RF band in the transmitter 
modulator. It is amplified in a three-stage amplifier to an output 
power of 1, 2, or 5 watts depending on the application. Triode-type 
electron tubes are used in both the modulator and the transmitter 
amplifier. 

At intermediate repeaters, a common microwave generator is used 
for receiver RF -to-IF conversion and for transmitter IF -to-RF con
version. In the example of Figure 17-8, the microwave generator 
frequency of 3840 MHz is used directly in the transmitter but i s  
shifted b y  4 0  MHz t o  3800 MHz for use in the receiver. Thus, 
Channel 1 is transmitted at 3770 MHz, 40 MHz above the received 
channel frequency. At main stations and repeaters requiring special 
frequency plan arrangements, separate microwave generators are used 
for the receiving and transmitting equipment. 

After conversion to the desired RF band, the transmitted signal is  
amplified and combined with other channel and system signals. These 
are then carried through common waveguide sections to the trans
mitting antenna. 

1 7-2 THE TH-3 SYSTEM 

Long-haul capacity in the 4-GHz band may be supplemented by 
systems operating in the 6-GHz band where the RF channel alloca
tions lie between 5.925 GHz and 6.425 GHz. The most modern system 
operating in this band, the TH-3, was developed at a time when the 
maj ority of operating systems were of the 4-GHz TD-2 type. In many 
locations, 6-GHz systems are most economical where they can be added 
to existing 4-GHz routes by overbuilding. In such arrangements, 
antennas, waveguide connections, buildings, land, and power plants 
are shared. Thus, the TH-3 system is compatible in as many ways as 
possible with the TD-type systems [9] . 

While the principal use of TH-3 has been to provide long-haul ser
vices, it may be operated economically over distances in the range of 
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25 to 1000 miles with the same repeater equipment as that used in 
long-haul applications. Economy is achieved by the use of less ex
pensive protection switching and maintenance equipment and by 
adaptation to small equipment shelters rather than the usual repeater 
station buildings [10] . 

System Considerations 

With the development of the TH-3 system evolved the system mes
sage channel capacity ( 1800 circuits ) , the establishment and alloca
tion of signal-to-noise objectives, and the adaptation of existing fre
quency plans in the 6-GHz band. Each of these problems had to be 
solved within the context of compatibil ity with existing 4- and 6-GHz 
systems.  

Channel  Objectives. Each RF channel in the TH-3 system is designed 
to carry a baseband signal up to 10 MHz wide. This broad band is 
suitable for the transmission of a high-definition television video 
signal or 1800 voice-grade signals typical of those received from 
L-multiplex equipment. Studies are being made to determine the 
feasibility of providing a baseband width that can accommodate more 
than 1800 message channels. 

The design objectives for the baseband response are that the 
attenuation/frequency characteristics in a switching section should be 
flat to within ± 0.25 dB from 5 kHz to 8.5 MHz for each radio channel 
and that there should be no more than 30 degrees phase difference at 
baseband between the radio channels in a switching section. The 
latter objective, established to prevent hits on data signals and dis
turbance to television signals when the protection switching system 
operates, requires that the absolute delay of all radio channels i n  a 
switching section be equal to within ten nanoseconds. This phase 
equalization objective is difficult to meet economically in TH-3 as well 
as in other systems for which it has been considered. 

Frequency Plans. Sixteen RF channels, each 29.65 MHz wide, are 
developed in the standard 6-GHz frequency plan used by the TH-3 
system. These are normal ly used as eight two-way channels one of 
which is usually assigned as a protection channel in a 1 x 7 switching 
arrangement.* The TH-3 channels are numbered from 1 1  through 

*Where TH-3 is used in combination with a 4-GHz system, two TH-3 channels 
may be assigned to protection in a crossband diversity arrangement. 
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18 and 20 through 28. A regular set of frequencies is generally used 
(designated T) and a staggered plan is also available ( designated S ) . 
The channels are usually identified by a "shorthand" notation such 
as 8T or 68 ; 8T identifies a regular channel received in position 1 8  
and transmitted in position 2 8  o r  vice versa. Similarly, 6 8  identifies 
a channel in the staggered frequency plan received in position 16 and 
transmitted in position 26 or vice versa. A two-frequency plan is used 
at intermediate repeaters ; signals received on a channel in the lower 
portion of the RF band are transmitted in the upper portion of the 
RF band and vice versa. 

The channel frequencies for the two plans are given in Figure 17-9. 
The figure also illustrates the channel interconnection through the re
peater and shows the manner in which channels are assigned for 
horizontally and vertically polarized signals. The microwave carrier 
frequencies in TH-3 are all 70 MHz below the RF channel frequencies. 

The regular plan of channel assignments coordinates with the plan 
used for the predecessor TH-1 system and with other users of the 
6-GHz common carrier band. However, auxiliary channels, used in 
TH-1 for the transmission of order-wire, switching, and alarm sig
nals, are not normally provided in TH-3. 

The staggered frequency plan has the disadvantage that channel 28S 
cannot be used for normal video or message service because of in
sufficient bandwidth in the 6-GHz common carrier band. Thus, a 
route can be equipped with only seven staggered two-way RF channels. 
Channel 188 or 208 may be substituted for any other staggered plan 
channel in isolated hops where interference problems exist. However, 
these channels can never be used simultaneously. 

The standard growth sequence for regular channels .is 4T, 8T, 2T, 
6T, 3T, 7T, 1 T, and 5T, the same sequence as that used for TH-1.  It 
is the reverse of that used for TM-type systems and, as a result, 
conflicts with short-haul systems are most likely to be postponed. 
Channels 8T and/ or 1 T are normally assigned as protection channels. 
For the staggered plan, the normal growth sequence is 18, 58, 38, 78, 
28, 68, and 48. The even-numbered channels are equipped last because 
channel 88 cannot be used as a two-way channel. 

The staggered plan channel frequency assignments are offset from 
those of the regular plan by 14.82 MHz, one-half the bandwidth of 
an RF channeL A third plan is also available for use where inter
ference problems cannot otherwise be solved. It is called the split plan. 
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Channel 
center 

frequency 
(MHz) Polarization Polarization 

Staggered Regular v H H v channels channels 

6404.8 +--------0 0----+ 
6390.0 6375.2 +----0 � 
6360.3 6345.5 

6330.7 631 5.9 +--EJ � 
6301 .0 6286.2 � 0----+ 
627 1 .4 6256.5 +---0 � 
6241 .7 6226.9 � � 
621 2. 1  6 1 97.2 +---0 � 
61 82..4 +----0 0----+ 

6 1 67.6 61 52.8 � � 
61 37.9 61 23.1 � � 
61 08.3 6093.5 

6078.6 6063.8 � � 
6049.0 6034.2 ---+GJ 0+-
601 9.3 6004.5 � � 
5989.7 5974.9 � 0+-
5960.0 5945.2 � W+---

Figure 1 7-9. TH-3 regular and staggered frequency assign ments (low-high station). 

The channel frequency assignments are offset by a nominal 7.5 MHz 
above or below the regular plan channels. These assignments were 
developed for short-haul systems using four-frequency plans. 
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The TH-3 system is usually operated with two separate antennas, 
one for transmitting and one for receiving. However, on lightly loaded 
routes, the system can be operated with one of the standard two
frequency plans and only one antenna for transmitting and receiving. 
The arrangement is similar to that described for the TN-1 system in 
Chapter 16. 

I ntermediate Repeater 

As in the TD-type systems, the radio receiver and transmitter 
for one direction of transmission through an intermediate repeater 
are mounted in a single bay [ 1 1 ] . This arrangement, illustrated in 
Figure 1 7-3, provides an efficient physical design layout and permits 
the sharing of certain equipment items used in both receiver and 
transmitter, particularly the microwave generator. 

Receiver. Figure 17-10 is a block diagram of the TH-3 receiver. 
The received signal is carried from the antenna by waveguide through 
system separating networks (to select the 6-GHz signal and to separate 
signals of unlike polarizations)  to the channel separation networks 
shown in the figure. The selected channel is delay equalized within 
this waveguide network to compensate for the delay distortion of the 
receiver channel separating filter and the preceding transmitter 
channel combining filter. The test access port that follows the separa
tion network is the reference point at which the received signal power 
on a nominal length path is -23 dBm. 

The input signal reaches the receiver modulator through an isolator 
and a directional filter. This filter combines the received signal and 
the local oscillator signal. It contains a very narrow bandpass filter 
tuned to the local oscillator frequency and a complementary band 
rej ection filter in the received signal path to prevent the local osci lla
tor signal from reaching the receiving antenna. The narrow bandpass 
filter also suppresses noise and other spurious signals that may be 
present in the output of the microwave generator. 

The receiver modulator converts the incoming microwave signal to 
a 70-MHz IF signal. Unwanted output signa] components from the 
modulator are absorbed by the reverse loss of the isolator in the re
ceive signal path ; thus, they are prevented from reaching the receiving 
antenna. The modulator is followed by filters, equalizers, and ampli
fiers which suppress unwanted out-of-band signal components, equalize 
delay distortion, and (with an adjustment pad ) set the required IF 
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s.ignal output power. The output signal is delivered to the microwave 
transmitter at an intermediate repeater or to protection switching 
equipment at a main station. 

Transmitter. Figure 17-11 is a block diagram of a TH-3 microwave 
transmitter. The incoming IF signal is applied to the IF limiter 
amplifier which removes essentially all amplitude modulation ; the 
transmitter modulator converts the signal from the 70-MHz IF band 
to the appropriate RF channel frequency. 

The output signal from the transmitter modulator passes through 
the microwave distribution network to reach the transmitter micro
wave network. This bandpass network passes the upper sideband and 
reflects the lower sideband as well as other unwanted signal com
ponents which are dissipated in an isolator in the microwave distri
bution network. The transmitter microwave network is delay equalized 
to prevent the introduction of ampl.itude modulation which can be 
converted to signal distortion in the traveling wave tube ( TWT ) 
amplifier. 
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The TWT input network provides an impedance match between 
the transmitter microwave network and the TWT amplifier by the 
use of an isolator. The input network also contains an attenuator for 
controll ing the TWT input signal power. The test access port is 
available for measurement during this  adj ustment. 

The TWT amplifier provides a signal power of +40 dBm ( 10 watts ) 
at the output of the TWT output network, a microwave i ntegrated 
circuit similar to the TWT input network. The output network con
tains a low-pass filter to suppress harmonics in the TWT output signal . 
The amplifier is powered by a de-to-de converter that generates all 
the voltages required by the TWT. 

The test access port is used during the measurement and adj ustment 
of output power. The signal then enters the channel combining filter 
where it is combined with other channel signals for transmission. The 
output of the channel combining filter is transmitted to the antenna 
through system combining networks not shown in Figure 17-1 1 .  
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Carrier Supply and Distribution. In the TH-3 system, the received and 
transmitted channel frequencies differ by 252 MHz ; the local oscillator 
signal is always 70 MHz below the center frequency of the channel. 
At i ntermediate repeaters, the microwave generator is shared by the 
transmitter and receiver in  the same bay. This differs from the TH-1 
design where a common microwave carrier supply is used for an entire 
office or repeater station. 

A block diagram of the repeater microwave generator signal dis
tribution arrangement is shown in Figure 17-12. The microwave 
generator delivers a nominal 1-GHz signal as a multiple of a crystal
controlled signal at about 125 MHz. The exact frequencies depend on 
the required channel frequency. The output of the generator is trans-

� circulator 
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generator 
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mu ltiplier 

Microwave 
filter 

Shift 
oscillator 

(252 MHz) 
Shift 

modulator 

Microwave distribution 
network 

To transmitter 
microwave 
network 

To 
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microwave 

filter 

Figure 1 7-1 2. Local oscil lator signal  distribution for TH-3 repeater bay. 
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lated to the 6-GHz band by a single step of multiplication and passed 
through the microwave filter to remove unwanted signal components. 

The signal passes to the microwave distribution network which is 
made up of a number of circulators and isolators. O ne portion of the 
microwave generator signal is distributed directly to the transmitter 
modulator by this network. The other portion is provided for the 
receiver modulator. This signal must be shifted 252 MHz above or 
below the transmitter frequency depending on whether the repeater 
is of a low-high or a high-low configuration. The frequency change is 
accomplished by the shift modulator driven by the 252-MHz shift 
oscillator. 

If the system is provided with an auxil iary channel for the trans
mission of order-wire, surveillance, control, and other special purpose 
signals, the signal is transmitted through an auxiliary channel modu
lator [12] . This unit is used to frequency modulate the microwave 
carrier with an amplitude-modulated 1 1 .38-MHz carrier. 

Ma in Station Repeater 

The main station microwave receiver and transmitter equipment is  
identical to that found at  intermediate repeaters ; however, it  is ar
ranged differently. At a main station, the receiver and transmitter for 
one route direction are mounted in a single bay. This arrangement, 
shown in Figure 17-3, provides administrative convenience and im
proved reliability. 

The principal equipment change resulting from this difference in 
layout is that the distribution of the local oscillator signal departs 
significantly from that used at intermediate repeaters. The signal dis
tribution arrangement, shown in  Figure 17-13, involves the separation 
of the generation and distribution of transmitter and receiver local 
oscillator signals to improve system reliability. If the single generator 
used at intermediate repeaters were used at main stations, its failure 
or removal for maintenance would affect both directions and, as a 
result, a protection channel would have to be used simultaneously in 
both directions. 

TCI Library: www.telephonecollectors.info



Chap. 1 7  long-Haul  Systems 

� Isolator 

� Circulator 

To transmitter �-+---. microwave 
network 

To 

Jo---t--.. transmitter 
modulator 

To 
meter 

To meter --t4--t--... and 
alarm 

To receiver 1----1--� microwave 

Microwave distribution 
network 

filter 
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1 7-3 THE TH-1 SYSTEM 

469 

With the intensive use of the 4-GHz common carrier band that built 
up during the 1950s, it became necessary to exploit the 6-GHz band. 
The first system designed for 6-GHz application was the TH system, 
later designated TH-1 . While it is no longer manufactured, many 
systems are in service throughout the United States. 

Except for the TH automatic switching ( THAS ) system described 
in Chapter 1 5, the circuits in TH-1 originally were all based on elec
tron tube technology. The solid-state receiver modulator and IF pre
amplifier circuit of the TH-3 system has been .incorporated in TH-1 
to improve thermal noise performance and increase fade margin. In 
addition, the original electron tube-type FM terminals have all been 
replaced by solid-state equipment. 
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During the development program, every effort was made to optimize 
the performance of the TH-1 rather than to accommodate its perfor
mance to the existing environment of the 4-GHz TD-2 systems. As a 
result, the intermediate frequency band was established at 74.1  MHz 
rather than at 70 MHz as in TD-2. Although 74. 1 MHz is ideal for 
easing filter requirements and minimizing intrasystem microv;ave 
leakage interferences, experience has shown the overall system ad
ministrative desirability of the 70-MHz IF band as standard. If the 
intermediate frequency of a system provides protection or restora
tion channels for a system that uses a different intermediate fre
quency, the IF bands must be shifted accordingly. Such a shift is  
accomplished by operating FM terminals back-to-back as discussed in 
Chapter 15. 

System Considerations 

The TH-1 system was initially intended to carry theater-grade tele
vision signals ( 10-MHz baseband ) or telephone circuits to supplement 
circuit needs in areas where the 4-G Hz spectrum of the TD-2 system 
had become congested. System objectives were approximately the same 
as those then applied to other long-haul systems in respect to noise 
performance and, in addition, were to provide maximum utilization 
of the 6-GHz spectrum ( 5.925 to 6.425 GHz ) [ 1 3 ] . 

System Layout. A typical TH-1 system consists of transmitter main 
station equipment, intermediate repeater stations, and receiving main 
station equipment. A baseband signal source, an entrance link, an FM 
terminal transmitter, and a radio transmitter comprise the trans
mitting main station equipment. These units are complemented at 
the receiving end by the radio receiver, FM terminal receiver, and 
baseband receiving equipment. Intermediate repeaters are of the IF
heterodyne type. Since the entrance links at the terminal stations 
operate at baseband, FM terminal transmitters and receivers may be 
located in close proximity to the radio equipment. 

Frequency Plans. The frequency plan described previously as the 
regular plan for the TH-3 system was introduced with the TH-1 
system. However, provision was made for additional auxil iary chan
nels for the transmission of order-wire, alarm, and switching system 
control signals. Figure 17-14 shows the RF channel allocations and, 
in addition, shows the locations and polarizations of the auxiliary 
channels. 
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Auxiliary Channels. The TH-1 automatic protection switching system 
(THAS) requires a communication link for signalling from each 
intermediate repeater to the transmitting end of the switching section. 
These requirements are fulfilled by the provision of two 100-kHz radio 
channels which accommodate 16 single-frequency protection switch
ing system control signals and four voiceband channels for each direc
tion of transmission [14] . The latter channels are placed in the auxil
iary channel spectrum between 80 and 96 kHz using ON-type carrier 
terminal equipment. The 16 switching system control signals are 
spaced 1 kHz apart in the baseband between 20.5 and 35.5 kHz. The 
RF allocations of the auxiliary channels place them at the high and 
low ends of the two halves of the 6-GHz band allotted to the two 
directions of transmission as shown in Figure 17-14. 

In combined TD/TH-1 system installations, the TH-1 auxiliary 
channels may be used to provide voiceband communications for both 
radio systems. In other installations, the TH-1 needs are filled · by 
voiceband circuits initially supplied for the TD-type system. 

Antennas. The development of the horn reflector antenna was in 
part stimulated by the planned introduction of the TH-1 system and 
by the recognition that substantial radio system economies could be 
realized if an antenna could be shared by 4-, 6-, and 11-GHz systems. 
The horn reflector not only achieved this goal but, together with a 
circular waveguide feed arrangement, also permitted the transmission 
of cross-polarized signals in each of the bands. The combination of 
these characteristics permitted close RF channel spacings and adequ
ate discrimination between adjacent channels. Separate antennas are 
provided for transmitting and receiving. 

Repeaters 

Figure 17-15 is a block diagram of the TH-1 radio receiver. The 
desired incoming RF signal is  selected by the channel separation net
work and, after additional filtering by the channel bandpass filter, it 
is applied to the receiver modulator. The incoming RF signal is m.ixed 
in the modulator with a local oscillator signal to produce an IF signal 
centered at 74.1 MHz. 

The IF signal is amplified, first in an IF preamplifier and then in 
the IF main amplifier in the receiver. An automatic gain control cir
cuit maintains a constant +8 dBm signal amplitude at the amplifier 
output for an input signal range of -8 to -43 dBm. The circuit is 
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also arranged to produce an initiating signal for the protection switch
ing system when the IF signal amplitude exceeds the AGC range by 
predetermined amounts. 

The output signal is delay equalized and then delivered to terminal 
circuits, if required at that station, or to the radio transmitter, if at 
an intermediate repeater. The output pad is adj usted in order to 
deliver the proper signal amplitude at the input to the terminal circuits 
or radio transmitter. 

The nominal signal amplitude of -24 dBm received from the chan
nel separation network at the input to the receiver is based on a 
typical section loss of 64 dB. If the path is short and the received 
signal amplitude is too high, it is brought within an acceptable range 
by a pad (not shown in Figure 17-15)  placed either in the common 
receiving waveguide or in the transmitting waveguide at the preceding 
repeater, depending on intersystem interference considerations. The 
local oscillator signal applied to the receiver modulator is received 
from a common microwave carrier supply, shifted in frequency as 
required, and filtered by the carrier supply filter and the low-pass 
filter to remove unwanted signal components. 
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The radio transmitter is shown in the block diagram of Figure 17-1 6. 
A 74.1 MHz IF signal is delivered from terminal equipment (at a 
terminal station) or from a radio receiver ( at an intermediate re
peater) .  It is amplified and limited at the transmitter input in order 
to remove amplitude modulation from the FM signal. 
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Figure 1 7- 1 6. TH- 1 radio transmitter. 

Channel 
combining 
networks 

The amplifier limiter has a detection circuit that controls the in
sertion of a local carrier from the IF carrier resupply circuit. In 
the event of equipment failure or a deep fade that might effectively 
remove the input signal, an IF resupply carrier is generated to simu-
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late a working signal in succeeding circuits in order to l imit the noise 
resulting from the loss of gain control. 

The IF signal from the amplifier l imiter is passed through the 
carrier resupply circuit (with little attenuation) to the transmitter 
modulator. After it passes through a buffer amplifier, the signal i s  
mixed with the beat-oscillator signal i n  a low-loss balanced modulator 
which translates the signal to the appropriate RF channel frequencies. 
The desired sideband is selected by the channel bandpass filter and 
applied to the TWT transmitting amplifier. This amplifier typically 
provides about 32 dB of gain and an output signal power of +40 dBm 
( 10 watts) .  

After additional filtering, the signal passes through an isolator that 
provides a termination for the channel combining network where the 
signal is combined with other channel signals for transmission to the 
antenna. A power monitor circuit provides a visual indication of the 
isolator output power and provides an alarm if the signal power drops 
by more than a predetermined amount. 

The local oscillator signal is supplied from the same microwave 
carrier as that used for the receiver. Since a relatively high oscillator 
signal power is required, a TWT amplifier is used to provide this  
power. The local oscillator signal path is filtered to  suppress noise 
and unwanted signal components. 

REFERENCES 

1 .  Friis, R. W. and A. S. May. "A New Broadband Microwave Antenna System,t• 
AlEE Electrical Engineering, (June 1 958 ) , pp. 502-506. 

2.  Roetken, A. A., K. D. Smith, and R. W. F riis. "The TD-2 Microwave Radio 
Relay System," Bell System Tech. J., Vol. 30 ( Oct. 1951 ) ,  pp. 1041-1077. 

3 .  Hathaway, S.  D., W. G. Hensel, D. R. Jordan, and R. C.  Prime. "The TD-3 
Microwave Radio Relay System," Bell System Tech. J., Vol. 47 ( Sept. 1968 ) , 
pp. 1 1 43-1188. 

4. Curtis, H .  E. ,  T. R. D. Collins, and B.  C.  Jamison. "Interstitial Channels for 
Doubling TD-2 Radio System Capacity," Bell System Tech. J., Vol. 39 ( Nov. 
1960 ) ' pp. 1505-1527. 

5 .  Technical Staff of Bell Telephone Laboratories. Transmission Systems for 
Communications, Fourth Edition ( Winston-Salem, N.C. : Western Electric 
Company, Inc., 1970 ) , Chapter 22. 

6. Jensen, R. M., R. E. Rowe, and R. E.  Sherman. "TD-3 System-Microwave 
Transmitter and Receiver," Bell System Tech. J., Vol. 47 ( Sept. 1 9 68 ) ,  
pp. 1 189-1225. 

TCI Library: www.telephonecollectors.info



476 Analog Radio Systems Vol. 2 

7. Hamori, A. and P. L. Penney. " Transmitter Modulator and Receiver Shift 
Modulator," Bell System Tech. J., Vol. 47 ( Sept. 1968 ) , pp. 1289-1299. 

8. Berger, U. S. "TD-2 : Eighteen Years and Still Growing," Bell Laboratories 
Record, (July/Aug. 1968 ) , pp. 211-216. 

9. Jan sen, R. M. and R. C. Prime. "TH-3 Microwave Radio System : System 
Considerations," Bell System Tech. J., Vol. 50 ( Sept. 1971 ) ,  pp. 2085-2116. 

10. Seastrand, K. L. and D. S. Williams. "TH-3 Medium Haul Application : 
System Considerations," Bell System Tech. J., Vol. 50 ( Sept. 1971 ) , pp. 
2271-2285. 

11. Hamori, A. and R. M .  Jensen. "The TH-3 Microwave Radio System : Micro
wave Transmitter and Receiver," Bell System Tech. J., Vol. 50 ( S ept. 1971 ) , 
pp. 2 1 17-2135. 

12. Knapp, J .  W. and K. L. Seastrand. "TH-3 Medium-Haul Application : 
Frequency-Diplexed Auxiliary Channel," Bell System Tech. J., Vol. 50 ( Sept. 
1971 ) '  pp. 2287-2313. 

13. Kinzer, J.  P. and J. F. Laidig. " Engineering Aspects of the TH Microwave 
Radio Relay System," Bell System Tech. J., Vol. 40 ( Nov. 1961 ) ,  pp. 1459-
1494. 

14. Hatch, R .  W. and P. R. Wickliffe. "Auxiliary Radio Channels for the TH 
Radio Relay System," Bell System Tech. J., Vol. 40 ( Nov. 1961 ) ,  pp. 1 647-
1663. 

15. Sproul, P. T. and H .  D. Griffiths. "The TH Broadband Radio Transmitter and 
Receiver," Bell System Tech. J., Vol. 40 ( Nov. 1961 ) ,  pp. 1521-1568. 

TCI Library: www.telephonecollectors.info



Analog Radio Systems 

Chapter 1 8  

Domestic Satel l ite Communications 

Communications satellite systems are generally categorized by the 
type of orbit of the space vehicle and by the type of service provided. 
The type of orbit most commonly used is the geosynchronous orbit i n  
which the satellite is  at a distance o f  about 22,300 statute miles from 
the earth so that its orbital period j ust equals the period of rotation 
of the earth. The plane of this orbit must have very little inclination 
with respect to the equatorial plane of the earth and the direction of 
rotation of the satellite about the earth's axis must be the same as 
that of the earth. 

A special case of the geosynchronous orbit is the geostationary 
orbit in which the inclination is zero. These terms are sometimes used 
interchangeably even though it is not practicable to maintain zero 
inclination. The advantage of the geosynchronous orbit is that the 
satellites appear to be essentially stationary from any point on the 
earth. This provides continuous visibility, eliminates the need for 
tracking by earth stations with small diameter antennas that have 
relatively wide beam widths, and eases the tracking requirements 
for even the largest narrow-beam earth station antennas. The dis
advantages of the geosynchronous orbit are limited visibil ity to the 
higher latitudes and the high satellite altitude. The resulting trans
mission path length causes long transmission delay and high trans
mission loss compared to low altitude satellites. Furthermore, the 
number of orbital position assignments for coverage of the 50 states 
at 4 and 6 GHz is limited because of interference restrictions. 

There are a few cases where other orbits are used to meet special 
needs. The Russian MOLNIYA satellites, for instance, use an inclined,. 
highly eliptical, 12-hour orbit because of the difficulty in launching an 
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equatorial spacecraft from Russia. In addition, a geosynchronous 
satellite would have limited visibility in the northern areas of 
Russia [ 1 ] . 

Service categories include Fixed Satellite, Mobile Satellite, and 
Broadcasting Satellite. In Fixed Satellite Service, the satellites are 
used to interconnect fixed earth stations* for the purpose of providing 
any of the types of services normally provided by terrestrial systems, 
such as telephony, record communications, and television distribution. 
In Mobile Satellite Service, the satellites are used to connect moving 
vehicles to a fixed earth station or to other movi ng veh i�le�, usual ly 
by way of the fixed earth stations. The broad area covered by the 
transmitted radio waves of orbiting satellites makes them particularly 
useful for communication with ships on the high seas and with air
craft flying over the oceans. In Broadcasting Satellite Service, satel
lites receive television and radio program material from one or more 
earth stations for rebroadcast to receivers in the area covered by the 
satellites. At the present time, many of the receivers are of the com
munity type ; they receive the program material from the satellite for 
redistribution by over-the-air broadcasting or by cable to a local 
service region. As the state of the art progresses, direct broadcasting 
to home receivers using inexpensive antenna systems, inexpensive 
converters, or both may become practicable. 

Fixed Satell ite Service is the only one of these services directly in
volved in  providing network telecommunications services. Thus, the 
remainder of this discussion is devoted to a review of regulatory 
matters, space vehicle considerations, transmission equipment, and 
transmission characteristics for Fixed Satellite Service. 

1 8- 1  I NTERNATIONAl AND DOMESTIC REGUlATION 

The design of communication satellite systems is  influenced more 
than that of any other form of domestic communication system by 
national and international Radio Regulations and Recommendations 
of the International Telephone and Telegraph Consultative Committee 
( CCITT) and the International Radio Consultative Committee 
( CCIR) . As with all radio systems in the United States, frequency 
bands for satellite services are allocated by the Federal Communica
tions Commission ( FC C )  in general conformance with the allocations 

*The term earth station is used to designate an earth terminal of a satellite 
communication system as distinguished from the repeater stations of a terrestrial 
transmission system. 
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appearing in the Radio Regulations of the International Telecommuni
cation Union ( ITU) , a specialized agency of the United Nations. 

Many frequencies have been allocated for satellite communica
tions [2] . Some of the frequency bands now used by common carriers 
for domestic satellite systems are the same as those commonly used 
for terrestrial systems at 4 and 6 GHz. Although most other frequency 
bands that have been assigned for satellite systems, including the 
1 1-GHz band, have not yet been exploited, they are being investi
gated. Experimental satellites that operate at 12 and 14 GHz have 
been launched and commercial satellites are planned for operation 
at these frequencies. 

Since the frequency allocations are shared with radio systems of 
other services, it has been necessary to establish certain constraining 
rules with regard to the operations of communications satellites and 
associated earth stations. Among these rules, as modified by the FCC, 
are the following : 

( 1 )  The frequency tolerance of each earth station transmitter shall 
be ± 0.00 1 % .  

(2 ) The frequency tolerance of each space station transmitter shall 
be ± 0.002 % .  

( 3 )  Emission originating within but measured outside an RF chan
nel is expressed in terms of the mean power measured in any 
4-kHz band outside the RF channel. The limit is a function of 
the frequency separation between the 4-kHz channel in which 
the measurement is made and the center frequency of the RF 
channel i n  which the emission originates and is expressed i n  
d B  below the mean output power o f  the transmitter in  the 
originating RF channel as follows : 

SEPARATION FROM 
C ENTER FREQUENCY 

O F  ORIGI NATI NG RF  CHANNEL 

50 % to 100 % of originating 
channel bandwidth 

100 % to 250 % of originating 
channel bandwidth 

More than 250 % of originating 
channel bandwidth 

M I N IMUM ATTEN U ATION BELOW 
MEAN OUTPUT POWER OF 

ORIGI NATING RF  CHANNEL  

25 dB 

35 dB 

43 dB + 10 log W* 

•w is the output power in watts in the originating channel. When emission 
outside the originating channel causes harmful interference, the FCC may 
require greater attenuation than that specified above. 
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( 4 )  Sites and frequencies for earth stations that operate in fre
quency bands shared by terrestrial and space services shall be 
selected to the extent practicable so that the surrounding terrain 
and existing frequency usage minimize the possibility of harm
ful interference between the sharing services. 

( 5 )  Within the band between 5925 and 6425 MHz, the mean effective 
radiated power transmitted in any direction in the horizontal 
plane by a communications-satellite earth station shall not ex
ceed a value of 45 dB above 1 watt ( +45 dBW) in any 4-kHz 
band. 

( 6 )  Within the band between 5925 and 6425 MHz, earth station 
antennas shall not normally be authorized for transmission at 
elevation angles less than five degrees as measured from the 
horizontal plane to the central axis of the main lobe. ( Certain 
exceptions to this rule are noted in the Rules. ) 

( 7 )  The total power flux density (watts per hertz per square meter) 
at the earth's surface, produced by emission from a communica
tions-satellite space station, where wide-deviation frequency 
(or phase) modulation is used, shall in no case exceed a value 
of - 130 dBW per square meter for all  angles of arrival. This 
is essentially a limit on the flux density received from an un
modulated RF carrier. If necessary, such signals shall also be 
continuously modulated by a suitable waveform, so · that the 
power flux density shall not exceed - 149 dBW per square meter 
in any 4-kHz band for all angles of arrival. 

( 8 )  No directional transmitting antenna utilized by a terrestrial 
station operating in the band between 5925 and 6425 MHz shall 
be aimed within two degrees of the geostationary satellite orbit, 
taking into account atmospheric refraction. 

These regulations obviously affect system design parameters. Most 
present-day communications satellites merely amplify and translate 
the frequency of a received signal for retransmission to earth. In 
such a system, the only way to control power flux density is by con
trolling the modulation at the transmitting earth station. In the usual 
design, the spreading of power flux normally meets the rules when a 
time or frequency division multiplex signal or a television signal is  
applied to the earth station transmitter. However, during nonbusy 
periods with a frequency division multiplex signal or when a tele-
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vision signal is all-black, most of the RF energy is concentrated in 
the region near the carrier frequency and the maximum flux density 
requirements may be exceeded. In analog FM systems, this problem 
is usually solved by applying to the earth station carrier a sawtooth 
modulating signal adequate to meet the flux density requirements 
during quiescent signal periods. 

The elevation angle rules for earth stations establish t;he limits of 
visibility of the satellites. This is  generally not a controlling factor 
since very low receiving elevation angles increase the system noise 
unacceptably. 

1 8-2 SPACE VEHICLE CONSIDERATIONS 

Communications satellite system design can be divided into two 
distinct parts, the space segment and earth stations. Although the 
two parts must be designed together if they are to operate as a system,. 
certain elements of each can be considered independently. 

The space segment consists of the satellite (s )  and the tracking, 
telemetry and control (TT&C ) station located on the earth. The TT&C 
station, as the name implies, tracks the satellite (s ) , receives telemetry 
information from them, and transmits control signals to them. These 
stations can be and often are designed and provided by the satellite 
vendor. They may be incorporated into or collocated with a communi
cation earth station or they may be operated as separate entities. The 
TT&C functions are not considered further here since the operation 
of the communication system is not affected when they are properly 
performed. 

The satellites, on the other hand, are a vital part of the transmis
sion path and their physical as well as their electrical performance 
must be considered. Each satellite is moving and must be stabilized 
if adequate communications performance is to be realized. 

Sate l l ite Stabi l ization 

Early experimental, active, communications satellites such as 
Telsta:r®, Syncom, and Relay were nongeosynchronous low-orbit space 
vehicles. They were spin-stabilized, as is a bullet, by rotation around 
an axis that maintained a fixed relation to the earth's axis. This elimi
nated tumbling and kept the axis properly oriented. However, com
munications were l imited because directional antennas could not be 
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aimed toward the earth. Since weight and therefore power are precious 
parameters in space, this mode of satellite operation severely limited 
transmission system performance. This type of spinning action for 
stabilization has been replaced by either of two methods that permit 
highly directional antennas to be employed. These are called the 
double-spin configuration and the three-axis stabilization technique. 

In the double-spin configuration, the satellite is spun at a rate of 
50 to 100 revolutions per minute. The antenna platform is motor 
driven in the opposite direction at the same rotation rate. Depending 
tlpon the mechanical design and mass distribution of the satellite, the 
spin rate necessary to achieve stability can be critical. Damping 
mechanisms are commonly employed to eliminate "wobble" or nuta
tion. On-board earth sensors are used to control the motor speed. 
Thus, the antennas appear to be stationary with respect to a given 
point on the earth. This permits high-gain antennas to be used on 
board the satellites. Pointing accuracies in the east-west direction (the 
direction of rotation) much better than 0.1 degree can be obtained 
easily. 

With three-axis stabilization, flywheels on board the spacecraft 
rotate at high speed to provide stability in all three axes. This makes 
the exterior of the spacecraft appear to be fixed (within a few hun
dredths of a degree) with respect to a given point on the earth. 

Each of these methods of stabil ization has advantages and disad
vantages ; size and weight of the spacecraft, stability requirements 
during orbital maneuvers, reliability, cost, and prime power require
ments are some of the items that influence the choice of the method 
used. Even with three-axis stabilization, rotating j oints are needed 
on the solar panels to keep them pointing toward the sun. As long as 
the satell ite meets specified stability requirements and the stability 
accuracy is known, the communication system design is not directly 
affected by the stabilization methods employed. 

Station Keeping 

Important items of spacecraft design include the ability to keep the 
station, or satellite, in orbit at its assigned longitude and in the proper 
inclination. The need for such controls is the result of orbital per
turbations that prevent satellites from maintaining geostationary 
orbits. Corrections to counteract these perturbations, called station 
keeping, are usually made by firing gas jets on board the satellite. 
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The fuel most commonly used today for these jets is hydrazine and 
the life of the satellite is strongly influenced by the amount of fuel 
required to attain the initial assigned geosynchronous orbital position 
and to maintain the required orbital position accuracy. Earth station 
antenna positioning requirements are, of course, keyed to the station 
keeping accuracy of the satellites. 

Satel l ite L ifetime 

Either of two maj or factors, depletion or catastrophic failure, may 
determine the life of a communications satellite. The probability of 
service outage due to catastrophic failure is minimized by careful 
design, redundancy, and the selection of subsystems and components 
by preflight qualification and by thorough testing as the satellite is  
assembled. 

The major depletion components in a satellite are solar cells and 
the supply of fuel for control purposes. The electrical power used by 
present-day satellites is derived from solar cells with battery backup 
for periods of eclipse ( i .e. when the satellite is in the earth's shadow) . 
The solar cells deteriorate with time due to solar bombardment. There
fore, the power available from the solar cells is quoted in terms of 
beginning-of-life and end-of-life watts. The amount required for a 
given lifetime has an impact on the total weight of the spacecraft. 
These factors (solar cell life and fuel requirements) are usually 
balanced against each other within the overall vehicle load require
ments and the constraint of the launch vehicle capability to give a 
predicted lifetime of seven to ten years. So far, most communication 
satellite failures ( total or partial ) have been due to component failures 
rather than exhaustion of fuel or the decay of solar cells. 

lau nch Vehicles 

The choice of vehicles for placing communications satellites in orbit 
is limited to those generally available from the National Aeronautics 
and Space Administration (NASA ) . Development of a special vehicle 
for a specific class of satellites would be very expensive ; therefore, 
the satellites are generally designed to fit the weight limits and 
physical dimensions of available launch vehicles. 

At present, the choice is limited essentially to vehicles capable of 
carrying loads of up to 2000 pounds, with fairing envelopes that can 
accommodate spacecraft up to 8 feet in diameter and 15 feet long, or 
up to 4100 pounds with the abi lity to accommodate spacecraft up to 
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9 feet 3 inches in diameter and 30 feet long. These weight capacities 
include the apogee kick motor and fuel needed to achieve a truly 
synchronous orbit. The fairing envelopes are not themselves cyl indri
cal throughout. 

The cost of the launch vehicle is a major portion of the total invest
ment in the space segment of a communication satellite system. There 
is hope that the space shuttle, now under development by NASA, will 
reduce launch costs. The shuttle will be a reusable vehicle for inserting 
very large satellites into a "parking" orbit about 160 miles above the 
earth. The total load on any mission might be made up of Heveral 
smaller loads ; for instance, it might consist of three communications 
satellites each with its own propulsion unit. The shuttle is expected 
to be operational by 1980. 

Existing space vehicles are to be phased out gradually. Since the 
space shuttle essentially replaces only the booster section of the present 
space vehicles, the equivalent of the second stage ( sometimes called 
a perigee kick motor) must be developed so that a geosynchronous 
satellite can be placed into a transfer orbit. A third-stage apogee kick 
motor is required for injection into a synchronous orbit and removal 
of inclination. Presently, the apogee motor is built into the satellites 
but there is no compelling reason for this feature. 

The space shuttle is expected to have cargo space 15 feet in diameter 
and 60 feet long with a load capacity of 65,000 pounds. The shuttle 
will carry several communication satellites and will be capable of 
being positioned accurately before each satellite is ejected into space 
from the shuttle. 

1 8-3 SATELliTE TRANSMISSION EQUIPMENT 

The design and development of satellites and satellite communica
tion systems is a rapidly growing and changing field. Equipment 
design is subject to stringent requirements derived from the space 
environment and stresses of launch and orbital adj ustment and 
control. 

Major Equipment Items 

Most present day communication satellites use the 4-GHz common 
carrier band for downlink transmission from the satellite and the 
6-GHz common carrier band for uplink transmission to the satellite. 
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This mode of operation facilitates signal separation in the two direc
tions of transmission and mitigates intersystem interference. Circuit 
arrangements are similar in concept to those of terrestrial radio relay 
stations except for the rather large frequency shift necessary to utilize 
these frequencies in  the manner indicated. The 500-MHz RF channel 
bands are divided into 40-MHz segments. The equipment used to re
ceive signals at 6-GHz and then to amplify, translate in frequency, and 
retransmit in a corresponding 40-MHz segment in the 4-GHz band 
is known as a transponder. Satellites are sometimes classified by the 
number of transponders they contain. 

Most communications satellites have been designed for FM trans
mission. However, they retransmit multiple carriers or signals of any 
type of modulation that fall within the pass bands of the transponders. 
Depending upon the l inearity of the major equipment items, trans
mission of other than FM signals is likely to require some reduction 
of signal amplitudes to avoid saturation and intermodulation effects. 
Communication satellite equipment must be qualified to operate in 
the space environment, light in weight, and equipped with sufficient 
redundancy and protection switching so that its design life objectives 
can be achieved. 

Communication satellites are equipped with antennas having suffi
cient gain at superhigh frequencies to cover the land areas of interest. 
The wideband receivers include a low-noise solid-state RF amplifier, 
a frequency translator, and a driver amplifier. Light-weight filters 
with phase equalization are used to separate the receiver output signal 
into bandwidths that correspond to those of the transponders. Each 
transponder may have a separate traveling wave tube output amplifier. 
Command and control receivers and telemetry transmitting equip
ment for communicating with the TT&C stations are also provided. 
Separate beacon transmitters for tracking are also often included. 

Frequency band utilization and capacity is doubled by the use of 
orthogonal linear polarization techniques or by using left- and right
hand circular polarization. The former is employed in the 24-trans
ponder Comstar* ( AT&T) and Satcom ( RCA) designs. Doubling of 
the frequency band capacity by the use of spot, or very narrow, beams 

*Comstar, a communication satellite designed and built to AT&T Co. specifica
tions for joint domestic service by AT&T and the General Telephone and Elec
tronics Satellite Corp. ( GSAT} . 
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has limitations at 4 and 6 GHz because of launch vehicle fairing-size 
restrictions ( unless antennas which unfold after launch are used) but 
frequency reuse by the spot-beam technique has been widely advocated 
for higher frequency satellite design [3] . 

Ground controlled switching of a number of equipment units, in
cluding antenna feed horns, can be used both to increase the flexibility 
of a communication satellite system and to provide for maj or com
ponent substitution in the event of equipment failure. Ground control 
of the gain of the satellite receiver is also very desirable to balance 
the performance of the up- and downlinks over a wide range of earth 
station antenna sizes and for single- or multiple-carrier operation 
of the transponders. Such control can greatly increase the capacity 
and efficiency of a satellite used i n  several different operating 
configurations. 

Satellites can be designed for many different types of modulation. 
Today, most employ FM/FDM techniques with either single or multi
ple carriers per transponder but single channel per carrier (SCPC ) , 
demand assignment multiple access ( DAMA ) , and time division 
multiple access (TDMA) techniques are also used, With the advent of 
the space shuttle, new digital techniques and new high-frequency 
active devices and satellite technology can be expected to evolve 
rapidly. 

Redundancy is used to help insure that a communication satellite 
reaches its design lifetime. However, it does add weight and cost ; 
furthermore, the switches used can be a source of failure. In the 
Comstar satellite design, redundancy has been provided to protect 
major equipment items that are common to more then one tran
sponder. It also may be used with equipment items whose mean time 
between failures would otherwise limit satellite reliability. Redun
dancy is particularly important to assure reliabil ity of the TT&C 
system. 

Comstar Satel l ite Design 

The Comstar satellites are designed for a life span of seven years. 
Their overall length is 20 feet, diameter 8 feet, weight before lift-off 
3342 pounds, and weight in orbit 1787 pounds. About 560 watts of 
direct current power are provided by 17,000 solar cells. Nickel
cadmium batteries power the satellites during solar eclipse periods. 
As previously mentioned, orthogonal linear cross polarization is used 
effectively to double the transmission capacity of the satellite. 

TCI Library: www.telephonecollectors.info



Chap. 1 8  Domestic Satel l ite Communications 487 

It can be seen in Figure 18-1 that switches, operated from ground 
stations, can transfer receivers. Three of the four receivers must fail 
before any capacity is lost. In addition, the four-step attenuators 
shown in each transponder can effectively change the gain  of the up
link ; these attenuators are also controlled from the ground. This is 
the first use of this principle in a domestic satellite to balance the up
and downlink noise and crosstalk contributions. It permits maximizing 
the performance and capacity of individual transponders for single 
or multiple carrier operation and for a wide range of earth station 
antenna sizes. 

As may be seen from Figure 18-1 all 24 transponders can be used 
between points in the contiguous 48 states (often designated CONUS ) . 
The 24 transponders are arranged into four sets of six. Three of 
these sets are equipped with either S- or T-type switches which allow 
the associated transponder output .signal to illuminate either the 
CONUS or spot-beam antenna feed systems or both. Spot-beam an
tenna feed systems can illuminate Alaska, Hawaii ,  and Puerto Rico . 
The S-type switches allow the signals to illuminate either the CONUS 
or a spot-beam antenna feed and provide the same equivalent isotropic 
radiated power ( EIRP) illumination to either coverage area. The 
T-type switches perform the same function as the S-type switches and 
have an additional switch position that allows the CONUS and spot
beam coverage areas to be illuminated simultaneously (with a 2-dB 
reduction of E IRP ) . Both switch types are controlled by ground com
mands. They may be individually operated to allow signals from any 
one of six transponders to illuminate the appropriate spot-beam 
coverage area. 

Each transponder has the capacity for carrying 1500 one-way 4-kHz 
telephone circuits, two color television signals, or a data signal with a 
repetition rate in excess of 50 Mb/.s. These high signal capacities 
depend on the use of an AT&T earth station with an antenna 
30 meters in diameter. 

Circuits are also used (with ground controlled switching) to pro
vide beacon signals for satellite tracking. In addition, there are cir
cuits that provide millimeter wavelength signals to obtain important 
propagation information needed for the development of a higher 
capacity and more economical satellite system. 
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1 8-4 EARTH STATION EQUIPMENT 

A satellite communication system includes two earth stations, an 
intermediate satellite repeater, and the links that connect the earth 
stations with the telecommunications facility network. These links are 
provided by terrestrial facilities and need not be considered in detail 
insofar as the satellite system is concerned. They are usually short 
and thus contribute little impairment to the system but they must be 
engineered so that intersystem interference requirements are satisfied. 

Frequency Coordination 

As previously mentioned, communications satellite systems share 
frequency allocations with terrestrial common carrier microwave 
systems. This sharing of frequency bands requires careful coordina
tion to insure that neither service interferes with the other. The FCC 
Rules relating to satellite communications require that, before an 
application for an earth station may be filed, the proposed frequency 
usage must be coordinated with existing terrestrial stations and 
systems. 

In the coordination process, three potential sources of interference 
must be investigated. First, any earth station and any terrestrial 
station within 100 kilometers of each other must be coordinated in 
detail in a manner equivalent to a line-of-sight coordination for 
terrestrial microwave stations. Second, the FCC Rules prescribe a 
method for calculating a coordination contour for the proposed earth 
station. The proposed frequency usage must also be coordinated with 
all terrestrial stations which fall beyond 1 00 kilometers but within 
the contour. The terrain of the interference path determines if a 
l ine-of-sight or an over-the-horizon study must be made. The study 
must include an investigation of the possibility of interference due 
to tropospheric scatter propagation. Third, the Rules prescribe a 
method for calculating the potential interference caused by the scat
tering of energy by precipitation within the volume in space common 
to the beams of two antennas which intersect each other. The Rules 
also require that proposed frequency usage in terrestrial services be 
coordinated with all other users ( including satellite systems )  in the 
frequency bands involved prior to the filing of applications. 

Earth Station Transmission Equipment 

As in other communications systems, the limitations on  satellite 
system performance are noise and interference. The factors affecting 

TCI Library: www.telephonecollectors.info



490 Ana log Radio Systems Vol .  2 

the performance are the same as those which are of concern in any 
microwave radio system : antenna gain, receiver noise, modulation 
noise, and output power. Earth station antenna gain requirements are 
determined by the transmit power of the satellite, the nature of the 
service being provided, and the performance objectives. Antenna sizes 
in practical systems may vary from 30 meters in diameter for large 
capacity systems designed to meet CCITT noise objectives down to 
5 meters or less for those used for receive-only closed circuit video 
service. Feedhorns may be designed to transmit linear-polarized planar 
signals or to transmit circularly polarized signals. High-capacity 
systems may utilize orthogonal iinear polarizations. 

There is usually a need to track even a stable geostationary satell ite. 
Tracking may be automatic or manual. Large antennas with narrow 
beams generally require automatic tracking while small broadbeam 
antennas, which only need to be moved occasionally, may be pointed 
manually. 

The power transmitted by the satellite is often the most restrictive 
feature of a satellite system ; weight limitations in the space vehicle 
usually limit the size of the battery plant that can be used. For a given 
satellite transmitter power, the downlink performance is a function of 
earth station antenna size and receiver noise. The development of new 
solid-state devices for use in satellite system receivers has led to 
circuits having extremely low noise figures. Receivers employing such 
low-noise devices may be used in small or low-capacity earth stations, 
and, where more exacting noise requirements apply, receiver noise 
may be reduced to a minimum by cryogenic means. Such techniques 
are used in broadband satellite systems to achieve system operating 
noise temperatures as low as 60 kelvins. 

Other earth station equipment is typical of microwave receiving 
equipment in common usage. On the transmitting side, the modulators 
and up-converters are similar to those used in terrestrial microwave 
systems. The power amplifier, however, must produce signals of con
siderably higher output power than those allowed for terrestrial 
microwave services ; output power of several kilowatts is not unusual. 
Earth station equipment may also include FM deviators, digital RF 
modulators, analog or digital multiplex equipment, FM deviation 
converters, and the terminals of a terrestrial transmission connecting 
link of conventional design. 
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In the ultimate arrangement planned for the Comstar domestic 
satellite system, the earth stations will utilize either two or three 
30-meter diameter antennas .  One (or two) of the antennas are to 
provide service over one ( or two) independently operated satellites. 
The additional antenna, operating with a separate satellite in orbit, 
is to provide occasional service and protection against service outages 
that might be caused by satellite equipment failure or by the sun 
transit phenomemon, i .e., when the sun appears behind the satellite 
about the time of the spring and fall equinoxes. This method of service 
protection is a major factor in obtaining system reliability comparable 
to that of modern terrestrial transmission systems. 

The ground communications equipment at these stations has many 
advanced features. Among these is an automatic polarization control 
of transmitted and received signals that is required in order to pro
vide on-axis cross-polarization isolation of at least 25 dB between 
two orthogonally polarized signals at the same frequency in either 
band. The stations are arranged for unattended operation during 
periods when maintenance is not required. Protection switching 
systems are provided for transmitting and receiving equipment. 

Figure 18-2 is a block diagram of the principal transmission circuit 
components of the earth station in the ultimate format involving three 
antennas. The deviation converter, upconverter, and high-power am
plifier for each RF channel are protected by "hot standby" equipment 
that can protect up to six working circuits. The receiving circuits, 
which perform the inverse of the transmitting functions, are arranged 
in a manner quite similar to that found in the transmitting direction. 

The satellite and earth station circuits provide a high degree of 
isolation between transmitting and receiving directions of transmis
sion and between the two orthogonal linearly polarized signals in 
both the 4- and 6-GHz bands. However, compensation must be pro
vided for Faraday rotation effects caused by transmission of signals 
through the earth's magnetic field [ 4] . Such compensation is pro
vided by the antenna feed system shown in Figure 18-2 and, in 
somewhat greater detail, in Figure 18-3. 

The polarization of signals must be properly aligned with the re
ceiving antennas at the satellite and earth stations. The feed system 
compensates for the Faraday rotation effects on the 4-GHz downlink 
signals and adj usts the linearly polarized uplink signals at 6 GHz so 
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Figure 1 8-3. Block diagram of AT&T earth station antenna feed system.  

that they arrive at the satellite antennas at the proper angles to 
maintain maximum discrimination. 

Because of imperfections in the satellite and earth station antennas, 
the arriving vertical and horizontal signals are contaminated by a 
small cross-polarized component, i .e., they are slightly elliptical in 
polarization. In addition, they are not quite orthogonal to each other. 
The il¢ differential phase shifters of Figure 18-3 can be adj usted to 
remove the ellipticity, the ilR differential attenuators can be adj usted 
to make the vertical and horizontal signals orthogonal, and the LlTT 
phase shifters can be adj usted to make the vertical and horizontal 
signals conform to the vertical and horizontal outputs of the feed. 

Faraday rotation may occur as a result of solar emission and may 
rotate the 4-GHz signals as much as several degrees. Automatic track
ing of Ll1r is provided to follow the received signals and to rotate the 
transmitted signals in the opposite direction in expectation that they 
will arrive at the satellite in the proper geometrical relationship. 
Faraday rotation is  inversely proportional to frequency squared, so 
the transmitting rotation is - (3.950/6.175 ) 2  == -0.40625 of the ob
served receiving rotation. The frequencies 3.950 and 6. 175 GHz are 
the center frequencies of the 4- and 6-GHz bands respectively. The 
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feeds were designed to admit retrofits for ellipticity tracking should 
this prove necessary. 

1 8-5 TRANSMISSION SYSTEM CONSIDERATIONS 

The transmission design of a satellite communication system is 
similar to that of terrestrial microwave radio in some respects but 
quite different in others. *  The equipment in the satellite may be re
garded simply as a microwave repeater. Its functions are to provide 
gain to compensate for loss between transmitting and receiving earth 
station antennas and to produce a frequency shift between the 6-GHz 
band used for uplink transmission and the 4-G Hz band used for 
downlink transmission. As previously mentioned, other radio fre
quencies allocated to common carrier communication satellite use 
have not yet been used commercially. 

The great distances between earth and satel lite repeaters result  in 
high path loss and large transmission delays compared with terres
trial systems. As a result, the control of noise and echo are unique for 
this type of system and, together with the high cost of satellites, have 
resulted in the consideration of a number of speech processing tech
niques for improved performance and cost. 

link Transmission Characteristics 

The up- and downlinks to a satellite are each typically more than 
22,300 miles long compared with 25 to 35 miles for terrestrial micro
wave radio system paths. Attenuation is about 199 dB for the 6-GHz 
uplink and about 196 dB for the 4-GHz downlink. However, only 
small portions of the satellite link paths are in the earth's atmosphere 
and, as a result, problems due to atmospheric attenuation and multi
path fading are much less than those in terrestrial systems. However, 
tracking error must be considered for large antennas since the half
power beam width at 6 G Hz for a 30 meter antenna is slightly over 
0.1 degree. 

Frequency reuse requires a high degree of cross-polarization isola
tion. When orthogonal linearly polarized signals are transmitted, auto
matic polarization tracking is necessary to maintain such isolation. 
This procedure is not necessary with right- and left-hand circularly 

*The computations outlined were transmitted to the FCC as Attachment A of 
an AT&T submission, "Application for a Domestic Communications Satellite Sys
tem," March 29, 1973. 
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polarized systems. However, it appears to be more difficult to achieve 
a high degree of isolation between signals at the same frequency and 
having opposite circular polarization. 

The determination of transmission performance is dependent on a 
large number of variables that include the location of the earth station 
and the orbital position of the satellite. In the following discussion, 
the satellite system assumed is one that can serve earth stations at 
San Juan, Puerto Rico ; Honolulu, Hawaii ; Anchorage, Alaska ; and a 
number of others in the contiguous 48 states. The transmission values 
given are for a typical pair of l inks ( one up at 6 GHz and one down 
at 4 GHz) between Los Angeles and New York City. 

Upl ink  Transm ission.  The computation of transmission from an earth 
station to a satellite repeater requires a knowledge of gains and losses 
at 6 GHz of the transmitting equipment at the earth station, the 
transmission path, and the receiving equipment at the satellite. The 
computations are m ade on the basis of carrier-to-thermal noise ( C/N) 
ratios. The necessary transmitted power can be calculated from the 
satellite illumination necessary for the desired E IRP and the saturated 
flux density in an FM system. Full advantage is taken of the greater 
flexibility in design of earth station equipment since design restric
tions apply to the satellite repeater as a result of limitations on size, 
weight, and available power. 

Earth Station. Earth station transmitters operate typically at an 
output power in excess of 1 kW. For transmission from Los Angeles 
to New York, for example, the station power of +30.9 dBW, a feed 
line loss of 4.5 dB, and an antenna gain of 63.3 dB result in a value 
of + 89.7 dBW EIRP for each transmitted carrier [2] . The EIRP is  
not a true value of radiated power. It is rather an equivalent value 
stated in terms relative to the power that would be radiated for each 
carrier by an isotropic antenna. The above values are summarized in 
Figure 18-4. 

PARAMETER VALUE 

Transmitter output power 30.9 dBW 
Feed line loss 4.5 dB 
Antenna gain 63.3 dB 

EIRP per carrier 89.7 dBW 

Figure 1 8-4. Earth station EIRP per carrier for Los Angeles-to-New York uplink 
transmission. 
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Transmission Loss. The path loss at 6 GHz for the Los Angeles-to
New York uplink is 199.4 dB. In addition, allowance is made for 
0.3 dB loss due to earth station tracking error and 0 .1  dB for atmos
pheric attenuation. When these losses are combined with the 89.7 dBW 
EIRP for the transmitter, the isotropic received power (the power 
that would be received by an isotropic antenna) is found to be 
- 110. 1  dBW, as shown in Figure 1 8-5. The gain  of a one-square-meter 
antenna is 37.0 dB to give a satellite illumination, or flux density, of 
-73.1  dBW per square meter. This meets the Comsat General Corpo
ration requirement of -72.7 ± 1 .5 dBW per square meter for the 
satellite. 

PARAMETER VALUE 

EIRP per carrier 89.7 dBW 
Earth station tracking loss 0.3 dB 
Atmospheric attenuation 0.1 dB 
Path loss 199.4 dB 

Isotropic received power -110.1 dBW 

Figure 1 8-5. Isotropic received power for los Angeles-to-New York uplink 
transmission. 

Satellite. The signal is received at the satellite by an antenna having 
a gain of about 31 .1  dB. With off-axis and pointing losses totaling 
about 2.6 dB for the Los Angeles-to-New York uplink and a feed line 
loss of 3.8 dB, transmission from the antenna to the receiver has a 
gain of 24.7 dB. ( For Hawaiian and Puerto Rican channels, the feed 
line loss is 6.8 dB ; the 3 dB added loss is due to the use of two com
biners. ) 

Satellite system signal-to-noise performance is a sensitive function 
of temperature. It has been found convenient to express the transmis
sion properties of the receiving portions of the system as a gain-to
temperature ratio, G/T. The satellite receiving system operates at a 
noise temperature of 2140 kelvins, referred to the receiver input ; it 
includes a receiver noise temperature of 1850 kelvins. Thus, the re
ceiving system operates at a ratio, G/T == -8.6 dB as shown in 
Figure 18-6. The Communications Satell ite Corporation, Comsat, re
quirement for this parameter is a minimum of -9 dB relative to 
1 kelvin. 
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PARAMETER VALUE 

Antenna gain 31.1 dB 
Off -axis & pointing losses 2.6 dB 
Feed line loss 3.8 dB 
System noise temperature 33.3 dBK 

Receive G/T -8.6  dB 

Figure 1 8-6. Satel l ite receiver effects on los Angeles-to-New York uplink 
transmission. 

Carrier-to-Noise Ratio. The thermal noise power at the receiver 
input may be computed by 

Pa == 10 log (kTB X 103)  dBm 

where k is Boltzmann's constant ( 1.3805 X 10-23 j oule per kelvin) �  
T == 2140 is the noise temperature in kelvins, and B == 36 X 106 is 
the noise bandwidth in hertz. When all these values are combined 
with the -110.1 dBW isotropic received power, it is found that for 
Los Angeles-to-New York transmission, the uplink carrier-to-thermal 
noise ratio is C/N == 34.3 dB as summarized in Figure 18-7. Although 
computational details differ somewhat for other earth stations, the 
system is arranged to produce about the same C/N value for all 
uplinks. 

PARAMETER VALUE 

Isotropic received power from Figure 18-5 -110.1 dBW 
Received G IT from Figure 18-6 -8.6 dB 
Boltzmann's constant 228.6 dB 
Noise bandwidth 75.6 dB 

Uplink carrier-to-noise ratio 34.3 dB 

Figure 1 8-7. Uplink carrier-to-ncise ratio for los Angeles-to-New York transmission 
at 6 GHz. 

Downlink Transmission. Similar computations must be performed to 
determine the transmission over the 4-G Hz downlink. The design of 
this path is also related to the greater flexibility in earth station ar
rangements relative to those possible in the satellite. Transmitter 
power from the satellite is much lower than that attainable from 
the earth station. The design of the earth station results in an ex
tremely low receiver noise figure and higher antenna gain relative to 
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those of the satellite repeater. The earth station receiver system 
operates at a low noise temperature of about 60 kelvins. 

Satellite. The satellite transmitter operates at +7.0 dBW (5 watts) 
and, with a feed line loss of 1.3 dB, produces a power at the antenna 
feed of +5. 7 dBW ( +2. 7 dBW for Hawaiian and Puerto Rican trans
mission due to a 3 dB combiner loss) . The antenna gain is 30.3 dB, 
for Los Angeles-to-New York transmission, which is reduced to 
28.1 dB by off-axis loss. Thus, the EIRP per carrier is 28.1 + 5.7 = 
33.8 dBW as shown in Figure 18-8. 

PARAMETER VALUE 

Transmitter output power 7.0 dBW 
Feed line loss 1.3 dB 
Antenna gain 30.3 dB 
Off-axis and pointing losses 2.2 dB 

EIRP per carrier 33.8 dBW 

Figure 1 8-8. Satel l ite transmitting EIRP per carrier for Los Angeles-to-New York 
downlink transmission. 

Transmission Loss. The satell ite-to-earth path loss at 4 GHz for 
transmission from Los Angeles to New York is 196.4 dB to which 
0.1 dB must be added for atmospheric attenuation. With 33.8 dBW 
for the EIRP value, the resulting isotropic received power is - 162.7 
dBW per carrier as shown in Figure 18-9. The gain for an antenna 
of one square meter is 33.5 dB which results in  a satisfactory earth 
station illumination of -129.2 dBW per square meter. 

PARAMETER VALUE 

EIRP per carrier 33.8 dBW 
Atmospheric attenuation 0.1 dB 
Path loss 196.4 dB 

Isotropic received power - 162.7 dBW 

Figure 1 8-9. Isotropic received power for Los Angeles-to-New York downlink 
transmission. 

Earth Station. The gain to the receiver at the earth station is  
60.3 dB,  the combination of 60.9 dB antenna gain, an 0 .5  dB feed line 
loss, and an allowance of 0.1 dB loss for an antenna tracking inac
curacy of one tenth of the received beam width. When these values 
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are combined with the thermal noise of the receiver (calculated for 
a noise temperature of 60 kelvins ) , the received G/T is 41.5 dB as 
summarized in Figure 18-10. Finally, the receive G/T, the isotropic 
received power, Boltzmann's constant, and the noise bandwidth are 
combined to give the downlink carrier-to-noise ratio of 31.8 dB as 
shown in Figure 18-11.  

PARAMETER VALUE 

Antenna gain 60.9 dB 
Antenna tracking loss 0.1 dB 
Feed line loss 0.5 dB 
System noise temperature 18.8 dBK 

Receive G/T 41.5 dB 

Figure 1 8- 1 0. Earth station receiver effects on Los Angeles-to-New York downl ink 
transmission. 

PARAMETER VALUE 

Isotropic received power -162.7 dBW 
Receive G/T 41 .5  dB 
Boltzmann's constant 228.6 dB 
Noise bandwidth 75.6 dB 

Downlink carrier-to-noise ratio 31.8 dB 

Figure 1 8- 1 1 .  Downlink carrier-to-noise ratio for Los Angeles-to-New York 
transmission at 4 GHz. 

Overall Transmission. The C/N ratios for uplink and downlink trans
mission may be combined to yield the overall C/N ratio for the two 
links. For the Los Angeles-to-New York example, the overall C/N 
ratio is found, by combining the uplink and downlink values, to be 
29.9 dB. Typical values involving transmission between an earth 
station i n  the contiguous 48 states and outlying earth stations are 
30.1 dB for Anchorage, Alaska ; 29.8 dB for Honolulu, Hawaii ; and 
29.4 dB for San Juan, Puerto Rico. 

Message Circuit Noise 

The message channels in a satellite system accumulate noise from 
a number of sources. These include the thermal noise j ust considered, 
distortion that results from intermodulation and gain and delay dis
tortion, intersystem interference, and certain ancillary circuits and 
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equipment. The following discussion of noise is based on the use of 
1200 message circuits per radio channel. Intermodulation noise is 
computed on the basis of an average message channel load of 
-16 dBmO, a peak factor for 1200 channels of 12 dB, and a 4-dB 
preemphasis factor [5] . Measurements of early Comstar satellites 
show performance superior to the computed values ; satellite and 
earth stations have both performed better than anticipated. A number 
of techniques for increasing the circuit capacity are under considera
tion. These must be applied in a manner that would permit meeting 
noise objectives and are being considered primarily to permit a 
reduction in the per-channel costs. 

Noise Al locations. Satellite system noise is allocated in  the manner 
recommended by international agencies such as the CCITT and the 
CCIR [6] . The noise is expressed in pWpO ( i.e., picowatts, psopho
metrically weighted, at 0 TLP ) . By taking 10 log of the pWpO value 
and adding -90 dB, the noise is translated to dBmO and then, by 
adding +90 dB, it is translated to dBrncO. A correction of +0.5 dB 
must then be added to account for the difference between psophometric 
and C-message weighting. 

The thermal noise associated with the 29.9 dB C/N ratio, previously 
discussed, may thus be translated to a value of 2490 pWpO for Los 
Angeles-to-New York transmission. This is made up of 900 pWpO for 
the uplink and 1590 pWpO for the downlink. 

The largest component of distortion noise is  that allocated to inter
modulation with 1100 pWpO for the satellite and 500 pWpO for the 
earth station, a total of 1600 pWpO [7] . In addition 135 pWpO and 
225 pWpO are allocated to the satellite and earth station respectively 
for delay distortion ripple and 40 pWpO to the satellite for gai n  slope 
across a message channel band [8, 9] . These components add together 
to give 2000 pWpO for distortion noise. 

There are a number of sources of interference that may disturb a 
satellite channel. These include internal multipath coupling through 
adjacent satellite filters, adjacent channels in the satellite or earth 
stations, adjacent satellites, and terrestrial radio systems. These 
sources have been allocated 100 pWpO for multipath coupling, 150 
pWpO each for adjacent channel interference in  the satellite and 
earth station, 700 pWpO for interference from adjacent satellites into 
the satellite of interest, 300 pWpO for interference from adjacent 
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satellites i nto the earth station of interest, and 1000 pWpO for inter
fering terrestrial radio systems. These sources may produce a total 
of 2250 pWpO. 

Other noise sources include end links ( 1200 pWpO ) , FM modulators 
and demodulators, multiplex equipment, and echo suppressors ( 500 
pWpO ) .  These sources total 1700 pWpO. 

Altogether, these noise sources should produce a total of 2490 + 
2000 + 2250 + 1700 == 8440 pWpO. Satellite circuits that j ust meet 
this objective would have noise equal to 39.8 dBrncO. 

lntersatellite Interference. According to CCIR recommendations, 
the total interference to a satellite from other satellites sp.ould not 
exceed 1000 pWpO. In order to meet this constraint with each station 
antenna assumed to have a minimum diameter of 32 feet, the minimum 
spacing between satellites that operate at 4 and 6 GHz has been found 
by a j oint study group under the direction of the FCC staff to be 
4 to 5 degrees.* This conclusion assumed that the services planned 
for each domestic satell ite system would be as visualized when the 
study was made. Under conditions other than those assumed, spacing 
may have to be adjusted to bring interference within limits. 

Sun Transit. For a short period during each of several days about 
the time of the spring and fall  equinoxes, the sun appears behind the 
satellite. Emissions from the sun into earth station antennas can make 
satellite circuits very noisy. This phenomenon can be avoided by 
switching to a protection satellite at a different longitude. A second 
antenna continuously tracking the protection satellite and appropriate 
switching equipment must be provided. 

Speech Processing.  The use of compandors and time assignment 
speech interpolation ( TASI ) systems appear to offer the capability 
of reducing per-circuit costs. In addition, compandors may be used to 
improve the noise performance of voice circuits. Both methods of 
speech processing are under study. However, they both tend to in
crease the average load and the effect on the transmission system must 
be taken into account before either method is used. 

*R. G. Gould "Report of Meeting on Satellite Spacing," FCC Letter dated 
March 15, 197 4. 
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Intrasatellite system noise introduced by the use of FM/FDM 
arrangements is reduced by using bandwidth in the form of a large 
frequency deviation. The use of compandors for noise reduction and 
a correspondingly smaller frequency deviation to permit the trans
mission of more signals appears to be quite attractive economically. 
For example, it appears possible to increase satellite system capacity 
by a factor of 1 .5 to 2.0 by applying compandors to all the speech 
channels. The channel noise would increase to about 50 dBrncO by use 
of the additional channels but is reduced by the compandors to the 
required value of 40 dBrncO or less. Further advantage cannot be 
taken because the increase in noise on noncompandored circuits would 
impose signa.lling l imitations and would not allow the operation of 
many types of data sets at high bit rates. 

A TASI advantage of about two to one appears feasible where 
coterminous circuit groups are large. A digital version of this mode of 
operation seems feasible because the digital capacity of the system 
is high since there is only one intermediate repeater ( the satel lite )  
i n  the system. 

Transmission Delay 

With one important exception, the transmission characteristics of 
satellite faci lities can be superior to those of terrestrial facilities that 
require many repeaters. The exception is the round-trip transmission 
delay ; it exceeds 0.5 second and requires the use of spl it echo sup
pressors to control echo that would otherwise be very annoying. The 
CCITT recommends that only one satellite circuit be used in a tele
phone connection to avoid excessive impairment. 

The split echo suppressor most commonly used is the type 4A ; how
ever, even when it is used, connections that include a satellite circuit 
are more likely to be rated unsatisfactory than those that utilize only 
terrestrial circuits [10] . However, work is proceeding to develop im
proved and more economical echo suppressors and echo cancelers. 
An interim arrangement has been implemented for CONUS transmis
sion using "half-hop" circuits. This technique involves the use of a 
satellite facility for one direction and a terrestrial facility for the 
other direction of transmission. A significant reduction in customer 
reaction to echo has been realized on CONUS connections. 

In accordance with the CCITT recommendations, the domestic 
switched message network is arranged to prevent the inclusion of 
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more than one satellite facil ity in a telephone connection . Most inter
national traffic routed through the United States is also protected 
against tandem satellite connections ; some exceptions in international 
routings may occur. 

The long delay on satellite circuits also results in problems with 
the data transmission techniques presently used on the switched mes
sage network. In some forms of satellite data transmission, efficiency 
is low because of the time taken by the transmission of verification 
signals and of blocked data retransmissions. In addition, the operation 
of data sets employing half-duplex operation may be impaired or 
blocked because, with present arrangements, the data set guard in
terval is short compared with the transmission delay time. The mode 
of operation by data customers can be changed to mitigate the first 
problems. Modifications of data sets are being considered to overcome 
the start-up problems. 
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The microwave radio transmission systems used to provide a large 
proportion of the telecommunications network are supplemented by a 
number of other radio communications services. Many of the arrange
ments for these services provide the equivalent of a customer loop to 
a remote location, normally mobile. The equipment used to provide 
these loop services may be of General Trade manufacture or may be 
manufactured by outside suppliers to Bell System specifications. 
Privately owned and operated arrangements, of which there are many 
types, are not discussed. 

Most of the services under consideration are relatively small-scale 
in comparison with other services provided by the overall facility 
network and only a brief survey is warranted here. However, two 
of these loop-like arrangements, land mobile and personal paging 
services, are in fairly common use and growing fast enough to j ustify 
more thorough descriptions. 

Two rather specialized types of transmission systems are used 
rarely enough to be given only brief descriptions. These are the high
frequency radio systems and the tropospheric scatter systems. These 
system types have limited and rather specialized fields of application. 

1 9- 1  LAND-MOBILE COMMUNICATIONS 

Domestic public land mobile service provides telecommunications 
to moving vehicles using the Bell System facility network. In some 
instances, equipment designed for these purposes is used to provide 
service to fixed locations that are otherwise inaccessible. Such an 
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application is  called "rural radio" service. There are also many private 
mobile services relating to police and fire activities, util ity mainte
nance, transportation dispatching, and other activities. Public service 
is also provided by other radio common carriers that operate com
petitively on different channel assignments in the same RF bands. 

Public demand for such service has grown steadily and in certain 
locations it has been impossible to satisfy this demand because of the 
limited frequency band allocated. Only 10 channels are available in 
the 35-MHz band, 11 in the 150-MHz band and 12 in the 450-MHz 
band. Early in 1974, the Federal Communications Commission ( FCC ) 
allocated a total of 40-MHz in the bands from 825 to 845 MHz and 
from 870 to 890 MHz for this service. A high-capacity mobile tele
communications system is being developed to utilize these bands by 
an approach that permits efficient communications by switching the 
transmission channel automatically as the mobile unit moves about 
the area [ 1 ] . This mode of operation may well provide the means for 
rapid expansion of land mobile services. 

Until the early 1960s, essentially all land-mobile network communi
cations service required a mobile service operator to assist on all calls 
and push-to-talk operation was required at the mobile stations. With 
push-to-talk operation, the mobile station user could listen with the 
telephone handset off-hook and held to the ear. However, to talk over 
the connection, it was necessary to depress a push-to-talk button on 
the handset. 

Improved mobile telephone service ( IMTS ) was introduced during 
the 1960s with the development of two new mobile telephone systems, 
the MJ system operating in the 150-MHz band and the MK system 
operating in the 450-MHz band. Except for the frequency bands, 
these systems are somewhat similar and operate compatibly with 
step-by-step, No. 1 and No. 5 crossbar, and No. 1 and No. 2 Electronic 
Switching Systems. 

With IMTS, it is possible to dial directly, without operator assis
tance, from a mobile unit when it is in its home service area. Similarly, 
incoming calls to the mobile unit are on a direct-dial basis. Each 
mobile unit is assigned a standard 10-digit telephone number distinct 
from any other number in  the switched message network. 

The new systems have a number of features not previously available. 
These include automatic channel access, automatic number identifica-
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tion (ANI) and increased privacy. The system can also be arranged 
to provide dial service to roamers, i .e. ,  to those mobile units that have 
left their home areas and desire to operate with systems in the areas 
in which they are temporarily located. 

System Layout 

The principal elements of a land-mobile radio communications 
system are a control terminal with connections to the switched mes
sage network, base station radio transmitter and receivers, and 
mobile station equipment. The mobile station equipment includes an 
antenna, transmitter and receiver circuits, supervisory and control 
circuits, and a telephone station set. The system elements, essentially 
the same for 150- and 450-MHz systems, are illustrated in Figure 19-1 
for an MJ -type system [2] . 

The area covered by the arrangement of Figure 19-1 is typically 
30 to 40 miles in diameter. The base station transmitting equipment 
may be located some distance from the control terminal and is usually 
connected by private line facilities. Up to 11 MJ channels and/or 
12 MK channels can be assigned within this area. Each channel is 
equipped with a 50- to 250-watt transmitter at the transmitting 
antenna site with the output power depending on the area to be 
covered and FCC radiation restrictions. Base station receivers may 
be located about the area as required to compensate for the lower 
output power of the mobile station transmitters, nominally 20 watts. 

Channel Frequencies a nd Uses 

Figure 19-2 shows the channel designations and frequency assign
ments for the three bands allocated to the Bell System for land-mobile 
radio communications. Note that four-wire duplex transmission i s  
provided between base and mobile stations. 

Signals carried in these channels are phase modulated radio fre
quency (RF) carriers with a maximum deviation of ± 5  kHz. The 
characteristics of the mobile equipment and the applicable perfor
mance requirements are explicitly specified [3] . Interference patterns 
that affect transmission have been studied and much of the system 
engineering and applications have been related to the results of those 
studies [ 4] . 
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C HAN NEL 
TRANSMIT FREQ, MHz 

CHANNEL 
TRANSMIT FREQ, MHz 

BASE MOBILE BASE MOBILE 

zo 35.26 43.26 JL 152.51 157.77 

ZF 35.30 43.30 YL 152.54 157.80 

ZH 35.34 43.34 JP 152.57 157.83 

ZM 35.38 43.38 yp 152.60 157.86 

ZA 35.42 43.42 
ZY 35.46 43.46 

YJ I 152.63 157.89 
YK 152.66 157.92 

ZR 35.50 43.50 JS 152.69 157.95 

ZB 35.54 43.54 YS 152.72 157.98 

zw 35.62 43.62 YR 152.75 158.01 

ZL 35.66 43.66 JK 152.78 158.04 
JR 152.81 158.07 

(a) 35-MHz band ( Not used for IMTS) 
(b) 1 50-MHz band (MJ} 

CHANNEL 
TRANSMIT FREQ, MHz 

BASE MOBILE 

QC 454.375 459.375 

QJ 454.400 459.400 
QD 454.425 459.425 
QA 454.450 459.450 
QE 454.475 459.475 
QP 454.500 459.500 
QK 454.525 459.525 
QB 454.550 459.550 
QO 454.575 459.575 
QR 454.600 459.600 
QY 454.625 459.625 
QF 454.650 459.675 

(c) 450-MHz band (MK) 

Figure 1 9-2. land-mobile channel frequency assignments. 

Method of Operation 

In IMTS operation, the control terminal automatically selects and 
marks an idle channel ( when available)  to be used for the next call 
whether incoming or outgoing. The control terminal marks the channel 
by applying a 2000-Hz idle tone. Under the control of their super
visory and control circuits, all idle mobile stations within transmitter 
range hunt automatically for this marked channel and camp on it  
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until a call is established. The first mobile user to go off-hook then 
seizes this channel and all other station sets again hunt for a newly 
marked idle channel. This feature makes it unnecessary to monitor 
channels manually at a mobile station and affords a degree of privacy 
when in the automatic mode. 

The control terminal circuits are responsible for most of the call
handling processes in IlV.iTS though there are some logic circuits at 
the mobile stations as well. The control terminal provides a trans
mission, signalling, and switching interface with the central office. 

Base-to-Mobile Station Calls.  When the telephone number of a mobile 
station is  dialed through the message network, the corresponding 
central office line from the serving central office to the control terminal 
is seized. The seizure acts as a signal to the IMTS control terminal 
equipment to interconnect the central office line and a radio channel 
and to signal selectively the desired mobile unit. The called mobile 
station logic circuits recognize the connection of an incoming call and 
respond by transmitting an acknowledgment signal . The control 
terminal then transmits an alerting signal to the mobile station which 
actuates an audible signal at the mobile station. 

When the call is  answered at the mobile station, an answer signal 
is transmitted to the base station. This signal trips the ringing and 
the circuit is cut through for conversation. When the handset is re
turned to its mounting, a disconnect signal is sent to the base station 
and all circuits are restored to normal .  

Mobile-to- Base Station Calls .  When a call is to  be placed from a mobile 
station, the telephone handset is removed from its cradle. If the unit 
is  not waiting on an idle channel, a busy lamp at the station set is 
lit and the transmitter cannot be energized. The handset must then 
be replaced in the cradle and a subsequent attempt must be made. If 
the unit seizes an idle channel, the mobile station sends a connect 
tone to the base station. 

The control terminal at the base station responds to the connect 

signal by removing the idle tone and sends a seize tone to the mobile 
station. ( This causes all other idle IMTS stations to be disconnected 
from the channel and to hunt for idle tone on another channel . )  When 
the control terminal is ready to receive signals from the mobile station, 
the seize tone is removed. The mobile station then transmits its 
IMTS 7 -digit number to the base station for automatic number identi-
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fication. If the number is valid, the base station transmits dial tone 
to the mobile station and the desired number can then be dialed [3] . 
The 7-digit IMTS number transmitted to the base station includes 
the three numbering plan area ( NP A )  digits and the four station 
code digits but does not include the three digits that identify the 
local central office. This number scheme limits the number of mobile 
units in an NP A to no more than 10,000. 

Dial pulsing involves the transmission of tone spurts to correspond 
with each dialed digit. Some mobile systems have been equipped to 
operate with TOUCH-TONE signalling. This permits mobile users 
to enjoy some of the service features of ESS offices. 

On-hook supervision is indicated in the same manner as in base-to
mobile station connections. As pointed out in that discussion, many 
other features are designed into the system but are beyond the scope 
of this chapter. Included are a manual mode of operation that may 
be used in manual areas and a roaming mode used when a mobile 
unit leaves its normal home area. 

Mobile Station Features. The transmission and equipment designs of 
mobile telephone stations are unique. Special requirements are needed 
to achieve a level of performance that approaches that of standard 
telephone sets in the switched message network and to provide the 
features that are unique to land-mobile service. 

Transmission Features. Two-wire voice circuits from the central 
office equipment are transformed into four-wire circuits for trans
mission between the base and mobile stations. A voice-operated gain 
adj usting device ( VOGAD ) is used in the transmission path from 
the base to the mobile station to regulate outgoing speech volume. 
In the receiving path from the mobile station, a speech-operated 
noise-adjusting device ( SONAD ) provides noise suppression during 
silent intervals. 

Equipment Features. The mobile station of an MJ system consists 
of a radio receiver and transmitter, a control unit, and a telephone 
set with a push-to-talk feature. The control unit includes 11 selector 
switches labeled to correspond to the 11 channels of the MJ system. 
Normally, since mobile units may roam into other serving areas, aH 
11  channels are equipped. 

There are three selectable modes of operation designated H (home ) , 
R ( roam ) , and M (manual ) .  When the mobile unit is operating in 

TCI Library: www.telephonecollectors.info



Chap. 1 9  Supplementary Rad io Communications 5 1 1 

the home area, the H button is depressed. This conditions the station 
equipment for IMTS operation and causes the equipment to hunt 
automatically over only the locally-provided channels to find the one 
marked with idle tone. 

The control unit also includes an on-off key switch for the mobile 
station and two indicator lamps. The TRANS lamp lights to indicate 
that the transmitter is in the operating mode and the B USY lamp 
lights if a call is attempted when all available channels are busy. An 
A UX pushbutton is used to enable an auxiliary signal to indicate an 
incoming call when the called person is out of but near the vehicle. 

An MK system has many features similar to those provided in MJ.  
However, the MK system has no channel selector switches since 
12-channel selection is automatically programmed. Furthermore, the 
MK is not equipped for manual operation and the roam mode of opera
tion is preprogrammed to cover only selected channels outside the 
home area. The push-to-t�lk feature is not required. 

Operation Beyond the Home Area. If this mobile unit moves into 
another area equipped for MJ system operation, the R button is de
pressed as are the channel selection buttons for those channels pro
vided in that area. The set then hunts automatically over only those 
channels that have been selected. If the locally-provided channels are 
not known, the selector buttons may be left in the normal condition 
and the set hunts over all channels.  

If the mobile unit moves into an area that is only equipped for 
manual operation, the M button is depressed. This action disables the 
automatic channel selection and dialing features. The set now must 
be operated in the full manual mode for channel selection and the 
push-to-talk button must be used to turn on the transmitter. It can 
be held depressed during conversation. 

Channel  loading 

Demands for land-mobile telephone service far surpass the ability 
of the relatively few radio channels available to provide adequate 
service. The development of 150-MHz and 450-MHz IMTS systems 
has greatly added to the flexibility of use of the available channels. 
However, mobile systems are engineered to carry heavier per-channel 
traffic loads than most other facilities in the switched message net
work with the result that the grade of service is significantly lower 
than that rendered in other types of services. 
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A new design of control terminal has recently been introduced. It 
operates under the control of a small stored-program computer and 
has many significant operating improvements. A mobile radio auto
matic message accounting feature permits calls dialed from roaming 
units to be processed automatically. One version permits one control 
terminal to serve many remote locations with a combination of dedi
cated and switched network facilities. Up to 60 channels can be added 
on one terminal. The new terminals, designated IMTS-B, are com
patible with existing IMTS signalling and radio equipment [5] . 

1 9-2 PERSONAL PAGI NG SERVICES 

Facil ities are provided for one-way signalling over the switched 
network to a pocket-carried radio receiver. When the person using 
the receiver is alerted by the coded receiver signal, a telephone call 
must be placed to a previously agreed-upon central location to deter
mine the message involved. This type of service, called BELLBOY®, 
is furnished by use of General Trade equipment. The principal system 
components are a control terminal, radio transmission equipment, and 
pocket-sized receivers. Reliability is stressed in all components [6] . 
As with land mobile service, personal signalling service is furnished 
competitively by several common carriers. 

Although most personal paging service is provided at frequencies 
near 1 50 MHz, there is a limited amount of service provided in the 
35-MHz band. Transmitted signal codes can be either unique com
binations of single-frequency tones or, in more modern systems, coded 
digital signals. Upon receipt of the assigned code, the receiver alerts 
the customer to a call by audible, tactile, or visible means. 

A significant proportion of customers subscribe to two numbers, 
each with a distinctive alerting signal. This permits them to distin
guish between routine and priority calls, between group or individual 
calls, or between sources such as their office or an answering service. 

This service is used by people who rely heavily on communications 
for their usual activities but who are frequently moving about and 
have no ready access to a telephone for normal service. Personal 
paging service is growing rapidly. 

Mode of Operation 

In most systems, when a paging signal is to be sent. the caller dials 
a designated telephone number through the message network to reach 
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the control terminal for the BELLBOY System i n  that serving area. 
The control terminal is equipped with an automatic answering feature 
and, when the call is received, the terminal returns to the caller a 
distinctive sta'd, or go-ahead, signal. Upon hearing this signal, the 
caller transmits a 4-, 5-, or 6-digit address code by TOUCH-TONE 
signalling procedures to signal the desired receiver ( end-to-end 
signalling) .  The address code may be transmitted immediately or 
put into a queue in a memory bank depending on whether the called 
station is busy and on the details of control terminal design and opera
tion. The control terminal then causes the queued address signals to 
be broadcast in the order in which they were received. In some sys
tems, all calls are queued and broadcast sequentially every one or 
two minutes. The caller may disconnect as soon as the address code 
has been sent and a call-accept signal has been received. In some 
systems, the 7 -digit telephone number assigned each paging receiver 
may be dialed directly and the called person is automatically paged. 

Control Terminal 

The BELLBOY control terminal is connected to one or more central 
offices by trunks very similar to PBX-central office trunks. These 
must be arranged so that incoming calls to the control terminal can 
hunt over busy trunks to find an idle trunk to which the connection 
is made. If 7 -digit numbers are used, the connecting circuits may 
outpulse digits to the control terminal much as if it were a PBX with 
direct inward dialing. If end-to-end signalling is used, local and/or 
foreign exchange lines connect the terminal with the central offices. 
In some small installations, the interconnection logic that determines 
the flow of address signals from the control terminal to the radio 
transmitter is built directly into the terminal circuitry but, in most 
cases, the terminal is controlled by a programmed miniature computer. 

Capacity. The capacity of a system depends on the calling rate, the 
holding times for calls through the system, and the number of address 
codes that can be constructed from the code format used. Most large
capacity systems can provide service to 50,000 or more customers on 
one radio channel. 

The busy-hour calling rate for personal paging systems now in 
service is approximately 0.1 to 0.2 calls per customer. This calling 
rate, when combined with the signalling rate for which the system is 
designed, determines the overall system capacity. Where the signalling 
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rate is fast, the system capacity is likely to be address limited but 
where it is slow, capacity is more likely to be calling rate limited. 

The coding of address information can limit the system capacity in 
several ways. The code format must be large and flexible enough to 
permit the required number of address codes to be constructed. In 
addition, the memory and logic capacity of the control terminal must 
be capable of storing such coded information and of retrieving it 
quickly and accurately as the queued addresses are transmitted to 
the receivers. Finally, the time required to broadcast the addresses 
influences the overall capacity of the system. 

A system feature that affects the total addressing time significantly 
is the number of times the address is transmitted. In early system 
designs, the address was transmitted three times on the theory that 
the probability of successful transmission would thus be significantly 
enhanced. However, studies have shown that the enhancement is 
slight and now the address is broadcast only once. 

Add ress Formats. Two forms of address codes are used to signal 
BELLBOY receivers ; one uses a combination of single-frequency 
tones and the other uses some form of coded digital messages. Where 
tone signalling is used, the frequencies must be carefully chosen 
so that ( 1 )  tone selection at the receiver is readily achieved, ( 2 )  
harmonic relationships among the signals are avoided i n  order 
to reduce the likelihood of false signall ing due to intermodulation, and 
( 3 )  possible interferences with critical audio-frequency bands used 
in the switched message network are minimized. Digitally encoded 
addresses utilize carefully chosen sequences of ls and Os to which 
digital logic circuits in the addressed receiver can respond. These re
ceivers are not vulnerable to intermodulation and usually incorporate 
error detection and correction features. Both modes of operation are 
successfully used. 

Transmitter 

Address signals are transmitted by frequency- or phase-modulation 
of an RF carrier. The maximum deviation for the modulated carrier 
is ± 5 kHz. The transmitter output power is expressed as an effective 
radiated power of 500 watts and must be less if the antenna is higher 
than 500 feet above average terrain. 

Most systems are arranged so that address signals are transmitted 
from the control terminal to several transmitters located strategically 
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throughout the serving area. Thus, as the receiver is moved from place 
to place, the received signal is maintained within an amplitude range 
consistent with the receiver sensitivity and transmitter output power. 
The several transmitters are operated simultaneously in some systems 
and sequential ly in others. With simultaneous operation, the inter
connecting facilities from the control terminal to the transmitters 
may have to be delay equalized to provide efficient operation in areas 
where the transmitter coverage overlaps. If these facilities are not 
delay equalized, signalling tones in overlapping areas may cancel re
sulting in no receiver contact. With sequential transmission, the 
principal penalty is the total time that must be allotted to the trans
mission of one address signal by all the radio transmitters. This 
penalty can be overcome in digital systems by operating at a high 
signall ing rate. 

Receiver 

The range of operation of a personal paging system transmitter 
depends heavily on the sensitivity of the pocket receivers, the nature 
and size of surrounding buildi ngs, and the power output and place
ment of the radio transmitters. Typically, a range of 4 to 5 miles 
has been found feasible in city business districts ; this may be reduced 
to as little as 1 to 1 .5  miles where building construction methods 
uti l ize large amounts of metal and reception is desired inside the 
buildings [7] . 

The receiver sensitivity is a design parameter controlled by the 
manufacturer. Its value must be known when a new paging system 
is being engineered for service. Sensitivity specifications must include 
the method of suspending the receiver, an allowance for body effects, 
temperature variations, and other detailed requirements. Measure
ments with transmitter frequency deviations appropriate to normal 
operations must be made. 

The receiver must be highly selective in order to function properly 
in an environment of strong RF signals from other services. The 
selectivity must be maintained over a wide range of environmental 
temperatures. 

Radiation of RF energy from the local oscillator in the receiver 
must meet FCC requirements. In addition, two receivers should not 
interfere with one another when separated by a distance of two feet. 
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A number of receiver features are offered by manufacturers. For 
example, a receiver may respond immediately to a paging signal or 
it may store the signal until interrogated by the called person. This 
feature is valuable to people who may not want the alerting signal to 
disturb them or others at certain times. As previously mentioned, 
receivers may also provide acoustic, visual, or tactile response. 

1 9-3 MARINE, AIRCRAFT, A N D  RAILROAD CUSTOMER SERVICES 

In addition to land mobile and personal paging services, several 
other telecommunications customer services use radio as a transmis
sion means and may be classified according to the locations of the 
station equipment. These include ships at sea and on inland water
ways, aircraft, and railroad trains. The following survey includes a 
brief description of each of these services, the field of application, 
and the range of frequencies used for transmission. 

Marine Services 

Public telephone services, designated by the suffix B, between ships 
and between ship and shore stations are divided into three classes [8] . 
Public Class I-B stations provide long-range, high-seas, radio-tele
phone service to ships almost anywhere in the world by the same high
frequency (HF )  land facilities as those used for overseas service. 
Public Class II-B stations (coastal harbor service) provide communi
cations in the medium-frequency ( M F )  band between shore stations 
and ships over distances up to about 1 50 miles. Public Class III-B 
service operates in the very high-frequency (VHF ) band over dis
tances of up to 50 miles maximum. It is used primarly for service 
between land stations and vessels close to shore or on inland water
ways and is often called VHF maritime service. 

Coastal H arbor Service. Although Public Class II-B service can be 
provided over distances of up to a maximum of about 300 miles under 
certain conditions of transmission, coastal harbor service ranges vary 
widely and are often limited to less than 100 miles. Service along the 
Atlantic, Pacific, and Gulf coasts is provided by channels in the MF 
band. A limited amount of service is also available in  the Mississippi 
valley and on the Great Lakes. Under the Rules of the FCC, all MF 
and HF double-sideband equipment used for coastal harbor service 
was converted to single sideband operation on January 1, 1977 ; the 
2 182-kHz calling and safety channels may still be used as double
sideband channels. 
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VHF Maritime Service. Reliable operation and good transmission 
quality is provided by frequency-modulated signals at VHF when the 
marine station is within about 20 miles of the land station. Channels 
for this service, sometimes also cal led VHF -FM service, are located 
between 157 and 162 MHz. Under the FCC Rules, VHF-FM capabil ity 
on a vessel is a prerequisite to granting a license to operate in other 
frequency ranges and the use of other frequency ranges is prohibited 
when the VHF range is adequate. 

Call ing and Safety Channels. Two channels, channel 51 at 2182 kHz 
and channel 16 at 156.8 MHz, are used for voice communications 
during calling intervals. After initial contact has been established, 
the stations shift to other channels for continued operation. Communi
cation on the calling and safety channels may be continued only in 
the case of distress situations.  

Three classes of spoken emergency signals are recognized and, by 
law, must be given priority over other types of signals at all times. 
The call signal, MAYDAY, has highest priority and is used if there 
is immediate danger of loss of life or property. The second priority 
signal, PAN, is used when the safety of a vessel or person is in 
jeopardy. For example, a "man overboard" call  signal would be 
transmitted as a PAN signal. The third priority signal, SECURITY, 
is used to convey messages concerning the safety of navigation or to 
transmit important meterological information. The appropriate word, 
MAYDAY, PAN, or SECURITY, is spoken three times to attract 
attention before the rest of the message is transmitted. The calling 
and safety channels are monitored continuously by many Coast Guard 
and public coast stations and by many vessels while they are at sea. 

Aircraft a nd Rai lroad Services 

Radio-telephone communication between land stations and moving 
private aircraft is available throughout most of the country. The 
radio equipment operates in the 460-MHz region of the frequency 
spectrum. With this service, communication is established through 
the switched message network by manual methods similar to those 
previously used for public land-mobile communications. 

The only public radio-telephone service supplied to moving trains 
is that used with the Metro liner trains that operate between New 
York City and Washington, D. C.  Six two-way channels are provided 
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in the 400-MHz region of the spectrum. Nine land-based stations are 
located along the route. Access to the switched message network and 
control of transmission and reception from these stations are centered 
in Philadelphia, Pennsylvania [9] . 

1 9-4 SUPPLEMENTARY LONG-HAUL RADIO FACIL IT IES 

While the line-of-sight microwave systems discussed in Chapters 1 6  
and 17  are the most commonly used radio systems among network 
transmission facilities, tropospheric methods of transmission and 
high-frequency radio transmission are also used for some overseas 
service and to fill certain other special long-haul needs. Neither of 
these is used extensively and only brief discussion is warranted here. 

Tropospheric Transmission Beyond Line of Sight 

Microwave radio transmission is usually considered reliable only 
between antennas that have an unobstructed line-of-sight path be
tween them. However, transmission has been found to be practicable 
over paths longer than the line-of-sight path by taking advantage o f  
reflection, refraction, and diffraction phenomena in the troposphere 
(up to 7 to 10 miles above the earth's surface) [ 10] . 

Systems of this type are usually called tropospheric scatter systems 
but are also referred to as troposcatter, forward scatter, UHF scatter, 
over-the-horizon, or beyond-the-horizon systems. They use large, 
highly directive antennas, and high-powered transmitters. Satisfac
tory transmission is achieved over hops of up to 300 m iles. As a result, 
such systems are attractive for providing service to off-shore islands 
where traffic is not sufficient to j ustify installation of an undersea 
cable system or a satellite system and where a line-of-sight radio 
system would be blocked by the curvature of the earth. They are 
also used in the Arctic where the maintenance of line-of-sight systems 
would be costly and where message channel capacity requirements 
are low. A maj or installation of this type, called the White Alice 
System, provides military and commercial telecommunications services 
in Alaska [11] . 

Transmission of RF energy from one antenna to another depends 
primarily on the reflection and refraction of radio waves from atmos
pheric irregularities and on diffraction of the waves as they pass 
over the earth's surface [12] . The latter phenomenon is most effective 
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when the obstacle that blocks the line of sight approaches the charac
teristic of a knife edge. Thus, where possible, tropospheric system 
antennas have been located so that relatively sharp mountain ranges 
provide the needed knife-edge terrain contour. 

Selective fading is  a principal source of impairment in tropospheric 
scatter systems. Both slow and fast fading phenomena occur. Slow 
fading occurs over periods of hours or days and the range of fading 
is greater than for line-of-sight systems ; this is probably caused by 
changes in atmospheric refraction. However, it is not a sensitive func
tion of frequency and can be compensated by automatic gain control 
circuits in the receiver. Fast fading is a nearly continuous phenome
non with a Rayleigh distribution ; it is related to multipath inter
ference from a multitude of scattering sources at high altitude and 
is more serious than in line-of-sight systems. The fades are frequency 
sensitive to such a degree that the number of voice circuits per radio 
channel is limited to about one tenth as many as for a l ine-of-sight 
system. Systems are operated with various combinations of frequency 
and space diversity automatic switching arrangements and combiners 
at the receiver site [ 13] . 

The tropospheric scatter method of transmission can be used in 
the VHF (30 to 300 MHz ) , UHF (300 MHz to 3 GHz ) , and SHF (3 
to 30 G Hz ) bands. Weak but usable signals may be detected several 
hundred miles beyond the horizon. The White Alice System operates 
in the 400 to 900 MHz portion of the UHF band. The choice was made 
as a compromise ; lower frequency operation would require impracti
cally large antennas and higher frequencies would involve excessive 
transmission loss and fading. 

A typical terminal is made up of transmitter and receiver circuits 
and a complex arrangement of antennas. Two 30- or 60-foot diameter 
antennas, one for receiving only and one diplexed for transmitting 
and receiving, are used. The transmitter uses a high-power klystron 
output stage with bandwidth accommodating the equivalent of 30 to 
130 voice channels. A relay station consists of two such terminals 
back-to-back. 

Overseas Rad io Faci l ities 

Three Bell System coastal stations, one each in New Jersey, Florida, 
and California, are equipped with high-power transmitters and elabo
rate antenna systems for operation at a large number of channel 
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frequencies in the HF band between 4 and 23 MHz. Similar non-Bell 
System stations are located at Honolulu, Hawaii and Mobile, Alabama. 
Single-sideband transmission is used for communications with vessels 
at sea and with transoceanic land stations. Propagation problems 
make it necessary to use channels at different frequencies during 
various seasons and times of day and to different ship positions. 

This mode of transmission has been largely replaced by submarine 
cable and satellite systems for communications with major countries 
overseas. As the channels have been released, they have been re
assigned to the developing nations where circuit demand is still low. 
In addition, HF circuits are commonly used for communications be
tween land stations and ships on the high seas. Radio waves in the 
HF band are reflected between the ionosphere and the earth and tend 
to follow the earth's curvature. With high-power output and large 
antennas, it is possible to communicate with nearly all locations 
around the world. 

Transmission in the HF band is used for long-range, point-to-point 
communication. The transmitters are sometimes arranged for inde
pendent-sideband operation where an upper-sideband signal and a 
different lower-sideband signal are transmitted at the same carrier 
frequency. Speech channels are inverted for privacy and some of 
them are bandshifted to permit a single transmitter to carry as many 
as four voice channels simultaneously [ 14] . 
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Section 5 

Digital Systems 

The high-speed operating characteristics, low power consumption, 
small size, and low cost of solid-state components have made possible 
the development of a wide range of new electronic systems. These 
include a number of high-speed digital transmission systems that 
operate over paired wire cables, coaxial cable, or microwave radio. 
The repetition rates used in these systems range from 1 .544 to 274.176 
megabits per second. The various systems and repetition rates have 
been organized into a hierarchy of time division multiplex arrange
ments that is the time domain analogy of the frequency division 
multiplex arrangements previously described. The many digital trans
mission systems being manufactured by General Trade suppliers and 
used by the operating telephone companies are not described herein. 

The design of digital transmission systems and terminal equipment 
is critically affected by the characteristics of the transmission media 
used and by the unique demands of pulse transmission. Chapter 20 
examines the relationships among the parameters and describes, in 
general terms, the processing carried out to prepare digital signals 
for transmission over metallic media. The effects of signal impair
ments along transmission lines and methods of dealing with these im
pairments are discussed. Some aspects of digital system maintenance 
are also considered. 

Chapter 21 gives more detailed consideration to various types of 
terminal equipment used with digital transmission systems. The 
digital multiplex hierarchy and the various types of equipment used 
to generate the hierarchical signals are discussed. Descriptions of a 
number of types of channel banks ( si gnal processing equipment) are 
given to show how analog signals are processed to make them satis
factory for transmission. 
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Chapter 22 covers the transmission lines and equipment used to 
transmit digital signals between terminals. The processes of reshap
ing, retiming, and regeneration are described as are some of the 
unique coding schemes that are used to facilitate transmission. Some 
line maintenance problems are also briefly discussed. 

Chapter 23 examines the transmission of digital signals on micro
wave radio systems. Digital signal transmission requires some system 
engineering work that differs from that applied to analog radio sys
tems. The three principal Bell System digital radio systems ( the 
lA-RDS, the 3A-RDS, and the DR 18A )  are described. The lA-RDS 
utilizes existing analog radio systems to transmit a 1 .544 Mb/s signal 
simultaneously with a normal analog message load. The 3A-RDS 
utilizes TN-1 microwave radio equipment to transmit a 44.736 Mb/s 
DS3 signal and the DR 18A system utilizes regenerative repeaters 
throughout to transmit a 274.176 Mb/s DS4 signal . 
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Digital System� 

Chapter 20 

Cable System Design Features 

A pulse transmission system may be defined as a carrier system 
in which the carrier is a series of regularly recurrent pulses. Modu
lation of the carrier may take the form of varying any of several 
pulse parameters such as amplitude, duration, position in time, or 
presence. Thus, the modulation methods are called pulse amplitud� 
modulation ( PAM ) ,  pulse duration modulation (PDM ) , pulse posi
tion modulation ( PPM ) , and pulse code modulation (PCM ) . Only 
PCM lends itself well to the technique of regeneration used in the 
line repeaters of a digital system. This technique is used to recon
struct pulses that have been impaired by transmission over an im
perfect medium and requires the line input pulses to be discrete i n  
amplitude and duration. Although the ability to regenerate the 
transmitted signal is a requirement imposed by transmission line 
parameters, the signal processing needed to achieve a suitable format 
takes place in the terminal equipment. 

In PCM, the carrier is modulated by the insertion or removal of 
pulses in  time slots that correspond with the time slots of the pulses 
in the unmodulated carrier to form a code that represents some char
acteristic of the modulating signal. Message signals are processed in 
terminal equipment, called D-type banks, designed to transform each 
signal from an analog to a digital format ( coding) , to multiplex a 
number of such coded signals into a line pulse stream by time division 
multiplex ( TDM ) techniques, and to provide timing and synchroniza
tion so that the individual message signals can be extracted and 
restored to their original forms at the receiving terminal. 
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Most digital systems are designed so that the line signals are re
generated at every repeater ; i .e., they are amplified, equalized, retimed, 
and reshaped to eliminate the effects of noise and distortion. How
ever, a mixture of analog and digital repeaters may be used. In these 
cases, the signal is amplifi:ed and equalized at analog repeater points 
and regenerative repeaters are used only where required to eliminate 
the signal impairment accumulated over several analog repeater 
sections. 

The regenerative nature of digital line facilities produces one of 
the maj or advantages of PCM transmission, i .e. , the noncumulation 
of line impairments. Message signal characteristics are represented 
by a coded stream of binary pulses all of which are identical in 
amplitude, shape, and duration. This pulse stream may be further 
processed (coded) to make it more suitable for transmission over the 
repeatered transmission line. Although large on a per-l ine-section 
basis, the attenuation, distortion of shape or duration, and induced 
interference are all virtually eliminated by each regenerative repeater 
thus producing an unimpaired line signal for transmission to the 
next repeater. Exceptions are random phase modulation (j itter) , 
which can accumulate in successive repeaters and must be kept small 
by design, and errors in pulse regeneration. 

As digital transmission systems have come into common use, the 
administration of network signals has led to the development of a 
digital signal multiplex hierarchy analogous to that found in analog 
systems. In addition, there is evolving an integration of digital trans
mission and switching technology which interacts in many ways with 
the digital multiplex hierarchy. 

20-1 DIGITAL TERMINAL SIGNAL PROCESSING 

The terminal equipment in a digital transmission system must per
form a number of functions in processing input analog or digital 
signals. These functions include filtering, amplitude sampling, coding, 
timing, framing, synchronization, and multiplexing. As parts of the 
sampling and coding processes, quantizing and instantaneous com
panding functions are performed on voice signals. In addition, signal
ling functions are incorporated. Where appropriate, digital data 
signal processing is included to enable the simultaneous transmission 
of various combinations of processed speech and data signals. The 
terminal equipment processes one or more input analog and/or digital 
signals to produce a composite digital signal suitable for transmission 
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over the digital line to a distant terminal where the inverse processes 
are carried out. 

The terminal equipment associated with specific digital transmis
sion systems should not be confused with M-type multiplex equipment 
which converts signals from one level in the digital hierarchy to 
another and multiplexes several low-rate signals into one of higher 
rate and demultiplexes a signal of high rate into several low-rate 
signals. Of concern here is the equipment in which the primary func
tion is the conversion between analog and digital signal formats. 

Sampling, Quantizing, and Companding 

It can be shown that a band limited signal can be represented by 
amplitude samples taken at regular time intervals at a rate equivalent 
to at least twice the bandwidth. Furthermore, it ,can be shown that 
the original signal can be recovered from these samples with no loss 
of information [1] . 

Figure 20-1 illustrates the sampling process as applied to a simple 
sinusoidal signal waveform. In the figure, the pulses occur at accu
rately timed intervals and have a finite time duration. They are des
ignated in Figure 20-1 (b)  as natural pulses because they depict the 
amplitude variation of the signal during the time the pulse is present. 
However, a single value is used to represent the signal amplitude since 
the sampling time is very short compared to the sampling interval. 
The total amplitude range is divided into increments ( quantized) to 
be used for signal representation from sample to sample. The number 

LV � 
Time ___. 

n D 

(a) Signal waveform 

(b) Natural pulses u 

Figure 20- 1 .  Sampling at timed intervals with pulses of fin ite duration 
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of increments selected is a significant parameter in the accuracy of 
the representation. 

Figure 20-2 illustrates the action of a quantizer in which the total 
amplitude range is divided into sixteen equal incremental values. 
The transfer characteristic of such a quantizer is illustrated in 
Figure 20-2 (a) . The diagonal dashed line shows the linear input/ 
output signal relationships that would exist without quantization. 
The heavy "stair-step" shows that for a range, s, of input signal 
amplitudes between Y; and Y; + 1 ,  the output signal has a constant 
value Yi· As shown, the incremental values for the output signal 
represent uniform quantization steps between the minimum and 
maximum values that the output signal can attain. 

The difference between the quantized output signal and the output 
signal without quantization, represented as the error signal in 
Figure 20-2 (b ) , is  called quantization noise. The power contained in 
this error signal may be determined and used for evaluating the 
resulting signal-to-distortion ratio for this noise. 

Figure 20-2 (c )  shows how a full-load sine-wave signal would be 
represented with such a uniform quantizing arrangement. For any 
sine wave having an amplitude in excess of the full-load value, 
distortion due to overload would be observable at the peak values of 
the wave. For signals smaller than full-load, the signal-to-distortion 
ratio would also deteriorate because the quantizing steps would 
represent a larger proportion of the total signal amplitude. The latter 
observation suggests a method, called instantaneous companding, be 
used for improving the signal-to-distortion ratio for low-amplitude 
signals since these are more prevalent. 

The transfer characteristic of a nonuniform companding quantizer 
is chosen so that more amplitude steps are used to represent small
signal amplitude variations than are used to represent large-signal 
amplitude variations. Such a quantizer, illustrated in Figure 20-3 (a) , 
would appear to have more nearly equal steps of amplitude if plotted 
to a logarithmic scale on the ordinate. Figure 20-3 (b)  shows that less 
quantizing noise is  generated by small signals than by large signals. 
The selection of a quantizer characteristic to satisfy the signal-to
distortion objectives for the types of signals to be transmitted is 
made during the design of the system. Where speech is the signal type 
of greatest i nterest, a near-constant signal-to-distortion ratio in dB 
is desirable over a wide range of speech signal amplitudes. Such a 
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condition is theoretically achievable by the provision of a logarithmic 
compression characteristic which may be closely approached in prac
tice by the use of modern solid-state circuits [2] .  An improvement 
of about 30 dB in signal-to-distortion ratio for small signals i s  
practicable. 

/ / / 

/ / / 

/ 

(a) Transfer characteristic 

{b) Error signal 

/ / / 

/ 

Input signal 

Figure 20-3. Charaderistics of a nonuniform quantizer. 
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Coding 

To facilitate the line repeater regeneration process, the amplitude 
samples just described must be transformed into a format that per
mits regeneration. For this purpose, it is desirable to transmit a 
stream of pulses identical in amplitude, shape, and duration. In ad
dition, the pulses must appear in the signal at predictable times and 
must be controlled in a manner that permits them to be interleaved 
with other signal pulses, i.e., time division multiplexed. Therefore, 
the amplitude of each sample is converted to a series of fixed
amplitude, precisely-timed pulses ( a  binary word) by the process of 
pulse code modulation. 

Pulse Code Modulation. The number of quantizing steps used in, 
pulse amplitude sampling has a direct effect on the selection of the 
PCM coding arrangement. A unique binary code must be used to 
represent each quantized amplitude. The number of binary digits 
necessary is thus directly dependent on the number of amplitude steps 
to be represented over the total range of the quantizer. 

For local speech transmission, it has been found satisfactory to 
provide 128 amplitude steps*. If each amplitude is to be represented 
by a binary number, seven bits is the minimum word length that can 
be used to represent all possible amplitude steps. The process of 
coding an amplitude sample as a binary word may be accomplished in 
many ways and by a variety of circuit arrangements. In all cases, the 
quantizing may be nonuniform, to provide companding, or uni
form [2] . 

A simplified illustration of the entire PCM process is given in 
Figure 20-4. A very short segment of a speech wave and the PAM 
pulse samples of the segment are shown in Figures 20-4 (a) and (b) . 
In Figure 20-4 (c) , a 4-bit binary PCM code is illustrated as repre
senting the amplitudes of the PAM pulses. Figure 20-4 (d)  shows how 
the binary signal is commonly converted to a bipolar signal for line 
transmission ; Os in the binary signal are Os in the bipolar signal but 
1s in the binary signal are transmitted as alternate positive and 
negative pulses in the bipolar format. Figures 20-4 (e) , (f) , and (g) 
show the processes necessary to recover the original signal from the 
line signal. 

*To satisfy toll requirements and to allow for the accumulation of noise hr 
tandem terminals, about 256 amplitude levels must be provided. 
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Figure 20-4. Signal processing steps in digital transmission. 
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Differential PCM. Signal coding in PCM requires sampling and the 
representation of the sample amplitude by a binary code. In differ
ential PCM (DPCM ) , used in some loop transmission systems, the 
changes in signal amplitude are measured and coded rather than the 
amplitude values. In some situations, either of the two methods may 
be used with equivalent performance, thus allowing the method that 
requires the lower digital rate to be used. 
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Several special types of DPCM may be used. In one type, the sizt; 

of the step change i,s made constant and the difference signal between 
samples may be coded into one binary digit to convey the polarity of 
the difference. This method of coding is called delta modulation. Large 
error signals result when the slope of the input exceeds one step per 
sample. For a smaller input signal slope, the error resembles 
quantizing noise. 

Coding arrangements may also be provided in DPCM with two 
or three binary digits to represent difference signal polarities and am
plitudes. Such systems are called two-bit or three-bit DPCM systems. 

Signal l ing. Although 7 -bit encoding generally satisfies quality re
quirements for local speech transmission, the performance improve
ment realized with 8-bit encoding is great enough that most modern 
systems use a modified form of 8-bit encoding of input signals. One 
such 8-bit word is transmitted in succession for each of 24 channels 
to make up a sequence of 192 time slots. A framing bit is added to 
form a 193-bit frame. In the modified method of encoding, the least 
significant digit in each 8-bit word representing a speech sample is 
used for signalling in one frame out of six. In the remaining five-sixths 
of the frames, the least significant digit is used to encode additional 
levels in the input signal waveform. Thus, the encoding is the equiv
alent of 7-5/6 bits per word. The coding of the signalling bit is 
adequate to represent all required signalling states. 

The simplicity of providing for signalling in digital systems is one 
of the reasons digital terminal equipment is more economical than 
analog terminal equipment. This has been a significant factor in the 
rap_id growth of digital systems in the local portion of the facility 
network. 

Data Signal Processing. In order to provide flexibility of use for digital 
transmission systems, the terminal equipment must provide for the 
processing of digital data signals as well as voice signals. The re
quired processing does not include amplitude sampling or companding 
but the digital signals must be coded in a manner that satisfies data 
signal transmission requirements and, at the same time, is compatible 
with digital line transmission requirements. Furthermore, if the 
digital signals are to be multiplexed with other digital signals or 
with digitized speech signals, they must be processed so that the 
format is compatible with multiplexing, framing, timing, and 
synchronization functions throughout the system. 
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A number of types of terminal equipment that meet these complex 
requirements are available. The designs cover a wide range of input 
signal characteristics that include synchronous and nonsynchronous 
signals, serial and parallel data streams, and many different data 
signalling rates. Some of these equipment types have also been adapted 
for use with the Digital Data System (DDS) [3] . 

In some cases, voiceband data signals that can be carried by 
standard voice-grade message channels may be transmitted over a 
digital transmission system without processing. In these cases, the 
signals are treated as analog signals insofar as terminal processing 
is concerned. 

Multiplexing 

The interleaving of pulses that represent the signal amplitudes of 
different channel signals into a single continuous stream is called time 
division multiplexing (TDM ) . The process involves the three major 
functions of timing, framing, and synchronization. 

Timing. All of the major logical processes in a digital system ter
minal depend on accurate timing of the pulses associated with each 
signal and with the multiplexing of the coded signals into a single 
pulse stream. In most terminals, the timing is provided by or derived 

from a single clock circuit that distributes a stream of pulses with a 
highly precise and stable repetition rate. The sampling and coding 
functions are controlled by this timing signal so that all pulses are 
properly related in respect to repetition rate, width, and position in 
a time sequence. 

Framing. Detailed methods of multiplexing and demultiplexing digital 
signals vary from system to system. However, one feature is shared 
by all. The pulse stream of multiplexed signals must be organized so 
that the pulses associated with each specific signal can be identified 
and separated from the other signals in the stream. This is accom
plished by organizing the pulse stream into frames. The separation 
of one signal from the others is then accomplished by counting pulse 
positions relative to the beginning of a frame. In this manner, code 
words representing the elements of each signal can be extracted from 
the combined bit stream and reassembled into a single stream of 
pulses associated with a particular channel signal. This procedure 
also permits the identification of the most significant digit in a code 
word. 
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In D-type banks, the 193rd pulse position in each frame is dedicated 
to the framing function. A specific and unique sequence of pulses is 
transmitted in this pulse position to identify the frame length. Since 
the frame length consists of 193 pulse positions, there are 193 dif
ferent phases that the receiver circuits can assume but only the one 
corresponding to the frame format is correct. When this is accom
plished, the receiver is said to be in frame. 

Deterioration of framing performance may be caused by line errors 
which alter the framing pattern and cause the receiver to react falsely 
as if it were out of frame. This condition is called a misframe. The 
mean time between misframes even under conditions of high error 
rate must be made long to prevent excessive loss of information. The 
time required to reframe must be kept very short. 

Synchronization. For satisfactory performance, terminal circuits 
must be properly synchronized with one another. In the originating 
terminal, this function is fulfilled by the timing signal previously dis
cussed. Where the function of the equipment is to multiplex digital 
signals from different sources, it is necessary to assure that all 
sources are in synchronism or to adj ust the rates of the incoming 
signals before multiplexing. Because of the importance of synchroni
zation, the clock circuits in both cases must be extremely reliable and 
must produce timing signals with great precision. 

Formation of Line Signals. The 50-percent duty cycle, bipolar, 1 .544 
Mb/s, DSl line signal of a digital transmission system is made up 
of the elements discussed above, i.e., coded information pulses, signal
ling pulses, and framing pulses. In addition, signals at higher line 
rates include control bits, parity bits for error detection, and com
munication bits for administrative uses. The format of this combined 
signal must satisfy the requirements of the transmitting and receiving 
terminal equipment as well as those of the repeatered line. 

The basic need is to establish the line repetition rate. This require
ment involves the entire system, line, and terminal equipment, and 
establishes or influences many of the other basic system interrelation-

· 

ships. The factors that most influence the line rate are ( 1 )  the number 

of channels to be provided, (2) the need to sample input signals at a 
rate equivalent to twice the highest frequency to be transmitted, 
(3)  the number of quantization levels to be provided in the sampling 
process, (4) signalling requirements, and (5) framing requirements. 
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The most economical terminal equipment design at present is ac
complished, in part, by combining the amplitude samples of all channel 
signals into a single pulse Sltream. The coding process can then be 
applied to this  multichannel pulse stream by the use of common equip
ment. Alternatively, each channel signal sample could be coded by 
PCM equipment and the separate code words could than be multi
plexed into a single bit stream. Since coders must be provided on a 
per-channel basis in this case, costs may be higher. However, tech
nological economies resulting from the large numbers involved may 
make costs comparable. 

Other system requirements must also be satisfied. To avoid un
wanted variations in average signal voltage (baseline wander) while 
keeping the regenerative repeaters simple and inexpensive, it is often 
found desirable to form the line signal into a bipolar or similar format 
[as illustrated in Figure 20-4 ( d ) ] in which the de and low-frequency 
components are negligible. It is also necessary to restrict the number 
of consecutive Os transmitted. This restriction helps to limit baseline 
wander but it is primarily required to guarantee the transmission of 
a minimum proportion of 1 s  to sustain regenerative repeater timi ng 
circuit operation. The manner of satisfying these requirements is 
tailored to each specific system. 

Demultiplexing and Decoding. At the receiving end of a digital trans
mission system, the inverse of the processes used at the transmitting 
end must be provided. Logic circuits, operating on information con
tained in the framing code, steer the pulses associated with each 
channel through appropriate gates to separate them from the other 
channel signal pulses. 

The signalling pulses are also removed from the pulse stream and 
directed to signalling conversion circuits. The PCM pulses are con
verted to PAM sample pulses which are then passed through low-pass 
filters to recover the original analog signal. The received signal d�
coding process, in general, tends to result in a simpler circuit design 
task than that of the transmitter coding process. 

20-2 DIGITAL TRANSMISSION LINE 

Digital transmission systems have been designed to operate over 
wire-pair cables or coaxial cable facilities. The signal format is a 
stream of discrete pulses, generated in the terminal equipment, that 
must satisfy certain requirements imposed by the repeatered trans
mission line. In all cases, the line signals are impaired by loss, distor-
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tion, and noise introduced by the transmission medium. These impair
ments are overcome by repeaters placed at regular intervals along the 
transmission path. In addition, the line equipment must be arranged 
so that impairment limits are not exceeded. 

Signal  Characteristics 

Most digital systems transmit bipolar or modified bipolar signals 
because average values of de and low-frequency components are mini
mum and the design of repeater circuits are thus facilitated. 

Line Repetition Rote. Digital systems involve the transmission of a 
signal having a fixed repetition rate. This rate is determined by the 
number of speech channels to be provided, the sampling rate, the 
number of quantizing levels, the number of bits required to encode 
each amplitude, and the number of bits assigned to miscellaneous 
functions, such as framing and channel signalling. For signals above 
DSl in the hierarchy, the rate is determined by limitations imposed 
by the transmission medium and by the number of bits added for 
framing, synchronization, and other administrative functions. Multi
ple signals from the lower levels of the hierarchy or other sources are 
then fitted into the bit stream as efficiently as possible. 

These considerations have led to standard line repetition rates 
which were originally derived to satisfy the requirements of a partic
ular transmission system type. These rates, now designated DSl 
( 1 .544 Mb/s ) ,  DSlC (3.152 Mb/s) , DS2 (6.312 Mb/s) , DS3 ( 44.736 
Mb/s) , and DS4 (274.176 Mb/s) , form the digital multiplex hier
archy. They are not integrally related because bits are added to each 
signal to control the multiplexing process and for other service 
functions. 

Signal Coding Format. A number of different coding techniques may 
be used for the line signal of a digital transmission system. The bi
polar format, or some code modification such as bipolar with zero 
suppression, is usually used because de and very low-frequency signal 
components are virtually eliminated and because the concentration of 
energy in the signal is  shifted to one-half the baud-rate frequency 
The shift of energy to the lower frequency reduces crosstalk coupling, 
reduces the required bandwidth, and makes the design of timing re
covery circuits more practical. In many other types of signal formats, 
the energy may be concentrated at much higher frequencies or might 
exhibit a nearly flat spectrum to very high frequencies. The eli�ina-
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tion of de components permits transformer coupling between trans
mission conductors and repeaters and facilitates the design of thres
hold decision circuits by controlling baseline wander. 

There are many factors that enter into the choice of code for the 
transmitted signal for a specific system. Code characteristics may be 
used to measure the performance of the repeatered line, to derive 
timing information, to minimize crosstalk, and for a number of other 
functions. The optimum for each system is that code which provides 
satisfactory performance most economically and coordinates most 
practicably with other systems that might operate in the same cable. 

Transmission line Signal Impairments 

The transmission of digital signals from one repeater to another 
introduces a number of impairments that must be corrected at each 
repeater. These impairments include loss, distortion, random noise, 
impulse noise, crosstalk, and echo. In addition, j itter introduced by 
the regenerative repeaters tends to accumulate from repeater to 
repeater. 

Distortion. As in any transmission system that uses wire pairs or 
coaxial conductors as the transmission medium, the principal impair
ments are the loss and attenuation/frequency and delay distortions 
introduced by the cable conductors. These impairments attenuate and 
distort the pulses and make them unrecognizable. The pulses must be 
restored at least to the point where detection circuits can recognize 
the presence or absence of a pulse in each time slot. The impairments 
are overcome at repeater points by an amplifier I equalizer that intro
duces attenuation/frequency and delay characteristics that are ap
proximately the inverse of the impairments produced by the trans
mission conductors. These corrections must be made before the 
regeneration process is implemented. 

Noise. As with any other type of system, digital system design and 
development must be considered from the point of view of thermal 
noise, impulse noise, and crosstalk. These impairments are controlled 
by specification of repeater spacings and cable pair usage for the two 
directions of transmission. However, since the regenerative process 
eliminates noise accumulation from repeater to repeater, it is possible 
to consider these phenomena on a per-repeater basis to a far greater 
extent in digital system design than in analog system design. A char
acteristic of digital systems is that they perform extremely well up 
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to a critical value of the signal-to-noise ratio and then deteriorate 
rapidly when that critical value is passed. Thus, adequate margin must 
be provided to preserve a satisfactorily low error rate. 

These qualitative statements regarding error impairment in digital 
signal transmission apply quite well where the noise has predictable 
characteristics and is of a known amplitude. However, these attributes 
are not always applicable where impulse noise is controlling. Impulse 
noise consists of large amplitude peaks that occur unpredictably in 
infrequent bursts against a relatively quiet background. The most 
common sources of impulse noise are lightning and the switching 
transients that occur in telephone central offices. 

Impulses caused by l ightning surges tend to be longitudinally in
duced in the cable pairs. Thus, the effects of such surges are mini
mized by maintaining a close impedance balance from each conductor 
to ground. 

Switching transients are most interfering in those sections of cable 
closest to central offices. They are induced, by cable-pair crosstalk 
mechanisms, in digital system pairs from voice-frequency pairs where 
they originate. Control of such transients is achieved by maintaining 
balance to m>inimize the effects of longitudinal induction and by de
signing the repeater sections adjacent to central offices to be shorter 
than nominal. Thus, signal attenuation is reduced and a higher signal
to-noise ratio is maintained. Also, the digital system and voice
frequency circuits are usually segregated in different cabJes or in 
different cable units (binder groups) to reduce the probability of 
induced transients. 

Crosstalk. Crosstalk between cable pairs is a limiting impairment 
in the design of digital transmission systems for use over wire-pair 
cables [ 4] . For systems with the two directions of transmission in 
the same cable sheath, near-end crosstalk ( NEXT ) is the major inter
ference and, for systems where the two directions of transmission 
are isolated in separate cables or by shielding, far-end crosstalk 
( FEXT) is dominant [5] . Therefore, careful studies must be made 
of the distributions of crosstalk and crosstalk coupling loss. 

Because regenerative repeaters are used in digital systems, cross
talk impairments do not accumulate from one repeater section to the 
next. Averaging techniques used in the design analysis of analog 
systems cannot be used in the design of digital systems. In such a 
system, a single repeater section with a slightly lower than acceptable ' 
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signal-to-noise ratio can significantly degrade the error performance 
of the entire chain of repeater sections. 

The distribution of the pair-to-pair equal level coupling loss 
(ELCL) in cables has been found to be log normal. Capacitance 
balance between pairs is measured during manufacture and, when 
l imits are exceeded, cables are rejected. Since there is a correlation 
between capacitance unbalance and crosstalk coupling, the distribu
tion of coupling losses tends to be truncated at the low-loss end. A 
representative distribution of pair-to-pair ELCL for pulp cable mea
sured at 3 MHz is shown in Figure 20-5. Crosstalk coupling loss at 
frequencies other than 3 MHz can be inferred from known relation
ships between crosstalk loss and frequency. Crosstalk loss decreases 
with frequency at 6 dB per octave for FEXT and approximately 
4.5 dB per octave for NEXT. 

20 30 40 50 

ELCL (dB) 

60 70 80 

Figure 20-5. Pair-to-pair ELCL at 3 MHz for 1 000 feet of 50-pair unit of 22-gauge 
pulp cable. 

TCI Library: www.telephonecollectors.info



540 Digita l  Systems Vol .  2 

In a multipair cable, a given pair receives crosstalk interference 
from many other energized pairs. Probability theory can be used to 
obtain the distribution of crosstalk coupling as if it were the power 
sum of many interferers. The resulting distribution is again log 
normal. Figure 20-6 i llustrates the distributions of NEXT and FEXT 
when 49 pairs of a 50-pair cable unit crosstalk into one pair. Because 
of the effect of transmission level point differences, NEXT is far 
worse than FEXT. 

32 34 36 38 

ELCL (dB) 
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Figure 20-6. Power sum of crosstalk interference from 49 pairs. 

46 

Figure 20-7 illustrates the relationship between crosstalk coupling 
loss and the number of interferers. Because of random addition, the 
effective coupling loss decreases about 3 dB when the number of inter
ferers doubles. The minimum FEXT shown represents the 99.9 per
cent limit of the distribution and does not reflect the truncation of the 
original pair-to-pair ELCL distribution. 

Because crosstalk depends on the statistical nature of the paired 
cable manufacturing process, extensive pair-to-pair coupling loss 
measurements must be made on new cable designs so that statistical 
distributions can be established for engineering digital transmission 
systems. 
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Figure 20-7. Power sum of interfering signals due to FEXT. 
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Echo. The transmission distortions that occur in digital systems all 
tend to produce intersymbol interference. Signal echoes, which con
tribute to this type of impairment, are a result of impedance discon
tinuities that may arise from many sources. To prevent the generation 
of echoes, the terminating impedances of repeater and terminal cir
cuits are designed to match the impedances of connecting transmission 
l ines or other equipment. However, there are many other sources of 
echo, such as gas plugs and splices, that must be carefully controlled 
if system performance is to be satisfactory. 

Gas plugs are used in wire-pair cables at points where they enter 
central office buildings and at maintenance area boundaries. A gas 
plug is an airtight seal, usually formed from epoxy resin forced into 
the cable sheath, that allows application of gas pressure between plugs 
to prevent moisture accumulation. The electrical effect of the plug is 
to add capacitance concentrated at the plug thus creating a discon
tinuity in the impedance of the cable pairs. Repeater spacings are 
made short where gas plugs are used in order to accommodate the 
added capacitance. Splices in cable pairs also introduce impedance 
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discontinuities and capacitance unbalance in the transmission paths 
which can enhance echoes and crosstalk. 

Gauge and insulation changes at points where different types of 
cable are spliced together may also cause impedance discontinuities 
and echoes. In addition, bridged taps, used extensively in the loop 
plant but not much in the trunk plant, can also produce echoes. These 
potential sources of echo impairment must be examined carefully 
when a proposed new system is being engineered for installation. 

Repeater Characteristics 

The regenerative repeaters placed along a digital transmission line 
perform a sequence of operations which result in an output signal 
that is an authentic replica of the signal transmitted from the pre
vious repeater or system terminal. These functions include amplifica
tion and equalization of the received signal, the generation of an 
internal timing or clock signal, the slicing of the incoming signal and 
decision-making as to the presence or absence of a pulse in each time 
slot, and the regeneration of discrete pulses in the proper time slots 
to form the original line signal. To support these functions, there 
must also be circuits to power the repeater and to protect the repeater 
from lightning or other unwanted power surges [6] . 

Amplification and Equal ization. At the input to a regenerative repeater, 
signal pulses have low amplitude due to the loss of the preceding 
section of transmission line. The pulses are also badly distorted by 
the frequency characteristic of the line. Thus, the input circuits to 
such a repeater provide both gain and equalization as illustrated by 
the block diagram of Figure 20-8. 

The amplification function of the repeater input must provide suffi
cient gain to compensate for the losses of the transmission line and 
equalizer. The amplitudes of signal pulses at the output of the ampli
fier are typically held constant by an automatic line build-out circuit. 

The equalization function of the repeater input may be imple
mented in two steps. A fixed section provides compensation for the 
attenuation/frequency characteristic of a nominal length of trans
mission line. A variable section is used to compensate for departures 
such as differences between actual and nominal repeater section 
length and loss variations due to temperature. 

TCI Library: www.telephonecollectors.info



Chap. 20 Cable System Design Features 

Decision times 

I \ 
I I I I 
I I I I 

543 

I 1 � I -�-�-t\:- Dod•loo '""'' 

I I +  I 1 

Input Amplifier . Output .. and Regenerator ... 
equalizer 

... 

y .,..._\ �  �� 
v 

- Timing 

- ' I I I I circuit 

Figure 20-8. Regenerative repeater block diagram. 

The design of the attenuation/frequency characteri stic of an 
equalizer for a digital transmission system differs significantly from 
that for an analog system. The analog system design objective is to 
produce a constant attenuation/frequency characteristic over the 
passband of the system. In a digital system, the objective is to optimize 
the characteristic for pulse transmission. The problem is one of find
ing a suitable compromise bandwidth which would minimize pulse 
distortion but not allow too much noise to enter the channel. 

The adj ustable equalizers, called automatic line build-out (ALBO) 
networks, now used in most digital system repeaters are automatically 
adj usted in accordance with the characteristics of the received signal. 
The equalizer characteristic combined with the l ine characteristic 
should result in an overall channel characteristic between the two re
peater points that approximates a raised cosine characteristic and, 
with the transmitted pulse characteristic, meets the Nyquist I criteria 
for pulse signal transmission [7] . 

A regenerative repeater is usually ac-coupled to the transmission 
line by transformers or capacitors. This type of coupling permits the 
powering of the repeater from direct current carried on the transmis
sion conductors and isolates the repeater somewhat from low
frequency noise on the line. However, it effectively removes the de 
and low-frequency components from the signal and thus causes base
line wander which makes it difficult to establish the presence or 
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absence of pulses. The most common technique used to deal with 
baseline wander is to place restrictions on the coding of the trans
mitted signal to reduce the de and low-frequency content. Another 
technique, quantized feedback, involves the incorporation of circuits 
in each repeater to restore the de and low-frequency signal com
ponents. Only weak coding restrictions are imposed. 

Timing. The regenerated signal transmitted from a repeater must 
be accurately timed to maintain the proper intervals between pulses 
and pulse width. As shown in Figure 20-9, the timing information is 
usually extracted from the 1 ine signal after it has been equalized and 
amplified. 

-AJ\r 
I 

Equalized 
pulse train 

Phase 
shifter 

Figure 20-9. Typical repeater timing path. 

To . 
regenerator 

After additional equalization, used in some systems to optimize the 
operation of the timing circuits, the incoming signal is rectified and 
clipped in order to derive a discrete signal component at the l ine 
repetition rate. The rectified and clipped signal is then applied to the 
tim,ing extractor, a circuit tuned to the timing frequency. The Q of 
this circuit must be high enough to permit satisfactory timing action 
during a sequence of Os in the transmitted s ignal. The design must 
be a comprom,ise between circuit performance and signal coding to 
limit the number of consecutive Os. The desired sinusoidal timing 
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component is amplified and limited to produce an approximate square 
wave at the signalling rate. This signal is then used to control a 
clock-pulse generator which produces narrow pulses that are alter
nately positive and negative at the zero crossings of the square wave. 
A phase-shift circuit in the timing path adj usts the phases of the 
timing pulses so that they occur at the m,iddle of each signal pulse 
interval. This method of deriving a clock signal is called forward
acting timing ; a digital repeater that uses this type of timing is 
called self-timed [ 4] . 

The narrow positive clock pulses are used to gate the incoming 
pulse stream into the regenerator. The negative clock pulses are used 
to turn off the regenerator. Thus, the combination is used to control 
the width of the regenerated pulses. 

The processes of timing and regeneration lead to a signal impair
ment called jitter, the appearance of pulses at timing intervals dif
ferent from ideal. Jitter, which can be regarded as a random phase 
modulation of the pulse stream, can lead to crosstalk and distortion 
in the reconstructed analog signal. From some sources, j itter adds 
systematically while from others it adds randomly or nonsystemati
cally. Systematic effects degrade the pulse train in the same way at all 
tandem repeaters. Examples are intersymbol interference, pulse width 
differences, and clock threshold offsets. N onsystematic j itter sources 
include the mistuning of clock circuit filters and crosstalk from other 
systems. In a long chain of repeaters, j itter performance is usually 
dominated by systematic effects. 

Regenerator Circu its. A fundamental function of the regenerator is 
to examine the incoming signal during each pulse interval and to 
determine if a pulse is present in that interval . This function is carried 
out after the signal has been amplified and equalized. 

Most regenerative systems transmit bipolar signals such as that 
illustrated in Figure 20-4 ( d ) . Such signals can have ( in a pulse in
terval ) one of three states : positive, zero, and negative, usually 
designated +, 0, - . The threshold c ircuits are gated to admit the 
line signal at the middle of each pulse interval. If the signal is positive 
and exceeds a positive threshold, it is recognized as a positive pulse. 
If it is negative and exceeds a negative threshold, it is recognized 
as a negative pulse. If it has a value between the positive and negative 
thresholds, it is recognized as a 0 ( no pulse) . 
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When either threshold is exceeded, the regenerator is triggered to 
generate a pulse of the appropriate duration, polarity, and amplitude. 
In this manner, the distorted input signal is reconstructed as a new 
output signal for transmission to the next repeater. 

Surge Protection and Power. Operating power for l ine repeaters is  
generally supplied by direct current transmitted over the signal con
ductors. The de and ac signals are separated and recombined at the 
repeater terminals. A de voltage is derived from the de l ine current 
as it passes through power circuit diodes in the repeater.

· 

In  many locations with aerial, buried or underground cable, it i s  
necessary t o  protect the repeater circuits against damage by lightning 
or other power surges. Primary protection is provided by gas tubes 
or by standard carbon blocks that limit longitudinal surges to a maxi
mum of about 600 volts peak. Secondary protection is  provided by a 
series connection of parallel, oppositely-poled diodes bridged across 
each conductor pair. With a current-limiting resistor in series with 
each conductor, surge currents are l imited to a peak value of about 
50 amperes. 

Transmission line Layout 

Regenerative repeaters are distributed along a transmission line 
at distances that are determined by a number of i nterrelated phe
nomena. With the initial designs of digital systems, a 6000-foot ob
j ective was established for repeater spacings so that manholes and 
other facilities previously used for loading coils could be reused for 
regenerative repeaters. The achievability of this objective depended 
on the control of signal impairments incurred along the line such 
as thermal noise, crosstalk, impulse noise, loss, distortion, and j itter. 
When this objective was met, the 6000-foot repeater spacing became 
near-standard and most digital systems utilizing wire-pair media are 
designed for this nominal spacing. 

Most systems are organized so that up to 25 repeaters can be housed 
in one apparatus case at each location. This arrangement affords 
efficient space utilization in manholes or on telephone poles and pro
vides a large enough cross-section of voice channels so that several 
systems can be operated in one cable and most route capacity require
ments can be fulfilled economically. Recent studies indicate that it 
may be economically desirable to increase the capac-ity of apparatus 
cases to perhaps 50 repeaters. 
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System lengths have been generally constrained by maintenance 
considerations. In most cases, the overall length is divided into spans 
that are defined as the maximum allowable distances between central 
office buildings. These spans must be specified in terms of the maxi
mum distance over which repeaters can be powered from central office 
power supplies. In addition, it is convenient to regard such spans in 
terms of maintenance and operating functions and the related 
equipment in the central office buildings at the ends of the spans. 

20-3 MAINTENANCE 

Manual and computer-aided administration, maintenance, and 
surveillance systems are now available. These receive trouble reports, 
direct the transfer of service to standby facilities, and perform diag
nostic routines to aid in isolating the trouble. 

Most digital transmission system terminals are equipped with 
carrier group alarm ( CGA) arrangements. When a system fails, the 
network trunks carried by the fa;iled system are processed so that 
false charges do not accrue. The trunks are usually made busy as 
long as the failure persists so that they cannot be seized and thus tie 
up common switching equipment. They are automatically restored to 
service when the system is repaired. 

The basic maintenance requirements for a digital transmission 
system are filled by equipment capable of detecting errors in or loss 
of the line signal, of determining the location of a faulty repeater, 
and of transferring service (manually or automatically) from a failed 
line to a standby line. These functions are fulfilled by equipment of 
various degrees of sophistication depending on the length of the 
systems and on the number of voice circuits that can be affected by 
failure. 

The error-detection function is usually related to the basic charac
teristics of the transmitted signal. For example, the 1 s  that are 
encoded into the bit stream of a bipolar signal are transmitted alter
nately as positive and negative pulses. When two successive pulses 
are of the same polarity, the bipolar characteristic is violated and 
recognized by bipolar violation detectors. Other forms of error detec
tion are used for other types of signals. 

In some systems, when a complete loss of signal is detected, service 
is switched automatically to another line and an error-free test signal 
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is substituted on the defective line ; thus, subsequent spans do not 
respond to the trouble condition. This procedure, in  effect, provides 
isolation of gross troubles to a span. 

Fault location procedures usually take the form of inserting a signal 
in the defective span with intentional violations of the code format. 
These violations are introduced at an audio rate and a voice-frequency 
signal is returned on a maintenance pair in such a manner that the 
defective repeater can be identified. 

Most installations of short digital systems are operated with one 
or more powered standby systems, called maintenance systems, on the 
same route. When a working line fails, service may be switched or 
patched to a maintenance system. Automatic switching is sometimes 
provided for exceptionally long systems and for those carrying 96 or 
more circuits. 
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Digital Systems 

Chapter 2 1  

D igital Term ina l  and  M u lti p lex Equ i pment 

Digital transmission and switching facil ities are being used i n
creasingly throughout the telecommunications network. When this 
network began to take form, Tl was the only digital transmission 
system. One type of terminal equipment, called Dl banks, was used 
to transform voice-frequency signals to a digital format compatible 
with the line signal required by the Tl carrier system. Now, there 
are a number of transmission system types together with a variety 
of terminal and multiplex equipment to operate with each type. 

The digital network is evolving in a manner similar to that of the 
analog network. A hierarchy of transmission rates, called digital 
levels, has been established and will undoubtedly expand as the digital 
network expands in flexibility and size. These levels are designated by 
digital signal (DS)  numbers that increase with the rates from DSO 
to DS4. The rates are not integral multiples of lower rates because, 
at each level, bits are added to facilitate multiplexing and other 
service functions. 

The digital multiplex units used to translate from one digital level 
to another are designated by a prefix M (for multiplex) followed by 
two digits that designate the steps in the translation process. For 
example, M13 multiplex equipment is used to multiplex several DSl 
signals into the DS3 stream and to demultiplex the DS3 signal into 
its constituent DSl signals. * The MlC multiplex unit , an exception to 
this numbering p lan, combines two DSl signals to form a DSlC signal. 

*In this case, the process is  called "skip level multiplexing" because level 2 is 
omitted from the process.  
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The terminal equipment units are referred to as D-type banks and 
provide the interface between analog circuits and digital multiplex 
equipment and/ or transmission lines. Analog s ignals are processed 
into a digital form and multiplexed for digital system transmission 
in one direction and demultiplexed and processed for analog trans
mission in the other direction. Other types of banks are used at the 
terminal locations of digital systems for processing digital data 
signals. In some cases, these banks are arranged to multiplex a 
number of data signals into a single bit stream for transmission. In 
other cases, the data signals are multiplexed with various combina
tions of processed analog signals. 

A number of equipment arrangements are available to provide the 
interface between transmission systems and electronic switching sys
tems (ESS) . The processing of signals for time division switching by 
the No. 4 ESS is so similar to that used in D-type banks that in some 
of these arrangements signals may be switched without processing to 
an analog format. In other arrangements, analog circuits similar to 
those of the D-type bank have been used directly as the trunk circuit 
terminations at an analog E SS. Both of these arrangements have 
resulted in substantial cost savings at the point of interconncetion be
tween digital transmission systems and electronic switching systems. 

The flexibility that has been provided in the digital hierarchy per
mits future expansion to include higher transmission rates and a 
number of other features. For example, an experimental coder-decoder 
(codec) has been developed to permit the translation from an analog 
to digital (and digital to analog) format of 720 telephone channels. 
This digital mastergroup signal is transmitted at the DS3 rate [1 ] . 
The mastergroup and other broadband codecs will permit the efficient 
use of new technology such as waveguide and optical fiber ( lightwave) 
communications systems by providing economical means for inter
connecting these and existing analog systems. 

2 1 - 1 TH E DIGITAL MULTIPLEX H IERARCHY 

Just as the development of J- and K-type carrier systems estab
lished the 12-channel group as the first and basic building block in the 
frequency division multiplex (FDM) hierarchy, the development of 
the 24-channel T1 carrier system established the basic building block 
i n  the time division multiplex (TDM) hierarchy. In TDM, the basic 
unit is the DS1 signal with a digital transmission rate of 1 .544 Mb/ s, 

TCI Library: www.telephonecollectors.info



Chap. 2 1  Digital Terminal and Multiplex Equipment 551 

a rate suitable for the time division multiplexing of 24 digitally
encoded voice-frequency signals. Other levels of the hierarchy are re
lated to the basic DSl rate but, as previously mentioned, not by integral 
multiples. However, all the rates are integral multiples of 8 kb/s. 
The hierarchical levels and the types of multiplexing equipment used 
for the translation of signals between levels are shown in Figure 21-1 . 

274.176 Mb/s 
0�----------------------------------------------�------

053 ___ 
4
_

4
_.

7
_
36

_
M
_

b
_
/ s

----------------------------------���------

052 
6.1 32 Mb/s 

DS1 C 3. 1 52 Mb/s 

M 1 2  

M l C  28 

4 

1 .544 Mb/s 
2 

051 

Figure 2 1 - 1 .  Digital hierarchy and multiplexing plan. 

The organization of the bit stream and the format of the trans
mitted signal must simultaneously satisfy two sets of criteria at any 
level in the hierarchy. First, the signal must satisfy interconnection 
and transmission requirements imposed by the transmission facility 
to be used. These requirements are expressed i n  terms of signal char
acteristics observed at a cross-connect frame. Included are such 
parameters as the transmission rate, the signal format ( i.e., whether 
the signal is polar, bipolar, or multilevel ) ,  the location in the bit 
stream of parity bits required by the transmission system, pulse 
amplitude, allowable number of consecutive zeroes, etc. 

The second set of requirements imposed on the bit stream is a 
function of the methods of multiplexing and the message signal, fram-
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ing, and signalling formats. They are imposed to assure compatibility 
of the signal with terminal equipment used at the ends of the faci lity. 

The 24-Channel DSl Signal 

The DSl is a bipolar 50-percent duty cycle signal made up of 1 .544 
million time slots per second in each of which one bit, a 0 (no pulse) 
or a 1 (pulse ) , may be transmitted. This signal may be processed in 
a number of ways to make it suitable for transmission over a partic
ular type of facility or for multiplexing with other DSl signals. 

The 1.544 Mb/s transmission rate for the DSl signal was originally 
derived to satisfy transmission constraints imposed by repeater de
sign and cable characteristics for the Tl carrier system. The obj ec
tive was to provide a transmission rate that could accommodate a 
number of voice-frequency (VF) signals that had been suitably 
processed for digital transmission. The number of VF channels that 
was shown to be feasible was 24, sometimes called a digroup. The 
basic requirement is that of sampling an analog signal at a rate at 
least twice that represented by the channel bandwidth in hertz. Thus, 
each 4-kHz channel signal had to be sampled at a rate of 8000 per 
second to produce a pulse amplitude modulated ( PAM) signal . 

The next requirement to be satisfied was derived from the com
bination of processes in pulse code modulation (PCM ) , i .e . ,  the 
representation of each amplitude sample by a quantized voltage and 
the conversion of that voltage into a pulse code in which a constant 
number of bits were assigned to represent the various quantized volt
ages. To satisfy initial local trunk transmission quality and signalling 
requirements, each of 128 quantum levels and the signalling state of 
the channel being sampled are portrayed by an 8-bit code word. In 
channel banks of later design, 256 quantum levels are coded 5/6 of 
the time. Signalling information is carried in the 8-bit code word l/6 
of the time. 

The third requirement to be fulfilled is that of providing a pulse 
sequence that can be used to decode the received signal. For this pur
pose, the line signal is organized in blocks of pulse positions called 
frames. Each frame is defined as a sequence of time slots made 
up of one 8-bit code word for each of the 24 channel signals. Thus, a 
frame consists of 24 channel samples X 8 bits per sample = 192 bits. 
At the end of each frame, an extra bit is added to the signal to 
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identify the frame sequence and to synchronize the channel bank 
circuit operations. When the frame rate is combined with the sampling 
rate of 8000 per second, the DS1 signalling rate is determined to be 
193 X 8000 = 1,544,000 bits per second, 1 .544 Mb/s. 

In a complete signal , the eight bits representing each VF signal 
amplitude sample and signalling state are random sequences of 1 s 
and Os. Thus, each sequence of 192 bits in a frame is made up of 
random 1s and Os. In early equipment designs, the framing bits that 
follow each 192-bit sequence are transmitted as alternate 1 s  and Os 
thus providing a coded sequence of framing pulses ( 1 0 1 0 1 0 . . . ) 
that can be recognized by the receiving terminal. In later designs, the 
framing pulses are coded as a repeating sequence the basic combina
tion of which is the series 1 1 0 1 1 1 0 0 1 0 0 0. 

Coding is sometimes modified for improved performance and, when 
other than speech signals are to be transmitted, the code format is 
modified as necessary for the particular signals involved. However, 
the basic rate of 1 .544 Mb/s is maintained in all cases in order to 
satisfy the requirements for transmission over T1 repeatered line 
facil ities. 

The OS 1 C Signal 

Two DS1 signals are combined to form a DS1C signal but, as re
ceived, they are generally not synchronized with one another nor with 
the new DS1C signal. The transmission rate for each of the DSl 
signals is nominally 1 .544 Mb/s while the transmission rate for 
the DS1C signal is 3. 152 Mb/s. Thus, there are approximately 
3 152 - 2X 1544 = 64 kb/s used for synchronization and framing of 
the DS1C signal. The synchronization of the two DS1 signals to make 
them alike in repetition rate and of a rate suitable for incorporation 
into a single DS1C bit stream is accomplished by a process called 
pulse stuffing. In this process, time slots are added to each signal in 
sufficient quantity to make the signal operate at a precise rate con
trolled by the clock circuit in the transmitter. Pulses are inserted (or 
stuffed)  into these time slots but carry no information. Thus, it is 
necessary to code the signal in such a manner that these noninforma
tion bits can be recognized and removed at the receiving terminal. 
This coding is incorporated at the point where the two DS1 signals 
are multiplexed together to form the DS1C signal. For convenience, 
the two signals are designated No. 1 and No. 2. 

TCI Library: www.telephonecollectors.info



554 Dig ital Systems Vol .  2 

The DS1 signals, received from the DSX1 cross-connect frame as 
bipolar signals, are first converted to unipolar signals. Before the two 
signals are multiplexed, signal No. 2 is inverted logically ( all Os are 
converted to 1 s and all 1 s are converted to Os ) in order to control the 
signal statistics of the transmitted pulse stream. After stuffing and 
the inversion of signal No. 2, the two signals are multiplexed by inter
leaving them bit-by-bit according to the input numbering sequence 
assigned to the two signals. 

The multiplexed bit stream is next scrambled in a single-stage 
scrambler. Each scrambler output bit is the modulo two sum of the 
corresponding input bit and the preceding output bit [2] . This signal 
is now combined (multiplexed) with a control bit sequence that per
mits the proper demultiplexing of signals No. 1 and No. 2 and the 
deletion of stuffed bits from the two signals at the receiving terminal. 

Each control bit precedes a block of 52 bits from the multiplexed 
DS1 signals, 26 bits from each. The control bits form a repetitive 
sequence 24 bits long which, with the information bits associated 
with each control bit, defines a 1272-bit block called an M frame. This 
control bit sequence may be regarded conveniently as a digital word 
the individual bits of which are dispersed in the composite signal 
pulse stream. Each 24-bit control sequence ( or word ) is made up of 
three sub-sequences designated M, F, and C. The entire sequence is 
shown in Figure 21-2. The symbol, 0, is used with subscripts to show 
how the information bits from the two DS1 signals are interleaved. 

The M sequence consists of four bits designated M1 , M2, M3, and 
M 4. They are the first, seventh, thirteenth, and ninteenth bits in the 
24-bit sequence and define the start of four 318-bit subframes in the 
1272-bit M frame. The M sequence may be written 0 1 1 X. The first 
three bits, 0 1 1, are used to identify the M -frame format and the 
fourth bit, X, is used as a maintenance signalling channel to indicate 
receiving terminal alarm conditions at the transmitting terminal. 
A 1 indicates no alarm while a 0 indicates the presence of an alarm 
at the receiving terminal. 

The F sequence is made up of alternate 1s  and Os ( F1 == 1 and 
FO == 0) that appear at the beginning of every third 52-bit informa
tion sequence, i .e., as every third bit in the 24-bit control sequence. 
This code is used at the receiving terminal to identify the scrambled 
input signals and the control bit time slots. 
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The C-bit sequence is used to identify the presence or absence of 
stuff pulses in  the information bit positions of each subframe. There 
is a sequence of three C bits in each subframe. If a stuff pulse is to 
be inserted during the subframe, the C bits are all 1 s.  If a stuff pulse 
is  not inserted, they are all Os. The stuffed time slot is the third in
formation bit following the third C bit in  the subframe. Stuffing for 
DS1 signal No. 1 occurs during the first and third subframes and for 
signal No. 2 during the second and fourth subframes of an M frame. 
The maximum stuffing rate is 4956 bps for each DS1 signal ; the 
nominal rate is 2264 bps. 

The processes described above are carried out in the transmitting 
terminal. All must be reversed at the receiving terminal in order to 
restore the DS1 signals to their original conditions. 

In its transmitted form, the DS1C signal is bipolar with a 
50-percent duty cycle. The component DS1 signals and the DS1C 
signal are converted to a binary ( unipolar ) form for processing with
in the multiplex equipment. Thus, bipolar violations in any of these 
signals are eliminated. 

The DS2 Signa l  

An M12 multiplex unit is used, as  indicated in Figure 21-1 ,  to com
bine four DS1 signals into a single bit stream [3] . The 6.312 Mb/s 
DS2 signal is made up of the combination of these four DS1 signals 
and a number of control, framing, and stuff bits. 

Synchronization of the four DS1 signals is necessary because these 
signals may originate in different sources having independent and uTI
synchronized timing clocks. As in the M1C, this synchronization is 
accomplished by adding stuff pulses to each signal so that all four are 
of the same rate which is determined by a common timing clock at 
the multiplex unit. 

All of the control information for the far-end demultiplexer is 
carried within an 1 176-bit frame which is divided into four 294-bit 
subframes. The control-bit word, disbursed throughout the frame, 
begins with an M bit as shown in Figure 21-3. The four M bits are 
transmitted as 0 1 1 X where the fourth bit, which may be a 1 or a 0, 
may be used as an alarm indicator bit. When a 1 is transmitted, no 
alarm condition exists at the transmitting end of the section ; when a 
0 is transmitted, an alarm is present. The 0 1 1 sequence for the first 
three M bits is used in the receiving circuits to identify the frame. 
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Within each subframe two other sequences are used for control 
purposes. Each control bit is followed by a 48-bit block of informa
tion of which 12 bits are taken from each of the four DS1 signals. 
These are interleaved sequentially in the 48-bit block. The first bit 
in the third and sixth block is designated an F bit. The F bits are 
a 0 1 0 1 . . .  sequence used to identify the location of the control bit 
sequence and the start of each block of information bits. 

The stuff-control bits are transmitted at the beginning of each of 
the 48-bit blocks numbered 2, 4, and 5 within each subframe. When 
these control bits, designated C, are 0 0 0, no stuff pulse is present ; 
when the C bits are 1 1 1 ,  a stuff pulse is added in the stuff position. 

The stuff bit positions are all assigned to the sixth 48-bit block in 
each subframe. In subframe No. 1, the stuff bit is the first bit after 
the F1 bit ; in subframe No. 2, the stuff bit is the second bit after the 
F1 bit, and so on through the fourth subframe. The nominal stuffing 
rate is 1796 bps for each DS1 input signal. The maximum is 5367 bps. 

Prior to multiplexing at the M12 multiplex unit, input signals 2 
and 4 are logically inverted. This is done to improve the statistical 
properties of the output DS2 signal. 

At the output of the M12 unit, the multiplex signal is  unipolar and 
must be converted for transmission to a bipolar format with a 
50-percent duty cycle. The format used at the D S2 level is called 
bipolar with six-zero substitution (B6ZS ) . If there is  no sequence of 
bits longer than five that is  composed of all Os, the signal is true 
bipolar. However, if a sequence of six Os occurs, the format is modi
fied. If the last pulse before the six Os was positive, the code substi
tuted for the six Os is 0 +-O-+ ; if the last pulse before the six Os 
was negative, the code substituted for the six Os is 0- +0+ - .  In 
both cases, bipolar violations occur in the second and fifth bit posi
tions of the substitution. These violations are recognized at the re
ceiver so that the proper sequence of six Os can be substituted. 

The DS3 Signal 

Presently, the D S3 signal is generated within the M13 by two steps 
of multiplexing. As indicated above, combinations of up to four DS1 
signals are processed to form a DS2 signal. Then, as many as seven 
DS2 signals may be multiplexed to form the DS3 signal. In de-
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multiplexing, the inverse two-step process is carried out. Internally, 
these signals are all in a polar format so that there can be no bipolar 
violations. The output DS3 signal is in a modified bipolar format with 
three zeroes substitution ( B3ZS)  and a 50-percent duty cycle. 

The pattern of subframe, frame, and control bits for the 44.736 
Mb/s DS3 signal is formed in much the same manner as that described 
for the DSlC and DS2 levels in the hierarchy. The DS3 signal is 
partitioned into frames of 4760 bits. Each frame is divided into seven 
subframes each having 680 bits. Note that the number of subframes 
corresponds to the number of DS2 signals formed within the multiplex 
unit. Each subframe, in turn, is divided into eight blocks of 85 bits. 
The first bit in each block is used as a control bit with the remain
ing 84 bits available for information. This format is outlined in  
Figure 21-4. 

The initial bits in successive subframes are X, X, P, P, MO, M1, 
and MO. The first time slot in each of the first two subframes, desig
nated as an X bit, may be used for alarm or other operation or main
tenance purpose. However, the two X bits in a frame must be the 
same, either 0 0 or 1 1 .  

The first time slots i n  the third and fourth subframes are designated 
as P bits. These are used to convey parity information relating to 
the 4704 information time slots following the first X bit in the pre
vious frame. If the modulo two sum of all information bits is 1 , 
P P = 1 1  and if the sum is 0, P P = 0 0. 

rx T s.4 TflT ai T c21Ta4-, FO i s.4 T C221 B4 I FO r s4 T C231 -84 TflT s.4, .....L _ .J.  _ _ _J r ' L  _ _  .l _ � - - � - -...c _!J _ _ � _ _  .l _ .J. _ _  _j ' '  L _ .J 
14----------M2 subframe -----------.t 

I : M �� 
I 
I 
I 
I 

\ I I  w 
'M-oTai TflT -s.4 Tc71T 8i1 Fo r8£Tc72l -s41 FO r siT c73T S4- TflT S4-, ---t::. :L _ _ _j r • L  _ _  ..L _ l. _ _  � _ _  .!: _ :J  _ _ � - - l.  _ :.L _ _ ..J ' '  L _ .J  
14---------- M7 subframe ________ ........,. 

Figure 2 1 -4. Organization of 053 signdl bit stream. 
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The first time slots in subframes 5, 6, and 7 are designated M bits. 
These three time slots always carry the code 0 1 0 which is used as a 
multiframe alignment signal. 

In each subframe, blocks 2, 4, 6, and 8 carry F bits. These are 
transmitted in the first time slot of each of these blocks as a 1 0 0 1 
code that is used as a frame alignment signal to identify all control 
bit time slots. 

The first time slots in subframes 3, 5,  and 7 carry bits to indicate 
the presence or absence of a stuff pulse in the subframe. The bits 
designated Ci1, Ci2, and Ci3 are the stuffing indicator bits for the 
ith subframe where i is any number from 1 to 7. In the C-bit posi
tions, a 1 1 1 code indicates that a stuff pulse has been added and a 
0 0 0 code indicates that no stuff pulse has been added. One stuff 
pulse per subframe may be added in the eighth block. The stuffing 
time slot is the first information time slot in that block for the DS2 
signal that corresponds numerically to the subframe, i .e . ,  the ith time 
slot in the eighth block of the ith subframe. The nominal and maxi
mum stuffing rates per 6.312 Mb/s input are 3671 bps and 9398 bps 
respectively. The 6.312 Mb/s signals appear internally in the multi
plex unit. Each is a DS2 signal made up of four multiplexed DS1 
signals in a manner similar to that used in the M12. 

The B3ZS format is one in which any three consecutive Os in the 
polar signal are replaced by a sequence that produces a bipolar viola
tion. Each block of three consecutive Os is removed and replaced by 
B 0 V or 0 0 V where B represents a pulse conforming with the bi
polar rule and V represents a pulse violating the bipolar rule. The 
choice of B 0 V or 0 0 V is made so that the number of B pulses 
between consecutive V pulses is odd. 

Following is an illustration of B3ZS coding that assumes the 
polarity of the last pulse transmitted previous to the three successive 
Os was negative. If the last pulse had been positive, the resulting 
B3ZS signals would be the inverse of those shown. Case 1 assumes 
that an odd number of pulses have been transmitted since the last 
bipolar violation ; Case 2 assumes that an even number of pulses have 
been transmitted since the last bipolar violation. 
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Binary 8ignal : 1 0 1 0 0 0 1 1 0 0 0 0 0 0 0 0 1 0 0 0 1 . . . 

B3ZS Signal 

Case 1 (odd ) : + 0 - 0 0 V + - B O V B 0 v 0 0 + 0 0 v 
+ 0 - 0 0 - + - + O + - O 0 0 + 0 0 + 

Case 2 ( even ) : + 0 - B o V - + B O V B  0 v 0 0 0 0 v + · · · 
+ 0 - + 0 + - + - 0 - +  0 + 0 0 - 0 0 - + . . . 

The 054 Signal 

Six 44.736 Mb/s DS3 signals are multiplexed, using pulse stuffing 
synchronization, to form the 274.176 Mb/s DS4 signal. The DS3 
signals are of the modified bipolar B3ZS type previously described. 
The DS4 signal is a polar binary signal. Logical 1 bits are 100-percent 
duty cycle positive voltage pulses and logical 0 bits are 100-percent 
duty cycle negative voltage pulses. These voltages are measured from 
the center conductor to the outer conductor of the coaxial tube used 
for transmission. 

In DS4, the basic  s ignall ing block consists of 4704 time slots called 
a superframe. Each superframe is divided into 24 frames of 196 time 
slots each and each frame is divided into two subframes of 98 time 
slots each. In each subframe, the first two time slots are used for 
control bits and the remaining 96 time slots are used for information 
bits. 

This organization of the bit stream is shown in Figure 21-5. The 
symbol, 0, is used with subscripts to show how the information bits 
from the six DS3 signals are interleaved on a bit-at-a-time basis 
according to the input numbering order. 

In the time slots designated M and M, X and X, and C and C, 
collectively called S bits, each of the bits with an overscore is the 
complement of the companion bit without overscore. Bits M1, M2, and 
M3 are used to align the superframe and are always coded 1 0 1 .  

Thus, M1, M2, and M3 are always coded 0 1 0 .  The b its designated X 
and X may be used in the transmission system for the purpose of 
signalling, maintenance, and operations information but they are not 
used in the multiplex and demultiplex ( muldem ) equipment. The 
X bits must be coded 0 0 0, 1 1 1, 0 0 1, or 1 0 0 but may be changed 
within that constraint to convey system information. The bits ci ci c, 
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TIME SLOTS 

1 96 (ONE FRAME) 

f+- 2 �14 96 ------t��l4• 2 �14 96 ... 1 
I MtMt ltB2flaB48sB681B2 · · · I P1P1 I ftf2l1af4fsB6fltfl2 · · · 

I M2M2 iftfl2fifa94fifsB6fltB2 · · · I P2P2 I fltfl2flaf4f1sf6fiftfl2 · · · 

I MaMa I P1P1 I 
I X/Xl I p2p2 I 
I xtxt I P1P1 I 
I xtxt I P2P2 I 
I ctct I P1P1 I 
I ctct I P2P2 I 
I clct I P1P1 I 
� �� � �� �  
I c2<; I P1P1 I 
I c2cz I P2P2 I 
I Ca<S; I P1P1 I 
I CaCa I P2P2 I 
I CaCa I P1P1 I 
I c4c4 I P2P2 I 
I c4c4 I P1P1 I 
I c4c4 I PzPz I 
I Cs"C;, I P1P1 I 
I c5c;, I PzP2 I 
I CsCs I P1P1 I 
� �� � �� �  
I c6c6 I P1P1 I 
I c6<; I flt92Hafl485fl69182 . . . I P2P2 I flt02flafif49586fllfl2 . . · ' 

Vol. 2 

Figure 2 1 -5. Organization of one superframe of the 054 signal bit stream. 

are used as a stuffing indicator word for each DS3 input i. The word 
1 1 1 indicates that the ith input has been stuffied in that superframe 
and 0 0 0 indicates that there has been no stuffing in that superframe. 
The complementary C and C bits are used at the demultiplexer for 
two-bit error correction. The time slot used for stuffing DS3 input 
i is the eighth 0i slot occurring after the last Ci bit in the superframe. 
The nominal stuffing rate is 27,429 bps per DS3 signal and the 
maximum is 58,286 bps per DS3 signal. 
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The bits designated P are parity bits used in error detection. Bit Pt 
is a parity bit taken over all odd-numbered information bits in the 
two frames immediately preceding P • .  Bit P2 is a parity bit taken 
over all even-numbered information bits within the same two frames. 
Bit Pt or P2 is a 0 if the number of counted 1 s  is even and 1 if the 
number of counted 1s is odd. The P bits are transmitted as identical 
pairs. 

The information bits of the DS4 signal designated 0i are scrambled 
before being combined with control bits. This is accomplished by 
modulo two addition of the information bits to the bits of a pseudo
random sequence. Each bit of the pseudorandom sequence, which has 
a signalling rate of 137.088 Mb/s ( one-half the DS4 rate ) , is used t() 
scramble two information bits. The even numbered information bits 
are added (modulo two sum ) to the corresponding pseudorandom bits 
and the odd numbered information bits are added to the complement 
( logically inverted sequence) of the pseudorandom bits. 

The Digita l Data System 

A separate digital hierarchy, related to and coordinated with the 
hierarchy previously discussed, has evolved to accommodate the trans
mission of DATA-PHONE® Digital Service signals on standard digital 
facilities at rates of 2.4, 4.8, 9.6, and 56.0 kb/s. These signals may be 
multiplexed in various combinations by stuffing and packing techni
ques into a bipolar, 100-percent duty cycle pulse stream at 64 kb/s. 
After suitable processing, this multiplexed signal, designated DSO, 
can be transmitted over the equivalent of one voice channel (64 kb/s) 
in a DS1 signal [ 4] . 

2 1 -2 DIGITAL MULTIPLEX EQU IPMENT 

Digital signals are translated from one level of the hierarchy to 
another by equipment designed to multiplex a number of lower rate 
signals together to form a higher rate signal. At the receiving end, 
the equipment separates the individual signals and processes each 
into the format required at the lower rate. The multiplex equipment 
now available is designated M1C, M12, M13, and M34. These units 
translate signals between levels in the hierarchy as indicated by the 
numerals in the designation. Another unit, designated MX3, is under 
development. It will provide flexibility in translating signals between 
the DS3 level and the DS1, DS1C, or DS2 levels by selection of 
interchangeable circuit plug-in units. 
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Signal  Characteristic Specifications 

In  the previous discussion of the digital hierarchy, many of the 
signal characteristics are specified in order to satisfy interconnection 
or transmission facility requirements and to satisfy compatibil ity of 
terminal equipment. In some cases, these requirements apply equally 
to the multiplex equipment at all levels of the hierarchy and, in other 
cases, they differ somewhat with the level. Some line transmission 
systems utilize framing, parity, and other bits provided in the format 
so that only signals having the specified formats can be transmitted. 

line Rates a nd Codes 

The signal descriptions for the several levels in the hierarchy are 
summarized in Figure 21-6. Among the requirements imposed on all 
of these signals is a limit on the number of consecutive Os that may 
appear. These requirements must be satisfied because the regenerative 
repeaters of various transmission systems depend on the statistics of 
the signals for timing extraction and, for DS4 signals, to limit the 
variation in the de component of the signal (baseline wander) .  

REP. RATE, TOLERANCE DUTY CYCLE, 
SIGNAL Mb/s PPM* FORMAT PERCENT 

--

DSO 0.064 t Bipolar 100 

DS1 1.544 ± 130 Bipolar 50 

DS1C 3 .152 ±30 Bipolar 5 0  

DS2 6.312 ±30 B6ZS 50 

DS3 44.736 ±20 B3ZS 50 

DS4 274.176 ± 1 0  Polar 100 

*Parts per million. 

t Expressed in terms of slip rate. See reference 4. 

Figure 2 1 -6. Summary of repetition rates and codes in digita l h ierarchy. 

In the T1 Carrier System, the 0 sequence restriction is that there 
may be no more than 15 consecutive time slots carrying 0. As the 
line signal is formed by channel signal sampling and coding and by 
combining information, signalling, and framing signals, it is moni
tored so that successive Os of each 8-bit code word can be counted. 
When the number of Os reaches 7, the circuits are arranged so that 
a 1 i s  i nserted in the pulse stream in the position corresponding to 
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the least significant information bit of the channel sample code in 
the sequence. Thus, a tolerably small impairment is introduced in the 
pulse code for the channel voltage sample at that instant. These opera
tions are performed j ust before the line signal is converted from a 
unipolar to a bipolar format for transmission. 

Somewhat similar modifications of the line signal are used when 
the Tl carrier system is used for data transmission. The details de
pend on individual data bank design and on the sensitivity of various 
types of data signals to the subsequent impairment [5] . 

The M-type multiplex units must also control the number of con
secutive Os in the higher-rate output signals. This is accomplished 
by 0 substitution as previously described (B6ZS and B3ZS codes ) 
and by the use of scrambling techniques also previously described. 

Synchronization 

Two forms of synchronization must be considered at each level of 
the digital hierarchy. The first is the synchronization of a bit stream 
to �orne specific value of repetition rate. This form of synchronization 
is expressed by stating the nominal bit rate and adding a tolerance 
to that expression. The requirements on this form of synchronization 
are given in Figure 21-6. 

The second form of synchronization is the timing of one bit stream 
relative to another when the two are to be time division multiplexed 
into one bit stream at a higher rate. For this purpose, the relative 
timing must be precise and is accomplished above the DSl level 
by pulse stuffing. As previously described, all signals to be multiplexed 
can be made to have precisely the same rate in bits per second by 
adding stuff pulses to the slower signals. When the signals are de
multiplexed, the stuff pulses are removed. The resulting gaps in the 
pulse stream are closed to restore the original bit stream timing ex
cept for a small residual j itter. The gap closure made necessary by 
the removal of stuff pulses is usually accomplished by the use of an 
elastic store. 

E lastic Stores 

In digital multiplex equipment, problems of synchronizing multiple 
bit streams are often solved by the use of elastic stores [6] . These 
are circuits that permit the repetition rate of a digital pulse stream 
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to be changed. The output pulse stream may have considerable jitter 
due to the process of change ; it can be smoothed by combining the 
store circuitry with a phase locked loop which controls the output 
pulse stream repetition rate. 

The number of binary digits that can be held in an elastic store is 
limited to the number of storage cells provided in the design. Incoming 
information digits are entered into the store (write in )  under control 
of the incoming timing clock and are extracted (read out) under the 
control of an independent local clock. Thus, the store must be designed 
for the specific application. 

If the read-out rate of a store is lower than the write-in rate, the 
read-out circuits will lag behind the write-in and eventually will be 
overtaken by the write-in sequence. A block of digits equal to the 
store size is thus lost. Conversely, if the reading rate is higher, read
ing overtakes writing and a block of digits may be repeated. In both 
situations, the store is said to have spilled. The indiscriminate spilling 
of a store may be avoided by synchronization. 

Pulse stuffing may be regarded as controlled spilling that allows 
recovery of the original sequence of digits. For this  type of control, 
the reading clock rate must be higher than the writing clock rate and 
the extra digits must be inserted at specified times to permit ultimate 
removal. The first condition is satisfied by the assignment of ap
propriate nominal clock rates and allowable variations or tolerances. 
The second is satisfied by a periodic monitoring of the delay between 
writing and reading operations. 

Pu lse Parameters 

Pulses transmitted to and from digital multiplex equipment must 
meet a number of specifications to assure proper equipment operation. 
These specifications relate to pulse amplitude, width, rise and decay 
times, permissible overshoot, j itter, and format. The specifications are 
applied at carefully defined measuring points for each of the hier
archical levels, usually a cross-connect frame designated DSXl, 
DSXlC, etc., according to the level at which it operates. 

In most cases, pulse amplitude, width, rise and decay times, and 
permissible overshoot are specified by an oscilloscope template that 
provides a display of the ideal or nominal pulse and tolerances on 
each of the parameters. Generally, the tolerances have been estab-
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lished to limit impairments due to the lengths of cable between multi
plex equipment and cross-connect frames. Where cable length limits 
cannot be met, plug-in equalizers are used to permit longer lengths 
of cable. 

Some approximate or nominal values of these parameters and some 
specifications of parameters other than those covered by the use of 
templates may be considered for each of the signal repetition rates. 
In some cases, specifications have not been finalized. 

The DS1 Signal.  The template for DS1 signals is designed to show 
a nominal pulse width of 324 ns with a tolerance of ± 30 ns as 
measured at half amplitude. The rise and decay times must be less 
than 80 ns between the 10- and 90-percent amplitude points. A trail
ing edge overshoot of 10 to 30 percent of the pulse amplitude is  ac
ceptable with a decay to less than 10 percent of the peak overshoot 
requi red within 400 ns. In addition to the template-controlled specifi
cations, signal power in DS1 signals is specified to be such that the 
ratio of the power in positive pulses to that in negative pulses shall 
be no more than 0.5 dB. These specifications generally allow for up 
to 750 feet of  cable between the DSX1 frame and the source of DSl 
signals although, in some applications, the cable length is restricted 
to 655 feet. 

The DS1 C Signal.  A nominal pulse width of 160 ns is specified for 
the DS1C signal. The trailing edge overshoot should not exceed 10 
percent of the pulse amplitude. Up to 400 feet of cable may be used 
between the DS1C output of a multiplex terminal and the DSX1C 
cross-connect frame. Somewhat greater lengths are permissible be
tween the DSX1C cross-connect frame and a D4 channel bank. 

The DS2 Signal.  The power in the DS2 signal is specified at two 
frequencies when an all l s  pattern is transmitted. The power at 
3.156 MHz is to be between 0.2 and 7.3 dBm and, at 6.312 MHz, it is 
to be -20.0 dBm or less as measured at the DSX2 cross-connect 
frame. For an all 1 s pattern, the template-controlled sepcification on 
pulse width is adj usted so that, at the multiplex unit, the power 
measured in a 2-kHz band at 3.15 MHz is 18.2 dBm + 0. 1  into 
110  ohms. Allowance is thus made for 1000 feet of cable from the 
multiplex unit to the DSX2 cross-connect frame. 

The DS3 Signal . The power in a DS3 signal is specified as measured 
at the DSX3 cross-connect frame when an all ls signal is trans-
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mitted. The power measured in a 2-kHz band at 22.368 MHz should 
be between -1 .8 and +5.7 dBm and, at 44.736 MHz, it should be at 
least 20 dB below that measured at 22.368 MHz. The template
controlled pulse width is specified as 1 1 .2 ± 1 . 1  ns with rise and decay 
times of 4.5 -+- 1.4 ns. The overshoot and undershoot must be less than 
10 percent of the pulse amplitude. These values permit the use of up 
to 450 feet of solid-dielectric coaxial cable between the multiplex 
equipment and the DSX3 cross-connect frame. 

The DS4 Signal. This 100-percent duty cycle polar signal has a 
power that is specified in terms of the transmission of an alternating 
1 0 1 0 . . .  pattern. As measured at the DSX4 cross-connect frame, 
the power in a 2-kHz band at 137.088 MHz should be between -3.68 
and +4.35 dBm. At 274.176 MHz, the power should be at least 15 dB 
below that measured at 137.088 MHz. The pulse width is approxi
mately 3.65 ns. Allowance is made in these specifications for up to 
150 feet of solid-dielectric coaxial cable. 

Multiplex and Cross-Connect Operations 

The initial multiplexing of signals takes place in channel banks as 
one of several functions that include the translation from analog to 
digital format, companding, and coding. The result of these processes 
is the formation of the DSl signal that forms the basic building 
block for the digital hierarchy. The succeeding steps of multiplex
ing in the M-type multiplex equipment are carried out as required to 
form the higher level DSlC, DS2, DS3, and D S4 signals each of which 
appears, for administrative purposes, at the appropriate cross-connect 
frame. The signals at any frame may originate at a number of 
different sources. 

At the DSXl cross-connect frame, the DSl signals may originate 
in a D-type channel bank, a Tl line, a lA-RDS radio link, an MlC, 
M12, or M13 multiplex unit, one of several types of data banks or 
data multiplex units, or a terminating unit at an electronic switch
ing system. At the DSXlC cross-connect frame, DSlC signals m ay 
be fed from an MlC multiplex unit, a D4 channel bank, or a TlC l ine. 
Similarly, the DS2 signals found at a D SX2 cross-connect frame may 
originate in an M12 multiplex unit, a D4 channel bank, or a T2 line. 
At a DSX3 cross-connect frame, signals may be present as a result 
of connections to an M13 multiplex unit, an M34 multiplex unit, or a 
3A-RDS microwave radio link. Finally, at a DSX4 cross-connect 
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frame, there may be signals from an M34 multiplex unit, a T4M line, 
or a DR 18A radio link. In each case, flexibility is provided to permit 
additional types of signal sources to deliver signals to a cross-connect 
frame provided interface and interconnection specifications are 
satisfied. 

To each of the multiplex units is applied a stringent set of specifi
cations relating to reframe time. The reframe time is defined as the 
sum of the waiting time required to determine that an out-of-frame 
condition exists, the search time during which the framing circuits 
search for the framing signal code, and the time to reestablish frame 
alignment after the framing signal is identified. In the MlC multiplex 
unit, the maximum allowable reframe time is 17 ms ; in the M12, it 
is 15 ms. In the M13 multiplex, two steps of multiplexing and de
multiplexing are used. Signals are stepped through the DS2 level 
internally in the equipment. The maximum reframe time allowed for 
the first demultiplexing step, from DS3 to DS2, is 2 ms and, for the 
step from DS2 to DSl, it is 7 ms. The combined time should not ex
ceed 9 ms. The maximum reframe time for the M34 unit is 0.2 ms. 

A number of maintenance features are provided in the multiplex 
equipment. These always include alarms generated at demultiplexer 
units to indicate loss of signals or excessive time out of frame. In 
some cases, these alarms are extended back to the corresponding 
multiplexer at the far end. Many multiplex units are also equipped 
with monitors to detect any multiplexer or demultiplexer malfunction 
and to switch in a standby unit automatically. In addition, some units 
are equipped with circuits that substitute an idle signal upon loss of 
input so that trouble indications are not extended beyond that unit. 

2 1 -3 PCM CHANNEL BAN KS 

The processing of analog signals, primarily speech, for transmis
sion over digital facilities is accomplished in equipment designated 
as D-type channel banks. The functions of these banks include filter
ing, sampling, compressing, coding, multiplexing, synchronizjng, and 
framing at the transmitter and the inverse of most of these processes 
at the receiver. A succession of D-type banks has been developed, each 
to improve performance, reduce costs, and/or satisfy requirements 
that were not applicable in earlier designs. 

The D-type banks have been designated Dl through D4. In addition, 
design improvements have been introduced ( especially in the Dl 
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banks) to upgrade the performance or to make them compatible with 
later designs. In Dl ( later designated DIA) , the improved designs 
have been designated DIB and DID. The DIC is a special adaptation 
of the Dl bank for use with the Traffic Service Position System No. 1 
( TSPS-1 ) .  

Although the various D-type channel banks differ somewhat in de
tail,  they all perform the same basic functions. Each of one or more 
groups of 24 channel signals is processed into one or more 1 .544 Mb/s 
DSI pulse streams. Each channel signal is sampled 8000 times per 
second and, after quantization, the PAM samples are converted by 
PCM techniques into eight-bit words. In each design, instantaneous 
companding is used in order to improve the signal-to-distortion 
performance. However, the companding characteristic is not the same 
in all designs. 

Most of the information contained in the eight-bit words relates to 
the speech signals being processed. However, certain bits are used 
for channel signalling. The manner in which these signalling bits are 
assigned differs somewhat in the various designs. 

As previously discussed, the eight-bit word for each PAM sample 
and the 24 channels per DSI pulse stream combine to make up what 
is called a frame of 8 X 24 == 192 pulse positions. In all designs, one 
pulse position is added to each frame to identify the beginning of the 
frame. With 8000 samples per second, the bit stream is made up of 
193 X 8000 == 1,544,000 bits per second. This signal is  binary ( uni
polar ) within the channel bank equipment but is  converted to a 
bipolar format before it is transmitted from the channel bank 
equipment. 

Channe l  Units 

The interface between analog signal transmission circuits and 
digital transmission circuits in channel banks is provided by plug-in 
units called channel units. Two interfaces are provided, one for infor
mation signals and one for signalling. Many different types of channel 
units are available to provide for the many types of signalling ar
rangements used, for the many types of trunks and special services 
circuits, and for two-wire or four-wire operation. Channel units for 
all D l-type banks are compatible but Dl,  D2, D3, and D4 channel 
units are generally not compatible with one another. 
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Figure 21-7 illustrates a two-wire channel unit and a four-wire 
channel unit with E and M lead signalling. The two-wire unit con
tains a hybrid coil to provide the conversion from two-wire to four
wire transmission and fixed and adj ustable pads for line-up use. In 
the four-wire unit, adj ustable-gain amplifiers are provided in both 
paths. The adj ustment range of about 1.5 dB is sufficient to provide 
the standard transmission level points of -16 dB and + 7 dB at the 
input and output respectively. 

In both units, the signalling information in the transmitting direc
tion is passed to a scanning gate. When the transmitting counter 
enables the gate, the signalling state is transmitted to the transmit
ting common signalling unit for encoding. Similarly, the received 
signalling information from the receiving common signalling unit is 
passed through a selecting gate enabled, at the proper times, by the 
receiving counter. The reconstruction circuit transforms the received 
signalling pulses to the signalling state corresponding to that at the 
distant transmitting terminal. 

The D l  Channel Banks 

The terminal equipment for the T1 Carrier System was initially 
provided by the D1 channel bank, later designated the D1A bank [7] . 
Although it is no longer manufactured, there are still many DlA 
channel banks in service. 

The required signal processing within the channel bank is achieved 
by circuits that utilize a number of unique pulse trains. These pulse 
trains provide timing and logic functions to effect the sampling, com
panding, coding and decoding, multiplexing and demultiplexing, 
synchronization, and framing required in the transmitting and re
ceiving portions of the bank. 

Channel banks are made up of a number of plug-in units which are 
in two general classifications. Channel units, previously discussed, 
must be furnished on the basis of one plug-in unit for each channel. 
All other plug-in units are classified as common units that perform 
functions for more than one channel. 

I nternal Pu lse Trains. Figure 2 1-8 illustrates the principal pulse 
streams in the Dl channel bank. The circuit units alluded to in 
Figure 2 1-8 are shown in Figure 2 1-9, a block diagram of the trans
mitting portion of the common equipment of the Dl bank 
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The fundamental timing signal for the terminal is shown as the 
clock signal in Figure 21-8 ( a ) . It is generated by a crystal-controlled 
oscillator in the master clock and framing generator. The pulse train 
is a 50-percent duty cycle binary signal of square-topped pulses having 
the basic repetition rate of 1 .544 Mb/s. 

The digit generator provides sequences of pulses on eight separate 
leads for use in encoding and other timing functions. These digit 
timing signals are illustrated in Figure 21-8 ( b ) . A ninth stage in the 
ring counter provides a pulse at the end of each frame for control of 
the framing generator, a part of the master clock unit. 

Digit pulses are fed from the digit generator to the transmitting 
channel counter circuits which generate channel pulses as shown in 
Figure 21-8 (c ) . These pulses are used to activate a sampling gate in 
each channel unit to allow a PAM sample pulse from each such unit 
to be passed at the proper instant for coding. In D 1A, D1B, and D1C 
banks, the channel counters are blocking oscillators turned on by one 
digit pulse and turned off by another. Each counter accommodates 
six stages ; thus, for a completely equipped bank, four units are 
required as shown in Figure 21-9. 

The PAM pulses, shown in Figure 21-8 ( d ) , are transmitted in two 
independent pulse streams from the outputs of the transmission gateB 
and filters to the group compressors. One compressor acts on 
channels 1 through twelve ; the other acts on channels 13 through 24. 
The sampling times of the channels in the two groups are interleaved 
so that group 1 channels are sampled at odd-numbered times, group 2 
channels at even-numbered times. Thus, the channel signals appear 
at the input to the encoder in the order : 1, 13, 2, 14, . . .  23, 12, 24, 1,  
13,  2, 14,  . . .  as illustrated in Figure 21-8 ( e ) . The range of input 
ampl itudes of about 1000 to 1 is reduced to a range at the output of 
about 63 to 1 in  a modified logarithmic-to-linear conversion so that 
the output variation in volts is approximately proportional to the 
input variation in dB over most of the range. The two compressor 
outputs are connected to the dual encoder in which two summing 
amplifiers and comparison networks, under the logic control of the 
encoder drive unit, encode the two pulse trains alternately into a 
single stream of PCM time slots made up of a random succession of 
Os and 1 s.  In this binary stream, seven of each group of eight pulses 
are used to represent the amplitude of the associated PAM sample. 
This would permit the coding of 128 amplitude values. However, the 

TCI Library: www.telephonecollectors.info



576 Dig ita l Systems Vol. 2 

ali-Os code is inhibited in order to guarantee the presence of at least 
one 1 in each seven-bit code word. Thus, 127 amplitude values may be 
represented by this coding arrangement. 

The unipolar PCM signal, occupying seven of the eight pulse posi
tions assigned to each channel sample, is one of three signals fed into 
the transmitting converter and common . signalling unit. A second 
signal, processed by the common signalling portion of this unit, con
sists of signalling state information from the scanning gate of each 
of the 24 channel units in turn. Each pulse is reshaped and timed to 
interleave with the PCM pulses in  the unipolar train. The third 
signal is the framing signal from the framing generator. The com
bined unipolar signal is illustrated in Figure 2 1-8 ( e ) . 

The final steps of processing in the transmitting converter and 
common signalling unit involve a regeneration of each unipolar pulse 
and the conversion of the pulse train to a _bipolar format. Alternate 
pulses are inverted as shown in Figure 21-8 (f) . The resulting bipolar 
signal is sent to the transmission l ine by way of an alarm control 
unit which is plugged into the shelf with the receiving portion of the 
terminal. 

A block diagram of the receiving circuits is given in Figure 21-10. 
Timing for the receiving circuits is quite similar to that for the trans
mitting circuits. However, the main clock signal is derived from the 
incoming signal p ulse train rather than from a master clock circuit 
as in the transmitting portion of the terminal. 

The signal from the repeatered line is received by the alarm control 
unit. After the pulse amplitude has been adj usted by appropriate 
padding, the signal is applied to the receiving converter and common 
signalling unit where it is converted to a unipolar format and re
generated. The unipolar signal is then applied simultaneously to 
the framing tletector, signalling circuit, and decoder circuit which 
select appropriate pulses from the combined pulse train for further 
processing. 

The decoder scans the seven pulse positions allocated to each sample 
and synthesizes a compressed PAM pulse from the sample code. The 
resulting train of PAM pulses passes through the expandor which 
restores the samples to their original amplitudes and transmits them 
to the receiving gates. These operate one at a time in rotation and 
route each pulse through an individual low-pass filter to the receiving 
portion of the associated channel unit. 
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The eighth digit associated with each seven-digit PCM code word 
[digit 1 in Figure 21-7 (e ) ] is used to transmit signalling informa
tion. These signalling digits are selected, amplified, and passed to the 
receiving signal ling gates in the appropriate channel units where the 
signalling states corresponding to those at the distant terminal are 
reproduced. As designed, this method of transmitting signalling in
formation can represent only two signalling states. Some signal ling 
systems (revertive pulsing and foreign exchange trunk signalling) 
require more than two states. To accommodate these systems, the 
D1A bank is arranged so that digit 8 may be "borrowed" for signal
ling during times when the circuit is inactive, i.e., not carrying speech. 
Thus, three effective signalling states may be represented part of the 
time by the two code-word digits, 1 and 8. 

The timing signal in the receiving portion of the terminal is gen
erated in the receiving converter and common signalling unit from 
the unipolar pulse stream derived from the incoming signal. The dis
sipation of the tuned circuit, resonant at the expected frequency, i s  
low enough that oscillation of  a slave clock is  maintained over moder
ately long blank intervals in the incoming signal. The clock signal 
drives a digit generator like that used in the transmitting portion 
of the terminal. 

Framing may be lost due to errors in the pulse stream that may 
result from malfunction of the receiver or the transmitter at the dis
tant end or from interference picked up along the repeatered line. 
When this occurs, synchronism is restored under the control of the 
framing signal generated in the receiving timing circuits. The fram
ing signal consists of alternate 1s and Os in every 193rd pulse posi
tion, a pattern seldom duplicated for more than two or three frame 
intervals in any other pulse position. When the framing detector 
recognizes a number of violations of the 1 0 1 0 . . . pattern, a hunt
ing action is started. An additional pulse position per frame is in
serted in the locally generated framing signal until the framing 
position is reached. When the two patterns match, the hunting action 
ceases. 

The Dl B Channel Bank. Functionally, the D1B channel bank is the 
same as the D1A except for the manner in which signalling infor
mation is processed. Because of these differences, the D1A and D1B 
banks are not compatible although equipment may be transformed 
from D1A to Dl B by changing specified plug-in units and making 
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minor bay wiring changes. For both, the same bank type must other
wise be used at both ends of a digital system. 

The eighth digit of each code word is "borrowed" in D1A to provide 
additional signalling information when required. While the use of 
this digit in D1A for revertive pulse signalling and foreign exchange 
circuits does not affect transmission quality because it is used while 
the circuit is inactive, the loss of the eighth digit on some no-charge 
calls does represent a sl ight degradation of quality. This is overcome 
in the D1B bank by the revised method of signalling used. 

In the D1B bank, the signalling information is all carried by digit 8 
of each code word. The logic circuit arrangements of the common 
signall ing circuit are programmed so that a signalling sequence of 
four frames contains the required information. Digit 1 in the first 
two of these frames is used to provide up to four signalling states, 
the maximum required. Digit 1 in the third and fourth frames of the 
sequence are always Os. This code has been adopted to avoid the 
possibility of signalling information producing a 1 0 1 0 repeated 
sequence since this would be confused with the standard framing 
signal sequence. 

The Dl C Channel Bank. Transmission between a base unit and a 
remote operator position of the TSPS-1 may be provided by a digital 
transmission facility equipped at both ends with D1C channel banks. 
These banks, which provide data transmission capability and 24 
speech channels, were designed specifically for this type of service. 
The PCM voice signals are processed by seven-digit encoding in 
exactly the same manner and by use of the same circuitry as in the 
DlA channel bank. However, bit 1 of each eight-bit channel code word 
is used to transmit data used by the TSPS-1. Data transmission re
quirements bear no relationship to the signalling requirements in a 
D l A  bank, and therefore, the two types of bank are not compatible .  

A spare D1C bank is always provided for use with one, two, or 
three regular banks to permit alternate bank operation and for 
standby operation when a regular bank �s out of service. Thus, a 
minimum installation requires two complete DlC banks. While the 
D1A and D1B banks are furnished in 7-, 9-, and 1 1-1/2 foot bay 
arrangements, the D1C bank is available only in a 7-foot bay. 

The Dl D Bank. By replacing a number of plug-in common units with 
newly designed units, D1A and D1B channel banks may be made 
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compatible with the D3 and D4 channel banks. Conversion from D1A 
to D1D also requires minor bay wiring changes. Channel banks so 
converted are designated D1D [8] . The changes affect speech, 
signalling, and framing code formats. 

For speech signal coding, a1 1 eight bits of a channel word are used 
in five out of every six frames. In the remaining frame, digit 1 is 
used for signalling. To accommodate these changes, it is necessary 
to change the framing format so that frames containing signalling 
information can be identified. The overall effect of these changes is 
an improvement in speech signal transmission performance since 
256 amplitude values ( instead of 128) are represented in five of every 
six frames, thus reducing the quantizing noise. A second modification 
involves the companding characteristic used in the D1D bank. With 
the new characteristic, the signal-to-noise ratio is improved signifi
cantly over a wide range of input signals. 

The D1D framing format is  a code carried in each 193rd bit posi
tion of the composite signal. The code consists of a 1 0 1 0 1 0 sequence 
carried in odd-numbered frame positions interleaved with a 1 1 1 0 0 0 
sequence carried in the even-numbered frame positions. This com
bination of sequences, producing a composite framing sequence 
1 1 0 1 1 1 0 0 1 0 0 0, forms a time-shared combination of a terminal 
frame pattern and a signalling frame pattern. The terminal frame 
pattern, 1 0 1 0 . . .  , is used for rapid frame pulse identification. The 
signalling frame pattern, 1 1 1 0 0 0 . . .  , is used to identify signalling 
bits carried in the sixth and twelfth of each sequence of frames. 

The encoder in the DlD bank has a nonlinear characteristic to 
provide the signal compression necessary for the desired compandor 
action. The characteristic, designated 11- == 255, differs considerably 
from that used in the DlA and DlB banks where 11- == 100 [9] . (The 
parameter, JL, determines the degree of compression and expansion 
used in the compandor. )  The encoder also includes a 0 code suppres
sion circuit to prevent the loss of line synchronization. When an all-Os 
code occurs at the encoder network, a 1 is substituted for digit 7 of 
the code word. The signal format follows that used in the D2 channel 
bank. 

The clock generator may be driven by an internal crystal-controlled 
oscillator which generates a 6.176 MHz sine wave. This sine wave is 
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divided by four and converted to yield a 1 .544 Mb/s square wave. The 
clock may also be driven by an external source or it may be derived 
from the incoming signal . 

A number of other changes in circuit, operating, and maintenance 
details were made in D1D banks to improve their performance and 
to make them compatible with D3 banks. However, none of these 
changes resulted in functional differences as notable as those 
described. 

The 02 Channel Bank 

As in all D-type channel banks, the plug-in circuits used in the 
D2 bank are of two general classes. Channel units are furnished on a 
per-channel basis to satisfy the operating requirements of the partic
ular type of trunk or special service circuit with which it is associated. 
Common units are used to process all of the channel signals applied 
to the bank and are independent of the types of trunks or circuits 
applied to the bank. While other D-type banks are arranged to process 
the signals of 24 channels, the D2 bank processes 96 channels simul
taneously [ 10, 1 1 ] . Thus, the common units are used somewhat more 
efficiently in the D2 bank. A block diagram of the bank is given in 
Figure 2 1-1 1 .  

The 96 input channel signals are processed by the D2 transmitting 
bank circuits to deliver four DS1 signals at the bank output. Each of 
these signals is identical in format to the output of other D-type 
banks in that the composite signal represents the pulse coding of 
24 channels in a frame of 192 bits with a framing signal carried in 
the 193rd bit position. Each channel is sampled 8000 times per second 
and each amplitude sample is processed into an eight-bit code in five 
out of every six frames. In the sixth frame, digit 1 is used for channel 
signalling as in the D1D bank previously described. Zero-code sup
pression is used in the D2 bank as in other D-type banks. The D2 
bank is compatible with D3 banks although adapters must be provided 
at the D3 bank to assure complete channel sequencing compatibility. 
The function of these adapters is to adj ust channel number counters, 
an adj ustment made necessary by the fact that channel processing 
sequences are different in the two bank designs. Otherwise, the fram
ing signal sequence is the same as that previously described for the 
D1D channel bank. However, the D2 and D1D banks are not con
sidered compatible becaus·e channel counting sequences cannot be 
made to correspond. 
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Signal processing in the D2 bank transmitter circuits, shown in 
Figure 21-11, involves a number of steps some of which are similar 
to those described for other bank types and some of which are quite 
different. If necessary, a voice-frequency circuit is transformed from 
two-wire to four-wire in the hybrid coil. The attenuators and ampli
fiers in the transmitting path are used to adj ust the transmission 
level point to -16 dB. The signal in each channel is filtered, sampled, 
and combined with 11 other channel signals to form a group. After 
additional amplification, two groups are combined by means of trans
fer gates to form a digroup. The digroup signal is amplified and com
bined with three other digroups to form a PAM stream consisting 
of pulse samples from 96 channel signals. These sample pulses are 
then coded by a nonlinear coder to provide the compressor portion of 
a compander with J.t == 255, similar to that of the DID bank. The 
PCM signal is combined in the digital processor with signalling and 
framing pulses to form a 6.312 Mb/s signal from which four inde
pendent DSl signals are extracted. These signals, which have been 
in a binary format up to this point, are also converted into a bipolar 
format. The receiving circuits of the bank perform functions inverse 
to those of the transmitting circuits and produce 96 analog signals at 
the +7 dB TLP. 

The 03 Channel Bank 

Among the D-type channel banks now most commonly found in 
service is the D3 [ 12, 13] . This bank was developed in the early 1970s 
to replace the DlA and DlB banks in new installations. A greater 
than 2-to-1 reduction in size, lower cost, improved performance, and 
a wide range of circuit and equipment options have made the D3 a 
successful design. 

The reduction in size was achieved primarily by the use of hybrid 
integrated circuits ( HIC ) in the plug-in units of the bank. The eco
nomies of HIC manufacture also contributed significantly to the lower 
cost of this bank relative to earlier designs. 

Performance improvements resulted primarily from the application 
of a new compandor characteristic and from the assignment of eight 
bits for the encoding of each PAM sample pulse in five of every six 
frames. These improvements are identical to those described pre
viously for the DlD channel bank. 
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Among the options that are provided in the D3 bank are access 
arrangements for the Common Channel Interoffice Signalling ( CCIS) 
System and for maintenance and operations by the use of the E-type 
telemetry systems. The clock circuits in the D3 bank may be synchro
nized internally or externally. 

A monitored set of common plug-in units may be furnished option
ally as part of a maintenance shelf in the D3 bank. This arrangement 
provides a method of quick service restoral by substituting plug-in 
units from the maintenance bank to the failed bank. A variety of bay 
arrangements are available in D3 that include 7-, 9-, and 11-1 /2-foot 
bays. 

The 04 Channel Bank 

The latest and most versatile of the D-type banks is the D4. It pro
vides basically the same functions as those described for other D-type 
banks but is arranged to operate in any one of four different line 
formats (modes ) that permit its use with Tl, TlC, or T2 lines ; i.e., 
it is capable of generating DSl, DSlC, or DS2 signals by the selection 
of appropriate plug-in equipment. Each D4 bank provides for the 
transmission of up to 48 channel signals. About a 2-to-I reduction in 
size and per-channel power dissipation has been realized in the D4 
bank relative to the D3 bank. 

Operating Modes. Figure 2I-I2 illustrates the four operating modes 
of the D4 channel bank. Mode I is used with a TIC line facility oper
ating with D4 channel banks at both ends. For this mode, the TIC line 
interface units, LIU-I, are used to multiplex two DSl binary signals 
and then transform the composite binary signal to the bipolar format 
required for transmission. They also include the bank clock circuits 
and the looping circuits used for single-ended testing and insert con
trol bits required at the distant receiving bank. The mode I signal 
cannot be demultiplexed to DSI signals by an MIC multiplex unit nor 
can it be multiplexed to the DS3 level in a proposed multiplex unit 
called the MX3. 

Mode 2 may be used with a TIC line having a D4 bank at one end 
and an MIC ( or the proposed MX3 ) multiplex unit at the other. The 
TI terminals of the MIC multiplex unit may be connected to either a 
DID, D2, D3, or D4 bank, or to a digroup terminal at a No. 4 ESS 
machine. The LIU-2 performs functions similar to those of the 
LIU-1 in mode 1 but operates with a synchronizer-desynchronizer 
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(syndes) unit to add or delete control and stuff pulses in the same 
manner as that used in the M1C multiplex unit. 

In mode 3, the D4 bank can be used with two T1 lines or with one 
of the multiplex units such as M12 or M13. The interface with the 
lines is provided by LIU-3 circuits which deliver DS1 signals to the 
lines for transmission. In one case, the mode 3 operation terminates 
in another D4 bank at the far end while the other case illustrates D4 
compatibility with D1D, D2, D3, and D4 banks and a digroup 
terminal at a No. 4 ESS machine. 

Mode 4 operation requires a combination of two D4 banks to form 
a 96-channel bit stream for transmission over a T2 line. The far end 
of the transmission line may terminate in another D4 bank arranged 
for mode 4 operation or, as shown in Figure 21-12, it may terminate 
in an M12  multiplex unit which may, in turn, be connected to any of 
a variety of channel banks. In the D4 banks, an LIU-4T unit must be 
used to control the transmitting circuits in the two banks and an 
LIU-4R unit must be used to control the receiving circuits in the 
two banks. Each line interface unit must operate with a syndes unit. 

Operating Features. Signal processing within the D4 bank is based 
on the use of two digroups of 24 channels each. These are designated 
A and B and the channels for each are designated 1A through 24A 
and 1B through 24B. These channels are sampled in any of three 
optional sequences. The selection is based on the sequence in the 
channel bank used at the far end of the line. Where only D4 banks 
are involved, the preferred sequence is the same as that used in 
D3 banks. The coding of speech, signalling and framing information, 
and the companding characteristic used are the same as those in the 
D1D, D2, and D3 channel banks. Timing is accomplished by clock 
circuits in the line interface units and may be controlled internally 
or externally or derived from the incoming bit stream. 

A D4 maintenance bank consists of channel bank equipment which 
is kept operating in a looped condition. It is monitored for al arm con
ditions and tested for tone transmission by a maintenance bank test 
set. These and other tests ensure the availability of replacement 
plug-in units known to be in good working order. The bank also pro
vides channel unit test capability for use in isolating troubles and 
for ensuring channel unit integrity when a channel is  to be added to 
a working bank. The maintenance bank may be supplied as optional 
equipment. 
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Specia l Purpose Terminal Arrangements 

A number of data bank and multiplex terminal arrangements are 
available. Some of these are designed to process data signals only, 
others process a combination of data signals and pulse code modulated 
speech signals, and others are designed to transmit signals of the 
digital data system [5, 14, 15] .  A number of these arrangements are 
described in Chapter 6. 

The development of electronic switching systems and the prolifera
tion of digital transmission systems has brought about an increasing 
interaction between and combining of the two technologies. For ex
ample, the signal format used in D1D, D2, D3 and D4 channel banks 
is the same as that used by the digroup terminal of the No. 4 ESS, a 
time division switching system [16] . A digroup terminal may be used 
to terminate DS1 signals at a No. 4 ESS to permit channel switching 
without processing the signals to voice frequencies. The digroup 
terminal removes framing pulses, extracts the signalling information 
from each channel, and then steers the pulse code modulated speech 
information into the logic processes of the ESS operations. 

Trunk circuits used with No. 1 ,  2, and 3 E SS machines have many 
functions that overlap those of the channel units in D-type channel 
banks. Methods are under development to combine these units to make 
the i nterface between the switching and transmission systems more 
economical. Units of this type, called direct interface channel units, 
are now available for D3 channel banks terminating at No. 2 ESS 
machines. 
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Digital Systems 

Chapter 22 

Digita l  Transmission Lines 

A number of wire-pair and coaxial transmission media are used to 
transmit the various signals of the digital hierarchy. In each case, 
regenerative repeaters are installed at specified intervals along the 
line to amplify, retime, and regenerate the pulses for transmission to 
the next repeater or to a terminal. 

The facilities developed for this mode of operation have all been 
designated as T-type systems. Those presently in use include the Tl 
and T l/OS, TlC, T2, and T4M Digital Transmission Systems which 
transmit signals at the DSl, DSlC, DS2, and DS4 rates respectively. 

Most of these systems provide trunk facilities in metropolitan and 
suburban areas ; there are also some applications in the loop plant. 
The distances over which these systems can operate economically are 
being increased and some systems now in service extend well beyond 
metropolitan and suburban areas. 

The layout of digital lines is based on repeater spacings established 
by l ine loss, interference, bandwidth, and the provision of adequate 
margins. Line spans that encompass a number of repeater sections 
are based on operations and maintenance considerations and on the 
limitations of supplying power to remote repeaters over the trans
mission conductors. The provision of fault locating facilities, mainte
nance spare lines, and protection switching arrangements are other 
asp�cts of digital line layout that must be considered. 

22-1 THE Tl DIGITAl TRANSMISSION SYSTEM 

The first digital system to find acceptance and the one that is in 
most common use is  the T l  Digital Transmission System. The field 
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of application is primarily to provide switched network trunks be
tween central offices up to about 50 miles apart [1 ] . Some systems 
are .as short as five miles but, in general, T1 systems are more eco
nomical than voice-frequency facilities at distances of 10 miles or 
more. The T1 line equipment has also been found economical for loop 
applications such as those described for the SLC-40 system discussed 
in Chapter 3 [2] . 

While  T1 was initially limited to a maximum length of about 50 
miles by operating and maintenance considerations, it may now be 
used over distances of up to about 200 miles. A maximum of 200 re
generative repeaters comprising several power spans may be con
nected in tandem. This increase has been realized by applying more 
stringent engineering rules to ensure meeting performance objectives 
and by the addition of operating and maintenance features needed for 
longer routes. Also, improved features and equipment needed for 

· small installations and more economical central office equipment ar
rangements are provided. In such applications, the system is called 
T1 Outstate (T1/0S) [3] . 

The signal transmitted over a T1 carrier line must have a repeti
tion rate of 1.544 Mb/s, a bipolar, 50-percent duty cycle format, and 
contain no more than 15 consecutive Os. These constraints on signal 
characteristics must be applied in the system terminal equipment but 
are necessary in order to assure satisfactory operation of regenera
tive repeaters located along the line. 

Transmission Media 

A wide variety of multipair exchange cables may be used for T1 
systems. These include polyethylene-insulated conductor ( PIC ) cables, 
pulp-insulated copper-pair cables of 19, 22, 24, and 26 gauge, a�d 
aluminum conductor cables of 17 and 20 gauge. In most cases, the 
two directions of transmission can be carried in the same cable pro
vided they are in different cable units, or binder groups, in order to 
control crosstalk between systems. Engineering rules specify the 
manner in which such separation must be accomplished but, even 
within these rules, a limit is imposed on the number of pairs that can 
be used as T1 lines. 

In some cases, the crosstalk between cable pairs is excessive due to 
the assignment of too many T1 lines per cable. It is then mandatory 
that the two directions of transmission be carried in separate cables 
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or in cables with shielding between binder groups to provide sufficient 
isolation so that cable fill of Tl lines is  equivalent to that obtained by 
using separate cables. Such cables are called screened cables. Some 
systems are operated with the two directions of transmission in the 
same binder group but with reduced repeater spacing. 

Metropolitan area trunk ( MAT) cable was designed to optimize 
performance for Tl systems and to minimize costs for all types of 
metropolitan area circuits. This cable is most useful in heavily popu
lated areas requiring large cross-sections of circuits between central 
offices. [ 4] . 

In addition to trunk applications, Tl system line equipment is used 
in the loop plant to carry SLC-40 signals using standard loop plant 
cables. Great care must be taken in all applications to be sure that 
cable pairs have been checked for satisfactory operating conditions. 
All bridged taps, load coils, and l ine build-out networks must have 
been removed. In many cases, voice-frequency equipment will have 
been used on the pairs involved for some previous service and all of 
this equipment must also be disconnected. 

The standard administration of cables in the loop plant is not as 
well suited to Tl-system transmission as that in the trunk plant. Loop 
cables are generally not operated under gas pressure and are there
fore more prone to impairment due to moisture. A cable route from 
the central office to a remote area may be made up of mixed gauges. 
Binder group integrity may be lost since it is less important in the 
loop plant than in the trunk plant. All of these factors must be ex
amined carefully and the cable condition upgraded where deficient 
if the Tl line equipment is to operate satisfactorily. 

Regenerative line Repeater 

The Tl system utilizes two general types of repeaters called line 
and central office repeaters. Line repeaters, designed for use in man
holes or on telephone poles, have circuits which include two regenera
tors arranged for either one or two directions of transmission. These 
repeaters are generally assembled in apparatus cases that house 25 
repeaters ( 50 regenerators ) .  The other type, designed for use in  
central office repeater bays, contains circuits to  regenerate the signals 
on only one line. Thus, two such regenerators must be used at each 
intermediate central office repeater point for a complete two-way 
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system. However, a single central office repeater is used ]n  the re
ceiving direction where a T1 line terminates. Other differences be
tween line and central office repeater designs relate to powering and 
maintenance features. Power is fed from central offices to the remote 
repeaters and the office repeaters may be powered locally or from the 
line power loop. 

In the years since T1 systems were introduced, significant tech
nological advances have been made and incorporated in the repeaters. 
A general description of these repeaters may apply to all vintages but 
detalled improvements in design must be discussed individually. The 
most significant changes have involved the introduction of automatic 
line build-out networks to replace the earlier fixed networks·�: , tlie use 
of integrated circuit techniques in many of the circuits� a:nd ' the re� 
duction in power consumption. These advances have resulted' in 1 
significant reductions in size and heat dissipation problems. 

General Description. Figure 22-1 is a block diagram of a typical T1 
regenerative l ine repeater and also shows a schematic drawing of the 
regenerator used in the initial repeater design. 

In the original regenerator design, coded 201 and 205 types,*  the 
build-out networks had fixed attenuation/frequency characteristics 
and had to be selected for each repeater site and direction of trans
mission. The selection was based on the measured or calculated loss 
to the previous repeater s ite. The function of the network was to build 
out the cable attenuation/frequency characteristic to approximate 
that of 6000 feet of 22-gauge cable. 

Direct current from the cable conductors flows through the power 
circuit which provides regulated voltage to operate the active trans
mission circuits. Screw-type switches are used to loop the de path or 
to connect it through as required. The direct current is applied at the 
central office repeater through a simplex transformer arrangement. 

In the regenerator circuits, illustrated in Figure 22-1 (b ) , a pre
amplifier amplifies and equalizes the incoming signal to reshape the 
pulses and to reduce intersymbol interference. The preamplifier out
put signal drives the threshold bias, clock, and pulse generator 
circuits. 

*The 201 repeater contains no electrical surge protection circuitry. The 205 
repeater includes surge protection and is therefore somewhat larger. 

TCI Library: www.telephonecollectors.info



Chap. 22 Digital Transmission Lines 

Regenerator 
.__ 

Regenerator 
___. 

T 

(a) Two-way repeater configuration 

Threshold 
bias circuit 

(b) Regenerator circuit 

Pulse generator 

figure 22- 1 .  Regenerative repeater for Tl line. 

593 

TCI Library: www.telephonecollectors.info



594 Digita l Systems Vol. 2 

The threshold bias circuit sets the decision voltage level which de
termines for each time slot whether a pulse is present. The decision 
level is  optimized over a moderate range of variation of the incoming 
signal amplitude. The clock circuit rectifies the incoming bipolar 
signal. The resulting unipolar pulse train contains a strong periodic 
component at the original repetition rate of 1 .544 Mb/s which is 
selected by a tuned circuit, amplified, and shaped to provide timing 
pulses for the decision circuit and to time the output pulses. The clock 
circuit also gates the decision circuit so that the digital stream is  
examined at  the center of  each time slot for the presence or  absence 
of a pulse. 

The output circuits of the repeater include two gate circuits, one 
corresponding to each polarity of pulse in  the input signal. When an 
incoming signal pulse of either polarity coincides with the timing 
pulse, the pulse generator (blocking oscillator) of the same polarity 
is triggered to send out a new pulse. 

Circ.u it  I m provements. The Tl system line repeaters have been rede
signed to achieve improved performance as technology has ad
vanced [5] . The new repeaters, coded 208 and 209 (corresponding to 
the predecessor 201 and 205 types) are about one-third the size of the 
earlier versions. In addition to the reduction in size, the new designs 
achieved lower costs, a wider operating temperature range, and im
proved performance, especially in respect to equalization. 

The reduction in size was an important factor because space for 
repeater mountings in manholes was becoming congested. With the 
reduction in  repeater size, i t  became possible to reduce significantly 
the size of the 25-repeater apparatus cases as wel l ; m ounting and . 
access arrangements made the effective volume reduction even more 
valuable. 

In the initial repeater design, discrete components were used 
throughout. Line build-out (LBO ) networks had to be selected at 
each repeater point. In the 208 and 209 repeaters, a large part of 
the circuitry is provided in the form of tantalum capacitors, thin-film 
resistors, and silicon integrated circuits. In addition, an automatic 
line build-out (ALBO ) network was developed to allow the repeater 
to operate at a wide range of cable loss and thus to compensate for 
variations in  cable characteristics due to departures of length and 
temperature from nominal values. 
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Further improvements in repeater performance have been realized 

in the most recent repeater design. The improvements result primarily 

from the extended use of silicon integrated circuit techniques. The 

new line repeaters, eoded 238 and 239 types, require significantly less 

line current (60 versus 140 rnA ) and repeater voltage ( 6.8 versus 

10 .9 volts ) than the earlier types. Advantage may be taken of these 

lower values by reducing the power feed voltage or by extending the 

lengths of power spans. Because of the lower repeater voltage and 

line current, these repeaters are not compatible with earlier designs ; 

the same type repeater must be used for replacement or all repeaters 

in an entire power span must be changed to the new design. 

All of the more recent designs ( 208, 209, 238, and 239 types) in
clude the ALBO feature. In addition, they have been designed so that 
they do not free run when there is no signal present. Free running, 
or spontaneous oscillation, is a characteristic of the 201 and 205 types 
that made maintenance difficult and added undesirable interference 
in working systems in the same cable. The later designs are also 
relatively insensitive to impedance discontinuities at or near the 
output of the repeater. In addition, the 238- and 239-type repeaters 
have much greater immunity to induced 60-Hz line current im
pairments. 

Office Repeaters. For each of the line repeater vintages discussed 
above, comparable designs have been provided for use in central 
offices� In general, remote line repeaters contain two regenerators in  
each assembly. However, terminal office repeaters provide for two 
directions of transmission only one of which includes a regenerator. 
In the receiving direction, a regenerator is used because all of the 
functions of a l ine repeater, i .e., equalization, timing, and regenera
tion, must be provided. The transmitting portion of a terminal office 
repeater is made up entirely of passive components which comprise 
an artificial l ine and power feed circuitry to carry operating cur
rent from the central office power supply to the transmission con
ductors for use at remote repeaters. 

An express office repeater panel is available to provide regenerators 
for lines that pass through an office without connection to terminal 
equipment and without the ability to feed power to remote repeaters. 
In this arrangement, line repeaters are mounted in central office hays 
in a manner that is less costly than standard office repeater bays or 
central office mounted apparatus cases. 
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Repeater Options. Repeaters for both line and office applications are 
designed with many options some of which are exercised by selection 
of the proper repeater code, some by switch operation, and some by 
the installation of appropriate networks within the repeaters. 

Repeaters located along a TI route must be capable of feed ing 
direct current through to the next repeater or of looping the current 
back to the originating terminal. The choice is  made at the time of 
installation by operation of a switch or by selection of the proper 
repeater. In the original TI repeater design, it was also necessary to 
install the proper LBO network according to the type of cable and the 
length of the preceding line section. This is not required in later 
designs that incorporate ALBO networks. 

In systems operating in a single cable, the two regenerators of a 
repeater assembly are normally bidirectional, i .e . ,  they transm it in 
opposite directions. These regenerators are then associated with one 
:t:vansmission system. Where two-cable operation is  used, the two re
generators transmit in  the same direction (a unidirectional repeater )  
�and the two systems are unrelated. 

An option is  offered in the 238 and 239 types of bidirectional l ine 
repeaters in respect to fault location capabilities. The fault location 
function may be carried out from either end of the span. Connection 
to separate fault location l ines is selected by a switch on each 
repeater. 

Line repeaters that incorporate surge protection circuits are some
what larger than those that do not. Thus, it is necessary to select 
proper apparatus cases as well as the proper repeater codes for instal
lation where surge protection may be required. Apparatus cases for 
protected repeaters also incorporate gas tubes for protection against 
very high .. voltage surges. 

Most of the designs of repeaters may be used with any of the PIC 
or pulp-insulated cables normally found in the local trunk plant. How., 
ever, special codes of the low-power repeaters (238 and 239 ty,pe.s.) 
are used where the transmission medium is the new MAT cable .. 

Some of the options mentioned above for line repeaters:. are also 
available for office repeater applications but surge protection and 
one- or two-way fau1t location are not available. However, office 
repeaters have other options appropriate to the various line power 
feed situations. 
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line Layout 

The repeatered lines in Tl are laid out as span lines, i .e., the trans
mission lines from a DSXl cross-connect frame ( or an office repeater 
bay) in one power-feed central office to a DSXl cross-connect frame 
( or an office repeater bay) in the next power-feed central office. A 
span line is required for each direction of transmission. The span 
lines between two offices are collectively called a span. With th is 
concept, it is possible to provide maintenance lines, order wires, and 
fault location equipment between central office buildings without re
gard to system terminal locations. The arrangement also provides a 
convenient administrative unit for circuit assignment, maintenance, 
and powering. 

With 22-gauge cable, the maximum distance between power feed 
points is approximately 17 miles when repeaters of early design are 
used and approximately 36 miles when the newer low-power repeaters 
are used. Many factors, such as cable gauge, aerial or below-ground 
installation, and length of end sections, affect the exact spacing of 
power feed points. In some cases, remote power feed points are located 
in other than central office buildings. 

Regenerative repeaters are housed in apparatus cases located along 
the cable. These cases may be mounted in manholes or on pedestals 
or telephone poles. They are usually arranged to contain 25 repeaters 
in a 5 x 5 equipment matrix, a fault locating filter, and an order-wire 
terminal. The repeaters and apparatus cases serve up to 25 two-way 
systems for bidirectional operation or 50 one-way systems for uni
directional operation. Stub cables are connected to the apparatus 
cases at the factory and connections are made to transmission cables 
by splicing. Single-cable and two-cable operations require different 
splicing patterns. 

Repeaters are designed for optimum performance at a cable loss 
of approximately 31  dB at 772 kHz which is  equivalent to a cable 
length of about 6000 feet for 22-gauge pulp-insulated cable and other 
commonly used cable types. When a new system is engineered and re
peater locations established, the loss of the cable to be used must be 
known and allowance must be made for the actual loss and for in
creased loss with higher than normal temperatures. Engineering ruies 
specify the allowable departures from the nominal spacings that are 
permitted in order to accommodate environmental conditions along 
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the route. For example, repeater spacings adjacent to central offices 
are made short to overcome the effects of impulse noise originating 
from switching transients. 

Cables are designed and manufactured in various ways as described 
in Chapter 2.  Some are made up of bundles of conductor pairs called 
binder groups and others are made up of layers of conductor pairs. 
Splicing rules determine the extent to which the integrity of the 
binder groups and layers is maintained. The intersystem crosstalk 
performance of the cable is very dependent on these factors ; engi
neering rules specify which conductor pairs may be used under 
various circumstances. System performance objectives can be assumed 
only when these rules are rigidly applied in the layout of systems. 

One or more powered span lines may be reserved as maintenance 
lines. These are used to carry service while maintenance is being 
performed on working lines or to restore service in the event of 
working line failure. Service restoral is usually achieved by patching 
although some Tl systems are equipped with automatic protection 
switching. 

System lengths are generally limited to a maximum of 50 miles, a 
limit imposed primarily by maintenance and fault location procedures. 
This limit has been extended to about 200 miles for Tl/OS systems. 

Ma i ntena nee Considerations 

Two rules are applied to the generation of a Tl line signal. One is 
that the signal must have a bipolar format, i .e., successive pulses 
must alternate in polarity. The other is that there must be no more 
than 15 consecutive Os and an average density of one pulse in every 
eight signal time slots. These two characteristics are used by moni
toring equipment to evaluate Tl line performance. Signal irregu
larities demonstrated by violations of either rule are detected and 
indicated by a special test set, called a line monitor [6] . When viola
tions are excessive, an office alarm may be sounded. The monitor can 
be used to initiate protection line switching where this function is 
provided. 

A line monitor is usually connected to a specific maintenance line 
or to a critical working line. However, it can be used to monitor any 
line by patching between the monitor and the office repeater of the 
line to be checked. Thus, it is valuable in  seeking the cause of inter-
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mittent trouble. Separate lamps are provided to indicate the nature 
of the violation observed, bipolar or absence of 1 s. The lamps flash 
to indicate the degree of the line trouble detected and the way in 
which they flash can be used to diagnose line troubles. Special plug-in 
units are available for use with the line monitor to provide additional 
trouble diagnosis such as average violation rate and variable alarm 
threshold conditions. 

Another significant aid to T1 system maintenance is the fault loca
tion system used to identify which repeater section is causing line 
troubles. A loaded pair i s  required for lines accommodated by each 
set of apparatus cases ( 25 repeaters) in each span to provide fault 
locating facil ities for up to 12 repeater locations. Each location is 
assigned an interrogation frequency which corresponds to the pass
band of a common filter connected to each repeater in an apparatus 
case. A fault location pair must be used for each apparatus case at 
any location. 

Span lines having more than 12 tandem repeaters are not unusual. 
The longer spans may be _ equipped for fault location in either of two 
ways. Separate fault location pairs and sets of filters may be used 
for separate portions of longer spans. With this method, fault location 
in  a given direction is performed from one end of the span only. 
Otherwise, the fault location testing must be carried out from op
posite ends of a span with the fault location pair split at the midpoint. 
In both cases, the same set of frequencies is used to identify faulty 
repeater sections. 

When fault location is  carried out, the l ine under test must be re
moved from service. A fault location test set is used to transmit a 
test signal from the terminal. This test signal includes many bipolar 
violations and has a strong voice-frequency component which passes 
through the repeaters and is picked off by the fault-location filter at 
each repeater point. The test signal must be changed to correspon d 
in frequency with the passband of the filter at the repeater under test. 
The voice-frequency signal is returned to the test location over the 
fault location pair and is measured by the test set. The faulty re
peater section is identified when its single-frequency signal is not 
returned or when it  is in1paired by a marginally operative repeater. 

A number of other tests are required for T1 system maintenance. 
These include measurements of transmission pair losses and bipolar 
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violations as well as tests of repeater performance. Test instruments 
are available for each of these measurements. 

An order wire must be provided to supplement other maintenance 
facilities and procedures. It requires a loaded pair that parallels the 
digital line for each span. Typically, the order-wire pairs are loaded 
with 88-mH coils installed in repeater apparatus cases or spliced into 
the line, as required. Access to the order wire is provided at each 
repeater location and at one or both ends of the span. A subscriber 
access line is  used to provide access to the switched message network 
to aid in maintenance activities. Battery for talking and signal ling 
on the order wire is provided through the order-wire panel located in 
the central office at one end of the span. This panel may be located 
at the DSXl cross-connect frame, the office repeater bay, or the span 
terminating bay. Intermediate amplification may be provided where 
necessary. 

The Tl Outstate Digita l Transmission System 

The Tl/OS system utilizes standard Tl carrier equipment but per
mits the installation of much longer systems than are possible with 
conventional applications [3] . The increased length is made possible 
by the development of new engineering rules, the provision of fea
tures to enhance reliability and improve maintenance procedures, and 
the development of central office equipment arrangements that pro
vided more economically the variety of combinations needed for small 
installations. 

According to the new engineering rules, up to 200 repeaters may 
be connected in tandem. The maximum length of a system is a func
tion of the quality of individual repeater sections and the permissible 
repeater spacings. These spacings are dictated by the need to main
tain signal amplitudes at values that permit processing by the re
peaters and to maintain an adequate signal-to-interference ratio so 
that errors are few. Screened cables or dual cables are used whenever 
possible to minimize the effects of near-end crosstalk. 

Transmission quality is assured by the application of a design 

number to each line section, span, or terminal-to-terminal system. 
The overall engineering design objective is that at least 95 percent 
of a1l properly engineered and installed systems have an error rate 
of less than one error in 106 bits. The probability of exceeding this 
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error rate is allocated on a section-by-section basis. For Tl /OS, 5 per
cent is allocated as the design number for the maximum a1 1owable 
system length of 200 repeater sections. Hence, each repeater section 
is allocated a design number or maximum probability of 5/200 == 0.025 
percent of exceeding the error rate of one error in 106 bits. The design 
number for a span or a system is the sum of the design numbers for 
the component parts. 

Remote repeater powering rules are the same as for conventional 
Tl systems. The low-power repeater, previously described, permits 
wider spacing between power feed points and its use is  therefore 
favored in  the Tl/OS system. 

The improved fault locating capability is achieved by providing 
amplification for the fault locating signals. In addition, the outgoing 
or incoming regenerator can be tested from one end of the span by 
control ling the fault-line power supply polarity. The transmission 
facility used for these signals must be constructed according to a 
separate set of engineering rules. These rules include the use of a 
romputer program for analyzing fault location problems associated 
with the rather complex system layouts that are a feature of Tl/OS 
instal lations. 

To improve system rel iability, Tl/OS systems are provided with 
a protection switching arrangement. A number of span lines may be 
connected in tandem to form a maintenance span. Switching is im
plemented at the ends of such maintenance spans. Alarms and trouble 
indications are displayed at the ends of maintenance spans and may 
also be transmitted to a centralized maintenance center. 

The central office equipment arrangements for Tl/OS are designed 
for flexible combinations required to satisfy a wide variety of oper
ating needs. These arrangements include office repeater, order wire, 
fault locating, span terminating, and switching equipment as well as 
D-type channel banks. The same order-wire arrangements are used 
as those described for the Tl system. 

22-2 THE T l C  DIGITAL TRANSMISSION SYSTEM 
The central office and outside plant environments for which the 

TIC system was developed are similar to those of the Tl system. As  
a result, there are many similarities between the two systems. The 
repeater spacings of Tl may be used for TIC, thus facilitating the 
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conversion from T1 to T1C. In addition, the bipolar 50-percent duty 
cycle signal format is used by both systems and the same transmis
sion media can be used. Regeneration, powering, and maintenance 
functions are also similar [7] . 

While the signal format in the T1C system is similar to that in the 
T1 system, as mentioned above, it differs in one major respect, repeti
tion rate. The T1 C system is . designed to provide 48 voice-grade chan
nels. To accommodate these channels, the l ine repetition rate in T1 C 
is 3 .152 Mb/s, more than twice the 1 .544 Mb/s repetition rate of the 
T1 system. This greater channel capacity is the main advantage of 
the T1C system over T1 since much more efficient use is made of 
cable conductors, ducts, and manholes. 

Transmission Media 

The T1C system can generally be used with all of the same media 
as those used for T1 systems although fewer pairs can be equipped in 
single cables that provide both directions of transmission. However, 
with the greater channel capacity of the T1C system, a net gain of 
more than 50 percent can be realized over T1 operation. With two
cable or screened cable operation, cable pairs can be fully uti lized 
(with some pairs reserved for order wires and fault locating func
tions) and the two-to-one increase in capacity per system can be 
realized with T1C operation. The MAT cable can be used with T1C as 
well as with T1 systems [ 4] . 

Crosstalk is controlled by strict application of engineering rules 
regarding segregation of cable pairs and selection of binder groups. 
Crosstalk performance has also been improved by a redesign of the 
apparatus case for T1C repeaters. The low-amplitude input signals 
are separated from high-amplitude output signals by separate cable 
stubs and by careful control of internal wiring. 

Regenerative Repeater 

Figure 22-2 is a block diagram of a T1C regenerator. It can be seen 
that this regenerator is functionally similar to a T1 regenerator. As 
with the latest versions of T1 repeaters, the T1C repeaters were de
signed for small size and low cost. Hybrid integrated circuits are 
used. An automatic line build-out network is used and the equalizing 
amplifier can compensate for cable loss from about 10 to 53 dB as 
measured at 1.576 MHz. Timing is accomplished by extracting the 
3.152 MHz component from the signal by means of a crystal filter. 
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Figure 22-2. Regenerator for a Tl C line repeater. 
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The layout of TlC systems is basically the same as that of T l  
systems. Repeater spacing rules, maximum route distances, and the
number of repeaters housed in an apparatus case are all similar but 
TlC rules are more restrictive in  setting repeater spacings adj acent 
to central offices. 

The apparatus cases for TlC repeaters are somewhat larger than 
those for Tl repeaters but are similar in construction. Where a route 
is expected to grow and ultimately to require the capacity of TlC 
systems, the i nitial Tl installation can be made i n  TIC apparatus 
cases. Cable splicing rules for TlC must be used. Adapters are avail
able to make it possible to plug TI unidirectional repeaters into the 
positions designed for TIC. At the time of conversion, the TI re
peaters and adapters are removed, TIC repeaters are plugged in, and 
relatively simple changes must be made in power feed arrangements. 
Additional channel banks and appropriate multiplex equipment, such 
as the MIC, must be provided in the terminal. Many of the options 
described for T I  l ine and office repeaters are available for TlC opera
tion. Order-wire arrangements like those described for the TI system 
may be used with TIC systems. 

22-3 THE T2 DIGITAL TRANSMISSION SYSTEM 

The extension of digital transmission techniques to distances well 
beyond a metropolitan area was first realized with the development 
of the T2 system which is capable of providing 96 4-kHz channels 
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for transmission over distances up to about 500 miles [8] . The re� 
quired terminal equipment includes D�type channel banks and an 
M12 multiplex unit or D4 channel banks operating in mode 4 as 
described in Chapter 21.  

There are a number of facets of T2 system design that make it 
similar to the Tl system design. However, there are also substantial 
differences in signal format, transmission media, repeater design, 
line layout, and maintenance procedures. 

Signal  Format 

The T2 line transmits a modifie d  form of the bipolar 50-percent 
duty cycle signal called bipolar with six zero substitution ( B6ZS ) .  
The repetition rate is 6.312 Mb/s. The substitution of a special code 
for any succession of six Os guarantees the presence of sufficient 
pulses in the signal to maintain repeater clock operation but intro
duces bipolar violations that are used at the receiving terminal as an 
indication that the special code is to be removed from the signal . Th is 
coding method is efficient from the point of view of terminal operation 
but maintenance problems are somewhat increased because .means 
must be provided to recognize the intentional bipolar violations. This 
is accomplished, together with an evaluation of transmission quality, 
by a violation monitor and remover. When the monitor senses a viola
tion, it removes the violation so that it is detected only once, transmits 
a violation free signal to isolate the trouble to the span preceding the 
monitor, and activates an alarm lamp. However, the monitor is 
designed to recognize and pass a zero substitution code which contains 
intentional bipolar violations. 

Transmission Media 

Although certain of the cables used for Tl and TIC transmission 
could be used for T2, the higher losses due to the higher repetition 
rate and the excessive crosstalk would make repeater spacings uneco
nomically short. To overcome this problem, a special low-capacitance 
(LOCAP) cable was designed specifically for use with the T2 sys
tem [9] . Cables of this design are available with 27, 52, or 104 con
ductor pairs. The conductors are dual expanded polypropylene
insulated 22-gauge copper. Separate cables must be used for opposite 
directions of transmission. These cable pairs exhibit lower capacitance, 
lower loss, and higher crosstalk coupling losses than do conventional 
cable pairs. 
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Regenerative Repeater 

A regenerator for one direction of transmission is n1ounted in an 
apparatus case separate from that used for the opposite direction. 
Unlike T1 and T1C, each regenerator is assembled separately as an 
independent plug-in unit. Two regenerators, one for each direction 
of transmission, are considered a repeater. 

As with other systems, a T2 regenerator performs the functions 
of pulse reshaping, retiming, and regeneration. A selection of plug-in 
equalizers must be made to match repeater gain to the LOCAP cable 
loss i n  the preceding repeater section. The timing ciriuit operates on 
the basis of the characteristics of the pulse stream. A monol ithic 
crystal filter with a very narrow passband extracts the clock signal. 
If the signal is  lost, the clock disappears and there· is no regenerator 
output, thus preventing free-running oscillation. 

line Layout 

The T2 system operates over distances of up to about 500 miles on 
LOCAP cable. Repeaters are housed in apparatus cases that may be 
manhole or pole mounted. Each apparatus case can house up to 24 
one-way regenerators. A protection switching system is provided in 
which one protection line can protect up to 23 working ( or service ) 
lines. The two directions of transmission are independently protected. 

At each repeater location, there are three apparatus cases used for 
each complement of 24 T2 lines. Two cases are used to house the 
regenerators, one for each direction of transmission. The third case 
houses maintenance facilities required for the 48 one-way lines. 

Normally, the maximum repeater spacing with underground or 
buried air-core LOCAP cable is 15,000 feet. This maximum spacing 
must be adjusted downward for sections adj acent to a central office, 
for those containing aerial cable, and where environmental tempera
tures are excessive. Individual repeater sections are engineered to 
meet a. design number objective similar to that described for the 
T1/0S system'. The objective for a maximum length system of 250 re
peaters is that the error rate should not exceed one error in 107 bits 
in 95 percent of all lines. 

Each T2 l ine installation is divided into maintenance spans which 
include up to 44 repeaters, intermediate power stations, and the ter
minal locations. A span terminating bay provides mounting space for 
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regenerators, power feed units, violation monitors and removers, and 
protection switching apparatus for one protection group of 24 sys
tems. In addition, the span terminating bay has alarm indicators and 
access to all lines for fault location activities. 

Maintenance 

The fault location system used for T2 lines is sin1ilar to those used 
for Tl and TlC lines. Each regenerator is connected to a common 
narrowband pick-off filter the output of which is connected to a fault 
locating line. A digital test signal with a high voice-frequency com
ponent corresponding to the passband of the filter is transmitted 
from the span terminating bay. The voice-frequency signal is returned 
to the office over the fault locating pair. Absence of this signal indi
cates a fault at the corresponding repeater or in the preceding line 
section ; marginal failures can be determined from abnormalities in 
the returned signals. Each regenerator location along the line i s  as
signed a different frequency for identification purposes. In T2, all 
regenerators in a maintenance span of up to 44 repeaters can be 
tested from the maintenance offices ; each office tests the lines in the 
direction of transmission away from the office. 

The violation monitor and remover is the principal unit for checl{
ing the quality of transmission. When errors are few, unwanted 
bipolar violations are corrected and the trouble is indicated by the 
flashing of an indicator lamp designated LOW. When the error rate 
is high or in the absence of a signal, another lamp, designated HIGH, 
18 also lit. The violation monitor and remover also initiates action of 
the autonatic protection switching system. 

Verification of trouble conditions or transmission quality at remote 
repeater locations may be made by means of a portable battery
powered bipolar violation detector. An audible "beep" signal is used 
to indicate bipolar violations. The instrument be�ps continuously when 
no signal is present. 

22-4 THE T 4M D IGITAl TRANSMISSION SYSTEM 

Presently, the digital line having the largest channel capacity is the 
T4M which is designed to operate as an intercity and metropolitan 
area facility [10] . This system differs in many respects from other 
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digital systems now in operation. The signal format, repetition rate, 
and the transmission medium are different. In addition, the regener
ator has many different features because of the signal format and 
higher repetition rate. 

Signal Format 

The T4M transmits the DS4 signal of the digital hierarchy� 
274.176 Mb/s ; this rate can accommodate 168 multiplexed DS1 signals 
or 4032 4-kHz channels. Figure 22-3 shows unipolar, bipolar, and 
polar binary signals for comparison. The T4M uses the 100-percent 
duty cycle (nonreturn to zero) polar binary signal because it is more 
efficient in the use of the information-carrying capacity of the digital 
line. An analytical comparison of the bipolar and polar binary for
mats has shown significantly more margin in respect to error-rate 
performance for the latter [11] . However, scrambling is necessary 
to make it suitable for system use. 
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Figure 22-3. Signal waveform comparison. 
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Transmission Medium 

The T4M system is designed to operate over standard 0.375-inch 
diameter coaxial cable units. Cab1es are manufactured with up to 22 
of these coaxial units. An 18-unit cab1e is suitable for use in 3-1 /2 
inch cable ducts, commonly found installed under city streets and 
the 22-unit cable can be used in 4-inch cable ducts. Thus, very ]arge 
channel requirements can be fulfilled by T4M systems. 

Much of the hardware used for T4M is identical to that used in 
the L5 analog transmission system. For example, the apparatus case 
for line regenerators utilizes much of the same hardware (base plate, 
cable termina1s, and mounting detai1s)  as those used in L5. The ap
paratus case contains four regenerators for two 2-way systems and 
provides access to the output of each regenerator for in-service error 
monitoring. A separate apparatus case houses the wire-pair condi
tioning circuits and fault locating electronics which serve up to 22 
regenerators. 

Regenerative Repeater 

In the T4M system, the regenerative repeater is made up of two 
separately mounted regenerators in which the most critical functions 
are fulfilled by hybrid integrated circuits. A block diagram of a 
regenerator is shown in Figure 22-4. 

In this regenerator, only a small percentage of the information 
capacity is used for error monitoring and other administrative func
tions. Quantized feedback is used to control de wander and phase
locked loop timing provides for spanning long periods in the scrambled 
data stream during which there are no signal transitions. 

After information signals and power have been separated at the 
input, an equalizer compensates for gross signal distortion introduced 
by the transmission medium. An automatic line build-out circuit then 
compensates for temperature changes and for variations in regenera
tor spacing within a broad range defined by the regenerator code 
being used. Four codes cover spacings of 0 to 5700 feet. 

The decision circuit recognizes the presence of positive or negative 
pulses and produces new undistorted pulses. These functions can only 
be carried out with the help of the timing and control circuit to 
provide accurate sampling of the pulse stream in the decision circuit. 

TCI Library: www.telephonecollectors.info



Chap. 22 Digital Transmission Lines 609 

Coble 

Figure: 22-4. Regenerator for a T4M repeater. 

The quantized feedback circuit completes the reshaping of the 
signal prior to the decision ci.r.euita Preliminary signal processes re
sult in a prescribeo attenuation of low-frequency components which 
produce a pulse t�i1 as shown at A in Figure 22-4. The missing 
signal component i's geomerated in the quantized feedback circuit, as 
shown at B, and fed back to the decision circuit input to cancel the 
unwanted tail [12],. The resulting signal, at C, contains only a negli
gible amount of intersymbol interference and permits the generation 
of· a new pulse of the desired characteristics as shown at D. The pulse 
�ream and power feed current are recombined at the output for 
transmission to the next regenerator. 

Line Layout 

The spacing between T4M regenerators, nominally one mile, may 
be up to 5700 feet. Exact spacing is not critical within the code range 
but, near the boundaries between codes, selection may depend on the 
accuracy ()f the route map. System length is limited primarHy by 
powering and maintenance considerations. 
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Automatic protection switching increases system reliability and 
facilitates maintenance on working lines. Service is switched from a 
working to a protection line when the error rate exceeds one error in 
106 bits. The span between protection switching points may be up to 
1 1 1  miles long and spans may be connected in tandem to form systems 
up to 500 miles long. In one direction, up to ten working lines may be 
protected by a single protection l ine. Powering and maintenance 
activities are organized within maintenance spans which normally 
correspond with a protection switching span. Each maintenance span 
terminates in a span terminating frame which contains essentially all 
the operating equipment including office regenerators, violation moni
tors and removers, protection switching, alarm indicating, and fault 
locating circuitry. 

Maintenance 

The maintenance plan is  based on fault isolation and i dentification. 
In-service m-onitoring isolates the fault to the troubled line and -pro
tection switching removes the line from service. A fault locating test 
.set operated :from the span terminating frame at the transmitting end 
of the line isolates the trouble to a particular regenerator� A porta'ble 
'Violation monitor complements the fault locating equipment by per
,mitting vi,olation rate measurements at the span terminating frame 
and at m:a11�y .access points in the line including the output of every 
regenerator. 

Other test sets available for aiding in the installation and mainte
nance of a T4M Jliine are : 

( l) A regenerator test set used with a portable signal generator 
to determine the performance of regenerators prior to installa
tion 

(2)  A portable signal generator used as the signal source for re
generator and line testing 

( 3 )  A transmission test set used to measure the suitability of the 
coaxial units for T4M transmission. 

These test sets were specifically developed for use with T4M installa
tions. Several test sets are also used during cable installation for 
testing corona performance, insulation resistance, and conductor 
resistance. 
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Digital Systems 

Chapter 23 

Digital Transmission on Rad io Systems 

The processing of signals to  prepare them for transmission over 
microwave radio systems is different from that used for cable facili
ties. These differences arise in part from the stringent limitations on 
radio system bandwidth imposed by the Federal Communications 
Commission ( FCC) . In addition, impairments and methods of over
coming them are quite different in the two types of systems. 

Where existing radio routes are to be adapted to digital signal 
transmission, the route engineering is generally not seriously affected 
and most of the engineering problems considered are those inherent 
in the existing system. However, engineering of a new all-digital radio 
route is somewhat different in detail from that applied to conventional 
analog microwave systems. 

Three facilities of Bell System design are available as digital 
carrier systems that use microwave radio as the transmission medium. 
The lA Radio Digital System ( lA-RDS )  provides for the transmis
sion of a 1 .544 Mb/s DSl signal in combination with a standard fre
quency division multiplexed message load. The digital signal, after 
suitable processing to limit its spectrum to the band from 0 to about 
470 kHz, is placed in the spectrum below the message signal thus 
providing a guard band between 470 and 564 kHz, the lowest fre
quency in the message spectrum. The 3A Radio Digital System 
(3A-RDS) provides the capability for transmitting a 44.736 Mb/s 
DS3 signal in the 1 1-GHz common carrier band. The DR 18A Digital 
Radio System operates at the DS4 rate, 27 4. 176 Mb/s, to provide 
metropolitan trunk facilities in the 18-GHz band. All repeaters in 
this system are fully regenerative. The 3A-RDS and the DR 1 8A 
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both utilize four-phase modulation of a carrier signal � a transmission 
mode that is favorable for microwave radio transmission. The modu
lated signal is of nearly constant amplitude and highly immune to 
the types of impairment normally found in microwave radio trans
mission. 

23- 1 THE 1 A RADIO DIGITAL SYSTEM 

Although the lA-RDS may be used to provide any service that can 
be fulfilled by a DSl pulse stream, it was developed primarily to pro
vide a long-haul digital facility for the Digital Data System ( DDS ) .  
Analog microwave radio systems are widely used for intercity tele
communications. Most of these systems provide voice circuits by the 
use of U600 frequency division multiplex equipment in which the 
lowest transmitted frequency is 564 kHz. Thus, there is a frequency 
band approximately 500 kHz wide within which a digital signal may 
be placed [1 ,  2] . 

Terminal  Equipment 

As discussed in Chapter 21, the DSl signal is a 1.544 Mb/s, bipolar, 
50-percent duty cycle pulse stream the spectrum of which requires 
more than the available 500 kHz. Terminal equipment must be pro
vided to transform the signal into a format compaHble - with this 
bandwidth. This equipment, called the lA Radio Digital Terminal 
( lA-RDT ) , performs aU the 'neces'sary functions including regenera
tion, when required' [3] . 

Figure 23-1 is a block diagram of the transmitting portion of the 
lA-RDT.: At the input, the DSl signal enters an elastic store which 
removes any j itter that may have been accumulated. In this circuit, 
the signal is  "written" into a memory and then "read" out as a binary 
signal at a uniform rate. It is then scrambled to suppress high
amplitude discrete components. With scrambling, the output spectrum 
is noise-like and affects the radio system in a manner similar to that 
of an additional message load. 

The most significant step of processing takes place in the converter 
where the binary signal is coded into a seven-level, partial response 
signal [ 4] . In this converter, the binary signal is grouped into pairs 
of bits and the information contained in each pair is converted to one 
of seven voltage values. Theoretically, only four levels are required 
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Figure 23- 1 .  Transmitting portion of the l A-RDT. 

Vol. 2 

for this coding but seven are required to achieve the desired spectrum 
shaping ; the additional three levels are used for error detection and 
to minimize impairments due to departures from ideal characteristics 
of filters and equalizers. The required bandwidth for the modified 
signal is  less than 500 kHz, thus providing for a guard band between 
the digital signal and the analog U600 signal. 

At the output of the transmitting terminal, a low-pass filter is used 
to shape the spectrum and suppress redundant energy above 386 kHz 
that might impair 512-kHz pilot transmission or any of the analog 
message channels above 564 kHz. In addition, other terminal circuits 
are provided for various aspects of system maintenance. The moni
toring and status indicator circuits provide in-service monitoring 
and failure indications of terminal operations. In the event of loss of 
the input signal, the DSl substitution signal, consisting of all 1 s, is 
transmitted in its place. A 386-kHz pilot, synchronized to the DSl 
signal, is transmitted to the receiver for synchronization of its 
circuits. A manually controlled protection switching arrangement 
permits the substitution of a protection terminal for any one of up to 
eight working terminals. Frequency allocations for the lA-RDS signal, 
pilot signals, and message signals are illustrated in Figure 23-2. 
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The receiving portion of the 
lA-RDT is shown in Figure 23-3. 
The processes in the receiver are 

Relative 
amplitude 

Encoded 
DSl signal 386 5 1 2 

564 
Frequency (kHz) 

61 5 

Message the inverse of those in the trans
mitter resulting in an output signal 
that is  a replica of the DSl input 
signal at the transmitter. The low- 0 
pass filter separates the desired 
multilevel digital signal from the 
remainder of the radio system 

Figure 23-2. Microwave radio system 
message signals. The signal ampli- spectrum with l A-RDS 
tude is adj usted by the automatic signal. 
gain control amplifier and the 
386-kHz pilot is extracted for control of the timing recovery circuits. 

The multilevel signal is sampled once during each symbol period 
to determine which amplitude value was sent and the scrambled binary 
signal is recovered by the decoder. After the descrambler recovers the 
original data sequence of 1 s and Os, the bipolar converter restores 
the signal to the DSl format. 

As in the transmitter, signal monitoring and status indicators are 
provided to show the status of receiver performance. Many of the 
circuits used for these purposes are identical to those used in the 
transmitter. A manual protection switching arrangement similar to 
that used at the transmitter is also used in the receiver. 

System layout 

The manner in  which the lA-RDS signal is combined with message 
signals for transmission over a microwave radio system is illustrated 
in Figure 23-4. The signal from a DSXl cross-connect frame is pro
cessed in the transmitting portion of the lA-RDT. The lA-RDS 
signal is transmitted over an access trunk to a message-data combiner 
where it is added to the message signal. This combined signal i s  
transmitted over the radio system t o  the receiving terminal where 
the lA-RDS signal is separated from the message load in another 
message-data combiner. The link between office A and office B may be 
a multihop microwave radio channel in which the combined signal 
is demodulated to baseband through FM terminals at the end stations 
but not at intermediate stations. 
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The analog message and digital signals are split into two paths by 
the message-data combiner. The digital signal is then separated from 
the telephone messag·e signal by a digroup connector. This unit pro
vides gain, filtering, and equalization for the lA-RDS signal before 
it is applied for processing to the receiving portion of the lA-RDT 
or combined with a new message signal from transmission over 
another link. 

In most cases, a lA-RDS signal may be transmitted over as many 
as three tandem links without regeneration. Where regeneration is 
required, partly as a result of distortion contributed by intermediate 
digroup connectors, a lA-RDT operating back-to-hack must be used. 
Equipment arrangements for both types of intermediate terminal 
stations are shown in Figure 23-5. 

Radio 
channel 

Radio 
channel 

Figure 23-5. Intermediate terminal stations with and without regeneration. 

System layouts of the types described are available for most long
and short-haul microwave radio systems. However, they differ some
what in detail according to the needs of the particular radio system. 
Standard radio protection switching arrangements are used to protect 
lA-RDS service as well as the standard message service carried by 
the radio system. 

Engineering 

In most applications, the lA-RDS is installed to add digital trans
mission capability to an existing analog microwave radio system. As 
a result, there is little to be done in terms of route engineering. How
ever, a number of tests must be made to be sure the spectrum to be 
occupied by the lA-RDS signal is not contaminated and preparations 
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must b e  made to provide the necessary interconnections between the 
new digital system and the existing analog system. Before these con
nections can be made, a number of changes in the existing equipment 
may be necessary. For example, if the existing multiplex equi pment 
is L600, it must be replaced by or modified to be equivalent to the 
U600. The low-frequency cutoff of the L600 spectrum, 60 kHz, is far 
too low to accommodate the lA-RDS signal. 

Features of the existing radio system must also be examined care
fully for possible modification or elimination. For example, some 
systems use pilots at 64 and/or 308 kHz, frequencies that fall within 
the lA-RDS signal spectrum. In this case, the existing system must 
be modified to use a pilot at 512 kHz, a frequency that falls above the 
lA-RDS signal spectrum and below the multiplex spectrum. In some 
systems, carrier spreading is used to reduce the interfering effect of 
single-frequency interference. With the lA-RDS, the carrier spreading 
feature must be turned off or otherwise disabled. However, the bene .. 
fits of carrier spreading are not lost ; the lA-RDS signal provides a 
carrier spreading effect. 

In engineering the lA-RDS, consideration must be given to the loca
tion of the lA-RDT. For best performance, it should be as close as 
possible to the FM terminals but, for administrative purposes, it  
should be as close to the frequency division multiplex equipment as 
possible. Compromise is sometimes necessary. It is also necessary 
that the terminals be located within cable run distance limits of 
the DSXl cross-connect frame. In addition, lA-RDS signal leads 
must be separated from leads carrying ac power or high-amplitude 
de s�gnall ing. 

Performance of the radio system may cause marginal error-rate 
performance in the lA-RDS. For example, radio-frequency interfer
ence near the RF carrier may be troublesome during periods of fading. 
However, if the radio system meets its interference objectives, 
lA-RDS transmission is usually satisfactory. In some situations, it 
may be desirable to i nstall protection switch initiators that would 
respond to interference near the carrier. 

23-2 THE 3A RADIO DIGITAL  SYSTEM 

The 3A-RDS satisfies a need for economical interconnection of Tl 
systems in metropolitan and short-haul applications [5] . Signals are 
transmitted at the DS3 rate, 44.736 Mb/s, in the 11-GHz microwave 
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radio band. The 3A Radio Digital Terminal ( 3A-RDT) operates by 
four-phase modulation of a 70-MHz IF carrier. The system has a 
capacity of up to 22 channels ( 20 working and 2 protection ) each of 
which can carry 672 voice circuits. The 22 radio channels are in 1 1  
different frequency bands. Two signals are carried i n  each band, one 
polarized horizontally and one vertically. 

Terminal  Equipment 

The 3A-RDT equipment provides the interface between a DSX3 
cross-connect frame and the transmitter/receiver equipment of a 
TN-1 system. In the transmitting direction, the DS3 signal is received 
from the cross-connect frame and processed in the 3A-RDT trans
mitter for radio transmission. At the 3A-RDT receiver, the radio 
signal is received from the TN-1 receiver, transformed back to the 
original DS3 format, and transmitted to the DSX3 cross-conned 
frame at that location. 

Transmitter. The incoming DS3 signal is used by the line receiver 
circuit to derive timing information and to generate a clock signal for 
use throughout the transmitter as shown in Figure 23-6. The signal 
format is also changed at this point from a bipolar to a polar format 
and any bipolar three zero substitution ( B3ZS)  patterns are removed 
from the signal to restore the original succession of zeroes. 

r - - - - - - - - - - - - - - - - - - -, output 
I I 
I I 
I I 
I 1 Auxiliary 

I 1 channel 

1 1 input 

I 
I 
I Oscillator assembly I 
L - - - - - - - - - - - - - - - - - - - - �  

Figure 23-6. B lock diagram of 3A-RDT transmitter. 
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Next, the polar signal is scrambled to ensure that repetitive pulse 
patterns, which might produce discrete spectrum lines, do not appear 
in the pulse stream. The scrambler rearranges the pulses in a pre
scribed manner so that the descrambler in the receiver can restore 
the signal to its original form. In the scrambler assembly, the signal 
is separated into two pulse streams called rai ls. Odd bits are trans
mitted on one rail and even bits on the other. The two rails operate 
at 22.368 Mb/s, one-half the DS3 rate. The pulse stream on one rail 
is offset in time ( delayed) from the pulse stream on the other by 
one-half a baud interval so that pulse transitions do not occur simul
taneously in the two signals.  The signals on the two rails are next 
differentially encoded to facilitate receiving terminal design and to 
accommodate phase ambiguity in the recovered carrier. In differential 
encoding, the transmitted signal is modulated to reflect phase changes 
in the modulating signals rather than to reflect any absolute values 
of phase. 

The modulators are suppl ied digital modulating signals from dif
ferential encoders and 70-MHz carrier signals from the oscillator 
assembly with the phase of one carrier signal shifted 90 degrees rela
tive to the other. Each digital signal independently phase modulates 
one IF carrier and, after modulation, the two are summed to produce 
the composite IF signal. 

A voltage-controlled oscillator ( VCO ) generates the required 
70-MHz carrier signal, the center frequency of which is stabil ized by 
a crystal oscillator. The VCO is frequency modulated by a 60-Hz 
carrier spreading sawtooth signal and by an auxiliary channel signal 
consisting of four 4-kHz channel signals frequency division multi
plexed into the 4- to 20-kHz band. These 4-kHz channels carry 
order-wire, alarm, and protection switching system control signals. 
The auxiliary channel signals are transmitted simultaneously over 
working radio channel No. 1 and the protection channel to provide 
reliabil ity for the auxiliary channel. 

Signal Format. The signal format resulting from the processes de
scribed above is called offset keyed four-level phase-shift-keyed 
( PSK) modulation. The development of the signal is illustrated in 
Figure 23-7. The differentially encoded signals on the two rails and 
the half-baud interval (T/2 ) offset of the rails is illustrated in 
Figures 23-7 (a)  and 23-7 (b) . The noncoincidence of transition times 
for the two signals is evident in these figures. Note that, as a result 
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Figure 23-7. Signal processing in the 3A-RDS. 
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of this noncoincidence, simultaneous phase changes on the two rails 
can not occur. 

Figure 23-7 (c )  shows the amplitude of the composite signal after 
the two modulated rail signals have been summed. During steady
state conditions, when no phase changes occur, the ampl itude is 
constant and represented as a reference value of 0 dB. During the 
rise or decay time of a pulse on either rail, the phase of the associated 
carrier shifts by 180 degrees. During the time of this phase shift, 
the amplitude of the combined signal drops to a value of -3 dB and 
then returns to the reference value. This mode of transmission, where 
the signal amplitude changes only slightly, is more tolerant than 
others of microwave circuit nonlinearities. 

Figure 23-7 (d )  shows the phases of the composite signal in two 
related representations. At the left, the phase is shown as a function 
of time. Each amplitude transition of a rail signal from one polarity 
to the other causes a corresponding change in carrier phase of the 
modulated signal on that rail of 180 degrees. During interval A ,  the 
sum of the carrier phases corresponding to +1 on the in-phase rail  
and a - 1  on the quadrature-phase rail is depicted arbitrarily as 
-7T/ 4 radians. The first transition shown is that in the signal on the 
quadrature-phase rail from -1 to +1 .  This causes a phase shift of 
180 degrees in the associated carrier on that rail and produces a shift 
of +7T/2 radians from the previous position of the composite signal . 
The changes of phase may be followed in the time-function repre
sentation of Figure 23-7 ( d )  and may also be visualized in the phase
progression diagram to the right. As the phase changes by 90 degrees, 
it can be seen that the amplitude of the combined signal passes 
through unity and then again increases to 1 .42. This i l lustrates the 
3-dB drop shown in Figure 23-7 (c )  . 

Figure 23-7 (e)  shows how the frequency of the composite signal 
varies as the input signal varies. As the phase of the composite signal 
varies, the frequency temporarily increases or decreases during the 
time of transition. 

The combined signal , then, is one of nearly constant amplitude and 
frequency with the phase constantly shifting among four , possible 
values. The T /2 offset between the two independent rail signals guar
antees that phase changes in the composite signal occur only in 
positive or negative 90-degree increments and that the amplitude 
never is zero. 
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Receiver. The input to the 3A-RDT receiver, Figure 23-8, is a 
70-MHz IF signal from a TN-1 microwave radio receiver. This signal 
is used in the carrier recovery phase locked loop ( PLL) circuit where 
the carrier component is extracted and used as inputs to the demodu
lator. These inputs, 90 degrees apart in phase, are combined with the 
modulated input signal to produce two-rail polar signals like those 
in  the transmitter. These pulse streams are regenerated, decoded from 
their differential format, recombined into a single 44.736 Mb/s pulse 
stream, and descrambled. Parity checks are made and where errors 
are found by the violation monitor and restorer ( VMR) parity is 
restored under its control. At the output of the receiver, the signal is 
reconverted to the B3ZS format used in DS3 signal transmission. 

AUX CHAN 

r - - - - -,  
I V���i��rn I I restorer I I I I I 
I 
I 
I I 
I I 
I error-
1 processor 
L _ _  

Switch initiation 

Figure 23-8. Block diagram of 3A-RDT receiver. 

B3ZS 

The resupply signal generator produces a signal which may be sub
stituted for the incoming signal under control of the violation monitor 
restorer. This signal is an alternating 1 0 code in the DS3 format 
used to prevent unnecessary protection switching when a trouble 
occurs in a preceding section of line or piece of equipment. 

The carrier recovery circuit is also used to recover and amplify the 
auxil iary channel signals. These signals are transmitted to auxiliary 
channel equipment for further processing and, as previously men
tioned, to fulfill order-wire, alarm, and protection switching functions. 

Regenerator. Carrier recovery, demodulator, and regenerator circuits 
from the 3A-RDT receiver of Figure 23-8 are used with modulator 
and oscillator circuits from the transmitter of Figure 23-6 to form a 
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3A-RDT regenerator. Interconnections between the two sets of 
circuits are made where signals are in the two-rai l mode. Differential 
coding, scrambling and descrambling, and conversion to or from the 
B3ZS format are not available at a regenerator point. 

System layout 

Up to 22 radio-frequency channels may be utilized in the 3A-RDS 
for the transmission of DS3 signals. This high channel capacity is pro
vided by transmitting signals of both horizontal and vertical polari
zation on 1 1  different channel frequencies as shown in Figure 23-9. 
Protection channels and automatic protection switching are provided. 
In a fully loaded system, two independent 1 x 10 protection switching 
systems are used to provide 20 working channels and 2 protection 
channels. The channel frequency allocations are generally the same 
as those for the TN-1 radio system. 

An il lustrative layout of a 3A-RDS is shown in Figure 23--10. Sig
nals are received from and delivered to a DSX3 cross-con nect frame . 
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Figure 23-9. Polarization plan for 3A-RDS. 
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Figure 23- 1 0. Block diagram of 3A-RDS. 
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RCVR 

Automatic protection switching is provided by 400H or 401H systems. 
which are similar in design to the 400- and 401-type systems but 
respond to switch initiator signals generated by the violation monitor 
and restorer circuits. With the 400H system, a group of up to ten 
working channels is protected by one protection channel. Where de
sirable and permitted by the FCC Rules and Regulations, the 401H 
system may be used to provide one protection channel for one working 
channel. 

At a terminal station, the 3A-RDT equipment is used to translate 
between the DS3 signals and the offset keyed four-le vel PSK signals. 
Where these terminals are located close to the TN -1 radio transmit/ 
receive bays, a direct connection may be made. If cable length 
limitations are exceeded, an IF entrance link may be used for inter
connection. 

A 3A-RDT regenerator is normally used at repeater sites ; however, 
where desired, an IF repeater ( without regeneration) may be used 
subject to certain restrictions and a slight performance degradation. 
The 3A-RDS systems are otherwise engineered by standard methods. 
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Maintenance 

Items of test equipment designed specifically for maintenance of 
the 3A-RDS include a portable test terminal made up of standard 
3A-RDT plug-in circuits, a DS3 error rate test set ( ERTS) , and a 
noise generator. These units are assembled in a carrying case and 
may be used in troubleshooting procedures at a terminal or repeater 
station. 

Violation monitors and restorers are built into the 3A-RDS to pro
vide continuous monitoring of transmitted signals and to give alarm 
indications when the error rate is excessive. These units also provide 
signals to initiate protection switching operations and, as illustrated 
in Figure 23-8, to substitute a resupply signal to replace the normal 
signal during periods of excessive fading or upon other loss of signal. 

During periods of normal operation, when no protection switching 
is required, an all 1s signal is transmitted over the protection line. 
This signal provides for performance monitoring of the protection 
line. 

23-3 THE DR 1 8A DIGITAL RADIO SYSTEM 

Regenerative repeaters are used throughout the DR 18A system 
which operates in the nominal 18-GHz common carrier frequency 
band ( 17.7 to 19.7 GHz) . The system transmits DS4 signals 
(274.176 Mb/s ) in each of eight RF channels, one of which is as
signed as a protection channel. Each DS4 signal can provide up to 
4032 4-kHz circuits ; thus, the capacity of a fully loaded DR 1 8A 
system with seven working RF channels is 28,224 two-way 4-kHz 
voice circuits. The principal field of application is on high-density 
metropolitan trunk routes. 

The maj or components of the system are radio line terminating 
frames ( RLTF ) , regenerative repeaters housed in canisters mounted 
in enclosed platforms on top of tapered antenna masts, a protection 
switching system ( incorporated in the RLTF) , and a repeater power 
system with reserve batteries. The antenna system consists of a feed 
assembly that projects through a 45-degree mirror to illuminate a 
horizontally-mounted parabolic dish antenna. The radio signals are 
reflected from the antenna to the mirror and are again reflected for 
transmission to the next repeater. The route engineering and layout 
of D R  18A systems are similar to such factors in other microwave 
systems but some details are unique because of the 18-GHz operating 
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frequency. As with all digital transmission systems, special attention 
was given to maintenance features in the DR 18A system. 

Terminal a nd Repeater Arrangements 

The DS4 signals transmitted by this system are generated in M13 
and M34 multiplex units. They are fed through a DSX4 cross-connect 
frame to the RLTF where they are processed for radio transmission. 
In the opposite direction, the received radio signals are processed 
into DS4 signals in the receiving portion of the RLTF and delivered 
to the DSX4 frame for further transmission. 

Transmitter. The DS4 signal is a two-level ( polar) signal having a 
repetition rate of 274.176 Mb/s. It is processed in the transmitter 
circuits into a four-phase differentially-coded phase-shift-keyed RF 
signal in the 18-GHz transmission band. In the RLTF, each successive 
pair of bits is encoded into one of four discrete phase changes. In 
order that the transmitted signal may be represented by phase 
changes rather than by absolute values of phase, it is necessary that 
the input polar signal be processed by some form of differential coding 
that represents the change in information from one pulse interval to 
the next. As indicated in the functional diagram of Figure 23-1 1,  the 

From DSX4 and 
TRMTG end switch 

Radio line 

To 
antenna 

Power 
detector 

and MTCE 
circuit 

..._ terminating---.ot4--------- Transmitter (in antenna canister)-------� 
1 frame 

I 

Figure 23-1 1 .  Functional block diagram of DR 1 8A transmitting circuits. 
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logic circuits at the transmitting end of the DR 18A are divided be
tween the RLTF and the radio transmitter. The signal from the 
DSX4 cross-connect frame passes through the transmitting portion 
of the 400D Protection Switching System to the regenerator. The 
diagram also shows that the DS4 signal is converted to a two-rail 
format from a single pulse stream at the input. The two rails are 
designated S1 and S2. The signals on these leads are polar signals with 
a repetition rate of 137.088 Mb/s ; they are made up of alternate 
pairs of bits extracted from the input signal. The serial-to-parallel 
converter also transmits on the C lead a clock signal derived in the 
regenerator from the incoming pulse stream. This clock signal is used 
as a timing signal for the RLTF and radio transmitter circuits. 

The information signals are processed in the differential encoder 
so that the encoder output signals, SIG A and SIG B, represent the 
changes in information from one pulse interval to the next rather 
than the absolute value of the information in each pulse interval. The 
information carried by SIG A and SIG B is used to operate logie 
circuits in the transmitter driver stage and to operate the phase-shift 
keyers which produce the proper phase shifts in the transmitted 
RF signal. The manner in which the RF phase changes are accom
plished may be visualized by referring to Figure 23-12. 

The logic designations, such as 1 /0, 0/0, etc., represent the logic 
states of the signals on the St and S2 leads with the state of the signal 
on lead St always the first value. The nodes (P, R, S, and T) repre
sent the RF phase position in any given bit position and the logic 
designations show the amount and direction of phase change that 
correspond to the designated change i n  logic. To provide guidance in 
understanding the processes, assume that the RF signal rests at 
+90 degrees from reference, node point R, in a given bit interval. 
To have arrived at that point, assume that the 90° phase-shift keyer, 
shown in Figure 23-11,  is operated and that the 180° phase-shift 
keyer is released. 

Consider now the four conditions that may exist in the next inter
val and what these conditions imply in respect to the operation or 
release of the phase-shift keyers. The four possible conditions in the 
next interval are 0/0, 0/1 , 1 /0, or 1 /1 .  

I f  the logic state o n  leads S 1  and S2 in the next interval i s  0/0, the 
phase must not change between intervals, the condition of the phase-
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1
90" 

0/0 

1 80" +-- 0/0 

0/0 

Vol. 2 

0/0 --+ 0" output 

SIG S2 

Figure 23- 1 2. Phase-progression diagram for DR 1 8A. 

shift keyers remains unchanged, and the RF signal phase remains as 
it was at node point R. This is indicated by the small circ1e above the 
phase vector circle at point R. 

Now, suppose the logic state on leads 8t and 82 in the next interval 
is a 0 I 1 .  The phase-progression diagram shows that the RF signal 
phase should be changed to that represented by node point P, a 
change of -90 degrees. The logic circuits of the differential coder 
and the driver must operate to release the 90° phase-shift keyer to 
achieve the new RF phase condition. 

Then, assume that the RF phase is again represented by node 
point R and that the next interval is represented by a 1 /0 condition 
on leads 81 and 82. The phase progression diagram shows that this 
change of state is represented by a phase change of +90 degrees from 
point R to point S. To accomplish this phase change requires that the 
90° phase-shift keyer be released to produce a -90 degree shift and, 
simultaneously, the 180° phase-shift keyer must be operated to 
produce a net advance of +90 degrees. 
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Finally, assume that the RF phase rests at node point R, as before, 
and that the next pulse interval is represented by a 1 I 1 condition on 
leads 81 and Sz. This change in phase requires a move to node point T, 
a change that may be achieved by operation of the 180° phase-shift 
keyer. Similar logic and phase changes may be deduced from any 
given phase position on the phase-progression diagram ; logic circuit 
operations leading to the operation or release of the phase-shift keyers 
follow from the required logic sequences. The logic states that relate 
the polar signals on St and Sz to the appropriate phase shifts of the 
RF signal are given in Figure 23-13. 

LOGIC STATE CHANGE I N  
RF PHASE, 

LEAD 51 LEAD � degrees 

0 0 0 

1 0 +90 

0 1 -90 

1 1 180 

Figure 23- 1 3. Logic-to-RF phase changes. 

The impatt diode RF oscillator of Figure 23-11  is frequency modu
lated by a 100 kb/s signal from the monitor system to provide for the 
transmission of maintenance information. In addition, the transmitted 
power is monitored and detected to provide maintenance information 
regarding the transmitted signal. 

The outgoing signal is transmitted over waveguide to the antenna. 
The signal is first filtered, to eliminate unwanted energy outside the 
assigned channel frequency band, and then transmitted to a channel 
combining network ( diplexer) which combines (and separates in the 
receiving direction) the seven working channels and one protection 
channel. 

Receiver. As in the transmitting direction, the logic functions used 
to recover the DS4 signal are divided in the receiving direction be
tween the radio receiver and the RLTF. The radio receiver portion of 
the terminal equipment is shown in Figure 23-14. 

The received signal is  transmitted from the antenna through the 
channel diplexer to a down converter. An impatt diode RF oscillator 
is used to translate the signal to a 1.7-GHz intermediate frequency 
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band where it is filtered and amplified. For coherent detection of the 
four-phase signal, a reference carrier must be recovered. The carrier 
recovery circuit regenerates a carrier signal suitable for coherent de
tection ; the 100 kb/s maintenance signal is recovered as a by-product 
of the carrier recovery process. 

After detection by the four-phase demodulator, the digital signal 
is regenerated as two parallel bit streams. With timing controlled by 
the carrier recovery circuit, the regenerated two-rail signal is de
livered to the following transmitter or, at a main station, to the 
RLTF for further processing as shown in Figure 23-15. 

From 
radio 
receiver 

Decoder 

054 
resupply 
signal 

generator 

figure 23- 1 5. Receiving path through RlTF. 

To RCVG 
end switch 
and DSX4 

To 4000 
PROT SW SYS 

When the two-rail signals have been equalized and a proper phase 
adj ustment has been made in the clock signal, the DS4 signal is 
reconstituted in the decoder. To guarantee satisfactory operation of 
the decoder circuit, the RLTF must be located within 500 feet of the 
radio receiver and 150 feet of the DSX4 cross-connect frame. 

The RLTF contains a violation monitor and remover which meas
ures the bit error rate of the received s ignal. At error rates in excess 
of one error in 105 bps, a protection .switch request is initiated. When 
the error rate exceeds one error in 103 bps, a resupply signal is sub
stituted on the failed l ine. Thus, previous section failures do not 
propagate and the M34 multiplex unit does not reframe. 

Regenerative Repeaters. The transmitting circuits of Figure 23-11  and 
the receiving circuits of Figure 23-14 are combined (without using an 
RLTF) to make a regenerative repeater. These units are mounted, 
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independent of interconnections with an RLTF, in the antenna can
ister of an intermediate repeater. 

System Engineering and Layout 

Many aspects of DR 18A system engineering and system layout 
problems are related to some of the unique features of digital signal 
transmission at 18 GHz. Channel assignments, transmitted signal 
polarizations, and protection switching arrangements have been 
specified to conform to the FCC Rules and Regulations. 

Protection Switc hing Arrangements. The 400D Protection Switching 
System provides protection primarily against equipment failure in a 
multihop DR 18A radio link. The system operates on the basis of one 
protection channel for up to seven working channels. The general 
design features are similar to those of other systems of the 400-type. 
Switch initiation is based on error rate criteria derived from the 
violation monitor and restorer. 

System Layout. Figure 23-16 is a partial representation of a typical 
system layout which shows the configuration of three commonly used 
stations. At the left is a terminal station with a roof-mounted 
antenna. In the center is a pole-mounted repeater and at the right 
is a roof-mounted repeater that may be on a telephone company 
owned or leased building roof. The radio transmitter and receiver 
units are mounted inside the antenna canisters, A, in order to 
minimize the length of waveguide runs between the repeater units 
and the antennas, thus minimizing waveguide losses. Each canister i s  
mounted on  a platform, B, on  top of  a roof mast, C, or pole mast, E.  
At the base of each mast, a cabinet, D, contains power and mainte
nance equipment. As shown at the repeater sites, two antenna 
canisters are required to provide transmission in the two directions. 

A pole-mounted repeater station utilizes a mast up to 120 feet high . 
At such a site, access to the radio equipment is provided by a portable 
service car which carries a craft person to a height convenient for 
access to the equipment through hinged doors at the bottom of the 
platform. The cable car ascends the mast on a steel cable using a 
built-in winch system that operates on commercial ac obtained from 
the maintenance cabinet. A roof-mounted repeater arrangement is 
similar to a pole-mounted arrangement except that a mast only six 
feet high is used. No service car is required. 
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A second cabinet is provided at remote repeater stations. This 
cabinet contains a battery back-up power plant to provide emergency 
power to protect against a service failure caused by a commercial 
ac outage. 

Repeater Spacing and Site Selection. The repeater spacings in the 
DR 18A system are established by environmental conditions relating 
primarily to the intensity of rainfal l in the vicinity. Fading at 18 GHz 
is almost entirely due to rainfall. Permissible repeater spacings vary 
from approximately 1 .8 miles in areas of high rainfall i ntensity to 
about 5.0 miles in areas of light rainfall. 

Site selection for DR 18A is based on considerations similar to 
those that apply to other microwave radio systems but generally 
somewhat simpler. The conventional obstacle clearance requirements 
are recommended : 1 .0 times the first Fresnel zone clearance for 
K = 4/3 and 0.3 times the first Fresnel zone clearance for K == 2/3. 
In coastal areas, more clearance is required and routes are engineered 
for K == 1/2. The clearance tends to be small because of the high 
frequency of operation and short repeater spacing. 

Channel Assignments. The frequency plan for DR 18A provides eight 
two-way RF channels. As shown in Figure 23-17, the common carrier 
band between 17.7 and 19.7 GHz is divided into an upper and a lower 
band similar to those assigned in the 6- and 11-GHz frequency plans. 
Cross-polarized cochannel operation is used to obtain the eight two
way channels. Channels 1A and 1B, 2A and 2B, etc., are used for 
opposite directions of transmission for one two-way RF channel . In 
most cases, the first working channel is assigned to channel 1 with 
the protection channel assigned to channel 2. Subsequent assignments 
are usually made in numerical order. 

RF Interference. The transmission format and antenna design for 
DR 18A are such that interference problems should not limit its ap
plication in dense metropolitan areas. Eight or more directions of 
operation are possible at a j unction station. 

The cochannel carrier-to-interference objective is 25 dB for 0 de
grees interfering angle between channels. This obj ective is based on 
the assumption of correlated fading between the channels. As the 
interfering signal angle increases, the correlation in fading is reduced 
and more stringent objectives apply. The function is linear from 25 
to 55 dB and between 0 and 40 degrees of angle. 
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Maintenance 

Maintenance operations such as performance monitoring and fault 
location are performed from the RLTF at either end of a system. A 
radio l ine monitoring system performs a continuous check of the 
status of up to 13 remote repeater stations and the two terminal 
stations ; it can report status information to both ends. This system 
is also used for fault location by transmitting test patterns and com
mands to remote stations and by observing the status response from 
each. Failed units are not repaired locally ; they are replaced and 
returned to the factory. 

Alarms and status indications are displayed on a panel associated 
with the RLTF. Some alarms, such as a prolonged switch to the pro
tection channel, are initiated by the protection switching system. 

Remote repeater status signals and control signals are transmitted 
over the 100 kb/s maintenance channel. Polling time for a fully 
equipped system of 15 stations is about 0.1 second. Many operational 
an d transmission tests can be performed by remote control with this  
maintenance system. 
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Section 6 

Transn�ission Maintenance 
Those operations that are concerned with the problems of keeping 

transmission facilities operating so that Bell System grade-of-service 
objectives are met may be considered as transmission maintenance. 
Maintenance can be classified as consisting of three maj or functions : 
surveillance, evaluation and analysis, and repair, all of which must 
be carried out in an expeditious, efficient, and economical manner. 

Chapter 24 shows how network growth and complexity have made 
necessary new approaches to transmission maintenance. Two maj or 
trends are noted. One is toward centralization of maintenance and 
operations control and the other is toward mechanization through the 
use of digital computers. Centralized maintenance systems that i l lus
trate these trends are described and the manner in which maintenance 
capability is designed into some transmission systems is also discussed. 

In spite of these trends toward centralization and mechanization, a 
large number of mobile, independently-mounted, fixed and portable 
test sets are still required for use by maintenance personnel . 
Chapter 25 describes selected examples of modern test sets in these 
classifications. 

639 
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Transmission Maintenance 

Chapter 24 

Maintenance Systems 

Transmission maintenance involves a wide range of activities that 
include the testing and adj ustment of circuits and facilities during 
installation and preparation for service as well as during the time 
they are in active service. Maintenance activities are designed to pre
pare a facility for initial operation, to locate sources of trouble, and 
to repair the troubles so that transmission performance is held as 
nearly as possible to the high standards of performance that have 
been established. Maintenance activities also include the ability to 
remove failed circuits from service, to make them appear busy, to 
apply restoration and temporary repair methods, to support trouble 
reporting activities, and to implement standard record keeping and 
administrative procedures. These procedures must be efficient and 
must provide a wide range of accurate information about circuits 
and facilities. When systems and circuits are properly installed, tested, 
and adj usted before they are put into service, the incidence of trouble 
during the service period is significantly lower and, as a result, main
tenance costs are lower. 

Maintenance equipment, systems, and methods have undergone the 
same patterns of expansion and innovation that have featured the 
growth of the entire telecommunications network. Factors that have 
influenced these changes include the necessity of keeping pace with 
network growth and of applying new technology in order to make 
maintenance economical and compatible with the technical advances 
being applied to facility and circuit designs. These effects have been 
felt in the maintenance of loops, trunks, and special services circuits 
as well as in !ocal and toll facilities. 
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The changes that have taken place in the design and operation of 
maintenance systems have been accompanied by two notable trends : 
centralization of maintenance control and mechanization through the 
application of computers. These trends have produced major changes 
in methods of operation, have led to the need for new training 
methods, and have resulted in a broadening of computer software 
applications throughout the operating organizations. 

In many cases, a transmission facility is monitored, tested, and 
adj usted by equipment that is designed as an integral part of the 
facility. In other cases, maintenance systems are designed to be shared 
by a number of different types of transmission facilities. For both, 
the trend toward centralization is quite notable. Modern maintenance 
systems are capable of remote testing, evaluation, and control of 
transmission systems over many hundreds of miles from a central 
point. 

Loops, trunks, and special services circuits are dispersed over wide 
areas and utilize a large variety of facilities. Furthermore, their 
maintenance is more directly related to the satisfactory operation of 
traffic networks than to the maintenance of a specific transmission 
system or facility. When an individual circuit fai ls, it is usually not 
the result of a facility fai lure. However, if it is a trunk or special 
service circuit, it may seriously affect service in the network in which 
it is used. Thus, circuit maintenance systems are not designed as 
integral parts of specific transmission systems but are generally 
tailored to meet the needs of specific types of circuits. 

Maintenance activities cannot be carried out efficiently without a 
large amount of support equipment. This equipment includes arrange
ments for gaining access to the transmission facilities to be main
tained, order-wire and alarm arrangements, record keeping, and 
provisions for remote control and telemetry. 

24- 1 NETWORK EFFECTS ON MAI NTENANCE 

Network growth and the implementation of direct distance dialing 
have had remarkable effects on the methods and procedures that are 
used to maintain the telecommunications plant. These effects have 
been especially notable in trunk maintenance activities. Increasing 
demands for service have brought about a tremendous growth in the 
number of trunks and the ways in which they can 

'
be interconnected. 
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With direct distance dialing, the trunk surveillance that was formerly 
provided by operators involved in establishing connections has been 
lost. As a result, there has been a reduction in manual testing and a 
great increase in centralization and mechanization of trunk testing. 

Surveil lance 

Transmission facilities are subjected to continuous surveillance in 
a number of ways. In analog transmission systems, single-frequency 
pilots are transmitted at carefully controlled frequencies and ampli
tudes ; they are monitored and applied to feedback circuits called regu
lators to maintain transmission level points at the required values. 
When pilot amplitudes vary beyond established limits, alarms are 
initiated to alert maintenance personnel to the existence of real or 
incipient trouble conditions such as excessive system gain or loss. In 
digital systems, monitoring circuits make continual checks of error 
performance and when the error rate is excessive, alarms are initiated. 
Power circuit fuses and circuit breakers are equipped with alarm 
features that alert maintenance personnel in the event of power 
system failure. 

To supplement these and other built-in surveillance systems, many 
routine tests are made periodically to verify the satisfactory opera
tion of both facilities and circuits. In the past, such testing was per
formed manually and much manual testing of this sort is still being 
carried out. However, the factors discussed earlier that are leading 
toward the mechanization of maintenance procedures are affecting 
surveillance testing as well .  Loops, trunks, and special services cir
cuits are increasingly being tested by automatic means and/ or by 
remote control. Output data usually include a printout of only those 
circuit tests that fail to meet requirements. 

Test Procedures 

Initially, testing involved the coordination and cooperation of two 
testers, one to connect transmitting test signals and the other to 
measure the results at the other end of the circuit. Such procedures 
are time consuming and difficult to schedule efficiently because the 
testers must be available simultaneously. It is often difficult to 
schedule such simultaneous action, even under trouble conditions, be
cause maintenance activities and routine testing· programs are 
conducted autonomously in each office. 
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'rhe problems of coordinating maintenance activities have been 
greatly mitigated by the development of arrangements that can 
be controlled remotely and thus permit one-person testing. With 
such remote control arrangements, a single tester can make many 
measurements of overall performance and, with suitable controls, can 
sectionalize the circuit to assist with trouble location and isolation 
procedures. Test lines have been made available to further simplify 
trunk testing which, in many cases, can be carried out in both direc
tions of transmission by one person ; a wide range of transmission 
and operational tests can be performed. Access to these test lines i s  
provided b y  dialing through the switched message o r  private network. 
Single-person testing with remote control and loop-back circuit 
arrangements are proving to be efficient and economical. 

In many cases, it is now efficient to test circuits automatically with 
no test personnel involved. This type of testing may be regarded as 
a form of surveillance in that large numbers of loops and trunks and 
some special services circuits may be test

'
ed automatically and failures 

recorded. Generally, no record is provided of circuits that pass all 
tests. 

Test Equipment 

A wide variety of test equipment is required in the maintenance of 
circuits and facilities. Measurements must be made to establish circuit 
continuity and to determine gains, losses, noise, impedance, delay and 
attenuation/frequency distortion, return loss, and other parameters. 
The test equipment that is now available for these tasks bas evolved 
in sophistication with the advance of technology ; measurements 
can be made under remote control from a centralized maintenance 
center that may be many miles distant from the point of  measurement. 

Although mobile or portable test sets are still used for manual test
ing, maintenance equipment has become more centralized and less 
mobile as techniques for testing by one person have been introduced. 
Loop-back circuits, test lines, and computer-controlled test equipment 
have all tended to be mounted in equipment bays, in consoles per
mantly located in areas of central offices most convenient to the cir
cuits under test, or at a centralized location that provides convenient 
access to the circuits to be tested. The shift to computer control of 
maintenance activities has introduced the necessity for emphasis in 
plant operations on the development and control of computer software. 
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Preventive Maintenance 

In the past, considerable emphasis was placed on preventive main
tenance. In such activities, adjustments of electronic equipment, clean
ing, adj ustment and replacement of mechanical parts, and replace
ment of electronic components were accomplished at specified intervals 
in an attempt to prevent trouble conditions and to anticipate failure. 
These activities were generally carried out by one person but some
times required the coordination of two or more people. 

It was found that these activities were costly and often introduced 
troubles that would otherwise have not occurred. As a result, there is  
now less emphasis on  preventive maintenance than was formerly the 
case. This lack of emphasis does not apply to such routine mainte
nance activities as adding water to batteries, pruning of tree limbs, 
and other routines that must be followed to keep equipment in proper 
working order and to prevent damage. 

Trouble Identification and location 

The rapid growth of the network, the large number of facilities and 
circuits that now comprise the network, and the interactions of 
various parts of the plant under trouble conditions have all led to 
increased automation of test facilities for identifying and locating 
service-affecting troubles. Even when a trouble can be identified with 
a specific system, it is often expensive and difficult to locate the source 
of trouble without adequate fault locating facilities. Many of these 
fault locating facilities can be operated remotely under the control of 
a centralized maintenance center. The accuracy of fault location ar
rangements has a strong impact on the cost of repairs since mainte
nance crews can be dispatched more efficiently when troubles are 
accurately located. 

Operating Centers 

The centralization of maintenance activities mentioned previously 
can be seen in nearly all the maintenance systems and procedures in 
common use. Loops from many different central office switching 
machines can now be tested from a single, centralized automatic re
pair service bureau. Trunks serving the toll portion of the network 
can be tested over hundreds of square miles by a s,ingle test center. 
Similarly, many special services circuits can be subj ected to 
mechanized test procedures from a central location. 
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The c·entralization of maintenance activities can also be seen in 
carrier system operations. Some systems can be tested and adj usted 
over hundreds of miles by remote control from a centralized point. 
This type of capability has also been extended to the remote control 
of tests and adj ustments of transmission system terminal and multi
plex equipment. 

24-2 FACILITY MAI NTENANCE SYSTEMS 

The maintenance of transmission facilities (media and line and 
terminal equipment) is administered, controlled, and implemented by 
systems and equipment of two general classifications. In the first 
classification, maintenance capability is designed as an integral func
tion of a transmission system. In the second classification, mainte
nance systems are designed as independent entities with functions 
that may be utilized by a number of different transmission systems. 
The functions in both classifications include surveillance, the identi
fication, evaluation, and location of troubles, and the alerting of 
personnel to the existence of trouble conditions. The remote control of 
certain operations and maintenance activities may also be provided in 
some systems. 

System-I ntegrated Maintenance Arrangements 

Essentially all carrier transmission systems have some built-in 
maintenance equipment. Some of this equipment is relatively simple 
and consists of little more than some form of surveillance. In other 
systems, the equipment is quite extensive and includes many opera
tional features as well as maintenance features. 

Analog Transmission Systems. Maintenance of analog transmission 
systems is based primarily on the transmission and measurement of 
single-frequency pilot signals. In most cases, these signals are applied 
to the system at carefully controlled frequencies and amplitude. Vari
ations in amplitude are used at the receiving end of a system or section 
to adj ust automatically the gains or losses of regulating equalizers. 
Circuits are also provided at the receivers to respond to variations of 
the received signal that exceed established limits. These circuits actu
ate visual and/or audible alarms and initiate the switching of service 
to protection facilities, where available. 
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N-Type Carrier Systems. The single-frequency signals that are 
used in N -type systems for regulation are the real or reinserted 
channel carriers. In the double sideband N1 and N2 terminals, these 
carriers are modulated by channel signals but, even with this modu
lation, the total power of these transmitted carriers is sufficiently con
stant that system regulators operate on the basis of this power. In the 
N3 terminals, the operating mode is single-sideband, suppressed 
carrier with 12 of the carriers reinserted after suppression. They are 
transmitted with the complex message signal at amplitudes and fre
quencies equal to the amplitudes and frequencies of the carriers in 
Nl and N2. 

When system failure is indicated by the loss of carrier power, de
tection circuits initiate carrier failure alarms and a trunk processing 
sequence. In this sequence, all calls that had been established over the 
affected network trunks are disconnected and the trunks are taken out 
of service and made to appear busy so they cannot be seized by the 
switching machine while the trouble exists . The disconnection of the 
trunks terminates customer charges that might otherwise accumulate. 
When the trouble is cleared, the circuits are automatically tested for 
continuity and noise ; if found to be acceptable, the circuits are auto
matically restored to service. 

Other forms of maintenance in N-type systems are performed by 
the use of mobile or portable test equipment. This work includes 
transmission and noise measurements, fault location, equalizer adj ust
ments, troubleshooting, etc. 

A nalog Multiplex Equipment. The broadband analog coaxial and 
microwave radio systems transmit multiple signals that are combined 
by frequency division multiplex ( FDM ) techniques. The multiplex 
equipment has maintenance features that include the transmission of 
pilot signals, the use of regulators, alarms, and some protection 
switching arrangements. These features have been described in 
Chapter 9 and are simply summarized here. 

In analog channel bank equipment, the only built-in maintenance 
feature is the provision of fuse alarms to indicate loss of power. Such 
alarms are used throughout the FDM equipment. 

All modern group and supergroup multiplex equipment utilizes 
pilot-controlled regulators designed to maintain transmission loss to 
within 0.1 dB of the design value. In the LMX-2 equipment, these 
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pilots are automatically and continuously scanned to indicate the 
power of the incoming pilots and the deviations from output design 
values. These indications provide a measure of the amount of regula
tion range being used. Alarms are initiated when pilots exceed 
establ ished limits. 

This scanning function is not provided in the later LMX-3 multiplex 
design. In this equipment, the only alarm feature associated directly 
with transmission is a loss-of-pilot alarm. In most large modern 
offices, the scanning function is performed by the Carrier Transmis
sion Maintenance System described later in this chapter. 

Equipment that operates at mastergroup or multimastergroup 
levels of the multiplex hierarchy is equipped, without exception, with 
pilot-controlled regulators and loss-of-pilot alarms. In addition, this 
equipment is generally provided with automatic protection switching 
arrangements and with patching facilities that permit flexible use of 
spare equipment for service protection, broadband restoration, and 
maintenance. 

Analog Coaxial Systems. The three principal coaxial transmission 
systems now in service, the L3, L4, and L5, all utilize pilot-controlled 
regulators to maintain line transmission characteristics within ac
ceptable limits. Each system is also equipped with an automatic pro
tection switching system to protect service against equipment failure. 
In addition, these systems also have specialized equipment for 
equalizer adjustment, trouble analysis, and fault location. 

In the L3 system, two general types of equalizers are used [ 1 ] .  
The first i s  a set of pilot-controlled equalizers ( regulators) with 
attenuation/frequency characteristics designed to compensate auto
matically for system transmission variations due to identifiable causes. 
To prevent these equalizers from interacting in adverse ways, the 
pilots (after conversion to direct current) are passed through a small 
analog computer that has outputs which control the amount of change 
in each equalizer characteristic. 

The second type of equalizer used in the L3 system is known as a 
cosine equalizer. These equalizers are adjusted on out-of-service lines 
by passing a sweep-frequency signal over the line and reading a power 
meter. Service is transferred to the protection line while these adj ust
ments are being made. The sweep-frequency oscillator and the power 
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meter are mobile units mounted on rolling bays for use in central 
offices. There is also a portable power meter for use at remote 
repeaters. 

The identification and location of faulty L3 repeaters ( those that 
have completely failed, have improper gain, or have an excessively 
nonlinear input/output characteristic ) is accomplished by a fault 
location system called Performance Evaluation of Amplifiers from a 
Remote Location (PEARL) [2] . The PEARL measuring equipment 
is mobile for central office use. However, at each repeater point, it is 
necessary to install an oscillator, an attenuator, two pads, and a phase 
shifting network. An oscillator with a frequency in the range of 214 
to 260 kHz is installed at each repeater to be evaluated. The oscillator 
frequencies are 1 kHz apart and each repeater is associated with a 
specific frequency. 

The oscillator output signal is simultaneously applied at the input 
and the output of the repeater. The amplitude and phase of the signal 
to the amplifier input are adj usted so that the two signal components 
cancel at the output. When the gain of an amplifier changes, the 
balance of the two signal components is disturbed and a measurable 
.signal is transmitted to the test location. The location of the trouble 
is identified by the frequency of the signal. If an amplifier produces 
excessive nonlinear distortion, it is found by an out-of-service meas
urement. A high-amplitude single-frequency signal is transmitted over 
the line in the normal transmission band. This signal cross-modulates 
with the oscillator signals in all repeaters to produce a unique spec
trum of modulation products. When a repeater produces excessive 
cross-modulation, the product resulting from the test procedure has 
an excessive amplitude compared with the products from other 
repeaters. 

In the L4 system, a remote control center located at a manned main 
station provides a central control point for equalizer adj ustment and 
fault location on an in-service basis [3, 4] . The "bump shape" 
equalizer design is one in which the adj ustment of one equalizer net
work affects only a relatively small portion of the frequency band. A 
single-frequency test signal, transmitted near the center of each 
equalizer band, provides an indication of the amount of correction 
being introduced by that network. The setting of each network de
pends on the amount of current passing through a thermistor. This 
current is controlled remotely from the control center. 
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Commands are transmitted from the control center over single
frequency command channels located in the L4 spectrum between 316 
and 492 kHz. Each remote equalizing repeater is assigned a unique 
command channel frequency in this band thus permitting each to be 
addressed individually from the control center. Each command chan
nel carrier can be modulated by pairs of signals between 600 and 
1000 Hz. A total of 62 different command signals can be transmitted. 
These commands are used to select the desired route and line for tests 
and adj ustment. The command signals turn on or off the test oscil
lators located at equalizing repeaters for equalizer setting evaluation, 
connect the test oscillators to the equalizing repeater input or output, 
and adj ust individual equalizers. In addition, the command signals 
turn on or off the power supply to monitoring oscillators used for 
fault location. 

The monitoring oscillators are located at each remote repeater. A 
different frequency in the band between 18.500 and 18.560 MHz is 
assigned to each repeater point. The frequencies, 4 kHz apart, are 
assigned consecutively to repeaters along the line to faci litate repeater 
identification during fault locating procedures. The oscillators are 
powered over interstitial pairs in the cable from a nearby equalizing 
repeater. The power supply can be turned on, energizing the oscil
lators, from the control center. The received oscillator signals are 
displayed on a spectrum analyzer in the control center. Analysis of 
this display is  used for identifying and locating faulty repeaters. 

In the L5 system, a centralized and automated Transmission 
Surveillance System ( TSS) with remote transmission surveilla11ce 
auxiliary (TSA) stations controlled from a transmission surveillance 
center ( TS C )  were developed as an integral part of the L5 trans
mission system [5] . Digitally operated test equipment makes desired 
measurements under local or remote programmed or manual control. 
Data are collected and analyzed at the TSC where all operations, in
cluding remote repeater fault location, are controlled by a smaB 
general-purpose computer. However, there is no remote control of  
equalizer adjustment as  in the L4 system. Experience with L4 showed 
that the equalizers and system are so stable that the cost of the remote 
control circuitry could not be j ustified. 

Microwave Radio Systems. The maintenance facilities that are inte
grated with microwave radio systems are those of surveillance, pro
tection switching, and alarms. In the analog systems, surveillance 
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takes the form of single-frequency pilot signals which control fiat-gain 
regulators. 

The regulators correct the system gains to compensate for changes 
due to atmospheric fading or other causes and initiate protection 
switching system operations when limits are exceeded. The digital 
rad io systems use violation monitors and restorers. When violations 
exceed established limits, these circuits also initiate protection 
switching operations. 

All radio systems are equipped with alarm arrangements that in
d icate signal power loss and deteriorated transmission performance. 
These alarms are displayed locally and may also be extended to a 
centralized maintenance location .,over a remote alarm and control 
system. 

Dig ital  Systems on Metal l ic Media. A comprehensive maintenance plan 
for the digital transmission network is evolving with the network. In 
some cases, maintenance features and functions are i ncorporated in 
the transmission systems ; in  other cases, maintenance is provided by 
external systems that may include record keeping and operational 
features as well . 

Terminology. To facilitate discussion of digital system mainte
nance, it is desirable to define several commonly-used terms : red 
alarm, yellow alarm, upstream, downstream, and resupply signal 

( sometimes called a "blue signal") . When failure occurs in one direc
tion of transmission, a loss-of-service alarm is initiated at the affected 
receiving D-type channel banks. Since loss of service is involved, a 
red alarm light is lit and an audible alarm is sounded ; the alarm is 
called a red alarm. When such an alarm is initiated, the associated 
transmitting D-type banks are usually signalled automatically to in
dicate the failure. At the transmitting end, a yellow alarm light is lit 
and the alarm is called a yellow alarm. The red and yellow alarm 
convention is maintained throughout most of the d igital network. 
Loss-of-service alarms are also initiated at intermediate multiplexer 
units. 

Upstream and downstream describe transmission phenomena rela
tive to some reference point in a transmission path. Points down
stream are those to which signals are being transmitted from the 
reference point and points upstream are those from which signals are 
being received at the reference point. 
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A resupply signal is substituted for a failed _signal to prevent or 
minimize protection switching or the sounding of alarms in equipment 
located downstream from a failed link or piece of equipment. A re
supply signal satisfies l ine format specifications at the hierarchical 
level at which it is inserted but carries no message or framing infor
mation for lower hierarchical levels. 

Digital Terminals. The principal maintenance feature of D-type 
channel banks is a circuit that recognizes a loss of signal or a loss of 
framing in the receiving terminal equipment. When such a service 
failure occurs, this circuit initiates a red alarm and transmits a yellow 
alarm signal to the channel banks at the other end of the system. 

The presence of these alarm conditions also initiates trunk pro
cessing functions where supplied. In this process, all busy network 
trunks involved in the failure are released, removed from service, and 
made to appear busy. Customer charges on the disconnected calls are 
terminated and the trunks are held out of service and in the busy 
condition until repairs are completed. The circuits involved in trunk 
processing are called carrier failure alarm or carrier group alarm 
circuits. 

Maintenance and surveillance of multiplex units are controlled in 
much the same manner as that used for channel banks. Circuits are 
provided to monitor the received signal. These circuits register an 
out-of-service alarm when the incoming signal is  lost or when the 
multiplex unit loses synchronism and the signal goes out-of-frame. 

To prevent a loss of signal or framing from affecting downstream 
multiplex equipment and channel banks, a resupply signal is sub
stituted for the regular signal in some multiplex units. Such a signal 
maintains downstream equipment in working order or allows it to 
recognize the failure as upstream so that unnecessary maintenance 
activity is avoided. No message or D-bank framing information i s  
transmitted. 

Digital Lines. Surveillance of repeatered line performance and 
location of faulty repeaters on digital traansmission facilities are 
performed from central offices at the ends of or along the route of 
each system. Performance is  evaluated by violation monitors that 
examine the signal for code violations. Signals are commonly moni
tored for bipolar violations and equipped to recognize valid violations 
such as those introduced by B6ZS and B3ZS formats. They are also 
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generally monitored for violations of successive Os restrictions and 
for loss of signal. Appropriate alarms indicate the nature of any 
observed impairment. As in multiplex units, some lines provide a 
resupply signal in case of total failure. 

The repeatered lines of all digital systems are equipped with fault 
location circuitry so that a defective repeater can be identified from 
the central office before maintenance personnel are dispatched. The 
fault location arrangements commonly used require the transmission 
of a specially coded signal from the central office. This signal contains 
a high concentration of energy at specific voice frequencies which are 
assigned to correspond to specific repeater locations. At each remote 
repeater, a bandpass filter selects the frequency associated with that 
location ; circuits are provided to transmit the voice-frequency signal 
back to the central office over a separate wire pair. Missing or 
distorted signals identify faulty repeaters. 

Cross-Connect Frames. Equipment frames made up of jack panels 
serve as cross-connection points and as common locations in the 
central office for the interconnection of digital system channel banks, 
multiplex equipment, and transmission facilities. These cross-connect 
frames also serve as access points for service restoration, rearrange
ments, and testing for trouble identification, isolation, and location. 

Cross-connect frames are designated separately (DSXO, DSX1, 
DSX1C, DSX2, DSX3, and DSX4) for each of six digital rates. Each 
frame is used to interconnect equipment that operates at the corre
sponding rate. The six frames can be grouped into three types, each 
with different features, although all except the DSXO are equipped 
with tracer lamps for convenient identification of the two ends of a 
cross-connection. 

The DSXO is the only frame of the first type. It is used only 
for interconnecting terminal and multiplex equipment to furnish 
DATA-PHONE digital service over the Digital Data System. Quad 
terminals on the cross-connect panels are interconnected by quad 
j umpers equipped with quad connectors. 

The second type includes the DSX1, DSX1C, and DSX2 frames. 
1'hese feature monitoring jacks and interconnection j acks for patch
ing. Access to the 100- or 1 10-ahm circuits is obtained by use of 
310-type telephone plugs. 
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The DSX3 and DSX4 comprise the third type of frame. These 
frames have no monitoring jacks although such jacks are provided 
in connecting equipment for patching between working, standby, and 
protection equipment and lines. The jacks, plugs, and cross-connect 
cords are of a 75-ohm coaxial type. 

System-Independent Maintenance Arrangements 

The complexity of modern transmission systems and of the network 
has made it difficult to provide maintenance by manual methods. As 
a result, an increasing number of automated maintenance systems 
are being provided. Among these systems are the Carrier Transmis
sion Maintenance System ( CTMS) , the Surveillance and Control of 
Transmission Systems ( SCOTS ) equipment, the Telecommunications 
Alarm Surveillance and Control ( TASC ) System, the T-Carrier Ad
ministration System ( TCAS ) , and the Cable Pressure Monitoring 
System ( CPMS ) .  These systems are designed to provide surveillance 
and maintenance functions over a variety of transmission systems in 
a portion of the facilities network. They all feature some form o f  
computer control [6] . 

Carrier Transmission Maintenance System. Automatic, in-service testing 
of coaxial carrier systems, microwave radio systems, and associated 
multiplex equipment is  provided by the CTMS [7] . Access to carrier 
system test points is provided by a broadband switching and control 
network that uses coaxial cable and coaxial switches. The central in
stallation contains a minicomputer, a cassette-tape or disk memory 
unit, switch control circuits, and a teleprinter ; the measuring equip
ment consists of very precise, digitally controlled 90-type test 
equipment [8] . 

The CTMS monitors pilot amplitudes and noise and scans the trans
mission band of the facil ity under test for unwanted high-amplitude 
signals ( hot-tone scan ) . The system can be used to identify, section
alize, and isolate troubles and to determine whether troubles are 
inside or outside the central office building. 

When used at a No. 4 crossbar switching office, the CTMS can be 
coupled with automatic trunk measuring equipment under the control 
of a single computer. This combined arrangement is called a Trunk 
and Facility Maintenance System ( TFMS) . Trunks may be measured 
at carrier system line frequencies thus providing an additional meas-
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uring point for maintenance personnel to sectionalize and isolate 
trunk troubles. 

Measurements are automatically made by the CTMS on a pro
grammed basis and on any desired schedule. Tests may also be 
initiated by operator command from a remote control and display 
unit or from distant offices by command from a data set. The remote 
control and display unit can be plugged into access connectors at 
trunk testboards, private line test centers, and other bay locations in 
the office. Test results are displayed in the form of a numerical 
readout. 

Survei l lance and Control of Transm ission Systems. Remote, automated 
surveillance, control, and maintenance administration of broadband 
transmission facilities may be provided by SCOTS [9] . This system 
uses E-type telemetry systems to scan unstaffed remote repeater 
points and toll offices for alarms. If an alarm is detected, the nature 
of the problem is analyzed by the system and alarm center personnel 
are alerted. The system can interface with the Cl alarm system and 
with existing E-type telemetry systems. A SCOTS control station 
has the capacity for monitoring and controlling 128 remote locations. 
Thus, in the broadband plant, one or more operating areas or states 
may be monitored from a single centralized operating center. 

Functions remotely controlled by SCOTS include protection switch
ing system operations and the sequencing of emergency restoration 
procedures. The system may also be used to control temporary facility 
arrangements that might be required for maj or sports or other events. 

Telecom m unications Alarm Su rveil lance and Control System.  The general
purpose T ASC system provides mechanized and centralized alarm 
reporting, status surveillance, and remote control of a large variety 
of telecommunications equipment. The TASC equipment can analyze 
failures and present processed information to the T ASC central opera
tors. It also maintains a log of all operating events, provides for 
selective log retrieval, and administers trouble tickets and other 
operational support tasks. 

The T ASC centralized location utilizes standard channels to connect 
the central location with remote control terminals and/or computers 
which may monitor and control selected portions of the plant. These 
features permit the T ASC system to function simultaneously as an 
independent alarm center and an integral component of a multisystem 
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control center. A computer connection can be used to link TASC and 
Automatic Trouble Analysis (ATA) computers to support an 
electromechanical switching control center. 

The T-Carrier Admin istration System. The exceptional growth in the 
use of T1 carrier systems in  many metropolitan areas has led to a 
need for centralized and automated facilities for the control of ad
ministration and maintenance of the digital network facilities [10] . 
A large metropolitan network may include 10,000 or more T1 carrier 
systems made up of over 50,000 span lines. The complexities of 
operations and interconnections in such a network can only be solved 
by a centralized administration system such as TCAS. 

Maintenance and operation activities in a network of T1 carrier 
systems are controlled from a centralized T -carrier restoration and 
control center ( TRCC ) . Such activities are augmented in large net
works by the use of TCAS to provide surveillance of system perfor
mance and analysis of system failures. The TCAS also provides auto
matic trouble isolation to a faulty channel bank or a specific span, 
provides reports on the current status of the digital network, periodi
cally monitors the performance of each working system, and main
tains a log of the status and use of maintenance lines. 

A minicomputer is used at the TRCC for control of TCAS opera
tions. Connections are made from the TRCC to remote offices by 
dedicated E-type telemetry systems. 

The functions of the TCAS can be implemented by stages so that 
the administration system may grow as the network increases in size 
and complexity. Such a planned implementation of TCAS growth 
also provides a means for introducing the system gradually and 
economically. 

Cable Pressure Monitoring System. Although it is not devoted to trans
mission measurements, the CPMS is important to transmission main
tenance. The quality of transmission performance deteriorates 
significantly when moisture enters transmission cables. Many cable s  
are maintained under gas pressure t o  impede the entrance o f  water 
through small holes or breaks in the cable sheath and to provide 
indications of such breaks by changes in gas pressure. 

Pressure transducers and contactors are installed in cable sheaths, 
status indicators are used on air dryer and pipe alarms, and flow 
monitoring devices are used to measure gas flow. These devices are 
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all monitored by the CPMS using E-type telemetry systems to trans
mit status information to terminals in each wire center. This data is  
col lected by the CPMS central computer by automatic polling of the 
wire-center terminals via switched network connections. The system 
generates trouble reports which are printed at the central terminal 
and transmitted by teletypewriter to the appropriate maintenance 
center. Special measurements and data may be requested from the 
central location by teletypewriter. 

24-3 CIRCUIT MAINTENANCE SYSTEMS 

Message network loops and trunks and some types of special 
services circuits are now maintained on the basis of measurements 
made by computer-controlled test equipment and maintenance systems. 
Many of these systems also incorporate large-scale computer memory 
capabilities that are being used increasingly to replace manual 
methods of record keeping. 

Loop Maintenance 

The high rate of station movement and the complexities of loop 
feeder and distribution cable layouts make loop maintenance and 
record keeping procedures difficult. Loop operations are centered in 
the repair service bureau (RSB) which is responsible for maintenance 
of station equipment as well as loops. 

Since most loops are provided over cable pairs, a large part of loop 
maintenance work pertains to cable testing and cable maintenance. 
Most of this type of work was performed manually in the past but 
automatic testing and analysis of results is increasingly being used. 
Since outside plant cables terminate in the central office at a main 
distributing frame (MDF ) , testing and other loop operations must 
be carried out with adequate concern for the complexities that exist 
at the MDF. 

Cable Testing  . .  Much cable testing is stil l  performed by manual 
methods using frame-mounted test equipment or portable sets that 
can be carried into the outside plant environment [1 1 ] . The frame
mounted test equipment · is usually assembled into a repair service 
bureau test arrangement. In either case, manual test methods are 
slow and expensive and, as a result, mechanized test arrangements 
are finding increasing use here as in other parts of the plant. 
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An effective measure of cable pair quality is the 1 ine insulation 
resistance. Thus, tests are made in which the resistance between the 
conductors of a pair or from conductor to ground is measured and 
compared with expected values. Automatic Line Insulation Test 
( ALIT) equipment is being used to make such tests economical. A 
time-shared computer program has been made available for the 
Analysis of Automatic Line Insulation Tests (AN ALIT) . The com
bination of ALIT and AN ALIT has made possible efficient and effecM 
tive means for the improvement of plant quality and the elimination 
of some customer service complaints. 

Repair  Service B u reau.  Loop maintenance activities are centered at 
the RSB where records of station locations, cable assignments, and 
customer services are maintained and where personnel and test 
facilities are located. Repair service attendants are stationed at the 
bureau to receive customer trouble reports. Until recent years, all 
activities at RSBs were carried out manually ; many test procedures 
required coordination between test desk personnel and other mainte
nance personnel responsible for activities at the main distributing 
frame, at customer premises, or along the cable. Much of this work 
is being mechanized and subjected to computer control [12] . 

Station maintenance is  not currently adaptable to mechanization. 
Many station tests can be made from the RSB but when trouble has 
been established as station trouble, a visit to the customer premises 
by repair personnel is required. 

As various RSB functions are adapted to mechanization, the bureau 
is becoming known as an Automated Repair Service Bureau (ARSB ) . 
The maj or objectives in mechanizing RSB operations are ( 1 )  to im
prove efficiency and reduce the cost of repair operations, ( 2 )  to 
improve customer service by reducing the time required for detecting, 
locating, and repairing troubles, and ( 3 )  to improve the handling of 
customer contacts by repair service attendants. 

An important component of an ARSB is the Loop Maintenance 
Operations System ( LMOS) . This computer system mechanizes RSB 
customer line card records by storing them in computer memory and 
can produce a variety of management reports. Among its functions 
are customer trouble report processing, control of mechanized testing, 
analysis of past trouble reports by referring to the trouble report 
evaluation and analysis tool ( TREAT ) program, and the provision 
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of equipment utilization reports. A maximum of five million customer 
line records can be accommodated by one LMOS installation. 

A number of automated test systems are available for use with an 
ARSB and LMOS. These include a line status verifier ( LSV) , auto
mated line verification (ALV) equipment, and mechanized loop testing 
( MLT) equipment. The LSV and ALV, now available, have limited 
capability ; the MLT system provides mechanization of essentially all 
ARSB test functions. 

The TREAT program may be used with LMOS or may function 
alone to provide analyses and reports of a variety of loop operations. 
These include customer-provided equipment summaries, customer 
trouble reports, special services inventories, and coin telephone opera
tion reports. The program can also be used for repair force adminis
tration. 

Trunk Maintenance 

Two major functions are provided by most network trunks. They 
provide transmission paths between switching entities ; in addition, 
most trunk circuits provide address and signalling functions associ
ated with setting up a wide variety of connections. Thus, trunk main
tenance must include tests to evaluate both transmission and operating 
performance. 

The switched message network has grown to such a degree that 
the maintenance of trunks, now numbering in the millions, must be 
mechanized in order to provide a satisfactory grade of service eco
nomically. As trunk testing has progressed from manual to computer
assisted methods, many intermediate stages of development have 
produced semi-automatic equipment with limited capabilities. Many 
of these intermediate maintenance systems and equipment types may 
still be found in use. 

The manual testboards still in operation, such as the 17C and the 
17D, depend on close association with large jack fields of voice
frequency trunk appearances to gain access by patching to the trunk 
desired for testing. These testboards have been modernized from time 
to time by the installation of new and improved test sets, display units, 
and test signal generators. 
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One transmission measuring set, manufactured by outside suppliers 
to Bell System specifications, is coded KS-20805. This system provides 
rack mounted test equipment and several types of digital display units 
capable of being viewed from various distances. The system is ar
ranged to measure and display noise in dBrnc, frequency in kHz, and 
power in dBm. 

Outgoing trunk (OGT) test frames are often found in older electro
mechanical switching offices. These frames provide jack access and 
test facilities for all outgoing trunks. They may operate manually or 
in conj unction with automatic or semi-automatic systems some of 
which are designed as maintenance support systems for specific 
switching systems. The intertoll manual test frame (IMTF ) is an 
arrangement for use in No. 4 crossbar offices to replace the 17C test
board and the OGT test frame. The IMTF is also required to test 
the circuits of the Common Channel Interoffice Signalling ( CCIS) 
System in No. 4 crossbar offices. In addition, several vintages of semi
automatic test frames have been employed. For example, the autom
matically directed outgoing intertoll trunk (ADOIT) frame operates 
to test outgoing trunks at a No. 4 crossbar office. Also, the automatic 
outgoing trunk test ( AOTT ) frame may be installed at No. 4 crossbar 
offices to test originating toll connecting trunks. A similar arrange
ment may be installed to test trunks that originate at a step-by-step 
machine [13] . These arrangements are being replaced by newer 
mechanized test arrangements. · 

Many phases of trunk and facility maintenance work . relating to 
No. 4 crossbar offices may be automated by the TFMS. As previously 
mentioned, a fully equipped TFMS includes the Outgoing Trunk 
Testing System ( OTTS ) bay, CTMS equipment for carrier measure
ments, and a minicomputer for program control of both systems. The 
TFMS provides routine trunk and facility testing and may be used 
in demand testing for trouble identification and location. 

One of the most versatile systems for testing network trunks is the 
Centralized Automatic Reporting on Trunks ( CAROT) System [ 14] . 
The principal components of a CAROT System are a centralized, 
computer-operated controller, remote office responders, remote office 
test lines ( ROTL) for use with most types of switching machines, 
and miscellaneous other test lines for communications between ROTLs 
and responders and for connecting appropriate test equipment to the 
trunk under test. 

TCI Library: www.telephonecollectors.info



660 Transmission Maintenance Vol .  2 

The system that preceded CAROT, called the Automatic Transmis
sion Measuring System ( ATMS ) ,  was capable of testing trunks be
tween two central offices automatically [15] . The principal com
ponents of that system were the A TMS director and the A TMS 
responder, one similar to that now used in CAROT. To increase the 
flexibility of ATMS testing, ROTLs were developed so that tests 
could be performed between a ROTL and a ROTL responder without 
the necessity of using a test frame and ATMS director. This simpli
fication made it unnecessary in small office installations to purchase 
an ATMS director but testing and test control were still confined to 
trunks between offices directly involved in the tests. The CAROT 
system, with its central controller, combines these features in such 
a way that tests can be performed on trunks between any two offices 
in the area controlled by CAROT ; the central controller may be 
located at any convenient location within or near that area. From 
the central location, a CAROT controller can use ROTLs, responders, 
and test lines to perform transmission loss and nois·e tests and opera
tional tests on trunks between surrounding central offices. If measured 
values fall outside established limits, the trunks are considered im
paired and test results are presented in a form suitable for trouble
shooting. 

Tests by CAROT are controlled by a minicomputer. Trunks within 
the served area are identified and their designations entered into disk 
files which are updated regularly to reflect changes in the network. 
Trunks are tested in regular sequence during nonbusy hours. During 
more active periods of the day, the system may be used, on demand, 
to test trunks that are being serviced because of troubles indicated 
during the routine tests. A single CAROT system can serve up to 
approximately 100,000 trunks. Additional features, such as those that 
enhance circuit order and other administrative operations, are being 
added to the CAROT system by revising the computer program that 
controls its operations. 

The advent of digital switching with the No. 4 E SS led to the need 
of further mechanization in operation and administration services to 
plant, clerical , and management personnel. Various work centers are 
provided with interfaces to the Circuit Maintenance System ( CMS 
1B ) through interactive keyboard and cathode ray tube displays [16] . 
The system mechanizes much of the work distribution, circuit-order 
administration, and many types of reports. The system has very large 
capability that can be exercised through interactive connections with 
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the No. 4 ESS processor, CAROT, CTMS, and other maintenance and 
administration systems. 

Specia l Services Circuit Maintena nce 

With the great diversity of functions and the wide range of circuit 
types involved, centralized and mechanized testi ng of special services 
circuits has developed somewhat more slowly than that used for net
work trunks. There has been a tendency to develop specialized test 
centers for each major classification of special services : the television 
operating center ( TOC) for television services, wideband test and 
service bays for wideband data services, serving test centers ( STC ) 
for the digital data system ( DDS) and other services. 

Many of these test centers are being merged into a special service 
center ( sse ) to provide centralized and mechanized control of special 
services operations. New Circuit Maintenance Systems ( CMS-2A and 
CMS-3A ) mechanize much of the administrative and record-keeping 
aspects of the centralized operations control centers. The Switched 
Access Remote Test System ( SARTS) provides the SSC with remote 
access and test capability for a large number and variety of special 
services circuits. Enhancements to these systems will expand their 
application to even more diverse fields [17] . The SARTS, CMS, and 
the Automatic Data Test System (ADTS) provide the principal SSC 
operations supports systems. 

The Switc hed Access Remote Test System. As implied by its name, 
SARTS combines two functions to provide one-person testing of 
special services circuits from the SSC. The first function, switched 
access, is implemented by the use of any of several versions of the 
Switched Maintenance Access System ( SMAS ) at central offices re
mote from the SSC. The second function is that of a Remote Test 
System ( RTS) capable of performing transmission and operational 
tests on a wide variety of special services circuits. Remote operation 
of the SMAS and the RTS is controlled from the SSC over data com
munications circuits which are also used to transmit test results from 
the remote location to the sse. 

Access and test commands are initiated at the SSC by use of a 
minicomputer process controller and test positions equipped with 
DATASPEED® 40 terminals. These terminals use cathode ray tube 
displays to guide the test processes and to indicate test results. The 
initial program for SARTS permits testing of up to 50,000 circuits 
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among as many as 50 remote offices, the use of up to 24 test positions 
at the central location, and up to 10 test ports ( local and/ or remote) 
per SMAS/RTS combination. Enlarged SMAS/RTS combinations that 
provide up 20 test ports are being introduced. 

Circuit  Maintenance System. The CMS is a multiprocessor system that 
mechanizes administrative and record-keeping functions. DATA
SPEED 40 terminals are used, as in SARTS, to provide convenient 
and interactive person-machine interfaces for operations personnel in 
SSCs, STCs, and central offices. 

Two versions of the CMS are available for special services support. 
The CMS-2A provides mechanized record keeping and administration 
in support of STCs. The CMS-3A serves as a communications hub in 
an sse to coordinate all plant activities required to install and main
tain special services circuits in operating telephone companies. 

Automatic Data Test System.  The ADTS is a computer-controlled 
system that mechanizes most data set and data terminal testing func
tions performed at data test centers [18] . It can perform both dynamic 
and static tests on data stations designed for the switched network 
and, in conjunction with SARTS, for those used on private lines. 
Communication with ADTS by maintenance personnel is made pos
sible by the use of TOUCH-TONE signals. Thus, a one-person test 
operation, either from an sse or from a remote station, is made 
possible. The system also provides programs for system test and 
maintenance and for storing and retrieving information from a 
variety of data-service-related files. 

24-4 MAI NTENANCE SUPPORT 

The trend toward mechanization and computer control of opera
tions and maintenance equipment and methods has not lessened the 
need for many items of support equipment. Some of these facilities 
provide efficient means of access to circuits for test. In other cases, 
the s upport is in the nature of equipment to enable maintenance 
personnel to communicate with one another efficiently and conveni
ently or to p·ermit remote control and surveil lance of transmission 
systems and circuits from centralized locations. Some support items, 
such as protection channels, are needed for service protection and for 
the temporary repair and restoration of failed transmission facilities. 
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Access for Maintenance 

All electronic equipment must be designed so that the equipment 
can be tested. In some cases, the necessary test access is provided by 
pin j acks. In some systems that employ plug-in equipment, "ex
tenders" are used to permit the circuit cards or boards to remain in 
the operating environment and yet to make al l  the components avail
able for test and observations. Often, j acks are mounted in a con
venient manner so that test equipment can be plugged in for 
maintenance testing. 

In many central offices, voice-frequency patch bays are set up with 
many thousands of jacks to provide access for testing loops or trunks. 
Patch cords can be used to interconnect such circuits and are also used 
to connect the desired circuit to the test desk for convenient access to 
test equipment and test signal sources. 

Distributing frames often provide access for maintenance testing 
as well as for circuit installation and rearrangement work. Connec
tors, called shoes, may be used to make contact with selected terminals 
and to extend the connection by test cords to j acks that carry the 
circuit test connection to a testboard. 

With the increased emphasis on automatic and semi-automatic 
trunk and special services circuit testing by SARTS and CMS, a need 
developed for easy access to a large number of circuits. The Switched 
Maintenance Access System, which is displacing jack and plug access 
equipment, is a switching arrangement that provides for connections 
between test facilities and any one of thousands of trunks and/ or 
special services circuits [19] . The switches may be operated under 
computer control or by manual operation to select the circuit to be 
tested. 

Communications for Maintenance 

Two general types of communications facil ities are used for opera
tions and maintenance work. Order wires provide voice communica
tions for maintenance personnel. Data communications l inks are used 
to extend alarms and other status indicators from unmanned and re
mote locations to centralized points where maintenance and operations 
are controlled. They are also used to transmit control information 
from centralized points to remote points. 
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Order Wires. Voice communications facilities are used to permit 
maintenance personnel to communicate with one another between 
remote locations or between a remote location and a centralized loca
tion. The facilities may be no more than a connection to the switched 
message network, a point-to-point connection with direct and uncom
plicated signalling arrangements, or a complex communication system 
with selective signalling arrangements. Order wires are usually routed 
over facilities separate from those with which they are associated for 
maintenance. 

Order-wire appearances are provided wherever needed. Such ap
pearances, in the form of telephone headset j acks, are commonly found 
at all remote repeater points along transmission routes. Jack or station 
set appearances may also be found in a central office at distributing 
frames, transmission bays, multiplex bays, etc. 

Data Communications. It is often desirable to provide arrangements 
to extend alarm and other status indications from remote to central 
locations. Two maj or systems are available for this purpose ; both are 
also capable of transmitting control information from the central 
location to remote points. 

The Cl A larm and Cont'rol System. Initially, the Cl system was 
designed to support maintenance activities on microwave radio 
systems [20] . The Cl functions include the transfer of detailed alarm 
and supervisory information at unattended radio stations to an at
tended point, called an alarm center, and the transmittal of orders for 
controlling operations at the unattended stations from the alarm 
center. Order-wire facilities are part of the Cl system. 

An alarm section is made up of an alarm center and up to 12 remote 
locations. The section is served by one or two alarm circuits with a 
maximum of six remote stations on each. A specific single-frequency 
signal is assigned to each remote location. When there are no alarms 
present, the single-frequency signal is continually transmitted. When 
an alarm occurs, the single-frequency signal is removed from the line 
to alert the alarm center. A command signal is then transmitted to 
the station to request a scan of its alarm circuits. The status of each, 
up to a maximum of 882 in a fully equipped radio station, is then 
transmitted to the alarm center. A total of 490 separate command 
signals can be sent from the alarm center to each remote location. 
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Radio or cable line facilities separate from those of the radio system 
monitored by the Cl system are used for alarm, command, and order
wire transmission. A two-wire alarm line is used to transmit alarm 
and status information to the alarm center. A four-wire line is used 
for command and order-wire transmission. 

The E-Type Telernetry Systems. Data transmission for alarm, 
status, and control for many of the systems previously discussed, 
such as the L4 and L5 coaxial systems, T ASC, TCAS, SCOTS, and for 
many others is provided by E-type telemetry systems [21 ] . Status 
inputs at remote locations are represented by two-state ( binary) in
formation from alarm circuits or relays ; commands from a central 
location are similarly coded in a binary form. Thus, the system is  
designed to  transmit binary coded signals to  and from the central 
location. 

Considerable flexibility has been designed into the E-type systems. 
They operate economically over a wide range of systems and are 
particularly adaptable to computer control and interaction. Standard 
four-wire data transmission facilities and 202-type data sets are used 
for communication between E2 central and remote locations. 

Service Protection 

Many transmission systems and some multiplex equipment are pro
vided with protection switching and transmission facilities. These 
protection systems are described with the systems with which they 
are associated. Generally, they protect service by switching from a 
working to a protection facility when there is an equipment fai lure 
or loss of transmission for some other reason such as multipath fading 
of microwave radio systems. 

In addition to their service protection functions, these arrange
ments also are used to facilitate maintenance. When maintenance of a 
working system is required, service may be transferred by manual 
control of the switching system (or by patching, in some instances ) 
to the protection line or equipment. When maintenance work is com
pleted, service is restored to the regular facility. 

Protection facilities are also used for emergency restoration. Service 
interruption due to a major route failure can sometimes be tempo
rarily restored by rerouting channels over protection facilities of 
other systems. After repairs have been made, service is restored to 
the regular facilities. 
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Service restoral is sometimes accomplished by temporary repairs. 
Emergency equipment is stored for this purpose. For example, a 
microwave radio route might fail due to the destruction of a repeater 
tower. A temporary tower might be delivered by truck and erected 
near the sight of the original tower to carry service while a new 
permanent tower is being constructed. Repeaters and j umper cables 
for coaxial lines are similarly stored and may be used to effect a 
temporary repair while a major cable break is being restored. Many 
other examples of such temporary service restoral might be cited. 
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Transmission Maintenance 

Chapter 25 

Test Equ i pment 

Testing of  circuits, systems, and facilities for transmission evalua
tion and trouble location requires the use of test equipment that may 
be installed in fixed locations or which may be provided more eco
nomically in the form of mobile test sets. For example, a specific type 
of set may be essential for occasional use but too expensive to be pro
vided in many fixed locations, only to lie idle most of the time. Other 
sets are designed to be hand carried for use in field locations. Some 
portable sets are arranged so that they may be conveniently and per
manently mounted in a fixed or mobile bay. Some mobile sets are 
designed to operate on commercial power only, some on batteries only, 
and others on either commercial power or internal batteries. A few 
need only the incoming signal that is to be measured. 

Solid-state techniques have made it practicable to reduce the size 
and weight of test sets and to include superior capabilities. Innova
tions are being introduced at an unusually rapid pace as a result of 
advancing technology. Many sets do more than indicate electrical 
values on meters. They quickly process and store information and 
display the results in the form of illuminated readouts or cathode ray 
tube traces. Such capability eliminates human errors in reading meters 
and switch settings and in making calculations. Some sets display 
instructional readouts to guide the user through successive test 
procedures. 

Essentially, the types of measurements made are those of loss, gain� 
return loss, longitudinal balance, impedance, background noise, im
pulse noise, phase j itter, and intermodulation distortion. In digital 
transmission systems, peak-to-average ratio ( PI AR) of the signal 
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voltage, channel delay distortion and bandwidth, and pulse timing 
j itter are measured. 

A comprehensive discussion of test equipment is made difficult by 
the large number of parameters that must be measured and the wide 
range of types of circuits, systems, and facilities that must be evalu
ated. Many transmission parameters must be measured on voiceband 
and wideband circuits, on analog and digital transmission systems� 
and on systems that employ amplitude or frequency modulation. I n  
addition, requirements differ i n  respect to measurements of station 
equipment, loops, trunks, the many types of special services circuits, 
and the various media that are used. As a result of these factors, there 
are many different types of test sets. 

Much of the portable test equipment used for transmission measure
ments is manufactured outside the Bell System, some to meet Bel1 
System specifications. However, several test sets are stil l  manufac
tured within the Bell System to satisfy specific needs. 

The unprecedented growth of the switched message network and of 
the variety of services provided have had a maj or impact on trans
mission maintenance methods and procedures. The large increase in 
data transmission and in types of data services has perhaps had the 
greatest single influence. The increasing emphasis on digital data 
transmission has made it necessary to examine the capabilities of the 
message network to transmit digital data signals and to specify a 
consistent set of requirements on maintenance equipment [1] . As a 
result, a set of guidelines has been applied to test equipment of 
General Trade manufacture as well as to equipment of Bell System 
manufacture [2] . 

Test equipment for transmission maintenance must meet stringent 
electrical and physical design requirements. Electrical requirements 
include the transmission parameters to be measured and the method 
of measurement. Accuracy, range, displays of results, and many other 
features and characteristics are also specified. Physical features are 
specified in terms of size, weight, portability, mounting arrangements, 
identification, and many others. The degree to which these electrical 
and physical requirements are met determines the usefulness and 
cost of the equipment. Thus, these factors must be known in great 
detail if economic choices are to be made in the provision of mainte
nance test equipment. 
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25- 1 VOICEBAND LOSS AND DELAY MEASURING EQU I PMENT 

The most significant parameters that determine the quality of a 
voiceband channel are the attenuation/frequency and delay /frequency 
characteristics. Thus, many test sets are designed to measure trans
mission loss ( or gain) at specific frequencies or over certain frequency 
bands and to measure the delay distortion in the channel. 

Oscillators and detectors are the fundamental types of test sets used 
for measuring circuit losses or gains. Within the frequency range for 
which an oscillator is designed, the important characteristics are the 
output impedance, the accuracy and stability of output frequency and 
amplitude, and the purity of output signal wave shape. Important 
characteristics of a detector, or transmission measuring set, are input 
impedance, frequency range, amplitude measuring range, and accu
racy. Longitudinal balance, stability, high-voltage protection, and 
other parameters must also be specified. 

Test signal amplitudes may typically be between -40 and +10 dBm 
at the points of measurement. Circuits that normally carry speech or 
voiceband data signals must be measured from below 60 Hz to above 
4000 Hz. The frequency range of interest in program circuit measure
ments is from 20 Hz to 20 kHz. Gain ( or loss) measurements to de
termine slope across the VF band are normally made at frequencies 
near 400, 1000, and 2800 Hz. Envelope delay distortion, defined as 
the derivative of the phase shift in a circuit ( in  radians ) versus fre
quency ( i n  radians per second) ,  is measured as a deviation of phase 
from that at some reference frequency, usually 1800 Hz. 

Test Signal  Generators 

There are many general purpose and specialized signal generators 
used to provide test signals at appropriate frequencies and to have 
special characteristics, where required. Among these are the 71G tone 
generator and the KS-19353 Oscillator. While the operation of the 
71G is confined to the VF band, the KS-19353 Oscillator may be used 
for the VF band and for carrier-frequency testing up to a maximum 
frequency of 560 kHz. 

The 71 G Tone Generator. Precise sine-wave signals are provided at 
404, 1004, and 2804 Hz by the portable 71G Precision Tone Generator 
to permit gain-slope measurements to be made over the VF band. In 
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addition, this generator may be used as a replacement for the older 
71-types usually called milliwatt supplies. The frequency reference in 
the 71G is a highly accurate crystal oscillator signal from which all 
frequencies used in the set are derived. The output is stable to 
± 0.03 dB of any of three selectable output powers, 0, - 10, or  
-16 dBm. The output impedance may be selected to be 600 or 
900 ohms. 

The output frequencies are all offset from 400, 1000, and 2800 Hz 
in order to favor transmission testing of T-type digital facilities. A 
test signal at an integral submultiple of the 8-kHz sampling frequency 
used in D-type channel banks can cause harmonically related inter
ferences to fall back into the VF band. These can result in variations,  
or "beats," of the measured signal amplitude or of noise measure
ments that depend on the use of 1004-Hz signal as a "holding tone," 
the so-called C-notched noise measurement. If the holding-tone fre
quency is a rational submultiple of the 8-kHz sampling rate, the 
quantizing noise power is concentrated at a few frequencies rather 
than spread over the VF band. 

The KS- 1 9353 Osci l lator. This portable oscillator is a general-purpose 
source of test power in the frequency range of 50 Hz to 560 kHz and 
power range of -40 to +10 dBm. In the frequency range of 50 Hz to 
20 kHz, the output impedance is optionally 600 or 900 ohms ; in the 
5-kHz to 560-kHz range, it is 135 ohms. The output frequency is ad
j ustable by means of a stepped multiplier switch and a continuously 
adj ustable  dial. Frequency accuracy is ±3 percent and the output is 
stable  to ± 0. 1  percent for one hour and for a temperature change of 
± 5  degrees Fahrenheit. The output power is adjustable by decade 
switches in steps as small as 0 .1  dB. Dialing and line-holding are pro
vided in the 600- and 900-ohm mode to permit network connections to 
be established for test. 

Test Signal  Measuring Instruments 

Test signal power must often be measured with great accuracy i n  
order t o  evaluate transmission gains and losses and t o  provide cali
bration of test signal sources. Many types of meters, detectors, and 
analyzers are available for such measurements. Some are frequency
selective, some are wideband, and some are designed to fulfill only 
specialized measurement functions. 
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The 22A Mil l iwatt Reference Meter. Calibration of the output power of 
1-kHz test signal sources of either 600- or 900-ohms impedance with 
errors no greater than 0.03 dB may be accomplished by the use of the 
portable 22A Milliwatt Reference Meter. It includes a calibration 
standard the accuracy of which is not affected by normal handling. 
The 22A can be calibrated to show deviations from power levels in the 
range -16 to 0 dBm in 1-dB steps and from power levels of +0.5, 
+4, and +7 dBm. Although a number of these meters are still in use, 
they have been largely replaced by more modern instruments of 
General Trade manufacture. 

The 230 Transm ission Measuring Set. Test signal power may be meas
ured in 600- and 900-ohm voice-frequency circuits on a terminating 
basis by the portable 23D Transmission Measuring Set ( TMS) . The 
frequency range is 300 to 5000 Hz and the power measurement range 
is -25 to +10 dBm. The 23D is energized by the incoming signals 
and requires neither battery nor commercial ac power. 

The circuit to be measured is connected to the set through either 
jacks or binding posts. Direct current blocking is provided and cir
cuitry is included to permit dialing and line-holding. Power in dBm 
is measured by adj usting a rotary switch in 5-dB steps to bring the 
meter pointer on scale and adding the switch and meter readings. 

Combined Signal  Generator a nd Measuring Instruments 

The test signal generation and measurement functions are some
times conveniently combined in a single measuring instrument. Two 
examples of such test sets are the 25B Voiceband Gain and Delay Set 
and the 27F PI AR Transmitter and Receiver which comprise a rating 
.system for VF circuits used for data signal transmission. While the 
27F provides an overall evaluation of a VF circuit, it does not provide 
a useful identification of impairment components. Other sets, such 
as the 25B Voiceband Gain and Delay Set, must be used to determine 
the effect of individual impairments. 

The 258 Voiceband Gain and Delay Set. The gain and envelope delay 
characteristics of VF transmission channels may be measured in the 
range of 300 to 3000 Hz by the 25B Voiceband Gai n  and Delay Set. 
With an external oscillator, measurements may be extended to 25 kHz. 
Transmitting and receiving impedance is  e ither 600 or 900 ohms, 
switch selected. Frequency, received amplitude, and delay are shown 
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on meters for point-by-point measurements and corresponding de out
puts may be used to drive X-Y recorders when graphs are required. 
The transmitter output is adj ustable from -30 to 0 dBm, receiver 
measurement range is -30 to +10 dBm, and accuracy is ± 0.2 dB at 
1 kHz. Delay error below 300 Hz is approximately ± 20 p.s, and above 
300 Hz, ± 10 p.s. Dialing and line-holding features are provided. When 
used on two-wire circuits, a return path must be provided to obtain 
a phase reference for the measurements. 

The 27F PI AR Transmitter- Receiver. The overall suitabil ity of a voice
frequency channel for data transmission may be evaluated by the 
PI AR system which is designed to measure the simultaneous effects 
of envelope delay distortion, bandwidth reduction, and poor return 
loss ( producing gain and phase distortion) which cause intersymbol 
interference in voiceband data signals [3] . The PI AR measurement 
is largely insensitive to noise, phase j itter, gain slope, intermodula
tion distortion, frequency shift, or transient phenomena. 

The PI AR technique consists of transmitting a train of precisely 
shaped pulses having a known ratio of peak-to-average full-wave 
rectified voltage into one end of a channel and observing at the other 
end, on the receiving section of another 27F, the extent to which that 
ratio has changed. Thus, a rapid, weighted, straightaway measure
ment is made of channel impairments. 

The PI AR receiver indicates the change on a meter calibrated from 
100 to zero, giving the PI AR rating. A rating of 100 means that the 
ratio in the received pulses is the same as that in the transmitted 
pulses, while a rating of zero means that the ratio in received pulses 
is only half of that in the transmitted ones. Intermediate ratings and 
ratios are linearly related. 

25-2 NOISE MEASURING EQUI PMENT 

Any interference in a communication channel may be considered as 
noise. Some types of noise arise in channels as a result of natural 
physical phenomena. Some are generated by mechanisms within the 
channel and may be functions of the signals transmitted as well 
as of the channel characteristics. Other types are introduced in the 
channel from outside sources by some form of induction or crosstalk 
mechanism. 
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The measurement of various types of noise on communication cir
cuits in terms that express their  relative interfering effects is not a 
simple matter. The design of measuring equipment must take into 
account the subj ective effects of noise on human listeners as well as 
electrical and mechanical effects on inanimate receivers such as data 
terminal equipment. For acoustic noise measurement, the test equip
ment response must be frequency-dependent, not only because the 
human hearing system is similarly dependent but also to allow for 
loss-frequency distortion between the point of electrical measurement 
and the acoustic output at the telephone receiver. The equipment must 
also allow for inertia in the human hearing system which does not 
sense the full intensities of sounds until they have persisted .for about 
0.2 second. A burst that does not last that long is subjectively evalu
ated in approximate proportion to its intensity and duration. For 
impulse noise, the measuring equipment must be capable of register
ing all noise impulses that are strong enough to be accepted as data 
signal elements. Such impulses are typically too short in duration to 
be sensed by ear and cannot be evaluated by means of acoustic noise 
measurements ; separate mechanisms are needed to gather information 
for evaluating impulse noise. 

Any specific pattern and intensity of voiceband noise has different 
interfering effects on different persons and for various amplitudes of 
the speech with which it is  interfering. Thus, the objective measure
ment of acoustic noise with a noise-measuring set gives only a rough 
average of the interfering effect of that noise under various condi
tions. Interfering effects under specific conditions can vary by several 
dB. On the other hand, since the variability among data transmitting 
and receiving sets is comparatively small and since the data transmis
sion levels are comparatively well controlled, the meaning of impulse 
noise measurements is more definite. However, variability in the types 
and amplitudes of noise may render short-period measurements of 
little value in trouble detection. 

Noise measurements on VF channels used for digital data signal 
transmission are valid only if a holding tone is  present. The signal in 
current use for such measurements is a single-frequency, 1004-Hz 
tone. Beyond the point in the transmission path where it is needed 
but before it reaches the noise-measuring circuitry, this signal is 
suppressed by a sharply tuned band-elimination filter in the weighting 
network known as a. C-notched network. The probability of significant 
noise components falling in the eliminated band ( 995 to 1025 Hz ) is 
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small, and the effect of the filter in measurements of flat Gaussian 
noise is to reduce the reading by less than 0.5 dB. 

The 3C Noise Measuring Set 

All types of background noise that can interfere with the ease and 
satisfaction of listening on voice and program circuits may be meas
ured by the 3C Noise Measuring Set. This portable instrument can 
measure both noise-to-ground and metallic circuit noise. The former 
is measured across 100,000 ohms ; the latter is measured either on a 
bridging basis or across an internal termination. Noise readings re
quire corrections when circuits bridged are not of 600-ohm impedance 
and when the circuits terminated

· 
are not of 600- or 900-ohm imped

ance. The 3C can measure metallic noise in the range 0 to 95 dBrn 
and longitudinal noise from 40 to 135 dBrn ; both ranges apply before 
any corrections are made. 

The major frequency-dependent part of the 3C response is provided 
by weighting networks in plug-in units. Weight_ings are defined by 
loss-frequency curves that show overall loss, relative to that at 1 kHz, 
from the input of the set to the noise reading device. In general, the 
object of having different weightings is to take account of the 
various interference-versus-frequency relations in the several types of 
service. The 3C weights each frequency component of a given noise in 
proportion to its interfering effect, adds those weighted components 
on a power basis and shows the result on a meter having suitable 
dynamic characteristics. 

Weighting networks for the 3C include C-message, C-notched, pro
gram, 3-kHz flat, and 15-kHz. The C-message characteristic is fairly 
flat between 700 and 3000 Hz but has about 28 dB attenuation at 180  
and 5000 Hz relative to  the 1000-Hz loss. The C-notched characteristic 
combines the C-message characteristic and a sharp elimination band 
( notch) centered at 1010 Hz having at least 50 dB attenuation between 
995 and 1025 Hz. Program weighting is designed to take into account 
the relative interfering effects of various frequencies on program 
material in the 8-kHz band. It rolls off below 1 kHz, but not as rapidly 
as C-message weighting, and emphasizes the response between 1 and 
8 kHz. The 3-kHz flat weighting is flat from below 60 Hz to 2000 Hz, 
is down about 3 dB at 3000 Hz, then rolls off at 12 dB per octave. It 
is useful for detecting low-frequency noise induced from power l ines 
or from ringing signals on other telephone circuits. The weighting 
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known as 15-kHz flat is used for top quality, wideband program cir
cuits. The frequency characteristic is the same as that of the 3C set 
circuitry, exclusive of plug-in networks, and is achieved simply by 
using a frequency-insensitive plug-in unit. It is flat up to 5 kHz, rolls 
off gradually above that point, and is 4 dB down at 15 kHz. 

The 7 A Carrier-Frequency Noise Measuring Set 

Means for measuring noise on AM carrier channels in the range 
of 10 to 552 kHz are provided by the solid-state 7 A set. Upon being 
connected to the line, tuned to the carrier frequency of the desired 
channel, and set for the upper or the lower sideband as required, the 

· 7 A demodulates the line noise to baseband channel nois·e, weights it 
as desired, and feeds that output to the measuring circuitry. The latter 
consists of an attenuator adjustable in 10-dB steps and a dBrn meter 
marked in 1-dB .steps. The sum of the attenuator setting and the 
adj usted meter reading is the noise measurement. 

When the 7 A is used in the bridging mode, it does not interfere 
with operation of the carrier system but, before it is used in the ter
minating mode, the system must be taken out of service. The mode is  
selected and adjustments in dB are made with the FUNCTION switch. 
The measuring ranges of the 7 A are shown in Figure 25-1 . 

FUNCTION SWITCH POSITION RANGE, dBm 

135-ohm terminating -40 to +92 

Bridging, add 1 0  -30 to + 102 

Bridging, add 20 -20 to +1 12 

Noise-to-ground -1 0  to + 122 

Figure 25- 1 .  Measurement range of 7 A Noise Measuring Set. 

The 7A also provides a narrowband ( 120 Hz) tuning option which 
permits precise tuning to desired channels and accurate measurement 
of carrier, pilot, or test signals by suppressing all extraneous noise 
and signals. Auxiliary j acks on the front panel permit acoustic 
monitoring of the noise on the demodulated carrier band as well as 
connections to noise recorders and impulse-noise counters. 
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The 6-Type Noise Measuring Sets 

A number of test sets, coded 6-type, have been developed to measure 
noise of various types and to cover a number of different frequency 
bands. The primary use for these sets is the evaluation of circuits for 
data signal transmission. 

The 6F Voiceband Noise Measu ring Set. Message circuit background 
noise and the distribution of noise impulse amplitudes may be meas
ured by the portable 6F Voiceband Noise Measuring Set. This set is 
designed primarily for the evaluation of noise on voiceband data cir
cuits but does not evaluate the interfering effect of noise on speech 
transmission as accurately as does the 3C Noise Measuring Set. 

Several plug-in weighting networks are provided for C-notched and 
flat measurement of voiceband noise. Another network permits meas
urement of noise in a 50 kb/s data circuit. Terminating, bridging, or 
noise-to-ground measurements may be selected by means of a switch 
on the front panel. A monitoring j ack permits aural observations. 

The distribution of impulse amplitudes in a given channel is de
termined by means of four counters, each of which indicates on a 
register al l  impulse peaks which exceed the specific threshold setting. 
Such a distribution is required in order to determine the error per
formance in digital signal transmission as a statistical function of 
the interference. The lowest of the four dBrn settings is that of the 
lowest counter on the front panel plus 30 dB. The other three thres
holds may be set to exceed the first in successive equal steps of 2, 4, 
or 6 dB. The total spread of thresholds may thus be 6, 12, or 18 dB. 
This arrangement provides flexibility for bracketing both narrow and 
wide ranges of impulse amplitudes and for centering the thresholds 
so that all four counters can provide significant information. A timer 
in the set can be preset to stop the counting after any chosen interval 
�P to 60 minutes or the counters may be allowed to run until stopped 
manually. Each counter has a capacity of 9999 and can operate up to 
7 times per second. 

The 6G Wideband Noise Measu ring Set. Continuous noise within the 
range of 4 to 560 kHz and, alternatively, the number of noise impulses 
that exceed a chosen threshold during a selected time interval, or until 
stopped manually, may be measured by the portable 6G Wideband 
Noise Measuring Set. For terminating measurements of circuit noise, 
the i nput impedance is either 75 ohms unbalanced or 135 ohms bal-
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anced. For longitudinal noise on 135-ohm balanced circuits, the input 
impedance is 10,000 ohms to ground and 1000 ohms tip-to-ring. Two 
weighting networks are provided in a single plug-in unit. A flat 
network is provided by a resistive pad permitting measurement over 
the full frequency range of the set, 4 to 560 kHz. The second network, 
which provides 10 to 50 kHz weighting, is essentially flat in that range 
but rolls off rapidly outside it. 

The 6G was designed primarily for making measurements on wide
band data channels of various bandwidths between 4 and 560 kHz 
either on baseband cable or on carrier facilities. When it is counting 
impulses, the threshold between countable and noncountable magni
tudes is set by adj usting the dials on the front panel. The same dials 
are used for bringing the meter needle on scale in the preferred range 
when continuous noise is being measured. The range for continuous 
noise is from 0 to 100 dBm and for impulse thresholds, from 30 to 
1 10 dBm in 1-dB steps. 

The internal mechanical counter can register up to 6 impulses per 
second and has a counting capacity of 999. Counting rates up to 5000 
per second can be attained with an external electronic counter con
nected at the FAST CTR jack. 

The 6H I m pu lse Counter. The number of impulse noise peaks that ex
ceed a selected threshold on voice-frequency circuits during a chosen 
test period may be determined by use of a 6H Impulse Counter. The 
threshold and test period can be set, the former at any whole number 
of dB from 40 to 99 dBm and the latter at any value up to 15 minutes. 

Plug-in networks with C-notched and flat weightings are provided 
with the 6H counter. The C-notched network permits measurement of 
impulse noise on compandored circuits. Input impedance is about 
735 ohms, a compromise between 600 and 900 ohms. The maximum 
counting rate is 7 per second and the highest registerable total is 9999, 
which exceeds the highest possible 15-minute count. 

25-3 IMPEDANCE-RELATED MEASURING EQU IPMENT 

The effect on transmission performance of nois-e and echoes is  sig
nificantly influenced by circuit impedances. This is true especially 
where circuit interfaces may introduce impedance discontinuity, 
series-impedance unbalance, or impedance-to-ground unbalance be-
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tween the conductors of a transmission pair. In addition, impedance 
discontinuities may be introduced along a transmission medium by 
cable damage or by omission or improper placement of load coils. Such 
discontinuities can produce transmission echoes that impair trans
mission. 

A large variety of portable, mobile, and bay-mounted test equip
ment is available for the measurement of impedance and impedance
related parameters. These include sets designed to measure return loss 
and longitudinal balance and to evaluate by simulation the impedance 
of a transmission line. 

Return  Loss Measurement 

Control of echoes, essential to good transmission, depends upon 
maintenance of adequate return loss within the transmission medium 
at points of transition between four-wire and two-wire facilities and 
at j unctions of any medium with a repeater or a terminal [ 4] . Return 
loss is  a measure of the composite reflections from irregularities 
within a medium. It is generally a function of frequency but its effec
tive value within a specific frequency band can be obtained in a single 
measurement by using appropriately weighted thermal noise as test 
power and a power-summation detector as a measuring device. 
Another method is  the use of a sweep-frequency generator for test 
power. 

The 54C Return Loss Measu ring Set. Accurate and rapid impedance 
matching of an E6 repeater to connecting cable facilities may be made 
by use of a 54C Return Loss Measuring Set and by adj ustment of the 
intervening line build-out ( LBO ) network. The greatest return loss 
attainable indicates the best impedance match. This portable set has 
also been found useful in making rapid echo structural return loss 
measurements as part of the conformance and completion tests on 
new or rearranged cables. 

The 54C set consists essentially of a sweep-frequency generator, 
hybrid transformer, bandpass filter, and meter circuit. One-way 
sweeps of the selected frequency band are made at a rate of ten per 
second without significant pause between sweeps. Each frequency 
band is selected for adjusting specific components in the LBO network 
of the E 6  repeater. When the 54C set is used for cable-conformance 
tests, the 500 to 2500 Hz band is selected. 
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Because return losses vary throughout the frequency sweep, the 
meter needle usually moves in a pattern that may cover a range of a 
dB or more. However, since the motion of the needle is periodic rather 
than random, it is easy to tell when return loss has been optimized. 
In reading the meter, it is customary to estimate the midrange posi
tion of the needle. Return loss is read as the sum of a dial switch 
setting and meter indication. 

Jacks are provided for using the 54C set with an external oscillator, 
if desired. Other j acks are provided for using the set with an external 
balancing network that is required when measuring structural return 
losses of cable pairs. 

The KS-20501 Retu rn Loss Measuring Set. The functions of evaluating 
echo and singing return losses on either two-wire or four-wire cir
cuits are combined in the portable KS-20501 Return Loss Measuring 
Set. It generates a wide band of noise which may be passed through 
any one of three weighting networks by means of internal circuitry 
and used as a signal for return loss measurements. Return loss is 
indicated by the sum of a dial-switch setting and a meter reading on 
the front panel. An external oscillator may be connected to the set 
for measuring return loss versus frequency from 200 to 5000 Hz. The 
set is used primarily for making through and terminal balance and 
singing point tests. 

The echo return loss ( ERL) weighting network frequency charac
teristic has 3-dB points at 560 and 1965 Hz. On the other hand, the 
singing return loss ( SRL) weighting, having 3-dB points at 260 and 
500 Hz, emphasizes the influence of frequencies in the lower part of 
the voice band. Readings obtained with SRL weighting correspond 
closely to those obtained with other singing point test sets when the 
singing points are in the lower part of the voice band. The singing 
return loss high ( SRL-HI)  weighting, having 3-dB points at 2200 
and 3400 Hz, emphasizes the influence of frequencies in the upper 
part of the voice band. Readings obtained with SRL-HI weighting 
correspond closely to those obtained with the singing-point test sets 
when the singing points are in the upper part of the voice-frequency 
band. 

Ba lance Testing 

The degree of impedance balance between each conductor of a wire 
pair or of an equipment unit and ground is a measure of immunity to 
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noise induced from extraneous sources such as power l ines, power 
conductors of electric railroads, etc. A measure of this balance can be 
approximated by using a noise measuring set to obtain separate read
ings of noise to ground and message circuit noise on the same facil ity. 
The longitudinal balance is calculated as a function of the difference 
between the two readings. Such · determinations are dependent upon 
the frequency spectrum of the noise induced in the facility at the time 
of the measurements. Single-frequency measurements of longitudinal 
balance can also be made by energizing the longitudinal circuit at the 
desired frequency and measuring message circuit noise with a fre
quency analyzer having an adj ustable narrowband filter. 

One longitudinal balance test set, designed and furnished by General 
Trade manufacturers to meet IEEE standards, measures the balance 
on either a one-port or a two-port basis with self-supplied power. The 
measurement may be made with an adj ustable single-frequency or on 
a broadband basis. Controls that permit achievement of an internal 
balance of 120 dB make practicable the measurement of balances as 
high as 100 dB. Each port is provided with its own de supply for 
optional use on the circuit under test to determine the effect of de bias 
on balance. Each supply is capable of furnishing up to 120 rnA to an 
external resistance of up to 450 ohms. 

Level Tracers 

A test set for measuring electrical characteristics of facilities and 
equipment as functions of frequency and for displaying them graphi
cally on a cathode ray tube screen is called a level tracer. It may supply 
internally a sweep-frequency signal or, for measurements of charac
teristics such as attenuation, may receive a sweeping signal from the 
far end of a transmission facility. In either case, it continuously moni
tors the frequency of the signal it is sensing and places the horizontal 
coordinates of the graph in proportion to those frequencies while 
placing the vertical coordinates in proportion to the measured char
acteristics. Level tracers are commonly used in displaying loss, return 
loss, and impedance magnitude. 

In early level tracers, the cathode ray tube beam was controlled 
directly by the measured X (frequency) and Y (magnitude) coordi
nates and produced on a retentive screen a trace that faded out grad
ually within a sweep cycle. In later designs, the measured coordinates 
are stored in memories which are swept rapidly to produce nonfading 
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traces that change only as the coordinates are updated in the memories 
as a result of adjustment of the entity being m easured. Some of the 
late designs can generate in turn, and update alternately, two traces 
comparing the same or different properties of the same or different 
telephone circuits or equipment items. That ability is useful in loca
ting and diagnosing impedance irregularities in cable pairs by using 
simulation with artificial cable modules. Some level tracers provide 
auxiliary de outputs, proportional to horizontal and vertical coordi
nates of the graph, for driving X-Y plotters when permanent records 
of characteristics are wanted. For such use, means are also provided 
for slowing the sweep and reducing to acceptable amounts the plotting 
errors caused by inertia of the moving parts of the plotter. 

Measurement of Line Impedance 

A major use of impedance measurements is to diagnose and locate 
impedance irregularities in cable pairs. A commonly-used technique 
is  to terminate the pair under investigation with a nonreflecting net
work ( one having the characteristic impedance of the line) at the far 
end and to obtain a graph of impedance magnitude versus frequency 
at the near end by using a level tracer as the measuring instrument. 
The level tracer applies a small constant ac to the pair as the fre
quency range is swept and uses the voltage drop across the pair at 
each frequency as a measure of the impedance magnitude. Amplifica
tion of that voltage drop coordinated with the choice o f  the impedance 
scale on the cathode ray tube graticule results in a direct indication 
of impedance magnitude. Deviations in the graph provide data for 
deducing the nature of the irregularity ( e.g., an omitted or mislocated 
loading coil ) and computing its distanc·e from the measuring end. 

A different empirical method of procedure after the graph has been 
obtained involves imitation of the layout of the real pair, including the 
irregularity, by means of an artificial cable kit. A group of graphs of 
simple irregularities at various distances from the measuring end 
provides initial guidance for setting up the artificial layout. Successful 
imitation of the irregularity is indicated by close agreement of the 
graphs of the real and artificial pairs as shown simultaneously by the 
level tracer. Sets used for this purpose include the lA Artificial Cable 
Kit and several kits manufactured by the General Trade. 

The lA Artificial Cable Kit permits simulation of the transmission 
characteristics of cable circuits at voice frequencies. It consists of a 
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number of cable modules and loading coils, all s imilarly packaged in 
small plastic boxes equipped with j acks and plugs for direct inter
connection. The modules simulate the impedance and propagation 
characteristics of 19-, 22-, 24-, 25-, and 26-gauge cable pairs in lengths 
of 6000, 3000, 1500, 750, and 250 feet. Loading coils of 88, 44, and 
22 mH are included. 

The kit simulates a cable circuit from 10 to 7000 H
.
z with errors n o  

greater than ± 2  percent i n  either impedance o r  propagation con
stant ; it is thus well within the performance range of actual cable. 
When ground resistance, which is too variable in the field to be in
cluded in the kit, is added externally in series with the ground line, 
the kit simulates the longitudinal circuit (pair-to-ground) up to about 
300 Hz, a range that is of interest for signalling purposes. In the 
laboratory, the kit provides means for measuring in  advance the 
transmission performance of proposed layouts and for answering a 
variety of questions ; for example, the transmission penalties to be 
expected if performance is  sacrificed for cost reduction. In the field, 
the kit provides means for identifying and locating irregularities in 
cable pairs by adj usting the simulated layout to exhibit the same 
shortcomings as those of the real cable. 

25-4 H IGH-FREQUENCY MEASURING EQUIPMENT 

Many types of transmission measurements must be made on broad
band analog channels and systems in order to determine performance 
quality and to carry out operating and maintenance functions. In some 
cases, test equipment available for these purposes is designed for use 
with specific systems or types of channels. In other cases, the equip
ment is of a general-purpose nature and can be used for measurements 
on a wide variety of channels and systems. 

The parameters of interest in broadband channels and systems are 
similar to those in voiceband channels. Loss/frequency and delay/ 
frequency characteristics and noise of all types are the most important 
impairments to be considered. 

Test Sets for Ana log Channel Measurements 

A large number and variety of high-frequency test sets are required 
for the maintenance of the many channels and systems that are now 
in service. These sets cover an extremely wide range of frequencies 
and bandwidths as required by the various types of systems. 
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The 70A Spectrum Generato r. A number of test signals are provided 
simultaneously for aligning multichannel analog cable-carrier line 
facil ities by the 70A Spectrum Generator. The output impedance is 
135 ± 10 ohms within the range 10 to 300 kHz. The signal frequencies 
have been selected to extend throughout the range of types K, N, and 
ON carrier systems and to avoid interference with pilot frequencies. 
Inserting the appropriate plug-in networks assures that the frequency 
spacing, amplitudes, and slope are matched to the system being 
aligned. After the generator has been set up at the transmitting end 
of the carrier line, the alignment can be completed by one person at 
the receiving end using a receiver such as the KS-15872 Spectrum 
Analyzer. 

The KS- 1 5872 Spectrum Analyzer. The display of signal amplitudes as 
a function of frequency is conveniently accomplished by a spectrum 
analyzer [5] . The KS-15872 Spectrum Analyzer is used to determine 
the frequency and magnitude of each of several test signals received 
simultaneously on a K, N, or ON cable carrier system and to displ ay 
the results on a cathode ray tube. This analyzer is especially useful in 
making equalizer adj ustments at the receiving end of such a carrier 
line when the 70A Spectrum Generator is used at the transmitting 
end to provide the test signals since the effects of adj ustments are 
evident as soon as they are made. The overall frequency range is from 
5 to 300 kHz and the width of sweep is adj ustable from 10 Hz to 
200 kHz within that range. Full-scale amplitude indications are ad
j ustable from 250 microvolts to 25 volts with an accuracy of ± 0.5 dB. 
Input impedance is either 55,000 ohms unbalanced or 135 ohms 
balanced. 

Genera l Purpose Test Equ ipment 

A number of different types of test sets are available for analog 
system maintenance. Some of these have a wide range of capabilities 
and may be regarded as test and maintenance systems. Others are 
designed on a modular basis with individual units having specialized 
functions but capable of being incorporated into maintenance systems 
under manual or automatic control. 

The 34A Transmission Measuring  Set. Tests and maintenance of 75-ohm 
carrier circuits in the range 35 Hz to 20 MHz and of 1 35-ohm balanced 
circuits from 10 kHz to 1 MHz may be performed by the use of the 
34A Transmission Measuring Set ( TMS ) . It is essentially a detector 
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with a variable attenuator, an indicating meter, and a thermocouple 
with means for calibration. The set is designed for fixed or mobile 
bay mounting. 

The range for gain measurement is 0 to 91 dB, the same as that of 
the attenuator. Loss measurements in the same dB range can be made 
by using an external amplifier or high-gain detector. The set can 
measure power in the range of -10 to +30 dBm. When a source of 
test power is required at the same location an external oscil1ator must 
he used. 

The 378 Transmission Measuring Set. Noise, intermodulation, pilot 
amplitudes, and transmission characteristics on L-carrier and TH
and TD-type microwave radio systems may be measured by the use 
of the 37B TMS. It functions normally as a decade-tuned se]ective 
detector, mainly on a 75-ohm unbalanced terminating basis but can 
also be used on a bridging basis by connecting an attenuator between 
the bridging point and the set ; thus, sensitivity is reduced. Most sets 
are used in mobile bay arrangements. 

In the normal mode, the 37B measures signal power of -120 to 
0 dBm in the frequency range of 50 kHz to 11 MHz. External repeat
ing coils may be used to modify the input impedance for terminating 
measurements on 124- and 135-ohm balanced circuits. 

Signal power is measured by adj usting two rotary decade swi tches 
to bring the meter reading on scale. The signal power is the sum of 
the decade switch readings and the meter reading. Selectivity is such 
that signals are 3 dB down at ± 0.25 kHz from the tuned frequency 
and 60 dB down at ±5 kHz. 

The 90-Type Test Equ ipment. A number of test equipment units are 
available for manual or mechanized transmission measurements on 
wideband facil ities [6] . Some of these units, coded individually as 
90-type test equipment, are available as portable and mobile instru
ments. In other cases, these units have been incorporated in complex 
maintenance systems such as the Transmission Surveillance System 
of the L5 Coaxial Transmission System and the Carrier Transmission 
Maintenance System. 

The 90A Carrier Frequency Oscillator. Test signals required for 
long-haul carrier system maintenance ·may be provided by a 90A 
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Carrier Frequency Oscillator. A decade-type frequency control pro
vides steps as small as 1 Hz from 10 kHz to 60 MHz. A similar type 
of output amplitude control provides steps as small as 0.1 dB from 
-99.9 dBm to 0 dBm. Frequency is displayed on an 8-digit readout 
while output amplitude is shown on a 3-digit readout. Frequency 
accuracy is ± 50 Hz ± 2  parts per million ; output amplitude stabil ity 
is ±0.01 dB. Temperature-compensated oscillators eliminate the need 
for warm-up. Harmonic distortion is at least 50 dB below the funda
mental for frequencies below 20 MHz and at least 40 dB below the 
fundamental for frequencies above 20 MHz. Spurious signals are 
65 dB below the fundamental. The 90A includes three sets of output 
jacks for 75-ohm unbalanced circuits and for 124-ohm and 135-ohm 
balanced circuits. 

The 90D Level ContTol Unit. A precise output power of 0 dBm into 
a 75-ohm load is provided by the 90D Level Control Unit. An input 
sinusoidal signal of -24 to -36 dBm and between 10 kHz and 70 MHz 
is amplified by the unit to achieve this output. Short-term variations 
from 0 dBm are within ± 0.01 dB up to 60 MHz. This control unit 
may be used with nonsinusoidal inputs but the output accuracy is 
reduced. 

The 90D is used principally at offices where adjustable frequency 
oscillators are not available to provide test power for transmission 
measurements. Power at the desired frequency is sent from an 
adjacent office by way of a transmission facility and patched to the 
input of the 90D. Test power at 0 dBm is then available for trans
mission measurements. 

The 90G Oscillator. Sinusoidal test signals for maintaining carrier 
systems, accurate in both frequency and output power, may be ob
tained from a 90G Oscillator designed primarily for the L5 carrier 
system. The 90G can also be used with other system types and as a 
standby in connection with the L5 surveillance system. 

The frequency of the output s ignal is based on temperature
compensated reference oscillators and frequency synthesis by means 
of phase-locked loop oscillators. The temperature compensation obvi
ates warm-up time. Output frequency is selected by m·eans of a series 
of rotary decade switches adjustable from 20 kHz to 100 MHz in 
steps as small as 1 Hz. The frequency is displayed on an 8-digit read
out. The output amplitude is similarly displayed and is adjustable 
from 0 dBm to -90 dBm in steps as small as 0.1  dB. Frequency error 
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is not more than ± 50 Hz ± 2  parts per million and amplitude error 
varies from ± 0.1  dB to ± 0.6 dB depending upon frequency. 

Output impedances are 75 ohms unbalanced, 124 ohms balanced, 
and 135 ohms balanced. Harmonic distortion is more than 40 dB below 
the signal amplitude up to 60 MHz and more than 35 dB below from 
60 to 100 MHz. N onharmonic spurious signals are more than 50 dB 
below the signal amplitude. 

The 90H Selective Detector. Although it was designed primarily 
for L5-carrier maintenance, the 90H Selective Detector can also be 
used for maintenance of other carrier systems. In accuracy of tuning 
and amplitude indications, it is a suitable complement to the 90G 
Oscillator for making measurements in the frequency range of 
20 kHz to 100 MHz. The 90H oscillator is similar to that of the 90G 
and requires no warm-up to attain stability. Its tuned frequency is 
selected by a series of rotary decade switches and is displayed on an  
8-digit readout. Bandwidths of  200 Hz ,  2500 Hz, or 3100 Hz are 
selectable by means of a rotary switch. The 3 100-Hz bandwidth is  
used for channel noise measurement in either the lower or  upper 
sideband with respect to the tuned frequency. 

The 90H measures the sum of the power at all frequencies in the 
selected band and displays it in dBm as the sum of a digital readout 
and a meter indication. The available impedances and the range and 
accuracy of frequency settings are the same as those of the 90G Oscil
lator. Harmonic distortion is normally 50 dB below the signal ampli
tude and can be reduced to 60 dB below for some purposes, by means 
of a switch on the front panel. 

The 74A Wideband Power Meter. The need for a reference standard 
to establish a precise oscillator output of 0 dBm into a 75-ohm load at 
any frequency up to 240 MHz is filled by the 7 4A Wide band Power 
Meter. It is  intended primarily for calibration of the 90A Oscil lator 
and other carrier-frequency test equipment. The accuracy, provided 
by a thermocouple and a rugged meter, lies between ±0.02 dB and 
± 0.3 dB depending on frequency and the return loss of the signal 
source. A protection circuit for the thermocouple is disabled by opera
tion of a nonlocking key when a measurement is being made. In addi
tion to the precise measurement of oscillator outputs of approximately 
0 dBm, the 74A includes an output jack for calibration of 75-ohm 
measuring sets. Output power is 0 dBm ± 0.01 dB into a 75-ohm load. 
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System-Related Test Sets 

A large number of _test sets are available for the maintenance of 
specific transmission systems or of types of transmission systems or 
channels. Several are described briefly in order to il lustrate these 
categories of sets. 

The 988 Portable Pilot Test Set. An example of a type of instrument 
used for special-purpose measurements in a specific transmission sys
tem is the 98B Portable Pilot Test Set designed for line maintenance 
work on L4 coaxial systems. It can be used at any remote repeater 
location since it is powered from the coaxial line. The set includes an 
oscillator for calibration, a meter for pilot power indication, a lamp 
to  indicate any momentary interruption of  the line pilot, and a switch 
to connect the measuring circuit to either the repeater input or output, 
as desired. 

The 98B is connected through high-impedance probes to both the 
input and output of a repeater. Its functions are ( 1 )  to measure the 
input and output power of the 1 1.648-MHz temperature pilot, thus 
indicating repeater gain, (2) to provide visual indication of pilot 
interruptions exceeding 50 microseconds, and ( 3 )  to maintain line 
continuity during replacement of a repeater so that line power need 
not be turned down. The first two functions do not require taking the 
repeater out of service. 

The 26A Gain and Delay Measuring Set. Gain and delay characteristics 
of group and supergroup facilities in the range of 5 to 600 kHz may 
be measured with the 26A Gain and Delay Measuring Set. Frequency, 
received amplitudes, and delay are shown on three meters. Direct 
current outputs for driving recorders are provided on the front panel. 
Output impedance of the transmitter and input impedance of the 
receiver are either 75 ohms unbalanced or 135 ohms balanced, jack
selectable. Transmitter output at the 75-ohm port may be selected 
from -45 to -30 dBm in 5-dB steps ; at the 135-ohm port, transmitter 
output may be selected from -50 to -40 dBm or from -15 to 0 dBm 
in 5-dB steps. The sensitivity range of the receiver is from -50 to 
O dBm. 

The KS-20548 Test Sets. Maintenance tests of FM terminal trans
mitters and receivers for microwave radio systems may be performed 
with KS-20548 Test Sets. The sets are available in two versions, one 
for intermediate frequency ( IF)  and baseband modes and the other 
for the baseband mode only. The form·er version permits input at 
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either IF or bas·eband and output at either IF or baseband, regardless 
of which input is selected. The latter permits measurements in the 
baseband only. These sets measure amplitude linearity and system 
group delay. They also provide means of accurately setting the 
70-MHz center frequency and adj usting the deviation sensitivity of 
an FM transmitter. One of the two units that make up each test set 
gene1·ates the test signals and the other one receives and measures 
test signals. 

The unit designed for operation at intermediate or baseband fre
quencies can measure the attenuation/frequency characteristic of FM 
terminals on a sweep-frequency basis, compare the center frequency 
of the terminal passband with an internal crystal-controlled standard, 
and provide for the deviation sensitivity of the terminal. An IF 
marker can be supplied by the set for use in an oscilloscope display. 
Remote monitoring at one end of a radio link is possible and a crystal
controlled signal is provided to facilitate the measurement of noise 
or spurious signals without using the FM terminal transmitter. 

The 708 Power Meter. This portable instrument provides the means 
for measuring signal amplitudes in the frequency range from 0 to 
20 MHz on video transmission facilities. The 70B is a nonselective 
thermocouple device having a 75-ohm unbalanced input and a 124-ohm 
balanced input. Measuring range is -10 to +3 dB with respect to 
either a 0 dBm or a 0 dBV reference selected when the set is cali
brated. Maximum error in the range -1 to +1 dB is ± 0.1  dB. 

Test Sets for T l -Carrier Systems 

The T-type carrier systems are based on pulse transmission, a mode 
subj ect to all of the same forms of distortion that affect analog sys
tems and to impulse noise which usually has no noticeable effect 
on analog transmission. Test equipment for these systems must be 
capable of detecting deformations or displacements of pulses that 
would prevent correct interpretation by receiving equipment. Portable 
test sets for T1 Digital System lineup and maintenance include a line 
error detector and an error rate test set. These illustrate the types of 
test sets used to maintain T-type systems. In most cases, maintenance 
equipment for digital systems is incorporated within the system. 

Line Error Detector for the Tl System. A portable Line Error Detector 
is used for monitoring bipolar signals at repeater points on T1 l ines 
and for determining whether errors exist in those signals. If errors 
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exist, the set determines whether they originate ahead of the repeater 
output or result from repeater malfunction due to reflections from 
the outgoing line. 

Access to the line is  gained by withdrawing the repeater from its 
mounting, plugging the detector into the mounting, and mounting the 
repeater in the detector. Tests may be made with the output line either 
normal or replaced by a 100-ohm termination. After switches have 
been set for the desired test conditions, the results are indicated by 
a lamp which lights, flashes, or remains unlighted. 

The KS-20775 Error Rate Test Set. This portable instrument counts 
either logic errors or bipolar violations that occur on a 1.544 Mb/s 
transmission facility during a selected time period and displays the 
total on a digital readout. The transmitting section generates a 
1,048,575-bit, quasi-random test pattern. For a self-test or for identi
fication of the system under test a fixed number of errors can be in
serted into each cycle of the test sequence. Either l ogic errors or 
bipolar violations may be selected for the purpose. The receiving 
section uses two different switch-selected methods for measuring 
errors. For logic errors, the set compares the incoming data, which 
originated in the quasi-random word generator of another set, with 
the output of a similar generator in the receiver, after synchronizing 
the two bit streams. Each disagreement of the two streams is counted 
as an error. For bipolar violations, the set monitors the signal to 
verify that consecutive 1 s are alternated in polarity regardless of the 
presence or absence of intermediate Os. Each failure of polarity 
reversal is counted as an error. 

25-5 DATA SET AND DATA LOOP TEST EQUIPMENT 

Analog voiceband circuits are often used to transmit digital data 
signals. Such circuits are most conveniently evaluated for digital 
transmission by test . instruments specifically designed for that pur
pose. In addition to circuit evaluation, it is also often necessary to  
evaluate the performance of  data sets used as  terminal equipment at 
the ends of analog data loops. 

The 9 1 1 NA Data Test Set 

A signal source and distortion measuring set for testing data ter
minal equipment, such as teletypewriters, are provided by the portable 
911N A Data Test Set. It uses integrated circuits, light emitting diodes, 
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diode matrices, and other advanced techniques to provide convenient 
means for making distortion measurements. A signal source generates 
either a 5-element or an 8-element code, each with selectable test 
message lengths. Transmission rates range from 45.5 to 1800 bauds. 
The set can continuously repeat certain test signals and can generate 
distortion up to 49 percent in 1 percent steps indicating with lamps 
the type of distortion. It can show in a two-digit readout the highest 
distortion for each group of 16 characters, count distortion peaks for 
threshold values of 5 percent to 40 percent, and count the parity errors 
received. Self-test by an output-to-input connection is provided to 
verify correct test set operation. 

The 9 1 4C Data Test Set 

The operation of voiceband data sets in digital or analog systems 
may be tested with the 914C Data Test Set. It operates in duplex with 
either series or parallel data signals. In the transmitting mode, it 
generates a dotting signal (alternate 1 s  and Os ) ,  a 63-bit quasi-random 
word, and a 51 1-bit quasi-random word conforming to the CCITT 
standard. The internally-established bit rates range from 150 to 
2400 bits per second. With external clock signals, the set is capable 
of repetition rates of 10 to 20,000 bps. The transmitting circuit gener
ates control signals to condition the data set being tested to the desired 
operating mode. Interface connections are made by inserting short
circuiting pins in a crosspoint matrix. 

In the receiving mode, the 9 14C compares a received data signal 
with an internally generated signal and counts errors. An adj ustable 
pulse sampling width permits measuring the distortion i n  received 
signals and a loudspeaker permits listening to line signals. Built-in 
de and ac voltmeters may be used either bridging or across a 600-ohm 
termination. Fixed and adj ustable reference voltages permit testing 
of analog systems. 

The 92 1 A Data Test Set 

General-purpose serial data test capability for installation and 
maintenance testing at data stations is provided by the 921A Data 
Test Set [7] . It also introduces the convenience of luggage-type pack
aging since it must often be carried to test sites by public transporta
tion. When set up for use, it exposes an 18 x 13 inch panel on which 
the controls, an alphanumeric display, and connection ports are 
located. 
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A microprocessor converts the input to the set into easily-read in
formation, administers overall system control, and sets up required 
interconnections for the desired measurements when the operator 
enters the proper two-digit code on a 20-button keyboard. The set 
makes use of a 32-character alphanumeric display to show processed 
data and to communicate with the operator. Through its capability 
of setting up preprogrammed tests and of processing input data, the 
microprocessor minimizes setup and adjustment time and reduces 
operator errors. A memory-based controller and plug-in interface 
modules provide flexibility for adding new test features. 

The 921A is used for end-to-end and station-to-serving-test-center 
tests. Synchronous and nonsynchronous data sets, data service units 
( DSU) , and channel service units (CSU) used in the Digital Data 
System ( DDS)  can be tested. It may be used with other data test sets 
in the 900 series for end-to-end testing. 

Plug-in modules are provided to meet a number of interface stan
dards. Interface lead status is monitored and shown by light emitting 
diodes. Access to 37 interface leads is provided to accommodate exist
ing and planned data sets. A bridging mode can be used for on-l ine 
tests. Data rates up to 56 kb/s for synchronous applications and fifteen 
bit rates for asynchronous applications are available. Operation is 
either duplex or half-duplex. 

With the built-in microprocessor, the 921A test set has been pre
programmed to carry out a number of tests automatically. Steady
state synchronous services may be tested for bit and block error rates 
and for proper start-up and synchronization functions. Start-stop 
distortion measurements for 202-type data set operation, parity error 
measurements, and specially coded message tests may be performed 
for asynchronous services. Isochronous distortion measurements may 
be made on DDS circuits and CSUs. In addition, the 921A can per
form a number of general purpose tests including tests of its own 
performance. 

Data Test Sets for the DDS 

A transmitter-receiver pair of portable test sets is used to test 
64 kb/s signals in the DDS. The KS-20909 Data Test Set provides 
either balanced bipolar or logic-level signals at the 64 kb/s leveL The 
set produces signals to any of the four data rates offered to the cus
tomer : 2.4, 4.8, 9.6, or 56 kb/s.  Output data words of either 511  or 
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2047 bits are provided singly or repeatedly. The set is designed to 
generate signals toward either an office channel unit (OCU) or a 
multiplexer. It furnishes discrete control codes to which DSUs and 
OCUs respond. It can also generate loopback test patterns for those 
units. 

The KS-20908 Digital Test Set is a digital signal receiver designed 
to monitor signals at the 64 kb/s level. It can perform error tests 
between a serving test center and loop terminations and can provid e  
loopback a t  a DSU, a n  OCU, and a CSU. The receiver demultiplexes 
signals at any of the DDS subrates and can destuff stuffed signals at 
any of those rates. It accepts either 511- or 2047-bit test-word lengths 
of bipolar or logic-level signals. Light emitting diodes display the 
detected control codes and the byte patterns. The bit-error or block
error count is displayed on a 3-digit readout. The KS-20908 accept s  
signals originating from KS-20909 or one o f  several other data test 
sets after those signals are processed by the digital data system. 
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Section 7 

Transmission System Integration 

In the previous sections of this volume, circuits, systems, and equip
ment of various types have been described as elements of the tele
communications facility network. Little attention has been given to 
the manner in which these elements interact when they are connected 
together or used in close proximity to one another or to other kinds 
of facilities. In this section, the limitations on certain types of 
simultaneous operation are discussed and the way in which systems 
and circuits are interconnected are described in order to show how 
the overall facil ities network is integrated into a working telecom
munications system. 

In Chapter 26, system compatibility and coordination are con
sidered. Some systems and circuits do not coordinate well because of 
interferences induced in one from another. In other cases, coordina
tion is satisfactory and there are few, if any, constraints on their 
operation over the same or nearby facilities. Where problems exist, 
there may be methods of mitigating the interference. Some attention 
is given to these mitigation means. 

Chapter 27 shows how systems of different characteristics are inter
connected to provide a network that can grow and be rearranged in  
a flexible and economic manner. Certain aspects of  network operation 
involve the use of equipment that is common to many systems. Out
standing i n  this respect is the network of equipment and circuits that 
synchronize the frequencies and repetition rates of most of the analog 
and digital carrier systems used in the switched message network and 
in private switched networks. A number of other points of interaction 
and overlap are also discussed. 
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Chapter 26 

System Compatibi l ity and Coord ination 

The design, application, and simultaneous use of  transmission 
systems and circuits using the same or proximate facilities in such 
a manner as to prevent excessive cross-coupled interference is often 
called coordination. The interferences that must be controlled include 
crosstalk and inductive interference ( power hum ) . 

Basically, coordination consists of the understanding and control of 
interference coupling phenomena. The elements of these phenomena 
are influence, coupling, and susceptibility. A thorough understanding 
of these elements requires definitions of ( 1 )  signals transmitted in 
disturbing channels, (2) disturbing channel characteristics, ( 3 )  
coupling path characteristics, ( 4)  disturbed channel characteristics, 
and ( 5 )  susceptibility of signals in the disturbed channels to the 
interferences. 

Interference problems may be conveniently considered in terms of 
loop facilities and circuits or trunk facilities and circuits. These two 
aspects of the interference problem have some common attributes 
but the predominant use of carrier systems in the trunk plant creates 
a significantly different environment from that of the loop plant. In 
the trunk plant, the problems are largely those of determining whether 
systems of different types coordinate with one another, i.e., whether 
they are compatible. The increasing use of subscriber line carrier 
systems is closing the gap between the loop and trunk portions of the 
plant. Common to both is the interaction with other utilities, especially 
with power transmission and distribution facilities. Control of inter
ferences from power lines into communications circuits is generally 
regarded as inductive coordination. 
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26- 1 COUPLI NG CONSIDERATIONS 

Coordination and crosstalk coupling are, in reality, the same prob
lem but the two are regarded somewhat differently. When crosstalk 
coupling is under consideration, specific interfering and impaired 
channels and signal types are of primary concern as in the case of 
intelligible crosstalk between voice circuits. When inductive inter
ference is under consideration, a wide variety of interfering and 
disturbed channels must be considered together with a number of 
coupling paths. The challenge is to take into consideration all possible 
combinations and to determine which is limiting. A review of the 
controlling parameters is desirable in order to visualize them in rela
tion to one another and to show how they may interact under various 
circumstances [1] . 

Where interference between transmission systems or circuits is a 
problem, it is essential that the characteristics of signals that may be 
carried in the disturbing system or circuit be well-defined. The char
acteristics of importance are the amplitude, power spectral density, 
occupied frequency band and the nature of single-frequency com
ponents (frequencies, amplitudes, consistency, intermittancy, etc. ) of 
the signal. The statistics of disturbed and disturbing channel oc
cupancy are also significant [2] . All of these parameters are estab
lished by the nature of the signals transmitted and by the design of 
the circuits or systems being used. There is little control that can be 
exercised in the operating environment except to be sure that design 
limits imposed on the signals and channels are not exceeded. 

The characteristics of the disturbing channel have less effect on 
coordination problems than transmitted signal characteristics but 
cannot be ignored. The normal power spectral density of the signal 
at different points in the channel may be modified significantly by the 
channel characteristics. The nature of the low-

-
and high-frequency 

channel cutoff characteristics must also be taken into consideration. 

The parameters of the coupling paths between disturbing and dis
turbed systems and circuits have a maj or effect on the magnitude of 
the coordination problem. The transfer function ( loss/frequency 
characteristic)  of the coupling path and the disturbing signal magni
tude and power spectral density determine the effect of the inter
ference in the disturbed channel. 

Finally, the signals and channel characteristics of the disturbed 
systems or circuits must also be considered in terms of coordination 
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problems. The susceptibility of these signals to the types of inter
ference introduced and the manner in which the channel may change 
the characteristics of either signals or interferences or both must be 
evaluated. Susceptibility of signals varies widely. For example, if 
the interference has high-amplitude impulse components and the 
disturbed channel carries digital signals,  the signals are more subject 
to impairment than would be the case with voice signals. 

In some cases, interference problems can be solved by imposing 
limitations on the use of facilities. For example, one type of system 
produces excessive interference in another type of system when an 
excessive number of the disturbing systems are carried in the same 
cable or in the same binder group. Satisfactory operation can be 
achieved by limiting the number of systems of the disturbing type in 
the cable or binder group. Physical separation of transmission faci li
ties is sometimes necessary to solve such problems. 

26-2 COORD INA TJON IN THE lOOP PlANT 

Transmission in the loop plant is primarily on wire-pair cables 
which have been engineered and installed to satisfy voice transmis
sion and station set signalling requirements. However, many other 
types of signals are transmitted and carrier techniques are increas
ingly being used when found to be economical. Each time a new signal 
type is added or a new type of loop carrier system is made avai lable, 
coordination of the new service or system with the existing loop plant 
and the environment within which it is to operate must be considered 
carefully ; i .e., loop plant signal spectra must be carefully controlled. 

In many locations, loops and trunks are intermixed. Thus, particu
larly where carrier techniques are employed, more combinations of 
systems and/ or circuits may coexist. Furthermore, pole line and 
underground facilities are shared by communications and power dis
tribution circuits to a greater extent in the loop plant than in the 
trunk plant. As a result, intercompany coordination of these situations 
is more intensive in the loop plant. 

I nductive Coord ination 

The problems of inductive interference are classified as those of 
influence, coupling, and susceptibility. These problems all relate to 
the introduction of interference in communications channels from 
power circuits. A number of techniques are used to control interfer-
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ences. These include the careful balancing and shielding of communi
cations circuits to reduce susceptibility, the physical separation of 
power and communications circuits to reduce coupling, and the trans
position and load balancing of power line conductors to reduce in
fluence. Generally, the transposition of power line conductors is  
undertaken only as a last resort. 

In some cases, apparatus and equipment may be added to circuits 
to reduce power line induction. Four classes of mitigation are possible : 
( 1 )  reduction of longitudinal current, (2 )  reduction of longitudinal 
voltage, ( 3 )  reduction of longitudinal voltage and current, and ( 4 )  re
duction of susceptibility. In all cases, care must be taken to ensure 
that such action does not introduce new transmission problems while 
solving the initial problem of hum. 

The susceptibility of individual circuits to inductive interferences 
is greatly enhanced when terminations are not well balanced. Thus, 
an effective and more permanent form of interference reduction is the 
improvement of circuit balance where required. Such improvements 
may be effected on party lines and coin lines by the application of 
new technology and the use of modern circuit components especially 
designed to achieve balanced circuits. 

The performance of individual voice-frequency circuits that exhibi t 
an excessive amount of power interference can sometimes be improved 
by the use of longitudinal choke coils. These devices, inserted in series 
with the line to increase the longitudinal impedance of the line at 
interference frequencies, present a low metallic impedance to the 
desired signals. The impedance increase has the effect of reducing 
longitudinal currents that comprise the interference. At frequencies 
as low as 60 Hz, this method is difficult to apply. Resonance of the 
inductor and the capacitance to ground may exist and cause an in
crease in longitudinal current. The choke coil can also have an adverse 
effect on the transmission of 20-Hz ringing current on party lines. 
However, in some cases, choke coils can be advantageously used ; each 
case must be analyzed separately. Usually this form of treatment is  
practical on only a small percentage of  cable pairs. 

Another method of reducing longitudinal currents is by the use of 
neutralizing transformers. These are, in effect, another form of longi
tudinal choke. A neutralizing transformer is constructed by winding 
a telephone cable, sometimes several hundred feet long, on a ferro
magnetic core. The cable may consist of 6 to 50 pairs one or two of 
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which may be designated as the "primary winding." The pairs of this 
primary winding are connected in parallel and grounded at both ends. 
Longitudinal current induced in the primary winding is coupled into 
the "secondary windings." The coupled voltages and the voltages of 
induced currents in the secondary windings are oppositely phased and 
cancel. Substantial improvement can be realized but there are major 
limitations. As a result, the use of such transformers is recommended 
only as a temporary solution until coordination efforts to satisfactorily 
reduce influence are completed. 

Longitudinal currents may be eliminated as sources of interference 
by the use of isolation transformers. However, de continuity is inter
rupted and this method cannot be used where de transmission is re
quired for transmitter current or for signalling. Even where it can 
operate satisfactorily, such as on carrier circuits, testing and mainte
nance problems may be introduced. 

Longitudinal voltages can sometimes be controlled by the use of a 
well-balanced two-winding coil, called a drainage reactor, with a high 
mutual inductance between windings. The two windings are connected 
in series across the line and the center tap is grounded. The windings 
are polarized so that equal and opposite currents cause cancellation of 
the longitudinal inductance. The windings provide a low-impedance 
path from each side of the line to ground. The effect of the shunt im
pedance is minimized because of the series-aiding inductance across 
the line. Well-balanced capacitors are frequently used in series with 
each winding to prevent the completion of a de path across the line. 
As with other forms of line-by-line control of induced interference, 
drainage reactors have limitations and can be used only with great. 
care. 

Transmission level Point Coordination 

Voice-frequency circuits that provide similar services coordinate 
best when they are laid out in such a manner that transmission level 
points ( TLP) have equal values at the same physical points along the 
common route. When this is done, crosstalk effects are minimized be
cause there is no high TLP producing crosstalk by coupling into a 
low TLP of another circuit. Such an ideal layout is often not achiev
able. Different directions of transmission sometimes result in different 
TLPs at the same point in a two-wire circuit and at highly correlated 
points in a four-wire circuit. Furthermore, the signal amplitudes at 
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a given TLP may vary considerably according to the type of signal 
transmitted. Nevertheless, crosstalk can best be controlled by making 
the TLPs in different circuits as much alike as possible. 

In the design and development of broadband carrier systems, the 
coordination of TLPs across the system frequency band is an im
portant consideration in achieving satisfactory system signal-to-noise 
performance. This is a complex problem that involves many system 
parameters including the types of signals transmitted, the design of 
repeaters, the attenuation/frequency and delay /frequency character
istics of the medium and repeaters, and the nature and amount of 
feedback in the repeaters. 

In all cases, signal amplitudes in disturbed and disturbing circuits 
at the point of coupling determine to a large extent the seriousness of 
any coordination problems. If the circuits involved are message net
work or voiceband special services circuits and if the coupling char
acteristics are known, the TLP concept is useful in establishing co
ordination relationships. Where grossly unlike signals are involved, 
other criteria must be used to j udge the interactions that may exist. 

Data loops 

Loops must be provided for the transmission of voiceband, group
band or supergroup-band data and for the various customer data 
speeds ( 2.4, 4.8, 9 .6, or 50 kb/s ) in the Digital Data System. It has 
been found that data loops for these services coordinate satisfactorily 
with each other, with voiceband circuits, and with the T- or N -type 
carrier systems some of which are found in the loop plant. However, 
these data signals may cause excessive interference in wideband pro
gram circuits. When such a difficulty is encountered, it is considered 
as a special coordination problem to be resolved by the application of 
an engineering solution. The disturbing signal amplitude may have 
to be reduced, coupling losses increased, or disturbed circuit signal 
amplitude increased. In some cases, it may be necessary to reassign 
service to different cable pairs. 

loop Carrier Systems 

Loop transmission needs are being served increasingly by digital 
and analog carrier systems. Coordination problems have been studied 
extensively and such systems have been found to coordinate satisfac
torily in loop cables provided certain restrictions are observed. Any 
number of analog loop carrier lines may be used with up to five 
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T 1-type lines in 6-, 11-, 16-, and 25-pair PIC cables and in 8-, 9-, 
12-, 13-, and 25-pair binder units of larger PIC cables. For different 
binder units in PIC cables and in all types of PULP-insulated cable, 
there are no interference constraints and standard engineering rules 
apply. 

26-3 COORDI NATION IN THE TRUNK PLANT 

As previously mentioned, coordination problems are basically cross
talk between carrier systems, between large numbers of circuits car
ried in the same or nearby facilities, or between combinations of such 
systems and circuits. In addition, there are a number of intrasystem 
phenomena that may be regarded as coordination problems that, in  
general, must be solved during the design and development of each 
system type. These include TLP and frequency coordination so that 
intrasystem interferences are held within acceptable limits. 

Among the factors that must be ex·amined in intersystem coordina
tion are frequency allocations, modulation methods, application of 
compandors, and system regulation methods. Multiplex equipment for 
all analog carrier systems util izes single or double sideband amplitude 
modulation. Carriers are placed at multiples of 4-kHz ( or 8-kHz in 
double sideband systems)  so that crosstalk interference tends to be 
intelligible unless the interfering sideband is inverted in frequency. 
The frequency inversion depends on details of modulation processes 
and the use of single sideband versus double sideband processing. If 
the interfering signal is offset in frequency, the interference is l ess 
disturbing than if the overlap is exact. These factors and the use of 
compandors in either or both of the systems involved must be ex
amined carefully in considering intra- and intersystem coordination. 

Most analog carrier systems are regulated by holding the trans
mitted signal power constant or by the transmission of single
frequency pilot signals that are used to control gain regulators. Inter
system or intrasystem crosstalk may produce interference in the pass
band of the regulator to cause fluctuations or constant errors in the 
regulation system. 

Short-Haul  Carrier Systems 

The short-haul systems most commonly used are the N- and T -types. 
These systems must be considered from the point of view of their 
coordination with each other, with systems of similar types, and with 
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video and wideband data transmission facilities. Some problems of 
coordination have grown out of methods of cable plant administra
tion ; engineering rules have been written in some cases to account for 
those methods of administration. 

Generally, any type of interference in a digital transmission system 
results in a deterioration of the error rate. This may result in ex
cessive errors in data transmission, an increase in noise in PCM 
speech transmission, or, when framing is affected, a temporary loss 
of service. Interference from one analog system into another is most 
likely to be evidenced by intelligible crosstalk ; interference from a 
digital system to an analog system is most likely to result in excessive 
noise in the disturbed circuits. 

In the past, rules had to cover coordination of a number of carrier 
systems now obsolete, such as the C-, H-, J -, and K-type systems. 
These rules still apply but there are so few of these systems still in 
service that discussion here of these problems is not warranted. 

The N-Type Carrier Systems. When early N-type carrier systems were 
installed, cable splicing methods, called random splicing, were such 
that the integrity of the binder groups was not maintained. As a 
result, most of these cables have limited usefulness for the application 
of Tl Digital Systems and essentially do not coordinate when both 
N- and T-type systems are required. The interference of T-type signals 
into N -type systems is excessive. As a result, the two systems are 
seldom used simultaneously in any cable even where the cables have 
been spliced with binder group integrity maintained. 

Some wideband data signals also coordinate poorly with N-type 
systems. However, in cables where binder group integrity is main
tained, wideband data and N-type systems may be operated simul
taneously provided the systems are segregated in separate binder 
groups. 

The T-Type Dig ital Systems. Coordination of T-type systems is pri
marily a problem of meeting crosstalk requirements between com hi
nations of T -type systems. For the most part, the T -type systems do 
not coordinate well with other systems or circuits such as the N-type 
systems, program circuits, and wideband data circuits. Such circuits 
should be segregated as much as possible from T-type systems. Where 
alternate facilities are not available, special engineering is usually 
necessary to make transmission satisfactory. 
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E ngineering rules specify the manner in which T -type systems may 
be assigned pairs in cables. The rules vary according to type of system, 
type of cable and apparatus case, mode of operation ( i.e., one-cable 
or two-cable ) ,  and other parameters. These rules are designed to 
permit a maximum number of systems to be assigned to a cable within 
the constraints of crosstalk and other interference criteria. 

Centra l Office Cabl ing.  In many cases, the routing of cables through 
central offices is carefully specified in such a manner as to control 
crosstalk between systems and circuits. Separate cables are specified 
for different types of systems and circuits and, in many cases, spacing 
between cables is specified as well. Sometimes the spacing specified 
causes cables to be run in different cable ducts or racks or to be 
routed in different ways through an office. 

Frequency Coordination 

Intrasystem and intersystem interferences can sometimes be re
duced or eliminated by proper selection of carrier frequencies, channel 
bandwidths, and channel placements in the spectrum. In allocating 
frequencies during the design and development of a new analog 
carrier system, guard bands must be provided between channels so 
that the channel signals can be separated by the use of realizable 
filters having finite cutoff characteristics. Often, the allocation process 
can be carried out so that undesirable interferences are made to fall 
into these guard bands. Also, these frequency bands are sometimes 
provided for the transmission of special-purpose signals such as regu
lating pilots or protection switching signals. 

An analogous situation exists in the design and development of a 
digital transmission system. In this case, time slots must be provided 
in the digital pulse stream so that special-purpose signals may be 
transmitted. Functions that are provided include framing, synchroni
zation, error detection and correction, and maintenance and alarm 
indications. This analogy does not apply in any comparison of inter
ference effects. 

The engineering of microwave radio systems and routes always 
involves careful consideration of frequency coordination problems. In 
the design of such systems, frequency allocations and the achievability 
of appropriate band-edge cutoff characteristics must optimize per-
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formance within the system and, simultaneously, must satisfy the 
Rules and Regulations of the Federal Communications Commission 
regarding channel assignments and frequency stability.· 

The layout of radio system routes must satisfy intersystem require
ments. Consideration must also be given to intersystem interferences 
between Bell System radio routes as well as to interferences between 
Bell System and other common carrier routes using the same or 
similar microwave frequencies. 

Such coordination problems tend to be trivial where potential inter
ference is between two systems using widely different frequency bands 
but become most significant where the same frequency bands are 
involved. Such problems have been multiplied since satellite systems 
have come into service because they use the 4- and 6-GHz bands pre
dominantly. Interferences between satellite and terrestrial systems 
must be avoided. The problems become more complex because of the 
wide areas covered by microwave beams in satellite systems. 
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Chapter 27 

Common System Facilities 

In order to function as an integrated network, the many different 
types of transmission systems, with the different circuits and media, 
must be capable of being flexibly interconnected. Each network ele
ment must operate compatibly with all the others in order to provide 
a full range of communications services economically and with satis
factory performance. The requirement for interconnection and 
compatibility makes necessary the availability of many special equip
ment units and creates a need for a number of circuit and equipment 
designs common to a number of systems. 

Among the most important features of the network in respect to 
interconnection and compatibility are the hierarchical structures 
of the analog and digital portions of the multiplex arrangements. The 
resulting relationships among frequency bands in the analog equip
ment and among repetition rates in the digital equipment make pos
sible relatively simple and straightforward translation between multi
plex levels, provide standard interfaces, and facilitate maintenance 
and administration. 

In addition to the need for interconnection, there are a number 
of ways in which systems tie together through the use of common 
equipment. In this category of equipment, the most significant is the 
signal generation and distribution facilities used to synchronize 
analog and digital system operations. Of nearly equal importance is . 
the equipment provided for emergency restoration of service that may 
be required in the event of major route failure. 

705 
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Interconnections between various parts of the facility network may 
take place directly, where full compatibility exists, or through appro
priate interface equipment that may modify signals only slightly or 
may produce significant transformations from one format to another. 
The various types of interconnection equipment may be grouped con
veniently in categories that relate them to the frequency bands or 
to the types of carrier systems involved. There are interconnections 
of voice-frequency circuits, of group, supergroup, and mastergroup 
channels of the frequency division multiplex hierarchy, of digital 
channels transmitting signals at defined repetition rates, and of some 
mixed digital-analog channels. 

Voice-Frequency Interconnections 

Since the largest number of circuits in the telecommunications plant 
are voice-frequency (VF) , the largest number of interconnections 
must also be made at VF. These include VF-to-VF connections and 
connections between VF circuits and the channel banks of analog or 
digital carrier systems. In addition, interconnection points must pro
vide signalling compatibility and adequate maintenance access to 
each circuit. 

Switching Systems. Voice-frequency circuits are interconnected flex
ibly and frequently by the many types of switching systems most of 
which are organized in public or private switched networks or pro
vide Business Communications Systems in the form of PBXs and 
key telephone sets. These interconnections are made in switching 
networks according to the needs of the users as indicated by address 
signals generated by dial or TOUCH-TONE pad operations and ex
tended through the networks by a variety of signalling systems. 

Distributing Frames. There are many types of distributing frames. 
Most are arranged with cable pairs connected to terminals organized 
in vertical rows on one side of the frame and in horizontal rows on 
the other. Connections are made between appropriate pairs of ter
minals by means of j umper wires between the vertical and horizontal 
sides of the frame. 

The most common and most important of these frames is the main 
distributing frame (MDF) . Trunk or loop cable pairs are terminated 
on the vertical side of the MDF and equipment cables are terminated 
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on the horizontal side. The distant ends of the equipment cables are 
connected to line or trunk circuits at switching machines or to other 
types of equipment used in the central office. Jumper wires, called 
cross connections, are used to connect a specific loop or trunk to the 
assigned switching machine termination or other type of equipment. 

Interconnections can be made at the MDF with nearly as much 
flexibility as those made by switching machines. However, the opera
tions are ·extremely slow, by comparison, and the connections are 
semipermanent. Although many of these connections are soldered, 
most are made by wire-wrapping techniques or by high pressure 
causing the terminal device to cut through the insulation of the cross
connect wires. 

Voice-Frequency Patch Bays. Mounting arrangements are provided for 
large numbers of jacks that may be used for test access or for patch
cord connections between voice-frequency circuits. Loops, trunks, and 
special services circuits may be connected to such patch bay facilities 
by cross-connection at the MDF. Some of these patch bay arrange
ments are of standard design but there is a great deal of flexibility 
in the manner in which jack terminations and circuits are associated. 
The patch cord method provides great flexibility in the manner in 
which circuits may be interconnected. 

Faci l ity Term inals.  All the features required to terminate a trans
mission circuit are consolidated in a facility terminal [ 1 ] . Plug-in 
units which provide the needed transmission and signalling functions 
are mounted in standard shelf or bay arrangements. In addition to 
providing these functions for circuits operating exclusively at voice
frequencies, facility terminal designs provide interface functions 
between voice-frequency and analog or digital carrier systems. Thus, 
they may be regarded as another type of equipment designed for 
interconnecting voice-frequency loops, trunks, and special services 
circuits. 

Analog Carrier Systems 

The principal analog carrier systems currently in service include 
the N-family ( utilizing wire cable pairs) , the L-family ( designed for 
operation over coaxial cables) ,  and microwave radio systems. The 
N -type systems utilize multiplexing equipment designed specifically 
for them. All of the other systems utilize equipment based on the 
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group, supergroup, and mastergroup frequency assignments of the 
frequency division multiplex ( FDM ) hierarchy. 

In order to satisfy service requirements along maj or coaxial cable 
and microwave radio routes, blocks of channels must be dropped, 
blocked, and added in many combinations. These functions, collectively 
called branching, are fulfilled by various combinations of filters which 
pass or suppress those portions of the spectrum involved. 

Where transmission systems are interconnected, the signals of all 
circuits of one system could be demultiplexed to voice frequency and 
then reassembled for transmission over the other route or system. 
Such interconnections are sometimes necessary especially for special 
services circuits. However, they are unacceptably · complex and ex
pensive in many situations. Thus, connecting arrangements are pro
vided at group, supergroup, and mastergroup levels of the hierarchy 
in the form of equipment units called connectors. Another unit, called 
the N3-to-L j unction, allows interconnections to be made between 
N3 systems and the group band of the FDM hierarchy. 

Interconnection of the communications networks of the Bell System 
and foreign countries is accomplished to a large extent by undersea 
cable systems. At points where these systems terminate in North 
America, a number of interface and interconnection problems must 
be resolved at the terminating stations. 

B ranching.  Broadband transmission systems, especially those that 
carry long-haul circuits, must be equipped with facilities that permit 
dropping, blocking, and adding circuits in a flexible manner along the 
route. These branching functions can be fulfilled by using multiplex 
equipment and the various types of connectors but, for very large 
systems, they can be realized more economically by the use of various 
combinations of high-pass and low-pass filters. Branching arrange
ments of this type are accomplished primarily at the mastergroup 
and multimastergroup levels in the FDM hierarchy. 

The most comprehensive mastergroup branching arrangements are 
those developed for the 6-mastergroup L4 Coaxial System [2] . In L4, 
any combination of contiguous mastergroups may be blocked or passed 
by the application of appropriate combinations of high-pass and low
pass branching filters. These are used at main stations where multi
plex equipment may be conveniently located to complete the addition 
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and/or deletion of mastergroups from the high-frequency line. These 
arrangements also include facilities for blocking, inserting, or passing 
line pilot signals as required. 

Similar arrangements have been designed for j umbogroup signal 
administration in an L5 Coaxial System [3] . These facilities may be 
combined with L4 mastergroup branching filters to provide flexible 
mastergroup arrangements for L5 systems. The L4 filters are also 
used for branching in some long-haul microwave radio systems. 

Con nectors. Blocks of 12, 60, and 600 channels, corresponding to the 
group, supergroup, and mastergroup levels of the FDM hierarchy, 
a:r:e conveniently administered in providing trunks and special services 
circuits between communities of different sizes and different traffic 
flow patterns. Such administrative flexibility is provided by the use 
of connectors which permit various kinds of system interconnection 
in an efficient and economic manner. 

Group Connectors. The principal function of a connector is to pro
vide an undistorted passband for the desired signal and to provide 
high attenuation to all signals outside the passband. A typical loss 
characteristic of a group connector is shown in Figure 27-1. Note 
that the inband ( 60 to 108 kHz) transmission characteristic is flat 
within ± 0.2 dB and that out-of-band signals are attenuated relative 
to the passband by at least 85 dB. A separate connector must be used 
for each direction of transmission. 

In some applications, group connectors must also fulfill a number 
of optional functions that depend on the signals to be transmitted and 
on the requirements for the particular application. These include ad
j ustment of transmission loss or gain to achieve the required trans
mission level points, equalization of delay distortion caused by the 
sharp filter cutoff characteristics, and the suppression ( or nons up
pression) of pilot signals associated with the channel group. In some 
cases, these optional features are built into the group connectors ; in 
other cases, the options are provided by ancillary equipment connected 
in tandem with the connector. Among older systems, group connectors 
have been used to interconnect group bands of J- and K-type systems 
as well as the more modern L-multiplex equipment. 

Group connectors cannot be used indiscriminately. If delay equali
zation is not provided, the inband delay distortion is excessive and 
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Figure 27-1 . Typical group connector loss characteristic. 

wideband data signals cannot be transmitted. Even with gain and 
delay equalization, accumulated distortion imposes a limit on the 
number of connectors that may be used in tandem. 

Supergroup Connector·s. The principal function of these connectors 
is to pass signals in the band from 312 to 552 kHz ( five 12-channel 
groups) with minimum distortion and to suppress all signals outside 
that band. The 60-channel supergroup is often convenient to ad
minister as a single block between remote metropolitan areas. Thus, 
many system interconnections are made by means of supergroup 
connectors. Figure 27-2 illustrates a typical supergroup connector loss 
characteristic. 

The passband is flat to ± 0.2 dB and all signals at frequencies out
side the band are attenuated by at least 90 dB. Special precautions 
were taken in the design to suppress signal energy at 308 and 556 kHz 
to make these frequencies suitable for pilot signal transmission. A 
separate connector must be used for each direction of transmission. 
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An optional delay equalizer is available for wideband data trans
mission. The supergroup connector also contains an adj ustable equal
izer to compensate the dominant attenuation/frequency distortion 
characteristic of the previous supergroup section ; as many as four 
connectors may be operated in tandem. 

Master group Connectors. The provision of interconnecting capa
bility for analog mastergroup bands ( 600 channels )  is made complex 
because of the necessity for interconnecting various combinations of 
mastergroup translator ( MGT) and mastergroup multiplex ( MMX-1  
and MMX-2 ) equipment. As  a result, there are four different types of 
mastergroup connectors. One is used to connect lVIMX-1 to MMX-1 
equipment ; one connects MMX-2 to MMX-2 ; one interconnects MMX-1 
and MMX-2 multiplex units. The fourth is  a passive connector ( no 
gain elements) that is used in certain situations to interconnect MGT 
and MMX or other MGT units. 
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In all cases, the basic function of the connector is to pass all fre
quencies between 564 and 3084 kHz and to suppress signals at all 
frequencies outside that band. Equalizers are provided to correct de
viations in the attenuation/frequency characteristic caused by the 
bandpass filter and by office cables used for connections between the 
connectors and the mastergroup multiplex equipment. Other features 
and functions vary from connector type to connector type. 

The unit used for MMX-1 to MMX-1 connections provides a one
way transmission path for the mastergroup band. Thus, two con
nectors must be used at each interconnection point. Where necessary, 
narrow band-elimination filters may be installed in the connector to 
suppress pilot signals ; the frequencies- of these signals vary with 
the type of system involved. Optional connections are also provided 
so that, where needed, a supergroup connector can be used in parallel 
to pass the low-end combined spectrum of one supergroup and one 
mastergroup in L3 coaxial or TH-1 microwave radio system intercon
nection. Adj ustable gain is available to help establish the proper 
transmission level points. A parallel output port facilitates external 
connections that may be required for surveillance or broadband 
restoration access. 

The unit normally used to interconnect MMX-2 mastergroups is a 
two-way connector that provides adj ustable gain in order to achieve 
the proper transmission level points. It includes narrow band
elimination filters to suppress the 2840-kHz mastergroup pilots in the 
two directions of transmission. Where required, such pilots must be 
reinserted for use in the circuit after the connector. Jacks are pro
vided at the input and output in each direction of transmission to 
permit a spare connector to be temporarily connected in the circuit 
when maintenance must be performed on the working unit. 

The third type of mastergrqup connector, used to interconnect 
MMX-1 and MMX-2 multiplex units, provides two directions of trans
mission in one unit. In one direction, a receiving MMX-1 multiplex 
unit is connected to a transmitting MMX-2 unit and in the other 
direction, a receiving MMX-2 unit is connected to a transmitting 
MMX-1 unit. Narrow band-elimination filters are used optionally to 
suppress unwanted pilot signals in the two directions of transmission. 
Each path contains an adjustable attenuator and amplifier used to 
establish desired transmission level points. Although maintenance 
j acks are provided in regular working connectors, they are not pro-
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vided in connectors of this type used for connections to a restoration 
patch bay. 

The passive mastergroup connector permits two-way interconnec
tion between mastergroup translators, MGT-A and MGT-B, or be
tween these translators and any other mastergroup multiplex facility. 
The passive connector includes filters to suppress the 2840-kHz 
mastergroup pilot signals and energy outside the mastergroup pass
band. A variable attenuator is provided to adj ust the transmission 
level point to the desired value. 

The N3-L J unction. Inherent incompatibilities between N3 and 
L-multiplex systems must be resolved if these systems are to be inter
connected at group frequencies . These incompatabilit ies are resolved 
by use of the N3-L j unction, a transmission arrangement that takes 
into account the differences in group-band frequencies, transmitted 
carriers versus low-amplitude pilots, and compandored versus non
compandored speech-channel operation. Thus, group-band intercon
nection is implemented by means which are less expensive and more 
efficient than if all circuits were demodulated to voicefrequencies for 
interconnection. 

System Incompatibilities. The basic group in the L-multiplex 
hierarchy consists of 12 4-kHz channels in a single-sideband format 
which occupy the frequency band between 60 and 108 kHz. In addition, 
a low-amplitude pilot signal is transmitted at 104.08 kHz for use in 
regulating the gain of the receiving terminal and as an alarm 
initiator. 

The N3 carrier signal consists of two 12-channel groups of single
sideband channels occupying either the band between 36 and 132 kHz 
or the band between 172 and 268 kHz. Within the N3 terminals, the 
two groups are derived from 12-channel groups occupying the band 
from 148 to 196 kHz. In addition, the N-carrier line signal includes 
12 high-amplitude single-frequency carrier signals that are used for 
l ine regulation, channel regulation, frequency correction, and demodu
lation at the receiving terminal. If transmitted over facilities using 
L-type multiplex, these carrier signals could cause overload and inter
ference problems. Thus, they must be attenuated for transmission 
over the L-equipped facility and then must be enhanced to their proper 
amplitudes for further transmission over N -type facilities. 
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Compandors are used in all N-type systems. Thus, the amplitude 
range of signals in each voice channel is compressed for line trans
mission and restored to its normal range by expansion at the receiving 
terminal. The adj ustment of transmission level points must be pro
vided in N3-L j unction design so that the compressed signals from an 
N -type system cannot create overload in the system utilizing the 
L-multiplex. Several varieties of N3-L j unctions are provided ; the 
use of each depends on its location in a composite system. 

Since some incompatibilities cannot be overcome economically, 
N3-to-L interconnections cannot be made universally. For example, 
the N3-L j unction cannot be used with group No. 1 of any L-multiplex 
supergroup. A 152-kHz carrier, used in N3 and partially suppressed 
for transmission over facilities using L-multiplex equipment, falls at 
104 kHz in the L-multiplex group band. When the group band is 
translated to the group 1 position in the supergroup band, this carrier 
falls at 316 kHz, only 80 Hz from the 315.92-kHz supergroup pilot. 
These two signals then cause an intolerable mutual interference prob
lem. For somewhat similar reasons, group No. 2 of certain L-multiplex 
supergroups cannot be used with N3-L j unction arrangements. Care 
must also be taken in using partially equipped N3-L j unction arrange
ments so that adequate carrier power is supplied for N -carrier line 
extensions. 

Junction Types. The N3-L j unctions are designated as types A, B, 
and C. The A-type j unction provides a direct translation between 
N-type line signals and L-type group signals. The B-type j unction is 
used to terminate two 12-channel N3 groups that have been formed 
into two L-multiplex groups. The line side of this j unction is made 
up of two L-type channel groups and the drop side consists of 
24 voice-frequency channels. The C-type j unction is an arrangement 
for terminating one 12-channel group of a composite system and 
extending the second group over L-type facilities. Typical appl ications 
of these three j unction types are shown in Figure 27-3. 

Junction Functions. All types of N3-L j unctions utilize many stan
dard N3 equipment units and also use many j unction units in common. 
In addition, standard L-multiplex group connectors are used in many 
of the N3-L interconnection arrangements in order to guarantee the 
suppression of any out-of-band energy that might produce interfer
ences in the connecting system. 
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Figure 27-3. Some typical arrangements of N3-L junctions. 
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In an A-type j unction unit, the principal functions are most con
veniently described in terms of the two directions of transmission. In 
transmission from N3 to L, the 24-channel N3 signal is first separated 
into two 12-channel groups. Standard N3 frequency correction is then 
applied to each group to correct any shift in frequency that may have 
occurred in the N -carrier l ine. These channel-group signals are passed 
through alarm, squelch, and restoral circuits. The squelch function is  
provided to prevent overload of the L-type facil ities in the event of 
failure of the N -carrier line. The carrier signals normally present in 
an N3 signal are attenuated by 15  dB relative to the speech channel 
signals and the amplitude of the entire group signal is adj usted down
ward by 8.5 dB to account for the higher average volume in the com
pressed N3 signals. The two channel-group signals, each occupying 
the band from 148 to 196 kHz, are finally translated into the 60 to 
108 kHz band for transmission over two L-multiplex groups. 

In the opposite direction of transmission, inverse processes are 
carried out. The basic group signals are translated from the 60 to 
108 kHz band to the 148 to 196 kHz band. The N3 carrier signals are 
amplified by 15 dB ; these carriers and the sideband signals are then 
adj usted to the proper N -carrier transmission level points. The two 
groups are then translated and combined to form an N -carrier line 
signal. 

The B-typc junction utilizes N3 terminal equipment, modified to 
operate on the reduced carrier power, to translate the 24 VF channels 
to and from the N -carrier operating frequencies. It uses A-type j unc
tion equipment to translate two 12-channel N-type groups into two 
basic L-multiplex groups. The N3 carrier signals are attenuated and, 
since compandors are used in N3, signal amplitudes are adj usted for 
use in L-multiplex. Thus, the distant end of the L-multiplex system 
can be connected to an N-carrier line through an A-type j unction as 
shown in Figure 27-3 ( a ) . 

The C-type junction is essentially made up of one-half of a standard 
N3 terminal and one-half of an A-type j unction. This arrangement 
permits flex ibil ity in interconnecting N3 and L systems as depicted 
in Figure 27-3 (c) . 

Distributing Frames. The complexities and the dynamic nature of 
circuit administration have led to the development and use of distri
buting frames for interconnecting basic groups, supergroups, and 

TCI Library: www.telephonecollectors.info



Chap. 27 Common System Facil ities 7 1 7  

mastergroups. Their use reduces the intervals and costs of engi neer
ing and implementing plant additions and changes. 

Group and Supergroup Distributing Frames. Two vintages of 
group and supergroup distributing frames ( GDF and SGDF) are in 
use. The older versions consist of terminal blocks ( GDF) and panels 
equipped with individual, miniature, coaxial fittings ( SGDF) to which 
are connected cables from channel banks, group connectors, group 
banks, supergroup connectors , and other group band 

·
and super

group band equipment. Cross-connection panels may be bay-mounted 
or contained in a cabinet. The number of circuits that can be accom
modated is sometimes limited by the cabling density. The maximum 
number of one-way cross-connections that can be made is 1260 in the 
GDF equipment and 500 in the SGDF equipment. The GDF cross
connections are made at the front of the panels with unshielded pairs 
that are wire-wrapped to the terminals. These arrangements some
times result in difficulties with circuit identification when changes are 
to be made, especially in GDFs that are loaded to near capacity. In the 
SGDF, cross-connections are made with miniature coaxial cable with 
a snap-on connector at each end. 

The new designs of GDF and SGDF, introduced with the LMX-3 
multiplex equipment, also consist of individual panels that can be 
conveniently mounted in cabinets. Cabling density limits the number 
of circuits that can be accommodated to a maximum of 1000 one-way 
group cross-connections or 500 supergroup cross-connections. Color 
coding and alphanumeric designations are used to identify terminals 
and cross-connections. The GDF cross-connections are made by means 
of shielded pairs terminated in small connectors that plug into the 
cross-connect frame sockets. In the SGDF, miniature coaxial cable 
is used with snap-on connectors. Connector sockets are multipled in 
pairs to permit in-service rearrangements. Transmission level points 
are standardized to permit flexible interconnection of group and 
supergroup facilities. 

Mastergroup Distributing Frames. Centralized cross-connect ar
rangements for basic mastergroup facilities ( LMX, MMX, master
group translators, mastergroup connectors, and single mastergroup 
wire-l ine entran ce links) are provided by the mastergroup distri
buting frame ( MGDF) . This equipment also provides access for other 
functions such as basic mastergroup restoration and maintenance by 
the Carrier Transmission Maintenance System. Cross-connections are 
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made by means of miniature coaxial cables with standard coaxial 
plugs at each end. All connecting points are multipled so that in
service reassignments can be performed. Cable loss and slope equal
izers are included for all line-side connections. A separate panel may 
be used with the cross-connect frame to terminate restoration trunks 
and other types of restoration equipment. Typically, an MGDF can 
provide cross-connections for a maximum of 85 one-way mastergroups. 

U ndersea Cable System I n terconnections. International communications 
by undersea cable circuits is administered from a number of gateway 

cities insofar as traffic flow is concerned. These gateways are at 
Denver, Col., Jacksonvil le, Fla., New York, N. Y., Oakland, Cal . ,  
Pittsburg, Pa. ,  and White Plains, N. Y. 

A distinguishing characteristic of undersea cable systems is that 
they utilize 3-kHz voice channels instead of the 4-kHz channels that 
are otherwise standard. Facil ities carrying a mixture of 3-kHz and 
4-kHz channels would produce undesirable intermodulation products 
and other interferences. Therefore, all undersea cable VF channels 
are transformed to 4-kHz channels at the first central office location 
encountered in the United States. 

Dig ita l Systems 

Although analog transmission technology has matured and still 
forms the basis for much of the facility network, digital techniques 
are being introduced rapidly. As new digital transmission and switch
ing systems are added and as new digital services are introduced, pro
vision must be made for the same type of flexibility and interconnec
tion as are provided in the analog portions of the network. 
Presently, the principal interconnection elements of the digital net
work are the multiplex units used to translate signals between the 
various levels of the hierarchy, the DSX-coded cross-connect frames, 
and various interface units used for the direct interconnection of 
digital transmission and switching systems. These types of equipment 
are all described in Chapter 21.  

Digital-Analog I nterfaces 

The existence of both analog and digital facilities makes necessary 
the development of suitable interfaces that permit interconnection of 
the two types. Most sueh interfaces occur in voice-frequency channels 
in the form of D-type channel banks where VF signals are processed 
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into digital formats for transmission over digital transmission facili
ties. The reverse processes are used to translate digital signals into 
the analog format. 

The use of digital switching systems such as the No. 101 ESS and 
the No. 4 ESS also have made it necessary to process analog signals 
into a digital format so they may be properly switched by time divi
sion methods. These and the inverse functions, similar in many 
respects to those of D-type channel banks, are carried out at the 
switching machine. 

27-2 COMMON SYSTEMS EQUIPMENT 

The coordination of the numerous analog and digital systems now 
in service is satisfied in several respects by the use of common equip
ment and facilities. The most important of these common facilities 
are those relating to synchronization, pilot signal generation, and 
restoration. 

Synchronization 

The frequencies of control and operating signals (such as pilots 
and carriers) used in frequency division multiplex equipment must 
be precise and stable. If they are not, serious transmission impair
ment may result. For example, an offset in frequency of as little as 
2 Hz causes an undesirable distortion of program signals [ 4] . In 
some cases, signals might drift out of the passband of a filter and 
signal components may be significantly attenuated. There is an 
equally urgent need for accurate and stable timing signals for digital 
transmission and switching systems. 

In the United States, the needs for such accurate frequency and 
timing signals are filled by the Bell System Reference Frequency 
Standard (BSRFS ) and a nationwide network of facilities and equip
ment called the Bell System Carrier Synchronization Network [5] . In 
addition to the stringent requirements on accuracy and stability, the 
BSRFS and the distribution network must be highly reliable. 

Carrier Synchron ization Network. The nationwide distribution of syn
chronization signals is over a tree-like network with many branching 
points and with no closed loops. The center of the BSRFS network 
is located in an underground station on an L5 Coaxial Carrier System 
route at Hillsboro, Missouri. Coaxial and microwave radio facilities 
are used to carry reference frequency signals from the BSRFS to 
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regional synchronization centers scattered conveniently throughout 
the country. Regional frequency supplies ( RFS ) are located at the 
regional centers. The RFSs are highly stable and accurate s ignal 
generators that are quasi-frequency locked to the signal received from 
the BSRFS. The quasi-frequency lock technique provides buffering 
from incoming hits, for example due to line switching, and thus pre
vents distribution of hit effects throughout the reference frequency 
network. The RFSs provide frequencies used directly or indirectly by 
every central office in the region that requires synchronizing signals 
for proper operation. These offices are generally equipped with pri
mary frequency supplies ( PFS) whose signal frequencies are syn
chronized to the incoming signal. 

Two frequencies are generally used for transmission from the 
BSRFS to th� RFS locations, 2.048 MHz and 20.480 MHz. These fre
quencies were chosen so that they would fall in guard bands in the 
commonly-used frequency spectra of broadband analog transmission 
systems. The 20.48-MHz signal is used for transmission over 1..5 
Coaxial Carrier Systems and the 2.048 MHz signal is transmitted 
over L1, L3, L4, and L5E Coaxial Carrier Systems and over most 
microwave systems. A two-frequency synchronizing signal is to be 
used with the new AR6A Microwave Radio System. Reference fre
quency signals are to be transmitted at 1 1 .200 and 1 1 .264 MHz. Due 
to transmission system characteristics, the frequencies of these signals 
may drift somewhat but it is expected that they drift al ike and the 
difference frequency (originally derived from an RFS signal ) is  
expected to remain constant at 64 kHz. 

Regional frequency supplies have output signals at 64 and 512 kHz 
which are used for distribution of frequency control signals to central 
offices within the region. These synchronizing signals may be trans
mitted independently over coaxial or microwave facilities to central 
offices within the region or they may be used simultaneously as line 
pilots in the systems over which they are transmitted. Within 
each region, these signals (or one at 308 kHz) are extended through
out the region for synchronization of the more remote offices. 

Reference and Synchronizing Frequency Signal Generators. A number of 
types of signal generators are used in the various locations of the 
synchronizing network. These are controlled in various ways to serve 
somewhat different purposes. All signals are controlled to extremely 
close tolerances and all are made reliable by design and by the provi
sion of automatic protection switching among signal generators. 
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Bell System Reference Frequency Standard. The BSRFS consists 
of three cesium frequency standards and associated monitoring, alarm, 
and switching equipment [6] . As shown in Figure 27-4, the A or 
B cesium standard generates the desired 2.048 and 20.480 MHz 
signals and supplies them to distribution buses. The C cesium stan
dard is used as a reference source for frequency monitoring circuits. 
The frequency offset among the three standards is normally less than 
one part in 101 1 •  The two reference signals are dedicated for reference 
frequency purposes and must be transmitted without modulation 
throughout the reference frequency network. 

A failure of output power or a frequency offset of more than eight 
parts in 10 1 1  between the in-service (A or B )  standard and the idle 
(A or B) standard or between the in-service standard and the C ref
erence standard causes a switch to the idle standard. A failure of the 
idle standard or of the C standard causes the switching function to 
be inhibited until the defective unit is replaced. If a second standard 
fails while one is already out of service, the BSRFS is automatically 
disconnected from the reference frequency network since the accuracy 
of the remaining unit cannot be determined. 

Regional Frequency Supply. Where regional frequency supply loca
tions are L5 coaxial system main stations, the regional frequency 
supplies are j umbogroup frequency supplies (JFS) which supply ref
erence frequencies for the j umbogroup multiplex equipment [7] . 
Where the location is not an L5 main station, a regional frequency 
supply equivalent to a JFS is used. Distribution within a region is 
over coaxial cable or microwave radio facilities. 

Should the incoming reference signal fai l  for any reason, the 
JFS runs free and the RFS continues to supply synchronization sig
nals to that regional network. The frequency stability of the JFS 
without an input reference signal is such that synchronization signal 
degradation should not occur for several weeks. Thus, the JFS acts 
as a buffer to protect the region from phase and other discontinuities. 

Primary Frequency Supplies. Although there are several vintages 
of PFS in service, the version commonly used is known as the PFS-2B. 
This unit operates on the basis of internal 1024-kHz crystal oscillators 
which are phase-locked to a 64- or 512-kHz synchronizing signal 
received from the l ine. 
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Primary frequency supplies transmit 64-, 308-, and 512-kHz syn
chronizing signals within a regional synchronizing network. These 
units may be operated as a master, submaster, or controlled PFS. The 
master PFSs synchronized submaster PFSs which, in turn, are used to 
synchronize controlled PFSs. Within a region, no more than four 
signal regeneration points are used. 

Most offices containing PFSs are equipped with redundant units 
and protection switching arrangements to provide the necessary re
l iability and to allow maintenance to be performed without affecting 
service [8] . 

Office Master  Frequency Supply. The frequency accuracy requirements 
of FDM equipment used with the AR6A Microwave Radio System are 
met by using an office master frequency supply ( OMFS ) . This unit 
is quasi-frequency locked with an incoming 2.048-MHz reference 
signal and the frequency offset is normally less than five parts in 1010• 
As i n  the JFS, the quasi-frequency lock provides buffering against 
hits on the incoming reference signal. Output frequencies of the 
OMFS, 64 and 512 kHz, are derived in redundant generators and 
distributed over two independent bus systems. 

In addition to the synchronization of AR6A FDM carrier and pilot 
supplies, the OMFS is used as the office reference for all PFSs and 
for 64- or 5 12-kHz line pilot supplies in the office. It may also be used 
in offices without AR6A or JFS/RFS equipment to extend the refer
ence frequency network regionally. 

Pi lot and Carrier Supplies 

In most systems, pilot and carrier supplies are designed as harmonic 
generators or crystal-controlled phase-locked oscillators. Designs and 
applications vary considerably but in most cases the supplies may 
feed more than one system or more than one piece of equipment to 
make the system costs as low as possible. 

Usually, large numbers of circuits can b€ affected by carrier or pilot 
supply fai lure. Therefore, there is considerable emphasis on relia
bility ; most carrier and pilot supply arrangements include redundancy 
and some form of automatic protection switching. 

In order to achieve benefits of economy and consistency of opera
tion and administration, there has been some effort to uti lize the same 
regulating pilot frequencies in new system designs wherever possible. 
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Thus, the 64-kHz pilot frequency is used in Ll coaxial systems and 
in most radio systems. The 308-kHz pilot is used in L3 coaxial 
systems and in early TH-1 microwave systems. The 2064-kHz 
and 3096-kHz pilots are used in both Ll and L3 systems. All master
group multiplex arrangements that include regulation util ize a 
2840-kHz pilot. In the lower multiplex levels, 104.08 kHz is used as 
a group pilot ; the same frequency is translated to 315.92 kHz to be 
used as a supergroup regulating pilot. 

The 512-kHz synchronizing signal, used in the synchronization net
work previously described, serves a dual purpose in the L4 Coaxial 
Carrier System. In addition to providing a synchronizing signal for 
the multiplex equipment, it provides a regulating pilot for the L4 line. 
It is also used as a line and synchronization pilot on radio channels 
carrying lA-RDS signals. 

A unique signal is used to provide continuity information needed in 
broadband restoration procedures. This signal is transmitted at 
560 kHz. It is pulsed on and off at a one-second rate to make it easy to 
identify. Measuring equipment, used to identify this signal , is also 
capable of giving a qualitative evaluation of the val idity of the 
restoration path and of the failed path after repair. 

Restoration 

Most of the equipment and facilities used to restore service that 
has been lost due to a maj or route failure consist of protection lines 
on other routes that have not been affected by the fai lure. Restoration 
procedures involve the use of such facilities by direct interconnection 
when the failed and restoration facilities are of the same type. Where 
the facilities are incompatible, the failed systems are often connected 
to maintenance mastergroup equipment ; the signals are demultiplexed 
and restored mastergroup-by-mastergroup to the extent possible. 

To facilitate these procedures a restoration patch bay is generally 
provided. All working systems and mastergroups are brought into 
this bay by restoration trunks which are terminated in jacks on the 
front of the patch bay. Protection l ines and maintenance multiplex 
equipment are also trunked into this  bay. The restoration trunks are 
equalized and proper TLPs are established at the bay. In both pro
tection and working lines, the trunks are wired from dual, parallel 
jacks at the equipment units. Thus, service is not carried through the 
patch bay except when restoration patches are established. 
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Absorption, microwave rain, 5 1  
Access arrangement, data, 141 
Access facilities, data, 134 
Adaptive equalizer, 145, 149, 272 
Adding, channel, 708 
Add-on channel, 81 
Administration 

line, 339 
main station, 338 

Aircraft services, 517 
Alarm 

carrier failure, 651 
carrier frequency, 254 
carrier group, 253, 275, 3 1 0, 547 ,  651 
polling, 343 
red, 650, 651 
yellow, 650, 651 

Alternate use panel, LW A - 1 ,  1 6:� 
Amplifiers, 227-type, 1 1 4 
Analog carrier systems,  4 

coaxial, 317 
short-haul, 277 

Analog facility terminal, 1 2 1  
Analog interface, data station, 1 43 
Analog loop-back testing, 151 
Analog transmission system mainte-

nance, 645 
Analyzer, spectrum, 684 
Answering systems, telephone, 205, 2 18 
Antenna 

delay loss, 56 
diversity, 419 
gain, 48 
horn-reflector, 53, 55,  356, 447, 472 
microwave, 53 
mobile radio, 59 
parabolic, 53, 54, 356 

Armorless cable , 347 
Artificial cable kit, 682 
Atmosphere, standard, 381 
Attendant facilities, PBX, 214  
Attenuation, rain, 355 
Automatic call distributors, 205, 217 
Automatic Identification of Outward 

Dialing, 2 1 3  

726 

Automatic line build-out circuit, 608 
Automatic l ine build-out networks, 594t 

602 
Auxi1 iary channel, 462, 468, 470, 472 

Back-to-hack coupling loss, 53 
Balance testing, 680 
Banks 

analog channel, 226 
digital channel, 569 
group, 229 
supergroup, 229 

Baseband entrance link, 365 
Baseband repeaters, 358, 429, 439 
Baseline wander, 535, 544, 564 
Basic group, 6, 224 
Basic jumbogroup, 224 
Basic mastergroup, 224 
Basic repeater, 330 
Basic supergroup, 224 
Battery, 274 

feed circuit, 189, 210  
noise, 201 
voltage, 202 

Beam bending, 381 
BELLBOY service, 512 
Bell System Reference Frequency 

Standard, 249, 719, 721 
Belltap, 94 
Bifilar winding, 36 
Bipolar violations, 168 
Bit error rate, 139 
Blind switching, 358, 419 
Block error rate, 1 39 
Blocking, 708 

earth, 392 
Blue signal, 650 
Branching, 708 
Breakdown, high-voltage, 319 
Breaking, FM, 369 
Break-in, echo suppressor, 128 
Bridge lifter, 78 
Broadband restoration, 323 
Broadcasting satellite service, 478 
Building construction, telephone, 21 
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Build-out 
automatic line, 594, 602 
capacitor, 38 
lattice, 38 
line, 270, 592 

Business communications systems, 204 

Cable 
armorless, 34 7 
coaxial, 44 
core, 28 
low-capacitance, 604 
metropolitan area trunk, 33, 59 1 ,  

596, 602 
pair-twist, 35, 43 
pitch, 35 
quad-twist, 43 
screened, 591 
testing, 656 
toll,  40 
unit, 28 

Cable kit, artifical, 682 
Cable laying, undersea, 349 
Cable systems, undersea, 317 
CALL DIRECTOR telephone set, 206 
Call distributors, automatic, 205, 217 
Calling and safety channels, 517 
Call  sequencing, 196 
Carrier 

failure alarm, 646, 651 
frequency alarm, 254 
frequency oscillator, 685, 686 
group alarm, 253, 275, 310, 547, 651 
spreading, 619 
supplies, 723 
synchronization network, 720 

Center, television operating, 199 
Channel 

add-on, 81 
capacity, microwave ::;yst.em, 372 
group, N3 carrier, 3 1 2  
networks, 450, 464, 472 
Rervice unit, 1 67 

Channel bank, 226 
digital, 569 
pulse trains, 571 

Channel unit, 570 
office, 169 
0-type, 280 

Index 

Characteristic impedance,  319 
Choke coils, longitudinal, 698 
Circuit 

automatic line build-out, 608 
battery feed, 189, 210 
coupling, 202 
junctor, 189, 192 
l ine, 184 
transcontinental, 3 
trunk, 185 

Coastal harbor service, 516  
Coaxial cable, 44  

crosstalk, 46 
unit, 318 

Coaxial carrier systems, 317 
L5, 326 
repeater designs, 328 
system conversion, 325 
systems engineering, 318 

Codec, 550 
Coding, 530, 536 

sliding index, 164 
transition, 164 

727 

Common carrier supply, N3-carrier, 
315  

Common control switching system, 181  
Communications for maintenance, 663 
Communications Satellite Corporation, 

496 
Communications Systems, Business, 

204 
Companding, 526 
Compandors, 267 
Compensator, impedance,  1 08 
Comsat, 496 
Comstar, 485, 486, 500 
Concentrators, line, 80 
Connectors 

digroup, 618 
group, 709 
mastergroup, 712 
supergroup, 710 
trunk, 6 18 

Constants 
primary, 32 
secondary, 32 

Contact noise, 201 
Continuity of service, 356 
Convergence, 387 
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Conversion, Coaxial System, 325 
Coordination, 696 

data loop, 700 
frequency, 489, 703 
inductive, 697 
intersystem, 701 
transmission level point, 699 

Core, cable, 28 
Corona, 319 
Corrosion, electrolytic, 31 
Counter, impulse, 678 
Coupling, 696, 697 

circuits, 202 
ringer, 97 

Coupling loss 
back-to-hack, 53 
side-to-side, 53 

Crossband diversity switching, 400, 401 
Crossbar switching system, 1 8 1  
Cross-connect facilities, N -carrier, 301 
Cross-connect frames, 652 
Cross ring, 94 
Crosstalk, 201 , 538 

coaxial cable, 46 
coupling, 35 

Customer premises facility terminal, 
121 

Data 
access arrangement, 1 4 1  
access facilities, 134 
auxiliary set, 141,  155 
banks, 165 
communications for maintenance, 

664 
loop coordination, 700 
loop, wideband, 1 57 
modems, 162 
scrambler, 147, 150 
service unit, 1 67 
service, voiceband, 1 4 1  
System, Digital , 166 
technical support, 14  0 
terminal, N2WT-J , 1 63 
test set, 690, 691 ,  692 
under voice, 364 

DATA-PHONE data sets, 1 42 
DATA-PHONE digital service, 166 

Data set 
303-type, 154 
404-type voiceband, 155 
DATA-PHONE, 142 
DATA-PHONE types, 144 
equalizers, 149 
holdover option, 146 
new sync option, 146 
timing, 149 
training sequence,  145 
training interval, 146 

Data signal 
descrambler, 157 
processing, 532 
scrambler, 156 

Data station 
303-type, 154 
analog interface, 143 
digital interface, 142 
wideband, 154 

DATEC, 140 
Decoding, 535 
De-emphasis, 365 
Delay distortion, 140 
Delay-lens antenna, 56 
Delay measurement, 670 
Delay measuring set, gain and, 688 
Delta modulation, 532 
Demultiplexing, 535 
Descrambler, data signal, 1 57 
DESIGN LINE telephone, 93 
Design number, 600, 605 
Detector, 670 

error, 689 
selective, 687 

Deviation 
equalizer, 271 
shifter, 444 

Dial 
control, 179 
long line unit, 75 
long trunk unit, 75 
PBXs, 211 

Differential circuit, echo suppressor, 
128 

Differential pulse code modulation, 531  
Diffraction, 386 

knife-edge, 387 
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Digital 
D ata System, 166, 613 
facility terminal, 121  
interface, data station, 142  
loop-back testing, 151  
l ine signals, 534 
mastergroup, 550 
multiplex hierarchy, 525 
multiplex units, 549 
service, DATA-PHONE, 166 
signal characteristics, 564 
s ignals, types of, 138 
system interconnection, 718 
system maintenance, 547 
transmission system maintenance, 

650 
Digital-analog interface, 719 
Digital channel banks, 569 

D 1 ,  571 
D1B,  578 
D 1 C, 579 
D1D,  579 
D2, 581 
D3, 583 
D4, 584 

Digital signal numbers, 549 
DS1 ,  552, 567 
DS 1C, 553, 567 
DS2, 556, 567 
DS3, 558, 567 
DS4, 561 , 568 

Digroup, 552, 583 
connector, 618 
terminals, 198 

Dimension PBX, 212 
Direct formed supergroup, 229 
D irect inward dialing, 213 
Direct outward dialing, 213 
Direct wiring, 179 
Disabler 

echo suppressor, 1 32 
repeater, 1 09 

Distortion 
delay, 140 
pulse, 537 
telegraph, 1 38 

Distributing frame 
group, 233, 717 
main,  1 78, 706 

Index 

Distributing frame ( cont) 
mastergroup, 233, 717 
supergroup, 233, 717 

Diversity antenna, 419 

729 

Domestic public land mobile service, 
504 

Double-spin stabilization, 482 
Downlink transmission, 484, 497 
Downstream, 650 
Drainage reactor, 699 
Dropping, 708 
Ducting, 382 
DUV, 364 

Earth blocking, 392 
Earth station, 478, 495, 498 
Echo, 541 
Echo suppressor, 502 

break-in, 128 
differential circuit, 128 
disabler, 132 
enabler, 132 
full, 126, 128 
sensitivity, 126 
split, 126 
types, 129 

Efficiencies, station set, 91 
Elastic store, 565,  613 
Electrolytic corrosion, 31 
Electronic switching system, 182 
Electronic Industries Association, 142 
End section, 40 
Engineering 

coaxial route, 324 
coaxial systems, 318 
microwave system, 371 

Entrance facilities, 362 
Entrance link 

baseband, 365 
intermediate frequency, 367 
switching, 421 
wire-line, 364 

Envelope delay distortion measure
ment, 670, 672 

Equalization, 268, 339, 542 
N1 line, 294 
N2 line, 300 
pre- and post-, 27 4 
strategy, 272 
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E qualization ( cont) 

wideband loop, 160 
Equalizer 

359-type, 115 
adaptive, 145, 149, 272 
adjustment, 647 
data set, 149 
deviation, 271 
fixed, 270 
tapped delay line, 149 
variable, 271 

Equalizing repeater, 334 

Index 

Equivalent four-wire N-carrier, 302 
Equivalent four-wire transmission, 348 
Equivalent isotropic radiated power, 

487, 495 
Error detection, 689 
Error rate, 139 

bit, 139 
block, 139 
test set, 690 

Exchange, private branch, 204, 209 
Express office repeater, 595 
Extended area service, 18 
Extension networks, 4182-type, 119 

Facilities, loop, 64 
Facility terminals, 707 

analog, 121 
customer premises, 121 
digital, 121 
metallic, 120 
repeater, 121,  124 

Fading 
frequency-selective, 398 
microwave, 51 
multipath, 355 
selective, 382 

Faraday rotation, 491 
Fault location, 340, 343, 599, 601, 606, 

610, 638, 644, 648, 649, 652 
Federal Aviation Administration, 394 
Federal Communications Commission, 

393 
Feedback, quantized, 609 
Ferreed switch, 182 
Fixed satellite service, 478 
FM breaking, 369 
FM receiver, 361 

FM system modulation noise, 369 
FM terminal, 444 

switching, 421 
test set, 688 
transmitter, 361 

Forecasting, 19 
Four-wire terminating sets, 118 
Frame, 552, 556, 559, 561 

cross-connect, 652 
distributing, 706, 717 
group distributing, 717 
main distributing, 178, 706 
mastergroup distributing, 717 
radio line terminating, 627 
supergroup distributing, 717 

Framing, 533, 569 
Free-space loss, 386 
Frequency 

allocations, microwave system, 371 
control unit, N3-carrier, 314  
coordination, 489, 703 
diversity switching, 357, 397, 399, 41& 
division multiplex, 6, 223 
plan, 388, 428, 435, 448, 461, 470, 636 
shift, 140 

Frequency-selective fading, 398 
Frequency standard, reference, 249 
Frequency supplies 

jumbogroup, 721 
office master, 723 
primary, 720, 723 
regional, 249, 720, 721 

Fresnel zone, 49, 385 
Frogging, 27 
Full-bucking repeater station, 390 
Full echo suppressor, 126, 128 

Gain 
antenna, 48 
measurement, 670, 672 
repeater, 259 

Gain and delay measuring set, 688 
Generator 

spectrum, 684 
test signal, 670 
tone, 670 

Geostationary orbit, 477 
Geosynchronous orbit, 477, 484 
Ground return circuit, 3 
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Group 
banks, 229 
basic, 6 ,  224 
connector, 709 
distributing frame, 233, 717 
units, 0-type, 283 

Half-bucking repeater station, 390 
Hardening, 318, 323 
Height-loss run, 386 
Heterodyne repeater, 432, 439 
Hierarchy, time division multiplex, 550 
High-capacity mobile telecommunica-

tion service, 505 
High-voltage breakdown, 319 
HILO switching, 194 
Holdover option, data set, 146 
Horn-reflector antenna, 53, 55, 356, 

447, 472 
Hot standby switching, 397, 418 
Hot-tone scan, 653 
Hybrid integrated network devices, 

277 

Identification, tip party, 96 
Idle circuit termination, 196 
Idle tone, 508 
IF repeaters, 360 
Impairment, noise, 139 
Impairments, radio system, 355 
Impedance 

characteristic, 319 
compensator, 108 
measurement, 682 

Improved mobile telephone service, 
505 

Jmpulse counter, 678 
Impulse noise, 140, 200, 538 

measurement, 677 
Induction, power line, 698 
Inductive coordination, 697 
Inductive loading, 3, 36, 43, 45, 65, 103 
Influence, 697 
Interchange, time slot, 198 
Intercom, 206 
Interconnection 

digital system, 718 
undersea cable system, 718 
voice-frequency, 706 

Interface, digital-analog, 719 
Interface unit, voiceband, 198 

Interference 
intersatellite, 501 
intersystem, 392 
intrasystem, 391 
overreach, 391 
radio-frequency, 388 

Intermediate frequency, 354 
entrance link, 367 
repeaters, 360 

Intermodulation, 261 
ceiling, 261 
noise , 261 , 265 

International Telecommunication 
Union, 9, 394 

Intersatellite interference, 501 
Interstitial radio channels, 377 
J nterstitial wires, 45 
Intersystem 

coordination, 701 
interference, 392 

Intrasystem interference, 391 
Inward dialing, direct, 213 
Isolation 

ringer, 97 
transformers, 699 

Isotropic radiated power, equivalent, 
487, 495 

Jitter, 140, 545 
Jumbogroup 

basic, 224 
frequency supplies, 249, 721 
multiplex, 241, 327 

Junctions 
N3-L, 713 
ON, 305 

Junctor circuit, 189, 192 

Key service units, 208 
Key telephone 

systems, 204, 206 
units, 207 

Knife-edge diffraction, 387 

Launch vehicles, 483 
Lead designations, 187 
Level 

control unit, 686 
points, transmission, 263 
tracer, 681 
video signal, 172 
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Lifter, bridge, 78 
Line administration, 339 
Line 

circuit, 184 
concentrators, 80 
connecting equipment, L5,  242 
maintenance, 339, 598 
monitor, 598 
signals, digital, 534 

Line build-out networks, 105, 108, 270, 
592 

automatic, 594, 602 
Line-of-sight microwave transmis

sion, 47 
L-multiplex wideband data equipment, 

162 
Load capacity, 260 
Loading, inductive, 3,  36, 43, 45, 65, 

103 
LOCAP cable, 604 
Long-haul transmission systems, 6 
Longitudinal choke coils, 698 
Long route design of loops, 68 
Loop, 64 

facilities, 64 
long route design of, 68 
maintenance, 656 
multiplexer, subscriber, 85 
repeater, wideband, 158 
resistance design of, 65 
unigauge design of, 66 

Loop-back 
circuits, 643 
testing, analog, 151 
testing, digital, 151  

Loop carrier systems 
multichannel, 84 
single channel, 82 
subscriber, 88 
wideband data, 1 57 

Loss, 202 
free-space,  386 
measurement, 670 
mobile radio path, 58 
path, 387 
return, 202 
talk through, 207 
via net, 103 

Low-capacitance cable, 604 

Index 
Main distributing frame, 178, 706 
Main station 

administration, 338 
repeater, 335 

Maintenance, 275 
access, 663 
analog transmission system, 645 
communications, 663 
digital system, 547 
digital transmission system, 650 
line, 339 
lines, 598 
loop, 656 
preventive, 644 
span, 601 , 605 
special services circuits, 661 
trunk, 658 

Manual PBXs, 210 
Marine services, 516 
Maritime service ,  VHF, 517 
Mastergroup 

basic, 224 
connector, 712 
digital, 550 
distributing frame, 233, 717 
L600, 235 
multiplex, 236 
translator, 228, 327 
U600, 236 

MAT cable, 33,  591, 596, 602 
MAYDAY, 517 
Measurement 

envelope delay, 670, 672 
gain, 670, 672 
impedance, 682 
impulse noise, 677 
loss, 670 
noise, 673 
PI AR, 673 
return loss, 679 
structural return loss, 679 
test signal, 671 
transmission, 342 

Measuring set 
gain and delay, 688 
noise, 675, 676, 677 
return loss, 679, 680 
transmission, 670, 672, 684, (185 
wideband noise, 677 
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Metallic facility terminal, 120 
Meter 

power, 689 
wideband power, 687 

Metropolitan area trunk cable , 33, 591 ,  
596, 602 

Microwave 
antennas, 53 
fading, 51 
polarization, 53 
propagation paths, 47 
radio repeaters, 429, 439 
radio route selection, 376 
radio systems, 8 
rain absorption, 51  
reflections, 48 
repeater, 464 
repeaters, 452, 472 
system channel capacity, 372 
system engineering, 371 
system frequency allocations, 371 
systems short-haul, 424 
transmission, line-of-sight, 4 7  

Milliwatt reference meter, 672 
Milliwatt supply, 671 
Minimum acceptable performance, 141 
Misalignment, 266, 268 

penalities, 273 
Misframe, 534 
Mobile radio 

antennas, 59 
path loss, 58 
systems, 8 
transmission, 58 

Mobile satellite service, 478 
Mobile telecommunication service, 

hig-h-capacity, 505 
Mobile telephone service, improved, 

505 
Modems, 162 
Modulation 

delta, 532 
differential pulse code, 531 
noise, FM system, 369 
phase shift keyed , 147 
pulse code, 10, 524, 530, 552 

MOLNIY A satellite, 477 
Monitor 

l ine, 598 
violation, 651 

I ndex 733 

Monitor and remover, violation, 604, 
606, 633 

Monitor and restorer, violation, 624, 
627, 650 

Muldem, 562 
Multichannel loop carrier systems, 84 
M ul  timastergroup 

multiplex, 241 
translator, 244, 327 

Multipath fading, 355 
Multiple wiring, 179 
Multiplex 

bandwidth utilization, 247 
combining and separating, 251 
common equipment, 248 
efficiency, 24 7 
frequency division, 6, 223 
jumbogroup, 241,  327 
mastergroup, 236 
multimastergroup, 241 
program terminals, 254 
reliability, 253 
signal-to-noise, 252 
stability, 251 
synchronization, 249 
time division, 10  
transmission respons·e, 251 
twin channel, 278 
units, digital, 549 

Multiplex hierarchy 
digital, 525 
frequency division, 224 
time division, 550 

Multiplexing, time division, 533 

National Aeronautics and Space 
Administration, 483 

National Television System Com
mittee, 1 2  

Natural slope engineering, 310 
N-carrier 

cross-connect facilities, 301 
equivalent four-wire, 302 
wideband data equipment, 163 

Negative impedance repeater, 105, 136 
Network 

automatic line build-out, 594, 602 
carrier synchronization, 720 
channel , 450, 464, 472 
line build-out, 105 ,  108, 592 
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Network (cont) 

switched services, 205 
switching, 179 
system, 450, 464 
tandem tie trunk, 205 

Neutralizing transformer, 198 
New sync option, data set, 146 
Noise, 537 

battery, 201 
contact, 201 
floor, 260 
impairment, 139 
impulse, 140, 200, 538 
intermodulation, 261 ,  265 
loading, 370 
objectives, 477 
quantization, 527 
random, 140 
thermal, 260, 265 
weighting, 675, 676 

Noise measurement, 673 
impulse, 677 

Noise measuring set, 675, 676, 677 
wideband, 677 

N-type analog carrier systems, 288 
Number, design, 600, 605 

Objectives 
noise, 447 
transmission, 461 ,  470 

Office 
channel unit, 169 
master frequency supplies, 723 
repeate� expres� 595 
repeaters, 595 

ON junctions, 305 
ON terminals, 305 
Open-wire lines, 27 
Operating centers, 644 
Orbit 

geostationary, 477 
geosynchronous, 477, 484 

Order wires, 343, 600, 664 
Oscillator, 670 

carrier frequency, 685, 686 
0-type 

analog carrier systems, 278 
channel units, 280 
group units, 283 
line repeaters, 286 

�ndex-
0-type ( cont) 

twin channel units, 283 
Outward dialing 

automatic identification of, 213 
direct, 213 

Overbuilding, 375,  385,  460 
Overload, 266 

ceiling, 260 
margin, 260 

Overreach, 379 
interference, 391 

Overseas radio, 519 

Pad sockets, llC, 119 
Pair-twist, cable, 35, 43 
PAN, 517  
PI AR measurement, 673 
Parabolic antenna, 53, 54, 356 
Parameters; pulse, 566 
Party identification, tip, 96 
Patch bay 

restoration, 724 
voice-frequency, 707 

Path loss, 387 
mobile radio, 58 

Path profile, 383 
Path testing, 385 
PBX 

attendant facilities, 214 
dial ,  211 
Dimension, 2 1 2  
manual, 2 1 0  
station lines, 209 
tie trunks, 210  

Performance, minimum acceptable, 141  
Personal paging services, 512  

' 

Personal signalling service, 512 
Phase-progression diagram, 623,  630 
Pha se shift keyed modulation, 147 
PTCTUREPHONE signal transmis-

sion, 1 3  
Pilot supplies, 723 
Pilot test set, portable, 688 
Pitch . cable, 35 
Polarization 

microwave, 53 
signal, 377 

Polar signal, 1 55 
restored, 1 56 

Portable pilot test set, 688 
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Power 
factor, 319 
feed, 328 
line induction, 698 
meter, 689 
meter, wideband, 687 
supplies, 274 
system, 344 

Pre-emphasis, 365 
Pretripping, 95 
Preventive maintenance, 644 
Primary constants, 32 
Primary frequency supplies, 249, 720, 

723 
PRINCESS telephone, 93 
Private branch exchange, 204, 209 
Profile path, 383 
Program s.ervices, 80 
Program terminals, multiplex, 254 
Progressive control, 179 
Propagation paths, microwave, 47 
Propagation, velocity of 40, 44 
Protection 

surge, 546 
switching, 275, 322, 356 
switching of WLEL, 367 
switching system, 340, 396 

Public land mobile service, domestic, 
504 

Pulse 
distortion, 537 
parameters, 566 
stuffing, 553, 556, 560, 562, 56G 
trains, channel bank, 571 
transmission systems, 10  

Pulse code modulation, 10,  524 , 530,  552 
differential, 531 

Push-to-talk, 505, 510 

Quad-twist, cable, 43 
Quantization, 552 

noise, 527 
Quantized feedback, 609 
Quantizing, 526 

Radiated power, equivalent isotropic, 
487, 495 

Radio 
interstitial, channel,  377 
line terminating frame, 627 

I ndex 

Radio ( cont) 
path testing, 385 
regular, channel ,  377 
repeater site selection, 377 

Radio-frequency interference, 388 
Radio system 

735 

engineering, terrain profile studies, 
380 

impairments, 355 
repeater spacing, 369 
route layout, 376 
selection, 37 4 
signal-to-noise, 368 

Railroad services, 517 
Rain 

absorption, microwave, 5 1  
attenuation, 355 
scattering, 355 

Random noise, 140 
Range extender 

signalling, 75 
type 2A, 76 
with gain, 68, 72 

Range extension, ringing, 97 
Reactor, drainage, 699 
Receiver, FM, 361 
Red alarm, 650, 651 
Reference Frequency Standard, Bell 

System, 249 , 719, 721 
Reference meter, milliwatt, 672 
Reflection, 386 
Reflections, microwave, 48 
Reframe time, 569 
Regenerative repeater, 542, 591, 605,  

608, 633 
Regenerative repeater, wideband, 1 58 
Regenerator, 545, 591, 605, 608, 624, 

626 
Regional frequency supplies, 249, 720. 

721 
Regular radio channels, 377 
Regulating repeater, 272, 331 
Regulation, 272 

N1 line, 294 
N2 line, 300 
wideband loop, 161  

Regulators, 272 
Relay satellite, 481 
Reliability, 275, 322, 323, 338 
Remreed switch, 182 
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Repeater 

baseband, 358, 429, 439 
basic, 330 
designs, coaxial, 328 
disabler, 109 
E6, 105, 123 
E7, 136 
equalizing, 334 
express office,  595 
facility terminal, 121, 124 
gain, 259 
heterodyne, 432, 439 
intermediate-frequency, 360 
main station, 335 
microwave, 452, 464, 472 
microwave radio, 429, 439 
N1 line, 291 
N1A system line, 297 
N2 line, 298 
negative impedance, 105, 1 36 
office, 595 
options, T1, 596 
0-type line, 286 
powering, N1 line, 297 
powering, N2 line, 301 
regenerative, 542, 591, 605, (>08, 633 
regulating, 272, 331 
replacement, 339 
spacing, 450 
spacing, DR 18A, 636 
spacing, radio system, 369 
spacing rules, 328, 338 
station, full-bucking, 390 
station, half-bucking, 390 
wideband loop, 158 
wideband regenerative, 158 
V4, 111 ,  124 

Resistance design of loops, 65 
Resistors, 89-type, 1 19 
Restoration, 323, 724 
Restoration patch bay, 724 
Restored polar signal, 1 56 
Resupply signal, 624, 650, 651, ()52 
Return loss, 38, 43, 202 

measurement, 679 
measurement, structural, 679 
measuring set, 679, 680 
structural, 36, 43 

Reverse battery supervision, 1 9-4 

In-dex 
Right-of-way, 325 
Ring, cross, 94 
Ringer 

biasing, 96 
c oupling, 97 
isolation, 97 
station set, 96 

Ringing, 94 
Ringing range extension, 97 
Ring tripping, 94 
Ring-up circuits, 97 
Roam, 511  
Roamer, 506 
Route 

engineering, coaxial, 324 
layout, radio system, 376 
microwave radio, selection, 376 
selection, coaxial, 324 

Rural Electrification Administration� 
81 , 84 

Rural radio service, 505 

Sampling, 526 
Satcom satellite, 485 
Satellite 

fuel, 483 
launch vehicles, 483 
life, 483 
stabilization, 481 
system design rules,  479 
transponder, 485 

Satellite service 
broadcasting, 478 
fixed, 478 
mobile, 478 

Scattering, rain, 355 
Scrambler, 148, 150, 156, 554, 563, 607,. 

613, 615, 621 
Screened cable, 591 
Sealing current, 169 
Secondary constants, 32 
Section, end, 40 
SECURITY, 517 
Selection 

radio system, 37 4 
route , 324 

Selective detector, 687 
Selective fading, 382 
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Sensitivity, echo suppressor, 126 
Sequence of switching system opera-

tions, 196 
Service bay, wideband, 161 
Service continuity, 356, 398 
Service speed, DDS, 166 
Service unit 

channel, 167 
data, 167 

Shielded conductors, 44 
Short-haul 

analog carrier systems, 277 
microwave systems, 424 
transmission systems, 6 

Side tone, 89 
Side-to-side coupling loss, 53 
Signal polarization, 377 
Signal-to-noise, radio system, 368 
Signalling in PCM systems, 532 
Signalling range extender, 75 
Single channel loop carrier systems, 82 
Site selection 

DR 18A, 636 
radio repeater, 377 

Sliding index coding, 164 
Solar cells, 483 
SONAD, 510 
Space diversity switching, 357,  397, 418 
Space shuttle, 484 
Spacing, repeater, DR 18A, 636 
Spacing rules, repeater, 328, 338 
Span, 597 

lines, 597, 601 
maintenance, 601, 605 

Special services circuit maintenance, 
661  

Spectrum analyzer, 684 
Spectrum generator, 684 
Speech-operated voice adjusting 

device, 510 
Spilling, store, 566 
Split echo suppressor, 1 26 
Split pairs, 35 
Spreading, 361 

carrier, 619 
S ta biliza tion 

double-spin, 482 
satellite, 481 
three-axis, 482 

Standard atmosphere, 381 

Station lines, PBX, 209 
Station keeping, 482 
Station set 

efficiencies, 9 1  
ringer, 9 6  
telephone, 89 

Step-by-step switching system, 1 79 
Store, elastic, 565 
Store spilling, 566 
Stored program control switching 

system, 182 
Stranding factor, 319 
Structural regularity, 37 
Structural return loss, 38, 43 

measurement, 679 
Stuffing, pulse, 553, 556, 560, 562, 565 
Submastergroup, 231,  236 
Subscriber loop carrier system, 88 
Subscriber loop multiplexer, 85 
Sun transit, 501 
Superframe, 561 
Supergroup 

banks, 229 
basic, 224 
connector, 710 
direct formed, 229 
distributing frame, 233, 717 

Supervision, reverse battery, 1 94 
Suppression 

hangover time, 127 
operate time, 127 
pickup time, 127 

Surge protection, 546 
Surveillance, transmission, 341, 642 
Susceptibility, 697 
Switched services network, 205 
Switched transmission operations, 196 
Switching 

blind , 358, 419 
crossband diversity, 400,  401 
entrance link, 421 
FM terminal, 421 
frequency diversity, 357, 397, 399, 

415  
hot standby, 397, 418 
network, 179 
protection, 275, 322, 356 
sequencing, 196 
space diversity, 357, 397, 418 
span, 329 
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Switching system 
common control, 181 
crossbar, 181  
electronic, 182 
protection, 340, 396 
step-by-step, 179 
stored program control, 1 82 

Synchronization, 534, 553, 565, 719  
multiplex, 249 
network, carrier, 720 

Syncom satellite, 481 
Synchronizer-desynchronizer, 584 
Syndes unit, 584 
System networks, 450, 464 
Systems 

carrier, 5 
microwave radio, 8 
mobile radio, 8 
pulse transmission, 10  

Talk-through loss, 207 
Tandem tie trunk network, 205 
Tapped delay line equalizer, 149 
T-carrier wideband data equipment, 

164 
Technical references, 142 
Telegraph distortion, 138 
Telephone 

answering systems, 205, 2 1 8  
building construction, 2 1  
DESIGNLINE, 9 3  
PRINCESS, 93 
station set, 89 
systems, key, 204, 206 
TRIMLINE, 93 

Telephotograph signal transmission, 
1 2  

Television 
facility test position, 199 
operating center, 13, 1 99 
signal transmission, 12 
System Committee, National, 12 

Telstar satellite, 481 
Terminal 

digroup, 198 
facility, 707 
FM, 444 
N1,  303 

I ndex 

Terminal ( cont) 
N2, 308 
N2WT-1,  163 
N3, 3 1 1  
O N ,  305 

Terminating frame, radio l ine, 627 
Terminating sets, 118  
Termination, idle circuit, 196  
Terrain profile studies, radio system 

engineering, 380 
Test 

equipment, 643 
lines, 643 
signal generators, 670 
signal measurement, 671 

Test set 
data, 690, 691 ,  692 
error rate, 690 
FM terminal, 688 
portable pilot, 688 

Testing, balance, 680 
Thermal noise, 260, 265 
Three-axis stabilization, 482 
Tie trunks, PBX, 210 
Time Assignment Speech Interpola

tion System, 267 
Time division multiplex, 10 

hierarchy, 550 
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Telecommunications 
Transmission 
Engineering 

I ntToduction 

Communication Engineering is concerned with the planning, de
sign, implementation, and operation of the network of channels, 
switching machines, and user terminals required to provide communi
cation between distant points. Transmission Engineering is the part 
of Communication Engineering which deals with the channels, the 
transmission systems which carry the channels, and the combinations 
of the many types of channels and systems which form the network 
of facilities. It is a discipline which combines many skills from science 
and technology with an understanding of economics, human factors, 
and system operations. 

This three-volume book is written for the practicing Transmission 
Engineer and for the student of transmission engineering in an 
undergraduate curriculum. The material was planned and organized 
to make it useful to anyone concerned with the many facets of 
Communication Engineering. Of necessity, it represents a view of the 
status of communications technology at a specific time. The reader 
should be constantly aware of the dynamic nature of the subject. 

Volume 1, Principles, covers the transmission engineering prin
ciples that apply to communication systems. It defines the charac
teristics of various types of signals, describes signal impairments 
arising in practical channels, provides the basis for understanding 
the relationships between a communication network and its com
ponents, and provides an appreciation of how transmission objectives 
and achievable performance are interrelated. 

Volume 2, Facilities, emphasizes the application of the principles 
of Volume 1 to the design, implementation, and operation of trans
mission systems and facilities which form the telecommunications 
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iv Introduction 

network. The descriptions are illustrated by examples taken from 
modern types of facilities most of which represent equipment of 
Bell Laboratories design and Western Electric manufacture; these 
examples are used because they are familiar to the authors. 

Volume 3, Networks and Services, shows how the principles of 
Volume 1 are applied to the facilities described in Volume 2 to pro
vide a variety of public and private telecommunication services. This 
volume reflects a strong Bell System operations viewpoint in its con
sideration of the problems of providing suitable facilities to meet 
customer needs and expectations at reasonable cost. 

The material has been prepared and reviewed by a large number 
of technical personnel of the American Telephone and Telegraph 
Company, Bell Telephone Companies, and Bell Telephone Labora
tories. Editorial support has been provided by the Technical Publica
tions Organization of the Western Electric Company. Thus, the book 
represents the cooperative efforts of many people in every major 
organization of the Bell System and it is difficult to recognize indi
vidual contributions. One exception must be made, however. The 
material in Volume 1 -and most of Volume 2 has been prepared by 
Mr. Robert H. Klie of the Bell Telephone Laboratories, who was 
associated in this endeavor with the Bell System Center for Technical 
Education. Mr. Klie also coordinated the preparation of Volume 3. 

C. H. Elmendorf, III 
Assistant Vice President
Transmission Division. 
American Telephone and Telegraph Company 
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Volume 3- Networks and Services 

Preface 

Overall Bell System objectives are to provide high-quality, low-cost 
com1nunications services as needed with a fair return on investment ; 
this volume presents transmission-related technical and administra
tive information to help achieve these objectives. 

Service quality is provided by meeting established transmission ob
jectives and by ensuring adequate reliability. Networks and services 
must be engineered to meet design objectives ; facilities and circuits 
must be constructed to meet the design objectives. Facilities and cir
cuits must also be maintained so that deviations from the engineered 
objectives are not excessive ; the effects of failures are thus minimized. 
Transmission, maintenance, and reliability objectives are discussed 
throughout this volume as they relate to various kinds of networks 
and services. 

The provision of a service when it is needed often requires meeting 
near-immediate initial service dates with short intervals available 
for procurement of material and installation of facilities and equip
ment. To establish satisfactory minimum intervals requires that 
functions directly associated with the process of filling specific service 
requests be clearly defined and efficiently configured. These functions 
are discussed separately for designed special services and for services 
provided by the switched message network. 

The control of costs is an integral part of the process of deciding 
how to provide and maintain any network. The process is one of com
promise, i.e., of striking the best balance between customer satisfac
tion, plant performance capability, and cost. 
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vi Preface 

Volume 3 builds on the principles and facilities discussed in 
Volumes 1 and 2 respectively. The definition and characterization of 
impairments, their effect on services as measured by grade of service, 
the methods of setting objectives, and a knowledge of the physical 
plant used to provide services are necessary to an understanding of 
the specific objectives and maintenance methods covered in this 
volume. In essence, the provision of networks and services represents 
the attainment of a basic Bell System objective. 

Section 1 discusses the overall structure and features of the switched 
public message network which consists of loops, trunks, and switch
ing machines configured into a hierarchy planned for the efficient 
handling of telephone calls. Local and toll portions of the network are 
discussed as are the transmission plans for each. 

Loops are the circuits which connect telephone station sets to local 
central offices and thus to the rest of the message network. Their 
performance characteristics are important because each connection 
generally involves at least two loops. Section 2 discusses the charac
teristics, range limits, and design considerations for the provision of 
loops. 

Trunks provide transmission paths to interconnect switching 
machines. Section 3 defines the various trunk types and then discusses 
traffic engineering concepts which establish the methods used to de
termine the required number of trunks. Design criteria are different 
for local trunks, toll trunks, and auxiliary service trunks and are 
treated in separate chapters. Consideration of through and terminal 
balance techniques, used in th·e control of echo and singing impair
ments, is also included. 

The many types of special services are introduced and defined in 
Section 4. Design criteria for the principal switched and private line 
special services types are included. 

Transmission performance must be monitored to ensure that quality 
standards are met, to detect trends, and to develop plans for improve
ment. Section 5 covers the measurement plans, both internal and 
external to the telephone company, and the maintenance, planning, 
engineering, and management functions required in operating the 
complex · facilities network used for the provision of telecommunica
tions services. 
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Transmission 
Engineering 

Section 1 

The Message Network 

Section 1 is devoted to a review of the purposes and functions of 
the message network because of its fundamental importance and 
central role in meeting many of today's telecommunications needs. 
In addition, it provides background and understanding of the overall 
functions and transmission objectives which are prerequisite to con
sideration of the loop and trunk components of the network. 

Chapter 1 discusses the hierarchical structure, principles, and ob
jectives which are fundamental to the operation of the entire message 
network. Chapter 2 discusses further service considerations that result 
in the formation of supplementary hierarchical structures for metro
politan areas within the overall message network. These structures 
have been designed to serve the unique population densities of the 
metropolitan areas most economically while still fulfilling the broader 
message network objectives intended to provide overall service per
formance which meets the most modern communication standards. 
These two chapters also provide an overview of the relationships be
tween the various trunk networks that have evolved and the switching 
systems necessary for efficient interconnection and utilization of the 
complex network of transmission paths. 
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The Message Network 

Chapter 1 

The Network Plan  for Distance D ia ling 

The toll portion of the switched network, commonly known as the 
direct distance dialing (DDD) network, provides long distance tele
phone connections among virtually all of the more than 150 million 
telephones in the United States, Canada, and some Caribbean islands. 
This network, which is operated jointly by the Bell System, Indepen
dent Telephone Companies, and other administrations, handles over 
50 million long distance calls each business day. About 90 percent of 
these calls are dialed directly by the customers ; most of the remainder 
are dialed by operators. About 2000 toll switching offices are inter
connected by nearly 900,000 intertoll trunks. 

An overview of the switching and transmission plans for the toll 
portion of the message network must include descriptions of the 
switching hierarchy, classes of switching offices, types of trunks, and 
features that permit efficient call routing. It must also describe net
work transmission requirements and relate them to trunk loss and 
office balance. These requirements have been derived from the via net 
loss plan and have been applied to a new transmission plan called the 
fixed loss plan. 

1 -1 THE TOLL SWITCHING PLAN 

Large amounts of traffic between any two central offices are gen
erally routed most economically over direct trunks ; however, when 
the volume of traffic between offices is small, use of direct trunks may 
not be economical. In these cases, traffic originating from several 
wire centers destined for one office may be concentrated at inter
mediate switching machines which connect together two or more 
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trunks to build up the required connections. Conversely, where con
centrating networks have been established, the amount of traffic 
between any two offices may become large enough to support direct 
trunks economically. Thus, an economic balance is maintained between 
the cost of trunks and the cost of switching machines. 

The Hierarchical Plan 

The switching plan for distance dialing consists of a hierarchy of 
switching offices interconnected by trunk groups in a pattern that 
provides rapid- and efficient handling of long distance traffic. The 
hierarchical routing discipline provides for the concentration of 
traffic and permits complete interconnection of all offices in the net
work. The principle of automatic alternate routing is used to provide 
a low incidence of call blockage with reasonable trunk efficiency. The 
hierarchical structure of the switching plan is shown in Figure 1-1 . 

Switching Offices. Under the DDD switching plan, each office in
volved is classified and designated according to its switching function, 
its interrelationship with other switching offices, and its transmission 
requirements. There are five ranks in the hierarchy, as shown in 
Figure 1-1 : the rank of the office is given by its class number with 
class 1 the highest rank. Offices that perform switching functions of 
more than one rank are assigned the highest classification for the 
functions that they perform. Also, these offices must meet the trans
mission requirements of the higher classification. 

End Offices. The central office entity where customer loops are 
terminated is called an end office and is designated class 5. An end 
office may be physically located in the same building that houses an 
office of higher classification, and in some cases end office and toll 
office functions are performed by one switching machine. A class 5 
equipment entity may be a subgroup of originating equipment, such 
as a marker group in a No. 5 crossbar system. However, the offices 
are considered to be separate entities and customer loops are termi
nated at the class 5 office only. 

Toll Centers and Toll Points. The switching centers which provide 
the first stage of concentration for intertoll traffic from end offices are 
called toll centers or toll points and are designated as class 4C and 
class 4P offices, respectively. The principal function of these class 4 
offices is to connect end offices to the intertoll portion of the network. 
The toll center is an office at which operator assistance is provided 
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to complete incoming calls in addition to other traffic operating func
tions. The toll point is an office where operators handle only outward 
calls or where switching is performed without operators. 

Control Switching Points. Regional centers, sectional centers, and 
primary centers (class 1, 2, and 3, respectively) are the control 
switching points (CSPs) of the DDD network. The control switching 
points are key switching offices at which intertoll trunks are inter
connected. To qualify as a CSP, a switching office of a given rank 
must have at least one office of the next lower rank homing on it and 
must meet certain switching and transmission requirements. 

Switching Areas. The serving area of a switching office of any rank 
is comprised of the areas of all the offices that home on it. Thus, 
there are areas that correspond to each rank in the switching hier
archy. For example, each regional center serves a geographical area 
known as a region. Each region is subdivided into smaller areas 
known as sections, whose principal switching offices are called sec
tional centers. Similarly, sections are subdivided into small areas 
served by primary centers. Figure 1-2 shows the two Canadian and 
ten U.S. regions and the numbering plan areas (NPAs) included in 
each. 

Classification of Trunks and Trunk Groups. Trunks may be classified in 
several ways according to traffic types and uses or transmission 
characteristics. Traffic classifications indicate the manner in which 
trunks are used in the switching hierarchy. Transmission classifica
tions are based on positions in the hierarchy. 

Basic Transmission Types. The DDD network is made up of three 
types of trunk groups distinguished by their respective transmission 
design requirements. A toll connecting trunk connects a class 5 office 
to any offi·ce of higher rank, an intertoll trunk connects any class 1 
through class 4 office with any other class 1 through class 4 office, 
and a direct trunk interconnects two class 5 offices. The direct trunks 
may carry either local or toll traffic. 

Final Trunk Groups and Homing Arrangements. Final trunk 
groups are shown by the solid lines in Figure 1-1. One, and only one, 
final group is always provided from each office to an office of higher 
rank and the lower ranking office is said to home on the higher. 
Class 5, 4, and 3 offices must always home on an office of higher rank 
but not necessarily the next higher rank, as shown at RC2 in the figure. 
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Chap. 1 The Network Plan for Distance Dialing 7 

Each final group is the route of last resort between its terminal 
offices ; i.e., there is no alternate route and calls failing to find an idle 
trunk in the group are not completed. Consequently, each final trunk 
group in the network is engineered for a low probability of blocking, 
so that on the average no more than a small fraction of the calls 
offered to such a group in the busy hour find all trunks busy. Current 
objectives for final groups are that not more than one call in a 
hundred shall be blocked by a no-circuit condition in the busy hour. 
Final trunk groups are required to interconnect the ten U.S. and two 
Canadian regional centers. 

A series of final trunk groups connected in tandem constitute a 
final route chain. For example, the final route chain between EOt 
and RCt has four final groups ; the final route chain between class 5 
offices EOt and E02 in Figure 1-1 consists of nine final groups which 
represent the path of last resort of a call between these offices. 

High-Usage Trunk Groups. In addition to the final trunk groups, 
direct high-usage trunks may be provided between offices of any 
class where the volume of traffic and economics warrant and where 
the necessary automatic alternate routing equipment features are 
available. However, the choice of traffic carried by these trunks 
should be consistent with routing practices. High-usage trunk groups 
carry most, but not all, of the offered traffic in the busy hour. Over
flow traffic is offered to an alternate route. The proportion of the 
offered traffic that is carried on a direct high-usage trunk group in 
each case is determined by the relative costs of the direct route and 
the alternate route, including the additional switching cost on the 
alternate route. 

Grade-of-Service Group. A trunk group that would normally be in 
the high-usage category but for service or economic reasons is engi
neered for a low probability of blocking and not provided with an 
alternate route is called a grade-of ... service group. These groups 
(formerly called full groups) effectively limit the hierarchical final 
route chain for only certain items of traffic but do not change the 
homing arrangements of their terminal offices. The group .shown in 
Figure 1-1 between SECTt and SECT2 would be in the final route 
chain for only those end offices that home on these sectional centers. 
Traffic destined for other locations would be switched via the high
usage and final groups to RC1 and R�. 
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Cal l  Routing 

Calls carried by the network must be routed according to a standard 
plan or set of rules. Elements of the routing plan include the number
ing plan, routing codes, and switching office capabilities as well as 
the basic network configuration. 

N umbering Plan. An essential element of the DDD network operation 
is the numbering plan whereby each main station telephone in the 
entire network is identified by a unique 10-digit number. The first 
three digits of this number are the NP A code. The remaining 7 -digit 
number is made up of a 3-digit central office code and a 4-digit station 
number. 

Destination Code Routing. The NP A and office codes of the numbering 
plan comprise a unique designation or network address for each 
central office. A call can be routed from any location in the network 
to any office using the network address of the destination office. This 
process is known as destination code routing and the NP A and office 
codes are called routing codes. 

There are other routing codes in addition to the NP A and central 
office codes. System group codes are 3-digit codes used for routing 
traffic on a system-wide basis where calls cannot be routed by NP A 
code. Nonsystem group codes are 1-, 2-, or 3-digit codes which are 
used to meet special local needs such as police and fire calls. There 
are also standard 3-digit service codes such as operator codes, test 
codes, and terminating toll center codes. 

CSP Switching Requirements. From a routing code, a switching system 
must be able to interpret the address information, determine the route 
to or toward the destination, and often must manipulate the codes in 
various ways in order properly to advance the call. The control 
switching points must meet certain switching system requirements 
for efficient call routing, including storing of digits, variable spilling 
(deletion of certain digits when not required for outpulsing) , prefix
ing of digits when required, code conversion (a  combination of digit 
deletion and prefixing) , translation of three or six digits, and auto
matic alternate routing. 

Call Routing Pattern. In the following discussion, the term "final 
route chain" is applied to the series of final groups in tandem between 
a class 5 office and its home class 1 office. The term "overall final 
route chain" is applied to the final groups between two class 5 offices. 
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The routing pattern for a call between two points consists of a 
combination of the overall final route chain between the originating 
and terminating offices and high-usage groups between switching 
offices in the chain. A call may be switched only at offices on the over
all final route chain. A call is routed only upward along the originating 
final route chain shown in Figure 1-1 and only downward in the 
terminating final route chain. It may be offered to a high-usage trunk 
group which bypasses one or more switching centers along the chain 
provided that the call progress toward its destination. For transmis
sion and administration reasons, calls originating in one final route 
chain are not routed along a second final route chain to destinations 
in a third chain. This normal routing pattern is sometimes abrogated 
to accommodate network traffic conditions caused by natural or 
manmade emergencies. 

Route Selection Guidelines. In addition to the fundamentals of call 
routing, other principles are applied in assigning routes for traffic 
on existing trunk groups or in establishing new high-usage groups. 
These guidelines are used to provide economical handling of traffic ; 
they also have a favorable effect on network transmission perfor
mance. The guidelines are : 

(1 )  Traffic should be handled on a direct route whenever such a 
route is feasible and economical. The ability to overflow from 
the direct to an alternate route should be provided. 

(2) In general, a direct high-usage group may be established be
tween offices of any rank when there is a sufficient volume of 
traffic to support the group. Also, high-usage trunking should 
be developed to the maximum economical extent in order to 
reduce the requirements of intermediate switching by routing 
traffic at as low a level in the hierarchy as possible. To help 
achieve the latter objective, there is a restriction on the estab
lishment of high-usage trunk groups and the traffic routed over 
them. By this rule, called the one-level inhibit rule, the switch
ing functions performed for the first-routed traffic at either 
end of the high-usage trunk group may differ from those at 
the other end by only one class number. For example, a trunk 
group. may be established between an end office (class 5 switch
ing function) and a distant regional center but only for the 
class 4 switching function performed by the regional center 
switching system. A regional center acts as a toll center for the 
end offices

. 
homing on it. 
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(8) In general, traffic between any pair of switching offices, class 1 
through class 4, should have the same first choice route in both 
directions. This rule becomes less applicable as more metro
politan areas acquire switching networks that use directional 
alternate routing. 

( 4) The number of intermediate switches should be kept at a 
minimum. When there is a choice of routes whose cost differ
ences are not significant, the route with the fewest switches 
should be selected. 

(5) When there is a choice of routes with an equal number of 
switches and insignificant cost differences, that route should 
be selected in which switching is done at the lowest level in 
the hierarchy. 

Example 1-1 : Call Routing 

Figure 1-8 illustrates a routing pattern that might be involved 
in completing a call from E01 to E02. In this example, TOLLt 
has trunks to PRit only ; hence, the call is routed to that primary 
center. At PRI1 the call is offered first to the high-usage group 
to PRI2. At PRI2 the switching equipment selects an idle trunk 
in the final group to TOLLJ and the call is routed to the called 
customer at E02. 

If all the trunks in the high-usage group between PRit and 
PRI2 are busy, the call is next offered to the high-usage group 
between PRI1 and SECT2. At SECT2 there is a choice of two 
routings : ( 1 )  via high-usage trunks to TOLL2 or, if all trunks 
are busy, (2)  over the two final trunk groups, SECT2-to-PRI2 
and PRI2-to-TOLk. 

In the event all trunks in the group between PRI1 and SECT2 
are busy, the call is next offered to the final group to SECTt. 
There are available at PRit other high-usage groups to RC2 and 
RCt ; however, these are intended for terminal and certain other 
traffic item.s that must be so routed. Traffic routed via PRI1 
should not be offered directly to regional centers if there are 
other lower ranking switching centers in the final route path to 
which the traffic has not yet been offered. It is desirable to 
restrict the switched load to centers of lower rank, even though 
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the service advantages of other alternate route possibilities are 
not realized. At SECT1 there is a choice of four routings in the 
following sequence : 

( 1 )  via the SECT1-to-PRh high-usage group, 

(2)  via the SECT1-to-SECT2 high-usage group, 

(3)  via the SECT1-to-RC2 high-usage group, 

( 4) via the final group from SECT1 to RC�o 

The routing pattern described assumes one set of conditions and 
could vary to the extent that economics and plant layout would 
offer a different set of high-usage groups. 

Automatic Alternate Routing. The DDD trunking network is so 
designed that direct high-usage trunk groups are provided as a first 
choice for traffic between switching offices when such groups are 
warranted by the traffic load. These high-usage groups are engineered 
so that a predetermined portion of the busy-hour traffic is forced to 
seek another route where it can be carried at less cost with little or 
no delay. A call which finds an all-trunks-busy condition on the first 
route tested is automatically offered in sequence to one or more alter
nate routes for completion, with the last choice being a final group. 
This process is called automatic alternate routing. 

The number of trunks to be provided in a direct high-usage group 
depends upon the offered load, the efficiency of added trunks in the 
alternate route, and the cost ratio of the alternate route to the direct 
route. The cost ratio is the relationship between the average incre
mental annual costs for transmission and switching facilities for one 
added trunk path in the alternate route to like costs of the facilities 
for a trunk in the direct route. 

1 -2 TRANSMISSION PLAN 

The toll switching plan provides for the handling of most traffic 
with a minimum of switching. Nevertheless, the most serious impact 
of the switching plan on transmission is that different numbers and 
combinations of trunks may be used on successive calls (even between 
the same two telephones) and that as many as nine trunks may be 

TCI Library: www.telephonecollectors.info



1 2  

Final trunk group 

- - - High-usage group 

The Message Network 

EOt 

- - ..,L- -/ 
'< / 
/ � /  / / '  / ' 

Vol. 3 

Note: Symbols are same as in Figure 1·1 .  

Figure 1 -3. Switching plan routing paHern. 

connected together on some DDD calls. If satisfactory perforn1ance 
is to be provided, the transmission characteristics of every trunk 
must be controlled and the plan must accommodate the varying 
numbers of trunks used without introducing large transmission dif
ferences (contrast) on successive calls. 

The transmission design of the network must include a require
ment of low trunk losses if the requirements of satisfactory speech 
volumes and low contrast are to be met. However, other factors, such 
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as the provision of margin against singing and echo, tend to make 
trunk losses high. A compromise design has been selected that re
quires the design and operation of every trunk at the lowest loss 
consistent with echo and singing control, the assignment of trunks in 
the network hierarchy in accordance with their transmission capa
bilities, and the implementation and operation of a program of trunk 
transmission maintenance designed to assure that trunks meet their 
requirements and are kept as uniform as possible. 

Network Transmission Design 

The transmission design of the network is based on the use of 
500-type station sets connected to class 5 offices by means of two-wire 
customer loops. This two-wire loop operation creates conditions of 
low return loss that limit the minimum loss at which network trunks 
can be operated without echo or singing. These problems are con
trolled by the via net loss (VNL) design and in some cases by the 
use of echo suppressors. 

Via Net Loss Design. The relationship between the minimum loss re
quired to control echo and the round-trip delay between class 5 offices 
is shown in Figure 1-4. This relationship is the basis for VNL de
sign [1] . Inspection of Figure 1-4 shows that as the number of trunks 
is increased, an increase in loss of 0.4 dB per added trunk is required. 
This increment compensates for the greater loss variability that oc
curs with an increased number of trunks in the connection. The VNL 
design rules are applied to all trunks in a connection when the round
trip delay in the overall connection is less than 45 milliseconds. The 
45-ms restriction is imposed to limit the maximum trunk loss to a 
value that permits satisfactory received speech volume. When the 
round-trip delay is more than 45 ms, one of the trunks in a connection 
is equipped with an echo suppressor in accordance with application 
rules. It is recommended that interregional trunks equipped with 
echo suppressors be operated at zero loss. 

Via Net Loss and Via Net Loss Factors. The overall connection loss 
( OCL) between class 5 offices, shown in Figure 1-4, is given by the 
expression 

OCL == 0.102 D + 0.4 N + 5.0 dB ( 1-1 ) 

where D is the round-trip echo path delay in milliseconds and N is 
the number of trunks in the connection. In order that each trunk 
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Figure 1 -4. Overal l  connection loss versus echo path delay between class 5 offices. 

operate at the lowest practical loss, 2.5 dB of the 5.0 dB constant is 
assigned to each toll connecting trunk in the connection. The 2.5-dB 
loss includes an allowance of 0.5 dB for the loss in battery supply 
equipment formerly allocated to loops. The remaining loss is assigned 
to all trunks in the connection, including the toll connecting trunks. 
This remainder is called via net loss and is expressed as follows : 

VNL = 0.102 D + 0.4 N dB. ( 1-2 ) 

Then, for each trunk in a connection 

VNL == 0.102 Dt + 0.4 dB ( 1-3) 

where Dt is the round-trip echo path delay in milliseconds for the 
trunk. 
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Since the echo path delay of a trunk is approximately proportional 
to its length, Equation ( 1-3) is usually given in terms of trunk 
length and a via net loss factor (VNLF) for the trunk facility type as 

VNL = VNLF � trunk length in miles + 0.4 dB (1-4 ) 

where VNLF = (2 X 0.102 -:- velocity of propagation in miles per 
ms) dB per mile. Equation ( 1-4) is used in VNL calculations. For 
example, assume that the VNL of a 600-mile intertoll trunk using all 
carrier facilities is to be determined. The VNLF for carrier facilities 
is 0.0015 dB per mile. Therefore, for this trunk, 

VNL = (0.0015 X 600) + 0.4 dB = 1.3 dB. 

Echo Suppressor Use. Echo suppressors are four-wire signal-activated 
devices which insert a high loss in the return echo path when speech 
signals are transmitted in the direct path. Since tandem echo sup
pressors may produce additional degradation in received speech, 
the application rules permit only one echo suppressor in a connection. 
This restriction can readily be met because of the hierarchical struc
ture of the network and the finite size of the regional center areas. 
The maximum echo path delay within a region is usually low enough 
that echo suppressors are not required for intraregional trunks. 
However, it is possible to exceed 45 milliseconds delay for connections 
between points in different regional center areas. Therefore, echo 
suppressors may be required on certain regional center-to-regional 
center trunks. In addition, echo suppressors should be used on inter
regional high-usage -intertoll trunks and on interregional toll con
necting and end office toll trunks more than 1850 miles long. 

Trunk Loss Objectives With VNL Design. The VNL objectives for toll 
network trunk losses are stated in terms of inserted connection loss 
(ICL) , defined as the 1000-hertz loss inserted by switching the trunk 
into an actual operating connection. 

Intertoll Trunks. The inserted connection loss design objectives for 
intertoll trunks are shown in Figure 1-5. The trunks that require 
echo suppressors are certain regional center-to-regional center trunks 
and the interregional high-usage and full groups more than 1850 
miles long. 
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Figure 1 -5. Trunk losses with VNL design. 

Toll Connecting Trunk8. In previous discussion, the theoretical de
sign loss was indicated to be VNL + 2.5 dB for toll connecting trunks. 
The inserted connection loss objectives for toll connecting trunks are 
shown in Figure 1-5. 
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If an interregional toll connecting trunk is more than 1850 miles 
long, it should be equipped with an echo suppressor and operated at 
an inserted connection loss of 3.0 dB. 

En.d Office Toll Trunks. The inserted connection loss design objec
tive for end office toll trunks between class 5 offices is VNL + 6.0 dB 
with a maximum of 8.9 dB. 

Through and Terminal Balance. In the development of VNL design, the 
only reflections considered to be significant from an echo and singing 
standpoint were those at the class 5 offices. There are no intermediate 
echoes if the entire connection between class 5 offices including the 
switching paths is four-wire. However, most class 4 offices and many 
control switching points employ two-wire switching systems as shown 
in Figure 1-6. At two-wire offices, special procedures must be imple
mented to reduce reflections to a point where they approximate the 
equivalent of four-wire operation. Also, at four-wire switching offices, 
reflections caused by two-wire toll connecting and switchboard trunks 
must be controlled. 

CLASS FOUR-WIRE TWO-WIRE 

1 10 0 
2 63 3 
3 89 126 
4 16 755 

Figure 1 -6. Approximate number of Bel l  System tol l  switching offices, 
January 1 ,  1 977. 

In order to achieve the above objective, through balance is re
quired at two-wire control switching points when intertoll trunks are 
switched together for through connections. Also, terminal balance 
is required at all switching offices, two-wire or four-wire, when an 
intertoll trunk is switched to a toll connecting trunk. 

Through Balance at Two-Wire CSPs. All intertoll trunks must be 
provided on four-wire facilities. At two-wire control switching points, 
four-wire terminating sets are used to convert these trunks to 
two-wire for switching. On a connection of two intertoll trunks 
through a two-wire control switching point, reflected currents arise 
due to the imbalance between the impedances of the balancing net
work and the two-wire side of each four-wire terminating set. This 
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two-wire impedance is the two-wire input impedance of the other 
four-wire terminating set involved in the connection as modified by 
the office equipment and cabling. By adding a single value of capacit
ance across each four-wire terminating set balancing network in the 
office and equalizing the capacitance of office cabling for all through 
connections, through balance adequate for VNL operation of all trunks 
can be achieved. 

Terminal Balance. The balance at the point where an intertoll trunk 
is switched to a toll connecting trunk is called terminal balance. 
Generally, it is the balance between a four-wire terminating set 
balancing network and a toll connecting trunk appropriately termi
nated at the class 5 office. Terminal balance improvements are made 
by adjustment of the toll connecting trunk impedance so that it more 
closely resembles the relatively fixed impedance of the four-wire 
terminating set network. In addition, at two-wire offices, the effects 
of office cabling must be treated in a manner similar to that used for 
through balance. The procedures and requirements for terminal 
balance testing fall into two major categories, those for two-wire and 
those for four-wire toll connecting trunk facilities. 

Matching Office Impedance. With the exception of a few isolated 
cases, the switching office impedances used in the Bell System are 
900 ohms for all class 5 offices and 600 ohms for all toll offices. One 
exception is notable. The impedance used for No. 5 crossbar tandem 
offices is 900 ohms. These impedance values do not reflect actual central 
office switching equipment impedances but are standard values based 
on average impedances of trunk and subscriber facilities connected to 
the office. 

Trunk impedances must match both local and toll office impedances 
in order to meet terminal balance requirements. At class 1, 2, 3, and 
4 offices, all intertoll and toll connecting trunks must be designed to 
the common office impedance. At class 5 offices, incoming and outgoing 
trunk circuits must be designed to match a compromise value of 
impedance, 900 ohms, representing a nominal value for subscriber 
loop facilities. 

Fixed Loss Plan. With the introduction of digital switching machines 
and their integration with digital transmission facilities, the loss plan 
for the switched message network is to be modified so that a fixed 
6-dB loss will be specified for all toll connections. In this fixed loss 
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plan, each toll connecting trunk is allocated 3 dB of loss and each 
intertoll trunk is to to operated at 0-dB loss. These loss objectives 
are to be applied to the ultimate all-digital network ; during the 
transition from the predominantly analog network to the ultimate 
digital network, compromise loss objectives will be applied [2] . 

Transmission Requirements for a Control Switching Point 

For an office fully to qualify as a control switching point from a 
transmission standpoint, the following requirements must be met : 

( 1 )  All intertoll trunks terminating in the control switching point 
must be designed for VNL. 

(2)  All toll connecting trunks must be designed to VNL + 2.5 dB. 

(3) Terminal balance objectives must be met and verified by actual 
measurement on all toll connecting trunks. 

( 4) For two-wire control switching points, through balance re
quirements must be met by actual measurement on all intertoll 
trunks. 

Maintenance Considerations 

In the development of the VNL plan, only a small variation of 
trunk losses from assigned values was considered. In order to meet 
all the requirements of the VNL plan, a trunk should not be placed in 
service unless it meets all of the applicable circuit order requirements ; 
tests should be performed at sufficiently frequent intervals to assure 
that transmission difficulties are detected before they can have signifi
cant effect on network performance. In addition, troubles found by 
tests and investigations should be corrected promptly. Otherwise, 
consideration should be given to removing the trunk from service 
until remedial measures can be taken. 
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Chapter 2 

Metropol itan Network Plans 

All Bell System companies have metropolitan areas comprising com
plex trunk and switching networks. These networks are complex 
because of the number of end offices to be interconnected, the volumes 
of point-to-point traffic loads to be carried, and the possible special 
routings required for call accounting, number identification, operator 
assistance, and signalling conversion. Also, many end offices are not 
equipped for alternate routing, especially those utilizing step-by-step 
switching machines. 

The substantial communication requirements of large metropolitan 
areas and the variety of interlocal trunking arrangements in use have 
prompted recommendations for standard metropolitan networks for 
general use in the Bell System. Requirements for economy and better 
service under unusual traffic load conditions and the availability of 
switching systems capable of providing regulated alternate routing 
(dynamic overload control ) were motivating factors in the develop
ment of this recommendation. The standard arrangement, called the 
multialternate routing (MAR) arrangement, has the following general 
characteristics : 

( 1 )  Multistage automatic alternate routing 

(2)  Multitandem switching in the final route 

( 3) Optional integration of local and toll traffic 

( 4) The use of a high volume or directional tandem office where 
needed to augment the basic network. 
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Studies must be made to anticipate the characteristics of a metro
politan network when the component switching machines are all 
capable of common control operation. Strategies must be developed 
for growing into this future network by using time intervals short 
enough to reflect the variable cross-section requirements, etc. Capital 
and expense requirements should be developed for each plan for 
comparison purposes. 

In the future, the networks will evolve from the existing step-by
step and locally configured common control networks to the recom
mended MAR plan. However, the transition process adds additional 
complexities to the planning and network job. For example, in the 
case of a network which has a mix of common control and noncommon 
control central offices, the evolution of the existing network to the 
recommended network may not be linear. As the common control 
switching machines are installed and alternate routing capability is 
added, tandem capacities and trunk group sizes may exhibit highly 
variable characteristics. 

There are a number of metropolitan tandem arrangements in 
addition to the recommended MAR configuration. An understanding 
of call routing for each arrangement provides a background in metro
politan network trunk switching patterns. The three local and toll 
switching office combinations which use the recommended MAR ar
rangement have different but related transmission designs, each 
having slightly different performance characteristics. A full treatment 
of network planning and the reasons for all network changes is beyond 
the scope of this chapter. 

2-1 METROPOLITAN TANDEM NETWORKS 

A metropolitan area may be served by one tandem switching system. 
Where more tandem systems are required, the area may be subdivided 
into smaller areas called sectors. A sector is comprised of the serving 
areas of a number of end offices. These offices are not necessarily 
contiguous but offer a blend of traffic such that advantage can be 
taken of the noncoincidence of busy-hour local and toll traffic loads. 
Each sector is served by a tandem office, called a sector tandem, which 
is a local area .switching center used as an intermediate switching 
point for traffic between other offices. The interconnecting trunks 
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used in these networks may be operated as one-way or two-way 
trunks ; i.e., address signalling from the originating station toward 
the called station may be in either one or both directions. Four types 
of trunks are used in the local networks : direct trunks, which inter
connect end offices ; tandem trunks, which connect end offices to 
tandem offices ; inteTtandem trunks, which interconnect tandem offices ; 
and toll connecting trunks. 

There are special local conditions where network configurations 
other than the MAR arrangement have service or economic ad
vantages. In addition, it may be appropriate for the arrangement of 
a specific network to use two or more configurations. This is inevitable 
in metropolitan networks which are in the process of planned change 
from one type of configuration to another. Nevertheless, the MAR 
should be considered the ultimate objective arrangement in network 
planning. Several tandem network configurations are capable of 
automatic alternate routing and thus lend themselves to eventual 
conversion to the double tandem arrangement. These include the 
single tandem sector-originating network, the single tandem sector
terminating network, and the central tandem system. 

Single Tandem Sector-Originating Network 

In the sector-originating network, shown in Figure 2-1,  the metro
politan area is sectored either geographically or on a traffic basis. 
Traffic originating in an end office, EO A, is routed directly to the 
called office, EOB, on a direct high-usage trunk group if there is such 
a group. Overflow traffic is routed to home sector tandem TlA. Where 
there is no direct high-usage group, all traffic is routed to TlA. Each 
sector tandem has final one-way trunk groups to all end offices in 
the metropolitan area, including the offices in its sector. 

The relative efficiencies of the trunk groups to and from the sector 
tandem result in a smaller number of trunks operating into the 
tandem office than outward. A self-regulating effect is thus provided 
under severe overload conditions when excess call attempts are held 
at the originating end offices ; calls that reach the tandem office then 
have a reasonable chance for completion. This effect and the fact that 
the sector-originating network adapts more readily and inexpensively 
to dynamic overload control arrangements make this network pref
erable to the sector-terminating and central tandem networks. 

TCI Library: www.telephonecollectors.info



24 The Message Network 

e 
• 

Tandem office 
Tl Sector tandem 
T2 High volume or 

directional tandem 

End office 

- - - - High-usage trunk group 

Final-route trunk group 

Sector A Sector B 

I 

+----

Vol. 3 

� � 

EOa 

Figure 2-1 .  Call-routing for single tandem sector-originating network. 

Single Tandem Sector-Terminating Network 

In the sector-terminating network of Figure 2-2, the tandem office 
switches traffic inward to the end offices within its sector. Each sector 
tandem has final one-way trunk groups from each and every end 
office in the metropolitan area. Traffic originating in EOA for EOs 
is routed via a direct high-usage group if there is one, and the final 
one-way trunk groups carry the overflow. If there is no high-usage 
group, all traffic is routed to EOs through tandem Tls. 
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Figure 2-2. Call-routing for single tandem sector-terminating network. 

Central  Tandem System 

25 

In the central tandem alternate routing system of Figure 2-3, a 
single central tandem office has final trunk groups ( usually one-way) 
to and from each end office in the entire metropolitan area. The area 
is sectored and each sector tandem has final groups to the end offices 
in its sector. The sectors may be divided into subsectors, each of 
which is served by a tandem office having final groups to the end 
offices in the subsector. In most cases, this configuration uses a single 
central tandem with no sector or subsector tandem offices. 

Routing of traffic is determined by traffic volumes offered and the 
cost ratios involved. As shown in Figure 2-3, the first possible route 
is a high-usage group direct to the called office. The second and third 
possible routes are via high-usage groups to the subsector tandem 
and sector tandem, respectively. The final route is established via the 
central tandem. 

Multia lternate Routing Network 

In the MAR network, each sector tandem has final routes to and 
from each end office within its sector. Final intertandem trunk groups 
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Figure 2-3. Call-routing for central tandem system. 

using four-wire voice-frequency or carrier facilities interconnect the 
tandem offices. High-usage groups may be established to or fron1 a 
sector tandem to end offices outside its sector, as illustrated in 
Figure 2-4, by the connections from EOA to Tls and from TlA to EOs. 
The four possible routings are shown in the figure. 

As previously mentioned, the MAR network configuration is recom
mended as the basic network for future planning for the larger 
metropolitan areas. · n  should be recognized that a gradual transition 
to this type of network from other network designs is feasible. Some 
advantages of the :MAR over the other networks are lower cost, more 
even distribution of traffic under distorted overload conditions, simpler 
application of dynamic overload control features, more adaptability 
to changes in toll to local calling patterns, more flexible routing, and 
superior ability to utilize available capacity throughout the network. 

Since each end office in a metropolitan area has final toll connecting 
trunk groups to a toll switching office, it is possible to combine :metro-

TCI Library: www.telephonecollectors.info



Chap. 2 Metropolitan Network Plans 

Sector A � ---. Sector 8 

Fourth and final route 

Note: Symbols are same as in 
Figure 2-1 .  

Figure 2-4. Cal l-routing for MAR network. 
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EO a 

politan area traffic with the toll traffic on these groups. This is readily 
accomplished in the MAR arrangement by having a class 4 toll office 
also perform the local sector tandem switching function as illustrated 
in Figure 2-5. 

2-2 TRANSMISSION CONSIDERATIONS 

The MAR network is a highly flexible configuration that can be 
used as a local trunk network, a combined local and toll connecting 
network, or a mixed local and toll switching network. Each of these 
arrangements of the basic plan is acceptable ; however, the trans
mission requirements, although generally consistent, do vary with 
each configuration. 

General Network Requirements 

The following general requirements for satisfactory transmission 
performance apply to each of the three arrangements : 
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Figure 2-5. Combined toll/tandem arrangement for MAR network. 
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(1)  There may be no more than three trunks in any connection 
between end offices. 

(2) The distance between extreme points in the metropolitan serv
ing area should not exceed about 150 route miles. This guide
line is selected to ensure that round-trip delays in excess of 
10 milliseconds on 3-link connections are rarely exceeded. 
Beyond these limits, echo would become a problem. When 
metropolitan networks must cover larger serving areas, sector 
tandems and higher ranking tandems must comply with mes
sage network toll transmission requirements (i.e., toll con
necting and intertoll trunking as well as through and terminal 
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balance certification) .  The round-trip delay expected in a given 
network connection depends on the types of facilities en
countered. 

Consider a 3-link connection consisting of two tandem trunks 
and one intertandem trunk. If each sector tandem is permitted 
to serve a 15-mile radius on H88 loaded cable facilities (0.187 
ms per mile round-trip delay) , the two tandem trunks con
tribute the following maximum delay : 

2 X 15 X 0.187 == 5.6 ms round-trip delay. 

If the intertandem facility is N3 carrier, which has a round
trip delay of 2.3 ms per pair of terminals and 0.0185 ms per 
mile of line, the maximum allowable length of the intertandem 
trunk for a 3-link connection is : 

[10 - (5.6 + 2.3) ] /0.0185 == 113 miles. 

The overall route length of the 3-link connection for this 
example is close to the maximum of 150 miles. 

(3)  Combined toll/tandem installations must meet through and 
terminal balance objectives applicable to toll offices. Although 
the combined toll/tandem is actually a through switching 
center, toll office through balance requirements may not have 
been specified in older offices since the less stringent terminal 
balance requirements of Figure 2-6 meet echo and stability 
objectives for metropolitan networks of limited size. As a re
sult, existing installations which do not meet through balance 
objectives may be used in these networks. 

( 4) Intertandem trunks terminating in a two-wire toll switching 
office that acts as a tandem office should have their network 
building-out (NBO) capacitors adjusted to the same value as 
the capacitors used with intertoll trunks in the same office. 

( 5) Intertandem trunks should use four-wire facilities and trunk 
circuits and signalling equipment that meet toll requirements. 

(6)  Precision balancing networks should be used in the four-wire 
terminating sets of two-wire trunks terminated in four-wire 
tandem offices. Also, compromise balancing networks should be 
used in the four-wire terminating sets of four-wire trunks 
terminated in two-wire tandem offices. 
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Figure 2-6. Balance test requirements for two-wire combined toll/tandem office. 

Local Networks 

Figure 2-7 shows a network consisting of local trunks only ; the 
inserted connection loss (ICL) objectives are also shown. One ad
vantage of this network is that the local tandem trunks do not require 
terminal balance treatment at the sector tandem offices. However, 
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negative impedance repeaters on tandem trunks should be located at 
the end office or at an intermediate office to obtain the best possible 
return losses at the sector tandem offices. 

Combined Local and Tol l  Connecting Networks 

It was previously pointed out that from a call-routing standpoint 
there is a possibility of combining local and toll traffic on the toll 
connecting trunk groups. From a transmission standpoint, the · same 
possibility exists. The ICL objective for toll connecting trunks is 
VNL + 2.5 dB or, for trunks shorter than 200 miles, 2.0 to 4.0 dB 
without gain or 3.0 dB with gain or carrier. These objectives fall 
within the range for local tandem trunks (0.0 to 4.0 dB ) .  Conse
quently, class 4 toll offices would also be used as the sector tandem 
offices in the MAR network, as shown in Figure 2-8. The switching 

/ 
/ 

/ 

lntertandem trunk (4-wire) 
ICL design 1 .5 dB 

/ 
/ 

/ 

Tandem trunks 
ICL design 
0 to 4.0 dB without gain, 
3.0 dB with gain 

- - -\::-ct-=k-- -- -- -- -- --
ICL design 
Without gain, 0 to 5.0 dB 
With gain or carrier, 3 dB 

preferred, 5 dB acceptable 

Figure 2-7. Metropolitan local trunk network. 

EOs 
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Figure 2-8. Transmission design of combined tol l/tandem trunk g roup network. 

machines in these offices must be capable of switching either local or 
toll traffic. The toll connecting trunks are also used as intrasector 
tandem trunks. In order to compensate for the slightly higher average 
loss of the toll connecting trunks, the intertandem trunks are operated 
at 0.5 dB loss, which is feasible because of adequate terminal balance 
of the toll connecting trunks. 

Mixed Local and Toll Connecting Networks 

The network shown in Figure 2-9 is a mixture of a local network 
and a combined local and toll connecting network. Two types of 
switching are p·erformed. Sector tandem TlA switches local traffic 
while the combined toll/tandem · office switches both local and toll 
traffic. Trunks from the end office to the sector tandem meet tandem 
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EOs 

trunk requirements ; .  trunks from the end office to the toll center must 
meet toll connecting trunk requirements. Intertandem trunks termi
nating at the toll center operate with an inserted connection loss of 
0.5 dB. 

Expected Network Performance 

The transmission performance of the local network and the com
bined local and toll connecting network have been analyzed to evalu
ate grade of service. The local network was evaluated for two values 
of inserted connection loss for the intertandem trunks : 0.5 dB, which 
may be in use in some networks but is not now recommended, and 
1.5 dB, which is the recommended value. The parameters used in the 
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analysis were talker echo, singing point stability, noise/volume grade 
of service, loss/noise grade of service, and loss contrast. 

In Figures 2-11, 2-12, and 2-13, where the results of the analysis 
are shown, the networks are designated as follows : 

LOCAL NETWORK 

Intertandem ICL = 0.5 dB 

Intertandem ICL = 1.5 dB 

Combined local and toll connecting network 

DESIGNATION 

A 

B 

c 

Loss. In the analysis, loss distributions for the various trunk types 
were based on Bell System survey data. The distributions are normal 
and the standard deviations include design and maintenance effects. 
Figure 2-10 shows the mean, 11, and standard deviation, u, for each 
trunk category. 

TRU NK CATEGORY . JL• dB u, dB 

Intertandem trunks : 

Networks A and C 0.5 1 .0 

Network B 1.5 1.0 

Intersector tandem trunks 3.0 1.1 

Intrasector tandem trunks 2.5 1.4 

Direct trunks 4.0 1.5 

Loops 3.5 1.5 

Toll connecting trunks 3.4 1.1 

Figure 2-1 0. Loss distributions for various trunk types. 

Talker Echo. The trunk loss design is established to ensure satis
factorily low talker echo on at least 99 percent of all connections 
having the maximum delay. The talker echo performance of the three 
networks was calculated for the longest estimated delays. These calcu
lations made use of the subjective talker echo tolerances that were 
used in deriving the VNL plan. The results indicated satisfactory to 
excellent performance on all connections. 

Singing Point Stabil ity. The singing point stability objective is a 
singing margin of 10 dB or more for at least 95 percent of all con
nections. The most unstable situation observed in the three networks 
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analyzed involves an intertandem trunk used in a 3-link connection. 
The estimated singing margin distributions for 3-link connections 
and the margin achieved in 95 percent of the cases are given in 
Figure 2-11. 

NETWORK 

PARAMETERS A B c 
Mean 15.0 17.0 23.0 

Standard deviation 4.2 4.2 4.2 

Margin in 95 % of cases 8.1 10.1 16.1 

Figure 2- 1 1 .  Singing margin in dB for intertandem trunks in 3-link connections. 

Noise/Volume Grade of Service. A grade-of-service rating based on 
received noise and speech volume was computed for the three net
works by using distributions based on Bell System survey data. The 
objective grade of service is 95 percent of all calls rated good or 
better. The results, shown in Figure 2-12, indicate that all networks 
satisfy the objective. This method of determining the grade of service 
is no longer used ; the results are given to illustrate the results of 
early performance evaluations. The method of analysis now used is 
one involving the evaluation of loss/noise grade of service. 

NUMBER OF L INKS 
NETWORK 

IN CON N ECTION A B c 
1 95.7 95.7 95.7 
2 94.4 94.4 93.7 
3 94.4 93.5 92 .6 

Overall* 95.3 I 95.2 94.9 

*Based on 70% one link, 20 % two links, 7% three links. 

figure 2- 1 2. Received noise and speech volume grade of service, percentage of 
calls rated good or better. 

Loss/ Noise Grade of Service. An analysis of the three networks . was 
made by using the loss/noise grade-of-service measure of transmis
sion quality. While the absolute percentages for the various numbers 
of links are somewhat different from the corresponding percentages 
for received noise/volume grade of service, the results indicate that 
the loss/noise ratings showed little difference among the three 
networks. 
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Contrast. Contrast is defined as the difference in loss between suc
cessive calls through a network. Experience indicates that where 
these differences are less than about 5 dB and other transmission 
parameters are reasonably good, contrast creates little difficulty. An 
analysis of  the probability of  contrast less than 5.0 dB was performed 
on the three networks on an overall connection distribution basis of 
70 percent one link, 20 percent two link, 7 percent three link, and 
3 percent four link. To eliminate the effect of loss variations in loops, 
a fixed value of 2.5 dB was assumed. The results indicate that the 
probability in percent of contrast less than 5 dB is 95.5, 93.6 and 92.0 
for networks A, B, and C, respectively. 

Performance Summary. On the basis of the five parameters analyzed, 
it can be concluded that the networks designated B and C (also shown 
in Figures 2-7, 2-8, and 2-9 ) perform satisfactorily from a transmis
sion standpoint. However, network A is somewhat deficient in terms 
of echo and singing margin performance on 3- and 4-link connections. 
As a result, it is recommended that intertandem trunks used in local 
networks segregated from the DDD network be designed with an 
inserted connection loss of 1 .5 dB. 
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Section 2 

Customer Loops 

Loops are used for connections between customer locations and 
local offices. They are the end links for message network service and 
for many special services. The loop is an important link in every con
nection because many loop transmission impairments, such as noise 
or high loss, affect every call and total loop failure isolates the stations 
connecting to it. 

Initially, the loop was simply a pair of wires selected to provide 
adequate transmission and signalling within the area served by a 
central office. In urban and suburban areas, cable pairs are now used 
almost exclusively, while in rural areas, some open-wire lines using 
steel or copper conductors are still used. Increases in construction 
costs, customer movement, the cost of copper, and the demands for 
improved transmission and higher reliability have forced many 
changes in loop plant technology, design methods, and outside plant 
administration. Increased signalling range of central offices, higher 
performance station sets, increased use of inductive loading, and the 
application of electronics permit the use of finer gauge cable than 
was heretofore possible. 

Long route design, which involves the use of circuits that provide 
signalling range extension and voice-frequency gain, also permits the 
use of finer gauge cable for loops serving rural areas. Single channel 
and multichannel analog subscriber carrier systems are used in
creasingly for deriving additional loop facilities on a single cable 
pair, both as a temporary solution when additional physical pairs 
are not available and as an economic alternative for providing perma
nent service. Concentrator switching systems are also being used to 
provide for the more economical use of the loop plant. The subscriber 
loop multiplexer system and the digital subscriber loop carrier system 
provide additional economic alternatives for upgrading and growth, 
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especially in rural areas, often with improved transmission perfor
mance relative to long voice-frequency cable facilities. 

Chapter 3 characterizes the loop plant and reviews the associated 
engineering problems. Statistical data derived from Bell System loop 
surveys are summarized and the more important physical charac
teristics and distributions of transmission parameters that can be 
expected in the loop universe are highlighted. The chapter concludes 
with a discussion of the Outside Plant Plan that has evolved to permit 
more efficient engineering of the outside plant and to permit con
tinued control of the transmission characteristics of loops. 

Maximum loop lengths are limited in many cases by transmission 
considerations but there are many other considerations that may also 
limit loop lengths. These include the transmission of de power, control 
and supervisory signalling, ringing, and ring tripping, all of which 
are discussed in Chapter 4. 

Transmission considerations involved in the provision of loops using 
the present methods of resistance design, unigauge design, and long 
route applications are covered in Chapter 5. The distributions of 
transmission parameters attainable by these methods are analyzed 
from the standpoint of their effects on overall voice and data message 
network service. Brief reference is also made to supplementary con
siderations for various special services, where appropriate. However, 
detailed design criteria for the loop portions of such services are 
discussed in subsequent chapters relating to special services. 
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Customer Loops 

Chapter 3 

Loop Plant Characteristics 

Since loops are integral portions of every connection, whether 
through the message network or as part of a dedicated channel or 
network, a knowledge of loop plant characteristics is required to 
establish interrelated criteria for other network or channel com
ponents. Periodic surveys are taken in the Bell System to determine 
the nature of the loop plant and to evaluate important trends in the 
various physical and electrical characteristics that might influence 
future design and administrative planning. 

Characterization resulting from a loop survey is broad in nature 
and is not necessarily valid for small segments of the total loop plant. 
The topography of one wire center serving area may differ sharply 
from another and from the average. Without treatment, some wire 
center distributions would not provide the desired overall loop trans
mission characteristics, especially in rural areas. However, each de
sign method presently in use provides the flexibility to accommodate 
topographical differences and to achieve a distribution of transmission 
parameters that meets loss and noise requirements. 

The evolution of design and construction practices may also have 
influenced the actual distributions found, since many wire center 
serving areas may contain some plant placed according to earlier 
design methods. For example, prior to 1950, loop design was based on 
an "effective loss limit" for each local office. The limit was determined 
for each local office by loop and trunk studies in which compromises 
were made between loop and trunk losses. This method was replaced 
by the resistance design plan, which provides a uniform set of design 
criteria for all offices. However, existing routes, originally designed 
according to the effective loss method, may still contain a significant 

39 TCI Library: www.telephonecollectors.info



40 Customer Loops Vol. 3 

percentage of loops at or near the limiting loss value ; these loops 
may tend to skew the overall loss distribution in the high direction. 
These situations are gradually corrected by applying more modern 
design methods as such routes are extended or enlarged, or as the 
older cables are replaced. However, in areas which have experienced 
little or no growth, some of the earlier plant may still remain. 

3-1 OUTSIDE PLANT ENGINEERING 

The provision of outside plant facilities requires the application of 
engineering skills to the solution of problems involving the economical 
and efficent layout and utilization of cables. At the same time, these 
facilities must be capable of rendering customer satisfaction in terms 
of signalling, supervision, and high transmission quality for a wide 
variety of telecommunication services. 

As demands for service have increased and expenditures have risen 
to satisfy these demands, new concepts and administrative procedures 
have been introduced for engineering and construction of plant. 
Multiple plant design, dedicated or permanently connected plant, and 
the serving area concept have been coupled with increased use of 
electronics and improved equipment designs. These approaches are 
combined to help solve the loop plant engineering problems. 

Changing Patterns of Telephone Usage 

Population growth, the changing pattern of population distribu
tion, and the general increase in affluence have brought an unpre
cedented demand for telecommunication services and a concomitant 
need for facilities. The growth in service is notable, but even more 
notable is the fact that for a net gain of one telephone station, about 
ten stations must be installed ; i.e., for each station gained, eight or 
nine others must be installed to accommodate residential or business 
moves. The necessity for providing loop facilities in such a situation 
presents many difficult engineering problems. 

In addition to population growth and mobility, there has been an 
increase in the percentage of households that desire service (now in 
excess of 90 percent) and in the percentage desiring individual in
stead of party line service. These factors also increase the needs for 
additional loop facilities. 
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Evolution of Designs 

The outside plant provides a signalling and voice transmission path 
between a central office and the station set. This is usually accom
plished over pairs of metallic conductors bundled in a cable. Distribu
tion cables provide facilities in local residential and business areas. 
Cable sizes are chosen to provide for the maximum service expected 
to evolve within the area under existing land usage and zoning plans. 
Distribution cable pairs are connected to the central office through 
larger branch feeder and main feeder cables. 

While the geographical arrangement of streets, the ease of pro
viding for growth, and protection from construction activity all in
fluence the layout of feeder routes, the shortest distance from the 
central office to a customer location is generally the basis for most 
feeder route layouts. However, in certain circumstances the most 
economical route is other than the shortest ; it may be determined by 
studies that involve the determination of equal cost boundaries within 
a fairly large area. The resulting arrangements in either case gen
erally meet transmission requirements with the most economical use 
of cable conductors. 

Multiple P lant Design. The multiple plant design concept, which 
evolved before the increased demand for individual service, provided 
for splicing two or more distribution cable pairs to the same feeder 
cable pair. This procedure had the advantage of allowing a minimum 
number of feeder pairs to furnish a large amount of party line service, 
as illustrated in Figure 3-1. Addition of multiple plant feeder cables 
necessitated cable pair transfers to provide relief to distribution 
cables. Line and station transfers at the multipling location were 
necessary to achieve high fills in the feeder plant. Although multiple 
plant design is generally not the first choice for new plant, it still has 
applications in areas where growth patterns are uncertain. Further
more, a large proportion of existing plant was installed when multiple 
plant design was standard. 

Dedicated Outside Plant Design.  When it became apparent that multi
ple plant design was uneconomical for increased service needs, the 
dedicated outside plant plan was introduced. It provides for the per
manent assignment of a cable pair from the central office main frame 
to each residential or business location not requiring PBX or key tele
phone service. Once dedicated, the cable p.air remains assigned to the 
original location whether service is being rendered or not. Permanent 
assignment makes possible the elimination of multiple branches in 
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Figure 3-1 .  Multiple plant design. 

the feeder and distribution network, thereby practically eliminating 
line, station, and cable pair transfers. Under this plan, all party line 
stations are bridged at the central office main frame ; bridge lifters 
are used to control transmission discontinuities arising from excessive 
lengths of bridged tap. 

Connection devices, located at control and access points, are in
stalled to provide flexibility in the assignment of spare pairs. 
Figure 3-2 shows a comparison of one cable pair connection in a 
multiple plant design to that in a dedicated plant design. The dotted 
lines indicate the pairs which are idle and reassignable in the dedi
cated plant design plan but which are permanently connected bridged 
taps in the multiple plant design. 

Under the dedicated outside plant plan, reductions in cable pair 
rearrangements result in cost savings and a decrease in man-made 
troubles. Many bridged taps are also eliminated, as can be seen in 
Figure 3-2. While the dedicated outside plant concept remains valid, 
anticipated cost savings have often not been realized because of com
plicated record administration and the wiring complexities at the 
control and access points. As a result, it has largely been superseded 
by the serving area concept. 
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Station 

Serving Area Concept. Portions of the geographical area of a wire 
center may be divided into discrete serving areas to be administered 
under the serving area concept. The outside plant within the confines 
of the serving area is known as the distribution network. It is con
nected to the feeder network at a single interconnection point called 
the serving area interface. Figure 3-3, a typical configuration for the 
serving area concept, illustrates the use of the single interface. All 
pairs at the input and output of the interface are terminated on con
necting blocks which provide the single point of interconnection 
between the feeder and distribution pairs. 

The concept provides for the expansion of permanent and reas
signable services, yet minimizes future rearrangements ; it simplifies 
and reduces engineering and plant records necessary to design, con
struct, administer, and maintain outside plant ; it improves and 
reduces maintenance activities in terminals and enclosures ; and it 
improves transmission by minimizing bridged taps. 

The interface also allows investment economies to be realized by 
separating the distribution and feeder facilities. For example, dis
tribution facilities may be provided to serve the ultimate needs of 
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Figure 3-3. A simplified configuration of the serving area concept. 

the area, whereas the installation of feeder facilities can be deferred 
until needed. 

When administered under the serving area concept, distribution 
cables are selected to provide a minimum of two cable pairs to each 
anticipated residential unit ; these pairs are permanently wired to 
the serving area interface. The optimum size of each serving area, 
in the range of 200 to 600 residential units, is determined by geograph
ical constraints and predicted population density. In areas where 
growth is uncertain, reassignable plant can be built and converted to 
the serving area concept as growth characteristics become apparent. 

Operating expense for the serving area concept is less than for the 
dedicated outside plant plan because of better designed equipment 
and simplicity of record maintenance. The provision of at least two 
distribution pairs per residential unit increases the cost of the cable 
network but this cost is offset by higher average feeder cable utiliza
tion and reduced station connection and repair costs. The serving area 
concept also provides benefits by reducing the need for making station 
connections in areas where PhoneCenter Stores, at which telephone 
sets may be selected by customers for plug-in installation, have been 
established ; i .e., there is a higher probability that a loop pair can be 
provided without delay. 

Administration of the Local Cable Network. Since the introduction of 
the serving area concept, procedures have evolved to provide for the 
administration of local cable networks and to specify the application 
of various designs discussed. Each design has one or more adminis
trative methods associated with it. 
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When multiple plant design is used, feeder and distribution cable 
pairs may be flexibly reassigned as changes are required. In addition, 
pairs may be reassigned 60 days after release from a previously 
assigned address. These two features are called reassignable and 
connect-through methods of administration, respectively. 

The permanently connected plant method of administration is used 
predominantly with dedicated outside plant design. In this method, 
a cable pair is permanently connected from the central office to each 
residential unit. 

The single interface design may be administered by reassignable, 
connect-through, or permanently connected plant methods. As pre
viously mentioned, the single interface is an integral part of the 
serving area concept and provides a portion of the savings achieved 
because of its inherent flexibility. Due to this flexibility, single inter
face design and the serving area concept are attractive for new cable 
extensions and the conversion of existing multiple plant design. 

Outside Plant Engineering Functions 

With changes in customer usage, many new combinations of design 
and administration have been introduced. Other factors have also 
produced changes in outside plant engineering. Technological changes 
in the building industry have shortened the time available to provide 
facilities for service to new buildings. The use of electronic computers 
has increased the amount and accessibility of data necessary to 
optimize expenditures. Rapid growth combined with multiple plant 
design has resulted in very complex feeder route configurations. 

The administration of the outside plant requires that an Outside 
Plant Plan be prepared and kept up-to-date and that the construction 
budget be prepared regularly. The Outside Plant Plan is completely 
restructured only when the validity of the existing plan is seriously 
in doubt. Many computer programs are available to provide aid in the 
analysis and development of an Outside Plant Plan and an optimum 
budget. Available are the Air Pressurization Analysis Program 
(AIRPAP) ,  the Economic Alternative Selection for Outside Plant 
( EASOP ) program, a number of versions of the Exchange Feeder 
Route Analysis Program ( EFRAP) with supplementary programs 
such as the Time-Share Cable Sizing (TICS) program, the Loop 
Carrier Analysis Program ( LCAP ) , the Long Feeder Route Analysis 
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Program (LFRAP) ,  the Long Route Economic Study (LORES ) pro
gram, and many more. 

Additions to outside plant facilities must conform with the Outside 
Plant Plan and should agree with company objectives and long range 
plans for the provision of permanently connected plant, out-of-sight 
plant, etc. Coordination is necessary to ensure scheduling compati
bility with major undertakings, such as central office cutovers and 
area transfers. 

3-2 PHYSICAL CHARACTERISTICS OF LOOPS 

Comprehensive surveys of loop facilities were conducted in 1960, 
1964, and 1973 [1, 2, 3] . The results of such surveys are used to char
acterize the loop plant in studies of costs and performance. In the 
1964 and 1973 surveys, random samples of 1100 main station loops 
were selected for analysis from the universe of all existing loops. In 
the 1964 survey, an additional random sample of 955 loops was 
selected from all loops more than 30 kilofeet long to provide what 
is known as the long loop survey. Official telephone lines, dial tele
typewriter exchange lines, and special service lines were excluded 
from these samples. Survey results are valuable in characterizing the 
plant at the time they are made and also show, by comparison of 
results, the trend of changes in various characteristics. 

A typical loop survey includes detailed information on loop lengths, 
bridged tap lengths, wire gauges, type of construction, and type of 
service provided. Cumulative distributions of loop length, total bridged 
tap lengths, and wire gauges from recent loop surveys are given in 
Figures 3-4, 3-5, and 3-6. Distributions of types of construction and 
type of service from the survey of 1973 are given in Figures 3-7 and 
3-8, respectively. The .sampled loops of Figures 3-6, 3-7, and 3-8 
were inspected at intervals of 1000 feet, starting at the central office, 
to evaluate the composition of loop plant as a function of distance. 
For example, Figure 3-6 shows that in 1964 40-kilofoot loops were 
generally made up of complex combinations of wire types and 
gauges ; they contained, on the average, 22 percent 22-gauge wire 
pairs, 58 percent 19-gauge wire pairs, 17 percent steel open-wire pairs, 
and 3 percent open-wire pairs of copper and copper-steel composition. 

The mean loop length was found to be 10.3 kilofeet in the 1960 
survey, 10.6 kilofeet in 1964, and 1 1.4 kilofeet in 1973. Even though 
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Figure 3-4. Distribution of loop lengths. 

only about 4 percent of all loops exceeded 30 kilofeet in 1964, there 
was demonstrated a trend toward longer loops that is quite significant 
in terms of economic impact. Costs for long loops are proportionately 
much higher than costs for short loops where equivalent transmission, 
signalling, and supervisory performance is provided. The development 
of various long route design applications now available was to a large 
extent stimulated by economic considerations. 

Survey results indicate that the use of inductive loading is in
creasing. Care must be taken in applying loading to avoid the intro
duction of loading errors which may reduce the benefits of lower 
losses and are also violations of loop design rules. The use of inductive 
loading and the application of a number of auxiliary systems and 
equipment are summarized in Figure 3-9. 
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Figure 3-5. Distribution of bridged tap lengths in loop plant. 

3-3 LOOP TRANSMISSION CHARACTERISTICS 

Vol .  3 

20 

In the 1964 loop survey, transmission performance data were de
veloped by deriving equivalent T networks from information supplied 
on loop records. These networks were then analyzed for transmission 
performance. In addition, insertion loss measurements were made at 
1, 2, and 3 kHz ; de resistance, noise, and crosstalk were also measured. 
The analysis process was repeated in 1973 but measurements were not 
made because measured and computed values agreed so well in the 
earlier survey. 

I nsertion loss 

The cumulative distributions of insertion losses at 1, 2, and 3 kHz 
derived from calculated data in the general loop surveys of 1964 and 

TCI Library: www.telephonecollectors.info



Chap. 3 

Q) 
Q.. E 5! 
0 

Loop Plant Characteristics 

Open-wire 
(copper 

and 
copper-steel) 

� �����--����--�--�----���----+----+--� B � 
c • � 1 9  
� 40 .---t--t------lr-t----""'*---":-+---- gauge --+----+--�d-----il----""""1 

. 

0�--�--����----�--�----�--�=-��--�--� 

49 

0 1 0  20 30 40 50 60 70 80 90 1 00  

Distance from central office (kft) 

Figure 3-6. Distribution of wire types and gauges in loop plant. 

1973 are shown in Figure 3-10. In all cases, the terminating imped
ances were 900 ohms. The mean value of the measured 1-kHz loop 
insertion losses was 3.5 dB in 1964 and 3. 7 dB in 1973. About 95 per
cent of all loops had a 1-kHz insertion loss less than 8 dB in 1964 and 
98 percent in 1973. The 1973 distribution, modified to account for 
variations in station set transmitting and receiving efficiencies with 
loop current, is widely used in transmission studies to represent the 
insertion losses of loops. 

Comparison of the insertion losses in Figure 3-10 shows that the 
calculated values tend to be very nearly the same for both surveys 
with some increase in 1-kHz loss in 1973 relative to 1964. In general, 
the outside plant cable records for nonloaded loops were found to be 
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Figure 3-7. Distribution of loop construction types. 

sufficiently accurate to permit loop characterization by calculation 
but the same was not always true for recorded makeups on loaded loop 
facilities. 

Loop Resistance 

The comparison of measured and calculated loop resistances in the 
1964 survey showed no significant difference between the two sets of 
data. Note that about 98 percent of all loops had a resistance of 
1300 ohms or less. Figure 3-11 shows the distribution of loop resis
tances for the 1964 and the 1973 surveys. Note that loop resistances 
have generally increased with time. In 1964, the mean value of loop 
resistance was 57 4 ohms and in 1973, 646 ohms. 
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Approximate echo return loss data were obtained by calculating the 
return losses at five frequencies (500, 1000, 1500, 2000, and 2500 Hz) 
and determining the mean value. The calculated return loss is a 
measure of the departure of the impedance of the loop at the central 
office from a reference impedance consisting of 900 ohms in series 
with 2.16 JLF. The calculation assumes the far end of the loop is. 
terminated with the impedance of an off-hook 500-type station set. 
Figure 3-12 shows the cumulative distributions of echo return losses 
obtained in the 1960 and 1964 loop surveys. The 1973 survey results 
indicate that return loss performance is essentially unchanged since 
1964. While there is no stated echo return loss objective for loop 
plant, adherence to design rules should ensure an overall loop distri-
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PERCENTAGE OF LOOPS 

LOOP TYPES 
1 960 1 964 1 964 1 973 

GENERAL GENERAL LONG LOOP GENERAL 
SURVEY SURVEY SURVEY SURVEY 

Loaded loops - total 9.4 16.4 94.0 22.9 
With H88 loading 7.9 15.5 84.7 22.6 

Having load spacing 
deviations exceeding 
500 feet* 6.2 5.3 - 8.6 
Having equivalent end 
section exceeding 15 
kilofeet* 1 .2 2.3 17.8 1 .3 
Having loaded bridged 
tap* 0.3 0.8 6.3 1.0 

N onloaded loops 
Exceeding 18 kilofeet* 2.7 1.5 - 1 .0 
Having bridged tap 
exceeding 6 kilofeet* 6.5 6.0 - 1.6 

Line concentrators 0.2 0.4 4.8 <0.1 
Dial long-line circuits NA 0.7 27.9 <0.1 
Voice repeaters NA 0.4 1 .9 0.09 
Carrier systems 0.2 <0.1 0.9 <0.1 

*Violation of design rules. 

Figure 3-9. Miscellaneous loop characteristics. 

bution at least as good as that in Figure 3-12. Such performance is 
important from the standpoint of ensuring adequate overall echo 
balance in built-up connections. 

Noise 

Central office noise, circuit imbalance, and power line influence may 
be serious contributors to loop noise. However, it is usually difficult 
to separate completely the �ffects of these factors in noise measure
ments. For example, the

-
disturbing effects of central office noise 

(which might otherwise be within limits) may be significantly en
hanced as a result of longitudinal-to-metallic voltage transformation 
due to imbalances in the central office equipment, station equipment, 
or conductors of a given loop or route. Excessive message circuit 
noise on loops is .sometimes due, either directly or indirectly, to such 
imbalances. 

Figure 3-13 shows the most likely contributors to excessive loop 
noise for individual lines, party lines, and coin stations. Power line 
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Figure 3-1 0. Distribution of calculated loop insertion losses. 

influence (hum) , a predominant contributor for longer loops because 
longitudinal voltages tend to be proportional to exposure length, is 
determined by the degree of longitudinal-to-metallic conversion. This 
conversion depends directly on the imbalance to ground of the loop 
conductors and the terminating equipment at the central office and 
the station. 

Figure 3-13 also shows that sources of central office noise (switch 
contacts, power supplies, crosstalk) are generally significant contri
butors to the total message circuit noise only on shorter loops. On 
longer loops, noise from these sources is attenuated at the station by 
the higher long-loop insertion loss and is usually masked by power 
line hum. However, the switch contact and power supply transient 
components of central office noise are still primary sources of impulse 
noise, often a limiting noise parameter for data-type services. 

Noise Balance. The longitudinal to metallic noise conversion sus
ceptibility of a loop may be evaluated by computing the noise balance, 
defined as 

N · b 1 · dB 20 1 open circuit longitudinal voltage 
01se a ance In == og 

t 11• It • 
me a 1c vo age 
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Figure 3-1 1 .  Distribution of calculated loop resistances. 

An estimate of loop noise balance is often made by using a 3-type 
noise measuring set or equivalent ( C-message weighting) to measure 
noise power to ground (longitudinal noise) and noise power between 
conductors (metallic noise) . If the difference between the two is less 
than 50 dB, the overall message circuit noise can generally be reduced 
by improving the balance of the loop or its associated equipment. 

Figure 3-14 shows the distribution of noise balance measurements 
for loops in the 1964 combined survey which had longitudinal noise 
power greater than 20 dBrnc. As can be seen, the mean noise balance 
for party lines was almost 13 dB poorer than that of individual lines. 
Almost 20 percent of the party lines had noise balances below 50 dB, 
as opposed to only 5 percent of the individual lines. Thus, it can be 
expected that party lines in general, and the longer ones in particular, 

TCI Library: www.telephonecollectors.info



Chap. 3 Loop Plant Characteristics 55 

100 

90 

80 

70 

� 60 0 ..5! 
0 

Cll 50 01 � 
� Cll 

lfy 
1 960 ,rrl ,., 1 964 

// and 
1 973 

if 
// 

II 
�/ I 11. 40 

30 

20 

10  

II 
u 
J 

-IJ 0 
0 5 1 0  1 5  20 25 30 

Echo return loss (dB) 
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STATIONS 

Power line 
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Central office 
Yes Yes Yes Yes imbalance 

Station Usually 
Yes 

Usually 
Yes imbalance small small 

Central office 
Attenuated Attenuated Yes Yes noise 

Figure 3-13. Loop noise factors. 
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are more adversely affected by induced longitudinal voltages and that 
excessive noise on such lines can often be reduced by improvement 
of balance. These expectations are substantiated by the results, shown 
in Figure 3-15, of metallic noise measurements made at the station 
set with dialed central office terminations. Results from both the gen
eral and long loop surveys are given for comparison. Figure 3-15 (a) 
shows the results for all lines and Figure 3-15 (b) subdivides the 
results into the individual and party line components. Loop balance 
and loop noise performance has improved and will continue to im
prove as the number of party lines in service is reduced and as modern 
techniques for improving balance are increasingly applied to the 
remaining party lines. 

In the 1964 survey, the mean value of the metallic noise for all 
loops, shown in Figure 3-15 (a) , was found to be about 5.6 dBrnc ; for 
long loops it was 18.4 dBrnc. About 57 percent of the long party line 
loops exceeded 20 dBrnc, the nominal message circuit noise objective 
for all loops, and 27 percent exceeded 30 dBrnc, the maximum objec
tive for long loops. 

Since these measuren1ents were made with dialed central office 
terminations, the noise contributions of central office sources were 

1 00r------------pPAJARnTYY�IN�D�IV�ID"'U�Alll----ll--::�����--� 

Mean (dB) 
90% confidence 80 l imits on mean (dB) 

20 30 40 

LINES L INES 

56. 1 68.7 
± 1 .55 ± 0.87 

50 60 

Loop balance (dB) 

70 80 

Figvre 3- 1 4. Loop circuit noise balance, 1 964 survey. 
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Figure 3-15. Metallic noise at station set with dialed central office termination. 
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included in the readings. Therefore, noise measurements were also 
made by terminating the loops directly at the main distributing frame 
to eliminate most of the central office noise sources. The results are 
shown in Figure 3-16. If these results are compared with those of 
Figure 3-15, it can be seen that the contribution of the central office 
noise to the total loop noise varies from insignificant, in the case of 
long-loop party lines, to controlling, in the case of general individual 
line service. However, also note in Figure 3-15 that, even with the 
addition of the central office noise sources, about 92 percent of all 
individual lines still meet the 20 dBrnc message circuit noise objective 
at the station. 

Crosstalk. Another potential contributor to noise on loops is cross
talk from other pairs within the same cable sheath. Figure 3-17 shows 
the near-end 1-kHz crosstalk coupling loss characteristics of loops as 
derived from measured 1964 survey data. Comparison of the curves 
for nonloaded loops and the total of all loops shows the relatively 
poorer crosstalk performance of longer loaded loops. However, the 
distribution of coupling losses is still such that the resultant crosstalk 
is not usually a controlling message circuit noise component. The 
crosstalk coupling loss distribution may be significantly degraded by 
excessive imbalances in the pairs or terminating equipment or by 
significant loading deviations. Where this occurs, the resultant in
creased crosstalk may be masked by an even greater increase in power 
line hum. 

Administration of Loop Noise Objectives. Loop noise measurements are 
most accurate when they are made at a station by means of a noise 
measuring set connected to the line terminals of the station after the 
loop has been connected to a termination in the central office. During 
the measurement, the station set is not disconnected but must be 
on-hook ; thus, the measuring apparatus must include a circuit to 
hold the connection during the measurement. The desired result for 
noise measured in this manner on a large number of loops is a dis
tribution with the substantial majority of loops having noise less 
than 20 dBrnc. For short loops, measured noise must not exceed 
20 dBrnc on any loop. Since, for loops provided under the long route 
design plan, it is not economically possible to achieve noise perfor
mance of better than 20 dBrnc on all loops, a relatively small number 
are permitted to exceed 20 dBrnc ; however, in no case should 30 dBrnc 
be exceeded. Figure 3-18 shows the action recommended in relation 
to measured noise on loops. The table separates short and long loops ; 
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Figure 3-16. Metallic noise at station set with central office termination at the 
main distributing frame. 
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Figure 3-1 7. Near-end crosstalk coupling losses for loops. 

somewhat relaxed recommendations are given for long loops, thus 
recognizing the effects of greater exposure and increased use of 
signalling and gain devices. Careful design, construction, and mainte
nance of long loops assure that noise is minimized, although the final 
measured result may fall acceptably within the 20 to 30 dBrnc range. 
When noise on a long loop does exceed 30 dBrnc, further analysis and 

NOISE, 
ACTION RECOMMENDED 

SIGNI FICANCE 
dBrnc SHORT LOOPS LONG LOOPS* 

20 or Objective for 
Further analysis not necessary less all loops 

Loop noise 
Further 

Review to 
marginal as assure design 

21 to 30 30 dBrnc analysis and and construction 
approached investigation best possible 

Greater 
Unacceptable 

Immediate Further analysis 
than 30 investigation and investigation 

*Provided under long route design plan. 

Figure 3-1 8. Loop noise obiectives and requirements at station set. 
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NOISE, dBrnc ACTION RECOMMENDED 

TO ON-HOOK TO OFF-HOOK 
SHORT LOOPS LONG LOOPS* 

STATION STATION 

10 or less 5 or less Further analysis not necessary 

Revie'w to 

11 to 20 6 to 15  
Further analysis assure design 
and investigation and construction 

best possible 

Greater Greater Immediate Further analysis 
than 20 than 15 investigation and investigation 

*Provided under long route design plan. 

Figure 3-1 9. Loop noise objectives and requirements at central office. 

investigation are indicated to make sure the best possible design has 
been selected and that all construction and installation details conform 
to standard practices. 

Central Office Measurements of Loop Noise. While loop noise is meas
ured most accurately at the station set as just described, such 
measurements are time consuming and expensive. Central office meas
urements can be made much more conveniently with adequate ac
curacy for survey purposes and for the preliminary evaluation of 
loop noise conditions. These measurements can be made to on-hook 
or off-hook stations. Figure 3-19 provides guidelines for the inter
pretation of such measurements. The data were developed from 
central office and station noise measurements on the same group of 
subscriber loops. 

3-4 THE OUTSIDE PLANT PLAN 

The Outside Plant Plan is designed to optimize the long-term cost 
of engineering, constructing, administering, and m'aintaining the 
local cable network. The plan is intended to help appraise the outside 
plant requirements of a wire center area through an evaluation of 
the various available alternatives. When it is fully implemented, 
outside plant loop transmission characteristics may be expected to 
stabilize and to be much more predictable. 

Once developed, the plan should be reviewed periodically and ex
panded or modified to reflect the most current data. The plan is the 
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fundamental plan for the area ; it must conform with objectives con
cerning out-of-sight plant, permanently connected plant, and must be 
consistent with long-range road and land use plans and with zoning 
regulations. Interactions among plant extension studies, commercial 
forecasts, and the Outside Plant Plan must be recognized to ensure 
that long-range fundamental objectives are reflected. A well-developed 
and well-documented plan provides the basis for orderly expansion 
of outside plant facilities in line with overall objectives and optimal 
costs. 

Procedures are also available for establishing an economical out
side plant improvement program. These procedures are covered by a 
Facilities Analysis Plan that acts as a monitoring and managing 
system on the loop network. With this plan, a wire center area is 
organized into geographic units called allocation areas. These are 
used as the basis for collecting facility and maintenance activity data 
and for planning changes and/ or additions to feeder and distribution 
plant. The plan provides cost analyses, problem diagnosis, analysis 
of selected plant improvements, and the setting of objectives for 
reductions in maintenance and facility activities. 

Development of the Outside Plant Plan 

In order to provide a systematic approach and to allow periodic 
review and modernization, certain basic steps should be followed in 
the initial development of an Outside Plant Plan. However, these 
steps are not rigidly defined or specified. 

Feeder and Branch Feeder Cable Locations. The economical layout of 
the local plant cable network is closely related to its geometric ar
rangement. Branch feeder cables intersect the main feeder route and 
provide facilities to the feeder route boundary. This configuration is 
commonly referred to as pine tree geometry. Figure 3-20 shows pine 
tree geometry and, for comparison, another configuration called bush 
geometry. Studies indicate that the savings of the pine tree over the 
bush geometry range from 5 to 30 percent of present worth of 
expenditures. 

The ideal wire center area, having outside plant cabling in a perfect 
pine tree configuration, never exists. The configuration in a given 
wire center area must be determined by means of an economic analysis 
of various alternative configurations. These different configurations 
can often be evaluated best by a computer using EFRAP. All con-
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Figure 3-20. Loop cable layout geometry. 

figurations or plans under study must provide enough cable pairs of 
the proper gauge to serve the demand. In order to ensure that each 
plan provides the necessary facilities, the area is subdivided into 
allocation areas. 

Allocation Areas. An allocation area is a geographical area with well
defined boundaries that is the primary unit of plant for feeder pair ad
ministration. It has one connection point to the feeder cable plant and 
generally consists of one or more serving or distribution areas. An 
allocation area is served by only one transmission design ; i.e., the 
same cable gauge is used within a given allocation area. In developing 
an Outside Plant Plan, each allocation area should be delineated and 
organized to minimize loop length variations. 

Distribution Areas. Feeder cable pairs are committed to serve distri
bution areas one or more of which may make up an allocation area. 
Complements of feeder cable pairs are first assigned to an allocation 
area and then committed to individual distribution areas within the 
allocation area. The distribution area is called a s·erving area if it is 
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fed from a serving area interface. Distribution areas can also con
tain dedicated plant elements such as control and access points. A 
distribution area may also be fed by one or more cross-connection 
boxes or laterals. 

Growth Forecast. The outside plant forecast provides the basis for 
the timing, sizing, and arranging of additions or extensions to the 
outside plant network. Accurate predictions of the magnitude and 
location of future demands for service are needed for the develop
ment of an Outside Plant Plan and an optimal construction program. 
After the forecast has been made, the expected growth must be 
spread in the applicable distribution areas as logically as possible on 
the basis of available information. The manner in which the expected 
growth is spread in these relatively small areas can be a critical step 
in the planning process. ( If it is done properly, the resulting Outside 
Plant Plan and construction program are very nearly optimum.) 
After the forecast is spread, the existing and alternative configura
tions may be evaluated. 

A well-developed Outside Plant Plan incorporates all of the feasible 
alternatives which may provide economies. Alternatives that must be 
considered include the outside plant design options, transmission de
sign options, and the application and use of pair gain system 
techniques. 

Boundary Changes. Feeder route, wire center, allocation and distri
bution area boundaries are well-defined but there are occasions when 
changes should be considered. The economic advantages of changing 
a boundary, such a.s the wire-center area boundary, should be evalu
ated completely in terms of outside plant since savings ar·e often 
possible through the coordinated efforts of several engineering and 
planning organizations. 

Out-of-Sight Plant. An alternative to aerial cable, considered in
creasingly attractive by the public, is out-of-sight plant. The economic 
factors involved in providing below-ground facilities are constantly 
evaluated and action is taken on the basis of company policy. The 
decision is not necessarily one of least cost but rather one of planning 
a program to meet ecological objectives with the least penalty. 

Unigauge Versus Resistance Design. These are transmission design 
alternatives which result in ' comparable loop loss distributions. 
Figure 3-21 shows the combinations of conductor gauge, loading, and 
central office equipment that are available for various loop lengths 
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under the unigauge design. These designs represent economic alter
natives involving central office equipment and outside plant facilities. 
A complete analysis is necessary to make a valid choice ; however, 
unigauge is generally more economical in residential areas where 
there is a relatively high growth rate at distances in excess of 
15 kilofeet from the central office where the percentages of coin, 
multiparty, and special service loops are low. -

The savings associated with unigauge can be realized only as new 
plant is added. The unigauge design has certain advantages over 
resistance design but these must be weighed carefully against certain 
disadvantages. Generally, a finer gauge of wire is used with unigauge ; 
as a result, copper costs are lower. When the finer wire gauge is used, 
there tends to be a significant increase in conduit efficiency ; i.e., for 
a given conduit size, more pairs can be furnished. Loading is required 
in fewer circumstances and overall loading costs are thus lower. 
Since a single gauge of wire is used in most cases, fewer rearrange
ments must be made to accommodate gauge requirements. Consider
able study is necessary to determ.ine the suitability of the unigauge 
design in any wire-center area. All affected areas must be included 
in the economic analysis. 

The disadvantages associated with the unigauge design include an 
increase in central office equipment costs. Various electronic com
ponents, such as range extenders, are required and equipment modifi
cations are necessary in No. 5 crossbar offices. Building space require
ments are increased and there are also some increases in traffic and 
plant operating costs. Finally, it is important to note that the uni
gauge design is not adaptable for use with all types of switching 
machines and, in some cases, cannot meet special service transmission 
requirements. 

Long Route Design. This transmission design is applicable to those 
routes which serve customers relatively distant from the central office 
where forecasted customer density is low. The design achieves eco
nomies by using finer gauge cables and adding electronic equipment 
to maintain transmission, signalling, and supervision performance 
comparable to that achieved under the resistance design plan. 

Subscriber Pair Gain Systems. In the preparation of an Outside Plant 
Plan, another alternative to be considered, particularly in a rural 
environment, is the use of an analog or digital subscriber line carrier 
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system or a subscriber loop concentrator switching system. The ap
plication of pair gain systems often saves cable and structural 
additions. 

There are several analog carrier systems that provide from four 
to eight channels on one cable pair at costs that are competitive with 
the costs of loops provided under long route or resistance design 
plans. Single-channel analog subscriber carrier systems are also 
available for use in urban and suburban environments. 

A digital subscriber loop carrier system, such as the SLC*-40 
System, may also be an economical solution to problems involving the 
provision of service in rural areas. This system can serve up to 
40 loops over two cable pairs from the central office by using a T1-type 
repeatered line. An additional two pairs are used as a protection 
facility which may protect service on up to 11 working systems by 
automatic protection switching arrangements. The SLC-40 System 
includes a remote terminal from which service is extended by standard 
loop distribution facilities to customer premises. 

Subscriber loop concentrator switching systems provide pair gain 
by concentrating a number of subscriber lines onto a fewer number 
of trunks between the central office and remote terminals. 

Evaluation of the Alternatives 

Several computer programs are available to assist in the evaluation 
of the many outside plant design and administration alternatives. 
Without these programs such studies would be impractical. 

Exchange Feeder Route Analysis Program. This is the most comprehen
sive program currently available to assist in feeder route design. 
It uses study techniques involving present worth of annual costs 
(PWAC) to determine the timing and sizing of cable and conduit 
relief in a route. Many alternatives may be submitted to the com
puter covering a single feeder route problem ; a separate analysis of 
each alternative is made. The computer selects the most economical. 

The feeder network is divided into sections which can be engineered 
as a unit. Data relative to each section are entered in the program 
which then accumulates the requirements by gauge (using either 
resistance design or unigauge design, as specified) and rigorously 

*A trademark of the Western Electric Company. 
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searches every possible cable placement to determine that series of 
actions which would result in minimum PWAC over the analysis 
period. The EFRAP program is a powerful tool which allows the 
analysis of many alternatives ordinarily not evaluated. It may be 
used to test the effects of modified growth rates, reroutes, area trans
fers, varying construction costs, or alternate types of structure. A 
nonoptimum solution with a reduced first cost may also be deter
mined. This option is sometimes especially important in conserving 
capital funds while the construction budget is being formulated. 

The heart of the EFRAP program is the decision tree. The pro
gram selects a cable which can satisfy a shortage. This selection 
results in another shortage at some future time, which must also be 
satisfied. Each time a shortage occurs, there are several courses of 
action which can satisfy the demand. The combination of all the 
branches resulting from shortages is called the decision tree ; it con
tains every practical solution for each section. The EFRAP program 
calculates the PW AC for every combination of placements for a 
section and prints the one with the lowest PW AC as the solution. 

Before the search through the decision tree, EFRAP deter�ines 
the demand by gauge for each section and year. The program calcu
lates a gauge makeup for the requirements of each section by solving 
the simultaneous equations used to derive a resistance design work
sheet. The allocation area (s)  fed by one EFRAP section has a single 
transmission design, i.e., the design required to serve the longest 
distribution loop for the section (s) . 

The section-by-section solutions must be taken from EFRAP and 
analyzed to determine the best overall plan for the route. Intangible 
factors and certain costs, such as those of central office equipment, 
must be considered in addition to the EFRAP solution. Sound engi
neering judgment cannot be replaced by mechanized procedures. The 
computer simply removes much of the drudgery from the job, leaving 
more time for analysis and refinement of the Outside Plant Plan. 

Time-Share Cable Sizing Program.  The feeder cable sizing algorithms 
of the EFRAP program may be used to study variations in an inter
active environment of alternative solutions to problems in one section 
of plant by use of the TICS program. The TICS program requires 
economic and cable usage data for the section under study and makes 
it unnecessary to repeat a complete EFRAP study where variations 
in only one section are of concern. Thus, the TICS program can be 
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used to smooth the output data generated by the EFRAP program 
and to determine the effects of changes in particular sections of plant. 

Economic Alternative Selection for Outside Plant. Cost comparisons of 
up to 12 alternate plans for the addition, removal, or rearrangement 
and repair of outside plant equipment can be made by the Economic 
Alternative Selection for Outside Plant (EASOP) program. The 
computer output of an EASOP study is a printout of either the 
PW AC or the present worth of expenditures (PWE ) for each plan. 

Loop Carrier Analysis Program. When consideration of outside plant 
facilities includes the possible use of distributed analog subscriber 
carrier systems, planning and economic analysis may be carried out 
by means of LCAP. This program provides PW AC and first cost 
information on specific combinations of wire gauges and electronic 
system designs. The LCAP program is designed to evaluate combina
tions of voice-frequency cable pair circuits and carrier derived circuits 
against the cost of providing service ·entirely on voice-frequency 
cable pairs. 

Long Feeder Route Analysis Program. This program is used to assist in 
planning and designing facilities for a route where the use of large
capacity lumped pair gain systems is an alternative to ordinary cable 
pair facilities. It provides PWAC and installed first cost information 
for problems involving cable and voice-frequency range extension 
electronics and for those involving a combination of cable facilities 
and pair gain systems. 

Other Planning Considerations 

While considerations of design configuration, administration, and 
transmission performance are the backbone of a properly developed 
Outside Plant Plan, additional items are involved in the development. 
The items covered here are not all-inclusive but represent those most 
frequently encountered. 

Special Services. With the substantial increase in demand for special 
service circuits in recent years, the effects of special requirements 
imposed on the Outside Plant Plan by these circuits must be taken 
into account. Generally, there are two alternatives : ( 1 )  the use of 
electronics such as repeaters, amplifiers, and carrier systems in the 
local network to meet transmission requirements ; or (2)  the use of 
a coarse-gauge cable to provide the generally lower loss requirement 
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of such special circuits. Analyses of the alternatives must be made to 
determine the most economical arrangement. 

Centrex. The standard procedure · for the provision of circuits for 
centrex service must be followed. The procedure involves a number 
of basic steps that are required if service is to be provided economi
cally and if the circuits are to meet transmission objectives. For 
example, periodic marketing reviews of anticipated service require
ments are conducted for each large PBX and centrex location. 
Engineering and traffic studies must be made to determine the best 
serving arrangement for each case. These studies must take into 
consideration the customer location, present and anticipated service 
requirements, existing serving equipment arrangements, and outside 
plant considerations. 

Once determined, the potential centrex requirements can be included 
in the outside plant and central office planning processes. Certain ar
rangements for centrex-CO service require special treatment of out
side plant facilities in order to meet transmission requirements. 

REFERENCES 
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Customer Loops 

Chapter 4 

Range Lim its 

Range considerations for the various types of central office switch
ing machines and private branch exchange (PBX) systems have had 
a significant effect on the nature of the loop plant. With some types 
of machines, the length and gauge of cable are limited by the office 
signalling or supervisory range rather than transmission performance. 
The various factors and limitations which determine office loop ranges 
must be considered in the determination of loop plant characteristics. 
The factors that limit the ranges of PBX-central office trunks and 
PBX station lines are closely related to central office loops and thus 
contribute to loop plant characteristics. 

4-1 LOOP RESISTANCE LIMITS 

The basic function of a loop is to provide a two-way voice-frequency 
transmission path between a central office and a station set. It must 
also provide a de path to operate the station set microphone and a 
transmission path for supervisory, address, and ringing signals. The 
loop length over which these signals may be transmitted is limited 
by the conductor resistance of the loop and is influenced by the char
acteristics of the equipment at both ends. 

Direct Current 

The 500-type telephone set, the major type in service today, is 
designed to operate satisfactorily with a minimum loop current some
what less than 23 milliamperes. The efficiency of the carbon micro
phone in the 500-type set decreases with loop current and deteriorates 
rapidly with currents less than 23 milliamperes. Furthermore, 
TOUCH-TONE® signalling circuits require a minimum of 20 rnA. 
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The nominal maximum of 1300 ohms is the value of resistance to 
which loops are administered for control of outside plant facility 
insertion losses under resistance design rules. A typical central office 
supplies loop current from a 48-volt battery through a 400-ohm 
battery feed circuit. Other resistances that determine loop current 
include allowances of 300 ohms for the telephone set, 25 ohms for 
500 feet of drop wire, 10 ohms for central office wiring, and a 10 per
cent allowance (a  maximum of 130 ohms) for resistance increase 
with temperature. 

Supervisory and Dial Signall ing Limits 

The maximum loop resistance that can be tolerated in connection 
with supervision and dial signalling is usually determined by the 
operating parameters of the central office line relay, the dial pulsing 
relay, and the trunk supervisory relay. However, the requirements 
for ring tripping sometimes establish the maximum loop resistance 
rather than requirements for the operation of these relays. Equip
ment reference data for a given type of central office should be 
consulted to determine the controlling parameter. 

Ringing and Ring Tripping Ranges 

Although ring tripping is considered a supervisory signalling func
tion, it is discussed here with ringing since ringing and ring tripping 
circuitry perform integrated functions. Figure 4-1 is a simplified 
schematic of a ringing signal source (with associated ringing and 
tripping relays) applied to an individual loop in a step-by-step office. 
In other types of offices, the principle of operation is similar although 
circuit details may vary. The interrupter applies the 20-Hz ringing 
voltage to the circuit in the standard ringing cycle (two seconds ring
ing, four seconds silent) . Battery voltage is applied continuously to 
the line during the ringing and silent periods so that the ringing may 
be tripped whenever the switchhook contacts are closed at the station 
set. The combined 20-Hz and de voltages are applied to the line 
through the tripping relay, F, when relay K is operated under the 
control of the switching machine. When the call is answered, the 
switchhook of the station set completes a de path through the P wind
ing of the tripping relay. If the loop resistance is low enough, the 
tripping relay operates. It is held operated during the call by means 
of a tripping lock-up circuit provided by the S winding, the battery, 
and the make-first contract, designated ( 1 )  . The other contacts of the 
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F relay remove ringing from the line and place the line in the talking 
condition. At the conclusion of the call, the F relay is released by 
circuits not shown in Figure 4-1 .  

Ringing ranges for loops depend on a number of factors such as 
station equipment, central office arrangements, and loop conditions. 
At the station set, the type of ringer, its sensitivity, the adjustment 
of the bias spring, the number of ringers, whether they are bridged 
or grounded, and the type of ringer coupling circuit may all affect 
the loop resistance range. The line capacitance, line leakage, and 
earth potential differences are among the loop conditions that must 
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be taken into account. Loop range data are usually based on 19-gauge 
cable characteristics. In modern plant, line leakage is usually in the 
range of 1 to several megohms. For this reason, present ringing 
ranges are based on at least 100,000 ohms leakage resistance for any 
line. Finally, the values of ringing voltages (both ac and de) , the 
ringing source impedance (tripping relays, current limiting resistors, 
or lamps) , and the type of ringing ( individual, selective, semiselective, 
ac-dc, superimposed, etc. ) must all be known in order to determine 
the loop ringing range. 

Ringing ranges are based on the low probability that all of the 
variable factors resulting from the wide variety of ringing configura
tions are simultaneously adverse. However, failure to ring is normally 
precluded by ringing verification at the time of installation ; appropri
ate ringer selection and/or adjustments are made as required. Routine 
outside plant construction work which alters the makeup of working 
loop plant or changes resulting from area transfers may result in 
some action being required to ensure satisfactory ringing under the 
new conditions. 

Ringing ranges for individual line, PBX station, coin, and two-party 
service are based on the assumption that standard 20-Hz ringing 
voltage is applied through a tripping relay and that station sets have 
capacitor-coupled ringers. The maximum loop conductor resistance 
(station set excluded) differs for each type of station configuration 
and generally declines as the number of ringers increases. Tables are 
available for the determination of maximum loop conductor resis
tances with various combinations of the variables involved. In some 
cases, it is also necessary to specify a minimum conductor loop re
sistance in order to prevent premature operation of the tripping 
relay (pretripping) . 

The tripping range is determined by the various ac and de power 
sources, the loop leakage, and the type of tripping relay used and its 
adjustments. Increases in assumed leakage resistance now make it 
possible to use weaker operate and nonoperate adjustments ( less 
current required) for the tripping relays in many cases, thereby 
extending the maximum loop range in tripping-limited offices. 

Tabulated loop resistance values usually include the resistances of 
the station set and the customer loop. In determining the maximum 
nominal loop resistance at 68°F, the station set resistance (300 ohms 
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for a 500-type set) must be deducted from the tabulated values and 
an allowance must be made for increased loop resistance at tempera
tures above 68°F. Moreover, variations in individual central office 
tripping relay arrangements, leakage assumptions, battery voltage 
regulating arrangements, types of line relays, etc., may exist and 
must be taken into account. 

Overal l  Central Office Range Limits 

As previously discussed, the determination of the controlling range 
limit is a complex process. No general rules cover all possible con
figurations of equipment and facilities. Range limits vary widely for 
different types of central office switching machines and can vary con
siderably among offices of the same type. It is common practice for 
operating companies to prepare lists of specific central office range 
limits for each of the offices in the company. Such lists are periodically 
updated as new switching machines are added or as existing offices 
are modified in a manner which would affect range limits. 

4-2 PBX TRUNK AND STATION LINE RESISTANCE LIMITS 

Most of the preceding discussion is based on the assumption that 
only message nehvork station lines are connected to the central office. 
If the central office also serves PBXs, there are additional considera
tions involved in determining the maximum conductor resistance of 
PBX-central office trunks and PBX station lines for a given central 
office configuration, especially where trunks and station lines are cut 
through in the PBX-central office trunk circuit rather than coupled 
by repeat coil circuitry. 

Limiting Factors 

Four major factors limit the resistances of PBX-central office 
trunks and PBX station lines. These factors, which are different in 
the various types of central offices, and the limiting effects of each 
are : ( 1 )  the PBX power supply and the line and connecting circuit 
options have a direct influence on the signalling and supervision 
ranges on .station-to-station calls within the PBX ; (2)  the PBX
central office trunk resistance may be limited by ringing and super
vision requirements on calls between the central office and the PBX 
attendant ; ( 3) the interrelated loop conductor resistances of PBX-
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central office trunks and PBX station lines may be limited by super
vision requirements on incoming or outgoing PBX station calls 
through the central office ; ( 4) the combined loop conductor resistances 
of PBX-central office trunks and PBX station lines may be limited by 
the station set minimum current requirement. 

The limitation on station-to-station calls within the PBX is 
straightforward. Station line conductor resistance may not exceed 
the value which is established for the PBX involved, a limit partic
ularly related to the type of PBX power supply used and to the 
circuit options. Where the PBX uses a low-voltage power supply and 
where circuit options are highly resistive, station line lengths are 
shorter than in other types of PBXs. 

The maximum trunk conductor resistance depends on trunk ring
ing and holding ranges involving circuits at both the central office 
and the PBX such as the circuit that responds to the central office 
ringing signal (ring-up relay) and the ac ringing voltage of the 
central office ringing supply. In panel- and crossbar-type offices, the 
central office sender circuit operation depends on the design of PBX 
attendant dial circuits and cord circuits. Earth potential differences 
between the central office and the PBX may also influence the opera
tion of these circuits and thus indirectly affect trunk conductor 
resistance limits. 

The PBX-central office trunk and PBX station line resistance limits 
are interrelated by several factors. The total trunk and line resistance 
for any connection must satisfy the supervision requirements at the 
central office and at the PBX. On a night connection or a direct dial 
connection, the sum of the two resistances cannot exceed the indi
vidual subscriber line supervisory · limit for the central office ; the 
resistance of any series relays in the PBX circuits must be included 
in this total. On an incoming call to the PBX completed by the at
tendant, the PBX supervisory relay must operate when the call is 
answered at the PBX station. The relay current is reduced by the 
shunt connection of the PBX holding circuit. Finally, minimum loop 
current station set requirements must be satisfied. On many calls 
completed by the PBX attendant, resistance is bridged across the 
circuit after the call is established to hold the central office equipment. 
This resistance shunts the loop current and must be accounted for 
in determining trunk and station line combined resistance limits. 
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In order to determine the PBX trunk and station ranges, all four 
of these factors must be considered. Information must be obtained 
regarding the PBX and the central office, and the circuit configura
tion for each factor must be determined before the range calculations 
are made. The limiting range is the lowest of the values obtained when 
all four factors have been considered. If the actual range exceeds the 
calculated maximum, dial long line equipment may be required to 
provide added signalling range and to restore the line current to the 
required value. 

Range Charts 

Since the indicated procedure is laborious and time consuming, 
range charts have been developed to simplify obtaining PBX range 
data [1] .  The latest series of charts takes all of the range factors 
into account. Trunk and station line ranges are given for commonly 
used PBXs connected to various widely used central office configura
tions. 

A brief example is given to illustrate the use of range charts and 
to show the interdependence of trunk and station line ranges. 
Figure 4-2 is an excerpt from a set of range charts for a No. 5 
crossbar office with a 1360-ohm loop conductor supervisory limit. The 
office is assumed to have a standard -48V battery, 400-ohm battery 
feed circuits, and standard ringing voltages. The range chart in 
Figure 4-2 (a) applies to certain PBXs using 10-cell local batteries ; 
the PBX station lines are equipped with line relays. Figure 4-2 (b) 
is an intermediate table which tabulates data common to several 
charts in the set between certain resistance ranges. 

The right column of a range chart shows station line resistances 
in descending order. The left column shows the corresponding trunk 
resistances. Trunk resistances must be known to determine the cor
responding station resistances, or vice versa. If the trunk resistance 
is known, the chart in Figure 4-2 (a) is interpreted from top to 
bottom as follows : 

( 1 )  For trunk resistances between 0 ohms and 445 ohms, the 
maximum allowable loop resistanc·e is 850 ohms (controlled by 
station-to-station PBX calls) ,  as .indicated by the first two 
rows. 

(2)  For trunk resistances greater than 445 ohms, the loop resis
tance must be reduced due to one or more of the other factors. 
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RANGE LIMIT, ohms 

TRUNK STATION 

0 850 
445 850 

* • 

665 675 

t t 
1340 0 

*See intermediate table below. 

tDeduct the known trunk conductor 
loop resistance from 1340 ohms to 
obtain the permissible station con
ductor loop resistance. Where the 
station conductor loop resistance is 
known, deduct this value from 1340 
ohms to obtain the permissible trunk 
conductor loop resistance. 

Vol. 3 

(a) Range chart for No. 5 crossbar central office and 507 A- or 507B-type PBX 

TRK STA TRK STA TRK STA TRK STA TRK STA TRK STA 

295 1005 860 930 420 870 485 810 555 750 645 690 
310 990 370 920 480 860 495 800 570 740 660 680 
820 975 380 910 440 850 510 790 585 730 
880 965 890 900 450 840 520 780 600 720 
340 950 400 890 460 830 530 770 615 710 
350 940 410 880 470 820 545 760 630 700 

Note: Limits shown in this table result from supervisory relay operating current 
requirements. 

(b) Intermediate table 

Figure 4-2. Example of a range chart for determination of l imiting PBX trunk and 
station l ine resistances. 

For trunk resistances between 445 ohms and 665 ohms, the 
asterisk (third row) indicates that the intermediate table 
should be used to determine the corresponding loop resistance. 
Note that only a portion of the intermediate table applies to 
this particular configuration. The controlling factor that causes 
the reduced loop limit is given in Figure 4-2 (b) . 

(3)  For a trunk resistance of 665 ohms, a 675-ohm loop limit is 
imposed (fourth row) . 
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( 4) For trunk resistances between 665 ohms and the maximum of 
1340 ohms, a dagger (fifth row) indicates that the footnoted 
instructions below the range chart should be used to determine 
the applicable station line resistance limit. Normally, the limit
ing factor in establishing the sum of trunk and station line 
resistances at a figure such as 1340 ohms is the through-dial 
central office range, central office line relay range, ringing 
range, or some other similar factor. 

Range charts for other PBX configurations are similarly inter
preted. There may be no applicable intermediate table or there may 
be several, each keyed by a number of asterisks. It is important to 
determine the options to be used with a given PBX since the ranges 
within the tables may be modified by a footnote pertaining to a 
particular option. 
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Chapter 5 

Design Considerations 

Since every connection between subscribers includes a customer 
loop at each end, the transmission performance of the loop plant 
significantly affects overall connection performance. However, the 
large number of loops, variety of lengths, varying density of cus
tomers along given routes within a wire center area, and increasing 
inward and outward customer movement would make transmission 
design of each individual loop both prohibitively expensive and opera
tionally not administrable. Therefore, the transmission design of loop 
plant is treated statistically. Either the gauging of feeder and distri
bution routes is planned so that certain maximum resistance values 
are not exceeded in any distribution area, or general prescription 
transmission and signalling designs are applied. These designs vary 
with resistance ranges on routes where economics make advantageous 
the use of finer gauge cable with electronic supplements. Since serving 
central offices are generally located near the population center of a 
given wire-center area, a distribution of transmission losses results 
so that most losses are less than the loss corresponding to the limiting 
resistance within the design range. When properly administered, this 
approach to the design of loop plant is economically sound and, when 
the entire local plant universe is considered, produces transmission 
grades of service that meet overall objectives.* 

There are three basic design m·ethods used in the loop plant-resis
tance design, unigauge design, and long route design-which comple-

*In Volume 1 it is shown that grade-of-service computations are made on a 
statistical basis. Grade-of-service objectives are thus valid for large universes on 
an absolute basis ; for smaller universes, they must be used only on a comparative 
basis. 
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ment each other economically and which together produce the desired 
distribution of transmission parameters. Special design considerations 
for centrex are also discussed. Transmission statistics from loop 
surveys are included when appropriate to the discussion [1, 2] . 

5- 1 RESISTANCE DESIGN 

Resistance design is a method for designing customer loops based 
on establishing a common maximum resistance limit for an office. 
This limit is applied to the longest forecasted loop (far point) in each 
distribution area contained within a perimeter called the resistance 
design boundary. In most urban and some nonurban areas, the re
sistance design boundary may coincide with the wire-center bound
ary. In other nonurban areas, one or more of the long route applica
tions may be more suitable economically for serving distribution 
areas on the extremities of a route. By applying appropriate rules for 
controlling transmission loss and/ or signalling ranges, use of the 
resistance design method produces a distribution of loop losses with 
the majority well below 8 dB. Loop noise is generally controlled by 
proper administration of the subscriber plant transmission index. 
When the resultant loop loss and noise distributions are combined 
with loss and noise distributions for trunks, overall transmission 
loss/noise grade-of-service objectives are met for the message net
work. Resistance design remains the basis on which the majority of 
loop plant is installed. 

In addition to the resistance design boundary, certain other terms 
associated with resistance design must be defined : 

( 1 )  The resistance design limit is the maximum value of outside 
plant conductor loop resistance to which the resistance design 
method is applicable. This value is set at 1300 ohms, primarily 
to control transmission loss. 

(2)  The resistance design area is that area enclosed within the 
resistance design boundary. 

(3)  The office super'lJisory limit is the conductor loop resistance 
beyond which the operation of central office supervisory equip
ment is uncertain. 
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(4)  The office design li·mit is the maximum resistance to which 
loops should be designed for a particular office. This is the 
supervisory limit for those offices with supervisory limits less 
than 1300 ohms ; otherwise, the resistance limit of 1300 ohms 
controls. 

(5 )  The design loop is the customer loop under study in a given 
distribution area to which the office design limit is applied to 
determine the conductor gauge (s) . It is normally the longest 
loop expected during the period of fill of the cable involved. 

( 6 )  The theoretical design is the cable makeup consisting of the 
two finest standard consecutive gauges necessary in the design 
loop to meet the office design limit. Theoretical design does 
not take into consideration any possible economic advantages 
of reusing existing coarser gauge cable pairs. 

Basic Procedures 

The application of resistance design to telephone loops begins with 
three basic steps or procedures. These are ( 1 )  the determination of 
the resistance design boundary, (2)  the determination of the design 
loop, and ( 3 )  the selection of the cable gauge or gauges required to 
meet the design objectives. 

Determination of the Resistance Design Boundary. The resistance design 
method should be applied to the bulk of loops in areas where cus
tomer density and/or growth potential are moderate to heavy. For 
more sparsely settled areas, long route applications are often more 
economical. The resistance design boundary is not necessarily fixed 
but may be adjusted to accommodate changes in customer density and 
other economic factors ; it should be re-examined with each Outside 
Plant Plan review or modification. 

Determination of Design Loop. The design loop length is based on local 
service requirements, commercial forecasts, and other relevant data. 
If the longest loop will ultimately exceed both the present length and 
the longest proposed in the job being considered, the ultimate length 
should be considered the design loop and the theoretical design and 
gauge selection should be based on it. 

Some cables may contain pairs which extend outside the resistance 
design area. These pairs do not control the gauging of the cable but 
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must be studied on the basis of long route applications. Also, if a 
major branching point occurs before a gauge change point, each 
branch may have a different gauge requirement ; hence, it may have 
a separate design loop and must be designed on a separate basis. 

Selection of Gauge. The theoretical design is used to determine the 
gauge or combination of gauges required for any loop. When more 
than one gauge is required, the most economical design, if considera
tions of existing plant are temporarily neglected, results from use 
of the two finest consecutive standard gauges that meet the office 
design limit. It is normally most advantageous to place the finer 
gauge cable closest to the office where a larger cross section is normally 
required. Since the design loop length is known, and the resistance 
per kilofoot for each gauge may be determined from tables such 
as that of Figure 5-1, the theoretical design can be obtained from the 
solution of two simultaneous equations. For example, if the design 
loop is to be 32 kilofeet, it can be seen from Figure 5-l that 32 kilofeet 
of 24 gauge would exceed 1300 ohms and 32 kilofeet of 22 gauge 
would be somewhat less than 1300 ohms ; therefore, a combination 
of 22 and 24 gauge is required. 

One of the the simultaneous equations may be written 

X + Y == 32 (5-1 ) 

where x is the length of 24-gauge cable and y is the length of 22-gauge 
cable making up the 32-kilofoot design loop. Since the total resistance 
should equal 1300 ohms, including the resistance of any load coils 
(loops exceeding 18 kilo feet require loading) , the second equation may 
be written 

51.9x + 32.4y + 5 (9) == 1300 ohms (5-2) 

where 51.9 and 32.4 are the resistances at 68°F in ohms per kilofoot 
of 24-gauge and 22-gauge wire pairs, respectively, 5 is the number 
of required load coils, and 9 is the resistance of each load coil. 
Equations (5-1 ) and (5-2) can now be solved simultaneously to yield 

x == 1 1.2 kft of 24-gauge cable 

and 

y == 32 - x == 20.8 kft of 22-gauge cable. 

Other resistance valuf!S from Figure 5-l might be used if local tem
peratures were significantly different from 68°F. 
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OHMS/KFT OHMS/KFT OHMS/ KFT 
TYPE OF CONDUCTOR at 68° F at 1 00 °  F at 1 40 °  F 

CABLE 

19 ga 16.1 17.2 18.6 

22 ga 32.4 34.6 37.4 

24 ga 51.9 55.5 60.0 

26 ga 83.3 89.1 96.2 

OPEN WIRE 

109 HSS 12.40 13.26 14.32 

104 CS (40% conductivity) 4.73 5.06 5.47 

URBAN WIRE 

C 16 pr 24 ga 52.0 55.6 60.1 
D 16 pr 22 ga 32.0 34.2 36.9 

RURAL WIRE 

C 1 pr 0.064 CS ( 1 4  ga) 17.0 18.20 19.64 
D 6 pr 19 ga 16.4 17.55 18.95 
E 12 pr 19 ga 16.4 17.55 18.95 

U NDERGROUND WIRE 

B 1 pr 19 ga 16.0 17.1 18.5 
C 1 pr 16 ga 8.0 8.6 9.2 

SERVICE WIRE 

B 2 pr 24 ga 52.0 55.6 60.1 

LOADING COILS 

Type 632 88 mh 
9 ohms each 

- - -

Figure 5-1 .  Loop resistance of commonly used facilities. 

While solution of simultaneous equations yields the correct theo
retical design and is used in a number of computer applications, a 
simpler and more flexible method for manual use is a graphical 
solution using a resistance design work sheet such as that shown in 
Figure 5-2. This sheet has preplotted slopes corresponding to the 
resistance per kilofoot at 68°F of 19-, 22-, 24-, and 26-gauge nonloaded 
cable. As shown, the resistance design limit is a constant 1300 ohms 
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out to 18 kilofeet and then gradually decreases. The decrease takes 
into account the resistance of any load coils which in the graphical 
method is subtracted from the resistance design limit. Thus, resistance 
curves need not be drawn for loaded cable. If the office design limit 
is less than 1300 ohms, the line representing this limit must be drawn 
in parallel to the resistance design limit line and used in establishing 
the theoretical design. Load coil designations, based on an ideal 
H88 loading scheme, are shown near the bottom of the work sheet. 
Ranges of recommended and permissible end section lengths are also 
given on standard work sheets and the recommended positions of load 
coils are shown on the basis of an ideal H88 loading scheme. Final 
location may vary somewhat, depending on the actual length of office 
end section and various physical constraints, such as available man
hole locations. In addition, rules for load spacing deviations must be 
followed. 

When the work sheet is used to establish the theoretical design, a 
horizontal line equivalent in length to the proposed design loop, or 
ultimate design loop if longer than the proposed loop, is drawn to scale 
in the box labeled "Theoretical Design." Next, the point of equivalent 
length is located on the resistance design limit line (or office design 
limit line, if lower) . Through this point a line is drawn parallel to the 
preplotted slope for the gauge to the immediate right and its inter
section with the next finer gauge slope is determined. The length to 
this intersection represents the gauge-change point for the theoretical 
design and the resultant length of each gauge is marked on the line 
in the theoretical design box. 

Once the theoretical design is determined, the makeup of the 
existing plant is drawn in the upper portion of the box labeled 
"Present & Proposed Plant." A second, heavier line drawn below 
the existing plant makeup is then entered for the proposed plant ; 
a dashed line extension to the ultimate length is used, if required. 
Either the proposed plant makeup may be gauged identically to the 
theoretical design, or existing plant conditions may be taken into 
account to establish the actual gauge-change point. This point, when 
a 2-gauge makeup with the finer gauge at the office end is assumed, 
may be moved closer to the office if the point falls in the middle of 
a conduit section or if there is a major branching point within two 
or three sections of the theoretical gauge change. It may not be moved 
further from the office with this type of makeup. When duct space 
is at a premium (under rivers, highways, etc. ) ,  it is permissible to 
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deviate from the 2-gauge plan by utilizing finer gauge cable at such a 
conduit section provided that coarser gauge cable is added in another 
part of the loop so that the overall office design limit is not exceeded. 
Deviation from the 2-gauge plan may also be desirable in cases where 
only part of a route is being reinforced, where the gauging of existing 
portions does not correspond to the new theoretical design, and where 
there is an economic advantage in utilizing existing plant. The resis
tance design work sheet is quite flexible as a tool for handling these 
situations. Some companies have adopted the practice of allowing up 
to 1500 feet of 26-gauge cable at the customer end of some distribu
tion cables, provided the 1300-ohm limit is not exceeded. However, the 
design loop in such distribution areas should not be so gauged. More
over, this practice tends to bias on the high side the distribution of 
losses in these areas and should therefore be allowed only where grade 
of service would not be significantly penalized. 

Transmission Considerations 

Control of total resistance does not ensure a satisfactory transmis
sion loss distribution unless some additional rules are followed. These 
include loading all loops over 18 kilofeet and limiting the cumulative 
length of all bridged taps on nonloaded loops to 6 kilofeet or less. 

Loading. The maximum number of load coils consistent with 
H spacing (6000 feet) should be placed on loops longer than 18 kilo
feet. All loading should be H88, although existing loops loaded at 
H44 need not be changed if they are in areas that are primarily 
residential. In general, the load coil spacing should meet an objective 
of 6000 ± 120 feet. Occasionally, deviations greater than -+- 120 feet 
may be allowed for economic reasons, provided the transmission 
shortcomings are analyzed and weighed against the service provided 
in the route, especially when data and special service objectives are 
considered. Wherever possible, it is also desirable to take deviations 
greater than ± 120 feet on the short side so that correction may later 
be applied by normal building-out procedures, if required. 

Central Office End Section. The central office end sections for each 
office should be determined locally with due consideration given to the 
amount of office wiring involved so that the combination is equivalent 
to 3000 feet of cable. As far as spacing is concerned, the first coil is 
the most critical in achieving acceptable return loss and must be 
placed as close to the recommended location as is physically and 
economically possible. 
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Customer End Section. The recommended range for customer end 
sections is between 3 and 12 kilofeet, including all bridged taps. In 
cases where extensive distribution cable was placed on a multiple 
plant basis, an end section plus bridged tap limit of 15 kilofeet has 
been acceptable. However, the trend toward permanently connected 
plant (PCP ) should greatly reduce the requirement for long non
loaded end sections. 

Bridged Tap. A bridged tap is considered to be any branch or exten
sion of a cable pair in which no direct current flows when a station 
set is connected to the pair in use. The cumulative bridged tap limit 
for nonloaded loops is 6 kilofeet, no matter where the station set is 
to be connected. An example of how this limit applies is shown in 
Figure 5-3. If the working station set were connected at points C or 
D, the cumulative bridged tap would be 6 or 5 kilofeet, respectively, 
apparently within the 6-kilofoot limit. However, if a working station 
.set were located at points A or B, the cumulative bridged tap would 
be 13 or 7 kilofeet, respectively. Therefore, such a layout violates the 
6-kilofoot limit. 

For loaded loops, the limit for bridged tap is combined with end 
section length, as described previously. Moreover, no bridged tap is 
permitted between load coils and no loaded bridged tap is permitted 
under any circumstances. 

In some cases, bridge lifters may be employed to eliminate the effect 
of bridged tap, e.g�, for party line services. However, bridge l ifters 
are subject to both administrative and transmission limitations and 
must be carefully controlled. 

Feeder cable ·I� Distribution cable � .. 

I B 

Serving I central I 1 kft 
office 2 kft 

I c 

1 kft 

4 kft 5 kft 4 kft 
D 

1 kft 

A 

Figure 5-3. Application of bridged tap limit. 

TCI Library: www.telephonecollectors.info



Chap. 5 Design Considerations 89 

Miscellaneous. Resistance design assumes that 500-type telephone 
sets or equivalent are used exclusively beyond 10 kilofeet from the 
office, shown in Figure 5-2 as transmission zone 5. They may also be 
used, but are not required, in zone 2 (up to 10 kilofeet) .  Since most 
sets are 500-type or equivalent, selection of the telephone set is usually 
of minor significance in resistance design. 

Multiple line wire and C-type rural wire can also be used in resis
tance design areas, subject to certain restrictions due to the variable 
transmission characteristics of nonstabilized types with changes in 
the weather. Open wire, however, is not recommended and should be 
replaced whenever relief cable is planned. N onstaggered twist cable 
is a source of unacceptable crosstalk and may also fail to meet noise 
objectives. It should be removed whenever possible and should be used 
only for nonloaded loops until it can be removed. 

Loop concentrators may be used under resistance design rules with
out significant transmission impairment. Rules are applied to the 
complete connection from the central office to the station set. However, 
different types of concentrators have various signalling, control, and 
supervisory limits which must be taken into account. 

Since customer locations served by more than one cable route are 
subject to transmission contrast, an attempt should be made to select 
the gauge (s)  for each route so that similar losses are obtained. 

Transmission Losses. The dashed line of Figure 5-4 shows the com
puted 1-kHz insertion loss versus loop length for ideal theoretical 
resistance design loops when a temperature of 68 degrees F and no 
bridged taps are assumed. Variations from the ideal design in the 
loaded range (beyond 18 kilofeet) , i.e., variations in office and cus
tomer end sections and actual load spacing variations, would change 
the location and, to some extent, the magnitude of the peaks from 
those shown. However, the figure shows that the highest theoretical 
losses occur in the nonloaded range between 14 and 18 kilofeet, with 
a maximum of 7.5 dB at 18 kilofeet. If the effects of bridged taps are 
considered, additional loss may be encountered. If it is assumed that 
the average length of bridged tap is about 2.5 kilofeet, the mean 
value from the 1964 general loop survey, about 0.6 dB of loss would 
be added. The 6-kilofoot limiting case of bridged tap could add as 
much as 1 .5 dB, depending on the gauge makeup of the basic loop. 
Hence, the insertion loss for nonloaded loops in the 14- to 18-kilofoot 
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Percentage 
of loops, 
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Figure 5-4. Loss comparison of unigauge and resistance designs. 

range can approach and in some cases exceed 8 dB, often taken as 
the maximum desirable insertion loss so that the mean and standard 
deviation of loss distributions in loop plant are not excessive.* As can 
be seen in Figure 5-4, the percentage of loops in this range account 
for a small percentage of the total ; therefore, the number of built-up 
connections with limiting loops at each end is small. 

For the general loop universe, computations using mean and 
standard deviation values from the 1964 loop survey show that the 
overall network transmission grade-of-service objective is met pro
vided the loop noise objective of 20 dBrnc or less is not exceeded. This 
noise objective is generally met in most of the loop plant which falls 
within the resistance design area. 

*If the insertion loss is stated as an expected measure loss ( EML) , it is con
ventional to add 0.5 dB to the facility insertion loss to account for loss in central 
office equipment. 
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The broken line of Figure 5-4 shows mean loss versus length from 
actual measurements in the 1964 loop survey ; losses include those due 
to bridged taps, end sections, loading irregularities, or other devia
tions from the ideal theoretical design. The solid line represents the 
ideal unigauge design 1-kHz insertion loss. 

Supplementary Design Considerations for Special Services 

The high losses and larger loss/frequency slopes obtained on non
loaded cables in the 12- to 18-kilofoot range or on loaded cahles with 
longer end sections and bridged taps may not be suitable for some 
special service applications. It is common practice in many companies 
to load all loops longer than 12 kilofeet if these are likely to be used 
as PBX trunks. Even nonloaded loops shorter than 12 kilofeet may 
require special treatment, such as the use of E6 repeaters with 837C 
networks, to meet some special service objectives. Services with speci
fied slope, delay, or noise requirements (such as DATA-PHONE® 
loops or the local plant portion of conditioned private lines) often 
require special design rules to supplement basic resistance design. For 
example, some form of slope equalizer such as the E7 repeater, may 
be required ; frequently, excessively long bridged taps must be re
moved even though they are within the normal resistance design end 
section limits. Even loops which are already loaded under resistance 
design rules may require gain in some special service applications. 
Often, special service circuits must be extended on a four-wire basis 
to the customer premises to meet return loss requirements. 

Special service requirements are generally accommodated on an indi
vidual case basis rather than as a modification of standard resistance 
design procedures. However, it is important that special service re
quirements in a given cable route be forecast as accurately as possible. 
In some cases, economies can be realized when the size, gauging, load
ing, and bridged tap content of certain cross sections are planned 
initially to meet special service requirements. Centrex locations also 
require special planning. 

DATA-PHON E or Data Access Arrangement. As previously mentioned, 
special data loop design rules are used to supplement basic telephone 
loop design for DATA-PHONE or data access arrangement loops [3] .  
These loops are divided into three classifications depending on data 
transmission speed : 
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( 1 )  Type I-For data transmission speeds below 300 bits per 
second. 

Loss : Less than 9 dB at 1000 Hz. 

Message circuit noise : No more than 20 dBrnc. 

(2)  Type II-For data transmission speeds from 300 bits per 
second to 2400 bits per second. The Type I limits apply in 
addition to the following : 

Impulse noise : No more than 15 counts in 15 minutes at a 
threshold of 59 dBrnc on carrier facilities and 50 dBrnc on 
physical facilities, both referred to the local central office. 

Slope : No more than 3 dB difference in loss between 1000 Hz 
and 2800 Hz. 

Envelope delay distortion : No greater than 100 microseconds 
between 1000 Hz and 2400 Hz. 

(3)  Type III-For data transmission speeds above 2400 bits per 
second. Identical to Type II requirements except that additional 
tests are required if carrier channels are used. 

As can be seen from Figure 5-4, the 1000-Hz loss requirement is 
generally not a problem if loop design rules are not violated. More
over, the transmitting station power output is specified so that the 
signal is received at the originating end office at - 12 dBm ; therefore, 
only the loss between end offices and the loss of the terminating station 
loop are involved in determining received signal power. 

Generally, the message circuit noise requirement is not critical if 
the loop plant is properly designed and administered. On the other 
hand, switching equipment is often the source of impulse noise ; hence, 
proper design of loop facilities does not necessarily guarantee meeting 
the impulse noise objective. Either impulse noise mitigation tech
niques or remote exchange lines must be employed if these objectives 
are exceeded. Remote exchange lines are often prescribed when the 
normal serving central :office is a panel or step-by-step office, since 
mitigation in these offices may be insufficient to meet objectives 
without excessive expenditures. 

It is generally the envelope delay and slope objectives for Type II 
or III data loops which precipitate supplemental loop design proce
dures. Figures 5-5, 5-6, and 5-7 show distributions of 1000-Hz inser
Uon loss, envelope delay, and slope parameters for the loop universe 
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Figure 5-5. Insertion loss of loops to business customers. 

which typically serves business customers. *  N onloaded loops do not 
pose envelope delay problems (see Figure 5-6) but over 15 percent 
of loaded loops require some form of delay equalization. On the other 
hand, Figure 5-7 shows that about 30 percent of nonloaded loops 
as well as slightly less than half of the loaded loops would require 
equalization or other treatment to meet the Type II or III slope 
objective. 

P ICTU REPHONE®. The large bandwidth (� 1 MHz ) and special 
control of certain impairments required for analog transmission of 
PICTUREPHONE signals in the local plant severely limit the Pl'O
portion of loops placed under standard methods which are suitable 
for PICTUREPHONE service. These restrictions should be con
sidered in the formation of .any Outside Plant Plan for areas where 
PICTUREPHONE service is contemplated. 

*This is a subuniverse of the general loop universe in Figure 5-4. Since business 
customers are predominantly (but not exclusively) located in urban or suburban 
areas, the means and standard deviations shown for the various transmission 
parameters are lower than for the general loop universe. 
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5-2 UNIGAUGE DESIGN 

Unigauge design utilizes the basic concept that in certain situa
tions it may be more economical to provide loop plant of uniformly 
fine gauge and to correct for transmission and signalling limitations 
by applying electronic circuitry which provides gain, equalization, 
and extended range for signalling and supervision [ 4, 5] . Generally, 
the greatest economies are realized if the electronic equipment can 
be engineered to provide a fixed amount of correction and can be 
switched into the transmission path of those loops requiring it rather 
than by dedicating apparatus to each individual loop and requiring 
a range of correction settings. These principles are also used in the 
unigauge plan. 

Application 

Unigauge is presently applicable to No. 5 crossbar and No. 2 ESS 
offices. The plan is most effective in urban-suburban areas 1 5  to 30 
kilofeet from the central office, where there is significant demand for
individual line residence service, and where there are few special 

_; .B D 80 c � 
j g 60 
w 
..c 
·¥ 
R. 0 ..2 -0 
Q) 0) � 20 

� &. 

STANDARD 
MEAN DEVIATION 

Non loaded 1 8.0 1 7.25 
Loaded 79.1 32. 1 5  
Combined 26.1 28.67 

1 0  20 30 40 so 60 
EDD (microseconds) 

Note: Response in the 600- to 2750-Hz 
band when 1 800 Hz is assumed 
to be the reference frequency. 

Loaded 

70 80 90 

Figure 5-6. Envelope delay distortion on loops to business customers. 
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Non loaded 
Loaded 
Combined 

MEAN 

2.3 
3.4 
2.4 

STANDARD 
DEVIATION 
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2.61 
2.05 

95 

0�-----L------L-----�------L-----�----��----�----� 
0 2 3 

Note: Slope is defined as the difference 
in loss at 600 and 2750 Hz. 

4 

Slope (dB) 

5 6 7 

Figure 5-7. Frequency response of loops to business customers. 

8 

service, coin, or multiparty customers served by loops over 15 kilofeet 
long. Special service requirements in this range do not preclude pro
vision of unigauge-designed plant but such plant may require supple
mentary transmission and signalling equipment on a dedicated and 
prescribed basis. The added equipment may significantly reduce or 
completely nullify the economic advantages. Unigauge is intended 
primarily for new growth in permanently connected plant areas, since 
PCP interconnection points permit flexibility in using existing coarse
gauge copper economically and limit the number of line and station 
transfers which would otherwise involve central office rearrangements. 

Coin lines cannot be served from No. 5 crossbar horizontal groups 
equipped for unigauge due to the inability of the unigauge range 
extender to pass coin collect and return signals. A coin line dial 
long line unit and E6 repeaters should be used where central office 
signalling ranges and transmission loss objectives are exceeded. 
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Design Ranges 

There are four basic ranges associated with the unigauge concept, 
as shown in Figure 5-8. The first range, for loops less than 15 kilofeet, 
consists entirely of 26-gauge nonloaded cable. Such loops are con
nected at the central office in the same manner as resistance design 
loops and are administered on the same basis since the resistance of 
15 kilofeet of 26-gauge cable is less than the resistance design limit 
of 1300 ohms. 

Distance from 
central office 

in kilofeet 

Central office 

, - - - - - -,  
I I 

0 
Short r·�� 1 5  

I l I 48V -------4�--
2
_

6
_

N
_
L ____ _ 

I 
I 
I I 
L _ _ _ _ _  _j 

, - - - - - --, 
I I 

26 Nl 

24 30 

Unigauge 
loops 

! 72V z 1+-T": --+--2
_
6

_
N

_
L ____ 

.,..t----,
2-6_H8_8 __ _ 

: I 
L _ _  - _ _  _j 

26 Nl 

Z Roogo ,.teode• 

88 mH load coil 

Figure 5-8. Unigauge loop plant layout. 

Extended 52 
unigauge 

loops 

22H88 
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For the remaining ranges, the unigauge concept extends the maxi
mum conductor loop resistance range from 1300 ohms (resistance 
design limit) to 2500 ohms* by the use of unigauge range extension 
circuitry, which provides increased voltages for tripping the ringing 
signal, pulsing, and transmitter current. It also provides a shaped 
two-way gain characteristic having about 6 dB of gain at the middle 
of the voice-frequency band. 

Unigauge Loops. Loops in the next two ranges are called unigauge 
loops, since they are in excess of 1300 ohms and require access to the 
unigauge range extension equipment. In No. 5 crossbar offices, uni
gauge loops connect to unigauge horizontal groups modified so that I 
the primary stages of switching are equipped with more sensitive 
line relays in order to detect off-hook conditions on loops up to 
2500 ohms with 48-volt battery. In No. 2 ESS, unigauge loops connect 
to a range-extended concentrator. 

Unigauge range extenders are inserted in the links between the 
primary and secondary stages of the line link frame in a No. 5 
crossbar office and allow concentrations of 4.9 or 5.9 loops to each 
range extender. In No. 2 ESS, range-extender repeaters are inserted 
in the "B" links. Theoretical concentration ratios are 4 : 1 or 2 : 1 ,  
although actual concentration ratios are usually lower due to the 
presence of trunks and service circuits as additional concentrator 
inputs. 

A No. 5 crossbar office is modified to ensure that the range extender 
gain and 72-volt battery are applied to the unigauge loops as origina
ting and terminating cross office paths are established and that the 
ringing signal is superimposed on 72 volts rather than on 48 volts. 
Figure 5-9 shows the cross-office transmission paths for originating 
and terminating calls in a No. 5 crossbar unigauge office. In No. 2 
ESS offices, the capability for unigauge operation (other than the 
range-extender repeaters) is provided as part of the basic design and 
generic programs. Therefore, additional equipment and modification 
costs, which often negate the economic advantages of unigauge
designed plant in No. 5 crossbar offices, are not a consideration in 
No. 2 ESS. The only additional cost is for the number of range
extender repeaters required. Thus, it can be expected that the pre-

*Computed at 68° F  for underground or buried plant and at 100°F for aerial 
plant. 
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Chap. 5 Design Considerations 99 

dominant application of unigauge will be in exchanges served by 
No. 2 ESS. 

The unigauge loop range between 15 and 24 kilofeet consists en
tirely of 26-gauge nonloaded cable. In this range, the unigauge re
peater (part of the range extender) can provide sufficient gain and 
equalization so that satisfactory distributions of transmission losses 
and slopes result. Figure 5-10 shows the insertion gain characteristic 
of the 306A repeater unit used in No. 5 crossbar offices. The range
extender repeater for No. 2 ESS offices provides a similar gain shape 
but with insertion gains of 5.1 dB at 1 kHz and 9.5 dB at 3 kHz [5] . 

In the unigauge loop range . between 24 and 30 kilofeet, 26-gauge 
cable is also used but the additional loss and slope cannot be com
pletely compensated by the 306A repeater alone. Therefore, two 
88-mh load points are established at 15 and 21 kilofeet from the office. 
The combined effect of this partial H88 loading and the 306A repeater 
produces the required distribution of losses and slopes for satisfactory 
transmission in this range. Loading is not applied within the first 
15 kilofeet, since the stability of the unigauge repeater, specifically 

1 0  

8 / " 
v � 

I � v \ / \ 
1\ 

1/ v \ 
v ' 

/ i\ 
/ v 

v 2 

0 
0 200 400 1 000 I 500 2000 3000 4000 1 0,000 

Frequency (Hz) 

Figure 5-1 0. Unigauge repeater insertion gain, 306A repeater unit. 
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designed to match the impedance of 26-gauge nonloaded cable, would 
be adversely affected. The impedance-matching requirement also 
dictates that there be no bridged tap within 15 kilofeet of the office 
on unigauge loops. If unigauge design is applied to existing plant, 
there may be unigauge loops (that is, loops requiring the unigauge 
range extender) with sections of coarser gauge cable near the central 
office. In order to maintain repeater stability, it is mandatory to 
remove any loading coils in the first 15 kilofeet and to provide a 
26-gauge buffer section adjacent to the central office. This 26-gauge 
section should be as long as possible but in any case no less than 
the following : 

COARSEST GAUGE I N  MINIMUM LENGTH 
FI RST 15 KFT OF 26-GAUGE BUFFER, KFT 

19 5.5 
22 4.5 
24 3.0 

In addition, the minimum loop resistance of mixed gauge "unigauge" 
loops, including the buffer section, must be 1200 ohms. 

Central office bridging of two-party unigauge loops requires the 
application of special unigauge relay bridging devices ; the conven
tional 157 4-type inductor bridge lifter has enough residual inductance, 
even when saturated, to affect adversely the impedance match to the 
unigauge repeater. Bridging with 1574-type inductors is permissible 
when the bridge is over 15 kilof.eet from the office. In No. 5 crossbar 
offices, four- and eight-party lines are not suitable for unigauge 
treatment but must be individually treated with dial long line equip
ment and E6 repeaters ; the customer drops are bridged, as are those 
in long route design. In No. 2 ESS offices, four- and eight-party l ines 
may be bridged remotely and may receive unigauge treatment within 
the central office. 

Extended Unigauge Loops. Thirty kilofeet is the longest allowable uni
gauge loop made up entirely of 26-gauge pairs. However, the unigauge 
central office equipment may accommodate loops as long as 52 kilofeet. 
Loops in this range are designed with the first 15 kilofeet as 26-gauge 
nonloaded cable and the remainder as 22H88 loaded cable. The first 
load point is established at 15 kilofeet, the intersection of the 26- and 
22-gauge cables. The lower loss and slope of the 22H88 portion, when 
combined with the transmission correction provided by the unigauge 
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repeater, again ensure a satisfactory overall distribution of losses 
and slopes in this range. These loops are known as extended unigauge 
loops. The restrictions previously mentioned for unigauge loops, con
cerning the stability of the unigauge repeater, also apply to extended 
unigauge loops. All of the previously listed restrictions for resistance 
design (maximum bridged tap on nonloaded loops, load spacing de
viations, and customer end sections plus bridged tap maxima) also 
apply to unigauge and extended unigauge loop plant. 

Expected Range of losses 

The solid line in Figure 5-4 shows the theoretical insertion loss 
versus length for ideally designed unigauge loops ( including the 
range extender where applicable) at 68 degrees with no bridged tap. 
Unigauge loop losses in the 15- to 20-kilofoot range are considerably 
less than losses resulting from resistance design, while unigauge 
losses in the 24- to 30-kilofoot and 40- to 52-kilof!oot ranges are some
what greater than their resistance design counterparts. However, if 
the percentage of main stations in each range is considered, it is 
found that unigauge provides lower losses for about 9.7 percent of 
loops, comparable losses for 86.8 percent, and higher losses for 
2. 7 percent in the overall 0- to 52-kilofoot range. Both unigauge and 
resistance design distributions are such that overall network trans
mission grade-of-service requirements are met. Similar analysis of 
frequency distortion (Figure 5-1 1 )  and loop current (Figure 5-12) 
for each design method shows some differences within the individual 
ranges ; again, both distributions meet the overall voice objectives. 
However, unigauge loops in range's beyond 18 kilofeet have generally 
higher slopes than those of resistance design. Thus, a higher propor
tion of such loops probably requires slope equalization if Type II or 
III conditioned data loops must be provided from a unigauge office. 
Unigauge design does give somewhat better overall echo return loss 
performance for loops over 15 kilofeet due to the 15 kilofeet of non
loaded 26-gauge cable next to the central office. Thus, unigauge offers 
transmission performance for message network service at least as 
good as that achievable under resistance design. 

On the other hand, many special service circuit design requirements 
are more difficult to meet where the plant has been designed according 
to unigauge principles. A larger percentage of high resistance and 
high loss facilities are encountered. While the unigauge range ex
tender can be adapted to some PBX trunk applications, it is generally 
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9 
- Unigauge (computed) 

8 ... 
' i  -- Resistance design (computed) �/ I . 

. Plant from 1 964 general V"T� ---
loop survey (computed) 

i ' :� /  I i � ......... I -- - --- --- -- - - --

j( / / /� ... / /I ,, /L� // � ��L // 
./ � 

" �� I '  � �  ./' /, � /  ... r / ... / , �  ., � J#;' ., � �  -

0 
1 5  20 25 30 35 40 45 50 55 

loop length (kft) 

Figure 5-1 1 .  Frequency distortion comparison of unigauge and resistance designs. 

necessary to make greater use of other electronic gain and range 
extension devices or to provide four-wire or equivalent four-wire 
facilities to meet objectives. 

5-3 LONG ROUTE APPLICATIONS 

Application of resistance design to cable plant serving scattered 
customers at great distances from the central office would at best 
involve relatively high per-station costs due to the large amount of 
coarse-gauge cable required. Moreover, few stations are so distant 
that resistance design cannot be used. Therefore, alternative design 
procedures have been developed. Long route design* and multichannel 
subscriber carrier arrangements offer increased economic flexibility 
and still provide a satisfactory distribution of transmis,sion losses. 

Long Route Design 

Conceptually, several zones which correspond to ranges of resis
tance in excess of 1300 ohms are established by the long route design 

*The term long route is used instead of long loop because the outside plant is 
engineered and constructed in terms of routes or sections of routes. 
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45�----�------�----�------�----�------�----� 

20�----�------�----�------�----�----��----� 
Loop length (kft) 15  20 25 30 35 40 45 50 
Percentage of 
main stations 79.5 93.9 96.7 99.0 

Figure 5- 1 2. loop current distribution. 

procedure. It provides for a specific combination of electronic range 
extension and/or fixed gain devices to be �pplied to all loops falling 
within each range so that the maximum insertion loss in each range 
is limited to 8 dB (8.5  dB with office loss included ) .  The overall distri
bution of losses obtained by the use of long route design thus provides 
a grade of service not significantly poorer than that generally received 
by all subscribers [6] . 

Basic Zones and Transmission Layout. Figure 5-13 illustrates a long 
route design work sheet� The vertical scale on the left is in terms of 
loop resistance and the scale on the right shows the upper and lower 
boundaries of each zone. The table at the lower right of the figure 
summarizes the prescribed

. 
signalling and /or transmission treatment 

for loops within each zone. Note that zone 16 requires no gain device 
but does require the 2A range extender. *  Beyond zone 16, both range 

*The range extender is required primarily so that the ringing signal can be 
tripped. Since some offices have a ringing trip range greater than 1300 ohms, 
some companies administer zone 16 on an individual office basis and provide the 
2A range extender only as required. 
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extension and gain equipment are required. The gain is applied 
uniformly to all loops within a given zone. 

Gauging. In Figure 5-13, lines corresponding to the smoothed loop 
resistance versus length for each gauge of loaded high-capacitance 
cable are drawn for both 68°F (lower boundary) and 100°F (upper 
boundary) . These lines are used to lay out prospective gauging plans 
and plot the corresponding zone boundaries. In contrast to resistance 
design, however, there are no set rules concerning selection of the 
gauge or gauges which would yield the most economical theoretical 
design. In theory, there are an infinite number of gauge combinations 
and, in reality, many of these alternatives are possible. Generally, 
forecasts of customer densities in each section of the route must first 
be obtained ; then several of the most viable gauging alternatives are 
laid out on the work sheets upon which the zone boundaries are 
plotted. The resultant plans must then be made satisfactory from a 
transmission standpoint. Then the quantities and associated costs 
of transmission and range extension equipment required for each 
gauging alternative must be determined and added to the costs of the 
cable in each plan ; the plans are then compared economically on the 
basis of present worth of expenditures. As previously mentioned, 
time-shared computer programs are available to aid in analysis for 
long route design alone or in combination with pair gain alternatives. 

Gain Options. Originally, the E6 repeater was the prescribed gain 
device for use in long route design when transmission gain was re
quired. However, since only three gain settings were ever required, 
the capabilities of the E6 were ,somewhat wasted since it provides a 
larger variety of gain settings. Moreover, detailed measurements were 
required during lineup of E6-equipped loops, adding to their cost. 
Now a range .extender with voice-frequency gain (REG) is available 
to replace the E6 repeater and dial long line unit required for zones 18 
and 28 [7] . The range extender operates in two basic .modes. In the 
signalling mode, sensitive balanced-bridge circuits dete·ct the off-hook 
condition and the presence of dial pulses. A shunt .resistance is then 
placed across the line to increase the current that operates the central 
office equipment. In the transmission mode, a negative impedance re
peater is switched into the circuit to provide for dial tone, voice 
transmission, and TOUCH-TONE® dialing. A line build-out network, 
also provided, is designed so that no detailed measurements are re
quired during installation. An auxiliary power unit provides an 
additional -30 volts de boost to the -48 volts provided by the normal 
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central office battery. The boost is applied to the loop through the 
REG output circuit to ensure adequate loop current. 

In early designs of the REG, selector switches were used to provide 
either 4 or 6 dB of gain. Other switches were used to select the line 
build-out network required for the impedance match between the 
REG and the loop to be treated. The selection depended on cable pair 
gauge. In the latest design, the 5A REG, gain is automatically 
switched from 3 to 6 dB if the loop resistance exceeds 2000 ohms. This 
design of REG also contains a compromise design of build-out network 
that adequately matches any gauge combination of H88 loaded cable 
pair. With

-
these features, no selector switches are required in the 

5A REG. 

Application of the REG thus provides a more economical design 
for zones 18 and 28. In zone 36 where 9 dB of gain is required, dial 
long line equipment and remote E6 repeaters were originally used to 
satisfy these requirements. These needs may now be fulfilled by using 
a REG at the central office and a G36 handset (with gain) at the 
station [8] . 

Other Transmission Considerations. In addition to the above considera
tions regarding transmission layout for each zone, other transmission 
requirements must be satisfied. 

Load Spacing, End Sections, and Remote E6. Permissible load 
spacing deviations are the same as for resistance design. However, 
for cables with deviations which must be built out, theoretical return 
loss performance should be .computed since capacitance build-out 
alone may not provide adequate return loss. A plan must also be pro
vided in long route design for measurement of return loss during 
implementation. Customer end section plus bridged tap length should 
be limited to a range of 3 to 12 kilofeet. * For zone 36, the remote 
E6 repeater ( when used) must be located in the range 1000 to 
1250 ohms from the office and should not be more than -+- 1500 feet 
from the midpoint of a load section. 

Noise. Noise on all loops should meet a general objective of 
20 dBrnc or less at the station end. However, due to the greater 
exposure of long loops and the increased possibility of multiparty 

*Note that this is a more stringent requirement than the allowable 3- to 
15-kilofoot range in resistance design. 
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services using grounded ringers, it may not be economically possible 
to bring each loop to within this limit. Therefore, although the ob
jective remains 20 dBrnc, the maintenance limit for noise on long 
route design loops is 30 dBrnc. Loops having noise in excess of 
30 dBrnc must be corrected by special treatment as required. This 
should .result in most multiparty loops being under the 30 dBrnc 
limit, thus maintaining a satisfactory noise distribution in the long 
route universe. 

Loss. Studies have shown that the best balance between plant cost 
and grade of service would be achieved by establishing the maximum 
insertion loss for long route designed loops at 8 dB (excluding central 
office loss) [6] . Sample routes typical of those expected under long 
route design were sectionalized and designed to meet maximum 1-kHz 
insertion loss objectives of 4, 6, 8, 10, and 12 dB, respectively. The 
resulting transmission loss distributions were determined ; they in
clude correction for 500-type station set efficiencies with variations 
in loop current. With the efficiency correction, the long loop trans
mitting direction produced a significantly higher mean effective loss 
and standard deviation than did the receiving direction ; when corn
bined in an overall connection model with distributions for the inter-

Long route 

under study 

Long route 

under study 

Notes: 

Short toll trunk 
distribution (note 1 )  

7.0 dB, (T 2.3 

1. The distribution of short (less 
than 1 80 miles) toll connection 
losses was based upon a 1 966 
survey. 

2. Data for the general loop 
universe were obtained from 
the 1964 general loop survey. 

3. The transmission distribution 
was modified to reflect 500-
type set performance relative 
to transmitter current. 

(a) Overall connection model 

T1 1 .5 dB, u 3.9 

R 10.5 dB, u 2.9 

(b) Simplified connection model 

Figure 5- 1 4. Connection models. 

General loop 
universe (note 2) 

T 4.5 dB, u 3.2 (note 3) 
R3.5 dB, u 1 .8 
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office trunk network and the general loop universe, the transmitting 
direction was still found to be the more critical [9] . Figure 5-14 
shows models for the long loop transmitting configuration. A noise of 
27.3 dBrnc (combining an assumed long loop noise distribution having 
a mean of 25 dBrnc with a 23.0 dBrnc empirical noise floor) was used 
for the noise distribution of long loop plant in the study. Costs of 
loop plant and associated range extension and gain equipment re
quired to meet each of the insertion loss objectives were tabulated 
and analyzed on a PW AC basis. Figure 5-15 shows a comparison of 
the percent change in poor-or-worse grade of service for customers 
on the long route for each insertion loss objective with the percent 
change in PW A C. 

Figure 5-15 shows that the relationship between cost and grade of 
service is nearly linear as the insertion loss objective is reduced from 

1 0  

1 .  Noise a t  set = 2 5  dBrnc 
2. ( ) dB = design limits, insertion loss 
3. Connected to general loops via 

short toll trunks 

4 d8 

-5 �----------------�-- ·--------------�----------------� 
-10  0 10  

Percentage increase i n  cost (PWAC) 

Figure 5-1 5. Rating of calls versus costs for various design limits. 
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12 to 8 dB. With a further reduction in the objective, the figure shows 
that the cost increases at a higher .rate than the grade-of-service 
improvement rate. Thus, the 8-dB objective appears to be an ap
propriate compromise between cost and grade of service. 

Another factor supporting the 8-dB objective for long routes is 
that it is compatible with the 8-dB maximum .insertion loss objectives 
for resistance design loops ; hence, it would not appear reasonable to 
make the long route maximum objective more stringent, although 
a higher proportion of long routes may be at or near the limiting 
loss. The 5 percent impairments (Figure 5-15) in poor-or-worse grade 
of .service for long routes compared with the general loop universe 
appears consistent with the economic factors governing long routes, 
especially since long routes are a relatively small portion of the 
general loop universe. 

Digital Loop Carrier Systems 

An alternative to providing long route loops by paired-wire voice
frequency facilities is to use a digital loop carrier facility such as the 
SLC-40 System. This system uses T1-type digital line equipment with 
specially designed terminals. It can serve up to 40 loops over a single 
repeatered line which requires two pairs, one for each direction of 
transmission. Such a system appears to be most economical on long 
routes when relatively high subscriber line growth is forecast for 
the study period and when such routes would require considerable 
relief in the feeder portions. A computer program is available to 
analyze the present worth of annual costs for various combinations 
of digital or analog loop carrier systems and long route designed 
loops [10] . 

In addition to being more econom.ical in certain situations, digital 
loop carrier systems can provide improved transmission loss distri
butions. The 1-kHz insertion loss of the SLC-40 System is normally 
only 2.0 dB between the central office and remote terminals regard
less of the length of the digital facility. Additional losses are incurred 
in the distribution cables between the remote terminals and the station 
sets. The low insertion loss of the digital portion of such loops allows 
up to 5.0 dB additional loss in the distribution cables. Careful selec
tion of remote terminal locations results in a satisfactory loop loss 
distribution on such long routes. In certain circumstances, it is pos
sible to reduce the system insertion loss to 0 dB and thereby to extend 
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further the range of the connected plant. Idle noise on the digital 
portion of the loop is less than 20 dBrnc so that loop noise objectives 
are met in .most systems without special treatment. Quantization noise 
is low and found to be satisfactory over the entire normal dynamic 
speech input range. 

Multichannel Analog Subscriber Carrier Systems 

Several 4- to 8-channel, distributed-terminal subscriber carrier sys
tems are presently available and may be economical for some long 
route configurations. Surveys indicate that many subscriber carrier 
systems perform satisfactorily, although only one of them, the 
KS-20988 S6A -system, is presently rated standard for Bell System 
use.* 

There are two basic transmission design limitations on the length 
of these systems : 

( 1 )  Remote powering range ( limit of 2400 ohms for the KS-20988) .  

(2)  Insertion loss limit between repeaters and maximum number 
of repeater sections allowed. The KS-20988 limit is four re
peater sections in tandem (three line repeaters each with a 
maximum gain of 35 dB at 112 kHz) for a total maximum in
sertion loss of 140 dB at 112 kHz. 

The limitation resulting in the shortest design length for a partic
ular cable makeup is controlling. For routes under study, when far 
point length exceeds one or both of these limitations, the KS-20988 
system can be used to serve stations out to the carrier system limit 
and conventional long route design can be utilized for the remaining 
stations. 

Computer programs are available to assist in evaluating the cost 
alternatives between multichannel analog and digital carrier systems 
and standard long route designed loops [10] . However, certain manual 
screening processes have been documented and should be undertaken 
for each route during preliminary planning. These processes provide 
graphs and formulas to analyze proposed routes on the basis of cus-

*This system is manufactured outside the Bell System to Bell System specifica
tions. 
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tomer density, growth rate, equivalent route length, and cable and 
carrier system costs so that only those routes where carrier systems 
are viable alternatives undergo the rather costly detai led analysis 
provided by the computer programs. 

Another planned use of multichannel subscriber carrier systems is 
to provide temporary service to customers in both the long route and 
resistance design areas in order to defer cable relief to an economica1ly 
more suitable time. There are also several single-channel analog sub
scriber carrier systems available should temporary relief be required 
to serve only a few stations. Customers requesting a second line can 
often be served economically by the use of single-channel systems. 

Multichannel subscriber carrier systems should not be indiscrimi
nantly used to serve large numbers of customers in a given wire
center area. These systems provide loop insertion losses of about 
6 dB for all derived channels. While 6 dB is less than the limit, a 
heavy concentration of such loops could bias upward the mean loop 
insertion loss to the point that overall grade of service in that wire 
center could be degraded. 

5-4 CENTREX STATION LINE DESIGN 

Since centrex customers are generally large toll service users and 
often require special features such as conferencing and add-on, the 
transmission objectives for centrex station lines are more stringent 
than those for standard loops. 

For centrex-CO station lines served by consoles, or for those lines 
which are not involved in attendant-connected calls requiring multiple 
loops through a manual switchboard, the supervisory limit remains 
at 1300 ohms, the resistance design limit. Centrex station lines must 
meet a maximum expected measured loss objective of 5.5 dB, in
cluding the assumed 0.5 dB test access loss to the local test signal 
supply. Henee, the 1-kHz insertion loss of the loop facility should 
not exceed 5 dB. It can be seen in Figure 5-4 that resistance design 
loops over 11 kilofeet long may require some additional transmission 
treatment, such as loading or gain, to meet this objective when used 
as centrex station lines. 
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Section 3 

Trunks 

Many types of trunks are needed to provide transmission paths 
between switching machines. The functional and transmission char
acteristics of these trunks are determined largely by the network 
relationships that have been established in order to provide the wide 
range of switched services found in a modern telecommunication 
system. This section is devoted to discussions of the many trunk 
types, to the relation of these trunks types to the problems of traffic 
engineering, and to trunk design and operation. 

The preparation of this second edition of Volume 3 coincides in 
time with a period of rapid transition in respect to trunk terminology, 
network configuration, trunk applications, and trunk design methods. 
Although the material in Section 3 reflects some of this transition, 
the dynamic nature of the network makes it impossible to reflect 
many of the changes that are taking place. 

Chapter 6 is devoted to defining the principal trunk categories 
presently in use, describing the terminology applied to these trunks 
for traffic and transmission purposes, and explaining the evolving 
standards for designating the trunks in a manner such that the 
designations may be used for manual or automatic design and record 
keeping. 

The engineering of trunks and trunk groups to meet traffic and 
transmission requirements involves an interdisciplinary understand
ing of the two fields. Chapter 7 gives traffic engineering background 
in order to provide this understanding for those involved in trans
mission engineering. Traffic distribution and routing are related to 
the provision of trunk groups capable of efficiently carrying a variety 
of traffic loads under both normal and extreme conditions. Traffic 
administration and terminology are also discussed. 
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The switched message network is conveniently regarded as being 
composed of local and toll portions. Trunks must be provided for 
each portion of the network and to interconnect the two major por
tions. Chapter 8 .is addressed to the problems of trunk design in the 
local portion of the network. Signalling and supervision are discussed 
as well as transmission designs that, while applied locally, contribute 
to the successful operation of the entire network. 

Chapter 9 is concerned with similar problems relating to the toll 
portion of the network. Intertoll trunks provide transmission paths 
between toll switching machines and toll connecting trunks provide 
for the interconnection of the toll and local portions of the network. 
The designs of these two classes of trunks and the achievement of 
satisfactory echo performance in the network by the application of 
balance objectives to toll offices are discussed. The effect on toll trunk 
design of introducing digital toll switching machines in the network 
is also considered. 

The design of the network, based on the via net loss plan, provides 
the means for achieving acceptable network transmission perfor
mance in respect to loss and echo on telephone connections. Echo 
performance is evaluated in terms of echo return losses which are 
controlled by impedance balance at critical points in the network. 
In Chapter 10, the theoretiool bases for balance objectives are re
viewed, the methods of making balance measurements are described, 
and the manner in which the results are analyzed are discussed in 
considerable detail. 

In addition to trunks that must serve and interconnect the local 
and toll portions of the switched network, there are many miscel
laneous trunks that must be used for network operation. These in
clude trunks such as those serving consoles and switchboards, auto
matic accounting equipment, conference circuits, etc. Descriptions of 
many such trunks are given in Chapter 11 and their designs are also 
discussed. 
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Trunks 

Chapter 6 

Trunk  Types and Uses 

In general, a trunk may be defined as the transmission facility 
and the associated equipment used to establish a connection between 
switching entities. Trunks may be intraswitching machine, intra
building (between separate switching entities, or central offices, in 
the same building) , or inter building, depending on the hierarchies 
and locations of the switching machines and switchboards involved 
in the built-up connection. 

Six major trunk transmission categories are defined on the basis 
of their hierarchical positions in the network : direct, tandem, inter
tandem, toll connecting, intertoll, and secondary intertoll trunks. Two 
remaining categories have the general headings auxiliary services and 
miscellaneous and include a variety of specialized trunks on which the 
requirements may differ from those of the first six. 

While transmission categories are meaningful in respect to trans
mission engineering studies, trunks usually are not designated opera
tionally in this manner. They may be designated by traffic routing 
class, traffic use, or by a variety of name.s which have evolved over 
the years and may differ considerably from company to company. 
More recently, a coded format of common language symbols has been 
used to designate, among other things, the traffic class and standard 
traffic use categories. The traffic use category may require additional 
code modifiers, often corresponding to the functional or popular name 
for a trunk, to define its use further. 

Before transmission objectives can be specified for a particular 
trunk group and before the design layout can be established, the 
transmission category of the group must be identified from various 
operational designations. 
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6-1 TRANSMISSION DESIGN CATEGORIES 

Some of the types of trunks used between various classes of offices 
in certain portions of the message network hierarchy are shown in 
Figure 6-1. The trunks are lettered for cross reference between the 
following definitions of the transmission design categories and sub
sequent discussions in this chapter. 

The transmission design categories of trunks are defined as follows : 

( 1 )  Direct trunks are used to connect an end (or class 5)  office 
directly to another end office with no intermediate switching 
point. Trunks A, B, and C of Figure 6-1 are examples of 
direct trunks. This definition does not limit the use of direct 
trunks to nontoll-type traffic. Provided that the originating 
end office is equipped with automatic number identification 
(ANI ) and local automatic message accounting (LAMA) , 
direct toll trunks, as shown by trunk B, may be established 
to· any other end office (where traffic load warrants ) either 
in the same or a different numbering plan area (NPA) . 

(2)  Tandem trunks connect a local office with one of the types 
of tandem offices described in Chapter 2. Except in cases 
where metropolitan tandem and toll portions of the network 
are combined, the tandem trunk provides paths for nontoll, 
multitrunk connections within a local or metropolitan area. 
Trunks D, E, and F of Figure 6-1 are tandem trunks which 
interconnect the local office with the tandem office. Connec
tion EF is an example of a 2-trunk connection using tandem 
trunks. 

(3)  Intertandem trunks (for examp,le, trunk G of Figure 6-1 ) 
.interconnect two tandem switching points on nontoll multi
trunk connections. Connection DGF is a 3-trunk connection 
using two tandem trunks and an intertandem trunk. Present 
metropolitan network plans allow one additional intertandem 
trunk in .some multitrunk connections, i.e., a maximum of 
two intertandem and two tandem trunks in an overall tandem 
connection. 

(4) Toll connecting trunks (TCTs) are, in a sense, special kinds 
of tandem trunks in that they also provide paths for multi
trunk connection between end offices. In this case, however. 
a toll connection is involved. A toll connecting trunk connects 
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an end office to a point of entry to or exit from the toll 
portion of the network for all toll connections except those 
provided by direct trunks. The point of entry or exit may 
be a toll switching machine or toll switchboard. Trunks H, 
I, J, K, L, M, and Z of Figure 6-1 are examples of toll con
necting trunks. Although not shown in Figure 6-1, a toll 
connecting trunk may also interconnect an end office with 
a control switching point (CSP) , i.e., a toll office higher in 
rank than class 4 ;  however, this connection is provided only 
for access to the class 4 functions provided by the control 

' switching point. 

(5) Intertoll trunks are those links in an overall toll connection 
which extend between two toll switching systems. In the 
same sense that the toll connecting trunk is the toll equiv
alent of a tandem trunk, an intertoll trunk is analogous to 
an intertandem trunk. The definition encompasses trunks 
between all toll switching machines, including those in the 
same building. Also, trunks between toll switching machines 
and switchboards which are of different class rank are also 
considered for transmission design purposes to be intertoll 
trunks, regardless of whether they are collocated. In traffic 
use terminology, these are designated as secondary intertoll 
trunks. A manually operated toll switchboard is limited in 
its standard assistance connections to class 4 operation ex
cept for overseas service. Trunks N through V of Figure 6-1 
are designed a.s intertoll trunks. 

( 6 )  Secondary intertoll trunks are used to interconnect an auto
matic toll switching machine and its manually operated 
assistance switchboard of equal class rank (normally both 
class 4 in standard arrangements other than for overseas 
service) .  The two are closely associated as a single unit and 
are located in the same building or in buildings close to
gether. Trunks W, X, and Y of Figure 6-1, examples of 
secondary intertoll trunks, represent extra links in built-up 
operator-handled toll connections. The same connection on a 
DDD basis would not have these extra links. 

Trunks that interconnect centrex switching machines with message 
network switching machines or attendant equipment, although con
sidered special service trunks, have engineering criteria similar to 
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those for message trunks. Therefore, they are discussed in conjunction 
with the message trunk common language format and with the 
message trunk office use categories. 

6-2 OPERATIONAL CATEGORIES 

While the transmission categories of trunks are of primary interest 
for design purposes, other categories are commonly used for traffic 
admjnistration. Traffic-related designations are generally used for 
internal Bell System correspondence. 

Traffic Class and Traffic Use 

There are two major ways to categorize trunks operationally. The 
first, traffic class, relates to the manner and sequence by which the 
network switching entities gain access to trunk groups, as deter
mined by the network routing rules. Standard traffic classes are 
summarized and defined in Figure 6-2. The second, traffic u.se, is 
based on the particular function (s) of the trunk within the network 
and is dependent on several factors : ( 1 )  the nature of the switching 
entities it interconnects and their respective classes in the hierarchy, 
(2)  the direction in which calls are established ( i.e., originating, com
pleting, two-way, etc. ) ,  (3) the manner in which billing information 
is recorded (ANI, LAMA, CAMA*, etc. ) and, in some cases, (4)  the 
type of call and nature of the calling station. In many cases, the same 
trunk groups may serve more than one traffic use. Standard traffic 
uses are summarized and defined in Figure 6-3. Where appropriate, 
these definitions may include references to one or more of the lettered 
trunks in Figure 6-1.  

Traffic use, not traffic class, generally determines the transmission 
design category of a trunk. When traffic use definitions are related 
to transmission design categories, it can be seen that the transmission 
design category is most dependent upon the nature of the switching 
entities connected by a trunk and their respective classes in the net
work hierarchy. Network transmission design must be based upon 
statistical analysis of the random manner in which calls may be routed 
in the network. Consequently, the transmission objectives for various 
categories of network trunks are based on their positions in built-up 
connections and on their resulting contributions to network transmis
sion performance. 

*Centralized autom:1tic message accounting. 
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CODE DESCRIPTION 
1-----+-----------------------------------""1 

FINAL 

AF Alternate route final : ProV'ided as the last resort path in the final 
route chain, this group carries direct and/ or switched overflow 
from high usage trunk groups. It may also carry calls which have 
not been routed over a high usage group of any type and which 
instead are first routed over the final group. 

IF Individual final : A group that parallels the AF group and functions 
like a high usage group, it carries overflow traffic directly to the 
AF group and is provided for the service protection of specified 
items of first-routed traffic. 

NONALTERNATE ROUTE 

DF Direct final : Commonly referred to as a nonalternate route trunk 
group, this group does not receive overflow and is provided as the 
only route between two offices for the items of traffic it carries. 

FULL GROUP 

FG Full group : This group would be high usage in the basic routing 
pattern but for some reason (service advantage or equipment limi
tations) it is engineered for low incidence of blocking and is not 
provided with an alternate route. 

HIGH USAGE 

PH Primary high usage : A group provided to carry only first-routed or 
primary traffic between any two offices whenever the volume of 
traffic makes direct routing economical, it is designed to pass a 
predetermined amount of offered load overflow to an alternate route 
during the busy hour. 

IH Intermediate high usage : This group is provided to carry a com
bination of overflow traffic and first route traffic between any two 
offices whenever the combined volume of first-routed and overflow 
load makes direct routing economical. The group is designed to pass 
a predetermined amount of offered load overflow to an alternate 
route during the busy hour. 

OTHER 

TR Trap : lntertoll trap circuits are trunks added to a high-usage group 
in order to route a specified item of traffic on a final basis. The 
specified item of traffic has access to all other trunks in the high 
usage group and has sole access to the trap circuits. The specified 
item of traffic does not have an alternate route beyond the aug
mented high-usage groups. Trap circuits are connected at a control 
switching point. 

MI Miscellaneous : This group is provided for traffic administration or 
plant maintenance and administration, and for trunks that do not 
fall into one of the other categories. 

Figure 6-2. Description of traffic class trunk group codes. 

TCI Library: www.telephonecollectors.info



Chap. 6 Trunk Types and Uses 

CODE DESCRIPTION 

1 2 1 

AD A ttendant : This group interconnects a centrex switching machine 
and customer attendant equipment and is used to route assistance
type traffic to the customer attendant position. 

AI Automatic Identified Outward Dialing : This group connects a PBX 
to a switching machine to identify outward dialed calls by line 
number of originating station. 

CA CAMA : A CAMA group carries customer-dialed 7-digit or 10-digit 
toll calls to a toll switching machine with access to centralized 
automatic message accounting equipment where a connection is 
recorded and timed. Either CAMA operators or ANI may be used 
for number identification. Example - trunk L of Figure 6-1. 

DD DDD Access : This group carries customer-dialed 7-digit or 10-digit 
toll calls from end offices directly to toll switching machines 
( class 1-4) having local automatic message accounting equipment 
for recording and timing the call. This group may route to a class 4 
office in the same or in a foreign NP A. Example- trunk H of 
Figure 6-1 .  

DI  Direct-in-dial :  A group from a switching machine to a PBX ; this 
group completes directly dialed inward traffic. 

DO Direct-out-dial : This group is from a PBX to a switching machine 
for direct station access to the message network. 

IA Intraoffice : This group is provided to handle calls between sub
scribers served by the same switching machine. No tandem traffic 
is routed over this group. 

IE Interoffice : This group is provided to handle local and/or multi
message unit calls between end offices in the same or different build
ings. No tandem traffic is routed over this group. Examples 
Trunks A and C of Figure 6-1. 

IM Intermarker : This group interconnects two No. 5 crossbar marker 
groups in the same building by intermarker group operation. 

IT Intertoll : These trunks interconnect switching machines of class 1, 
2, 3,  or 4 offices with or without switchboard arrangements at either 
end. Examples - trunks N through S of Figure 6-1. 

JT Junctor : The junctor is an intraoffice group arrangement in an end 
office for such purposes as providing coin or billing supervision. 

L W Leave word : These groups are provided to perform special operator 
functions such as universal, call back, conference, etc. Examples -
trunks V and X of Figure 6-1. 

M N  Manual :  This group interconnects manual end offices (class 5 )  and 
toll switching machines or switchboards. 

MT Intertandem : This group interconnects switching machines having 
an office class (traffic switching function) of zero. Local tandem 
switching machines include those end offices performing both local 
and tandem functions. Example - trunk G of Figure 6-1. 

( Cont) 

Figure 6-3. Description of traffic use trunk group codes. 
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CODE 

( Cont) 
OA 

OJ 

00 

RC 

SP 

TC 

TE 

TG 

TM 

TO 

TS 

TT 

Trunks Vol. 3 

DESCRIPTION 

Operator assistant (inward operator) : This is a group provided 
from a switching machine to a switchboard or desk to which distant 
operators have access for performing inward assistance functions. 
Examples - trunks V and X of Figure 6-1. 
Operator junctor : This group, by which the operator gains access 
to an outgoing trunk of the crossbar office (toll only or a combina
tion of toll and local) ,  is provided from a switchboard to a No. 1 
or No. 5 crossbar unit in the same building. Example - trunk W 
of Figure 6-1 when the switching machine is a crossbar unit. 
Operator offices : This two-way group between community dial trib
utary offices and their operator offices · is used to complete toll calls. 
( Outward calls are operator-handled ; inward calls can be machine
and/or operator-handled. ) Example - trunk J of Figure 6-1. 
Recording completing : An RC group connects end offices to an out
ward toll and/ or assistance position ; it requires an operator to 
complete calls. Example - trunk M of Figure 6-1 .  
Traffic service position : This group carries customer-dialed traffic 
from an end office to a toll switching machine and is equipped for 
bridging an operator to aid in call completion. 
Toll completing : These trunks, carrying final route traffic, connect 
a switching machine of class 4 or higher rank to a class 5 office. 
Example - trunk K of Figure 6-1. 
End-to-end toll : This group handles toll calls between class 5 offices 
and may carry some local, multimessage unit, or extended area 
traffic. Example - trunk B of Figure 6-1. 
Tandem completing : This is a one-way or two-way group from a 
local tandem switching machine to an end office. Local tandem 
switching machines include those end offices used as tandem equip
ment arrangements. Example - trunk F of Figure 6-1. 
Toll completing and toll switching combined : This group combines 
the toll completing and toll switching functions ; it is a group from 
a combination of a switching machine (class 4 or higher) and a 
switchboard to a dial class 5 office. Example - trunk I of Figure 6-1. 
Tandem o'riginating : This is a group from an end office to a local 
tandem switching machine. Local tandem switching machines in
clude those end offices used as tandem arrangements. Special purpose 
intermarker groups are not considered part of tandem arrange
ments. Example - trunks D and E of Figure 6-1. 
Toll switching : This group is from a switchboard to an end office 
and is used to complete delayed outward calls, inward calls, and 
assistance traffic. Example - trunk Z of Figure 6-1. 
Toll tandem : This group is provided from a toll switchboard to a 
toll switching machine for operator access to the toll portion of the 
network. Examples - trunks T, U, W, and Y of Figure 6-1. 

Figure 6-3. Description of traffic use trunk group codes. 
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Figure 6-4 shows the general correlation between the traffic class, 
traffic use, and transmission design categories of trunk groups. The 
traffic classifications and uses are specified by two-letter abbreviations 
in this figure. These abbreviations are currently used in the common 
language coding scheme employed by the Bell System. Figures 6-2 
and 6-3 include the common language abbreviations for the traffic 
classifications and traffic uses, respectively. Trunks with more than 
one traffic use may appear to fall into more than one transmision 
design category. In these cases, the transmission design category 
chosen must be that having the most stringent transmission objective, 
regardless of whether the traffic use corresponding to that transmis
sion category is primary or secondary. For instance, it is quite 
common in combined local and toll metropolitan networks for a trunk 
to be used primarily as a tandem completing trunk and also to func
tion as a toll completing trunk ; it must therefore be designed to toll 
connecting trunk objectives. 

Functional or Popular Names 

The trunk names associated with traffic use designations are essen
tially functional names and are recommended for use in the Bell 
System so that standard abbreviations may be applied to common 
language. However, because a trunk group may have more than one 
use, the functional names may include more than one such designation. 
Also, additional descriptive terms are often added to a basic traffic use 
name to describe further the particular type of call being served. 
Such terms might designate the type of originating station (coin, 
noncoin, etc. ) ,  the type of rate (message, flat, business, metropolitan, 
etc. ) ,  or the class of call (zero, one-plus, etc. ) .  Most companies at
tempt to standardize additional common language abbreviations for 
these functions. They generally publish supplements to the standard 
internal documents listing these common languag.e abbreviations and 
tabulating and defining functional names for the trunks. 

There are also many popular names for trunks which evolved prior 
to the current efforts at standardization. While often functionally 
descriptive, these names may not correspond directly to current 
traffic usage terminology. An example is the "dial system A" (DSA) 
trunk, defined as a trunk which provides access to local operator 
assistance when a subscriber dials 0. The most common traffic usage 
terminology for this type of trunk is "recording completing" (RC) , 
as defined in Figure 6-3. Note here, however, that an RC trunk may 
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TRAFFIC USE 
TRAFFIC CLASS 

TRANSMISSION DESIGN 
CODE 

CATEGORY AF I F  D F  FG PH IH TR Ml CATEGORY 

INTER TOLL INTERTOLL 
Primary IT X X X X X X X 
Secondary LW X X X X INTERTOLL OR 

OA X X X X SECONDARY 
OJ X X X X INTERTOLL -
TT X X X X Depends on rank of 

switching machine 
and location of 
switchboard. 

TOLL CA X X X X TOLL 
CONNECTING DD X X X X X X CONNECTING 

Toll access MN X 
RC X X X X X 
SP X X X X X 

Toll completing 00 X 
TC X X X X X 
TM X X X X X 
TS X X X X 

END-TO-END 
TOLL TE X X X DIRECT 

INTERLOCAL 
Direct IA X X X X X 

IE X X X X X 
IM X X 
JT X X X X 

Tandem MT X X X X X X INTERTANDEM 

TG X X X X X TANDEM 
TO X X X X X X 

AUXILIARY DA X X X X Varies in accor-
SERVICES IN X X X X dance with usage. 

IR X X X X 
OF X X X X 
RR X X X X 
RS X X X X 
TI X X X X 
WE X X X X 

MISC * X X X X X X 
CENTREX AND AD X SPECIAL 
PBX AI X SERVICE 

DI X X X X X DESIGN 
DO X X X X X 

*See Figure 6-8. 

Figure 6-4. Correlation of transmission design categories with traffic class and 
traffic use. 
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be used to provide DSA toll operator access or may provide both func
tions if the operator positions are combined. Another popular name 
for an RC trunk is "combined line and recording" ( CLR) , a term 
still commonly used. Also, DSA and toll access functions can be pro
vided by another traffic use type of trunk, the operator office (00 )  
trunk i f  the originating office i s  a community dial office (CDO) . 
Trunk J .of Figure 6-1 is an 00 trunk. Since the introduction of 
TSPS No. 1, the DSA function is accomplished by provision of the 
capability for bridging the TSPS operator to a toll completing trunk 
at or near the originating toll office. 

Thus, trunks designated by popular names may or may not be 
translatable to a single traffic use category, and vice versa. Companies 
which have published common language code supplements have 
generally attempted to standardize current traffic use terminology 
and to include the former popular names of these trunks for correla
tion with the current traffic use names. Otherwise, it may be difficult 
to determine the transmission category of a trunk from its popular 
name unless its position and function in the hierarchy can be deter
mined from other data. 

6-3 COMMON LANGUAGE TRUNK DESIGNATIONS 

The purpose of the Bell System common language circuit identifi
cation plan is to provide coded designations for trunks or trunk 
groups [1] . The designations must be acceptable for mechanized 
( computer) procedures, yet easily read and interpreted by personnel 
who require trunk information. The standard trunk designation con
sists of 41 characters in the format shown in Figure 6-5. The portion 
most relevant to this discussion is represented by character positions 5 
through 17. * 

There are four subheadings for trunk types in Figure 6-5. The 
first, Traffic Class, positions 5 and 6, is one of the codes from 
Figure 6-2. The second, Office Class, positions 7 and 8, is composed 
of symbols representing the classes of switching machines in offices A 
and Z, respectively. The digit 0 designates a local tandem function 
and the letter C indicates a concentrator function. When the trunk 

*Common language codes, designations, and applications to business information 
systems ( BIS) are covered by a number of internal Bell System documents which 
are .subject to considerable change as BIS evolves. 
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group ·Serves more than one class of traffic or switching machine, the 
class of highest rank is used. When a terminal office is represented by 
a nonswitching entity such as an information desk, repair desk, etc., 
a hyphen is entered in character position 7 and/ or 8, as appropriate. 

The third subheading, Traffic Use, positions 9 and 10, is normally 
one of the codes from Figure 6-3 or one of the auxiliary service or 
miscellaneous trunk codes listed in Figures 6-7 and 6-8. If the trunk 
has more than one use, the first groups of character positions in the 
fourth subheading, Trunk Type Modifier, specify these additional uses 
from Figure 6-3 as well as the supplementary information described 
in the next paragraph. For two-way combination trunks (e.g., CAMA 
in one direction and toll completing in the opposite direction) ,  posi
tions 9 and 10 contain the code for the A to Z direction ; positions 11  
and 12, the code for the Z to  A direction. The Trunk Type Modifier 
subheading, positions 11 to 17, is normally reserved to specify supple
mentary information, if required, to provide positive identification 
for various trunk functions according to sets of locally standard ab
breviations and accompanying definitions. 

A typical trunk code, taken from a local company reference, is 
iHustrated .in Figure 6-6, which shows data extracted from Figure 6-5. 
Figure 6-6 shows how the common language coding can be used to 
identify transmission design categories. 

POSITION 

CODE 

Figure 6-6. Common language trunk code. 

The traffic class, determined from positions 5 and 6, is coded DF 
and is shown in Figure 6-2 to be a direct final trunk. The traffic use 
name of the trunk specified by this code is listed in the reference as 
"Operator Office Toll Completing N oncoin." Its former popular name 
is listed as "operator office noncoin and toll switch and intertoll dial." 
The definition given in the local company reference is a two-way trunk 
between a class 5 office and an operator office where the inward traffic 
is via toll switching equipment. The transmission design category, 
toll connecting trunk, is determined by : 

( 1 )  observing the office class numbers in positions 7 and 8, 

(2)  cross referencing the traffic use designations and trunk-type 
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modifiers in positions 9 through 17 with the transmission 
design categories given in Figure 6-4, and 

(3)  reading the definition in the local company reference. 

One other segment of the common language code of particular 
interest in transmission engineering is that under the heading "Type 
and Direction of Pulsing," positions 29 and 30. The type of pulsing 
of signalling (other than supervisory signals)  is designated according 
to the codes in Figure 6-7. Position 29 indicates the type of pulsing or 
signalling from office A to Z and position 30, from Z to A. For one-way 
trunks, a hyphen is entered in the nonpulsing direction. This infor
mation is useful during the design layout of the trunk to determine 
the proper trunk circuits and options to be specified. 

6-4 AUXIl iARY SERVICES AND MISCELLANEOUS TRUNKS 

The transmission design category for trunks associated with opera
tor services must be carefully chosen so that these trunks do not 
significantly increase loss and balance impairments in a built-up con
nection compared to the same connection made on a DDD basis. 
Correlations of traffic uses with transmission categories, shown in 
Figure 6-4, apply generally to trunks associated with local and toll 
switchboards. 

Trunks of the types grouped as auxiliary services in Figure 6-8 
( operator services such as intercept, directory assistance, etc. ) or 
trunks terminating in test desks or announcement systems may not 
necessarily fall into the first six basic transmission categories. 

Trunks provided for traffic administration, plant maintenance and 
administration, or miscellaneous functions may not fit the categories 
and are grouped under a miscellaneous heading. Codes and names 
for the most common miscellaneous trunks are given in Figure 6-9. 

CODE DESCRIPTION 

A Automatic : The seizure of a trunk at a dial switching center auto-
matically lights a lamp at the distant switchboard as a connect 
signal ; release of the trunk gives the disconnect signal. 

c Common channel interoffice signalling (CCIS) : This is a signalling 
arrangement between processor-equipped switching systems in which 
the signalling paths are separated from the message transmission 
p·aths. 

( Cont) 

Figure 6-7. Description of pulsing and signalling codes. 
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DESCRIPTION 

Dial : This is a pulsing arrangement in which the digits are trans
mitted to the called end. The number of pulses, one to ten, cor
responds to the digits one to zero. 

Frequency shift : In this pulsing arrangement, the identity of each 
digit is determined by changing the frequency of the transmitted 
tone. The frequency of the transmitted tone is changed by the 
on-hook or off-hook conditions of the loop or E and M leads at the 
transmitting end. 

TOUCH-TONE {12-button) : This is a pulsing arrangement in 
which the identity of each digit plus two additional symbols is 
represented by combinations of tones originating in a 12-button 
TOUCH-TONE unit. 

TOUCH-TONE (16-button) : This is a pulsing ararngement in 
which the identity of e·ach digit plus several special code symbols 
is represented by combinations of tones originating in a 16-button 
TOUCH-TONE unit. 

Multijrequency : This is a pulsing arrangement where the identity 
of digits is determined by two of five frequencies. Combinations 
using a sixth frequency provide priming and start signals. 

Panel call indicator (PC!) : This is a de pulsing arrangement in 
which each digit is transmitted as a series of four marginal and 
polarized impulses. ( Originally developed and used in connection 
with panel call indicator. ) 

Ringdown : A ringing voltage is applied to a connection auto
matically or as a result of key operation by an operator for the 
purpose of transmitting supervisory signals between two points in 
a connection. 

Straightforward : Insertion of a cord in a trunk jack automatically 
lights a lamp at the distant switchboard as a connect signal ; re
moval of the cord gives the disconnect signal. (Usually an audible 
"zip-zip" tone is transmitted to the originating end when the trunk 
is in an answered condition at the receiving end. ) 

Dial selective signalling, two-tone : This type of signalling is used 
on multipoint private line circuits. Two audio-frequency tones of 
600 and 1500 Hz are controlled by a dial to transmit the desired 
digits. At the far end, the tones activate a selector which decodes 
and recognizes combinations of digits. 

Figure 6-7. Description of pulsing and signalling codes. 
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CODE DESCRIPTION 

( Cont) 

v Revertive : In this de pulsing arrangement, intelligence is trans-
mitted in the following manner : 

(a)  The equipment at  the originating location presets itself to 
represent the number of pulses required and to count the pulses 
received from the terminating location. 

(b) The equipment at the terminating location transmits a series 
of pulses by the momentary grounding of its battery supply 
until the originating location breaks the de path to indicate that 
the required number of pulses has been counted. 

- No operation : A hyphen is to be entered in character position 29 
or 80, as appropriate, when no signalling function is performed. 

Figure 6-7. Description of pulsing and signalling codes. 

TRUNK TYPE CODE 

Directory assistance (local) DA 

Information (directory assistance - toll) IN 

Intercept IR 
Official OF 

Rate and route RR 

Repair service RS 

Time TI 

Weather WE 

Figure 6-8. Auxiliary service trunk  codes. 

TCI Library: www.telephonecollectors.info



Chap. 6 Trunk Types and Uses 1 31 

TRUNK TYPE CODE 

Alarm AL 

Announcement (machine ) AN 

Coin box CB 

Customer dial instruction C D  

CAMA office to CAMA operator desk CP 

Coin supervision cs 
Coin zone cz 
Dial tone speed DS 

Emergency (911 )  EM 

Interposition IP 

Manual assistance MA 

Mobile radio MB 

No test NT 

Order wire ow 
M iscellaneous MI 
Peg count PC 

Plant department PD 

Permanent signal PS 

Speed of answer SA 

Service code sc 
Service observing so 
Toll station TA 

Test desk TK 

TSP unit to the TSP position T'P 

Vacant code vc 
Verification VR 

Figure 6-9. Miscellaneous trunk codes. 

REFERENCE 
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Trunks 

Chapter 7 

Traffic Engineeri ng Concepts 

The design and layout of the switched telecommunications network 
is based on the principles of probability and statistics applied to the 
flow of traffic. It is assumed that not all customers wish to use the 
system at the same time so economies can be realized by providing 
equipment in sufficient quantities for only that number of people who 
might under ordinary conditions attempt simultaneously to place calls 
through the network. This principle of common usage is applied to 
many aspects of the telephone system (including operators, trunks, 
and common control switching systems and equipment) ,  in fact, to 
virtually all facilities other than station s,ets. The specification of an 
economic combination and quantity of transmission paths is normally 
a traffic engineering responsibility ; the manner in which the paths 
are provided and the facilities specified are largely a transmission 
engineering responsibility. Because the two disciplines interact, some 
traffic engineering concepts are provided here as background for 
better understanding of transmission engineering problems. 

The most significant applications of traffic engineering concepts are 
in the provision of central office equipment and trunk groups between 
central offices. Since transmission engineers are only peripherally 
involved in the design, layout, and specification of central office equip
ment, this chapter is restricted to discussion of trunk traffic engineer
ing techniques which apply to the switched network. 

7-1 PRINCIPLES OF TRUNK GROUP ENGINEERING 

Since there are about 20,000 end offices in the United States, direct 
n (n-1 )  

interconnection would require 
2 

or 2 ( 108) trunk groups and 
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would be highly impractical, if not impossible. The network layout 
and switching plans for interconnecting end offices are designed to 
concentrate traffic on trunk groups that are provided for various 
types of cal ls. For example, toll traffic from a given end office is 
usually concentrated on a toll connecting trunk group to carry that 
traffic into the toll portion of the network. Connections may then be 
extended to all parts of the world by means designed to provide 
economical toll service as well as a high percentage of successful 
completions. Some toll traffic may be routed directly to the destination 
office ; such direct trunk groups are provided in cases where there is 
a strong community of interest between the two offices. 

Consider the character of traffic originating in a typical end office. 
The amount of traffic varies widely from hour to hour ; at 11 :00 a.m., 
for example, there is normally a larger volume of traffic than at 
4 a.m. The amount of traffic also varies from day to day. If this office 
happens to be in a business district, there is certainly more traffic 
on a business day than there is on a Sunday. If the office is in a 
residential area, the reverse may be true. There are also seasonal 
fluctuations. If the office is in a resort area, there is more traffic 
during the season than out of season. Within any given interval 
there are also fluctuations about a mean value caused by the statistical 
characteristics of subscriber calling habits. Figures 7-1 and 7-2 
illustrate typical patterns encountered over various time periods. 

Other variables that affect the magnitude and pattern of the offered 
traffic load include the number of subscribers served by the central 
office, the frequency with which calls are placed and their average 
duration (holding time) , the relative frequency with which sub
scribers make intraoffice, interlocal, or toll calls, and the time of 
day these calls originate ( distribution pattern) .  Toll  calling patterns 
are further modified by distance, time zone, rate, and holiday 
considerations. 

The traffic engineering problem is to organize the network and to 
provide the number of trunks necessary to meet various kinds of 
traffic demands. �ufficient trunks cannot be provided economically so 
that all calls might be served without delay, since there may well be 
10,000 or more subscribers served by an end office, all of whom could 
in theory make calls at the same time. Economy is achieved by pro
viding just enough trunks to limit the probability that offered calls 
may be blocked (i .e., not successfully completed) . Statistical tech-
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Time of day 

Figure 7-1 .  Typical time variations of originating calls at end offices. 

niques described in this chapter have been developed to permit the 
determination of the number of trunks required to carry the offered 
load at the objective probability of blocking. Probability of blocking 
is generally expressed in the form B.01, B.02, etc., to indicate the 
percentage of offered calls that are expected to be blocked.* Thus, 
B.01 indicates that one call in 100 may be blocked, B.02 indicates two 
calls in 100 may be blocked, etc. 

7-2 BASIC TRAFFIC DISTRIBUTIONS 

The statistical short-term fluctuations of traffic load must be con
sidered in the provision of equipment. It has been found by experi
mentation that traffic from a large number of sources tends to follow 
various mathematical distributions. These distributions can be de-

*Older symbology used P.Ol to indicate that the probability of blocking was 
one in 1 00. 
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Time (�inutes) 

Figure 7-2. Typical variation of calls in progress in a central office. 

veloped in several ways depending upon the various assumptions made 
regarding the traffic. The most useful of the distributions are those 
developed by Poisson, Erlang, and Neal-Wilkinson. Before these dis
tributions and their resulting capacity tables can be used, it is neces
sary to understand what constitutes a traffic load and how this load 
is impressed upon and served by a group of trunks. 

The Traffic Load 

Traffic loads are usually expressed in hundred call seconds per hour 
( CCS ) or erlangs. An erlang is defined as a traffic load sufficient to 
keep one trunk busy on the average. One erlang is equivalent to 
36 CCS. Traffic load is the product of two components, the number of 
calls and their duration or holding time. For practical considerations, 
capacity tables used in the Bell System are based on an hour of load 
related to the probability of blocking in that hour. The hour (or series 
of hours for which the load is averaged) must be selected and the load 
determined for application to the trunk capacity tables. The capacity 
tables relate the three parameters : load, number of trunks, and 
probability of blocking. Thus, if two of the three parameters are 
known, the third can be obtained from the tables. 
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Load Distribution Assumptions 

The capacity tables have been mathematically derived on the basis 
of probability laws and on certain assumptions about how load is 
offered to and served by a trunking system. The assumptions for 
three different capacity tables are presented in Figure 7-3. 

ASSUMPTION POISSON ERLANG 8 NEAL-WILKINSON 

Immediate connection X X X 

Independent sources X X X 

Random arrival X X X 

Nonrandom arrival X 

Statistical equilibrium X X X 

Infinite sources X X X 

Blocked calls cleared X X 

Blocked calls held X 

Day-to-day load variations X 

Figure 7-3. Assumptions underlying Poisson, Erlang B, and Neal-Wilkinson 
capacity tables. 

An understanding of these assumptions is necessary because traffic 
loads are not always offered in accordance with the assumptions and 
because traffic systems often impose restrictions on how traffic loads 
are served. It is important, therefore, to recognize where the assump
tions do and do not apply so that actual load/service relationships 
can be properly interpreted. 

The assumptions of immediate connection and independent sources 
have little impact on traffic analysis. Although connection time is 
never immediate, actual connection times are short enough that de
partures from the assumption normally need not be considered. Also, 
although some source dependency does exist (because a customer 
whose line is busy on an incoming call cannot originate a call ) , the 
effect on the assumption of independent sources is negligible and can 
be ignored. The remaining assumptions regarding random arrival, 
statistical equilibrium, infinite sources, disposition of blocked calls, 
and day-to-day variation are very significant in traffic analysis and 
must be considered in detail. 
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Random Arrival.  The concept of a random offering of traffic is easily 
visualized but not so easily defined in precise terms. Perhaps the 
easiest way to clarify the concept of randomness is by citing extreme 
examples which conceivably could occur. First, at one extreme, one 
hour of usage (36 CCS) could be made up of one 60-minute call, two 
30-minute calls, 120 30-second calls, etc. In each case, if the calls are 
offered one at a time in sequence, with one beginning as soon as the 
preceding one ends, the entire load can be carried on one trunk with 
no blocking. This ideal state of sequential offering is, of course, never 
realized. At the other extreme, all of the 120 30-second calls could be 
offered to the system simultaneously. Under these conditions, 120 
trunks, one per call, would be required to provide zero blocking. If it 
is assumed that no other calls entered the system during the hour, all 
the trunks would be idle during the remaining 59-1/2 minutes. From 
these extreme examples, it can be seen that the distribution of calls 
making up the load obviously can have a major effect on trunk re
quirements. The distribution of calls on which Poisson, Erlang B, and 
Neal-Wilkinson capacity tables are based must lie somewhere between 
the sequential offering and the simultaneous offering. Mathematically, 
random arrival is equivalent to a Poisson arrival process, i.e., one for 
which the interarrival times are exponentially distributed. 

For a Poisson distribution, the mean value is equal to the variance. 
Studies have proven that under normal circumstances the traffic 
initially offered to a group of trunks can be treated as random (Pois
son) and the results obtained by entering Erlang B capacity tables 
with a single hour of load are adequate for determining trunk re
quirements. It is important to recognize, however, that many things 
cause traffic to be nonrandom. Natural occurrences such as snow
storms can destroy randomness and under such conditions, the capaci
ties predicted by the capacity tables are too small. 

N onrandomness can also be system-induc�d ; where this is so, its 
cause and effect are identifiable and procedures have been developed 
to cope with it. For example, overflow traffic is always nonrandom in 
spite of the fact that it might have been random on its initial offering. 
In mathematical terms, the variance of this type of load distribution 
is larger than its mean ; this form of nonrandomness, called peaked
ness, is a characteristic of all overflow traffic. The Neal-Wilkinson 
tables recognize peakedness and specify more trunks than do the 
Erlang B tables which were derived on the assumption of random 
traffic. The number of additional trunks is computed by a method that 
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involves converting the peaked load to an equivalent random load and 
using the Erlang B formula. 

Statistical Equilibrium. The assumption of randomness during any 
hour of interest carries with it the assumption of statistical equi
librium, which can be broadly defined as the absence of any trend in 
load during the hour. If call arrivals exceed call departures or vice 
versa in any segment of the hour, there is an upward or downward 
trend in offered load. This trend, called skewness, is an absence of 
statistical equilibrium which normally manifests itself as a bunching 
of offered calls into a short time period such as that during a tele
vision commercial or during the early part of an hour after a rate 
reduction goes into effect as illustrated in Figure 7-4 . 

.. 

8 
l � 
0 

S PM 9 PM 

Time --+ 

Figure 7-4. Skewed pattern of traffic. 

Skewness is not specifically provided for in either the Erlang B or 
Neal-Wilkinson tables. However, since the effects of skewness are 
similar to those caused by peakedness, the Neal-Wilkinson tables can 
be used to determine trunk requirements. 

I nfinite Sources. When the number of sources is infinite, the proba
bility of blocking is maximum for a fixed value of offered load. As 
the number of sources is reduced, the probability of blocking is also 
reduced. If only one source could offer traffic to one trunk, there would 
be zero probability of blocking. As sources are added, the probability 
of blocking increases until maximum probability of blocking exists 
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with infinite or unlimited sources. The effect of adding sources is non
linear, however, and a point is reached where the increase in the 
probability of blocking is negligible. The inverse is also true ; i.e., 
where the probability is high, the number of sources must be reduced 
significantly before any practical increase in capacity can be obtained. 
Stated another way, if the number of sources served by a fixed number 
of trunks increases, the capacity of the trunk group decreases to a 
limit for a fixed probability of blocking. This can be seen in Figure 7-5. 

N UMBER OF CCS CAPACITY O F  10 TRU NKS 
SOURCES ( FOR 1 %  BLOCK I NG) 

10 360 (Zero blocking) 

11  250 

1 2  229 

15 203 

20 183 

50 162 

75 157 

100 154 

320 149 

Infinite 149 

Figure 7-5. The effect of the number of sources on capacity. 

A general rule is that when the number of sources is ten or more 
times the number of trunks, the effect is that of infinite sources and 
the infinite source assumption is valid. 

Disposition of Blocked Cal ls. The assumptions regarding the disposi
tion of blocked calls differ. In the Poisson analysis, it is assumed that 
blocked calls are held ; i.e., a call failing to find a trunk is held for up 
to one full holding time and then disappears. If a trunk should become 
available before the end of the holding time, it is seized and held 
for the remainder of the holding time and then the call disappears. 
In the Erlang B and Neal-Wilkinson analyses, it is assumed that 
blocked calls are cleared ; i.e., a call failing to find a trunk is im
mediately cleared and does not reappear. 

The assumption that blocked calls are cleared makes the Erlang B 
analysis suitable for the derivation of alternate routing trunk tables, 
where if calls fail to find an idle trunk they are in fact cleared because 
they are offered to and assumed to be carried by another route. The 
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assumption of held calls in Poisson analysis is not quite so logically 
applied since in actual practice most systems are not arranged to hold 
calls waiting for a trunk. Instead, when a trunk is not available, the 
call is ordinarily routed to a no-circuit signal. The Neal-Wilkinson 
tables have replaced the Poisson tables in trunk traffic analysis. 
Certainly, the assumptions of Erlang B and Neal-Wilkinson more 
closely fit modern multistage alternate route networks. 

The significance of the different assumptions can be seen in 
Figure 7-6. The indicated degree of blocking (with the same offered 
load) is higher with the Poisson assumptions because blocked calls 
are assumed to result in trunk holding times where a trunk becomes 
available before the end of a full holding time.* Under Erlang B and 
Neal-Wilkinson assumptions, blocked calls are immediately cleared 
from the system and no holding time results. 

Day-to-Day Variation. Busy-hour offered traffic loads generally vary 
from day to day ; thus, blocking levels must also vary. While the size 
of trunk groups is determined by averaging busy hours of offered 
load data from 20 days to obtain a single value for use in the trunk 
capacity. tables, there is an unavoidable problem that arises when the 
twenty values have a significant day-to-day variation. The basic prob
lem is that average blocking on a trunk group is higher when day-to
day fluctuations exist in the offered load than when little or no fluctu
ations exist. Therefore, engineering procedures must account for these 
daily traffic variations to assure that actual average blocking is at the 
desired level. 

The reason for the increase in average blocking caused by day
to-day variations in traffic is the nonlinearity of the curve relating 
blocking to offered load on a trunk group, as shown in Figure 7-7. 
Imagine that twenty busy hours of load are marked as twenty dots 
on the horizontal axis in this figure. The loads associated with these 
twenty dots have an average CCS. In each hour there is some block
ing on the trunk group which can be found by moving vertically from 
each dot to the blocking curve and then horizontally to the blocking 
scale. By doing this exercise, it will be found that uniformly spaced 
dots on the offered load axis result in a distribution on the blocking 
axis which has a long tail toward higher blocking levels. The average 

*An attempted trunk seizure not immediately connected is defined as a blocked 
call even though it is assumed to be held and connected through at a later time. 
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Poisson - held 
Trunk 1 ' .----� � .. -� .. -� 

• 

Trunk 2 & .. -� .. -� � ... ---� 

Trunk 3 ' .--':1 A"_':J 'I 
A" - - -- , 

8 blocked, held, then completed 

1 blocked and cleared 

Wilkinson and Erlang B - cleared 
Trunk 1 & � � 

Trunk 2 .. -& • .. 

Trunk 3 & • & � 
� � � � � 

5 blocked and cleared 

Number of call 
arrivals per 
unit of time 

Legend: 

A Call arrivals 

.,. End of holding time 
---- Trunk usage 

- - --- Blocked and held 

(' Blocked and cleared 

Time ---+ 

.. 

.. 

• 

• 

Figure 7-6. Blocking effects, cal ls held versus calls cleared. 

1 41 

• 

• 

blocking, therefore, is not at a level corresponding to the average 
load ; it is higher. This increased blocking results in more average 
overflow than Erlang B would predict ; adjustment tables are used 
to obtain approximately correct average overflow where Erlang B 
tables are used. The Neal-Wilkinson tables are separated into sections 
for different leveJs of day-to-day variation : none, low, medium, and 
high. The more the variation, the more trunks required to assure that 
the average service level is at the objective. In summary, while traffic 
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Erlangs 1 5  
ccs 540 600 660 

20 
720 

Trunks 

780 840 

25 

900 960 1 020 

Figure 7-7. Erlang B load/blocking curves for 20 to 30 trunks. 

Vol. 3 

30 
1080 1 1 40 

loads vary from day to day, the above engineering procedures help 
assure that service objectives are met. 

Figure 7-8 is a family of Erlang B blocking curves for 5 to 80 
trunks and 0 to 60 erlangs. ( Figure 7-7 is also a family of load block
ing curves but drawn to a linear scale to show the nonlinearity of 
blocking to offered load. ) A small increase in  offered load results in 
a disproportionate increase in blocking. Since these curves do not lend 
themselves to accurate interpolation, the more familiar trunking 
tables are normally used. Figure 7-9 shows the relationship of the 
curves to the alternate routing trunk tables. 

Capacity Tables 

The table of Figure 7-10 is an excerpt from the Neal-Wilkinson 
capacity tables for 1 to 50 trunks, B.01 probability of blocking, and 
low day-to-day variation, all related to peakedness factors ( PF)  from 
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0 

Erlangs 

Figure 7-9. Relationship of load/blocking curve to alternate routing trunk table. 

1.0 to 2.4 These tables are used with final groups (which receive 
overflow from other groups) or only-route groups (which receive no 
overflow and do not themselves overflow) .  Since objective blocking 
levels are ordinarily stated for these group types, the tables are con
structed to permit the determination of the number of trunks for a 
stated probability of blocking, load, peakedness, and day-to-day 
variation. 

As previously discussed, the alternate route trunk tables based on 
Erlang B with the assumption of lost calls cleared are used where a 
trunk group overflows to another route. With such groups, called 
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Average offered load, CCS 

Neal-Wilkinson B.01L Trunk Capacity Table for Full Access Trunk Groups, 

Low Day-to-Day Variation Allowance 

NO. 
TRKS 1 .0 

1 2 
2 8 
3 19 
4 34 
5 50 
6 68 
7 88 
8 109 
9 131 

10 153 
1 1  177 
12 201 
13 225 
14 250 
15 275 
16 300 
17 326 
18 353 
1 9  379 
20 406 
21 433 
22 460 
23 487 
24 515 
25 543 

41 1005 
42 1035 
43 1065 
44 1095 
45 1125 
46 1155 
47 1185 
48 1215 
49 1245 
50 1276 

1 . 1 
0 
6 

15 
29 
46 
63 
83 

103 
125 
147 
170 
193 
217 
241 
266 
292 
317 
343 
369 
396 
422 
449 
477 
504 
531 

990 
1020 
1049 
1079 
1109 
1 139 
1 169 
1 199 
1229 
1259 

PEAKNESS FACTORS \ 
1 .2 1 .3 1 .4 1 .5 1 .6 

) 0 0 0 0 
0 0 0 0 

12 0 0 0 
25 21 18 0 
41 36 32 28 

0 
0 
0 
0 

24 
39 
57 
76 

)J 
59 54 49 44 
77 72 67 62 
97 92 87 81 

118 113 107 101 96 
140 134 128 122 116 
163 156 150 144 138 
186 179 172 166 160 
209 202 195 189 182 
234 226 219 212 205 
258 250 243 235 228 

/ 

283 275 267 259 252 1 
308 300 292 284 276 ( 
334 325 317 309 301 
360 351 342 334 326 
386 377 368 359 351 
412 403 394 385 376 � 
439 429 420 411 402 
466 456 446 437 428 
493 483 473 463 454 
520 510 499 489 480 

���--�,��������� r?. 
975 961 947 934 922

--: {� 
1005 990 976 963 950 
1034 1 020 1005 992 979 
1064 1049 1035 1 021  1008 
1093 1078 1064 1050 1037 
1 123 1108 1093 1079 1066 
1153 1137 1 122 1108 1095 
1182 1 167 1 152 1 137 1124 
1212 1 197 1 181 1167 1 153 
1242 1226 1211 1196 1 182 

{ 
N 

2.4 
0 
0 
0 
0 
0 
0 
0 
0 

54 
72 
91 

111 
132 
154 
177 
199 
222 
245 
268 
292 
316 
340 
364 
389 
414 

833 
861 
888 
916 
944 
971 
999 

1027 
1055 
1083 

NO. 
TRKS 

1 
2 
3 
4 
5 
6 
7 
8 
9 

10 
11 
12 
13 
14 
15 
16 
17 
18 
19 
20 
21 
22 
23 
24 
25 

....... 
................... 

41 
42 
43 
44 
45 
46 
47 
48 
49 
50 \\ ...__ _ ___._ __ ____. 

Figure 7- 1 0. Example of Neal-Wilkinson table. 
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high-usage groups, the probability of blocking is not ordinarily of 
direct concern but it is necessary to be able to relate the offered and 
carried load, the overflow load, the number of trunks, and the load on 
the last trunk in order properly to size the groups and the alternate 
routes. The format of the Erlang B alternate routing trunk tables 
permits an analysis of these relationships. The format of the various 
tables differs in accordance with the intended use. One such table is 
illustrated in Figure 7-11.  

7-3 TRUNK NETWORK DESIGN 

The present design of the trunk network has developed over many 
years, partially on the basis of an evolving body of traffic theory and 
partially as a result of advancing technology. Problems of trunk group 
efficiency and size, service criteria (such as the probability of block
ing) , alternate routing, and load allocation are all involved in modern 
design practices. 

Trunk Group Efficiency and Size 

For any trunk group to which access is provided in a particular 
sequence, the first trunk in the sequence carries the highest load. This 
is true because the same trunk is always selected first and is reselected 
when idle. Succeeding trunks in the access sequence carry decreasing 
amounts of load with the trunk which is selected last carrying the 
least load because it is selected only when all other trunks are busy. 
The trunk selected last, therefore, is the least efficient trunk and is 
commonly referred to as the last trunk. It can be seen that if the 
access sequence is low-to-high the last trunk will be the highest 
numbered trunk but if the sequence is high-to-low the last trunk will 
be the lowest numbered trunk. In those switching systems where trunk 
access is random, rather than ordered as just described, it is not pos
sible to identify a particular trunk as the last trunk and the load is 
more evenly distributed across the trunks in the group. However, the 
total capacity of the group is the same regardless of access sequence. 
Rather than to identify the last trunk with a particular trunk number, 
as is often done to visualize the effect, it is better to determine the 
load carried by n trunks (where n is the number of trunks in the 
group) ,  subtract the load carried by n - 1 trunks, and call the re
mainder the capacity of the nth or last trunk. With the same offered 
load, the probability of blocking is different for n trunks than for 
n - 1 trunks. 
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This concept of diminishing returns as trunks are added to a group 
becomes important in the economic sizing of high-usage groups where 
the load which a trunk carries is weighed against the cost of the trunk 
in selecting the proper route for the traffic. 

The amount of load which can be carried per trunk in a group is 
a function of both offered load and group size. As the offered load 
to a group increases, the load carried per trunk increases. Theoreti
cally, if the offered load is high enough, the point is reached where 
the load carried by each trunk approaches its full capaCity of 36 CCS. 
Inspection of Figure 7-10 shows that as the number of trunks in a 
group increases, the capacity per trunk increases for a given proba
bility of blocking. For example, for a peakedness factor of 1.0, in
creasing the number of trunks in a group from 5 to 10  increases the 
capacity per trunk from 50/5 == 10 CCS to 153/10 == 15.3 CCS. 
Doubling again from 10 to 20 trunks, however, only provides an in
crease in capacity from 15.3 CCS per trunk to 406/20 == 20.3 CCS per 
trunk. It can be seen, therefore, that large groups are more efficient 
than small ones but that the increase in efficiency levels off as the 
group becomes larger. The greatest increase in capacity per trunk 
occurs when small trunk groups are made larger. 

Trunk efficiency is usually expressed in terms of percent occupancy 
and is defined as the ratio of carried load to total capacity. Total 
capacity is determined by multiplying the number of trunks in a 
group by 36, the maximum hourly CCS capacity of each trunk. 
For example, the maximum CCS capacity of a 14-trunk group is 
14 X 36, or 504 CCS. From Figure 7-10, a 14-trunk group offered a 
load of 250 CCS of random traffic results in one percent blocking 
(2.5 CGS) . The resultant carried load is 247.5 CCS and the percent 
occupancy is 247.5/504 == 49 percent. Typical efficiency (occupancy) 
for groups of 1 to 100 trunks at two values of blocking probability 
are shown graphically on Figure 7-12. It is evident from the figure 
that as the group size increases, the total available capacity can be 
utilized more efficiently without degrading service. Also evident is 
the fact that the higher the efficiency, the smaller the margin that re
mains for traffic peaks caused by surges of traffic. A practical example 
of this occurs in large metropolitan areas where, on days of severe 
storms, the percent overflow on large groups runs far in excess of the 
percent overflow on smaller groups. Particular caution is necessary 
where large groups engineered for B.01 blocking (final and only
route) may be subjected to heavy surges of traffic. 
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Figure 7-1 2. Efficiency/ number of trunks in a group. 

Service Criteria 

Since it is prohibitively costly to provide enough trunks so that no 
blocking can ever occur, trunking service criteria specifying accept
able service levels have been established. The level of service which 
is acceptable depends upon customer expectation, the cost of pro
viding the service, and the ability to measure and administer the 
network based upon that service level. 

The present service objective is B.Ol for both metropolitan ( local ) 
and long haul (toll ) trunk groups engineered to meet grade-of-service 
objectives. This objective applies during the average busy season 
busy hour (ABSBH) .  The busy season is defined to be that three 
month period (not necessarily consecutive) during which the busy
hour loads are the greatest. 

The relationship of the trunking service objective (B.Ol ) to the 
service a customer perceives is not directly determinable. For ex
ample, if a network cluster* has 80 percent of its offered traffic carried 

• A network cluster consists of a final trunk group and all subtending high-usage 
groups overflowing either directly or indirectly to it. 
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on high-usage trunks, the blocking for the network cluster as a whole 
is less than one percent because only 20 percent of the load is subject 
to any blocking at all. On the other hand, a call can be blocked at any 
one of a series of final links in the connection or because of matching 
loss in the originating switching system, the terminating switching 
system, or any tandem switching system encountered. The customer 
experiences blocking on the end-to-end connection, some of which is 
due to trunk groups and some due to switching systems. End-to-end 
blocking cannot be calculated in general because of the different time 
period that the network piece parts are busy and because of the fact 
that the same call can be routed different ways at different times. The 
closest thing to a measure of end-to-end service is that provided by 
dial line service observing (DLSO ) which measures end-to-end block
ing for a sample of calls throughout the day (not just during the 
busy hour) . Recent measurements have shown average end-to-end 
blocking levels in the range of one to two percent. This appears to be 
acceptable from a customer point of view suggesting that the service 
objectives for the trunks and switching systems are also acceptable. 

In addition to customer satisfaction on the average, B.Ol blocking 
appears to provide acceptable service levels during periods of high 
offered traffic. Since B.Ol is an objective for the ABSBH, there are 
days on which blocking is greater than one percent during the busy 
season (typically, Mondays are higher than the average) . Also, every 
year certain events such as snowstorms or emergencies can cause 
traffic volumes substantially above the ABSBH levels. As networks 
have grown and high-usage development increased, the ability of the 
network to absorb these overloads has diminished. Engineering at 
B.Ol provides more "ready-to-serve" time in the network to handle 
high traffic loads without severe degradation of overall service. 

Another factor of importance is that service levels and loads are 
calculated on the basis of a 20-day average of the underlying process. 
Therefore, the basic process cannot be known with certainty and 
some groups, correctly engineered on the basis of measurements, 
exhibit blocking greater than expected. It has been shown that if a 
number of trunk groups are engineered for B.Ol based on 20 days of 
data, a certain small percentage of them will have an ABSBH block
ing greater than three percent. If trunk groups were all engineered 
for a higher level of blocking, some fraction of them would experience 
a relatively high (and possibly unacceptable) level of blocking. 
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Alternate Routing 

In the toll portion of the network there are about 2000 offices, all 
of which must be capable of interconnection. Direct interconnection 
would require about two million trunk groups, most of which would 
carry extremely low volumes of traffic. This would clearly be eco
nomically unacceptable. Therefore, other methods of organizing and 
grouping the flow of traffic have evolved. These methods utilize such 
concepts as a multilevel switching hierarchy and alternate routing. 

The alternate routing concept and the way it improves the traffic 
handling capabilities of a network are illustrated in Figure 7-13. 
Direct interconnection of the eight toll centers shown would require 
(8 X 7 ) /2 == 28 trunk groups. By routing all traffic through the 
primary center, only eight trunk groups are needed and these eight 
groups would operate much more efficiently than the original 
28 would. However, total network cost per carried CCS would not 
necessarily be minimized by this configuration. 

If the volume of traffic between offices 2 and 3 is high, it might 
prove economical to install a trunk group between those two offices, 
as indicated by the dashed line of Figure 7-1 3. This possibility 
suggests the concept of alternate routing. The direct route between 
offices 2 and 3 may be designed to carry only a portion of the traffic 

7 8Toll <&"te' 

3 

Figure 7-1 3. Routing of traffic between tol l  centers through a primary center. 
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with the overflow carried over the alternate trunk groups through 
the primary center. Traffic studies show that this arrangement can 
generally be operated more efficiently, i.e., less cost per CCS carried, 
than either a network made up entirely of directly interconnected 
offices or a network in which all traffic is carried through the primary 
center. 

The concept of a multilevel hierarchy of switching and trunking 
may be expanded as in Figure 7-14. Here, direct interconnection of 
the primary centers results in a three-level hierarchy ( including the 
end offices, which are not shown) .  The alternate route possibilities 
increase as the network expands as shown by the paths between toll 
centers 2 and 3 and between toll centers 4 and 5. The next step would 
be to switch and interconnect parts of such networks through another 
level (sectional centers) and so on, until the entire system is served. 
The switched network has been developed in this manner with a 
five-level hierarchy presently in use. 

A key factor in the design of a multilevel switching network and 
in the realization of economy through alternate routing is the non-

Note: 
Direct interconnection 
of primary centers 
as shown is 
illustrative only. e Tol l �-

figure 7-14. Routing of traffic between tol l  centers through several primary centers. 
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coincidence of traffic offerings. Assume that office 4 of Figure 7-13 
handles predominantly business traffic with a morning busy hour, 
office 5 handles predominantly residential traffic with an evening 
busy hour, and office 2 handles an even mix. Under this set of condi
tions, trunks from office 2 to the primary center handle peak traffic 
between offices 2 and 4 during the morning busy hour and peak traffic 
between offices 2 and 5 during the evening busy hour. This is an 
illustration of the noncoincidence of busy hours. Similar advantage 
can be taken of the noncoincidence of busy seasons. Capitalizing on 
the economic advantages of these time/load relationships is a maj or 
objective in the trunk estimating process. 

In the concept of multilevel network configurations, every office has 
a single office of higher class to which it is connected and on which it 
is said to "home." The offices of highest class are completely inter
connected. There is a logical progression of traffic in the hierarchy 
such that there is a set of backbone or final routes available to a call 
from any one point in the hierarchy to any other. Additional trunk 
groups may be placed between any pair of offices having sufficient 
traffic to justify them economically ; in fact, there are thousands of 
such high-usage trunk groups in the network today. Metropolitan 
(local ) portions of the network are generally two-level while the toll 
portion is a five-level network. A typical homing arrangement in the 
five-level network is shown in Figure 7-15. 

Load Al location 

The process of determining that portion of a given load to be carried 
by a high-usage group and that portion which should be offered to an 
alternate route is called load allocation. The objective is to provide 
trunks in such numbers in both the direct and alternate routes that 
the traffic between a given pair of offices or switching entities can be 
handled at the least possible cost per carried CCS consistent with 
service requirements. 

Load allocation requires a knowledge of the offered load between 
terminals (during the hours of interest) ,  the cost of a direct path 
between terminals, and the cost of an alternate route (including inter
mediate switching) between terminals. To select the most economical 
trunking arrangement, it is necessary to relate costs and trunk effi
ciencies of the direct and alternate routes for a stated, busy-hour, 
offered load. The procedure is essentially a cost balancing in which 
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D Regional center* e Toll center 

6 Sectional center* E9 Toll point 
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e End office 

Final trunk group 

*Can be a point rather 
than a center 

Figure 7-1 5. Typical toll network homing arrangements. 
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the cost of carrying a unit of traffic on the high-usage (HU) group 
is balanced against the cost of carrying it on the more expensive but 
more efficient alternate route group. 

The procedure may be best described by developing a solution to 
a typical trunking problem such as that illustrated in Figure 7-16. 

Given : 

Offered load between points A and B == 240 CCS 

Cost per path of alternate route (AR) via C == $1250 

where C includes the cost of switching. 

Cost per trunk of HU route, A to B == $1000 

. AR $1250 
Cost ratio == 

HU == $1000 
== 1.25. 

On the basis of relative costs, it would obviously be cheaper to 
trunk all the load directly if the trunks in each route operate at the 
same efficiency. However, if the efficiencies of the two routes are 
different (and in practice they are) , it becomes necessary to balance 
cost and efficiency to arrive at the most economical trunk layout. This 
cost/ efficiency balance is expressed by 

AR cost _ AR efficiency . 
HU cost - HU efficiency 

It remains to determine the efficiency of the alternate route and solve 
the equation for the desired efficiency of the high-usage route. 

Consider the loading of the final group represented by the right
hand column of Figure 7-16. The first-route offered ·load (no reroute 
traffic) is 742 CCS. To carry this at a blocking probability of one 
percent (B.01L) 32 trunks are required. If additional traffic were 
offered to the group, such as overflow traffic from A to B, it would be 
necessary to increase the number of trunks in order to maintain B.01 
service. The addition of one trunk would increase the capacity of the 
group from 7 42 to 770 CCS. 
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Figure 7- 16. Basic principles of load allocation. 
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Thus, the capacity of the incremental trunk is the difference be
tween the capacity of 32 trunks and the capacity of 33 trunks, or 
28 CCS. * Here, capacity can be translated directly to efficiency since 
the efficiency of an incremental trunk equals the capacity divided 
by 36 ; when used in the . cost ratio equation, the number 36 appears 
in both numerator and denominator and cancels. Thus, the efficiency 
of the incremental trunk in this example is 28 CCS. This efficiency 

*Note that this is substantially higher than the average capacity of the trunks, 
which is only 770 CCS/88 = 28.8 CCS. 
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varies, of course, with trunk group size but the range of efficiencies 
in most practical situations is between 25 and 33 CCS per incremental 
alternate route trunk. It is neither practical nor necessary to compute 
the efficiency of incremental trunks precisely in each case. Experience 
has shown that a value of 26 ccs per trunk adequately fits the great 
majority of cases in metropolitan networks and 28 CCS per trunk is 
an adequate fit for intertoll networks. 

When the efficiency of the incremental trunk added to the alternate 
route has been determined, it is possible to examine the amount of 
traffic that can be carried economically by the high-usage group. This 
is the load carried by the last trunk of the high-usage group, expressed 
in CCS, and is known as the economic CCS (ECCS) : 

ECCS 
_ Capacity of the incremental AR trunk 
- Cost ratio . ' 

ECCS = 28/1 .25 == 22.4. 

The least efficient trunk added to the high-usage group must, there
fore, carry 22.4 CCS in order to carry such load at the same cost 
per CCS as could be achieved by a trunk added to the alternate route. 

Figure 7-17 is a graphic presentation of portions of the alternate 
routing trunk tables related to an offered load of 240 CGS. Curve A 
shows the CCS carried by each trunk of a group of 14 and curve B 
shows the total load carried by a group of n trunks for each value 
of n from 1 through 14. Thus, when n == 5, the load carried by all 
trunks is 143 CCS and the fifth or last trunk of the 5-trunk group 
carries 25 CCS. 

It has been established that the least efficient trunk in the high
usage group of the example should carry 22.4 CCS. It remains, there
fore, to identify on curve A that this is trunk number 6 ;  hence, the 
high-usage group should contain six trunks. The total load carried 
by the six trunks is 165 CCS (curve B )  and the overflow is the 
difference between that amount and the offered load of 240 CCS, or 
75 CCS. The accommodation of 75 CCS overflow requires an increase 
from 32 to 35 trunks in the alternate route group. Thus, an addition 
of three paths to the alternate route replaces the requirement for 
eight less efficient additional trunks in the high-usage group. Since 
an ECCS value may be fractional, the value used to enter the alternate 
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Figure 7- 1 7. Distribution of offered load in accordance with Erlang lost-calls
cleared assumption. 

3 

routing trunk tables is derived by rounding to the nearest whole 
number. The ECCS of 22.4 is read as 22. 

When the number of high-usage trunks is determined from the 
trunk tables and there is no trunk which carries precisely the number 
of ECCS desired, it is the practice to select as the last trunk the one 
which carries the lower CCS value. Suppose that a given high-usage 
group has an offered load of 240 CCS and an ECCS value of 18. 
Reference to Figure 7-1 1  discloses that the seventh trunk carries 
20 CCS and the eighth trunk carries 16 CCS. The proper trunk re
quirement then is eight. The result is one more trunk in the group 
than would otherwise be the case, thereby improving service and, in 
effect, anticipating growth in the offered load. 

Cost ratios can be calculated by using actual cost data or they may 
be estimated by using simplified procedures. Studies indicate that for 
many applications a cost ratio may deviate as much as 40 percent 
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from its true value with a cost penalty of less than 5 percent in the 
alternate routing triangle. Caution is necessary to ensure that signifi
cant errors are not introduced if simplified methods are used. 

The highly efficient utilization of capacity which the principles of 
load allocation make possible and the additional efficiency gained 
through recognition of time/load relationships in the engineering 
process make alternate route networks very sensitive to variations in 
offered loads. For example, a 10-percent increase in traffic offered to 
the high-usage group of Figure 7-16 would increase the offered load 
to 264 CCS. The overflow to the final group would then be 93 CCS, 
an increase of 24 percent. With a 25-percent increase in offered load, 
the increase in traffic overflowed to the final group would be 63 per
cent. This "snowballing" effect accounts in large measure for the de
gree of congestion which occurs when the number of calls rises 
significantly above the anticipated level. It should be noted that when 
the load offered to the high-usage group is increased, the efficiency of 
that group increases somewhat ; however, the load on the alternate 
route is significantly increased as well. 

Adjustment for Nonrandomness 

One of the engineering problems in determining trunk require
ments for an alternate routing system is that of properly compen
sating for nonrandomness of offered loads. As previously discussed,  
al l  overflow traffic is  nonrandom (peaked) ; therefore, an offered load 
containing overflow traffic will in turn be peaked. Since more trunks 
are required for nonrandom than for random traffic, both the amount 
of load and the peakedness of that load must be determined if the 
number of required trunks is to be accurate. 

The Wilkinson Equivalent Random Theory provides a basis for 
making this determination. The determination involves a series of 
mathematical iterations which do not lend themselves to practical 
manual computation ; however, a set of tables has been developed 
that provides close approximations of the effects of peakedness. For 
high-usage groups, these tables provide factors for the calculation 
of peakedness of loads and for the upward adjustment of overflow 
traffic to reflect this peakedness. For final groups, once the load and 
peakedness are known, trunks required can be determined from a 
Neal-Wilkinson table like that of Figure 7-10. 
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7-4 TRAFFIC MEASUREMENTS 

Trunk engineering and administration are tailored to busy season 
average busy hour requirements as reflected by measurements of 
traffic flow and counts of messages, calls, and call attempts. The 
quality of the engineering and administration is dependent to a large 
degree upon adequate and accurate basic data. 

Generally, traffic load information should be obtained on interlocal 
trunk groups for all business days of the busy season. From these 
data, the high four-consecutive-week period is selected to serve as a 
base for future engineering. Hourly readings are required to identify 
properly the busy hour loads. 

Hourly readings are taken on all intertoll trunk groups during 
three 20-day periods each year and 5-day readings are taken in all 
intervening months. The 20-day records encompass the busy season 
for most intertoll groups and provide the basis for efficient trunk 
engineering and administration. The span of hourly readings is ade
quate to encompass day or evening busy-hour periods, including con
sideration of time zone differentials affecting groups extending over 
long distances. In this way, adequate information is obtained on 
time/load relationships. 

Cameras have been widely used to photograph traffic registers to 
obtain busy-hour data more easily, more accurately, and less expen
sively than with manual methods. The filmed readings are read 
manually, automatically optically scanned, or key-punched and sum
marized by computer. 

The Engineering and Administrative Data Acquisition System 
(EADAS ) has introduced further improvement in traffic data collec
tion. Through use of electronic scanners and built-in computers, the 
clerical expense and maintenance and administrative problems associ
ated with traffic registers and cameras are largely eliminated. The 
EADAS is capable of providing not only the trunk data necessary for 
estimating but also the moment-to-moment data needed for dynamic 
network administration .. 

Registers are used to indicate the traffic load on a trunk group in 
various ways depending on the typ.e of register. The following listing 
indicates the types of registers and the parameters measured : 
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TYPE OF REGISTER 

Traffic usage recorder ( TUR) 

Peg count 

Overflow 

All-trunks-busy (ATB) 

Last-trunk-busy (LTB ) 

MEASURED 

Carried CCS 

Attempts offered to the trunk 
group 

Attempts failing to find an idle 
trunk 

Number of times all trunks in a 
group become busy 

Number of times the last trunk 
in a group becomes busy 

The traffic usage recorder is the preferred device for measuring 
the load carried on trunk groups. Peg count and overflow are used in 
addition to TUR measurements for determining peakedness and for 
converting carried loads to offered loads. Percent overflow on final 
groups is required since these groups are provided on the basis of 
meeting an overflow blocking objective. 

Since trunking service criteria are related to performance in the 
busy season average busy hour, load measurements must be taken 
across enough hours of the day to permit busy hour selection. There 
is a substantial loss of precision when daily or weekly readings are 
converted by means of ratios or factors to a busy hour equivalent. 
Also, readings must be taken over enough days to ensure an adequate 
sample. 

Message count and load data are also used in the engineering pro
cess, primarily when traffic must be rerouted and the traffic volumes 
can not be determined from trunk group measurements. These data 
are usually derived from message billing records or special studies. 

7-5 TRUNK ESTIMATING 

Trunk estimates affect not only the provision of outside plant and 
trunk equipment but also the provision of central office common 
equipment and basic frames. For example, sender, register, and trans
verter engineering in the No. 5 Crossbar Switching System are 
directly related to the trunk estimate. The same estimate is a vital 
factor in engineering such equipment items as trunk link frames, 
sender link frames, incoming register link frames, call identity 
indexers, and coin supervisory link frames. The accuracy of a trunk 
estimate is critical to central office engineering. 
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Estimates of future loads on interlocal trunks are made by the ap
plication of a projection formula to the base period trunk CCS load. 
This formula utilizes factors developed from main station growth 
forecasts and calling rate trends. Estimates of future loads on inter
toll trunks are made from trends developed from message counts and 
trunk group measurements. The base period recommended is the four 
consecutive weeks of the busy season during which the maximum 
calling load occurs for the area in question. Accuracy and complete
ness of data throughout the period is necessary to ensure base period 
data reliability. 

Some groups which would ordinarily be engineered on a high-usage 
basis are instead engineered to meet a B.Ol blocking objective. The 
decision to establish such a grade-of-service group and thereby to 
eliminate the possibility of overflow is influenced primarily by such 
factors as service protection, temporary equipment limitations, or 
temporary lack of capacity of a tandem office. In such cases, there 
must be careful assessment of the relative service and economic 
advantages. 

7-6 TRUNK ADMINISTRATION 

Trunk administration is the continuing evaluation of changes in 
traffic flow from week to week and season to season and the determi
nation of the number of trunks required to meet the system service 
objective. The trunk administration program must be based on an 
adequate traffic measurement schedule since the current traffic load 
and number of trunks in service must be used as a base for projecting 
future needs. Consequently, inadequate trunk administration could 
result in trunk estimates of dubious accuracy and consequent poor 
service due to trunk shortages or unnecessary expense due to trunk 
surpluses. 

Effective trunk administration depends on timely availability of 
trunk equipment and outside plant and the proper assignment of 
trunks to switching systems in a manner that maintains an optimum 
level of usage on each trunk frame. The ability to achieve the latter is 
largely determined at the time a traffic order is prepared. The traffic 
order designates the number and type of trunks to be located on each 
frame. In many instances, a layout that permits optimum loading 
requires a substantial number of trunk transfers from existing frames 
to new frames. 
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Trunks 

Chapter 8 

Loca l Trunk Design 

Direct, tandem, and intertandem trunks are the principal categories 
of local trunks configured into networks to handle local traffic such as 
that between end offices in a metropolitan area. The achievement of 
satisfactory performance requires that transmission objectives be 
established for such networks and that the trunk designs be carried 
out so that the transmission objectives are met. 

'Heretofore, the local portions of the network have been almost 
entirely separated from the toll portion. This separation evolved 
mainly from simpler local and toll traffic definitions of the past and 
the division of administration between the local and toll portions of 
the network, as well as the slightly different transmission considera
tions for local and toll trunks. In some cases, it has become advan
tageous to combine local and toll traffic trunk groups. Designs of 
trunks that may carry both kinds of traffic must follow the more 
stringent toll requirements specified in the via net loss (VNL) design 
plan covered in Chapter 9. Local trunks are designed to meet a fixed 
loss objective for each class of trunk. 

The general relationships of trunks and loops in an overaii connec
tion, the inserted connection loss ( ICL) , the expected measured loss 
(EML) , and the actual measured loss (AML) must be defined and 
then used in the specification of loss objectives. The general definitions 
and the overall philosophy of ICL, EML, and AML apply to all types 
of trunks. Finaiiy, transmission designs and equipment selections 
must be considered. 

1 64 
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8-1  RELATIONSHIPS OF TRUNKS AND LOOPS 
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A call may be routed over several possible paths between the 
originating switching office and the terminating switching office. The 
customer-to-customer connection shown in Figure 8-1 is one possible 
routing of a call ; the connection includes two loops and two trunks 
in tandem and illustrates two-wire switching only. Many differences 
in detail are found in the telephone plant. The figure shows switching 
equipment at both ends of each trunk and transmission facilities be
tween. A trunk circuit having relay equipment to signal and supervise 
the connection is associated with the switching machines at both ends 
of each trunk. Between the trunk circuits, the transmission facilities 
are composed of transmission equipment such as repeating coils, re
peaters, four-wire terminating sets, etc., together with an associated 
cable pair or a carrier channel. 

Signalling equipment, also an important trunk component, does 
not appear in Figure 8-1 because its location is difficult to generalize. 
In some cases, it may be a separate entity on the line side of the 
trunk circuit. In other cases, it is built around the four-wire termi
nating set, while in N1- or T1-type carrier systems it may be a part 
of the channel equipment. 

The transmission characteristic of an overall customer connection 
is the sum of the characteristics of two loops, any trunks, and 
switching paths. As shown in Figure 8-1, the switching path in the 
originating office is not included in either the loop or trunk. By defini
tion, a loop extends from the line terminals of the station apparatus 
to the line side of the switch. A trunk is defined as the communication 
channel between switching offices and extends from the outgoing side 
of the switch in the originating office to the outgoing side of the switch 
in the terminating office. Therefore, it includes the switching path of 
the terminating office, the office equipment at both ends, and the trans
mission medium and related equipment between the two offices. The 
outgoing side of the switch, mentioned above, is defined differently 
depending on the type of switching equipment as listed in Figure 8-2. 

It is necessary to designate these specific switch locations because, 
in applying transmission objectives to individual trunks, it must be 
recognized that the characteristics of paths through the various 
switches can deteriorate overall transmission performance. Theoreti
cally, performance may be controlled by applying transmission ob-
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TYPE O F  O UTGO I N G  
TRUNK SWITC H I NG SWITCH 

CONNECTION EQU I PMENT LOCATION 

At No. 4 crossbar Outgoing link frame 

terminating Crossbar tandem Office link frame 

office when No. 1 crossbar Office link frame 

connected No. 5 crossbar Trunk link frame 

to another Step-by-step Outgoing selector bank 
trunk or Panel Office or district s,elector frame 

at originating Manual switchboard Outgoing trunk multiple 

office ESS Trunk switch frame 

At Step-by -step Connector bank 

terminating No. 1 crossbar Line link frame 

office when No. 5 crossbar Line link frame 

connected Panel Final selector frame 

to a loop ESS Line switch frame 

Figure 8-2. Outgoing switch locations· for various types of switching equipment. 

jectives to each trunk, where the trunk is defined to include one-half 
of the switching path at each end. From a practical standpoint, how
ever, measurements of transmission characteristics would be difficult 
to make at the midpoints of switching paths. Accordingly, loss meas
urements are made between the outgoing side of the switch at one 
switching point and the outgoing side of the switch at the other 
switching point, thus including all of the switching path at the 
incoming end instead of half the switching path at both ends. 

8-2 LOSS RELATIONSHIPS 

If performance is to be satisfactory on multitrunk connections, the 
overall loss must be held to reasonable values which represent a 
compromise between transmission performance (adequate received 
volume, singing margin, echo, contrast, and noise ) and circuit costs. 
The loss is allocated to the individual trunks in the overall connection 
as described in previous chapters. The previously defined losses ( ICL, 
AML, and EML) are utilized to ensure that individual trunks are 
designed, installed, and maintained within allowable loss tolerances. 

Inserted Connection Loss 

The ICL of a trunk is the net 1000-Hz loss inserted between out
going switch appearances by switching a trunk into an actual oper-
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ating connection. Each trunk is designed and engineered so that the 
ICL objective is met for that particular trunk type. In Figure 8-3, the 
ICL is shown as the loss from the outgoing side of the switch of 
the originating office through the outgoing switch of the terminating 
office. 
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Figure 8-3. Relationships between ICL and EML. 

Expected Measured Loss 

The expected measured loss of a trunk is the 1000-Hz loss that is 
expected to be measured under specified test conditions. This loss is 
calculated by summing all gains and losses in the specified measuring 
configuration and is provided as a reference for comparison with 
actual measurements. 
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The EML includes access circuitry losses for connecting test equip
ment and may or may not equal the ICL. For many interlocal trunks, 
the test access arrangements contribute negligible additional loss 
and the EML is essentially the same as the ICL. If the test access 
loss is appreciable or if a significant portion of the trunk is omitted 
from the test, then the ICL does not equal the EML. While it is not 
practical to know the exact loss of all central office wiring, it is 
necessary to know the approximate values of these losses so that the 
EML can be more accurately calculated. 

Depending on which test access points are used, the EML and 
ICL can differ in interlocal trunks. For example, in No. 5 crossbar 
offices, testing from the outgoing trunk testboard excludes the trunk 
circuit which typically has 0.5 dB loss. Testing from the master test 
frame, however, includes the trunk circuit. The EML then should be 
calculated on the basis of the same configuration as that in which 
the trunk is to be tested. 

Where a switching machine handles both local and toll traffic, 
access for measurement to some tandem and intertandem trunks may 
be obtained through test pad arrangements which typically add 2 dB 
to the measured loss. Figure 8-3 (b)  illustrates a local tandem trunk 
to a tandem office which switches both toll and local traffic and the 
EML equals the ICL plus 2 dB. 

Actual Measured loss 

The actual measured loss is the 1000-Hz loss measured by the proper 
test equipment with the proper measuring configuration. Upon instal
lation, it must be compared to the EML to ascertain that the trunk 
meets the loss objective. Minor deviations exist between the AML and 
the EML due to discrete strapping capabilities of the various circuit 
devices used in the trunk, differences between average and actual 
central office cabling losses, differences between the average and actual 
test access losses, and the unpredicted interactive effects of the various 
parts of the circuit. If the AML does not fall within tolerable limits, 
the trunk must not be placed in service. Similarly, the subsequent 
periodic AML measurements made for maintenance purposes should 
be compared to the EML ; differences should fall within maintenance 
limits or corrective actions should be initiated. These actions may 
include immediate removal of the trunk from service. 
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8-3 LOSS OBJECTIVES 

Loss is one of the important parameters to be considered in trunk 
design since it affects such channel characteristics as received volume, 
echo, stability, noise, crosstalk, and signalling capability. In the 
practical administration of trunk losses, it must be recognized that 
some tolerance is needed in the design objectives. Expressing the 
obj ectives as a single value for each type of trunk is convenient for 
many purposes but it is not a realistic guide for the design and 
assignment of all classes of trunks. Consequently, some loss design 
objectives are expressed both as nominal values and as ranges of 
values. The ICL design objectives for local trunks are given in 
Figure 8-4. 

I NSERTED CONNECTION LOSS, dB 

TRUNK TYPES NON-GAIN GAI N  

Direct trunks* 0-5.0 3.0 (5.0 max.)  

Tandem trunks 0-4.0 3.0 ( 4.0 max.) 

Intertandem trunks 
Terminated at sector tandems at 

both ends. - 1.5 

Terminated in a toll center or 
sector tandem that meets 
terminal balance objectives 
at one or both ends. - 0.5 

*These ICLs apply to direct trunks less than 200 miles in length. Direct trunks 
more than 200 miles l<>ng are designed in accordance with the VNL plan. 

Figure 8-4. Inserted connection loss objectives for local trun ks. 

If these objectives are adhered to in c!esign and if installation and 
maintenance variations are kept within limits, satisfactory overall 

. grades of service may be expected. These objectives have been selected 
as a compromise between high-loss requirements for singing, and 
crosstalk control and low-loss requirements for adequate received 
speech volume and minimum contrast. Deviation from these objectives 
causes degradation in transmission performance. Some trunks appear 
in more than one transmission category. For example, trunks which 
carry traffic directly from one office to another in one condition may 
in another condition be switched at the second office to a trunk in a 
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third office. Thus, such trunks can be in the direct category at times 
and in the tandem category at other times. In such multipurpose 

� 1 usage, the more stringent objectives apply. 

8-4 TRANSMISSION DESIGN CONSIDERATIONS 

I The design of local trunks involves consideration of such factors Il l as loss, signalling, stability, crosstalk, noise, and cost. These are 
interrelated in that a change in one may affect the others. To meet 
all the requirements, a sequential process is performed in which each 
step satisfies not only the requirement currently under consideration 
but also all previously considered requirements. This process may 
involve reconsideration of certain parameters which had been in 
limits but were placed out of limits by consideration of other para
meters. Generally, a design which meets all requirements can 
ultimately be achieved. 

Two-wire facilities are predominant in local trunking. Of course, 
the economical facility choice which meets the transmission objectives 
should always be used, whether it be two-wire VF, four-wire VF, or 
carrier. However, in the case of intertandem trunk design, four-wire 
facilities and intertoll-type trunk circuit relay equipment should 
always be used. 

Another local design requirement which parallels the toll require
ment relates to the improvement of return losses on two-wire tandem 
trunks. When E-type repeaters are used, they should be located at 
the end office or at an intermediate office, rather than at the tandem 
office, to achieve the highest possible tandem trunk return loss at the 
tandem office. 

Loss 

The ICL objectives of the various types of trunks are expressed 
as the insertion losses calculated and measured between specified 
impedances. The nominal impedance of most local trunks should be 
900 ohms in series with 2.16 !J-F to match the impedance of the local 
offices. However, some tandem and intertandem trunks connect to 
600-ohm tandem or high-volume tandem offices and thus should be 
designed for an impedance of 600 ohms in series with 2.16 !J-F. The 
900-ohm value for local offices was selected because it approximates 
the impedance of H88 loaded cable circuits which are already widely 
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used for local trunks and it appears to be a reasonable compromise 
value representative of the distribution of loop input impedances. 

Insertion loss values for various facilities and devices can be ob
tained in several ways. Manual computations can be performed by 
using basic equations and techniques [1] . While manual computations 
are cumbersome, they do provide a solution when no other alternative 
exists. For many designs, adequate data can be obtained by referring 
to published tables or handbooks which contain insertion loss values 
for various facilities terminated in various impedances. Finally, com
puter programs can be used for automated calculation of insertion 
loss, return loss, input and output impedances, and de resistances for 
many complex combinations of facilities. 

For voice-frequency facilities, including passive device losses, the 
difference between the line loss and the ICL is the amount of gain 
that must be inserted in the circuit. For example, consider the direct 
trunk in Figure 8-5. The line loss is 0.5 dB + facility loss + 0.5 dB. 
The 1000-Hz insertion loss of 48 kilofeet of 22-gauge H88 loaded 
cable pair between 900-ohm impedances is 7.2 dB, which exceeds the 
maximum objective for direct trunks without gain. Therefore, gain 
must be added. The ICL maximum objective for a direct trunk with 
gain is 3.0 dB. Thus, the amount of gain to be added at some point 
in the circuit becomes (0.5 + 7.2 + 0.5 ) - 3.0 == 5.2 dB. The most 
economical means of providing this trunk is probably on a two-wire 
facility using an E6 negative impedance repeater. 

For carrier facilities, the ICL is attained by padding or otherwise 
offsetting the gain of the carrier system so that the overall trunk 
loss equals the ICL. Care must be taken to provide the standard input 
transmission level point at the carrier system as well as to provide 
the proper padding for establishing the desired ICL. Most carrier 
system outputs are at the standard +7 dB TLP and must be reduced 
to the -3 dB TLP by the combination of losses between the carrier 
system output and the outgoing switch appearance in order to achieve 
the ICL of 3 dB. This process is graphically illustrated in Figure 8-6. 
The losses between the output of the carrier system and the outgoing 
switch are composed of office wiring, the four-wire terminating set, 
and padding. The pads are available in small increments of loss such 
that the ICL can be achieved within acceptable tolerances. One major 
exception to this is the Tl carrier system when certain Dl channel 
banks are used. These channel banks were designed so that most cir-
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48 kft 

22H88 

1+----
Termi nating __ liol 

office loss 

11"11 .. 1---------- Direct trun k--------..... �1 
Figure 8-5. Elements of direct trunk loss. 
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cuit configurations using two-wire channel units have a limited 
number of fixed-loss values centered about 3 dB. Although four-wire 
E and M channel banks with external hybrids, pads, and/or signal 
convertors can be used for precise loss adjustment, the economic ad
vantage of using the T1-D1 system is drastically reduced. Later de
signs of D-type banks can be arranged to produce trunk losses from 
1 to 6 dB in 1-dB steps and have the additional capability of 0.1-d:B 
steps of loss adjustment by means of attenuators to compensate for 
variations in office wiring losses [2] . 

In the trunk design process, the preliminary selection of a facility 
which meets the ICL objective is the first step. Other factors which 
must be considered are signalling limits, stability criteria, repeater 
gain, and the addition of circuit devices for miscellaneous purposes. 
These factors, including the ICL, are interrelated ; as the require
ments of each are satisfied, the effect on each of the others must be 
reviewed : 

( 1 )  Are signalling limits met by the selected facility ? 

(2)  Does the addition of circuit devices affect ICL or signalling 
limits ? 

(3)  Are stability criteria being met ? 

(4)  Is the TLP at the repeater output held to an acceptable value 
from a crosstalk standpoint while circuit ICL requirements 
are met ? 
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Notes: 
1. Built-in signalling, two-wire switching, 

and -16  dB and +7 dB carrier 
system TLPs are assumed. 

2. TLPs are shown for left-to-right direction 
of transmission 

Figure 8-6. Typical direct trunk level diagram with use of carrier facilities. 

Signal ling and Supervision 

In providing facilities and equipment for local trunks, it is neces
sary to consider not only the technical requirements for speech and 

data transmission but also the limits set by signalling. Each type of 
signalling has advantages and disadvantages that must be weighed 
in determining the equipment to be used. Factors include cost, signal
ling range, traffic necessities, facility compatibility, and the types of 
equipment already available or planned in each office. Many local 
trunks using metallic facilities are one-way (address signalling in 
one direction only) and make wide use of loop signalling techniques. 
In this case, it is necessary to calculate the loop conductor resistance 
between trunk circuits ; the resistance of the medium ( cable, load 
coils, etc. ) and the resistance of all devices in the signalling path must 
be included. If the resistance · .. exceeds the limit for the signalling 
equipment under consideration, range extenders (such as dial long 
trunk circuits) , derived de systems (such as SX, DX, or CX) , or ac 
systems (such as SF or MF) must be used. 
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Loop conductor resistance, the round-trip resistance of the cable 
pair, and trunk circuit resistance limits stated in terms of loop con
ductor resistance may be found in references and can be directly 
compared. For de signalling on four-wire VF trunks, each pair of 
wires may be used in parallel in the same manner as a single wire of 
a two-wire facility, as illustrated in Figure 8-7. For the same gauge 
pairs, the loop conductor resistance of the four-wire facility in a loop 
signalling configuration is half that of the two-wire facility and the 
maximum trunk length possible within the signalling limits is 
approximately doubled. 

Where trunks are derived over carrier facilities, de signalling must 
be converted to either an ac scheme or a digital scheme, as in a pulse 
code modulation (PCM) bit stream. If multifrequency (MF) signal-

Originating Terminating 
office +--------- Up to X miles --------� 

office 

Pulsing 
relay 

t 

Pulsing 
relay 

0 

(a) Two-wire loop signall ing 

.---- Up to 2X miles ------+ 

(b) Four-wire loop signall ing 

Figure 8-7. Loop conductor resistance for two-wire and four-wire signal ling. 
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ling senders are available, the ac methods may be used for trans
mitting address signals. However, since MF transmits only address 
information, another arrangement, such as SF ( in the case of carrier) 
or SF and de ( in the case of VF) , must be provided for supervision. 
The amplitudes of the inband ac signals are sufficiently high to pro
vide signalling over any length of trunk if it is properly designed, in
stalled, and maintained ; however, they are not so high as to overload 
carrier systems. Trunks that utilize de supervision with MF signalling 
must meet the resistance limit for the type of de equipment being used. 

Generally, the range limit of the E and M leads from the trunk 
circuit to the external signalling device is 25 ohms, sufficient to 
extend across most offices. The associated external signalling arrange
ments and circuits may be de or derived de, SF units for ranges 
longer than can be provided by derived de, or carrier channel units 
with built-in signalling. The E and M lead ranges should be checked 
in both transmitting and receiving directions as part of the trunk 
design. As an example of typical local trunk signalling, consider the 
trunk facility of Figure 8-8. Assume that revertive pulsing sendeis 
are used to signal directly over the trunk. Since the limit varies with 
the type of central office equipment and trunk circuit, assume for 
this example a typical limit of 2900 ohms between trunk circuits. 
The type of equipment and its range must be identified in each office 
and the list of ranges must then be made available for the trunk 
design. The loop conductor resistance in the example is : 

21 kft of 22-gauge H88 loaded cable pair 
(33.9 ohms/kft) 

E6 line build-out circuit (LBO) 
Build-out resistance 

E6 repeater gain unit 

E6 line build-out circuit 
Build-out resistance 

27 kft of 22-gauge H88 loaded cable pair 
(33.9 ohms/kft) 

Total resistance between trunk circuits 

712 ohms 

25 
0 

40 

25 
0 

915 

1717 ohms 

In this example, the trunk facility is well within .signalling limits 
and no additional signalling equipment is required ; thus, the loss 
calculations previously performed remain valid. 
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Intermediate 
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Figure 8-8. Signal ling path losses. 
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Terminating 
office 

The unstable network circuit condition known as singing is a sus
tained oscillation at some frequency where the algebraic sum of the 
losses in the circulating path are equal to zero or are negative and 
where phase relations are favorable to singing. These losses are the 
sum of the round-trip loss of the circuit plus the return losses at both 
ends at the frequency in question. In a telephone connection, singing 
is a trouble condition which must be avoided because it makes the 
connection unusable. 

Near-singing distortion of transmitted speech signals occurs when 
losses in the singing path approach but do not equal the value required 
for sustained oscillation. This type of distortion may occur in two 
ways. Losses in the circulating path may be sufficiently low to cause 
an appreciable time interval to elapse before the circulating signals 
die away, thus causing speech transmitted through the network to 
sound hollow or reverberant. Also, successive trips of the multi
reflected signals around the circulating path may phase in and out 
with the impressed signal at various frequencies in the passband of 
the network causing successive peaks and valleys in the attenuation/ 
frequency characteristic. As the singing margin is reduced, the peaks 
become higher and the valleys lower making speech sound more 
hollow. 
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It is logical, therefore, to use singing margin as a criterion for 
controlling both near-singing distortion and circuit instability. A 
design objective for repeatered VF trunks, based on loop terminations 
and average conditions of temperature, humidity, battery variations, 
etc., is a singing margin of 10 dB or more in 95 percent of all cases. 
Such trunks may have several circulating current paths ; the singing 
margin objective applies to the most critical path, that is, the one 
nearest a singing condition. When this requirement is met, the chance 
of singing is practically precluded, even under the most severe opera
ting conditions, and only rarely does near-singing distortion become 
troublesome. In addition to being stable in the connected condition, a 
circuit must also be stable in the idle condition, i.e., when the trunk 
is not switched into a connection. This is necessary to avoid excessive 
crosstalk and to render the circuit instantly usable. 

To achieve the degree of stability which satisfies these require
ments for a repeatered line, singing return losses are calculated for 
both idle and working combinations of conditions on each side of 
each repeater. The singing margin for the idle condition need be only 
a few dB. For a working trunk, the singing margin should be 10 dB 
or more. Terminal singing return losses (singing return losses at 
the trunk ends) for the idle condition without an idle circuit termi
nation are assumed to be 0 dB and with an idle circuit termination 
are assumed to be 4.5 dB. Average terminal singing return loss for 
the talking condition is assumed to be 6 dB, a return loss value that 
may be considered to occur at a PBX, a central office switching point, 
and at a loop terminated by a telephone station set. 

To determine the stability for a particular two-wire design, all 
significant singing return losses in each line section should be referred 
to the repeater location and combined. These .singing return losses 
may include cable structural return loss, intermediate equipment re
turn losses, loading irregularity return losses, junction return losses, 
and terminal return losses. For two-wire trunks, the calculated sing
ing margin is the difference between the resultant singing return loss 
at each side of the repeater and the sum of the one-way gains for each 
direction of transmission through the repeater. 

Figure 8-9 (a) is a continuation of the direct trunk example. As
sume that the load spacing is such that the structural return loss 
is 25 dB for the line section to A and 23 dB for the line section to B. 
Also assume that a loading irregularity at point C yields a 20-dB 
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Figure 8-9. Trunk stability examples. 

singing return loss. Singing return losses ( SRLs) for an idle circuit 
(no idle circuit termination) and for a talking connection must be 
calculated. The idle circuit calculation is as follows : 

Terminal SRL at A = 0 dB. 

Insertion loss between A and the repeater = 3.2 dB. 

Terminal SRL referred to repeater = 0 + (2 X 3.2) = 6.4 dB. 

Structural return loss of line to A = 25.0 dB. 

Combined on a power ba·sis, 
SRLA = 6.4 II +" 25 = 6.3 dB. 

Terminal SRL at B = 0 dB. 
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Insertion loss between B and the repeater = 4.0 dB. 

Terminal SRL referred to repeater = 0 + (2 X 4.0 )  = 8.0 dB. 

Structural return loss of line to B = 23.0 dB. 

Loading irregularity in line to B 

referred to repeater = 20 + (2  X 2.5) = 25.0 dB. • 

Combined on a power basis, 
SRLs = 8.0 " + " 23.0 " + "  25.0 = 7.8 dB. 

Repeater gain = 3.2 dB (from previous calculation) .  Thus, 

Singing margin = ( SRLA + SRLB) - (2 X gain ) 
= ( 6.3 + 7.8) - (2 X 3.2) 
= 14.1 - 6.4 = 7.7 dB. 

A positive singing margin for this calculation indicates that this cir
cuit should be stable in the idle conditon. 

The singing return loss calculation for the talking connection follows : 

Terminal SRL = 6 dB. 

Insertion loss between A and the repeater = 3.2 dB. 

Terminal SRL referred to repeater = 6 + (2 X 3.2) = 12.4 dB. 

Structural return loss of line to A = 25.0 dB. 

Combined on a power basis, 
SRLA = 12.4 II + II 25.0 == 12.2 dB. 

Terminal SRL = 6 dB. 

Insertion loss between B and the repeater = 4.0 dB. 

Terminal SRL referred to repeater = 6 + (2 X 4.0) = 14.0 dB. 

Structural return loss of line to B = 23.0 dB. 

Loading irregularity in line to B 
referred to repeater = 20 + (2  X 2.5) == 25.0 dB.* 

Combined on a power basis, 
SRLB = 14.0 II + I I  23.0 II+U 25.0 == 13.2 dB. 

Singing margin = ( 12.2 + 13.2) - (2 X 3.2) 
== 25.4 - 6.4 == 19.0 dB. 

•The effect of such an irregularity is normally included in the cable SRL. It is 
shown separately here to illustrate the effect. 
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Since the singing margin requirement in the talking condition is 
10 dB, the calculated result shows satisfactory performance. 

The above calculations are based on several assumptions which 
may not always be valid. For example, the calculations are based on 
the assumption that the critical frequencies on both sides of the re
peater are the same and that phase relationships result in direct 
addition of return losses. Note that the singing return losses at 
1000-Hz are referred back to the repeater. Although the 1000-Hz loss 
is probably different from the loss at the critical frequency, the sing
ing return loss calculations of the idle circuit and talking conditions 
do provide a reasonable approximation of the singing margin. Meas
urements of the installed facility should be made, however, to verify 
that there is adequate stability margin. 

For four-wire trunks between two-wire switching machines, the 
singing margin is the excess of losses over gains around the singing 
path. Figure 8-9 (b)  is a simplified example of a direct trunk on 
carrier facilities. The singing margin ( SM) is then 

SM == SRLA + RTA + RRB + SRLs + RTB + RRA + 4LHYB - 2Gc dB 

where LHYB is the transmission loss through the hybrid coils and Gc 
is the gain of the carrier system. 

Crossta lk 

Signals transmitted from repeaters into line facilities must be re
stricted in amplitude in order to limit near-end crosstalk interference 
with other circuits. Also, signals in repeatered line facilites must not 
fall so low that signal-to-noise ratios are unacceptable. The maximum 
TLP at a repeater output should not exceed +6 dB. At the input to a 
repeater, the TLP should be no lower than -9 dB when H88 loaded 
facilities are used or --15 dB when nonloaded facilities are used. 

Figure 8-10 provides an analysis of compliance with the level point 
requirements for the direct trunk example. The critical . locations for 
checking the transmitting and receiving level points are at all central 
offices through which the trunk passes. Clearly, the level points are 
consistent with the +6 dB and -9 dB limitations for loaded facilities. 
If aU factors except the level point limitations are disregarded, the 
maximum gain on this trunk that could be allowed for a repeater 
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located in the intermediate office would be 3.7 + 6 = 9.7 dB. If the 
total gain requirement to meet the inserted connection loss objective 
exceeds the maximum for a single repeater at a particular location, 
consideration should be given to reassignment of the repeater to 
another point in the trunk (if possible) ,  to the use of repeaters in two 
locations, to the reassignment of the trunk to coarser gauge cable, etc. 

Level points must comply with requirements for both directions of 
transmission. In four-wire facilities, the gain settings may be different 
at a given repeater for opposite directions of transmission. In two
wire facilities, the level points also are not generally symmetrical. 

REFERENCES 

1. American Telephone and Telegraph Company. Telecommunications Transmis
sion Engineering, Volume 1, Second Edition (Winston-Salem, N. C. : Western 
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Trunks 

Chapter 9 

Tol l  Trunk Design 

The switched message network has been considered previously as 
composed of two main portions, local and toll. The toll portion is dis
cussed in Chapter 1 in terms of the hierarchical arrangement of toll 
switching offices, the organization of trunk groups within the hier
archy, traffic considerations relating to the provision of trunk groups, 
the routing of traffic over these groups, and the toll connecting trunks 
that interconnect the toll and local portions of the network. 

Toll trunks thus fall into two general classifications for which the 
transmission objectives and designs are somewhat different because 
of the manner in which the trunks may be utilized. The first of these 
classifications, intertoll trunks, is used to interconnect toll switching 
offices. The second classification, toll connecting trunks, is used to 
provide connections between toll and local portions of the network. 
These two classes of trunks are considered separately because of the 
differences in function and applicable objectives. 

End office toll trunk groups may be established between a class 5 
office and any distant office that performs class 4 or class 5 functions. 
Since such trunks do not fit either of the more general elassifications, 
the objectives for these trunk types are discussed separately. Where 
both ends of these trunks terminate at class 5 offices, they are called 
end-to-end toll trunks. 

Most of the toll portion of the network operates on the basis of 
transmitting analog and digital signals over analog transmission 
facilities. With the introduction of the No. 4 Electronic Switching 
System (No. 4 ESS) , a time division switching system, digital trans-
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mission of all types of signals can be carried through the switching 
machine without being put through analog signal transformations. 
Analog trunk transmission objectives must conform to the previously 
discussed via net loss (VNL) transmission plan if noise, loss, and 
echo objectives are to be met. Digital trunks must be designed to a 
fixed loss plan. In many cases, compromise objectives must be met 
where analog and digital modes of operation intersect [1] . In all 
cases, echo and singing return loss objectives must be considered in 
trunk design and these impairments must be controlled. In addition, 
address and supervisory signalling requirements must be satisfied. 

The selection of equipment to provide signalling and supervision 
depends largely upon the types of switching machines involved and 
on the type of facility. The process of selection for analog toll trunks 
is similar to that for local trunks as covered in Chapter 8. Multi
frequency pulsing is the predominant mode of signalling on these toll 
trunks. The Common Channel Interoffice Signalling ( CCIS) System 
is commonly used for trunks operating between No. 4 ESS machines 
and it is being· applied increasingly for trunks between other types of 
stored program controlled machines. Most intertoll trunks and many 
toll connecting trunks are long enough to make carrier transmission 
facilities the economic, if not the only practical, choice. The use of 
carrier facilities leads to the utilization of single-frequency signalling 
units for supervision and for dial pulse signalling. 

9-1 TRANSMISSION OBJECTIVES 

Toll trunks are designed to meet transmission objectives for loss, 
noise, and echo. In addition, trunk gains and losses are controlled by 
well-defined transmission level points which must be established in 
order to control signal amplitudes and signal-to-noise performance. 
These objectives are reviewed to provide perspective for the discussion 
of toH connecting and intertoll trunk design. 

Loss Evaluation 

Losses are allocated to various types of analog trunks in the 
switched message network according to rules that are well defined in 
the VNL and toll switching plans. These are the losses that are in
curred when the trunks are inserted in a connection. However, these 
loss values in the connection may differ significantly from measured 
values because of test arrangements that have been provided to 
facilitate test procedures. 
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The definitions of trunk losses given in Chapter 8 ( inserted con
nection loss, expected measured loss, and actual measured loss) apply 
to the toll portion of the network as well as to the local portion. Briefly, 
the inserted connection loss (ICL) of a trunk is the 1000-Hz loss that 
is inserted between outgoing switch appearances when the trunk is 
switched into a connection. The expected measured loss (EML) of a 
trunk is a computed value which includes the inserted connection loss 
and the losses of switched pads, test pads, or test hybrids present 
during the measurement. If there are no pads in the test connection, 
the expected measured loss is equal to the inserted connection loss. 
The actual measured loss (AML) is the 1000-Hz loss measured be
tween the same two points as those for which the EML has been 
computed. 

The difference between the EML and the ICL is called the effective 
testing loss. It includes the losses of test pads, test hybrids, and switch 
pads that may be used at the two ends of the trunk under test. In 
some cases, test pad or test hybrid losses are established to compen
sate for pads used in the trunks (called A pads ) which may be 
switched out of the trunk during testing. This is done so that the 
effective testing loss may be held constant for a particular class of 
trunks. 

Administration of loss Obiectives 

In order to ensure that a toll connection may have the minimum 
possible loss consistent with satisfactory echo performance, loss is 
allocated among analog trunks according to VNL criteria. Intertoll 
trunks should be designed to have an ICL of VNL dB and toll con
necting trunks should be designed to VNL + 2.5 dB. Maximum values 
have been established to control overall connection losses. The loss 
objectives for various types of analog toll trunks are summarized in 
Figure 9-1 in terms of ICL. 

In the practical administration of trunk losses, some tolerance is 
needed in the design objectives. The expression of objectives as a 
single value for each type of trunk is convenient for many purposes 
but is not realistic for all classes of trunks. Consequently, as can be 
seen in Figure 9-1, some design loss objectives are expressed both 
as single values and as ranges of values. 

Analog Tol l  Connecting Trunks. The normal loss objective for toll 
connecting trunks is VNL + 2.5 dB (maximum 4.0 dB ) .  For toll con-
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TRU N K  TYPE LENGTH, LOSS OBJECTIVE, dB 
miles 

WITHOUT GAIN 

Toll Connecting <200 2.0-4.0 

Toll Connecting 200-735* -

Intertoll 

Final group <765* -

High-usage or grade-of-
service group <1850 -

High-usage or grade-of-
service group > 1850 -

Class 1 to class 1 All -

( RC-RC) 

Secondary intertoll All 0.5 

End office toll 

Class 5 to class 5 <200 -

Class 5 to class 5 >200 -

Class 5 to class 4,3,2,1 <200 2 .0-4.0 

Class 5 to class 4,3,2,1 200-1850* -

Class 5 to class 4,3,2,1 >1850 -

*Maximum lengths permitted by loss objectives. 

tWhere loss is shown as 0 dB, echo suppressors are used. 

:j:Echo suppressor used. 

GAIN OR CARRIER 

3.0 ( max. 4.0 ) 

VNL + 2 .5 (max. 4.0 ) 

VNL (max. 1 .4 )  

VNL (max. 2.9) 

Ot 

VNL or Ot 

0 

6.0 

VNL + 6.0 (max. 8.9 )  

3.0 ( max. 4.0 ) 

VNL + 2 .5 (max. 5.5 ) 

3.0:1: 

Figure 9-1 .  Analog toll trunk inserted connection loss objectives. 

necting trunks less than 200 miles long on carrier facilities or less 
than 15 miles long on voice-frequency facilities, alternative objectives 
are applicable. For the VF facilities without gain, a loss of 2.0 to 
4.0 dB is acceptable. For VF facilities with gain or for carrier facili
ties, the objective is 3.0 dB ; however, a loss of up to 4.0 dB is 
acceptable on the VF facility before an additional gain device must 
be added. 

A minimum ICL of 2.0 dB is acceptable for very short toll connec
ting trunks without gain. These are trunks which are intrabuilding 
or between adjacent buildings. 

Analog l ntertol l  Trunks. In the network plan for distance dialing, a 
number of intertoll trunks may be used in tandem to complete a con
nection. For �his reason, the losses allocated to various intertoll trunks 
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are the lowest of those shown in Figure 9-1. Note that the loss al
located to final trunk groups is VNL with a maximum of 1 .4 dB per 
trunk. This low allocation has been made because final trunks are 
those that may be used in connections containing the largest number 
of tandem trunks. 

Note also in Figure 9-1 that high-usage or grade-of-service groups 
longer than 1850 miles and most groups that interconnect regional 
centers are operated at 0 dB loss. This is made possible by the use 
of echo suppressors on these trunks. Echo suppressors are not used on 
trunks that interconnect regional centers that are in near proximity. 
This exception applies where the maximum round-trip delay between 
end offices served by the two regional centers does not exceed 45 milli
seconds. The trunks which do not require echo suppressors are 
designed to operate at VNL. 

Analog End Office Tol l  Trunks. Any two end offices may be intercon
nected by direct trunks which permit connections to be established 
without being switched through the more complex local or toll por
tions of the network. When these trunks interconnect two end offices 
in separate local areas for which toll rates apply, the trunks are 
called end-to-end toll trunks. Similarly, an end office may be connected 
by a trunk group to a class 4 or higher office other than its normal 
serving office. These trunks are called class 5 to class 4 or higher end 
office toll trunks. Losses are allocated differently to these two types 
of trunks. 

End-to-end toll trunks are designed according to VNL criteria. The 
ICL should be VNL + 6.0 dB with a maximum of 8.9 dB regardless 
of length. Trunks of this type 200 miles or less in length may be 
designed to a fixed loss of 6.0 dB. 

Where justified by traffic and economic considerations, it may be 
desirable to provide high-usage trunks from an end office to a toll 
office other than its normal serving toll office. The ICL objective for 
trunks of this type up to 200 miles in length is the same as normal 
toll connecting trunks. For trunks between 200 and 1850 miles in 
length, the loss objective is VNL + 2.5 dB with the maximum ex
tended to 5.5 dB. This extension is not a relaxation of maximum loss 
objectives since it merely recognizes that there are two or more 
trunks in the final route as compared to only one in the high-usage 
route. Therefore, the high-usage route can be permitted to have a 
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loss equivalent to that of two trunks in the final route. Trunks long 
enough to exceed the 5.5 dB maximum ( 1850 route miles ) should be 
equipped with echo suppressors and assigned a 3.0 dB ICL. There 
is no danger that two echo suppressors would be used on a connection 
since traffic routing rules specify that these trunks are permitted to 
switch only to an office homing on the distant toll office. 

Transmission Level Points 

The transmission level at any point in a trunk is defined as the 
design gain or loss expressed in dB, between that point and an 
arbitrary point called the zero transmission level point (0  rrLP ) .  
Transmission level points have meaning only for a single trunk and 
are not defined for a built-up connection of trunks. The outgoing 
switch in a class 5 office at the originating end of a direct or toll 
connecting trunk is defined as a 0 TLP. The outgoing switch in an 
analog class 4 or higher office at the originating end of either a 
toll conne·cting or intertoll trunk is conveniently designated as a 
-2 dB TLP. Other standard and defined transmission level points 
include the voice-frequency input and output of a carrier channel 
which have been standardized as -16 dB and +7 dB TLPs, respec
tively. The 0 TLP at the class 5 office and the -2 dB TLP at the 
analog toll office result in 0 dB and 2 dB effective testing losses 
(test pad values) ,  respectively. For symmetry, the loss between test 
access points is 2 dB from transmitting and receiving test equipment 
at toll offices. Because of the test access losses, EML = ICL + 2 dB 
for toll connecting trunks and EML == ICL + 4 dB for intertoll 
trunks. As previously mentioned, the introduction of digital switching 
of toll trunks requires changes in trunk losses and in the specification 
of TLPs. 

Noise Limits 

Noise limits for all classes of trunks are given in Figure 9-2. The 
values have been adjusted for practical maintenance considerations 
and stepped into mileage bands to simplify administration. The circuit 
order and maintenance limit and the immediate action limit are re
spectively about two and three standard deviations greater than the 
mean values that represent the capability of present facilities. If the 
noise on a trunk exceeds the immediate action limit, the trunk must 
be removed from service until corrective action is taken. 
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Return Loss and Balance 

Via net loss design assumes that the lowest echo return losses in a 
connection are encountered at class 5 offices because of the generally 
poor impedance match between toll connecting trunks and local loops. 
Since additional reflections would further degrade performance, it 
is necessary to constrain all intermediate reflections in connections 
between class 5 offices. Since the same techniques are effective in 
controlling both echo and singing, balancing procedures involve 
meeting requirements for singing point or singing return loss as well 
as for echo return loss. These procedures are based on improving the 
impedance match at critical points in the network. 

Through Balance. Since all intertoll trunks are designed on a four
wire basis, intermediate echoes are prevented except where it is 
necessary to convert to two-wire transmission. For example, many 
toll offices use two-wire switching machines and, therefore, require 
hybrids to effect the necessary four-wire to two-wire conversions. 
When intertoU trunks are switched together by a two-wire switching 
system, it is necessary that the impedances of all the trunks and the 
impedances of all the possible paths through the switching machine 
be very nearly the same in order to prevent objectionable echo. 
The procedure for effecting this impedance control is called through 
balancing. 

The through balance requirements are given in Figure 9-3. A trunk 
which does not initially m.eet minimum requirements should not be 
turned up for service ; subsequently, any trunk that has a measured 
return loss below the turndown limit should be removed from service. 

Term inal Balance. Via net loss operation of trunks is based on suffi
ciently low echo magnitudes on all DDD connections. This requires 
adequate balance at all points where trunks are switched together 
as well as control of echoes on two-wire toll connecting trunks. As 
explained previously, where two intertoll trunks are switched to
gether, the impedance match is called through balance. Where an 
intertoll trunk is connected to a toll connecting trunk, the impedance 
match is called terminal balance. Terminal balance testing is required 
in every two-wire and four-wire toll switching office at which toll con
necting trunks terminate. Terminal balance requirements are given 
in Figure 9-4. 
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TURNDOWN 

TYPE OF REQUIREMENT MEDIAN, dB MINIMUM, dB LIMIT, dB 

Echo return loss 27 21 18 

Singing. point or 
20 14 11 

singing return loss 

Figure 9-3. Through balance requirements. 

Figure 9-5 shows the various connections involved in terminal 
balance. Terminal balance tests are made from an intertoll trunk 
through the switch to a toll connecting trunk and through the distant 
class 5 office to a balance termination of 900 ohms in series with 
2.16 p.F. Thus, three factors may affect terminal balance : the im
pedance match in the toll office, irregularities in the two-wire toll 
connecting trunk facility, and the impedance match at the class 5 
office balance termination. 

In a two-wire toll office, the interface between the switch and the 
toll connecting facility is nominally a fixed impedance of 900 ohms 
in series with 2.16 p.F. Echo control is accomplished by controlling 
the length variability of the two-wire path between the intertoll 
hybrid and the fixed impedance point. In electro-mechanical switching 
machines, drop build-out capacitors are sometimes used on the shorter 
paths to control the variability. In No. 1 ESS offices, there is no pro
vision for drop build-out, and cabling limits must be closely observed. 

In a four-wire switching office, if the toll connecting facility is also 
four-wire, the only source of echo is the four-wire to two-wire hybrid 
conversion at the class 5 office. However, if the toll connecting trunk 
is two-wire, there is a source of echo at the hybrid between the trunk 
and the four-wire switching machine. This echo is controlled by the 
use of a precision network, shown in Figure 9-5, that matches the 
impedance of the two-wire cable facility as closely as possible. 

The .Precision network can provide an impedance match over the 
nominal voiceband ; however, mismatches may exist at frequencies 
above the nominal voiceband. To eliminate the possibility of singing 
at some frequency above the voiceband, a low-pass filter should be 
used, as shown in Figure 9-6, whenever a path with net gain and 
an insufficient low-pass filtering characteristic may exist between the 
two-wire sides of the two hybrids in the overall connection. 
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Figure 9-5. Terminal balance arrangements. 
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Impedance irregularities in the loaded cable pair are also a source 
of echo in a two-wire facility ; thus, it is necessary to limit variations 
in load coil spacing and to avoid conductor gauge changes. A struc
tural return loss measurement is made as part of acceptance testing 
of loaded cable to determine whether echo control is adequate. For 
a loaded two-wire faci1ity, the electrical length of the end section 
must be adjusted to match as closely as possible the impedance of 
the balance termination. 

The hybrid balancing network at the class 5 end of a four-wire toll 
connecting trunk must match the balance termination of 900 ohms 
in series with 2.16 JLF combined with the impedance of the cabling 
through the switch between the hybrid and the termination. 

Analysis of Performance. An evaluation of the adequacy of balance 
requirements and the effects of these requirements on toll trunk 
design may be made by examining a specific network connection. The 
connection to be· analyzed is shown in Figure 9-7. 
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Figure 9-6. Application of precision network and low-pass filter. 

In the VNL plan for network operation, sufficient losses are as
signed to toll connecting and intertoll trunks to suppress talker echo 
to acceptable values. It is assumed that the only echoes that must be 
so controlled are those that originate at the interface between the 
loop and the toll connecting trunk at the distant class 5 office. To 
justify this assumption, other sources of echo must be considered. 
These sources are shown in Figure 9-7 along with the echo paths 
from the sources to the talker. The return loss value shown at the 
B end class 5 office is assumed as a result of comprehensive studies. 
Return losses shown at the other offices are the result of meeting 
balance requirements. 

In order to simplify the analysis, a number of assumptions are 
made. Assume that the two toll connecting trunks are identical and 
short enough so that VNL + 2.5 = 3 dB and that the connection 
between the two class 4 offices is made up of three four-wire intertoll 
trunks whose ICLs are 1.4, 2.6, and 1.4 dB, respectively. Next, assume 
that each echo return loss is equal to the median value. 

Now, consider the equivalent values of these return losses as re
ferred to the class 5 office at the A end of the connection. For con
venience, the four return losses are designated LaA, LaB, L4B, and LsB· 
The translation of these return losses involves the determination of 
round-trip path loss for each echo ; i.e., twice the sum of the inserted 
connection losses between the echo sources and the A end must be 
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added to the return losses. Thus, the equivalent return losses referred 
to the class 5 office at the A end are : 

LaA == 27 + 2 ( 1.4 + 3.0) == 35.8 dB 

Lan == 27 + 2 (2.6 + 1.4 + 3.0) == 41.0 dB 

L4n == 18 + 2 ( 1.4 + 2.6 + 1.4 + 3.0) == 34.8 dB 

Lsn == 11 + 2 (3.0 + 1 .4 + 2.6 + 1 .4 + 3.0) == 33.8 dB. 

Within a few dB, the four sources of echo appear to be nearly 
equal in terms of echo return loss values referred to the A end of the 
circuit. For the echoes under consideration, the time delays are likely 
to be significantly different and since little is known about the sub
jective effects of multiple echoes, the total interfering effect cannot 
be evaluated. Therefore, consider the re1ations between the echo re
turn losses at the toll offices, LaA, Lan, and L4n, and that at the distant 
class 5 office, L5n. 

The return loss, LaA, has nearly the same value as that of the end 
office, Lsn. However, the class 3 office is much closer to the A end of 
the connection. The short echo delay would make the echo from the 
class 3 office much less annoying than that in the distant class 5 
office. Thus, while a quantitative evaluation of the interfering effect 
of the two echoes cannot be given, it seems reasonable that perfor
mance would not be significantly degraded by the echo from the 
class 3 office. 

The echo from the other class 3 office is more than 7 dB lower than 
that from the B end office. While the delays of these two echoes are 
more nearly alike, the lower amplitude of the echo from this class 3 
office would add less than 1 dB to the interfering effect even if the 
two echoes were combined on a power basis. 

It is concluded, then, that the echoes from the class 3 offices do not 
significantly degrade the echo performance of the connection. It thus 
appears that the through balance requirements of 27 -dB echo return 
loss at these class 3 offices result in an adequately low echo. If there 
are additional two-wire offices in the connection, performance may 
become marginal. However, most class 1 and 2, and many class 3 
offices are four-wire and the likelihood of having additional two-wire 
offices in the connection is remote. 

Finally, relate the terminal return loss performance of the distant 
class 4 office, L4n, to that at the B end class 5 office, Lsn. These two 
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values are nearly the same and, since the toll connecting trunk is 
assumed to be short, the delays are about equal. Thus, the two echoes 
may add (presumably by power) and result in an effective echo re
turn loss of about 31 dB referred to the class 5 office at the A end 
of the connection. While network echo performance is generally re
garded as satisfactory, this result indicates the possible desirability 
of increasing the loss of toll connecting trunks, of making the 
terminal balance requirements for two-wire toll offices more stringent, 
or of increasing the use of four-wire toll connecting trunks. Where 
four-wire trunks are used, the terminal balance requirement is in
creased from 18 to 22 dB. This increase results in the equivalent 
return loss from the distant class 4 office (L4n) being 5 dB higher 
than that from the B end class 5 office (Lsn ) . This value causes only 
small degradation of overall performance. 

This illustration of return loss relationships shows the importance 
of meeting and maintaining balance requirements. In practice, much 
more complex relationships exist. In the illustration, mean values are 
used throughout but it must be remembered that each distribution 
has a substantial standard deviation and that values of delay vary 
widely from connection to connection. Economic pressure has tended 
to make the use of two-wire toll connecting trunks attractive but the 
costs of short-haul carrier facilities for toll connecting trunks are 
being reduced which makes the long-term objective of a median 22-dB 
return loss at class 4 offices appear achievable. The high variability 
of loop impedances and the high cost of reducing that variability make 
it desirable to continue to allocate most of the requirement to the 
class 5 offices. 

Faci l ity Selection 

A number of precautions should be observed in the selection of 
toll trunk facilities so that transmission objectives may be met for 
both voice and data. These precautions pertain generally to the use 
of carrier systems and channels. 

Toll trunks should be assigned, wherever possible, to channels in the 
multiplex equipment where performance is not significantly affected 
by band-edge attenuation/frequency and delay distortions. Such dis
tortions may accumulate due to the tandem connection of toll trunks. 
Band-edge channels in the multiplex may be used for other purposes. 
The number of carrier channels in tandem in a single trunk should 
be as few as possible and not exceed three. 
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The use of compandored systems should be limited in the network. 
N onnally, only one compandored facility should be included in any 
trunk and compandored facilities should not be used on trunks inter
connecting class 1 and class 2 offices. 

9-2 ECHO SUPPRESSORS 

Echo magnitude can be reduced by increasing the transmission 
losses in the connection ; however, the added loss also reduces the 
volume of received speech. Therefore, echo suppressors are used on 
connections where the amount of loss needed for echo control would 
be excessive. Basically, an echo suppressor is a pair of voice-operated 
switches which insert a high loss (35 dB or more) into the echo return 
path when speech energy is present in the direct path. 

Types of Echo Suppressors 

Figure 9-8 is a block diagram showing two echo suppressors in
serted at the terminals of an intertoll trunk. This configuration is 
known as a split terminal echo suppressor because each suppressor 
provides suppression for one talker only and because there is one at 
each terminal of the intertoll trunk. Speech energy from A is detected 
by the echo suppressor at the B end of the trunk. The echo suppressor 
then switches the loss LB into the path from B to A to suppress the 

Echo suppressor 

Figure 9-8. lntertol l  trunk with split terminal echo suppressors. 
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echo generated at the B end of the trunk. The echo suppressor at the 
A end provides the same function for the speech signal from B.  
Threshold circuits determine the sensitivity of the echo suppressor 
detection circuitry. The sensitivity is adjusted so that the echo sup
pressor does not operate in response to normal circuit noise but does 
operate on speech energy. 

The full terminal echo suppressor, shown in Figure 9-9, provides 
suppression for both directions of transmission at one terminal. The 
portion of the device which suppresses echoes from A is essentially 
the same as the split echo suppressor. The portion which suppresses 
echoes from B is different in that it must be adjusted to account for 
the delay of the echo in the intertoll trunk in addition to the delay 
in the toll connecting trunk and loop. 

Intertoll trunks equipped with echo suppressors sometimes carry 
data signals. Some data sets require the. ability to transmit and 
receive signals simultaneously. Therefore, a tone-operated disabler 
is used to ,prevent suppressor operation. When the called data set 
goes off-hook, it transmits a single-frequency signal in the range of 
2000 to 2200 Hz for at least 400 milliseconds. The disabler, which is 
bridged across the transmission paths in the echo suppressor, rec
ognizes the tone and operates a relay to disable echo-suppressor 
operation. The suppressor continues to be transparent to line signals 

Echo suppressor 

HYB HYB 

La 
I 

L _ _ _ _ _ _ _ _j 
Figure 9-9. lntertoll trunk with ful l  terminal echo suppressor. 
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as long as data is being transmitted. If the data signal ceases for a 
100 millisecond or greater period, the suppressor reverts to normal 
operation. The frequency selectivity and pickup time of the disabler 
guard against false disabler operation by speech. 

Application of Echo Suppressors 

Proper application of echo suppressors involves a number of 
problems that must be carefully considered. First, the multilink con
nections that may have loss or delay conditions that require echo 
suppressors must be determined. In addition, echo suppressors must 
be located so that only one full or two split suppressors are in any 
connection. Finally, the proper echo suppressor and associated circuit 
adjustment options must be selected for the variety of conditions that 
may be encountered on switched connections. 

In the network plan for distance dialing, echoes on connections in 
which the echo path delay exceeds 45 milliseconds must be controlled 
by echo suppressors. Intraregional connections do not require echo 
suppressors because the maximum intraregional round-trip delay does 
not exceed the 45-millisecond limit. However, interregional trunks 
are equipped with echo suppressors when the round-trip delay in 
interregional calls using these trunks may exceed the limit. 

Selection of Trunks Requiring Echo Suppressors. There are two categories 
of interregional trunk groups, regional center-to-regional center 
final groups and high-usage interregional groups. The latter category 
includes interregional grade-of-service groups. Usually, trunks be
tween regional centers require echo suppressors and interregional 
high-usage trunks do not. However, there are exceptions in both cases 
depending on the loss and delay involved [2] . 

Regional Center-to-Regional Center Trunks. The round-trip echo 
delay between any toll office and the most distant end office in the 
final routing chain is called end delay for that toll office. The end 
delay for a regional center can be as great as 22.5 milliseconds. Thus, 
a call routed from one regional center through another may encounter 
a 22.5-millisecond end delay in each region or a combined end delay 
of 45 milliseconds without allowing for any delay in the interregional 
trunk. For that reason, most interregional trunks should be equipped 
with echo suppressors. Exceptions are interregional trunks with very 
short delays between regions that are very compact geographically. 
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Interregional High-Usage Trunks. The end delay from lower-class 
toll offices is less than that from regional centers. Thus, in determining 
the need for echo suppressors on high-usage trunks, it is common 
practice to assume 10 milliseconds as the maximum end delay since 
at least one end of each high-usage trunk terminates below the 
regional center in the hierarchy. Thus, echo suppressors should be 
used on all high-usage trunks having round-trip delays of 25 milli
seconds or more. This delay corresponds to a VNL of 2.9 dB. 

Assignment of Types of Echo Suppressors. The type of echo suppressor 
assigned depends on the length and type of trunk. Full echo sup
pressors of early design can be used on trunks between 1850 and 
2500 miles long. 

Full echo suppressors of late design can be used on any terrestrial 
trunk less than 3800 miles long. This includes any terrestrial trunk 
in the continental United States, Canada, and Mexico. For trunks 
longer than 2500 miles, full echo suppressors of the latest design or 
split echo suppressors must be used. Split echo suppressors can be 
used on all trunks requiring echo suppressors. 

Loss on Trunks Equipped with Echo Suppressors. On trunks equipped with 
echo suppressors, suppression loss controls echo. As a result, 
stability, noise, and crosstalk are the controlling trunk loss considera
tions. None of these requires loss on a trunk using all four-wire 
facilities between toll offices. Therefore, intertoll trunks with echo 
suppressors should be designed with an ICL of 0 dB or as close to 
this value as possible. 

End office toll trunks more than 1850 miles long between class 5 
and class 4 or higher offices should be designed with echo suppressors 
and an ICL of 3.0 dB. The fixed loss is included in order to reduce 
the loudness contrast between such connections and the more normal 
DDD connections. The latter includes the fixed-loss portions of two 
toll connecting trunks. 

9-3 TOLL CONNECTING TRUNK DESIGN 

The design of toll connecting trunks is primarily a matter of meet
ing loss and balance requirements. Losses must satisfy the via net 
loss plan and must include all the loss components of the trunk. 
Terminal balance requirements can be met only when the impedances 
involved in trunk design properly match the impedance of connected 
circuits. 
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loss Components 

The basic ICL objective for toll connecting trunks is VNL + 2.5 dB. 
The actual design loss may vary from this value since adj ustments 
may be needed for uncompensated temperature variation (UTV) , 
delay loss (D) , high-loss operation (A pad value) , and a final adjust
ment ( +A c) to place the design value of the EML on the nearest 
automatic transmission test and control (ATTC)  frame class mark. 
The actual ICL is thus the sum of VNL + 2.5 dB and these four 
additional components. 

U ncompensated Temperature Variation .  Changes in temperature cause 
changes in the attenuation of cable conductors. Uncompensated tem
perature variation represents a change in trunk loss with temperature 
for which there is no compensation. The losses normally assumed 
are those at 55 degrees Fahrenheit. At temperature extremes, trunk 
losses may be appreciably different from the assumed values. To 
avoid operating circuits at less than the computed minimum loss, a 
portion of the UTV is sometimes added into the computation. If the 
UTV is 1.0 dB or less, no correction is made ; if the variation is 1 .1  dB 
or more, a correction of UTV /2 is made. 

Delay Loss. An additional loss component is included in the EML 
of a trunk in order to compensate for the absolute delay contributed 
by any delay equalizers used on the trunk. These equalizers may be 
included in the design of a trunk if the facilities ( including the delay 
equipment) are also shared on an occasional basis with a private 
line service. The value of delay loss, D, ( in dB ) is computed by 
D == 0. 1 X (sum of 1000-Hz round-trip delays in milliseconds of all 
delay devices in the circuit) . 

H igh-Loss Operation of Tol l  Connecting Trunks. Four-wire No. 4 cross
bar toll switching machines can be equipped to take advantage of 
the fact that trunks on carrier facilities generally have additional 
gain available which, if added to a connection, makes it possible to 
increase the loss of metallic toll connecting trunks by an amount equal 
to the available gain. The method of accomplishing this is referred 
to as high-loss design. Switchable A pads are included in all inter
toll carrier trunks that can be switched to high-loss toll connecting 
trunks. The losses of the toll connecting trunks may be increased 
by an amount equal to the value of the A pads. When the carrier 
trunk is switched to the high-loss trunk, the machine switches out 
the A pad effectively transferring available gain from the inter-
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toll trunk to the toll connecting trunk. Steps must be taken to ensure 
that high-loss trunks are never switched to other high-loss trunks. 
The decision to use high-loss or low-loss design is made on an 
economic basis. It is necessary to take into account the additional 
costs resulting from administering separate high-loss and low-loss 
trunk groups and from the extra maintenance costs required for 
testing the switched pad. With the increasing use of T-type carrier 
systems for toll connecting trunks, high-loss design becomes less 
desirable economically. 

Figure 9-10 (a)  illustrates an intertoll trunk equipped with a 7-dB 
switchable A pad at each end. The trunk is shown with the A pads 
switched out of the circuit and test equipment connected through loss 
which may be test pads (TP 9) or 9-dB test hybrids. The effective 
testing loss (ETL) still remains 2 dB ( 9  - 7 dB) at each end of 
the trunk. 

Figure 9-10 (b)  shows the same trunk switched into a connection 
between high-loss and low-loss toll connecting trunks. On the left end, 
the A pad is switched out of the connection to compensate for the 
additional loss permitted in the high-loss toll connecting trunk. On 
the right end, the A pad remains in the circuit since that connection 
is to a low-loss toll connecting trunk. 

Class Mark Adj ustment. The ATTC class mark is the nearest loss 
value which can be obtained by the automatic transmission test and 
control frame which compares the actual measured loss with the 
specified class mark representing the expected measured loss of the 
trunk being measured. The class mark can only be set in 0.3 dB steps 
from 3.9 through 12.0 dB. The EML must first be computed to the 
nearest 0.1 dB and the resultant is adjusted to the nearest ATTC 
class mark. The ATTC adjustment is added to or subtracted from both 
the EML and ICL. 

Computation of EML. The EML of the trunk is the sum of the ICL 
and the effective testing losses. Effective testing loss, as previously 
mentioned, is the difference between test pad or test hybrid losses 
and any A pads that are switched out during testing conditions. The 
ETL used in the switched network is normally 2 dB for each class 4 
or higher switching office. Test p·ads are not normally provided at 
class 5 offices. Therefore, the EML for toll connecting trunks is : 

EML = VNL + A  pad loss + UTV/2 + D + 2.5 ± Ac + ETL (9-1 ) 

where VNL = via net loss factor X trunk length in miles + 0.4 dB. 
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Trunk length Considerations 

Toll connecting trunk lengths vary from very short (intrabuilding 
or between adjacent buildings) to a maximum length of 735 miles. 
Also, the type of facilities used in the design of these trunks differs 
with length. The shorter trunks use two-wire nonloaded cable pairs ; 
gain devices, loading, and four-wire design or carrier facilities are 
employed progressively as trunk length increases. 

For short toll connecting trunks with no gain devices, a 2.0 dB 
minimum loss [s acceptable if balance requirements are met. Non
repeatered trunks whose ICLs would be less than 2 dB must be 
provided with 2-dB pads at the toll office to meet terminal balance 
requirements. Figures 9-1 1 (a)  and (b)  illustrate short toll connecting 
trunks from a class 5 office to a two-wire switching machine and to 
a switchboard. Fixed-loss pads or an impedance compensator must 
be provided on nonloaded trunks ; for longer trunks, gain may be 
required at the class 5 office end . Figure 9-1 1  (c )  shows a longer trunk 
in which an impedance compensator and an E6 repeater are used. 

The length of two-wire toll connecting trunks can be further ex
tended by using loaded facilities, by adding gain at the class 5 office, 
or by adcJing gain at an intermediate office. If the repeater is located 
at the toll office, it is difficult to meet terminal balance objectives 
because the return loss due to structural irregularities of the cable 
is reduced by the repeater gain. No more than one intermediate 
repeater can be used. 

· 

Where two-wire facilities are switched by a four-wire machine at 
the toll office, the loss of the conversion hybrid may cause the ICL 
to exceed the design objectives and makes high-loss operation de
sirable. However, with loaded cable and the optional use of gain, as 
shown in Figure 9-12 (a) , either high- or low-loss operation is possible. 

Beyond the lengths feasible for toll connecting trunks on two-wire 
facilities, four-wire transmission must be used. This can be provided 
by either repeatered four-wire VF or carrier facilities as illustrated 
in Figure 9-12 (b) . 

Impedance Matching 

All class 5 office trunk terminations are nominally 900 ohms ; all 
toll office terminations are nominally 600 ohms, with the exception 
of the 900-ohm terminations used in crossbar tandem offices. Proper 
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(a} Same or adjacent building 

(b) loss less than 2 dB 

E6 
(c) loss greater than 2 dB 

Figure 9-1 1 .  Tol l  connecting trunks utilizing two-wire nonloaded facilities. 

termination of trunks to match local and toll office impedances is 
absolutely necessary if terminal balance requirements are to be met. 
The nominal office terminating impedance determines the selection of 
suitable repeating coils or four-wire terminating sets so that at the 
point of switching, a common impedance is presented by all trunks. 
Where repeating coils are required at local offices for signalling pur
poses, the use of the optimum ratio substantially eliminates any 
reflection loss which would result from dissimilar impedances. Design 
layouts which result in more than one repeating coil in any path 
through a toll office should be avoided. 

Figure 9-13 (a)  shows a two-wire trunk transformed to a four-wire 
trunk at a four-wire switching machine. Here, a precision network 
simulates the impedance of the specific two-wire trunk facility it 
balances. In Figure 9-13 (b) , a four-wire terminating set uses a 
repeating coil hybrid as an interface between a four-wire trunk 
facility and a two-wire switching machine. Since the hybrid must be 
balanced against a variety of loop impedances through the switching 
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office 

Class 4 
office 

Tol l  Trunk Design 

Trunk circuit 

Precision 
network 

Trun k  
circuit 

HYB 

(a) loaded, two-wire trunk, optional gain 

- 1 6 d B -+ +7 dB 

(b) Four-wire trunk on carrier facilities 

Trunk circuit 

Figure 9-1 2. Toll connecting trunks to four-wire switching machine. 
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Class 5 
office 

machine, a compromise network consisting of 900 ohms in series with 
a 2.16 p.F is used. 

Loaded two-wire trunks may require impedance compensators at 
the toll office to make the sending-end impedance of a loaded cable 
pair substantially uniform and predominantly resistive in the fre
quency range from about 1000 Hz up to about 85 percent of the 
high-frequency cutoff. 

It is common practice to use a half-loading section to terminate 
loaded pairs at the central office. The impedance characteristic of a 
loaded pair at the half-way point of a loading section has a resistance 
component which increases with frequency and a very small negative 
reactance component. The compromise network in the intertoll trunk 
circuit has a fixed resistance at all frequencies. Since the resistance 
component of the trunk impedance increases with frequency, the re
turn loss at the compromise network deteriorates with increasing fre-
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Class 5 
office 

Trunks 

HYB Precision 
network 

(a) Two-wire toll connecting trunk, four-wire toll switching 

HYB 

4-WTS 

Compromise 
network 

(b) Two-wire loops, four-wire toll connecting trunk 

Trunk 
circuit 

Trunk 
circuit 

Figure 9- 1 3. Use of precision and compromise networks. 

Vol. 3 

4-wire 
class 4 
office 

4-wire 
class 4 

office 

quency ; the amount of deterioration depends on the cutoff frequency 
of the loading system. With H88 loading, the 3000-Hz return loss is 
about 9 dB. To improve this return loss substantially, it is necessary 
to keep the cable pair impedance relatively constant over the fre
quency range. The improvement is accomplished by the use of an 
impedance compensator at the toll office. 

The compensator is a simple circuit arrangement consisting of a 
bridged adjustable capacitor, a high-frequency corrector circuit, and 
a low-frequency corrector circuit connected in tandem as .shown in 
Figure 9-14. The capacitor is used to build out the end half-section 
of the loaded cable to approximately 0.8 of a full  section. The resis
tance component of the impedance of the 0.8 full  section is substanti
ally uniform over the frequency range up to a high fraction of the 
cutoff frequency and the reactive component becomes increasingly 
negative with frequency. The high-frequency corrector has a positive 
reactance proportional to ;frequency which tends to cancel the negative 
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reactance over the frequency range in question. This results in an 
impedance substantially resistive and of fairly uniform value between 
1000 Hz and 85 percent of the cutoff frequency. 

9-4 I NTERTOLL TRUNK DESIGN 

The design of intertoll trunks involves problems similar to those 
encountered in the design of toll connecting trunks. Both loss and 
balance requirements must be satisfied to meet the needs of the via 
net loss plan. In intertoll trunk design, failure to meet balance 
requirements calls for an adjustment in the form of increased loss. 

Loss Components 

The design objective for the inserted connection loss of intertoll 
trunks under the VNL plan must be adjusted for uncompensated 
temperature variation, delay loss, and adj ustment of the expected 
measured loss to the nearest test frame class mark. An additional 
factor, not previously discussed under toll connecting trunks, is a 
loss adjustment that must be made where a terminating office does 
not meet balance requirements. 

Balance Deficiency Loss Adj ustment. Included in the design ICL may 
be a loss adjustment to offset the effects of through and terminal 
unbalance. This loss is added to provide acceptable echo performance 
on trunks that terminate at two-wire toll switching points or at 
two-wire switchboards. 
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The ideal value of this loss, zero, is used when the office is balanced 
satisfactorily. Figure 9-15 lists the loss adjustment in dB to be in
cluded in ICL calculations for median values of office through balance. 
If the median office balance has not been determined by measure
ment, a loss adjustment value of 0.3 dB is assumed. If the adjustment 
is not the same for both terminal offices of the trunk, the higher value 
only is applied. 

MEDIAN 
LOSS ADJU STMENT, dB 

OFFICE BALANCE 

27 0.0 

21 0.3 

18 0.6 

16 0.9 

15 1.2 

14 1.5 

Figure 9-1 5. Loss adjustments for through balance deficiency. 

Where terminal balance requirements are not met, a 2.0 dB incre
ment is added to the ICL for all intertoll trunks which are terminated 
in that office. When such an adjustment is made, no adjustment is 
required for through balance deficiency. 

Expected Measured Loss. The EML for intertoll trunks is the ICL 
plus the adjustments discussed above and the effective testing losses. 

Thus, 

EML == VNL + B + UTV /2 + D ± Ac + ETL (9-2) 

where B == loss adjustment for balance deficiency 

UTV = uncompensated temperature variation 

D == delay loss 

Ac == test frame class mark adjustment 

and 

ETL = effective testing loss, normally 4 dB. 
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lnterto l l  Tru n k  Layout 

Figure 9-16 shows the layout and level diagram of a typical inter
toll trunk between regional centers. Single-frequency signalling units 
are shown and are required for supervisory signalling even when 
multifrequency pulsing is employed. A full echo suppressor is in
cluded in accordance with application rules. The values of the level 
adjusting pads PT and PR are computed to provide proper trans
mission level points at the carrier channel input and output. The 
A pads provide for high-loss toll connecting trunk operation at both 
ends of the intertoll trunk. Trunk circuits provide trunk terminations 
and connections to the switching machines. Connections to test 
hybrids (TH) are shown in the standard office testing arrangements. 
Since an echo �suppressor is used, the ICL is 0 dB and, with the A pad 
and test hybrid arrangements shown, the EML is 4 dB. 

Secondary lntertol l  Trunks 

A secondary intertoll trunk is used to interconnect a toll switching 
machine and its associated manually operated switchboard in the 
same or an adjacent building. If the switchboard is remote from the 
switching machine, the trunks are classed as intertoll and the switch
board must be assigned a separate class in the hierarchy (the highest 
class allowed is 4) . 

Secondary intertoll trunks are separately identified because they 
are extra trunks in the hierarchical plan and should be designed on a 
four-wire basis as are most other intertoll trunks. They also differ in 
that they can and should be 10perated at 0-dB loss when designed 
without gain devices and switched by No. 4A crossbar switching 
machines with A pads. 

9-5 IMPACT OF DIGITAL SWITCHING ON TOLL TRUNK DESIGN 

The introduction of No. 4 ESS makes possible the switching of 
digital signals without conversion to analog form. The implications of 
this capability have made necessary the development of a new trans
mission plan for the message network with provision for digital 
switching and transmission facilities. The purpose of this plan is to 
assign transmission losses and level points that facilitate plant mainte
nance and network administration while providing the best possible 
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grade of service. In addition, the plan provides for a smooth transition 
from the existing analog switching network to one with both analog 
and digital capabilities. 

Loss Plan For Al l  Digita l Network 

The via net loss plan is not well suited to an all digital network. 
As indicated previously, the VNL design plan provides for control of 
talker echo by assigning toll trunk loss as a function of length. In an 
all digital network, signals are digitally encoded into bit streams at 
the class 5 office and the encoded signals are switched at toll offices. 
The added loss required by the VNL plan would require either the 
conversion of the digital signal to an analog signal, insertion of the 
required loss and reconversion to a digital signal, or changing the 
encoded signal amplitude by digital processing techniques. Both of 
these techniques would be costly and would introduce transmission 
impairments. For these reasons, a study was made to determine if 
talker echo could be controlled by a loss plan which would permit toll 
trunks to be operated at fixed loss [3] . 

The Fixed Loss Plan. A fixed loss of 6 dB for connections of any 
length appears to be a reasonable compromise between the desirability 
for lower loss on short connections and the need for higher loss on 
longer connections to control talker echo. In the fixed loss transmission 
plan, 3 dB of loss is allocated to each toll connecting trunk and 0 dB 
to all intertoll trunks. 

Figure 9-17 compares the loss/noise grade of service and echo 
grade of service as functions of the airline mileage per connection 
for this plan with those for VNL design. The curves show a marked 
improvement in loss/noise grade of service, particularly for longer 
connections. However, there is a small decrease in echo performance 
which is more than offset by the increase in loss/noise grade of 
service. The echo grade-of-service values shown assume that a digital 
echo suppressor is appJied on longer connections. While the echo grade 
of service without echo suppressors decreases beyond 800 miles, 
present studies indicate that performance will be satisfactory if echo 
suppressors are applied on trunks longer than 1850 miles. However, 
this value may be changed if, as anticipated, the performance of 
digital echo suppressors is improved and the cost is substantially 
reduced. 
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Figure 9-1 7. Grade of service for digital and analog networks. 

Figure 9-18 compares the fixed loss transmission plan with the via 
net loss transmission plan. Because of the lower end-to-end loss in a 
fixed loss connection, the echo grade of service is more sensitive to 
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the addition of intermediate echoes. In particular, the terminal balance 
requirements for the control of echo generated in toll connecting 
trunks must be more stringent for fixed loss than for via net loss 
design. 

Digital Level Plan. The concept of transmission level point applies 
strictly to analog transmission. It has no real meaning in digital trans
mission except where the signal is in analog form. Nevertheless, the 
concept of TLP is a powerful one that can be retained. 

It is desirable in the fixed loss network to retain the 6-dB loss for 
test conditions so that all trunks have an EML of 6 dB. To accomplish 
this, the transmitting and receiving test equipment at digital offices 
must be equipped with 3-dB pads and analog-digital converters. Be
cause of the use of 3-dB test pads, the No. 4 ESS can be considered 
a -3 dB TLP even though signals are in digital fo

.
rm. Since the path 

through the machine is lossless, the -3 dB TLP applies to the in
coming as well as the outgoing side of the machine, a feature unique 
to digital switching machines. 

Combination Ana log-Digita l Network 

With No. 4 ESS machines now operating in the switched network, 
the first steps have been taken to integrate the fixed loss plan with 
the via net loss plan. In order to make the analog-digital network as 
much like the analog network as possible, the combined network must 
conform to the following constraints : 

( 1 )  The EML and ICL must be symmetrical, i.e., the same in both 
directions. 

(2) The -2 dB TLP at the outgoing side of analog toll switches 
and the 0 dB TLP at class 5 offices must be retained. 

(3)  The present input and output transmission level points of all 
transmission facilities ( -16 dB and +7 dB ) must be retained. 

( 4) The existing lineup and testing procedures for D-type channel 
banks must be retained. 

These constraints result in loss and level plans which dictate changes 
that must be made in the present network as digital switching 
machines are introduced. 
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Figure 9-19 shows how the No. 4 ESS may be interconnected in 
the switched message network. The trunks in this figure include the 

To 
No. 4 

ESS 

' 
VIU Pad 

J 

DT 

+ DT 

VIU 

DT 

Analog 
intertoll trunk 

VNL 
(see note) 

Combination 
intertoll trunk 

D 

I dB loss channel Pad 
bank 

J 
Digital Jntertoll trunk .. 

0 dB loss DT 

--.... 
Analog 

toll connecting trunk 

3 dB loss 

Combination 
toll connecting trunk ----.... 

3 dB loss 

D 
channel 

bank 

Note: 
VNL is applicable also to analog intertoll 
trunks operating between No. 4 ESSs. 

Figure 9-1 9. lntertol l  and tol l  connecting trunk loss. 

.. .. 

Toll office 

Toll office 

No. 4 
ESS 

Class 5 
office 

Class 5 
office 
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various types that must be used in the combined analog-digital net
work : 

( 1 )  Analog trunks terminate at voice interface units (VIU) at the 
digital switching machine. 

(2)  Combination trunks use digital facilities and terminate at 
digroup terminals (DT) at the digital switching machine and 
D-type channel banks at the other end. 

(3)  Digital trunks use digital facilities and terminate on digroup 
terminals at both ends. Only trunks between digital switching 
machines can be of this type. 

Voice interface units process analog voice-frequency signals by pulse 
code modulation for digital switching. Digroup terminals process 
digital bit streams into individual digital signals for switching. 

Combination intertoll trunks must be designed to have ICLs of 1 dB 
to be consistent with the -2 dB and -3 dB TLPs at analog and digital 
offices, respectively. A design loss of 1 dB is higher than the VNL for 
short trunks and less than the VNL for long trunks. Detailed studies 
show that typical connections involving 1-dB combination trunks have 
better loss/noise and echo grades of service than VNL design. This 
improvement is caused by the decreased noise and delay of digital 
facilities relative to analog facilities. However, it was found that con
nections utilizing 1-dB intertoll trunks· on analog facilities have poorer 
loss/noise and echo grades of service than those utilizing normal VNL 
design. For this reason, analog intertoH trunks should be designed 
according to VNL rules. 
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Chapter 1 0  

Through and Terminal  Balance 

Through balance and terminal balance are the terms used to de
scribe the processes of measurement, adjustment, and evaluation as 
applied to the control of echo and singing in a switched network. For 
a full appreciation of through and terminal balance, it is necessary 
to understand the impedance relationships at various interface points, 
the ways in which echo and singing can be controlled, and the ap
plicable objectives. In addition, balance measurements, the use of 
various types of apparatus, and the procedures applied in attaining 
satisfactory balance must also be thoroughly understood. The balanc
ing procedure is presented in general terms without regard to specific 
types of switching equipment, testing arrangements, or office layouts 
in order to highlight the steps required to balance an office and to 
clarify the overall task. Familiarity with the testing sequence is  
necessary for an overall understanding of through and terminal 
balance concepts. 

1 0- 1  IMPEDANCE RELATIONSHIPS 

Intertoll trunks are provided on four-wire transmission facilities 
which must be converted to two-wire transmission facilities wherever 
two-wire machine switching or operator connections occur. The ter
mination of the four-wire facility and the conversion to two-wire 
transmission is accomplished by a four-wire terminating set that 
employs a transformer-type hybrid coil with a balancing network. 
This type of interface is designed to permit the desired transfer of 
power from the four-wire facility receiving path into the two-wire 
facility and from the two-wire facility into the four-wire facility 
transmitting path. However, the nature of the hybrid coil is such 
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that any impedance mismatch between the two-wire path and the 
balancing network causes undesirable reflected power. Therefore, con� 
trois are necessary to achieve the best match of the impedances. 

Control of echo and singing involves matching the impedance of the 
balancing network in the four-wire terminating set to the impedance 
of the two-wire facility to minimize power reflections in the trans
mitting path of the four-wire facility. Balance primarily consists of 
matching (or balancing) the capacitance of the interconnection path 
of intertoll trunks with other intertoll or toll connecting trunks to 
the capacitance in the balancing networks of the associated four-wire 
terminating set. In the circuit of Figure 10-1, the network build-out 
capacitance ( NBOC ) of the four-wire terminating set should be equal 
to the sum of the capacitance of the cabling and circuitry of any path 
through the switching office and the equivalent capacitive component 
of its connected trunk input impedance. For an ideal impedance 
match, Zt should equal Z2 ; therefore, 

and 

NBOC + Ca == Cb + I Cc 

Incoming intertolll1441-------Cross-office path 
trunk facility 
(4-wire) Re Re Re Rc 

�I Outgoing intertoll or toll connecting 
trunk facility 

2-wire toll 
switching 
machine or 
switchboard 

L I Equivalent input impedance of 2-wire 
side of 4WTS or Equivalent T n�ork of office 

� 2-wire trunk cable and relay circuitry -----+t 

Figure 1 0- 1 .  Equivalent network of office impedances. 
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Such an ideal match cannot be achieved in  practice because of the 
many possible two-wire connections within a toll switching office. 
Also, a trunk in a toll switching office may be connected to many 
different trunks ; while all of them have a fixed nominal impedance, 
the actual impedance varies due to different types and lengths of office 
cable and the normal variation among different items of equipment. 

In balancing an office, compromise impedances are used to provide 
the best impedance matches possible across the hybrids of the greatest 
number of intertoll trunks. The built-in balancing network of a four
wire terminating set consists of a compromise network, the impedance 
of which is equal to the nominal trunk input impedance* ( 600 or 
900 ohms in series with 2.16 f.LF) , and an externally connected ad
justable network build-out capacitor. Thus, in Figure 10-1, 

Ra == 600 or 900 ohms 

and 

Ca == 2.16 f.LF. 

The resistance component, the summation of Rc, is controlled only 
by limiting the maximum resistance of the two-wire cross-office path. 
The capacitance, Ca, has a value equal to the nominal value of Cb. In 
the process of balancing an office, the NBOC is set to match the total 
cross-office capacitance,_the summation of Cc. 

Figure 10-2 shows the sensitivity of both capacitive and resistive 
unbalance in a typical test arrangement. Curve A represents the re
turn loss performance when the circuits are well balanced. The other 
curves show the return loss degradation for different values of 
resistance and capacitance between the four-wire terminating sets. 

Ideally, cross-office paths would have office cable and apparatus 
causing little or no modification of a terminating impedance ; the 
impedance facing the four-wire terminating set would thus be rela
tively constant and matched to the compromise network. However, 
varying cable lengths and switchbank and switchboard multiples cause 
variations in cable capacitance. Consequently, adjustable build-out 

*These nominal impedances are often used loosely to identify central offices 
which may be referred to as "600-ohm" or "900-ohm" offices. 

TCI Library: www.telephonecollectors.info



222 

20 

30 1 

iii' :s 

' = ..2 
E :I 40 ; a= 

50 

I 
0.2 

Trunks 

- - �o :oos- - - -,  I 
I 
I 

I 
I 

_ _ _ _ _ _ _  _j C  

v � 

� 
v v � 

L .Jifl" 

lf v � � v --v v 
/ 

'� 
� ' _.,.,.. 

� - - 104Wrs - 
l I 
I 

I 
I 

HY8 Compromise 
network 

L _ _ _ _ _ _ 

!,......--"' �----"""" D 

...,.,. � c Curve C, p.F 
A .030 

8 .035 

� 8 c .040 

� D .050 

E .030 

E 

A 

� V" 

0.5 2 
Frequency (kHz) 

3 

Figure 1 0-2. Sensitivity of capacitive and resistive imbalance. 

Vol. 3 

600H 

R, !l 

25 

25 

25 

25 

45 

capacitors are provided on all two-wire office paths to permit narrow
ing the range of the two-wire line impedances presented to the four
wire terminating set. These capacitors are commonly referred to as 
drop build-out ( DBO) capacitors and are located in the trunk relay 
circuit. A common value of NBOC, unique to the equipment and wiring 
arrangements of a particular switching office, is set into the compro
mise networks of all four-wire terminating sets in the office. Drop 
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build-out capacitors are then adjusted, where necessary, on individual 
two-wire office paths so that the DBO capacitance plus the capacitance 
of the office cabling and circuitry matches within limits the capacitance 
of the NBOC in any connection through the office. 

1 0-2 CONTROL OF ECHO AND SINGING 

It has been shown by subjective tests that talker echo is a serious 
form of transmission impairment when echo amplitude is high and 
delay is also large. Another serious form of transmission impairment 
occurs when return losses are small and power is returned at a single 
frequency with sufficient magnitude to start self-sustained oscillation . 
This impairment, called singing, may occur where the round-trip gains 
exceed the losses around a circuit [1] . 

The voiceband frequencies in switched network connections are 
normally limited by the four-wire facilities to 'the 200- to 3200-Hz 
range, a range over which echo, singing, and near-singing impair
ments must be considered. The frequencies at which most talkers find 
echo objectionable are in the 500- to 2500-Hz range. At these fre
quencies, the talker usually complains of echo somewhat before sing
ing occurs. Therefore, the balance objectives for control of the return 
loss in this frequency range are more stringent than those for other 
frequencies in the voiceband. Singing generally occurs in the fre
quency ranges from 200 to 500 Hz and 2500 to 3200 Hz. Singing or 
near singing in these ranges is usually noticed by a talker before echo 
becomes objectionable. Consequently, both through and terminal 
balancing procedures include separate tests to evaluate each of the 
impairments, i.e., echo return loss and singing return loss (singing 
point) . The results of both measurements are necessary to evaluate 
balance in a given circuit. 

Via Net Loss Design 

The VNL design specifies trunk losses necessary to control echo in 
the switched message network. The plan is based on an overall con
nection loss of VNL + 5 dB from c1ass 5 office to class 5 office which 
takes into account the distribution of return losses of subscriber loops 
at class 5 offices. Each of the two toll connecting trunks in an overall 
connection is assigned 2.5 dB ; in addition, VNL dB is assigned to all 
trunks not equipped with echo suppressors. The VNL design plan 
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assumes that significant reflections occur at class 5 offices that must 
be compensated by designed loss and that no significant reflection 
occurs from the interconnection of trunks at toll switching offices. As 
a result of the latter assumption, effective operation of the plan 
depends on meeting and maintaining through and terminal balance 
objectives. 

Additional loss (called a B-factor) was, until recently, assigned to 
all intertoll trunks terminating at an uncertified office in order to 
protect the network from excessive echo impairment. An unbalanced 
toll center, for example, might become a potential source of echo to 
the entire network. Echo, not heard in this toll center area, could be 
heard at the distant end of all connections that pass through this toll 
center. Because of thes·e effects, the source of echo is difficult to 
identify and isolate. Thus, balance objectives, set at values that pro
duce sufficiently high return loss to control echo when trunks are 
interconnected, were satisfied by the added B-factor loss. Such echo 
control is now provided by balance work initiated after unsatisfactory 
results of trunk transmission maintenance index measurements are 
observed. 

Return Loss 

Return loss is a measure of the impedance match between two 
circuits at the point of their interconnection. It can be expressed for 
any frequency as 

Return loss = 20 log dB 

where Z 1 and Z2 are the impedances of the interconnected circuits. 
Consider this equation and the components of impedances Z 1 and Z2 ; 
it can be seen that, .at a given frequency, the return loss is infinite at 
the interconnection point when the impedances are equal (balanced) 
since I Zt + Z2 l I I Zt - Z2 l is then infinity. Conversely, a complete 
mismatch (unbalanced) occurs when either, but not both, Zt or Z2 is 
zero. The return loss for that frequency is then zero, since the 
logarithm of 1 is zero [1] . This relationship is used to establish 
useful performance criteria for echo return loss, singing point, and 
singing return loss. 

Echo Return Loss. Echo return loss (ERL) is a weighted average 
measurement of the return losses for all frequencies in the echo 
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range (500 to 2500 Hz) .  This measurement is made at the intercon
nection of the four-wire and two-wire circuits of intertoll trunks. 

Singing Return Loss and Singing Point. Singing return loss ( SRL) is 
the weighted average return loss in the singing bands of 200 to 
500 Hz and 2500 to 3200 Hz. It is the lower of the two values (high 
band or low band) as measured by a return loss measuring set 
(RLMS) . The SRL in the 2500- to 3200-Hz band is referred to as 
SRL HI. 

The singing point ( SP) is a measure of the return loss at a single 
frequency in the 200- to 3200-Hz voiceband. The single frequency at 
which the singing point applies is usually the frequency having the 
lowest return loss at the hybrid interconnection ; it is the critical 
frequency in the voiceband at which gain and phase relationships 
may cause singing. While singing may occur in theory at any fre
quency in the voiceband, the critical frequency is usually found near 
the upper or lower end of the band because of two-wire circuit 
impedance characteristics. 

The difference between singing return loss and singing point is in 
the two methods of measurement. Singing return loss is conveniently 
measured by a weighted noise technique similar to that used for echo 
return loss measurements burt measurement is confined to the singing 
bands. Singing point is a single-frequency return loss measured at the 
critical frequency. The two values are, in practice, essentially the 
same in a given circuit and may usuaUy be considered equivalent. 

1 0-3 BALANCE OBJECTIVES 

Ideally, VNL objectives for through balance would allow no echo 
or singing paths at intermediate switching points in a connection. 
Such ideal objectives could only be met by the exclusive use of four
wire switching ( including switchboards) and transmission arrange
ments, an impractical mode of operation. However, objectives are 
frequently used in another sense to define performance requirements 
that achieve a satisfactory economic and technical compromise. The 
performance requirements for through and terminaJI balance, ex
pressed statistically, are such a compromise. This method of express
ing objectives is such that the mea:sured values must be analyzed. 
If the distribution of the measurements is or approaches a normal 
distribution and the requirements are met in all offices, the overall 
objectives are also met. When trunks do not meet the minimum re· 
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quirements, they should be investigated for the source of poor balance. 
When the turndown limit is exceeded, the trunk must be removed 
from service for corrective action. Also, any trunk having a return 
loss decidedly lower than another trunk with similar equipment should 
be investigated. A careful check may show that the balance can easily 
be improved. 

Balance Requirements 

A toll switching office must meet balance requirements when it is 
placed into service. Balance must be maintained by meeting require
ments on each trunk that is added or rearranged. 

Through Balance. Through balance .concerns the connection of one 
four-wire intertoll trunk with another where these trunks are 
switched on a two-wire basis. Through balance requirements must 
be met on aH intertoll-to-intertoll connections through a two-wire 
switching machine. These requirements must be met at all two-wire 
class 1, 2, and 3 switching offices and their associated switchboards 
and, in addition, at four-wire offices that have two-wire switchboards 
arranged for through intertoll-to-intertoll connections for conference 
calls and operator assistance calls. Through balance measurements 
are made on connections from the four-wire terminating .set of an 
incoming intertol1l trunk to the four-wire terminating set of an out
going primary or secondary intertoll trunk. The connections are estab
lished through the switching machine and may include a switchboard. 

The requirements on through balance are expressed for incoming 
intertoll trunks through to an outgoing intertoll trunk and for an 
outgoing intertoll trunk through to an intertoll trunk where either 
may be switched by lm'achine or manual! switchboard. The trunks 
under test are measured from four-wire terminating set to four-wire 
terminating set and must be built out to the longest length path in 
the switchframe. For echo return loss, the median expected value is 
27 dB and the minimum is 21 dB. The turndown ldmit is 18 dB. For 
singing return loss, the median expected value is 20 dB, the minimum 
is 14 dB, and the turndown limit is 11 dB. These values are interpreted 
as actual measurements minus the transhybrid loss. 

Terminal Balance. Terminal balance concerns the connection of inter
toll trunks to toll connecting trunks. Term'inal balance requirements 
must be met on all intertoll--to-toll connecting trunk connections. 
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Terminal balance applies to all class 4 offi·ces and their associated 
switchboards and may apply to any clas·s 1, 2, or 3 office whether 
two-wire or four-wire. Class 1, 2, and 3 two-wire switching offices 
must usually meet both through and terminal balance requirements. 
Terminal balance measurements are made on connections from the 
four-wire terminating set of an incoming intertoll trunk or the 
balance test circuit to a toll connecting trunk terminated at the class 5 
office. Requirements for terminal balance are given in Figure 10-3. 

Office Cabl ing Resistance Limit 

Since resistance buildout is provided in the balancing networks of 
four-wire terminating sets, it is necessary to limit the cross-office 
cabl1ng resistance in order to meet balance requirements. In toll 
switching offices, reasonable control of the resistance component of · 
the office impedance is accomplished by equipment design, office lay
out, and maximum use of 22-gauge office cabling in the transmission 
path. When equipment rearrangements, additions, deletions, and 
modifications change the amounts of office cabling and/ or apparatus 
in two-wire paths, the impedances may change and the effects on the 
balance in the office should be investigated. The maximum resistance 
which can be permitted while meeting through balance requirements 
has been determined by studies which considered the following 
factors : ( 1 )  the changes in capacitance with different junctor paths 
through the switches, (2)  the rough gradation of the steps in the ad
j ustments on the NBO and DBO capacitors in the two-wire path, 
(3 )  the structural return loss of the hybrid circuit, and (4) the effect 
of imperfect terminations on the four-wire side of the four-wire 
terminating sets. These studies indicate that the loop resistance of 
the cabling between four-wire terminating sets should not exceed 
65 ohms in 900-ohm offices and 45 ohms in 600-ohm offices. 

Normally, the maximum allowable value of cable resistance is 
exceeded before the total amount of shunt capacitance and DBO 
capacitance (if used) in the office cabling of a through-type connec
tion becomes larger than the maximum permissible ·capacitance value. 
An exception occurs where there is a large amount of bridged cabling 
in the connection, such as may be present in large switchboard multi
ples. This bridged capacitance may result in the capacitance limit 
being reached before the resistance limit is reached. 

Four-wire terminating sets must be designed to the appropriate 
nominal two-wire impedance, 575 ohms in series with 2.16 f-tF for 
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600-ohm offices and 875 ohms in .series with 2.16 p.F for 900-ohm 
offices. These values allow for an average resistance of 25 ohms in 
the office cabling. Where 22-gauge wire is used, these values cor
respond to approximately 800 feet of cabling ; an NBO of 0.030 to 
0.040 11-F is required, depending on the amount of bridged cabling 
capacitance. 

Office Cabling Capacitance Limit 

In all cases, the maximum permissible value of capacitance in office 
cabling for any connection is limited by attenuation/frequency dis
tortion and is specified as 0.080 p.F. For example, a shunt capacitance 
of 0.080 J.LF in a 900-ohm circuit produces a difference in loss between 
1000 and 3000 Hz of 1 .2 dB. This difference in los·s for a connection 
through the office is also affected by capacitance of the four-wire 
paths between the four-wire terminating sets and the facility ter
minals (e.g., channels banks) . However, this capacitance does not 
affect the value of the NBO. 

Where through paths have capacitance greater than 0.080 p.F, 
0.080 p.F should be used as the office NBO value, even though there 
is the possibility that the longer paths do not meet balance objectives. 
Where terminal paths have capacitance greater than 0.080 p.F, the 
computed midrange value should be based on 0.080 p.F as the maxi
mum value. In both cases, it becomes necessary to give special 
engineering attention to the office layout with consideration given 
to reducing the physical dispersion of equipment and minimizing the 
length of cable runs. 

1 0-4 MEASUREMENTS 

The ERL and SP /SRL objectives for through and terminal balanc
ing are specified in order to meet the requirements of VNL operation 
of intertoll trunks. The ERL and SP /SRL are measured and stated 
in terms of a specific degree of balance between the compromise net
work of an intertoll four-wire terminating set and the connected 
two-wire line impedance. The objectives are expressed in dB and do 
not include the inherent circuit losses of the four-wire terminating 
set ; thus, these losses must always be subtracted from the measure
ments. This terminating set may be one associated with an intertoll 
trunk or it may be part of a test circuit simulating an intertoll trunk. 
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The four-wire transmitting and receiving ports of a four-wire termi
nating set are accessible at a jack field which provides convenient 
connection points for the transmission-type testing equipment re
quired in balance measurements. 

Hybrid Transmission Loss 

The transmission loss <>f the hybrid in a four-wire terminating set 
is conveniently measured by a technique involving the measurement 
of transhybrid loss (THL) with the two-wire port short-circuited. 

Transhybrid loss is measured by transmitting a known amount of 
weighted noise or a single-frequency power between the two four-wire· 
ports of the four-wire terminating set with a short circuit on the 
two-wire Hne immediately adjacent to the terminating set. Since the 
return loss in this case is zero, the input power in dBm minus the 
output power in dBm is twice the normal terminating set loss, a total 
of 6.5 to 8.0 dB, caused by the power divis'ions in the hybrid and the 
inherent loss of the coils. The measurement also includes the loss of 
the cable and pads associated with the four-wire terminating set re
ceiving and transmitting ports. The loss as measured for weighted 
noise is used as the correction factor when the echo return loss is 
determined. For the determination of the singing point, the loss used 
as the correction factor is that measured at 1000 Hz by use of general 
purpose test equipment. The singing return loss correction factor is 
determined by use of a return loss measuring set at the high band 
setting, 2500 to 3200 Hz. 

After the transhybrid loss correction factors are measured, the 
echo return loss, singing point, or singing return loss of a terminated 
two-wire line connected to the four-wire terminating set can be 
determined. 

Echo Return Loss 

The .echo return loss at a four�wire terminating set is determined 
from the weighted average · of the return loss at aH frequencies in the 
echo range, 500 to 2500 Hz. It is the difference between the weighted 
noise correction factor and a weighted noise measurement obtained 
with the trunk under test terminated and connected to the four-wire 
terminating set. 
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Singing Point a nd Singing Return Loss 

The singing point is determined from the return loss at a critical 
frequency, usually near the upper or lower end of the 200- to 3200-Hz 
range. The singing point is the difference between the transhybrid 
loss correction factor for a single frequency ( 1000-Hz transhybrid 
loss) and a similar measurement made by using a singing point test 
set with the terminating set connected to the terminated trunk under 
test. 

The use of a singing point test set involves connecting a voice
frequency amplifying device directly between the four-wire receiving 
and transmitting ports of 

·
a four-wire terminating set and increasing 

its gain until singing starts. Since a sing starts when the gain at some 
frequency becomes greater than the loss at that frequency, the test 
set indication is the measurement of the gain required for the singing 
to occur and is taken as the margin in dB against singing. 

When the singing return loss is measured by means of a return 
loss measuring set, the transhybrid loss may be compensated for in 
the test set calibration. The singing return loss is read without cor
rection in both the low band, 200 to 500 Hz, and the high band, 2500 
to 3200 Hz, and the 1ower of the two readings is used as the singing 
return loss. Return loss measuring set measurements involve con
necting a noise generator and appropriate filter to the transmitting 
port of a four-wire terminating set and measuring the returned power 
at the receiving port. 

Two-Wire Switching Path Capacitance 

The measurements for determining office cable shunt capacitance 
are made by using a 2000-Hz test tone or the return loss measuring 
set in the high band . . Measurements at 2000 Hz or higher ·are more 
accurate than those rat a lower frequency because of the various series 
capacitors and bridged inductors that may be in the trunk equipment. 
The impedance effects of these components are negligible at high voice 
frequencies. In addition, since the office cabling capacitance is a 
shunt capacitance, it has a greater effect and is therefore more easily 
measured at higher frequencies. 

Through office path capacitances are measured from the four-wire 
terminating set of one intertoll trunk to the four-wire terminating 
set (terminated at the four-wire side) of another intertoll trunk. 
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Terminal office path capacitances are measured from the four-wire 
terminating set of an intertoll trunk to a termination at the toll con
necting trunk appearance. When a toll connecting trunk serves a 
class 5 office in the ·same building with the toll switching machine, the 
trunk is terminated by dialing the class 5 office balance test termina
tion. When a toll connecting trunk serves a distant class 5 office, a 
termination must be placed at ( 1 )  the four-wire side of the four-wire 
terminating set located nearest the toll switching office on four-wire 
facilities, (2)  the office side of impedance compensators in loaded 
cable, or (3)  the toll switching office side of 2-dB pads when these 
are required in nonloaded cable. 

To measure the capacitance, the two-wire path is connec,ted by 
machine switching, operator switchboard connection, or a testboard 
connection to the two-wire side of a working intertoll trunk or balance 
test circuit four-wire terminating set. The far end of the two-wire 
path must be terminated as discussed so th1at it includes all the office 
cable. When the connection is complete, a 2000-Hz test tone is applied 
to the four-wire terminating set receiving port and a power detector 
is connected to the transmitting port. The detector is used to indicate 
a return loss value without consideration of the transhybrid loss. 
Capacitance is then 1added to the four-wire terminating set compro
mise network impedance by adjustment of the NBO capacitor. When 
the compromise network impedance is similar to the two-wire path 
impedance, the detector indicates a maximum return loss. At this 
setting, the NBO capacitance value is �approximate1ly equal to the cable 
capacitance. The adj ustment may be made by changing the strapping 
of the NBO or by the substitution and adj ustment of an external 
variable capacitor. 

1 0-5 APPARATUS CONSIDERATIONS 

Switching offices and switchboards are given nominal impedances 
based on whether they are to switch mostly loaded cable facilities 
whose impedances are approximately 900 ohms or open-wire and 
carrier f�Rcilities whose impedances are approximately 600 ohms. 
These values of impedance do not reflect actual switching office equip
ment impedance but are standardized values which are based on 
average impedances of trunk and subscriber facilities connected to 
the office. With few exceptions, class 4 -and 5 offices are considered as 
900-ohm offices and all class 1, 2, and 3 four-wire offices are con
sidered as 600-ohm offices. (Toll switchboards are also designed for 
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600 ohms. ) The impedance of the crossbar tandem switching system, 
often used as a two-wire toll switching machine, was initially selected 
to be most representative of the type of facilities used for metro
politan tandem switching. When this system was designed, the facility 
commonly used for outgoing trunks in the maj ority of metropolitan 
areas was H88-loaded cable. Therefore, the nominal impedance of 
900 ohms was selected for crossbar tandem offices. Repeating coils or 
four-wire terminating sets are used so that a common (nominal ) 
impedance is presented by all trunks at the switching point. 

Bui lt- In Four-Wire Terminating Circuits 

The N- and T-type carrier system channel units and the E-type 
SF signalling units that have built-in terminating circuits cannot 
meet the more stringent through balance objectives because of poor 
two-wire input impedance characteristics at certain frequencies. How
ever, they meet the minimum objectives for terminal balance. Ex
ternal 1-type four-wire terminating sets are used where better 
performance is required. In addition, the E- and F -type SF signalling 
units that have built-in terminating circuits have a 10 : 1  line im
pedance ratio instead of the usual 1 :1. Building-out capacitors are 
included in these circuits as part of the compromise network portion 
to obtain the required NBO for balance. However, because of the 
10 : 1  ratio, the actual value used is approximately one-tenth of the 
office NBO value. 

Repeating Coi ls 

When repeating coils are present in a two-wire line to derive signal
ling or to transform impedances, the degree of balance that can be 
obtained is limited. For instance, a 1 : 1 ratio coil has some leakage 
reactance and reduced inductance, particularly noticeable at the lower 
frequencies, because of saturation. The repeating coil also adds to the 
series resistance of a circuit. These effects modify the two-wire line 
impedance presented to four-wire terminating sets by different 
amounts over the voice-frequency range and reduce the average 
degree of balance obtainable. 

If the coil has other than a 1 : 1 impedance ratio, an additional 
limitation exists. For instance, if a 1.5 : 1  ratio coil is used to inter
connect a circuit of 900 ohms in series with a .2.16 JLF and a circuit 
of 600 ohms in series with 2.16 JLF, the capacitance components of 
the impedances are not in proper proportion. Thrut is, the 600 ohms 
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and 2. 16 JLF transformed through an ideal 1.5 : 1  coil is equivalent 
to 900 ohms and 1.44 JJ-F. This capacitance imbalance is in addition to 
that caused by leakage reactance, series reactance, and self-inductance 
effects in the repeating coil itself. Therefore, trunking arrangements 
that use repeating coils should not be employed in through-type 
intertoll-to-intertoll connections since these connections require a 
high degree of balance to satisfy VNL objectives. The use of repeating 
coils in trunk relay circuits for impedance matching or signalling 
purposes should be limited to ton connecting trunk applications. 
Trunk arrangements employing more than one repeating coil may 
not meet terminal balance requirements. 

As previously mentioned, crossbar tandem offices are considered to 
have a 900-ohm impedance while associated toll switchboards are 
designed to have an impedance of 600 ohms. This impedance differ
ence necessitates that ( 1 )  any two-wire path from the switching 
machine to a switchboard must have an impedance transformation 
made with a 1.5 : 1  ratio repeat coil, (2)  all four-wire terminating 
sets on intertoll trunks must be equipped with compromise networks, 
each consisting of a 900-ohm resistor in series with ·a 2.16 11-F capaci
tor, and (3)  all four-wire terminating sets in switchboard-terminated 
trunks must be equipped with compromise networks consisting of 
600-ohm .resistors in series with 2.16 JLF capacitors. One result of 
having machines and switchboards with different impedances is that 
the NBO capacitance value across the compromise network of a four
wire terminating set at the switchboard end of a four-wire tandem 
trunk must be approximately 1.5 times as large as the NDO capaci
tance values across the compromise network in a machine-terminated 
trunk. 

Since inward operator trunks may be part of both through and 
terminal connections, the design of trunk relay units used for this 
application includes a repeating coil. Terminal connections involving 
this trunk generally meet terminal balance requirements. Where 
through connections via the switchboard are completed by using an 
inward operator trunk ,and a four-wire tandem trunk, the four-wire 
tandem trunk provides impedance matching between a machine and 
its switchboard without introducing a .second repeat coil. With this 
arrangement, minimum through balance requirements may be met 
but median requirements cannot be met because of the repeating coils 
in the inward operator trunk. Because of the small volume of through 
switchboard traffic, less than median performance has been allowed. 
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Two-wire tandem trunks also use trunk ,equipment with repeating 
coils. This type of trunk is used to complete outgoing terminal traffic 
from the switchboard and generally must meet terminal balance re
quirements. Two-wire tandem trunks used to complete through con
nections do not meet minimum through balance requirements. 
Repeating coils ,appearing in a two-wire line path must also be 
equipped with properly valued midcoil capacitors to obtain acceptable 
impedance characteristics. The VNL objectives for echo return loss, 
singing point, and singing return loss are based pn a proper choice 
of these capacitors. The midcoil capacitors provided in the secondary 
intertoll and two-wire tandem trunk relay equipment are designed .to 
obtain an acceptable compromise in impedance transformation be
tween the intertoll and toll connecting trunk relay equipment for 
impedance matching and/ or to derive signalling leads. At the class 4 
office end, each of these trunks is provided with midcoil capacitors 
that provide satisfactory impedance in the intertoll trunk direction. 
This results in reduced return loss performance in the toll connecting 
direction but the less stringent term�nal balance requirements can 
be met. 

Signall ing lead Capacitors 

The two-wire ldne hybrid coil windings in four-wire terminating 
sets are frequently used to connect de signaUing circuits to the two
wire line path in an office. In this case, a 1-p.F capacitor must be 
bridged across the A and B leads of the four-wire terminating set to 
provide ac continuity for the voice path and de isolation for the 
signalling path. A value .of 1 JLF gives the two-wire line side of the 
terminating set hybrid j unction the des·ired impedance characteristic 
for interconnection to another terminating set. When used to provide 
a signalling path, this capacitor may be located in the four-wire ter
minating set or in the trunk relay equipment, depending upon specific 
equipment arrangements. In all cases, it is necessary to ensure that 
the capacitor vaiue is 1 JJ-F, that only one capacitor exists in the 
two-wire line, and that a 1-,uF capacitor is also provided in the 
two-wire network line of the hybrid to maintain proper impedance 
characteristics. 

Figure 10-4 shows that when the 1-p.F capacitor is located in the 
trunk circuit, the loop resistance of the A and B leads from the four
wire terminating set to the trunk circuit is included in the total 
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NBO 

Note: 

Trunks 

4-wire terminating set 
hybrid coil 

1 p.F capacitor at either position but not both. 

Trunk circuit 

I Signalling I I relay I 

Vol. 3 

Figure 1 0-4. Typical four-wire terminating set hybrid coil arranged for DC 
signall ing. 

cabling resistance of the two-wire path. Some types of equipment also 
have inductors in the A and B leads for additional impedance isola
tion. To improve signalling, the class 5 office ends of four-wire toll 
connecting trunks genet-ally have a 4-p.F capacitor across the A and 
B leads. However, the difference in the impedance characteristic in 
these cases can be ignored since no connection to other four-wire 
terminating sets is required. 

Trunk Relay Equipment 

AU intertoll-type relay equipment should have certain .features 
to assure satisfactory transmission performance. First, each trunk 
should have adj ustable DBO capacitors bridged across the tr-ansmis
sion path. If a two-way trunk or multiple access trunk is involved, a 
DBO capacitor is required in each transmission path. In addition, idle 
circuit terminations must be used to provide the s:ame nominal im-
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pedance as .a two-wire line termination when the trunk relay equip
ment is idle. Because of rthe low-loss des'ign of switched network 
trunks, the termination must be provided to prevent possible singing 
in the idle condition. Finally, any signalling relays bridged to the 
transmission path must have high enough inductance (with their 
normal operating currents) to have a negligible effect on the circuit 
impedance in the frequency range of 200 to 3200 Hz. 

Impedance Compensators 

An impedance compensator is an electrical network used to make 
the sending-end impedance of a loaded cable pair more uniform over 
the voice-frequency range and .more nearly equ:al to the impedance 
needed at the toll switching office, i .e., 900 ohms in series with 2.16 11-F. 
An impedance compensator should be provided on all toll connecting 
trunks that utilize loaded cable. 

Most loaded cables are designed so that the electrical length from 
the toll office to the first load point is equal to one half the length of 
a full loading section. An analysis of the impedance characteristic 
of a half loading section shows that the impedance increases with 
frequency [2] .  Since the impedance of the compromise balancing net
work in the four-w'ire terminating set is essentially constant with 
frequency, the increase in line impedance results in low return losses 
and poor terminal balance as the cutoff frequency of the cable pair 
is approached. 

The impedance compensator (837-type network) may be adjusted 
to build out the trunk cable pruir impedance to appear as a 900-ohm 
resistor in series ,w'ith a 2.16 11-F capacitor over the voice-frequency 
band when the trunk is terminated in a precision network at the 
class 5 office end. All lengths of cable end sections up to 5000 feet can 
be built out by adjustment of the internal line build-out capacitors of 
the compensator. The 837A network is used on most toll connecting 
trunks where the DBO capacitor is located in the trunk relay equip
ment. This network has adjustments to provide line build-out capaci
tance of values from 0 to 0.101 11-F in 0.001 11-F steps and low-frequency 
impedance correction (below 1000 Hz) for 19-, 22-, or 24-gauge cable 
conductors. 

Another network, the 837B, contains two built-in features not 
furnished in the 837 A : ( 1) a line build-out resistor to correct end-
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section resistance of loaded cable in order to improve return losses 
and (2)  drop build-out capacitors for use in trunks which have no 
trunk relay equipment or where the trunk relay equipment is not 
provided with DBO capacitors. 

The 837B network adjustments of build-out capacitance for office 
cabling range from 0 to 0.062 p,F in 0.002-p,F steps. The network also 
provides low-frequency impedance correction for 19-, 22-, or 24-gauge 
cable conductors (below 1000 Hz) and build-out capacitors for the 
cable from 0 to 0.101 p,F in 0.001-p,F steps. In addi,tion, build-out 
resistance for the cable from 0 to 196 ohms is provided in 28-ohm 
steps. 

1 0-6 BALANCING PROCEDURES 

The successful completion of balancing an office is a complex and 
lengthy process which depends on careful preparations, orderly step
by-step measurements, the evaluation of intermediate results, and the 
completion of all work necessary to satisfy balance criteria. The im
plementation of each part of the plan reduces the likelihood of dis
torted results. Echo and singing return loss measurements must be 
evaluated to verify that intermediate steps have been satisfactorily 
completed. In the course of the balance work, individual trunks should 
be investigated if they do not meet requirements or if they differ in 
performance significantly from other trunks of the same design. 

Before the balance tests and adjustments are begun, a certain 
amount ·of preliminary work is required. The type of apparatus in
stalled should be verified, the various types of cross-office paths in 
the office should be sketched, records should be prepared, etc. Terminal 
balance preparatory work includes verifying that outside plant cable 
acceptance testing is complete, that impedance compensators are 
adj usted, that 2-dB pads are present where required, and that im
pedance matching is provided where required. The preliminary work 
also includes checking repeating coils for proper turns ratios, proper 
values of midcoil capacitance, and corr€ct orientation of the ratios 
with respect to the impedance being matched. 

In addition to the test planning, the lOOQ-Hz loss of trunk relay 
equipment to be balanced should be measured. The actual measured 
loss ensures that the trunk equdpment meets transmission loss 
requirements. Balance measurements are of little value when the 
1000-Hz loss requirements are not met. 
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Through Balance 

Through balance objectives are given in terms of median and 
minimum values of echo return loss and singing return loss of all 
combinations of intertoll through connections in two-wire class 1, 2, 
or 3 offices. Through balance applies only to the equipment and wiring 
within an office and is measured from one four-wire terminating set 
through the office equipment to the other four-wire terminating set 
of each connection. The four-wire facilities are disconnected at the 
four-wire terminating set and replaced by test terminations during 
the balance measurement process. 

To adjust an office initially for through balance, the longest cross
office path, i .e., the path with the greatest capacitance, must be found 
as a first step in establishing the office NBO capacitance. This path 
consists of a connection from the longe,st incoming intertoll trunk to 
the longest outgoing intertoll trunk. The connection may be by way 
of the switching machine or switchboard. Through connections via 
the switchboard involve secondary intertoll trunks. Such a through 
connection may involve an incoming intertoll trunk, a machine-to
switchboard (operator assistance) trunk, and a switchboard-to
machine (toll tandem) trunk to an outgoing intertoll trunk. The 
longest of each of these trunk types is determined by visual inspection, 
office records, or bridge-type capacitance measurements. 

Incoming Outgoing 
4-------- intertoll -----..,.1------- intertoll ------.. 

trunk trunk 

HYB HYB 

I 1"1141------ Cross-office path -----�1 
Figure 1 0-5. Through balance capacitance measurement. 

600!1 

600H 

TCI Library: www.telephonecollectors.info



240 Trunks Vol .  3 

Next, cross-office capacitance measurements must be made. A 
through connection is established for each possible configuration, and 
a capacitance measurement is made as shown in Figure 10-5 ; the 
longest outgoing intertoll trunk is terminated at the four-wire side, 
an oscillator is connected to the transmitting leg of the longest in
coming trunk, and a detector is connected to the receiving leg. The 
oscillator-detector combination is typically a return loss measuring 
set. The NBO of the longest incoming trunk is then adjusted for 
maximum return loss at a given frequency. The value of the NBO 
capacitance then represents the capacitance of the two-wire line of 
the longest cross-office path of a through connection. This value plus 
some allowance for growth is then chosen as the NBO for the office. 
The growth factor should allow for future additions of switchframes, 
switchboard positions, or rearrangements in the switchboard multiple 
that would increase the length of the cross-office path. Where infor
mation is lacking, a factor of 10 percent should be used. 

The chosen value of NBO for the office is strapped into the balanc
ing networks of all four-wire terminating sets in the office. The DBO 
capacitors must then be adj usted on all trunks in the office under the 
same test configuration. The DBO of each incoming trunk is adj usted 
for maximum return loss at a given frequency when the trunk is con
nected to the longest outgoing trunk or to a test termination built out 
to simulate the longest outgoing trunk. A reference incoming trunk 
is then connected (by dialing) to each outgoing trunk and the DBO 
of the · outgoing trunk is similarly adjusted. In this manner, all 
two-wire lines are built out to the same electrical length. 

Figures 10-6 (a)  and (b) illustrate the typical through office con
nections in a crossbar tandem office that must meet through balance 
objectives. Figure 10-6 (a)  shows the direct machine-switched connec
tions, whereas Figure 10-6 (b) shows an incoming trunk machine
switched to an operator assistance (secondary intertoll ) trunk and 
completed through the office from the switchboard multiple by way 
of a four-wire tandem trunk. 

In the connections of Figure 10-6 ( a) , the capacitance value for 
NBO A or NBO B (office NBO value) should be the sum of C1 and 
C2 plus 10 percent (as a growth factor) when C1 and C2 represent 
the capacitance of the longest paths in the office. This value, in gen
eral, satisfies conditions in the connections shown in Figure 10-6 (b) 
where the nominal impedance of the machine is 900 ohms and that of 
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the switchboard is 600 ohms (the impedances are transformed in the 
operator assistance trunk) . In these connections, the sum of Cl, C3, 
and C4, when properly built out, is equal to the capacitance value of 
the office NBO, A or B. Also, the value of NBO Al is approximately 
1.5 times greater than A or B due to the difference in nominal im
pedances. The NBO B and Bl capacitance values should each be equal 
to the office NBO value. 

As a result of the through balancing process, all NBO capacitors 
are strapped for the same value and all compromise network im
pedances are approximately equal. The two-wire line impedances of 
all incoming and outgoing intertoll trunks are similar but the in
coming and outgoing two-wire line DBO capacitances are not neces
sarily the same values. That is, all incoming intertoll trunks are 
built out to a similar impedance and all outgoing trunks are built out 
to a similar impedance. Therefore, the impedance matches at the 
switchpoint or switchboard interconnection in all through path con
nections are similar. After the DBO adjustment for each trunk is 
completed, echo and singing return loss measurements are made in 
both directions through the office and recorded. The DBO capacitors 
in Figure 10-6 are all mounted in trunk relay circuits. 

Terminal Ba lance 

Since terminal balance concerns the connection of intertoll trunks 
to toll connecting trunks, the required impedance match is between 
the four-wire terminating set and the predominantly two-wire toll 
connecting trunks. In contrast with through balance, the impedance 
match is not between opposing terminating sets ; measurements in
volve more than the office equipment and wiring. The terminal balance 
process of adjusting NBO and DBO capacitors minimizes the range 
of cross-office capacitance but the echo and singing return loss re
quirements and measurements are specified in the switched condition 
with the toll connecting trunk connected to a test termination in the 
class 5 office. 

In offices requiring terminal balance only, the average intertoll-to
toll connecting path is determined and used as a compromise value 
for network build-out. In order to obtain a true average path length 
for NBO purposes, a system of weighting based on size of groups, 
size of samples, traffic usage, etc., would have to be used. This would 
be a difficult and complex procedure. Therefore, a value between the 
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longest and shortest path is generally used as an acceptable compro
mise value for the office cable capacitance. Capacitance measurements 
made on a sampling basis are adequate for terminal balance. As a 
general rule, the measured values do not have a normal distribution 
but tend to separate into groups. Capacitance measurements are made 
on a sample of the shortest and longest trunks of each type of toll 
connecting facility. As illustrated in Figure 10-7, these may include 
four-wire (VF or carrier) trunks, two-wire loaded trunks with im
pedance compensators, or short nonloaded trunks with 2-dB pads. It 
is important to include paths through a switchboard as well. 

At least one sample should be tested for each category of trunking. 
Furthermore, each of these categories should be subdivided according 
to the type of signalling system and the type of equipment and facili
ties used on the trunks, and at least one sample from each subdivision 
should be tested. Recommended sample sizes are shown in Figure 10-8. 
The capacitances measured on the connections in a given sample 
should all have approximately the same value. A wide range within 
a sample may indicate a trouble condition or might indicate that an 
incorrect subdivision of connections was sampled. In the latter case, 
further subdivision is necessary and additional samples should be 
taken. 

Two-Wire Class 4 Offices. Capacitance measurements for terminal 
balance are made to a test termination (600 or 900 ohms in series 
with 2.16 11-F) with the toll connecting trunk disconnected at the 
point of termination, as previously described. A connection is estab
lished to each toll connecting trunk to be measured from an average 
length incoming intertoll trunk or from a balance test circuit built 
out to simulate the average length incoming intertoll trunk. The NBO 
on the intertoll trunk is adjusted for maximum return loss at a given 
frequency and the capacitance value is recorded. The compromise 
value of office NBO is chosen from these measurements. 

The use of a compromise value NBO means that return losses 
somewhat less than maximum can be expected on the longest and 
shortest switching paths. This reduction in return loss can become 
serious if the deviations in switching path capacitance are too great ; 
therefore, capacitance differences should be held to within a relatively 
narrow range. For example, if the capacitance of the longest measured 
path were 0.032 11-F and the capacitance of the shortest measured path 
were 0.014 JLF, the accepted compromise (midrange path) would be 
a capacitance of 0.023 11-F. Thus, the NBO value for the office would 
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TOTAL 
N UMBER OF N UMBER 

TRUNKS IN SAMPLE 

6 or less All trunks 

6 to 10 6 

11 to 15 6 

16 to 25 7 

26 to 50 8 

Over 50 � 18% of total 

Figure 1 0-8. Recommended sample sizes for terminal balance measurements. 

be 0.023 11-F. The difference between the capacitances of the longest 
and shortest paths should not exceed a maximum range of 0.025 11-F 
or echo and singing return loss requirements cannot be met. 

Where the range is greater than 0.025 11-F, the shorter paths are 
excluded from the determination of the compromise value of NBO 
and the DBO capacitance value is added to the shorter paths to bring 
them up to the compromise value. The use of DBO capacitors in the 
example would not be necessary. Figure 10-9 illustrates the method 

Minimum 
path 

Maximum 
path 

14---- 0.025 JLF range __ ....,.. 

Computed 
midrange 
value 

Compromise � NBO CAP. 
�alue of DBO I 
added to all paths___.,. 
in shaded area I 

0.025 0.030 0.035 0.040 0.045 0.050 0.055 

Capacitance, JLF 

Figure 1 0-9. Example of determination of NBO and DBO capacitances in a 
class 4 office. 
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used to determine office NBO where the range of cross-office paths 
exceeds 0.025 �-tF. In this example, the longest path measured is 
0.040 �-tF and the shortest is 0.005 11-F. AlJ measured values below 
0.040 - 0.025 == 0.015 �-tF are excluded and the midrange path is 
then determined to be (0.040 + 0.015)  /2 == 0.0275 = 0.028 �-tF, which 
therefore becomes the compromise office cable capacitance and estab
lishes the NBO value for the office. A DBO capacitor is added to each 
path below 0.015 11-F to build it out approximately to the compromise 
value of 0.028 JLF. In the example, the DBO value is 0.028 - 0.010 == 
0.018 11-F. 

Figures 10-10 and 10-11 illustrate crossbar tandem office connec
tions that must meet terminal balance objectives. Figure 10-10 shows 
an incoming intertoll trunk connection to an outgoing toll connecting 
trunk and an intertoll to incoming toll connecting trunk connection. 
Figure 10-11 shows a connection of the same incoming and outgoing 
trunks through an operator switchboard. 

Two-Wire Class 3 and Higher Ranking Offices. In class 3 and higher 
ranking offices which also perform class 4 switching functions, the 
incoming and outgoing intertoll trunks must meet through balance 
objectives which are more stringent than terminal balance objectives. 
Since the intertoll trunk portions of a connection have already been 
balanced for through connections, drop build-out work is done only 
on the toll connecting trunk portion of the connection. 

The office NBO capacitance is determined by the through balance 
procedure and is usually larger than that required for best balance 
on connections to toll connecting trunks. It is usually necessary to 
add DBO capacitance to some or all toll connecting trunks. Drop 
build-out capacitors are chosen for each sampled group of toll con
necting trunks. The sampled groups and sizes should be the same as 
those recommended for class 4 offices. The DBO capacitance value 
chosen for all the trunks of a given type should be the arithmetic 
mean of the sample, i.e., the summation of sampled capacitance 
divided by the sample size. The DBO capacitors on sampled trunks 
are adj usted for maximum return loss when the toll connecting trunks 
are connected to an intertoll trunk that has been adjusted to meet 
the through balance requirements. 

Four-Wire Offices. Terminal balance in four-wire offices is similar to 
that for two-wire offices. The same procedures and considerations 
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are applicable. There are, however, three distinctions that deserve 
mention. First, measurements are made from an incoming intertoll 
trunk even though the four-wire terminating set is on the toll con
necting trunk on the outgoing side of the switching machine. The 
test points are chosen so that the test connections simulate the actual 
connections used by customers. Furthermore, the test arrangements 
should be chosen so that all factors influencing balance are included 
in the balance measurements. Second, precision balance networks 
should be used in lieu of the compromise network used on two-wire 
loaded cable facilities. The precision balance network is adjusted to 
build out the cable end-section capacitance as determined from loaded 
cable structural return loss testing. Additional build-out capacitance 
is added in the normal terminal balance procedure to account for the 
difference between office cable capacitance from the main distributing 
frame to the line terminals of the trunk hybrid coil and office cable 
capacitance from the network terminals of the trunk hybrid coil to 
the precision network assigned to the trunk. Third, where high-loss 
toll connecting trunks terminate at a toll office, the losses are typically 
adjusted to be 10 dB by the use of fixed pads in both sides (trans
mitting and receiving) of the four-wire connection to the trunk. Thus, 
echo and singing return loss measurements are increased by these 
pads. Since the objectives given in Figure 10-3 apply to trunks de
signed for low loss, VNL + 2.5 dB, these objectives must be increased 
by the amount of the transhybrid loss, for example, 7 + 7 dB, where 
high-loss trunks are involved. Thus, a typical echo return loss require
ment of 18 dB at a point to which the trunk loss is VNL + 2.5 dB is 
satisfied when the return loss measured at the outgoing switch is 
18 + 7 + 7 == 32 dB. This test objective then is an echo requirement 
differing from that obtained by a strict definition that depends on a 
quantity of returned energy. Other test objectives are modified in the 
same manner. 

Large Class S Offices. Balance procedures do not apply to class 5 
offices. However, where a class 5 office has a predominance of four
wire toll connecting trunks and a range of cross-office capacitances 
greater than 0.025 /LF, it may be impossible to meet terminal balance 
requirements at the class 4 office on which it homes unless a fixed 
NBO is provided at the class 5 office to narrow the range · of return 
losses presented to the class 4 office. Where a capacitance range of 
0 to 0.050 /LF exists, an NBO of 0.025 p.F may be used. Where cross
office paths greater than 0.050 /LF exist at the class 5 office, terminal 
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balance procedures are necessary with a recommended maximum 
NBO of 0.050 JLF. The use of an NBO at a class 5 office should not 
be considered unless terminal balance requirements cannot be met at 
the class 4 office on which it homes. 

Ba lance Verification Tests 

To complete the balance work in an office after the NBO and DBO 
capacitors have been adjusted, several other tests should be made 
on all toll connecting trunks. First, a 1000-Hz transmission loss test 
should be made ( in both directions if trunks work on hybrid-type 
repeaters or carrier facilities) .  Also, an echo return loss test is re
quired. Finally, a singing point or singing return loss test must be 
made. 

Although not technically a balance objective, a transmission meas
urement should be made on each trunk connection before echo return 
losses, singing points, and singing return losses are measured. The 
measured loss should be within + 1.0 dB of the expected measured 
loss for the trunk. The purpose of the test is to ensure that the test 
connection has been made correctly and that the losses are within 
limits. To permit more practical methods of measuring the echo return 
loss, singing point, and singing return loss on toll connecting trunks, 
a compromise termination has been selected for use at class 5 offices. 
This termination is used to represent terminated subscriber loops in 
the off-hook condition and consists of a 900-ohm resistor in series with 
a 2.16-JLF capacitor. These values are conside,red to be representative 
of an average subscriber loop. Terminal balance test requirements 
are based on the use of this termination. 

No. 1 ESS Offices 

Where No. 1 ESS is used for toll switching, the balancing proce
dure is different from others presented in this chapter ; however, 
the principles and objectives remain the same. The differences result 
from the basic design of the ESS office. One design factor is that 
26-gauge office wiring is used as opposed to 22-gauge office wiring 
used in electromechanical switching offices ; therefore, it would be 
very difficult to stay within the maximum resistance limitation. Also, 
the addition of DBO capability is not compatible with the physical 
design of most No. 1 E SS trunk circuits. Therefore, hybrids are 
made part of the intertoll trunk circuits which places them physically 
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closer to the point of switching and minimizes the length of the 
cross-office path. In addition, network build-out resistance is provided 
in the hybrid balancing network as well as network build-out 
capacitance. 

The balancing procedure involves setting the impedance (both re
sistance and capacitance) of each network for optimum return loss 
to a test connection that consists of the two-wire path between the 
hybrid and the center of the switch, plus some additional amount of 
cabling to the test termination of 900 ohms in series with 2.16 11-F. 
This additional amount of cable has been chosen to be 400 feet to 
allow for a maximum growth and still give satisfactory results on the 
shortest paths. Physical restrictions on the office equipment layout 
are necessary so that the longest path from the center of the switch 
to a hybrid is less than about 800 feet. This ensures that the maximum 
mismatch ( +400 feet) still allows return loss requirements to be met. 

Engineering Responsibil ities 

There are several requirements for certifying that the trunks 
serving an office are operating at VNL and that the office meets 
balance objectives. Fulfillment of these requirements entails a con
tinuing responsibility that begins with satisfactorily installed plant, 
trunk design, and office layout. Then, the utilization of new equipment, 
designs, and procedures must be analyzed for their possible effects on 
balance. 

The NBO value must be selected on the basis of accurate measure
ments before time and money have been spent on wiring and adjust
ing trunk equipments and allowance must be made for office growth. 
On-site support and assistance during the balancing operation must 
be provided and high-quality testing capability must also be ensured. 

Switching and equipment rearrangements are often made in a 
manner such as to cause changes in both resistance and capacitance 
which affect balance. Equipment additions may establish new cross
office paths that have capacitance values exceeding the office NBO 
capacitance. Also, traffic requests for efficient switchboard multiples 
or for the installation of multiples to added switchboard positions 
may have a direct and deleterious effect on the office balance. To avoid 
expensive rebalancing, all trunks must be tested and maintenance test 
procedures must be properly followed. 
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Finally, the balance component of the trunk transmission mainte
nance index must be monitored. Trend analysis by office can be used 
to identify areas for corrective action before service deteriorates. 
Since balance surveys and index data are among the few tools avail
able for the identification of weak spots, it is extremely important 
that such surveys and measurements be made when scheduled and 
with great accuracy. 

Certification of Ba lance 

To qualify as a balanced office, the transmission circuits in and 
terminating at the office must meet a number of criteria for both 
initial certification and for subsequent surveys : . 

( 1 )  The office NBO value must be approved and may not exceed 
0.080 p.F. 

(2) Trunks that do not meet VNL objectives are classified as not 
meeting minimum balance requirements. 

(3)  Intertoll trunks are assigned to four-wire facilities. Those that 
are not must be classified as not meeting minimum balance 
requirements. 

( 4) For a balance survey to be valid, balance data on all trunks 
must be available. Trunks for which recorded measurements 
are not available are classified as not meeting minimum re
quirements for echo return loss and singing return loss. Thus, 
if up-to-date trunk balance records are not available, an office 
can not be surveyed and, as a result, can not be certified. Since 
the lack of certification degrades the trunk transmission main
tenance index (TTMI) , it is essential that balance work be 
performed on new circuits and that up-to-date records be 
maintained. 

(5)  At least 50 percent of all balance measurements for each class 
of trunk (primary intertoll, secondary intertoll, intrabuilding 
toll connecting, and four-wire and two-wire interbuilding toll 
connecting) must be equal to or greater than the median re
quirement. Not more than two percent of the measurements 
for each class of trunk may be below minimum requirements. 

(6)  All trunks with measurements below turndown limit have been 
removed from service for corrective action. 
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Trunks 

Chapter 1 1  

Auxi l iary Services 

The objectives for loop and trunk plant have been derived on the 
basis of directly dialed calls ; however, a .substantial number of calls 
require operator assistance. Operators provide auxiliary services such 
as directory assistance, call intercept, delayed calls, and conferencing. 
Provision of these and other auxiliary services demands the applica
tion of supplementary design objectives consistent with reasonable 
control of associated costs in order that transmission quality on auxil
iary service trunks may be comparable to that on directly dialed 
connections. 

Centralized operator connections to the network are provided by the 
Traffic Service Position System (TSPS) , the Automatic Intercept 
System (AIS) , automatic call distributors (ACD ) ,  and concentrators 
to provide combined centralized directory assistance and intercept 
services. By taking advantage of mechanization, these systems are 
used to optimize the cost of operator services in most metropolitan 
areas and are now being used to serve even entire states. However, the 
centralized aspects of these services also necessitate new approaches 
to the transmission design for associated facilities so that the addi
tional links required for access to the centralized locations and further 
trunking to remote operator positions do not degrade transmission 
quality compared to other switched message network standards. 

1 1 - 1  OPERA TOR FUNCTIONS 

Mechanization of local and toll office switching has not yet elimi
nated the need for operator assistance in placing calls such as person
to-person, collect, coin, etc., and for number-service-related functions. 

254 
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Therefore, provisions must be made to gain access to operator posi
tions providing these functions. These positions may be cord-type 
switchboards or consoles associated with centralized access systems. 

Cal l  Assistance 

Standard trunking configurations for the present switched message 
network normally result in operator facilities that provide assistance 
functions being considered either class 5 ( local ) or class 4 (toll) for 
all except overseas services. Overseas operators are provided access at 
higher levels in the network hierarchy. 

Operator assistance functions are provided for operator origina
tions and completions. Since most calls are completed by switching 
machines, only originating operator positions are required at which 
all local and toll call assistance functions are provided. In addition to 
assistance in call origination, operators may perform other functions 
such as call intercept, verification, sender supervision (sender monitor 
and permanent signal ) , trouble observation and test, coin supervision, 
coin overtime, coin zone dialing, etc. Many of these functions require 
special handling and may be confined to a few switchboard positions. 

With older type systems and equipment, the basic toll functions are 
performed by operators designated outward operator and inward 
operator. The outward operator is reached either manually or by a 
special code to originate calls over the network and to provide for the 
recording of charges. The inward operator, at the terminating end of 
the call, can be reached only by a distant operator. In the past, a 
through operator provided assistance for manual call routing at a 
control switching point (CSP) and could only be reached by another 
operator. Except for overseas service, the through operator function 
is no longer standard although inward operators at CSP locations can 
function as through operators for emergency completion of calls. Out
ward, inward, and through operator designations are not used with 
modern operator services arrangements. 

When the called party on an operator-assisted call is unavailable, 
the operator may be asked to establish the call later (delayed call ) 
and the calling party may disconnect. The operator then acts as an 
outward operator to reach the called party and as an inward operator 
to reach the calling party. On a person-to-person call where the called 
party is unavailable, the calling party may ask that the call be re
turned ( leave-word) . In this case, the outward operator designates 
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by code a team of operators whom the called party is asked to contact. 
When available, the called party dials the outward operator who then 
contacts the proper operator team to complete the call on an inward 
basis. 

Number Services 

In areas with centralized automatic message accounting ( CAMA) , 
automatic number identification (ANI) equipment is often provided 
at local offices to identify the number of the calling party. When ANI 
equipment is not available or is overloaded, an operator must ask for 
the calling party's number and key it into associated switching equip
ment. The operator then disconnects and automatic equipment takes 
over. This sequence is designated operator number identification 
(ONI ) . The operator is called a CAMA ONI operator. 

Where directory assistance is required, the operator is usually 
reached by dialing 411 from the local area, 555-1212 from other offices 
in the same numbering plan area (NPA ) ,  or NPA-555-1212 from a 
foreign NP A for the purpose of providing telephone numbers not 
otherwise available. In many states, charges are now being made for 
directory service. As a result, there is an increasing tendency for 
directory assistance services to be centralized. In these situations, care 
must be taken so that circuits involved in call charging procedures do 
not adversely affect transmission. 

Call intercept provides operator assistance on calls to unassigned 
numbers or to lines that are temporarily disconnected or in trouble. 
In the case of centralized intercept, an intercept operator may be 
reached over special trunks from the called class 5 office. In AIS, the 
operator is called in only if the automatic announcement does not 
satisfy the customer. 

1 1 -2 TRANSMISSION CONSIDERATIONS 

The basic transmission objective for operator services is that trans
mission quality for customer connections completed by an operator and 
connections between customers and operators be as close as practical 
to that obtained on directly dialed connections. It must be emphasized 
that transmission quality requires control not only of insertion loss 
but also of noise, sidetone, contrast, and return-loss-dependent im
pairments (echo and singing) introduced by circuits provided for 
operator access. Satisfactory quality is achieved by engineering con-
trol of the facilities that are used to provide operator services. 

· 
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Operator-Completed Connections 

Trunks that provide access to outward or inward operators on toll 
calls often remain a part of the connection when the call is extended 
by the operator to the called customer. Whether such links are addi
tional to the number of links in a directly dialed call depends on the 
class relationship between the switchboards and the offices to which 
they are connected. In modern systems, the operator connection is 
made by a released link trunk. After the operator assistance function 
is completed, the released link trunk is disconnected from the 
customer-to-customer connection. 

When a switchboard occupies a position in the hierarchy different 
from that of the switching machine to which it is connected (for 
example, a class 4 inward or outward toll operator switchboard used 
to connect a class 5 office to a class 3 or higher office) , there are no 
additional trunks as compared to the number of trunks in a dialed 
connection. However, a trunk from a class 4 switchboard to a class 4 
switching machine does add a l ink in a connection. Such trunks may 
degrade loss/noise and echo grades of service unless the design is 
carefully controlled. These trunks are called secondary intertoll trunks 
( SEC IT) . The effects of secondary intertoll trunks for collocated 
switchboards and toll switching machines and the establishment of 
secondary intertoll trunks between remote switchboards and toll 
switching machines must be considered in network transmission 
studies. 

Col located Manual Switchboards. In the special case where the toll 
switchboard and its associated switching machine are located in the 
same building or adjacent buildings, it is permissible to consider the 
switchboard to be part of the switching machine and to establish 
trunking between them. The round-trip delay introduced by these 
trunks is negligible and intrabuilding secondary intertoll trunks are 
designed to as near zero loss as is practical (maximum 0.5 dB ) to 
minimize the increase of insertion loss. Figure 11-1 (a) shows a con
nection employing both an outward and an inward operator, each 
collocated with an associated class 4 switching machine. The secondary 
intertoll trunks from the inward and outward operator positions to 
the machines are toll tandem or operator j unctor trunks. The trunk 
from the machine to the inward operator is an operator assistance or 
a leave-word trunk. Note that there are three more links in the con
nection of Figure 11-1 (a) than in the equivalent dialed connection of 
Figure 11-1 (b) . 
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Loss and Noise Impairments. The importance of designing these 
extra links close to zero loss can readily be seen by examining the 
loss/noise grade-of-service comparison table of Figure 1 1-2. Typical 
statistical values for transmitting and receiving loops, for toll con
necting trunks (TCT) , and for a representative 100-mile intertoll 
connection were assumed for the switched network connection of 
Figure 1 1-1 (b) . To represent the connection of Figure 1 1-1 (a) , an 
assumed distribution of losses and noise for one intrabuilding secon
dary intertoll trunk link was inserted between the originating toll 
connecting trunk and the intertoll connection and two such distribu
tions were inserted for secondary intertoll trunk links between the 
intertoll connection and the terminating toll connecting trunk. A mean 
value (p.) of 0.2 dB and a standard deviation (u) of 0.1 dB were 
chosen to represent the loss distribution of intrabuilding secondary 
intertoll trunks when designed to meet objectives. With these values, 
p. + 3u equals the maximum allowable value of 0.5 dB. Noise was 
assumed to be negligible for these links since only intrabuilding VF 
facilities would normally be used. The remaining grades of service 
in the table of Figure 1 1-2 were computed by assuming the mean value 
of each secondary intertoll trunk loss distribution to be 0.5, 1 .0, and 
1.5 dB, respectively, with no change in the other parameters. 

As shown in the right-hand columns of the table, the presence of 
three additional secondary intertoll trunk links which meet the loss 
objective causes negligible degradation in grade of service compared 
to a directly dialed connection but degradation increases rapidly when 
the mean loss of secondary intertoll trunks is permitted to increase. 
A change of 3 to 5 percent in grade of service is deemed significant. 

Retu1·n Loss Impairments. Properly designed intrabuilding secon
dary intertoll trunks used in operator-assisted calls contribute negli
gible degradation in loss/noise grade of service. However, further 
analysis is needed to evaluate possible degradation in echo, singing, 
and operator circuit sidetone performance which might occur should 
these trunks be improperly terminated at either end. The presence of 
hybrid or impedance transformation coils and other equipment to ac
complish proper terminations often produces enough insertion loss so 
that gain is required to meet the loss objectives. Even if the toll 
switching machine is two-wire, intrabuilding secondary intertoll 
trunks must generally be four-wire if established balance objectives 
are to be met at the toll office. 
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Proper terminations are also important for dual appearance trunks, 
i.e., those to which both switchboard and machine have access. This is 
especially true where the switching machine is four-wire since hybrids 
are required to create the two-wire switchboard appearance. Even 
with two-wire switching machines, impedance transformation may 
be required, e.g., in a dual appearance trunk with access to both a 
900-ohm crossbar tandem machine and a 600-ohm toll switchboard. 
The interconnection possibilities between switchboards and switching 
machines must also be taken into account in through and terminal 
balance procedures. If proper impedances are maintained and if 
through and terminal balance objectives are met, echo and singing 
performance on operator-assisted connections are virtually equivalent 
to the echo and singing performance on calls that are dialed directly. 

Remote Operator Positions. Economic and operating efficiencies are 
causing an increasing emphasis on centralized operator services of all 
types. Thus, many operator service positions are at locations remote 
from the points at which services are rendered. In some cases, these 
positions are served by manual switchboards but the tendency is to 
utilize released link trunks and key-controlled consoles. 

Remote Manual Switchboards. Where remote manual switchboards 
are economically attractive, a 0-dB loss design is used for remote 
switchboard secondary intertoll trunks and, if the average noise is 
held to 25 dBrncO or less, these trunks produce no significant de
gradation in loss/noise grade of service. However, echo grade of 
service may be affected by secondary intertoll trunks designed to 
0-dB loss. Facilities used may be Tl-carrier no more than 50 miles 
long or 22H88 voice-frequency cable pairs no more than 9 miles long. 

Remote Consoles. Most rem9te operator service positions are 
equipped with key-controlled consoles and are provided access to cus
tomer connections by released link trunks. This mode of operation, 
being used increasingly in TSPS (with and without remote trunking 
arrangements) ,  AIS, and ACD installations, causes negligible de
gradation of transmission performance on through connections. How
ever, operator telephone circuits that provide more satisfactory trans
mission performance than manual switchboard circuits must be used 
in order to assure satisfactory operator-customer connections. 

Customer-Operator Connections 

An operator must be able to converse with the calling, and some
times the called, customer while a connection is being established. 
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Assurance of transmission performance between customer and opera
tor equivalent to that of directly dialed connections depends on con
trolling loss, noise, and return loss impairments similar to those just 
described for operator-assisted connections. However, analysis of 
customer-operator transmission performance must take into account 
the following additional factors which are often interdependent : 

( 1 )  The insertion loss, noise, return loss, and, in some instances, 
round-trip delay of links between the point of operator access 
to the connection in the message network hierarchy and the 
operator position 

(2)  The electro-acoustic transmitting and receiving efficiencies of 
the operator telephone circuit and headset combination 

(3)  The sidetone performance of the operator telephone circuit and 
headset combination 

( 4) For operator-assisted connections, volume contrast between the 
calling and called customers and the operator while the connec
tion is being established. 

These factors are especially important in establishing objectives 
for facilities and equipment associated with gaining access to remote
operator-position-type systems. However, the general principles can 
be applied to the analysis of any customer-operator transmission path. 
Applying these principles requires that the transmission performance 
of the operator telephone circuit be characterized since the operator 
circuit differs from that of a 500-type telephone set. 

Operator Telephone Circu it Considerations. The components of the 
operator telephone circuit may vary depending on the type of system. 
Generally, the circuit consists of a microphone, an earphone, a four
wire transmission path containing various components, and a hybrid 
or terminating set ; the latter is sometimes remote from the operator 
position if the operator trunk is extended on a four-wire basis. 

Electro-Acoustic Efficiency. The transmitting and receiving electro
acoustic efficiencies of operator telephone circuits are used in char
acterizing the transmission performance of the operator telephone 
circuit between the headset and the two-wire termination. These 
efficiencies take into account the performance of the microphone and 
earphone as electro-acoustic transducers, the losses of the components 
in the transmission paths between the telephone set and the hybrid 
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or terminating set, and the losses of the hybrid and the battery and 
holding circuit on the two-wire side. The efficiencies can be compared 
directly with the efficiencies of the 500-type telephone set at a similar 
two-wire termination. This type of information is useful for estab
lishing objectives for the volume at the two-wire ports of operator 
telephone circuits. These data also facilitate direct comparison of the 
transmission performance of customer-operator connections with 
dialed connections on a loss/noise grade-of-service basis. 

This type of analysis may be illustrated by comparing the loss/noise 
grade of service from operator to customer on intercepted incoming 
toll calls with directly dialed toll calls of equivalent lengths. The 
i ntercept function is provided by an operator telephone circuit and 
an intercept trunk associated with a terminating class 5 office as 
shown in Figure 11-3. Figure 11-4 shows the pertinent derived and 
assumed data used in the grade-of-service comparison. 

Typical 1 1 5-mile 
toll connection 

Class 5 

OPR TEL CKT 

, - - - -:-1 
Intercept I I trunk 1 I I 

L _ _ _ _ _j 
Figure 1 1 -3. local intercept operator connection. 

The first major· row in Figure 11-4 shows the grade-of-service data 
for a directly dialed connection over typical toll facilities about 115 
miles long. Values of transmitting and receiving loop loss and noise 
are shown in addition to the loss and noise typical of the toll con
nections assumed. Finally, total loss and noise values and the com
puted grade of service for such connections are shown. 

The second and third major rows in the table show the grade-of
service data for transmission from operator-to-customer over 115-mile 
long toll facilities. The second row represents performance for 
switchboards collocated with the switching machines and the third 
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row represents performance when the switchboards are located re
motely from the switching machines. Loss data for the transmitting 
portion of the operator circuit are derived from the relationship be
tween transmitting volumes over a nongain operator telephone circuit 
relative to a 500-type telephone set on a representative loop. Other 
loss and noise values for the intercept trunk, typical toll connections, 
and receiving loop are typical or are assumed for this discussion. Total 
loss and noise values and the computed grade-of-service values are 
shown at the right. Note that these values are significantly poorer 
for operator-to-customer service than for DDD service. The poorest 
performance is shown for remote switchboard connections. 

Such loss/noise grade-of-service comparisons led to improvements 
in operator circuit efficiencies in TSPS-1, AIS, and the latest No. 5 
ACD arrangements. There are constraints on using headsets with 
even higher efficiencies to compensate for extra trunking losses. One 
consideration is the sidetone performance of operator telephone 
circuits. 

Sidetone Considerations. Sidetone is defined as the sound level pro
duced at a receiver resulting from the application of a sound source 
to the transmitter of the same station set or operator headset [1] . 
The acoustic sidetone path loss (STPL) of a telephone set is the ratio 
of the acoustic sound pressure level produced by the receiver for a 
given input to the transmitter. Studies have shown that the optimum 
STPL is 12 dB. In operator telephone circuits, the STPL and resulting 
sidetone performance are strongly influenced by the · range of return 
losses of facilities connected to the two-wire port of the operator 
circuit. These observations have led to establishing the STPL objective 
at a mean value of 12 dB. To accommodate return loss variation, a 
range of 8 to 16 dB is deemed acceptable for listener tolerance of 
sidetone variations. 

Return gain (RG) is defined as the negative of the STPL that 
would result if the two-wire port of the telephone circuit were short
circuited. The short circuit is equivalent to an incoming, two-wire 
facility return loss of 0 dB. The STPL for a given connection is, then, 
the return loss at the two-wire port minus the return gain of the 
telephone circuit. Echo return loss is normally used to determine the 
STPL ; i.e., 

STPL == ERL - RG dB. ( 11-1 ) 
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The return loss requirements of the additional trunks and equip
ment required to connect switching machines to a central access point 
and then to remote operator positions can be quite stringent. In many 
cases, the added trunks are provided over local plant facilities where 
meeting such requirements is physically and operationally most diffi
cult and expensive. The addition of gain in these trunks to compensate 
for insertion loss and noise contributions would place even more 
stringent requirements on return losses so that sidetone objectives 
can be met. Further improvement in electro-acoustic efficiencies of 
the operator telephone circuits to improve grade of service would 
increase return gain, resulting in even more stringent return-loss 
requirements to meet sidetone objectives. On the other hand, the mean 
sidetone objective must not be relaxed much below 12 dB since more 
cases would result where the STPL would be less than 8 dB. 

The STPL objective is not the only constraint on the echo return 
losses in the trunks to the operator position. The various echo return 
losses encountered in and beyond these links may be determined in 
reference to the two-wire port of the operator telephone circuit in 
order to sum them for use in Equation ( 11-1 ) ; however, the round
trip delay of each returned power component is not taken into account. 
Should a significant portion of this energy be returned from points 
some distance away, the operator may hear it as echo rather than 
sidetone. Therefore, the length and type of facility in these links must 
be controlled in order to control the round-trip echo delay. 

Contrast. While an operator-assisted toll connection (such as a 
person-to-person or delayed call) is being established, the operator is 
required to communicate with both calling and called parties. There
fore, the received volume for both calling and called parties should be 
within the same general range. 

Minimizing contrast requires that the point of access for the oper
ator circuit be near the insertion loss midpoint of these connections. 
The bulk of end-office-to-end-office insertion loss in the maj ority of 
toll connections under the VNL plan (excepting those which may 
traverse the full intertoll final route hierarchy) is in the toll con
necting trunks. Therefore, contrast is already minimized in most toll 
connections involving switchboard operators since there is one toll 
connecting trunk and one customer loop between the toll operator and 
each party. The toll connecting trunks between class 5 offices and toll 
switchboards (as well as dual access toll connecting trunks) should 
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be designed as low-loss toll connecting trunks. Since toll operator 
switchboard positions are considered to be class 4, the overall trans
mitting efficiency of the operator telephone circuit should be engi
neered so that its insertion loss plus that of the secondary intertoll 
trunk approximately balances the insertion losses between the opera
tor circuit access point and the called customer. 

The Operator Unified Telephone Circu it. The operating complexities 
and the need for improved transmission performance in extended 
T SPS, ACD, and AIS applications has resulted in the design of an 
operator unified telephone circuit ( UTC ) . The UTC is a four-wire 
circuit in which the principal elements are assembled as a network 
usually mounted in the operator console. A block diagram of the 
circuit is shown in Figure 11-5. Although the circuit was designed 
primarily to satisfy transmission requirements on extended services, 
it is sufficiently flexible in application that it is being used on many 
other console-type operator positions. 

Gain, loss, and equalizer adj ustments are provided to permit 
coupling of the UTC to a four-wire facility. Two independently
coupled standard operator headsets may be used with an individual 
transmitter current cutoff for each. High-amplitude signals and noise 
to the operator are limited by an automatic gain control circuit ; a 
voice-switched attenuator suppresses operator talker echo on systems 
serving extended areas. Sidetone to the operator position may be ad
justed to satisfy the needs of each installation to achieve an STPL 
of 12 dB. A four-way bridge, with gain adj ustments in each leg, pro
vides a path for monitoring by a service assistant or service observing 
personnel and for three-way conversations involving the customer, 
the operator, and any third party. Power and test facilities are also 
provided.  

Additional high-amplitude signal and noise limiting are provided 
by varistors on the receivers of standard operator headsets. 

1 1 -3 TSPS NO. 1 SERVICES 

The Traffic Service Position System ( TSPS) No. 1 is a stored
program electronic switching system designed to mechanize the han
dling of operator-assisted calls. Person-to-person, station-to-station, 
collect, charge-to-third-number, and credit-card calls are handled for 
both coin and noncoin services. 
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The basic principle of TSPS No. 1 is that the operator is bridged 
onto the connection near the toll office end of a toll connecting trunk 
by a released link trunk that has virtually no effect on the through 
transmission path. When the operator function is completed, the 
bridge is removed and the connection is equivalent to that of a normal 
directly dialed call. 

Figure 11-6 shows the primary transmission paths from the class 5 
office over the toll connecting trunk through the TSPS No. 1 trunk 
circuit and the class 4 office to the switched message network and 
through the trunk and position link frames to the operator console. 
The secondary transmission paths shown in the figure provide facil
ities for delayed calls, access to information and service operators, 
and connections between the operator and supervisor. 

Transmission Design of Primary Paths 

The toll connecting trunks which include TSPS No. 1 access require 
application of specific engineering layout rules to ensure that trunk 
circuits do not degrade the return loss of the toll connecting trunks 
at the toll office. If recommended engineering layout rules are followed, 
terminal balance requirements can be met for these trunks, resulting 
in satisfactory echo and singing performance on end-to-end TSPS 
No. 1 operator-assisted connections. 

The overall objectives for operator-handled calls must be met for 
the TSPS No. 1. Facility objectives are therefore based on the pro
vision of operator speech volumes approximately equal to those of 
customers at the bridging point on the toll connecting trunk (to avoid 
the problem of transmission contrast) ,  the provision of received 
volume and sidetone that are nearly optimum, whether bridged to toll 
connecting trunks at a two-wire or four-wire point or connected to 
CAMA, delayed call, or operator service trunks, and the introduction 
of virtually no degradation of transmission ( insertion loss, echo per
formance, etc. ) due to operator circuit access arrangements. Present 
insertion loss objectives for some of the trunks that provide primary 
and secondary paths are summarized in Figure 11-7. 

Tol l  Connecting Trunks. The present objective for the inserted con
nection loss ( ICL) for all toll connecting trunks is VNL + 2.5 dB 
with a maximum of 4.0 dB from the outgoing local office switch to 
the outgoing toll office switch. This objective also applies to toll con
necting trunks which are designed for access to the TSPS No. 1 .  
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LOSS, dB 
TRUNK TYPE 

TRANSMITTING RECEIVING 

Toll connecting VNL + 2.5, VNL + 2.5, 
(4.0 max.) (4.0 max.) 

Operator : 

To 2W TSPS 7 9 
TRK CKT 

To 4W TSPS 7 9 
TRK CKT 

Operator service VNL VNL 

CAMA access 0 0 

Delayed call 0 0 

Figure 1 1 -7. Some insertion loss objectives for TSPS No. 1 trunks. 

Special TSPS trunk circuits have been developed for bridging two
wire or four-wire toll connecting trunks. These circuits are designed 
to contribute less than 0.4 dB to the ICL of the TCT. Two such cir
cuits, providing TSPS access to TCTs, are illustrated in Figure 11-8. 

To ensure minimum contrast in customer-operator transmission, 
the nominal ICL for the link between the TSPS bridging point and 
the outgoing toll switch is 0 dB, with a maximum of 0.5 dB or the 
loss of the pad in the case of high-loss operation of the 4A and/ or 
4M toll office. This requirement and the requirements for meeting toll 
connecting trunk terminal balance objectives, for minimizing ampli
tude distortion and/ or degradation in operator sidetone, and for 
signalling compatability between the base unit and the toll switching 
office re.sult in rigid transmission rules to control the location of the 
TSPS trunk circuits. These requirements also establish maximum 
allowable cable lengths and types of facilities between the trunk cir
cuits and the toll switching machine. In four-wire toll connecting 
trunks, the loss requirements are met by using voice-frequency re
peaters as required. Office cable lengths are sometimes limited by the 
amplitude distortion introduced by the cable but this effect may be 
comp·ensated by the us·e of repeater equalizer equipment. Four-wire 
bridging designs are preferred and should be used wherever possible 
since it is generally easier to m·eet all objectives than with two-wire 
bridging circuits. Transmission rules and recommended layouts are 
specified for various switching systems and locations of TSPS base 
units. 
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(b) Four-wire trunk circuit and bridging 

repeater (single-line diagram) 

Figure 1 1 -8. TSPS trunk circuits and bridging arrangements. 

2W VF to 
base unit 

Cable length restrictions are imposed in two-wire toll offices to 
ensure meeting terminal balance requirements. These restrictions 
make it more difficult to provide two-wire TSPS toll connecting trunk 
interfaces. Four-wire trunk circuits can be used with two-wire toll 
offices to alleviate the restrictive two-wire cabling length limits. 

Operator Position Trunks. The transmission path of an operator posi
tion trunk includes the facilities between the base unit and the opera
tor position. Presently specified losses on operator position trunks 
assume the use of modern operator headsets which have small trans-
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mitters with electrical amplification plus receiver arrangements for 
acoustic coupling to the ear. All operators in a team must use headsets 
of the same design. 

Figure 1 1-9 shows a typical transmission path over VF cable 
facilities between the TSPS trunk circuits and the operator position. 
Transmission level points are shown for both directions of trans
mission. The transmitting path from the operator headset microphone 
to the trunk circuits is adj usted for 7 -dB loss and, in the opposite 
direction, the path from the trunk circuits to the receiver is adj usted 
for 9-dB Joss. The two-wire access port from either type trunk 
circuit presents a 450-ohm impedance to assure adequate return loss. 
The sidetone path obj ective for the UTC specifies an acoustic STPL 
of 12 dB. 

As a result of the trunk design complexities, the TLPs have a 
s omewhat different connotation than that applied in network trunk 
design. In the direction of transmission toward the operator position, 
a 1000-Hz test signal, transmitted at -21 dBmO, produces an 84-dB 
sound pressure level ( SPL) at the receiver. In the opposite direction, 
a 1000-Hz test signal of - 17 dBmO, corresponding to an 87-dB input 
SPL, is used for 1 ineup and test. 

When the operator position is remote from the base unit, the 
operator trunk may be provided over carrier facilities as shown in  
Figure 1 1-10 .  Overall losses between operator position and base unit 

4W TCT 
TRK CKT 

-3 dB TLP 
-+ 

-7 dB TLP 
+--

q 
u 
a 
I 
i 
z 
e 

0� .J- Operator position 
Cable 
facility 

-6 dB TLP 
----+ 

Cable 
loss 

+3 dB TLP 
+--

Supervisor 
circuit 

Figure l l-9. Typical operator trunk using VF cable facilities. 

0 dB TLP 
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are the same as those shown in Figure 11-9 but transmission level 
point adj ustments for carrier operation must be made in the carrier 
transfer circuit. The sidetone path loss is designed to be 12 dB. 

TSPS Remote Trunking Arrangement. The extension of TSPS services 
to toll offices too small to justify TSPS base units is made possible by 
the remote trunking arrangement (RTA) of Figure 11-11.  This 
arrangement pools the traffic from many rural areas and makes eco
nomical the installation of a centrally located TSPS base unit [2] . 

At the toll office remote from the TSPS base unit, a concentrator 
that uses small crossbar switches operates with up to 496 toll con
necting trunks to furnish service over up to 64 base-remote trunks 
to the TSPS processor. The processor controls the concentrator and 
the trunks by commands sent from the base unit to the remote toll 
office over 2400 bps data links designated "peripheral control link" 
on Figure 11-11. These links also are used to transmit status infor
mation from the toll office to the base unit. Standard four-wire 
facilities are used for these data links which are furnished in triplicate 
to guarantee reliability. 

Similar links are used between the TSPS base unit and local or re
mote operator console locations. This arrangement provides greater 
flexibility in TSPS operations than did the original arrangement which 
required T -carrier links between the base unit and remote operator 
positions which were limited to about 80 miles. 

The maximum distance from a remote toll office to a remote opera
tor console location is about 1000 route miles. Since the total con
nection between the operator position and the toll office may be long, 
echo and noise must be controlled. The UTC previously discussed is 
also needed for echo control on facilities more than 400 miles long 
depending on the facilities used with TSPS position subsystem No. 2.  
On long trunks using L-type multiplex equipment, compandors are 
needed in order to meet noise requirements. The type B N3-L junction 
or the N3 compandor applique may be used for this purpose. 

The critical control units at the TSPS base unit and the remote toll 
offices are duplicated. These duplicated units and triplicated data links 
ensure that operator services are always available. Besides bringing 
important economic benefits, the RTA makes it possible to provide 
modern operator services to virtually all locations. 
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Tra nsmission Design of Secondary Paths 

Some secondary (delayed call) transmission paths for TSPS No. 1 
are shown in Figure 11-6. The functions of these paths and major 
transmission engineering considerations may now be related to the 
insertion loss objectives summarized in Figure 11-7. 

The CAMA ONI function described earlier can be provided by the 
TSPS operator either on a standard basis or, during nonbusy hours, 
on a transfer basis. The CAMA access trunks are provided between 
the toll office containing the CAMA equipment and the TSPS. The 
insertion loss objective for these trunks is 0 dB in order to reduce 
level contrast between CAMA calls and other operator-assisted calls. 
The impedance of the CAMA access trunk at the TSPS must be 
designed to be as close as possible to 450 ohms. 

Operator service trunks provide the TSPS operator with access to a 
service operator for directory assistance and rate and route informa
tion. Such trunks may be derived on two-wire or four-wire VF facil
ities or on carrier channels, depending on the distances involved. In 
addition to the 0-dB ICL design objective from switchboard or ACD 
to trunk link frame, the operator service trunk must present a 
450-ohm impedance to the trunk link frame during operator-to
operator connections to ensure satisfactory sidetone performance. 

Delayed-call service can be provided by the TSPS operator via 
special delayed-call trunks. Each delayed-call trunk has two termi
nations at the toll switching machine and loops through the delayed
call trunk circuit at the base unit location to provide operator bridging 
access. The two-wire operator position trunk is connected through 
the base unit switching network to a two-wire port on a three-way 
bridging circuit. The two four-wire ports are connected to the toll 
office. Delayed calls typically require the operator to recall the calling 
customer via a toll connecting trunk and to extend the call to the 
called customer via the intertoll network. Since the final connection 
includes the delayed-call trunk facilities both to and from the toll 
switching machine, the combined path represents additional links in 
the DDD hierarchy ; they are functionally equivalent to two tandem
connected secondary intertoll trunks. The ends that connect to the 
intertoll network must meet through balance objectives and the ends 
that connect to toll connecting trunks must meet terminal balance 
objectives. To meet these objectives, four-wire designs must be 
employed. 
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The operator can transfer the call to the supervisor by extending 
the customer connection through the toll switching machine and back 
over the access trunk to the supervisor position. The supervisor thus 
has the status of the called party. The access trunk must provide ap
propriate TLPs at the supervisor position. The supervisor also has a 
line to the local office which is designed as a conventional loop. Moni
toring arrangements are provided at the chief operator group location. 

1 1 -4 AUTOMATIC INTERCEPT SERVICES 

The automatic intercept system (AIS ) is one of a number of sys
tems used to provide operator and other auxiliary services. These 
systems increase the efficiency of providing such services at reduced 
cost. Initially, the AIS was used in metropolitan areas and was limited 
by echo impairment to about 150 miles between the intercepting office 
and the operator position. However, the field of application is now 
being extended to about 1000 miles by using the UTC ( Figure 11-5 ) , 
compandor.s in the longer trunks, as was done for TSPS, and trunk 
concentrators. The transmission plan for extended AIS is to be used 
in all new applications and wherever systems are to extend beyond 
the metropolitan area. 

The AIS permits automatic processing of most intercept traffic. 
Calls are intercepted at the terminating class 5 office and are routed 
to a remote automatic intercept center (AIC ) where intercept infor
mation is provided by recorded announcements. If the calling party 
stays on the line, the call is transferred automatically to an assistance 
operator at the central intercept bureau ( CIB) . This process is ac
complished by the use of trunk concentrators, time division switching, 
stored program control, magnetic record storage, and voice announce
ment systems to provide announcements tailored to the specific need 
of each call. In addition to the increased efficiency, economic savings 
are realized by reducing the number of operators because over 90 
percent of intercepted calls are satisfied by recorded announcements. 

In a class 5 office equipped with ANI modified to identify called 
numbers, the intercept function is entirely automatic and handled by 
recorded announcements. If the office does not have the ANI feature, 
intercepted calls are routed directly to an ONI operator who asks for 
the called number. This number is then keyed into the AIC where 
the call is processed as above. Vacant code intercepts should be routed 
to announcement machines and not to the AIC. 
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Principles of Operation 

The simplest form of AIS, shown in Figure 11-12, is called a 
single-AIC system ; all of the class 5 offices in a city and surrounding 
suburbs are served by one centrally located AIC. Calls are inter
cepted in the terminating class 5 office and switched to the AIC for 
a recorded announcement and for further processing, if necessary. 
Connections are made through the AIC switching machine to an 
announcement machine at which appropriate information is form
ulated for most intercepted calls. 

A team of operators and their supervisor are located at a CIB which 
may be at a location remote from the AIC. When the announcement 
is completed, the calling party may remain on the connection to re
ceive operator assistance over a separate connection from the AIC 
to the CIB. The operator has the capability to set up other less fre
quent types of connections, some of which are three-way. These in
clude the addition of the announcement machine, the addition of the 
supervisor, and emergency completion to the message network al
though the operator may have to act as a voice relay in such cases. 
The added connection to the supervisor is converted to a direct con
nection when the operator disconnects. The supervisor has a direct 
connection to the operator. 

A single AIC can serve 50 to 100 class 5 offices depending on the 
traffic loads of the individual offices. Although larger metropolitan 
areas might be divided into a number of independent single-AIC sys
tems, the use of one or more multi-AIC systems may be more eco
nomical. In a multi-AIC system, as shown in Figure 1 1-13, each AIC 
provides announcement service for a specific group of class 5 offices 
and all AICs have access to a single CIB for operator service. A home 
AIC has direct access to the CIB and remote AICs gain access through 
the home AIC. Figure 1 1-13 shows class 5 office connections to the 
remote AIC announcement machine (path 1 )  and to the CIB operator 
(path 2) . Class 5 offices that are connected to the home AIC function 
as if they were in a single-AIC system. The CIB operator has direct 
trunking to the remote and home AIC announcement machines. 

Intercept traffic to the AIC may be routed either directly or through 
a concentrator from a class 5 office. A No. 1 or No. 23 trunk concen
trator may be remote from or collocated with the AIC. Only one 
concentrator may be used between a class 5 office and the AIC. 
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Transmission Considerations 

The overall objectives for calls serviced by operators must be met 
for the AIS. One of the maj or problems in intercept service is that the 
AIS network (with its transmission impairments) is added to an 
intercepted toll call that may involve a toll connection of any length. 
Acceptable transmission performance requires the use of AIS trunks 
with low loss, low noise, and high return loss in order to meet 
loss/noise grade-of-service and operator circuit sidetone objectives. 

Design. The objectives on announcement calls can be met simply by 
setting the announcement volume to the required value at the inter
cepting class 5 office since echo and sidetone requirements do not 
apply. However, meeting objectives on operator serviced calls is both 
complex and difficult. Compromises are necessary to resolve the con
flicts among transmission parameters affecting grade of service, 
operator circuit sidetone, and echo ; the resultant requirements for 
AIS trunking become more stringent than for most toll connecting 
trunks. 

In order to meet the intercept operator transmission quality objec
tives, message trunks meeting four-wire toll connecting trunk 
objectives must be used between the intercepting end office and the 
concentrator and between the home AIC and the CIB. Trunks between 
the concentrator and a remote AIC and between remote and home 
AICs must meet intertoll trunk objectives but with 0-dB loss. In 
addition to these trunk requirements, compandors must be used to 
meet noise requirements on long trunks that utilize L-multiplex equip
ment between trunk concentrators and AICs. For extended systems, 
the UTC network must be used at all operator and supervisor 
positions.* 

Overall trunking loss for the AIS between a class 5 office and the 
operator telephone circuit is specified as 6 dB. Trunks of toll connec
ting quality are assigned 3-dB loss each and those of intertoll quality 
are assigned 0 dB except when the No. 1 trunk concentrator is used. 
Therefore, No. 1 concentrator trunks must be four-wire. 

To accommodate the assigned trunk losses and the use of standard 
carrier facilities where required, certain transmission level points 
(TLPs) have been assigned within the AIS. The AIC switching equip-

*Long trunks are those in excess of 90 to 130 miles depending on trunk type and 
facility type. 
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ment is assigned a -2 dB TLP. When a 23-type trunk concentrator 
is used, it also is assigned a -2 dB TLP but when the preferred 
No. 1 trunk concentrator is used, it is operated at - 10 dB TLP in 
one direction and +5 dB TLP in the other. The loss of the associated 
trunks are specified accordingly. 

Care must be taken to provide proper return losses and through 
balance where two-wire facilities are used in the end AIS links. In 
addition, idle circuit terminations must be provided in both incoming 
and outgoing trunks of the 23-type concentrator and of the AIC. No 
idle circuit terminations are required at a No. 1 concentrator as it 
operates as a four-wire switch. 

Transmission Performance. Except in some three-way connections, the 
design objectives for AIS trunks and other components provide ade
quate loss/noise grades of service. Grade of service to the AIS operator 
is nearly equivalent to that for a directly dialed connection. Customer 
loss/noise grade of service is still somewhat lower than that of directly 
dialed service but is significantly better than that from a remote 
manual intercept operator position. Significant further improvement 
in grade of service would require still more stringent objectives which 
may not be economically achievable for local plant facilities. 

1 1 -5 AUTOMATIC CALL DISTRIBUTOR SERVICES 

An automatic call distributor (ACD) accepts calls from a large 
number of sources and distributes them to a number of operator 
positions for appropriate processing. The call distributor provides 
centralized operator number services for local directory assistance, 
intra-NP A directory assistance, toll directory assistance, and call 
intercept. Two types of system provide this service : ( 1 )  the older 
No. 23 ACD which utilizes 23-type operating room desks (ORD ) and 
(2 )  the No. 5 crossbar ACD. The latter system serves most ACD 
functions in the plant and is replacing the older 23-type system. 

The No. 23 ACD 

A maximum of three No. 23 ORDs, each having a maximum of 38 
operating positions and with one or two service assistant (SA)  posi
tions associated with each desk, may be served by one No. 23 ACD 
system. With recent improvements, this system can serve large areas 
in which there may be up to 1000 route miles between the access office 
and the ACD operator positions. 

· 
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While the No. 23 ORD is no longer manufactured, a number of in
stallations are still in service. Provision has been made to improve the 
performance of these systems. Either the No. 23 or the more modern 
No. 1 trunk concentrator system may be used to supply trunks from 
outlying positions to the ACD. In addition, the UTC may be installed 
at the operator and supervisor positions. Through balance require
ments have been established for the trunks. To avoid loss/noise 
grade-of-service penalties, compandors may be needed on long operator 
trunks to reduce noise to operator positions. 

The No. 5 ACD 

The basic components of the present version of the No. 5 AC D  
system include trunk facilities, trunk concentrators, operator position 
circuits, the No. 5 crossbar ACD equipment, and arrangements for 
establishing night closing and call transfer. The No. 5 A CD arrange
ments are in process of continued evolution in respect to available 
services and transmission plan. 

The No. 5 ACD has a number of flexible traffic engineering features ; 
traffic may be distributed from 2700 incoming trunks· to 500 operators 
grouped in teams which may be remote from the ACD. As shown in 
Figure 1 1-14, an operator at any position may transfer any type of 
traffic to an SA, to another operator position within the ACD, to out
going trunks (OGT) , or to night closing trunks (NCT) . These trunks 
may be routed to distant ACDs, desks and switchboards, TSPS No. 1 
positions, or AICs. Transfers can also be made to telephone switching 
offices for emergency access to the switched message network. 

In early planning for ACD, certain constraints on applications and 
the availability of new transmission hardware were assumed. The 
most important of the constraints include segregating directory as
sistance and intercept operator teams, restricting the total ACD 
system length (including night closing and call transfer trunks) , and 
restricting the use of outgoing trunks for access to the DDD network 
to emergency situations. Some ACD office layout and wiring restric
tions are also imposed so that the transmission performance of the 
No. 5 ACD system can meet transmission objectives for operator 
services. As in other extended operator service systems, the UTC is 
used in the extended phase-1 No. 5 ACD. A 4243-type network is used 
in the phase-2 No. 5 ACD. Compandors are used on long trunks 
utilizing L-type multiplex equipment on both systems. 
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To reduce the probability of blocking and to prevent the introduc
tion of excessive loss in directory assistance and intercept connections, 
only limited use of concentrators is permitted. Intra-NP A and toll 
directory assistance trunk concentration is not used and only one stage 
of concentration is used for local directory assistance and/ or intercept 
trunks. The No. 1 trunk concentrator is recommended. 

From a transmission point of view, the No. 5 ACD is a 900-ohm 
two-wire crossbar switching machine. Customers are connected to the 
ACD by incoming line circuits which have both primary and transfer 
appearances at the switching machine. Negative impedance converters 
are applied to remove the bridged impedances on call transfers. Main
taining stability and proper operation of the converters in two-wire 
switched connections requires restrictions on cabling runs and office 
layouts. 

While the general operator service transmission objectives apply to 
all versions of the No. 5 ACD, the mix of local, intra-NP A, DA, and 
intercept services requires refinement in interpretation of the trans
mission objectives. For calls between operators and local or intra-NP A 
customers, the loss/noise grade of service delivered to both parties 
should be at least that of a short toll connection. The short toll con
nection is used as the reference because grade of service on toll calls 
is found to be essentially constant for the first 115 miles of connec
tion length. The short toll connection objective must be met to avoid 
contrast with the grade of service on normal calls between local or 
intra-NP A customers even though the ACD system may carry traffic 
a considerable distance. For calls between operators and toll cus
tomers, the loss/noise grade of service should be at least that of a 
directly dialed connection of equivalent length. 

The talker echo objectives for connections between customers and 
operators is based upon estimates of satisfactory talker echo grade 
of service under VNL rules. The objective is evaluated in terms of 
equivalent toll quality independent of the length of trunks dedicated 
to operator services within the ACD system. Echo objectives for local 
and intra-NP A directory assistance and intercept differ from those 
for toll directory assistance and intercept. Use of high-quality ACD 
operator position facilities and telephone apparatus, together with 
the application of balance procedures at the ACD, make operator 
talker echo controlling rather than customer talker echo. The mean 
operator acoustic sidetone path loss should be 12 dB, as in the other 
services ; a range of 8 to 16 dB is acceptable. 
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1 1 -6 OTHER AUXILIARY SERVICES 

In addition to the operator assistance and number service functions, 
there are other auxiliary and miscellaneous services or service fea
tures to which access may be obtained by direct customer dialing or 
through an operator. Among these are : 

( 1 )  Announcement systems for customer dialing of recorded local 
time and weather information or for lease by various public 
and private organizations to allow dialed access to their re
corded announqements 

(2) Official operator positions for assistance functions associated 
with gaining access to the business stations of telephone 
personnel 

(3) Rate and route operators for assistance in determining charges 
for calls 

( 4) CAMA operator number identification for determination of 
calling party telephone numbers where automatic equipment is 
not available 

(5 )  Mobile radio operators for assistance in interconnecting mobile 
radio stations with the message network 

( 6) Coastal harbor, air-to-ground, railroad, and other radio
telephone services interconnected with the message network by 
special operators 

(7)  BELLBOY® service for dialed access to BELLBOY trans
mitting equipment 

(8)  Repair service for customer access in reporting trouble 

(9) Conferencing services for provision of multistation message 
network connections. 

Objectives for customer and operator grades of service should be 
similar to those for the operator services previously discussed. How
ever, the unique facility arrangements involved in such connections 
often make this difficult to achieve. For each service provided, judge
ment must be applied to the operational feasibility and economic 
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impact of designing the associated plant to meet DDD standards for 
any possible connection. Although space does not permit detailed dis
cussions of design criteria for all of these services, the following 
considerations for conferencing services and for ONI illustrate the 
principles involved. 

Conferencing Services 

While it is presently a relatively small segment of the telephone 
business, toll conference calling is an increasingly important and 
growing service. Frequently, high-mileage toll circuits to several 
locations are involved and the calls are of long duration. 

Physical Operation. Conference calls are established manually at toll 
centers by special operators whose positions at the toll switchboard 
are arranged to provide access to special conference bridging equip
ment. The latest conference bridge is made up of five 6-port groups 
which may be used to handle five separate 6-way conferences or up 
to 30 conferees in a single conference by interconnecting the 6-port 
groups via common buses provided. The bridge may be operated on 
a four-wire or two-wire basis in conjunction with either the message 
network or private line networks. Voice-switched-gain amplifiers are 
provided at each port to maintain singing margins at two-wire bridges 
and reduce noise buildup. 

Transmission Considerations. The toll switchboard positions are as
sumed to be at a -2 dB TLP and the conference bridge circuit is 
designed to introduce essentially no transmission loss in any forward 
talker-to-listener path through the bridge by means of the voice
switched-gain amplifiers. These amplifiers provide protection in two
wire arrangements against echo, noise, and singing by inserting a 
loss of 15 dB in the reverse path· at the time speech is applied to the 
transmitting side. If no speech is present, the 15-dB loss is in the 
transmitting side and the same overall loss is maintained around the 
loop to prevent singing. Some chopping occurs if two talkers speak 
at the same time since first one and then the other generally gains 
control. However, this chopping is less noticeable than that from 
ordinary echo suppressors which may switch losses of 40 dB or more. 

The operator is also given the ability to disable the switched-gain 
amplifiers in ports 1 or 6 of the conference bridge. The disabling fea
ture may be needed when two bridges in different toll centers must be 
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connected together via an intertoll trunk to accommodate two groups 
of customers, each in or near separate cities. The disabling feature 
prevents the insertion of an additional voice-switched device between 
conferees on different bridges. 

CAMA Operator Number Identification 

To accomplish the ONI function, a CAMA operator is temporarily 
bridged by the switching machine to a dialed connection. Customer
to-customer transmission is not affected since the bridge is removed 
prior to the call being advanced to the called customer. However, the 
insertion loss of the facility from the position link of the switching 
machine to the CAMA operator position must be controlled so that 
operator-to-calling customer volume is satisfactory. Therefore, special 
engineering is not nonnally required unless the CAMA position is 
at a location remote from the toll switching machine or if the toll 
office is a four-wire office equipped for A-pad switching. 
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Section 4 
Special Se·rvices 

Much of the telecommunications business involves the provision of 
telephone service to residential, non-PBX business, and coin telephone 
stations. These stations are connected to a serving central office 
through customer loops .and may be further connected via the local 
and toll portions of the network to other stations. The service so 
rendered is referred to in this book as "ordinary telephone service". 
The major plant items normally used to provide such service (ex
cluding the network switching machines and trunks) are the main 
station telephones and on-premises extensions, the loop facilities, and 
the terminations at the switching machines for number identification 
and network access. 

A second class of services, used primarily by business customers, 
involves the provision of service capabilities beyond ordinary tele
phone service. This class has been called private line services, full 
period services, and special services. For the purposes of this book 
it is called special services. 

Chapter 12 introduces the types and methods of administering 
special services. These services are defined and classified from a usage 
and transmission standpoint. 

Switched special services are those characterized by customer dial
ing over either the message or private networks. Technical design 
considerations for the majority of the switched special services types 
are discussed in Chapter 13. Centrex service, a switched special serv
ice with additional capabilities, is discussed in Chapter 14. Finally, 
switched special services may be configured into customized private 
networks called tandem tie trunk networks, switched services net
works, and Enhanced Private Switched Communications Service. 
Design criteria for these arrangements are considered in Chapter 15. 
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Private line special services are those characterized by little or no 
switching. They include many types with a wide variety of band
widths and transmission capabilities. Design considerations of most 
private line types are discussed in Chapter 16. Transmission require
ments for program and video services involve special considerations 
such as increased bandwidth. These services are discussed in Chapter 
17. The digital nature of most types of data combined with the digital 
nature of some types of transmission systems can offer advantages 
and efficiencies for overall data transmission. Such private line digital 
data service is discussed in Chapter 18. 
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Special Services 

Chapter 1 2  

Introduction To Specia l  Services 

Special services constitute a large and growing field which rivals 
the message network in size and complexity. The facilities for these 
services, including terminals, channels, and network usage, are esti
mated to be involved in about 40 percent of Bell System revenue. 

This large proportion of total revenues, predictions of sustained 
growth, and pressures due to competition and regulation are causing 
rapid changes to occur in the field of special services telecommunica
tions. Services and the methods of providing and maintaining them 
are changing in response not only to existing problems but also to 
anticipated needs. 

Special services may be classified into groupings that characterize 
them in terms of transmission considerations. The classifications 
used in this chapter are not formally recognized but are used for 
purposes of discussion. Features and uses of the various types of 
services in each group are then presented. Finally, the major func
tions associated with implementing special services and the adminis
trative methods of handling the high volume of orders are discussed. 

1 2- 1  CHARACTERISTICS OF SPECIAL SERVICES 

The field of special services can only be defined precisely by an 
enumeration of all types of services constituting the field.  Most often, 
they are defined to include all Bell System services except residence, 
coin, and non-PBX business telephone services.*  For convenience, the 

*These nonspecial services are sometimes referred to as plain ordinary telephone 
service (POTS) .  
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latter are referred to in this chapter as ordinary telephone service. 
Special services are special in that they generally require engineering 
treatment beyond that applied to ordinary services in respect to 
transmission, signalling, maintenance, and/or customer use. 

Special services are utilized primarily by business customers who 
need quick and efficient communications to all parts of a geographi
cally dispersed enterprise. Since profits can often be increased by 
economic use of telecommunication techniques, it is important to pro
vide the systems necessary to meet specific needs. 

While the bulk of telephone plant is installed for ordinary tele
phone service, special services utilize the telephone plant in unique 
ways. For instance, most of the customer loop plant is installed under 
the resistance, unigauge, or long route design plans with considera
tions focusing mainly on ordinary residential and business service. 
Interoffice plant is largely designed for message trunk use. However, 
a special services circuit may require the use of both a loop facility 
and an interoffice facility which together must perform all the normal 
functions of an ordinary customer loop. For some services, normal 
plant must be modified to achieve the desired transmission require
ments. An example is the use of four-wire facilities with special 
equalization for some types of data services. For other services, it 
is economical to provide supplementary plant, as is done for video, 
program, or teletypewriter services. 

Transmission standards for special services are generally more 
stringent than for ordinary telephone service ; an example is the lower 
allowable loss/frequency distortion of loops used for data transmis- · 

sion. In addition, video and telegraph services have unique trans
mission standards. Yet, special services must be compatible with 
ordinary telephone service ; neither should interfere with the other 
since both may be provided over the same cables and carrier systems. 

Customer operational needs or transmission requirements which 
are not specified in an existing tariff must be covered by a special 
authority filed with the appropriate regulatory bodies. Sometimes 
special equipment assemblies may be required by the telephone com
pany to provide a tariff-approved service in a nonstandard manner. 
While these assemblies do not require additional regulatory authoriza
tion, the unique technical requirements must be satisfied. 
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Ordinary telephone services are generally bulk-engineered. For 
example, customer loop plant under resistance design is engineered 
by cable and route for all customer locations to be served by the 
cable arrangement. Application is by plant assignment, usually with
out further engineering considerations. Special services, however, are 
engineered on a per circuit basis for each customer location ; indi
vidual circuit engineering is one of the major features that distinguish 
special services. 

1 2-2 TRANSMISSION CLASSIFICATIONS AND SERVICE FEATURES 

Special services may be classified in a number of ways. They may 
be considered as telephone types, those used only for voice communi
cation, or nontelephone types, those never used for voice communica
tion. They may be classified as services, where the telephone company 
provides all facilities and instrumentalities and a total service, or as 
channels only, where the telephone company provides transmission 
facility and interface equipment and the customer provides the ter
minal equipment. Special services have also been classified according 
to length or required bandwidth. None of these classifications com
pletely satisfies the needs in respect to transmission. 

The features of a special service are major factors in the proper 
selection of the transmission objectives and design of the circuit or 
system. For instance, some services are provided simply for communi
cation between the same two points while other services provide 
special access circuits to the switched message network. The trans
mission objectives for these two types of services are substantially 
different. The transmission classifications of special services then 
relate to the use or nonuse of the service relative to the switched 
message network. Four broad classifications of service are formulated 
for use in this discussion. 

The features of the many individual special services that make up 
the four classifications defined by transmission considerations play 
a large part in determining the types of facili�ies that must be used 
to provide these services. While the services to be described are offered 
by most telephone ·companies, the names of the services and of the 
facilities used are not consistently applied. The terms defined here 
are those most commonly used. 
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Class 1 Specia l Services 

Services which are always switched through the message network 
are designated Class 1. In order to achieve a high degree of customer 
satisfaction, the design objectives for these services are chosen to be 
compatible with comparable message network service. Thus, the loss 
objective for a Class 1 special services circuit is chosen to be equal 
to or less than the maximum loss of an ordinary loop. These services 
fall into two categories, depending upon whether they are used in 
conjunction with a private branch exchange (PBX) . 

Non-PBX-Related Services. This group of services includes several 
that may be considered as extensions of ordinary telephone service to 
provide the customer more economical arrangements and is one that 
provides access to the message network for the transmission of voice 
and other types of signals. 

Foreign exchange (FX) service permits an individual customer to 
appear as a local customer in any area other than that normally 
serving the geographical area in which the customer is located. The 
service is provided by an access line, called an FX line, illustrated 
in Figure 12-1. 

Wide area telecommunications service (W A TS) permits a station 
to make calls to selected wide interstate or intrastate geographical 
regions (called bands) for a fixed monthly charge. The service may 
be unlimited or may be restricted to a specified number of hours per 
month. Separate access lines for interstate and intrastate service are 
required to the most convenient central office equipped for W A TS. 
Where the normal serving office is not equipped for W A TS, the access 

Telephone 
station set 

Normal serving 
central office 

Loop 
facility 

Interoffice 
facility 

Figure 12-1. Configuration of an FX line. 

FX serving 
central office 
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lines, called W A TS lines, are similar to FX lines except that they are 
used exclusively for outgoing toll calls. 

Inward WA TS permits callers within specified geographical regions 
to call the inward W ATS customer, using an 800 "NP A" number, 
without incurring a toll charge. As in W A TS, an access line is required 
between the customer station and an office equipped for inward 
W A TS. Only incoming service is provided by this type of line. 

Off-premises extension (OPX) service is provided by an extension 
telephone station remote from the main station location. The exten
sion line may be bridged at the main station location but more often, 
the main station line and the extension line are bridged at the central 
office. Bridge lifters are often required to reduce losses. 

Secretarial service provides telephone answering service. Lines 
similar to off-premises extension lines connect the customer line to 
the secretarial service location and usually terminate in a secretarial 
service switchboard. These lines, illustrated in Figure 1 2-2, are usually 
arranged for receiving calls only. Bridge lifters are sometimes re
quired at the serving central office to reduce loss. 

DA TA-PHONE service provides for voiceband data transmission 
as well as for talking capability over the switched message network. 
Generally, local telephone loops a.re utilized. Conditioning may be 
required dependent on data format and bit rate. 

A variety of other services may be furnished and access lines of 
the same general class as those described are used by some companies 

Main station 
serving central 

office 

Main 
station 

loop 

Interoffice 
facility 
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Figure 12-2. Secretarial service line. 
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to provide services peculiar to the individual company. For example, 
a service similar to W ATS provides outgoing service only from sub
urban to metropolitan areas. Another example is the use of long 
distance (LD )  lines to provide direct access to a toll operator. This 
service, used mainly by hotels and motels, provides immediate toll 
billing information. 

PBX-Related Services. These services are defined in terms of the 
various available types of PBXs. A PBX is basically a system for 
interconnecting telephone station sets on the same premises. Connec
tions can also be made from a PBX station to the switched message 
network or to other lines and trunks terminated in the PBX. A PBX 
may be provided by the telephone company or by the customer under 
interconnecting arrangements. While a PBX can be either manually 
or dial-operated, it generally has a customer-employed attendant to 
assist in placing a call, if necessary, or to exercise control and 
administrative functions.* 

A main PBX is one which has a directory number and can connect 
PBX stations to the message network for both incoming and outgoing 
calls. Tie trunks, FX trunks, and W A TS trunks may also be ter
minated in a main PBX but the PBX does not switch tie trunks 
together in tandem. 

A satellite PBX does not have a directory number ; all incoming 
calls are routed from the main PBX via tie trunks. For outgoing 
service, calls may be routed directly over central office trunks, if 
provided, or over tie trunks through the main PBX and central office 
trunks. The satellite PBX is usually located in the same local area 
as its main PBX. 

A tandem PBX performs the same functions as a main PBX and 
is also used as an intermediate switching point to connect tie trunks 
to two or more main PBXs. 

An intertandem PBX performs the functions of a main PBX and 
also switches together tie trunks from tandem PBXs. Main, satellite, 
tandem, and intertandem PBXs are used in configurations which make 
up private switched networks discussed as class 4 special services. 

*Outside the Bell System, the term PABX (private automatic branch exchange) 
is often used to denote a dial PBX. 
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Centrex is a PBX-related service with several important added 
features. The most notable features are direct inward dialing to a 
centrex station from the message network without attendant assis
tance and detailed billing of outgoing toll calls listed according to 
specific centrex stations. Additional optional features may be provided 
as the customer requests. Centrex equipment may also have the 
capability of switching tandem and intertandem tie trunks. Centrex 
is provided by dial switching equipment located on telephone company 
owned or leased premises. Each centrex station is served by a direct 
line to the central office location. The physical configuration of lines 
and trunks is similar to that used for comparable PBX service. 

Several types of trunks and lines are used to provide PBX-related 
services: 

( 1 )  A PBX is connected to the central office which normally 
serves it by PBX-central office (PBX-CO ) trunks. These 
trunks appear as station lines at the central office equipment 
and may be arranged for inward, outward, or both types of 
operation. 

(2) Stations collocated with their PBX are connected to it by 
PBX station lines. The station lines can be connected through 
the PBX to other station lines, PBX tie trunks, central office 
trunks, FX trunks, or W A TS trunks. 

(3) Inward WATS, WATS, FX, and LD trunks terminate in 
PBXs instead of individual stations. When these trunks are 
accessible by machine switching from PBX stations, special 
means are used to prevent multiple seizures. 

( 4) Centrex station lines connect telephone stations on the same 
premises as the attendant to the centrex switching machine. 

(5) Outgoing traffic from a switched services network (SSN) 
switching machine is routed to the message network over 
local, FX, or W ATS lines called A-type off-network access 
lines (A-ONALs) .  

(6) Incoming traffic from the message network to a switched 
services network is routed over local, FX, or inward W A TS 
lines called B-type off-network access lines (B-ONALs) .  
These lines connect the serving central office to a manual 
switchboard at the customer premises. 
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(7) Automatic call distributor (ACD )  trunks connect an auto
matic call distributor to its normal serving office. An ACD 
is a switching arrangement that automatically concentrates 
large numbers of incoming lines to a smaller number of 
attended positions. This service is desirable for order-taking 
agencies such as airline reservation bureaus. Automatic call 
distributor trunks are treated in a manner similar to that 
applied to PBX-CO trunks from a transmission standpoint. 

Class 2 Special Services 

Class 2 special services are provided over lines or trunks which may 
be connected to the switched message network as the customer directs 
but the function of these circuits may not pertain to the message 
network. In this class, the loss objectives are selected so that the 
total loss of the several types of tandem special services circuits re
quired to reach the message network does not exceed the maximum 
loss of an ordinary loop. 

The same services are provided by PBX off-premises station (OPS) 
lines as by on-premises station lines except that the telephone station 
equipment is located remotely from the PBX as shown in Figure 12-3. 
Centrex and PBX off-premises station lines are similar except that 
the telephone station equipment for centrex is not collocated with the 
attendant. 

Normal serving 
central office 

PBX-CO 
trunk 

Interoffice 
facility 

loop 
facility 

Distant 
central 
office loop 

facility 

Off-premises 
PBX station set 

On-premises 
PBX station set 

Figure 12-3. PBX on-premises station line and PBX off-premises station line. 
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Class 2 special services also involve the interconnection of PBXs 
by means of several types of tie trunks. Satellite tie trunks are used 
to connect a satellite PBX to its main PBX. Nontandem tie t·runlcs 
are used between two main PBXs and are not switched to other tie 
trunks or other PBXs. These trunks are primarily intended for con
nection to PBX stations at both ends but may also be connected to 
central office trunks, FX trunks, and WATS trunks. Simultaneous 
connections to central office trunks, FX trunks, or W ATS trunks at 
both ends of a nontandem tie trunk cannot be expected to provide 
good transmission. 

Class 3 Specia l Services 

Class 3 special services are those which are never connected to the 
switched message network. Included in this class are the point-to-point 
and multipoint configurations of dedicated private lines, i.e., lines for 
the private use of a customer. Class 3 services may be voiceband or 
nonvoiceband. For voiceband services in this class, the overall station
to-station transmission loss objective is similar to the average station
to-station loss objective for the message network. Following are 
descriptions of channels that are used for Class 3 special services : 

( 1 )  Channels for remote metering, supervisory control, and mis
cellaneous signalling purposes are, in essence, very low-speed 
data transmission channels. Both de and ac transmission 
techniques are used. 

(2 )  Voice or music program channels are used by broadcasters 
as studio-to-transmitter-site links, as intercity networks, etc. 
Special conditioning provides 5-, 8-, or 15-kHz bandwidths, 
as specified in the tariffs and as ordered by the customer. 

( 3 )  Data transmission channels can be ordered to provide vari
ous types of conditioning for voiceband data speeds or to 
provide various bandwidths for bit rates from very low 
teletypewriter speeds through wideband data speeds. 

( 4) Channels for two-point or multipoint voice transmission can 
be arranged. A wide variety of station equipment and any 
of several signalling schemes may be used depending upon 
customer needs. 

( 5 )  Video transmission channels are provided, usually one way, 
for television broadcast service. Usually, microwave radio 
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or shielded cable pairs are used to provide the required band
widths. Full-time or occasional service is provided. 

(6 )  Entrance facilities may be installed to extend a customer
provided communication channel to the customer premises, 
a distance not to exceed 25 miles, as covered in the tariffs. 

(7)  Private line digital data service is provided over the facilities 
of the Digital Data System (DDS) . This system initially 
provides point-to-point DATA-PHONE digital service for 
bit rates of 2.4, 4.8, 9.6, and 56 kilobits per second. 

Numerous other special applications exist to serve the specific needs 
of customers but those listed cover the majority of private line 
services. In addition, special service channels are provided to other 
common carriers. The specifications for such channels are based on 
a set of other common carrier facility tariffs. 

Class 4 Specia l Services 

Class 4 special services involve the interconnection of two or more 
special services circuits. Tandem tie trunk network (TTTN ) switch
ing arrangements, switched service networks (SSN) , and the En
hanced Private Switched Communications Service are the physical 
means for providing these services. Transmission objectives for this 
class are stringent, as the services involve the possibility of multiple 
circuit connections within the networks as well as connections to the 
switched message network. 

Tandem Tie Trunk  Network. This type of network is considered to be 
a service arrangement and is covered in part by both interstate and 
intrastate tariffs. It is not covered as an entire network by any single 
tariff. End-to-end connection of tie trunks between PBX or centrex 
locations is permitted. Figure 12-4 illustrates a typical TTTN ar
rangement, having non tandem and satellite tie trunks (discussed in 
regard to Class 2 special services) as well as tandem and intertandem 
tie trunks. Tandem tie trunks are used between main PBXs and 
tandem PBXs. In larger tandem tie trunk networks, some tandem 
PBXs and/ or intertandem PBXs may be connected ; intertandem tie 
trunks are used to make such connections. 

Each PBX within a tandem tie trunk network performs the normal 
PBX functions but additional features result from the organization 
of the network. Tie trunks connected to a PBX or centrex may be 
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switched together by manual or automatic means. A caller or PBX 
attendant establishes a call by dialing a variable number of digits 
according to the requirements of the route selected. Such calls are 
advanced sequentially from PBX to PBX to establish the overall 
connection. A new dial tone is supplied for each step in the sequence. 
Manual or automatic connection to the message network can be 
provided but satisfactory transmission quality is not guaranteed. 
Inter-PBX station-to-station calling is also a feature. 

Features not presently contemplated for TTTN arrangements in
clude a uniform numbering plan throughout the network, code con
version or digit addition and/or deletion, automatic alternate routing, 
message detail recording, service observing, and standard tones and 
announcements. Lack of these features in a small TTTN may not 
present difficulties in the operation of th� network. However, in a 
more complex network, such as that of Figure 12-4, increasing diffi-

TCI Library: www.telephonecollectors.info



Chap. 1 2  Introduction to Spec ial Services 303 

culties may be experienced in establishing calls due to the large 
number of sequential dial tones and separate digit dialings and the 
required build-up in supervision. Also, since the components of a 
tandem tie trunk network are ordered piecemeal, a small network 
can grow into an unsatisfactory and complex arrangement unless close 
attention is given to routings and transmission performance. 

Switched Services Networks. These networks provide private line 
services and utilize trunks and access lines linked by common control 
or stored program switching arrangements in order to switch calls 
between customer locations. The switching equipment is located in 
central offices and may be shared by other .switched services networks 
and/ or the message network. The equipment at customer locations 
generally consists of standard PBXs. The arrangement of common 
control switching machines is called the common control switching 
arrangement (CCSA) .  The central office switching equipment is billed 
according to the provisions of the CGSA tariff, while trunks, access 
lines, and other special services lines are billed according to the 
provisions of other tariffs. 

The many features that can be provided by switched services net
works make these networks very attractive to large business enter
prises. Direct inward and outward dialing with a switched services 
network provide the capability of direct station-to-station calling 
between network locations and reduces the need for operators. Since 
a fully integrated numbering plan is used, each telephone in the 
network has a unique 7-digit number. Networks that utilize more 
than two switching machines can be arranged for automatic alternate 
routing. The administration of such matters as maintenance, traffic 
records, traffic engineering, and trunk group design is the respon
sibility of the Bell System. A sample of automatic message accounting 
records is provided to the customer as a practical means of allocating 
communications expenses among departments. Finally, automatic off
network completion of calls to the message network, an optional 
feature, allows calls from the switched services networks to be com
pleted to locations off the switched services network. Off-network 
access lines (ONALs) , provided at strategic points on the switched 
services network, are reached by selective routing arrangements. 

There are two methods of organizing switched services networks, a 
hierarchical plan and a polygrid plan. The hierarchical plan is shown 
in Figure 12-5. While the hierarchical plan is similar to that of the 
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Figure 12-5. Switched service network, hierarchical plan. 

message network, there are some differences due to service require
ments. Economic restrictions may limit the number of direct (high 
usage) trunks to a customer location so that more trunks may be 
connected in tandem for a given connection than when direct trunks 
are provided as in the message network. The SS-1 class switching 
offices are required only for the largest switched services networks. 
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The polygrid plan consists of a structure of overlapping grids of 
interconnected switching machines, each serving a particular location 
for inbound and outbound traffic. All switching machines have equal 
rank in the polygrid network and are interconnected in such a way 
that a large percentage of them would have to be rendered inoperative 
before the network would be disrupted. Thus, the network is highly 
survivable and provides good assurance of call completion. 

A large polygrid network is operated for the U.S. Government. This 
network, called the Automatic Voice Network (AUTOVON) ,  has a 
number of unique features. With only a few exceptions, all trans
mission paths, including those through the switching machines, are 
four-wire, even to the station lines and station sets. In addition, a 
multilevel system of priority calling is included so that certain calls 
are given precedence over and may pre-empt calls of lower priority. 

Several types of lines and trunks are used in switched services net
works in addition to those defined previously. Those unique to SSN 
operation inclu�e the following : 

( 1 )  Access lines are circuits that connect main PBXs to class 
SS-1, SS-2, or SS-3 offices in a hierarchical plan 
(Figure 12-5) or to switching machines in the polygrid plan. 
These lines are normally four-wire facilities and terminate 
in a two-wire PBX or centrex office. 

(2)  Network trunks are circuits that interconnect SSN switch
ing offices. 

(3 )  Conditioned access lines are circuits between stations or 
PBXs and switching machines. These circuits are conditioned 
for gain and delay to make them capable of high-speed voice
grade data transmission. 

( 4) Conditioned network trunks have been conditioned for gain 
and delay to make them capable of high-speed voice-grade 
data transmission.* 

Enhanced Private Switched Communications Service. When equipment is 
suitably arranged in a customer network configuration, this service 
(abbreviated EPSCS) provides channels to interconnect switching 

*The AUTOVON uses a conditioning plan called common grade. In this plan, 
network trunks are not conditioned but special compromise equalizers on the 
access lines, along with normal equalization, make data transmission possible. 
The compromise equalizers compensate for the lack of trunk equalizers. 
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centers and various customer serving equipment such as PBXs, 
centrex machines, key systems, and data terminals. As a service par
ticularly suited to the needs of large business customers, EPSCS pro
vides many standard and optional features not otherwise available. 
While most of these features are switching-related, improved trans
mission performance relative to most other Class 4 special services 
is realized as well. 

The standard features available with EPSCS include four-wire 
transmission from end-to-end. Where No. 1 ESS is used for switching, 
the four-wire paths are provided by HILO circuitry [1] . Thus, two
way simultaneous voice-frequency data transmission is possible 
between customer locations. 

One or more attendant locations may be used to serve the network. 
Calls from within the network may be made to an attendant position 
by dialing a designated 3-digit or 7-digit code. Calls from outside the 
network that require the service of an attendant are automatically 
routed to the appropriate attendant location. A variety of service 
tones and announcements are also provided to a network caller to 
indicate the status of a connection. 

Traffic network features include automatic alternate routing ac
cording to customer needs and bypass routing of calls from an 
originating switching center directly to the terminating station, PBX, 
or centrex (bypassing the terminating switching center) .  Originating 
call message details are provided at a Customer Network Control 
Center ; details include date, originating switch identification, out
going trunk group, and connect and disconnect times. Class-of-service 
restrictions, such as one-way outgoing, one-way incoming, or two-way 
service, are provided at switching centers to permit different calling 
capabilities on different channels. 

The Customer Network Control Center is arranged to provide peg 
count, traffic usage, and overflow data on network channels. Message 
detail records, busy /idle channel status, channel maintenance status, 
and a list of unused channels are also made available at regular in
tervals. A number of customer-selected options may be exercised at 
the control center ; these include changes in assigned user class-of
service codes, assignment of conferencing authorization codes, changes 
in call routing patterns, and day /night routing for services off the 
private network. 
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A 7-digit uniform numbering plan is used for network stations. 
Calls going outside the network are dialed by using a 10-digit code. 
lntranetwork station-to-station calls are dialed directly. 

Maintenance features include channel scanning for abnormal con
ditions such as failure to respond to signalling and continuity failure. 
Channels that fail these and other call progression tests twice are 
automatically identified and taken out of service. Maintenance infor
mation of this type is transmitted to the Customer Network Control 
Center. Similarly, channels that are not used during prescribed busy
hour periods are reported to the control center. 

Among the features that can be provided optionally is a call queuing 
arrangement for calls not completed because of busy channels on 
primary and alternate routes. Priority queuing is also available by 
using appropriate authorization codes. 

Outgoing calls may be denied to specified originating channels when 
the calls are destined for selected public network central offices or 
numbering plan areas. Denied calls are connected to recorded an
nouncements. Other optional features include customer-selected eco
nomical alternate routing patterns, automatic dialing capabilities, 
special recorded announcements, special screening of off-network calls, 
and the application of authorization codes as desired. 

Transmission improvements result essentially from the use of 
all-four-wire facilities. The use of four-wire facilities reduces echo 
and provides two-way data transmission at reduced error rates. 

Universal Service 

Class 1 and Class 2 special services and, under some conditions, 
Class 4 services are intended to provide satisfactory voice transmis
sion quality on most universal service connections. Universal service 
is defined as the interconnection between special services facilities 
and the message network at one point only on any one call. In this 
arrangement, message network connections at both ends of the special 
services facility are not contemplated. Also, while calls originating 
over one private line network may be routed via the message network 
to a second private line network, this type of connection does not 
always provide adequate voice transmission. 

Lines provided for Class 1 and Class 2 services are generally capable 
of voice-grade DATA-PHONE transmission. Some limitations do exist, 
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however. For instance, long-haul foreign exchange DATA-PHONE 
service is generally limited to a calling radius of 200 miles from the 
foreign office. 

Lines used for Class 4 service may provide satisfactory voice trans
mission on universal service connections utilizing PBX-CO trunks or 
ONALs. Calls within the special network should provide satisfactory 
transmission over a maximum of four tie trunks in tandem for voice 
signals and two tie trunks in tandem for data signals at rates higher 
than 300 bauds. A switched services network is engineered as an 
entity and should provide satisfactory voice transmission to stations 
served by the network. Data transmission to these stations is com
parable to that furnished by the message network but special equali
zation is required in some cases. 

Special Applications 

Rulings of the Federal Communications Commission (FCC)  have 
led to a number of special services arrangements that involve the 
interconnection of Bell System facilities and circuits with privately 

· owned facilities and circuits. These arrangements include Other Com
mon Carrier ( OCC) connections and private line channel connections. 

Other Common Carriers. Almost all of the previously described special 
services (Classes 1, 2, 3, and 4) may be provided by OCCs. The OCCs 
own and maintain long communications links (either terrestrial 
microwave or satellite systems) between major cities and provide 
service over additional facilities obtained from the Operating Tele
phone Companies to connect their terminal locations to an OCC 
premises or to a Bell System central office. The facilities available to 
the OCCs are provided under interstate tariffs ; they may consist of 
a transmission facility terminated in an appropriate interface or both 
the transmission facility and a termination at a Bell System PBX, key 
telephone system, or central office. An example of an OCC-provided 
service arrangement is shown in Figure 12-6. 

Private Line I nterconnection. Interstate private line services, offered 
under FCC Tariff No. 260, were formerly provided to a customer 
premises if and only if the customer had a continuing need to 
originate and terminate communications at that point. This restric
tion has now been removed, thus enabling a customer to obtain inter
state private line services terminated at any given location. This pro
vision allows a customer to connect private line services covered by 
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Tariff No. 260 to a channel of a customer-provided communications 
system and to arrange a composite communications configuration 
comprised of an interstate private line service, a customer-provided 
channel, and a similar interstate private line service at the distant 
end of the configuration. A typical composite communications con
figuration is shown in Figure 12-7. 
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Customer communication 
system terminals 

I------t Termination 

L .� ----. ..... 14---- Customer-provided channel --t•"l4tl--- ·�· _J 
Note: IPLS is Bell System interstate 

private line service channel 

Figure 12-7. Typical composite communications configuration. 

1 2-3 COORDINATION AND ADMINISTRATION OF SPECIAL 
SERVICES 

As the volume and complexity of special services have increased, 
it has become necessary to improve methods and procedures for 
handling special services orders. The need for standard administrative 
procedures for providing special services between Bell System opera-
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ting areas had long been a recognized necessity and the intercompany 
services coordination (ISC)  plan answered this need. However, to 
measure adequately the quality of the entire service provision process 
and to define standard manual methods which can evolve into an 
integrated mechanized information system, it is also necessary to 
have standard methods specified within each operating area. The 
Administration of Designed Services (ADS) System defines these 
standard methods and procedures for intra-area processing of special 
services orders. 

Intercompany Services Coordination Plan 

The ISC plan provides standard procedures to be applied to cus
tomer orders for special services involving two or more operating 
areas or companies within the Bell System. The plan also provides 
coordinating procedures for those orders involving independent com
panies. The ISC plan was introduced to satisfy a number of objectives 
and to overcome several deficiencies in the earlier, uncoordinated 
methods of operation. The dispersed responsibilities of various units 
of the Bell System often made it necessary for a customer whose 
operations extended over several operating areas to deal with each 
of the involved Bell System operating units in setting up special 
services arrangements. The ISC plan makes it possible to deal with 
just one Bell System contact, thus presenting a one-company image 
to the customer. 

Service needs are specified on a standard service order document, 
the use of which is required by the ISC plan. The plan provides flexi
bility in the coordinating arrangements so that service requirements 
can be met regardless of size or complexity. The plan enumerates 
organizational responsibilities for all intercompany and interarea 
service activities within the scope of the plan and provides effective 
control and aid in meeting service due dates. Means are included for 
measuring the effectiveness of special services provision and of evalu
ating customer satisfaction after service has been initiated. Finally, 
the use of a standard language is specified and system-wide communi
cation paths are established. 

The ISC plan covers most Class 1 special services such as W A TS, 
DATA-PHONE, and FX services which are interarea or intercom
pany in nature. In addition, the plan covers private line services ( such 
as Class 3 services) which extend inter area or intercompany and use 
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dedicated facilities. Network program and network television services 
are excluded, however, because other procedures unique to the needs 
of these services have been established. 

The coordination functions specified by the ISC plan are fulfilled 
by permanent, interdepartmental ISC teams, one of which is estab
lished in each associated company area and each Long Lines area. 
Each team member represents h1s department (or company, as in 
the case of Western Electric team members) in fulfilling ISC re
sponsibilities. Representatives from organizations other than those 
specified in the plan are asked to serve as required. 

The ISC teams are charged with the primary responsibility to 
schedule and coordinate all sales, engineering, plant, supply, installa
tion, traffic, and customer training activities related to special services 
orders. An area team serves as a single point of contact in its area 
and maintains communication through designated channels with the 
ISC team responsible for the control of an entire service order. Each 
team is also responsible for providing local portions of the service in 
accordance with local practices. In addition, a team serves, when re
quired, as the control team to control and coordinate the implementa
tion of a complete special services order. 

Administration of Designed Services 

While the ADS is a system of methods and procedures and may 
encompass the operations of several departments, it is not an organi
zational entity. Methods and procedures under ADS apply to an 
operating area of an operating company. The system may be applied 
to other sizes of operating units depending upon the volume of special 
services orders and various characteristics of their geographic areas 
as determined by the individual company. The system is composed of 
five subsystems-order-writing, design, distribution, completion, and 
control. Figure 12-8 is a diagram of the work functions involved. 

The order-writing system accepts inputs from the marketing or 
commercial negotiator or from the ISC team. These inputs encompass 
all service orders for special services, supplements to service orders, 
and service inquiries. The basic functions of the order-writing sub
system are to review the orders to make certain that they are reason
able, complete, and in the appropriate format, to forward them to the 
design subsystem for screening, and to enter the initial inputs to the 
control subsystem. 
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The design subsystem encompasses five processes-screening, cir
cuit layout selection, station layout selection, work order record and 
detail (WORD ) or circuit layout record card ( CLRC ) preparation, 
and record administration. In the screening process, all orders for 
special services are reviewed, information regarding the availability 
and transmission characteristics of local channels is obtained and re
corded, and all incoming orders and associated documents are co
ordinated. In circuit and station layout, service requests are evaluated, 
specific layouts are selected, and facilities and equipment are reserved 
or assigned. The layouts must be selected so that Bell System standard 
design objectives are met. The preparation of WORD or CLRC docu
ments involves design computations, the results of which are entered 
on the WORD or CLRC form. All layout data is forwarded to the 
distribution subsystem. Finally, the maintenance of the pending and 
completed circuit files for the design subsystem is accomplished by 
record administration. 

The distribution subsystem provides for the correlation, assembly 
and distribution of service orders, WORD or CLRC data, and other 
associated documents to implement the installation of the circuit and 
equipment. This subsystem utilizes distribution facilities provided by 
the operating company. The distribution of documents must be made 
to the required locations in sufficient time to allow for installation 
and tests. 

The completion subsystem receives and forwards reports regarding 
completed installations both internal and external to the ADS system. 
Additional completion information, such as register readings and 
transmission measurements, may be forwarded with the completion 
report. 

The control subsystem monitors and controls the status of service 
orders. The critical dates in the life of the service order are con
tinually monitored, and control data and reports are made available 
to involved locations. Information is provided to assist in the ad
ministration of work activities. The acronym OSCAR refers to the 
functions of this subsystem-order status, control, and reporting. 

Work Order Record and Details. A master circuit record, the WORD, 
consists of three kinds of records for voice-frequency services : ( 1 )  the 
work authorization, (2)  circuit details, and (3) test details. The CLRC 
is the master circuit record for nonvoice-frequency services. Other 
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circuit related information not included on the WORD or CLRC docu
ments (such as division of revenue data) is recorded on a separate 
document. 

The WORD document combines service or circuit orders, CLRCs, 
and circuit order test results forms. There is a separate WORD for 
each circuit. The work authorization corresponds to and replaces the 
need for a circuit, trunk, or special services order ; the service order 
is not replaced for all its present functions but the WORD document 
contains all the information needed to install and maintain the circuit. 
Circuit details contain the sequential makeup, facility assignment, and 
transmission level point information. Test details include the required 
tests, expected values and limits, space for recording test results and, 
when completed, acts as the order completion report and office record 
of test results. The WORD is designed to use a common language 
format. 

Com mon Language Special Services Designations. The Bell System com
mon language circuit identification plan provides a coded designation 
by which a special services circuit may be identified. This designation 
is in a form that people can read and understand and yet may be 
applied to both manual and mechanized procedures [2] . 

The designations for special services circuits are written in one of 
three standard formats ; telephone number format, serial number 
format, or message trunk format. The telephone number format is 
used when a circuit can be identified by a unique telephone number 
and extension or trunk code. The serial number format is used only 
when the circuit being identified cannot be uniquely defined by a 
telephone number. A few special services trunk types use the message 
trunk format discussed in Chapter 6 and shown in Figure 6-5. 

The coded information presented in the telephone number format 
consists of 24 alphanumeric characters entered in designated spaces 
for primary and secondary data, as shown in Figure 12-9. The pri-

Secondary Secondary 1144---data --_...,1-------- Primary data ______ ____.,..,.t4�11-data � 
Prefix Service code NPA CO unit line Extension number Segment 

* & * code * code * number * or trunk code * number 
modifier 

� 3 1 4 I s  1 6 7 1 8  1 9  10 1 1 1 � 1 2  13 , 14 , 1 5 , 16 17 l 1a l 19 l 2o l 21 22, 23, 24 
Figure 12-9. Common language telephone number format. 
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mary data is used to identify a circuit on the customer premises. The 
secondary data contains additional information which, in conjunction 
with the primary data, is to be used on internal company records for 
complete circuit identification. 

The portion of the telephone or serial number formats relevent 
to this discussion is contained in positions 3 through 6, service code 
and modifier. Character positions 3 and 4 represent the appropriate 
service code, such as FX for foreign exchange, VE for educational 
television, etc. Standard 2-character codings have been established for 
all appropriate special services circuits. Position 5 contains N, D, or 
A to signify nondata use, data use, or alternative data-nondata use, 
respectively. Position 6 contains T or C to signify all telephone 
company-provided or all or part customer-provided equipment and 
facilities. 

I nterrelationship of ISC and ADS 

The ISC plan was the first major step in defining standard admini
strative methods for the provision of interarea services. This plan 
was introduced in response to the growing service needs of geographi
cally dispersed customers. No attempt was made to standardize the 
existing service provision methods for intra-area services. 

To improve special services provision further and to lay the ground
work for future mechanized procedures and records, ADS has been 
documented and implemented to standardize intra-area procedures. 
Presently, ISC and ADS are separate but interlocking plans for 
special services provision only ; it is anticipated that the plans will 
ultimately merge. The addition of other designed services, such as 
trunks provision and carrier system provision, is also contemplated. 

Tariffs 

Telephone companies file tariffs with regulatory agencies to describe 
services and to propose schedules of charges. The companies are 
legally bound by tariffs that have been approved by regulatory 
agencies. Interstate services are specified by tariffs filed with the 
FCC ; intrastate services are specified by tariffs filed with state or 
local public service commissions. Bell System tariffs filed with the 
FCC are coordinated, prepared, and maintained by the American 
Telephone and Telegraph Company ; tariffs filed with state and local 
commissions are coordinated by the operating telephone companies. 
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Intrastate services may thus vary from one company and regulatory 
agency to another ; as a result, service offerings may not be uniform 
for a customer who operates within the territories of several telephone 
companies. 
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Special Services 

Chapter 1 3  

Switched Special Services 

There are many special services which may be switched either 
through the public network or through private switching machines 
and networks. These services may be classified according to whether 
they are connected directly to the switched public network. Class 1 
services are always switched through the public network and are 
further divided into two subclasses, PBX related and non-PBX 
related. Class 1, PBX-related services utilize PBX-CO trunks, foreign 
exchange ( FX )  trunks, wide area telecommunications (WATS) 
trunks, long distance (LD )  trunks, and automatic call distributor 
(ACD) trunks. Class 1, non-PBX-related services include FX lines, 
WATS lines, off-premises extension (OPX) lines, and secretarial lines . 
Class 2 services are always PBX related and may or may not be 
switched through the public network as the customer directs. These 
services utilize off-premises station ( OPS) lines and satellite and 
nontandem PBX tie trunks. 

A significant _ percentage of switched special services circuits are 
long-haul, defined a.s those having more than 6-milliseconds round-trip 
echo delay. Circuits having 6-milliseconds or less delay are defined as 
short-haul. The long-haul circuits must be designed with specified 
minimum losses according to the VNL design plan in order to control 
echo. The short-haul circuits are designed to have a fixed loss con
sistent with stability, noise, and other criteria. Four-wire, voice
frequency circuits are short-haul at distances less than approximately 
30 miles ; longer circuits are long-haul. The equivalent change-over 
distance for a carrier channel is at about 200 miles. Other special 
services that involve switching, such as centrex, tandem tie trunk 
networks, switched services networks, and the Enhanced Private 
Switched Communications Service are discussed elsewhere in this 
volume. 

3 1 7  
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1 3- 1  CIRCUIT DESIGN 

While the details of the design process for a ·  particular special 
service vary with company and organizational methods, some basic 
elements are common. The process is initiated by a service order 
which specifies the type of service desired. Tariff and technical re
quirements must be considered throughout the design process. The 
tariff legally defines the features and rates of the service offering. 
The technical requirements involve such things as signalling, loss 
and noise objectives, telephone set current (if the service terminates 
in a telephone station set) , and stability. In addition, data services 
may require control of impulse noise, slope, and delay distortion. 
While all are specific items, they interrelate ; a change to improve a 
circuit from one standpoint may degrade it from another. 

I l lustrative Design 

Consider the design process for a foreign exchange service. The 
customer location influences the loop facility assignment, length, 
gauge, loading, and any bridged tap at the customer end of the circuit. 
Generally, the loop layout should be determined before the interoffice 
facility is selected since the interoffice facility can often compensate 
for loop resistance and loss. Signalling capability must be checked 
and station set current must be computed to determine if a dial long 
line (DLL) unit is  required. 

Transmission gain requirements must be considered next in the 
design process so that repeater types and locations can be selected. 
Two limitations on the allowable repeater gain ( stability and cross
talk) influence the location of the repeater of the dial long line unit 
and may even require a second repeater. If a dial long line unit must 
be relocated to improve circuit stability, the design process must be 
reviewed to verify that signalling and supervision requirements are 
still met. Where relocation of the dial long line unit results in signal
ling and supervision which are still out of limits or where gain and 
stability requirements cannot be met, a higher grade of interoffice 
facility, such as a coarser gauge cable pair or a carrier system with 
its appropriate signalling application, may be required. When the 
circuit layout is complete, it should comprise facilities representing 
the best possible balance among performance, customer satisfaction, 
technical requirements, and economy. 
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Design and Analysis Aids 

Two concepts have been developed to assist in special services 
circuit design. These are called the standard design concept and the 
universal cable circuit analysis program. 

Standard Designs. Special services circuits of standard designs offer 
the advantages of thoroughly tested circuit layouts capable of meeting 
requirements on net loss, transmission response, stability, and balance. 
The layouts are fitted to specific situations by first selecting the 
general facility on the basis of availability. The number of links 
( loop facilities or interoffice facilities ) and the associated loss and 
signalling requirements for each link of an overall circuit must then 
be determined. Access circuits, such as FX lines and trunks, are 
usually composed of one loop facility and one interoffice facility ; 
nontandem tie trunks and off-premises station lines may be composed 
of two loop facilities and one interoffice facility. After the general 
facility type is selected, the detailed locations and adjustments of 
repeaters, dial long line units, etc., can be established. 

To illustrate, consider the standard design of PBX-CO trunks which 
do not require terminal balance. Figure 13-1 lists the design codes 
and maximum losses for various facility types. Facility losses are 
shown prior to the application of repeater gain. When the design code 
is determined, the de resistance is calculated and signillling equipment 
is selected to be compatible with central office type, PBX type and 
impedance, and required signalling features. 

MAX 1 -kHz 
DESIGN 

TYPE OF FACILITY INSERTION LOSS, 
d B  

CODE 

N onrepeatered 3.5 1 
Nonloaded 

Repeatered 2-wire 6.2 2 

VF N onrepeatered 3.5 3 
Loaded 

Repeatered 8.0 4 

4-wire Nonloaded Repeatered 9.0 5 
VF Loaded Repeatered 12.0 6 

Carrier (out-of-band signalling) - 7 

Figure 1 3- 1 . Standard design codes for PBX-CO trunks. 
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Figure 13-2 shows four possible two-wire layouts, nonloaded cable 
(codes 1 and 2 )  and loaded cable (codes 3 and 4 ) . These layouts may 
be used for the majority of PBX-CO trunk lengths. Occasionally when 
a longer trunk is required, a four-wire design must be employed. 

Figure 13-3 shows two four-wire layouts, one employing de signal
ling and the other employing ac signalling. In either case, the cable 
pairs may be loaded or nonloaded. Transmission paths are shown by 
heavy lines. Signalling leads A, B, SX, and SX1 provide access to the 
signalling path for connection to dial long line units or for connections 
to single�frequency signalling units. 

Universal Cable Circu it Analysis Program. This computer program, 
called UNICCAP, is intended to be used as an engineering tool in 
analyzing a wide variety of cable circuit transmission problems. The 
program provides rapid computations of insertion loss, measured 
loss, bridged loss, return loss, echo return loss, singing return loss, 
input impedance, output impedance, envelope delay distortion, peak 
to average ratio (PI AR) , and other parameters. On the basis of 
these data, it is possible to determine where changes can be made to 
optimize the circuit or meet requirements. 

1 3-2 SIGNALLING AND SUPERVISION 

Signalling is a vital part of switched special services that must be 
considered throughout the design process to ensure proper operation 
of the circuit. To illustrate primary signalling functions, facility 
features, and customer options, consider the signalling aspects of 
foreign exchange service which are typical of Class 1 special services. 
In foreign exchange service, access to the public network is of special 
interest because it is gained through a central office other than the 
normal serving central office. 

Primary Functions 

Signalling requirements for FX service are essentially the same 
as those for ordinary subscriber line service. Sufficient current to 
operate supervisory equipment at the foreign central office when the 
station goes off-hook must be provided. To accomplish this, a means 
of repeating or reinserting the loop closure signal is sometimes re
quired in dial long line or other FX circuit units. Transmission of 
undistorted dial pulse or TOUCH-TONE signals from the station 
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(a) Code 1; nonloaded, nonrepeatered 

Central office 

(b) Code 2; nonloaded, repeatered 

Central office 

(c) Code 3; loaded, nonrepeatered 

(d) Code 4; loaded, repeatered 

figure 1 3-2. Two-wire PBX-CO trunk designs. 
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to the foreign central office is necessary and a means of repeating or 
regenerating dial pulses is required. The FX circuit must also be 
capable of transmitting ringing signals to the station set from the 
central office. Because FX circuits may be quite long, circuit units 
must be capable of repeating or reinserting ringing current where re
quired. · The circuit must be capable of removing the ringing current 
(ring trip) when an incoming call is answered. Normally, the line 
circuit in the central office trips ringing when the line relay operates. 
In some existing DLL circuits, however, a loop closure cannot be 
detected during the ringing interval. The ringing signal would be 
heard in the receiver. Although not a serious form of impairment, 
the phenomenon is annoying to many listeners. 

When an FX circuit terminates in a station set or a manual PBX 
switchboard, the subscriber line circuit at the central office detects 
an off-hook condition by the operation of a line relay in series with 
the transmission pair. This is called loop start operation. With loop 
start, the only incoming call indication received at the station or 
PBX is a ringing signal which has a 2-second on, 4-second off cycle. 
Consequently, there may be a delay of up to 4 seconds before a 
seizure indication is transmitted. Since a second seizure from the 
PBX end of the circuit may occur during the silent interval, loop 
start operation is clearly unsatisfactory for FX trunks serving a 
dial PBX. 

The likelihood of dual seizure can be virtually eliminated by another 
type of operation called ground start. With this arrangement, battery 
is supplied to the ring side of the line through the winding of the 
central office line relay. A call is initiated from the PBX by grounding 
the ring lead to operate the central office line relay. When a dial tone 
connection is established in the central office, ground is placed on the 
normally open tip lead. This causes the removal of the ground on the 
ring lead at the PBX and normal tip and ring connections are made 
at both ends of the circuit. Thus, with an outgoing call, the line is 
made busy as soon as the line relay operates and a second central office 
seizure is made impossible. On an incoming call, ground is placed on 
the normally open tip lead as soon as the central office equipment seizes 
the line for ringing. This ground provides a busy indication at the 
PBX so that the circuit cannot be seized at that end. Thus, seizure is 
immediately indicated on both incoming and outgoing calls. In addi
tion, ground-start operation provides central office disconnect infor
mation to the PBX. This information is the basis for a forward 
disconnect feature. 

TCI Library: www.telephonecollectors.info



324 Specia l Services Vol .  3 

The forward disconnect feature, not available in many existing 
circuits, enables a PBX or automatic call distributor to recognize 
an abandoned incoming call and to release the connection. Without 
this option, an abandoned call is not released and the trunk con
tinues to appear busy until an attendant answers. This feature is 
especially important for automatic call distributors such as might be 
used at airline reservation offices. If not provided, other callers are 
prevented from using the FX trunk and waiting time is lengthened 
for the incoming call queue. 

A hold PBX busy feature is required to prevent premature in
coming seizures of FX trunks. At the end of a call on an FX trunk, 
there may be a delay between the time the central office subscriber 
line circuit releases and the PBX extension disconnects. The FX 
trunk should appear busy during this delay to prevent seizure by 
central office switching equipment. 

Features and Options 

Some special services signalling functions are performed to serve 
the needs of transmission facilities or to provide desired optional 
features. These features may be illustrated by further discussion of 
FX service. 

Dial long line equipment must be carefully selected to satisfy opera
tional needs. For example, it may be necessary to choose a DLL unit 
capable of supplying idle circuit terminations or controls for disabling 
E6-type repeaters to prevent singing on idle circuits. Another feature 
that influences the selection of a DLL unit is that of starting a ringing 
machine. At some PBXs, continuous operation of a ringing machine 
is uneconomical ; at such locations, it is desirable to include the ability 
in the DLL unit to start the ringing machine when an incoming ring
ing signal from the central office is first detected. 

Single-frequency signalling is commonly used on special services 
circuits. The 2600-Hz signal is keyed at a 20-Hz rate to indicate ring
ing on a line. Since the 2600-Hz signal is off in the talking condition, 
band-elimination filters are not required and there is no impairment 
to transmission. The single-frequency signal is also used to transmit 
dial pulsing information. 

With toll diversion, access to the toll network may be denied to 
selected PBX stations. When a call is placed to a destination outside 
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the foreign exchange area, a battery reversal signal is transmitted 
through the toll connecting trunk back toward the PBX. The FX cir
cuit unit ( DLL) detects this signal and, if the extension is to be 
denied toll access, causes the connection to be diverted to an intercept 
operator or to a source of tone. 

In those areas where billing for local calls is on a message unit 
basis, message registers are required at hotels and motels to expedite 
the charging process for calls. Remote message register operation is 
implemented by means of a signalling channel separate from the 
FX channel. 

Signal ling Systems 

Generally, switched special services circuits utilize de or ac signal
ling systems similar to those normally used in the public message 
network. In special services applications, precautions must be taken 
because equipment and facilities are used in a manner significantly 
different from public network applications. 

DC Signal ling. The maximum distance over which de loop signalling 
may be used is limited by the dial pulsing range, the supervisory 
range, the ringing range, the ring tripping range, transmission con
siderations, or by some combination of these factors. 

Maximum ranges have been determined for various types of dial 
long line units. Ranges are stated in terms of circuit resistance 
external to the DLL and, where appropriate, are based on a minimum 
direct current of 23 mA supplied to the station. Figure 13-4 shows 
typical loop resistance limits for a loop start signalling arrangement 
which permits the extension of the normal limit of central office or 

Loop A Loop 8 

DLL LOOP A* LOOP 8 
VOLTAGE RESISTANCE, OHMS RESISTANCE, OHMS 

48 0-1800 0-1400 

72 1000-2900 0-1400 

*The station set resistance is included in loop A. 

Figure 1 3-4. Typical access l ine resistance limits (loop start). 
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PBX equipment on voice-frequency facilities. A sensitive relay in the 
DLL repeats the dial pulses toward the central office and provides a 
low-resistance battery feed circuit toward the station. This circuit also 
reapplies 20-Hz ringing current toward the station. The maximum 
signalling ranges of this arrangement are shown in the figure. When 
E-type repeater equipment is used, the resistance of the repeater 
and its building-out network must be included as a part of the maxi
mum range of the dial long line circuit. No more than two dial long 
line units may be used in tandem unless pulse correction is provided. 
With appropriate signal conversion equipment, standard de signalling 
arrangements (simplex, duplex, or composite) may be used. 

AC Signal l ing.  The de circuit arrangements are normally limited to 
relatively short facilities because of signalling and transmission 
requirements. When the circuit includes multilink carrier channels 
or a channel in a carrier system without built-in signalling, single
frequency ac signalling arrangements are generally used. Single
frequency ( SF)  signalling circuits convert the loop signal to a 
2600-Hz signal. This inband signal readily passes through the voice 
path eliminating the need for signal converter circuits at intermediate 
points of the facility when several carrier systems are used in tandem. 

A number of single-frequency signalling units are available for use 
in special services circuits. In the latest type, provision is made in 
one unit, used in all applications, for the conn�ction of pads, echo 
suppressors, and equalizers. Additional auxiliary units are used at 
both the station and central office ends of each circuit. Different 
auxiliary units are used for two-wire and four-wire applications and 
for 600-ohm and 900-ohm impedances. 

Signal l ing Requirements for PBX Stations 

With cut-through operation, where de continuity from the central 
office to a PBX station set is established through the PBX, dial pulsing 
and supervision on connections to the public message network must 
be provided over the PBX station line, through the PBX, and over 
the PBX-CO trunk. The overall resistance from the station to the 
serving central office must be within established limits. Range charts 
(described in Chapter 4) have been produced to summarize these 
resistance limits for various types of PBXs and central offices. If the 
limits are exceeded, dial long line equipment or other appropriate 
signalling extension techniques must be employed. 
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In addition to signalling through the PBX to central office equip
ment, stations must also signal and supervise to the PBX. Normally, 
loop resistance from an on-premises station to the PBX is within the 
limits specified in the appropriate range chart. Occasionally, an on
premises station is distantly located from the PBX so that the resis
tance limit is exceeded and almost all off-premises PBX stations 
exceed station-to-PBX limits. In these cases, a DLL or other signalling 
extension method may be needed to bring the station within range 
of the PBX regardless of any other treatment necessary to signal the 
serving central office. 

Figure 13-5 illustrates a relatively complex service arrangement, 
i.e., an off-premises station connected to a remote central office over 
an FX trunk. The detailed layout must simultaneously meet the re
quirements of ( 1 )  station-to-PBX signalling, (2) station-to-FX-office 
signalling, (3 )  PBX attendant-to-FX office signalling, and (4) normal 
station set current. With this arrangement, 48-volt DLL units are 
used. Loop A may have a resistance of 0 to 1800 ohms ( including the 
station set) ; the resistances of loops D and B + C may be 500 to 
2300 ohms each. 

Central 
office 

Figure 1 3-5. Typical off-premises station connection to central office. 

Satel l ite and Nontandem PBX Tie Trunk Signa l l ing 

A tie trunk can be arranged for manual or dial selection at either 
end by attendants or for dial selection at either end from stations. A 
connection is made to a manually selected tie trunk by plugging into 
the tie trunk jack on the switchboard or by operating a key on a 
console. For a manual PBX, only manual selection is possible. For 
manual auxiliary switchboards or PBXs with consoles, both manual 
and dial selection can be used. With dial selection, the trunk is con
nected to the switching equipment of the PBX and is reached by 
dialing a tie trunk access code. In all cases, one of several signalling 
arrangements may be provided. 
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Tie trunks can be described in terms of use and method of com
pleting incoming calls. Use is one-way only or two.-way ; one-way 
trunks are designated incoming and outgoing at the appropriate ends. 
Call completion methods are dial, ringdown, and automatic. Dial tie 
trunks provide dial selection of the desired station or trunk: On ring
down tie trunks, a 20-Hz ringing signal is manually initiated to alert 
the distant PBX attendant who then completes the call. Neither the 
originating nor terminating PBX attendant receives "answer" or 
"disconnect" cord signals from the trunk. Automatic tie trunks alert 
the PBX attendant at the distant end immediately upon seizure ; a 
20-Hz ringing signal is not transmitted. "Answer" and "disconnect" 
cord signals are provided at both the originating and terminating 
PBXs. 

The three main types of tie trunks are two-way dial, two-way 
automatic, and two-way ringdown. However, any of the three call 
completion methods may be used in one direction while a different 
method is used in the other direction. An example is a one-way dial, 
one-way automatic tie trunk used between a dial PBX and a manual 
PBX. The tie trunk used is based on the type of operation desired. 

Both de and ac signalling systems are used to convey information 
from one PBX to the other. The de method is normally used in the 
trunk circuit ; where necessary, it may be converted to or from single
frequency ac in a connecting circuit. 

1 3-3 VOICE TRANSMISSION CONSIDERATIONS 

In switched special services, the satisfactory transmission of speech 
signals is maintained by imposing design and operating transmissio1 · 
objectives. The types of circuits to which these objectives are applied 
include foreign exchange, long distance, and wide area telecommuni
cations service circuits. The objectives are also applied to PBX-CO 
trunks, nontandem tie trunks, and PBX station lines. Other circuits 
(not discussed in detail ) that are covered by similar objectives include 
secretarial service lines and off-premises extensions. 

loss 

Switched special services circuits are designed to meet loss objec
tives based on the VNL plan. When loss objectives are met, volume, 
noise, stability, and echo performance are satisfactory on the majority 
of connections. 
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When short-haul circuits may become links in long built-up con
nections involving VNL design, they must be designed to have a loss 
of at least VNL + 2 dB ; however, to reduce design effort and to 
ensure echo and stability margins, a minimum loss of 3.5 dB has been 
adopted as the objective for short-haul circuits. 

Loss Calculations and Measurements. The losses of switched special 
services circuits are expressed in terms similar to those used in the 
public switched network. In special service applications, the termi
nology is applied to customer lines as well as to the various types of 
special services trunks. The terms include inserted connection loss 
(ICL) , expected measured loss (EML) , and actual measured loss 
(AML) . 

Inserted Connection Loss. As with message circuit trunks, the 
ICL is defined as the 1-kHz loss between originating and terminating 
outgoing switch appearances for trunks. For customer lines, it is the 
1-kHz loss between the line side of the switch and the station set. 
Included are the losses resulting from connections between different 
impedances, e.g., between a 600-ohm PBX and a 900-ohm class 5 office. 

Expected Measured Loss. To assure that measured loss values agree 
with design values, the EML is computed as the 1000-Hz loss between 
two readily accessible points having specified impedances. It includes 
the ICL plus switching circuit or cord circuit losses, test pad loss, 
switchable pad losses, and test equipment connection losses. Thus, it 
is important to specify properly the originating and terminating 
switches since different specifications may result in different losses. 

Actual Measured Loss. The AML is the measured 1-kHz loss be
tween the same two access points as those for which the EML is com
puted. Test sets should have impedances equal to the nominal imped
ances assigned to the switching machines at which they are located. 
For special services lines, the detector or oscillator impedance at the 
station end should be equal to a 600-ohm resistance. Because of the 
high impedance of the on-hook station set, it need not be physically 
disconnected from the line when making the measurement. 

All routine loss measurements should fall within the maintenance 
limits established for the EML. When measurements fall outside the 
maintenance limits but do not exceed the immediate action limits, 
routine maintenance action is indicated. If the AML falls beyond the 
immediate action limits, corrective maintenance action must be taken 
to clear the trouble condition as soon as possible. 
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Objectives. Design objectives for Class 1 and Class 2 special services 
circuits are given in Figure 13-6. Values of EML must be derived 
from the ICL by adding the losses incurred in the test equipment 
connections. 

In certain applications, adequate transmission performance results 
if modified ICL objectives are applied for nontandem and satellite tie 
trunks. Short-haul two-wire tie trunks may be designed to an ICL 
of 4.0 dB with gain and up to 4.5 dB without gain. All four-wire tie 
trunks may be designed to VNL + 4.0 dB or to VNL + 2S + 2.0 dB 
where switchable pad operation is used. However, if the tie trunks 
can be switched to other tie trunks, if they can be used in universal 
service connections, or if these capabilities are contemplated to meet 
future needs, the objectives in Figure 13-6 should be applied. 

Grade-of-Service Considerations. To illustrate the importance of meet
ing ICL objectives, the grade of service for the connection of 
Figure 13-7 (a)  may be compared for two assumptions of FX line 

ICL OBJ ECTIVE, d B  

CIRCUIT TYPES SHORT-HAUL LONG-HAUL 

LINES WITH GAI N  WITHOUT GAIN 

FX 3.5 0-5.0 VNL + 4.0 

W ATS to class 5 office 3.5 0-4.0 VNL + 4.0 

W ATS to toll office 4.5 4.0-5.0 VNL + 4.0 

OPX 3.5 0-6.0 VNL + 4.0 

Secretarial 3.5 0-6.0 -

On-premises PBX station - 0-4.0 -

Off-premises PBX station 4.0 0-4.5 VNL + 4.0 

TRUNKS 

PBX-CO and ACD-CO 3.5 0-4.0 -

FX and ACD-FX 3.5 0-4.0 VNL + 4.0 

W A TS to class 5 office 3.5 0-4.0 VNL + 4.0 

W A TS to toll office 4.5 4.0-5.0 VNL + 4.0 
LD 4.5 4.0-5.0 VNL + 4.0 
Satellite tie VNL + 2S + 28 VNL + 28 + 28 VNL + 28 + 28 

Non tandem tie VNL + 28 + 28 VNL + 28 + 28 VNL + 28 + 28 

Note : 28 = 2-dB switchable pad. 

Figure 13-6. Special services circuit ICL objectives. 
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ICL. In the first case, the FX line is assumed to have an ICL of 5 dB, 
which j ust meets the maximum objective, and in the second case, 
the FX line is assumed to have an ICL of 8 dB. Typical noise and 
loss values for various metropolitan network connections are given 
in Figure 13-7 (b) . The connections include up to four links com
prising two tap.dem trunks and two intertandem trunks. The per
centages for good or better and poor or worse grade-of-service ratings 
were determined for left to right transmission by the use of a com
puter program. The grade of service for transmission in the opposite 
direction might be slightly different due to differences in station set 
efficiencies and noise effects. 

Figure 13-7 (b) shows that the grade of service improves somewhat 
on short intrabuilding connections when the FX line loss is 8 dB. 
This improvement ( 1.7 percent increase in good or better and 0.6 
percent decrease in poor or worse ratings) is due to fewer observa
tions of "too loud" on these short connections. All other configurations 
show significant deterioration in the grade of service due primarily 
to the added overall loss. The differences in noise for the two cases 
are only a few tenths dB. 

Similar effects occur when several special services circuits are used 
in a built-up connection. If ICL objectives for the special services 
circuits are exceeded, the grade of service for such built-up connec
tions deteriorates rapidly with relatively small increases in ICLs. 

Return loss 

Objectives have been established for return losses to control echo 
and to provide singing margin in special services circuits for reasons 
similar to those that apply to ordinary telephone service applications. 
The concern here is primarily for terminal balance with those special 
services circuits, such as W A TS lines and trunks and LD trunks, 
which terminate in a toll central office. Return loss measurements are 
made from the toll office with the station end of the circuit terminated 
in an off-hook station set or 600 ohms. The objective is a median echo 
return loss of 15 dB, a minimum of 9 dB, and an immediate action 
limit of 6 dB. Singing return loss objectives are a median value of 
10 dB, a minimum of 6 dB, and an immediate action limit of 4 dB. 

All special services circuits that use gain devices must have ade
quate margins to avoid singing or near singing conditions. These 
circuits must be stable in the idle condition as well as in the talking 
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condition. Idle condition stability can be controlled by limiting re
peater gains, by use of repeater disablers, or by use of idle circuit 
terminations. In the idle condition, only enough singing margin is 
required to satisfy impedance changes due to seasonal temperature 
variations. 

Some difficulty may be encountered in meeting both gain and idle 
circuit singing margin requirements in a circuit without repeater 
control but which uses a DLL unit. Since the DLL unit repeats an 
idle or open circuit condition, it presents a 0-dB return loss and the 
allowable gain of the repeater is severely limited if the repeater is  
not properly located. Figure 13-2 shows desirable relative locations 
of DLL units and repeaters. However, with any design, a check of 
both signalling and stability requirements must be made. Extreme 
cases may require a new interoffice facility of coarser gauge wire 
pairs to eliminate the need for a DLL unit, the use of four-wire 
facilities to obtain greater gain and singing control, or the use of a 
repeater disabler. 

For an established connection, a computed singing margin of at 
least 10 dB is a reasonable minimum to allow for expected differences 
between the computed and actual results, to allow for variations from 
assumed line conditions, and to avoid near singing. 

Noise 

Circuit order requirements, maintenance limits, and immediate 
action limits for noise are given in Figure 13-8 for circuits that have 
one or more links of voice-frequency or carrier trunk plant facilities. 
Where the circuits are derived from loop plant facilities, the circuit 
order requirement and maintenance limit is 20 dBrnc and the im
mediate action limit is 36 dBrnc. The noise limits apply at the station 
for W ATS, off-premises extension, secretarial, and on-premises and 
off-premises station lines. The limits apply at the PBX for PBX-CO, 
WATS, and ACD trunks. Circuit order requirements specify the maxi
mum acceptable noise when the circuit is initially placed in service. 
Maintenance limits have the same values as circuit order requirements 
and specify the maximum acceptable noise when measured routinely 
or in response to a trouble report. 

A circuit with measured noise less than the circuit order or mainte
nance limit does not require maintenance ; where noise exceeds the 
limit, the circuit can be placed in service or can be allowed to remain 
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NONCOMPANDORED COMPANDORED 

ROUTE MAINTENANCE 
IMMEDIATE 

MAINTENANCE 
IMMEDIATE 

MILEAGE LIMIT,* dBrnc ACTION LIMIT, 
LIMIT,* dBrnc 

ACTION LIMIT, 
dBrnc dBrnc 

0-15 28 36 23 30 

16-50 28 36 23 30 

51-100 29 36 24 30 

101-200 31 36 26 30 

201-400 33 40 28 34 

401-1000 35 �0 30 34 

1001-1500 36 40 31 34 

1501-2500 39 44 34 40 

2501-4000 41 46 36 40 

*Circuit order requirement has same value. 

Figure 1 3-8. Station noise limits for switched special services circuits on trunk 
plant facilities. 

in service only if remedial action is taken. Under no circumstances 
should a circuit whose noise exceeds the immediate action limit be 
allowed to remain in service. 

Telephone Set Current 

Transmission objectives, expressed in terms of 1-kHz losses, are 
based on an optimum station set current of approximately 50 milli
amperes. Currents smaller than this provide le�s output from the 
transmitter while larger currents reduce the efficiency of the receiver. 
The 500-type telephone set is equipped with a network which auto
matically adjusts the efficiency of the set according to the amount of 
the current flowing in the loop. T�e output power of the tone signal 
generator in a TOUCH-TONE telephone set is an inverse function 
of the loop current ; i.e., the minimum generator output occurs with 
maximum loop current. 

The battery supply may be located at any of several points in the 
circuit depending on the type and location of the equipment used. 
When transmitter battery is supplied from the normal serving central 
office there is generally no problem in maintaining satisfactory loop 
current. However, the location of DLL equipment must be considered 
from a loop current standpoint as well as from supervision aspects. 
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The location of the DLL unit and the battery voltage (48V or 72V) 
should be chosen so that the current fed to the station set is in the 
range of 36 to 65 rnA and in no case should the current be less than 
about 23 rnA. 

Bridge Lifters 

Where a special service is provided by bridging one circuit on 
another, the transmission performance may be seriously degraded 
by the effect of the parallel impedance. The degradation is avoided 
by using bridge lifters at the bridging point. The two special service 
lines that are particularly affected are secretarial service lines and 
off-premises extension lines. 

A bridge lifter is used on the main station line to improve trans
mission on the special service line when the sum of the lengths of 
the main station line and any bridged taps on the main station line 
and the special service line exceeds 6000 feet of nonloaded pairs or 
when the main station line or the special service line is loaded. 
Similarly, a bridge lifter is used on the special service line when the 
sum of the lengths of the special service line and any bridged taps 
on the two lines exceeds 6000 feet of nonloaded pairs or when the 
special service line or the main station line is loaded. 

1 3-4 DATA TRANSMISSION CONSIDERATIONS 

The voice-frequency facilities of the switched public network are 
used to transmit a variety of data signals. Voice-frequency data serv
ices are classified according to the signalling rate of the transmitted 
data signals. The classifications and rates are : type I, signals trans
mitted at rates below 300 bits per second ; type II, signals transmitted 
at rates between 300 and 2400 bits per second ; and type III, signals 
transmitted at rates in excess of 2400 bits per second. The type II 
classification is also applied to voice-frequency analog data signals. 

Data service may be furnished on an end-to-end basis wherein all 
facilities .are furnished by the telephone company. This is called 
DATA-PHONE service and the equipment and facilities are so desig
nated (for example DATA-PHONE data sets and DATA-PHONE 
loops ) . In some cases, the terminal equipment and data sets are pro
vided by the customer and connections are made to the message net
work through data access arrangements ( DAA ) . 
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A unique problem sometimes arises when automatic calling ( un
attended dialing) is a required feature. This type of service must be 
provided by a centr�l office that has automatic number identification 
and automatic message accounting capabilities. If the normal serving 
office cannot meet these requirements, the service must be provided 
over a line to a suitable remote office. Such service, called remote ex
change (RX) service, may be furnished so that specific data trans
mission capability may be provided by a remote office when the normal 
serving office lacks that capability. 

Transmission Obiectives 

Facilities used for data signal transmission must meet data signal 
transmission objectives in addition to speech signal transmission 
objectives. These objectives are covered in terms of specific types of 
circuits and general applications. 

Circuit Appl ications. Parameters which must be considered in the 
transmission of data signals at rates of 300 bps and higher have little 
or no effect on signals transmitted at rates under 300 bps. For this 
reason, two DATA-PHONE loop designs are recommended. The major 
differences are that no attenuation/frequency distortion or envelope 
delay distortion (EDD) requirements are imposed on local loops for 
type I service. Loop transmission objectives for types I, II, and III 
DATA-PHONE or DAA services are summarized in Figure 13-9 (a) . 

Transmission objectives for RX, FX, and W ATS lines are sum
marized in Figure 13-9 (b) . The distortion objectives of toll connecting 
trunks are allocated to RX and W ATS lines on the premise that a 
central office adjacent to the toll switching center can be chosen as 
a serving office and the distortions of a toll connecting trunk can 
be ignored because they are insignificant. The objectives would then 
apply to the line from the data station to the serving office. How
ever, this is true only where the described relationship between the 
serving office and the toll switching center exists. If the serving 
office must be at a distance from the toll switching center, the dis
tortions of the toll connecting trunk must be included in the objectives 
for RX and W ATS lines given in Figure 13-9 (b) . In such cases, the 
impairment of various types of facilities encountered in toll connecting 
trunks must be added to the loop impairments to verify that the con
nection from the station to the toll switching office is within limits. 
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PARAMETERS TYPE I SERVICES TYPES I I  AND I l l  SERVICES 

1000-Hz insertion loss 9.0 d B  9.0 d B  

Envelope delay distortion Not specified 100 JJ.S 
( 1000 to 2400 Hz) 

Signal power at office - 12.0 dBm - 12.0 dBm 

( at MDF )  ( max.) ( max. )  

Impulse noise Not specified Not more than 15 counts in 1 5  min-
utes at a threshold of 59 dBrncO on 
carrier facilities or 50 dBrncO on 
VF facilities. 

Message circuit noise Voice message requirements 

(a) Local loop l imits. 

TYPE I SERVICES 

PARAMETERS RX, WATS L I NES 
RX, WATS LINES 

TO CLASS 4 OFFICES FX LI NES 
TO CLASS 5 OFFICES 

OR EQU IVALENT 

1000-Hz insertion loss 9.0 dB 9.0 dB 8.5 dB 

Envelope delay Not spec ified Not specified Not specified 
distortion 

Impulse noise Not specified Not speeified Not specified 

TYPES I I  AND I l l  SERVICES 

1000-Hz insertion loss 9.0 d B  8 . 5  d B  

Harmonic distortion* 
Second harmonic 30 dB 28 dB 
Third harmonic 36 dB 33 dB 

Envelope delay 300 JJ.S 600 p.S 
distortion ( 1000 to 
2400 Hz) 

Impulse noise 15 counts in 15 minutes at a threshold of 68 dBrncO 

*Harmonic ratios to 700 Hz fundamental :  Type III data sets only. 

(b) RX, FX, and WATS line l imits. 

Figure 13-9. DATA-PHONE and DAA transmission limits. 
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The performance of FX lines is approximated by including the 
distortions of a toll connecting trunk and one or two intertoll trunks 
with those of the local loop. By subtracting the results from the long
haul contribution, the remaining distortion (which is approximately 
equivalent to that of a short toll circuit) is such that the overall 
transmission objectives for DATA-PHONE service can be met on 
calls terminating within a radius of 200 miles of the FX serving 
office. Performance cannot be specified beyond this distance. 

General  Appl ications. Attenuation/frequency distortion (slope) is the 
dB difference in circuit attenuation at two specified frequencies. In 
DATA-PHONE circuit design, the slope is measured between 1000 
and 2800 Hz. Types II and III DATA-PHONE data sets are designed 
to compensate for average amounts of slope by means of built-in 
equalization. The AML at 1000 and 2800 Hz should be recorded for 
each loop on which types II and III data sets are used and for all FX, 
RX, and W A TS lines regardless of the data set used. The AML should 
be within 1.0 dB of the EML at 1000 Hz and within 2.0 dB of the 
EML at 2800 Hz. The 3-dB slope transmission objective applies 
regardless of the difference between the EML and the AML. 
Attenuation/frequency distortion objectives for types I, II, and III 
data services are given in Figure 13-10. 

Envelope delay distortion can cause serious impairment of data 
signals. An EDD obje·ctive is not specified for type I data service 
loops but types II and III data service loops must meet the objective 
given in Figure 13-9 (a) . Objectives for FX, RX, and W ATS lines 
are given in Figure 13-9 (b) . All DATA-PHONE data sets are de
signed to tolerate some EDD. In addition, some sets have built-in 
compromise equalizers which may be used optionally to compensate 

CIRC U IT TYPE TYPE I SERVICES TYPES I I  AND I l l  
SERVICES 

Local loops Not specified 3.0 dB 

RX and W ATS lines to 7.0 dB 5.0 dB 
class 5 offices 

RX and W ATS lines to 8.0 dB 5.0 dB 
class 4 offices 

FX lines 8.0 dB 6.0 dB 

Figure 1 3- 1 0. DATA-PHONE and DAA slope objectives. 
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for EDD. Since the loop may consist of loaded and/ or nonloaded cable 
pairs; open wires, or carrier facilities, the amount of EDD varies. If 
the EDD exceeds the objectives, additional equalization is required. 
Where the objectives cannot be met, error rate tests may be made to a 
distant test center to determine whether service is satisfactory. 

Data signals are especially susceptible to impulse noise, particularly 
at the data station where received data signals are at their lowest 
amplitudes. Thus, impulse noise measurements are made at the re
ceiving terminals of the data set ; this procedure usually ensures that 
impuse noise from all sources is included in the measurement. Within 
a central office, each path through the switching machine may exhibit 
a different number of impulse noise counts at the specified threshold. 
If the contribution of the loop facilities is assumed to be constant, the 
variation in counts registered during 15-minute measurement inter
vals depends on the intraoffice path of the connection. If the specified 
objective is barely met, it may be expected that the limit is being ex
ceeded in a large percentage of the calls through the office. In marginal 
cases, it is recommended that four 5-minute measurements be made 
and if three of the four measurements register five counts or less at 
the specified threshold, the circuit can be accepted. If the impulse 
noise objective is exceeded and the condition cannot be corrected, an 
RX line must be provided to another office. 

DATA-PHONE data sets are designed to tolerate echoes that are 
at least 12 dB below the minimum received signal power. Since echo 
requirements can usually be met without special loop treatment, no 
specific return loss measurements are required on DATA-PHONE 
loops. If trouble is indicated by a constantly high error rate, measure
ments are necessary. Such troubles can usually be attributed to im
pedance irregularities in trunk circuits, poorly balanced terminating 
sets, or improperly adjusted loop repeaters. If E-type repeaters are 
used, transmission stability must be considered. 

Design Considerations 

Special services loops and lines that are intended to transmit data 
signals must be designed according to criteria that are somewhat dif
ferent from those applied to ordinary telephone circuits. The related 
parameters of loss, signal power, and transmission level points 
( TLPs)  must be carefully considered. 
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Loops. A DATA-PHONE loop consists of all facilities and line 
equipment between the connecting block at the customer premises 
and the side of the main distributing frame that is wired to the switch 
at the serving central office as illustrated in Figure 13-11. In most 
cases, the loop is composed of cable pairs but carrier facilities are 
.sometimes used. In any case, the loop loss should not exceed 9.0 dB. 

Connection of customer-provided terminal equipment is made 
through a protective connecting arrangement (coupler) which in
creases the insertion loss of the DAA by up to 2 dB. The coupler 
limits the maximum power (averaged over a 3-second interval ) 
applied to the loop. 

The average signal power measured at the central office must not 
exceed -12 dBm in order to avoid overloading carrier and radio 
facilities. The TLP at the outgoing switch of a class 4 office is -2 dB. 
Since the loss of a toll connecting trunk is approximately 3 dB, the 

Customer premises 

Business DATA-PHONE 
machine - data set r-

Customer premises 

Customer-
Connecting provided � block � 

equipment 

Connecting DATA-PHO 

block 

1\ 
\I 

Protective DAA 
connecting 

9 dB mo, ------r �=�· l 
NE loop I 

Serving central office 

CKT 
EQUIP* 

loop arrangement 

I Up to +----9 dB max. _J O
i
f
o
f
s
ic
s
eJ 1+- 2.0 dB - 11'!4--------

* Circuit equipment not always required. 

Figure 13-11. Loop designs for data transmission. 
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serving class 5 office can be thought of as a +1 dB TLP with respect 
to broadband carrier facilities at the class 4 offices. Therefore, the 
data signal power is -13 dEmO on the carrier channel. Only 
DATA-PHONE data sets capable of being adjusted to meet this 
requirement should be used. 

The type of switching equipment in the serving central office is a 
consideration in the design of DATA-PHONE loops. Panel-type and 
step-by-step switching equipment are often not acceptable because 
of excessive impulse noise. Although these types of equipment may 
be acceptable in some cases for type I data service, an evaluation 
should be made. If the normal serving office is unsuitable, as indicated 
by transmission measurements, an RX line must be provided. 

Lines. Line facilities for FX, RX, and W ATS lines are often com
posed entirely of voice-frequency components as illustrated in 
Figure 13-12. The parts of these circuits indicated as being related 
to transmission objectives must meet the objectives given in 
Figure 13-9 (b)  . 

local central Serving central Toll 

DATA-PHONE ,..
offict;..._ 1

office
1 

2 dB 
1

office
1 A ll. II. 

station ..., ..., v v v  

(a) Serving office adjacent to toll switching office 

Toll 
Local central Serving central connecting Toll 

DATA-PHONE office I office I trunk I office
1 � ,.. 

station ..., ..., 
I .,.4..,__ ______ Transmission objectives ----------1��1 

(b) Serving office remote from toll switching office 

Figure 13-12. Voice-frequency FX, RX, or WATS line designs for data transmission. 
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When carrier facilities are included in an FX, RX, or W A TS line 
for DATA-PHONE service, an arrangement such as that shown in 
Figure 13-13 is used. In the transmitting direction, the design places 
the data station at a +5 dB TLP which is consistent with the TLP 
of private lines. This design results in a 21-dB loss in the trans
mitting direction from the data station to the -16 dB TLP at the 
carrier channel input. The data signal power at the -16 dB TLP 
is -29 dBm which means that the data signal power transmitted 
at the data station is adj usted to -8 dBm (or to the next lower power 
setting on step-adjustable data sets) .  This represents a fixed-loss 
design of 4 dB between the station set and the serving central office. 
An office loss of 0.5 dB is assumed. Actual office losses may differ 
somewhat from this value but the net loss should not be less than 
the design objective so that adequate return loss and singing margins 
are provided. The net losses must be equal in the two directions of 
transmission. The example shown in Figure 13-13 represents a short 
RX, FX, or W ATS line terminating in a class 5 office. In cases where 
the line is to terminate in a class 4 office, the office TLP is -2 dB and 
the design loss is a fixed 7 dB. 

In Figure 13-13, the 21-dB loss from the data station to the carrier 
channel input consists of the T pad (14 dB ) ,  the hybrid loss ( 4 dB ) ,  
and the loss of the two-wire nonloaded cable link (3  dB ) .  These 
losses are assumed for the purpose of illustrating the design. The 
value of the T pad is determined by the cable loss but it should be 
noted that there is a practical upper limit to the loss that can be 
used in the two-wire local loop since singing margin must be pro
tected in the carrier link by some minimum loss in the T pad. The 
singing margin is dependent on the loss across the hybrid which, in 
turn, depends on the degree of balance obtained. A compromise de
sign is assumed in the illustration. The loss across the hybrid should 
be sufficient for loops having losses close to the value shown. Losses 
of longer loops can be tolerated since such loops are usually loaded and 
the use of a precision network accomplishes a better degree of balance 
and consequently a higher transhybrid loss. The design illustrated 
meets terminal balance objectives. The four-wire portion of the line 
may be extended to the station set, if necessary, to meet the singing 
margin requirement. While the data station TLP of +5 dB sacrifices 
5 dB in terms of signal-to-noise ratio for voice transmission, the de
sign represents a compromise favoring data operation. 
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Cable Facility Treatment 

In order to meet data transmission requirements, it is sometimes 
necessary to improve loop transmission characteristics. Normally, 
nonloaded loops up to 9 kilofeet in length meet requirements without 
additional treatment. However, nonloaded loops longer than 9 kilofeet 
have excessive slope which must be corrected. Loaded loops with end 
sections longer than 9 kilofeet also have excessive slope ; those having 
more than three loading coils have excessive envelope delay distortion. 

Transformers (repeating coils) may be used as equalizers at the 
serving central office to improve the slope characteristic of nonloaded 
loops 9 to 12 kilofeet long. Where such treatment is used, a bypass 
arrangement (dial long line unit) is required at the office to permit 
loop supervision and signalling. Such treatment may be more eco
nomical than building out a loop to 12 kilofeet and providing the 
necessary loading. 

The slope characteristic of nonloaded cable pair loops can be im
proved by the use of E-type repeaters equipped with appropriate net
works, as illustrated in Figure 13-14. The curves were derived from 
measurements of 26-gauge cable pairs terminated in 900 ohms. One 

1 5 .-�----��----�---------.-----,, � 
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1 3  
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v "§  

/ � 
12 t----+---+----+-- c:a��e v � 
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10 r--r----�----r-���+---��--� 
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Figure 13-14. Slope improvement on 26-gauge nonloaded cable. 
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curve shows the slope characteristic of the cable alone while the other 
two curves show the slope improvement resulting from the use of 
E-type repeaters. The use of an E-type repeater may lead to excessive 
envelope delay distortion of a loop ; however, a compensating network 
is available for use with E-type repeaters to improve the delay 
characteristics. 

An E-type repeater equipped with appropriate networks can be 
used to correct the slope characteristics of nonloaded 26-gauge loops 
up to 14 kilofeet long, 24-gauge loops up to 17 kilofeet long, 22-gauge 
loops up to 22 kilofeet long, or an equivalent combination of lengths. 
An equivalent combination of gauge lengths would be one where the 
sum of the fractional parts (the actual length used divided by total 
length permitted for each gauge) totals unity. 

If the slope and envelope delay requirements cannot be met by the 
above methods, a trouble condition requiring corrective action may 
be indicated. Loading coils may be incorrectly spaced or there may be 
an excessive number of load points (more than three) .  The end section 
of a loaded line may be excessive (more than nine kilofeet long) . 
Finally, there may be one or more bridged taps that can be removed 
to improve the loop characteristics. While two-wire design is usually 
the more economical, four-wire design combined with V -type repeaters 
with appropriate equalizers may have to be used if slope and delay 
requirements cannot otherwise be met. 

PBX Considerations 

Because of higher impulse noise, error rate performance in 
DATA-PHONE circuits that have dial access to the switched message 
network through a PBX is generally poorer than that on direct loops 
to the central office. Where a choice exists, a direct loop is recom
mended, especially for types II and III services. If a direct loop is 
not provided, any treatment necessary to meet DATA-PHONE trans
mission objectives must be applied to all PBX-CO trunks over which 
the service may be routed. This means that all PBX-CO trunks must 
be built out to have the same loss and the data station TLP must be 
adjusted for this loss. The line distortion between the PBX and the 
station is assumed to be negligible for on-premises stations. The 
transmitted data signal amplitude limitations must be maintained at 
the serving central office for all trunks involved. Slope equalization 
may be required on long PBX-CO trunks used for types II and III 
services. 
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Arrangements which permit alternate use of the switched message 
network with a special service circuit (such as a PBX tie trunk) 
require special consideration. The DATA-PHONE signal power re
quirements must be met for satisfactory performance on the switched 
message network but, unless compensated for, the data signal power 
may be too high on the special service circuit. The difference in power 
occurs because the PBX switch is considered to be a +4 dB TLP 
for DDD access but is considered to be a 0 TLP for FX, RX, and 
W ATS trunks. The 4-dB difference could be compensated for by a 
variety of techniques depending on economics and local company de
sign. Centrex service with a switchboard attendant position may 
present special problems, especially when the centrex central office 
is remotely located. The difficulty arises from the fact that signals 
may be transmitted between the customer location and the central 
office three times on a call (data station to central office to switchboard 
to central office) . 

If unattended operation of the data set is desired, difficulties can 
also be encountered in the operation of a data set connected over a 
station line to a manual PBX or where a dial long line circuit is 
provided. Most modern data sets, when operated in the unattended 
answer mode, are dependent on the de line current present while 
superimposed ringing occurs for answer supervision and ring 
tripping. In some older PBXs, incoming ringing current on a trunk 
causes the PBX to supply the PBX station with ringing current from 
a ringing generator. This type of generator does not supply direct 
current during the ringing interval. Without direct current, there 
can be no ring tripping or holding relay operation in the data set. 
As a result, the data set disconnects before battery can be placed on 
the line. 

Although the timing sequence of the ring tripping operation of a 
manual PBX is such that it should perform satisfactorily with un
attended data sets, other difficulties may be encountered. for example, 
if the data set attendant requests the PBX operator to establish a 
connection to another data station and then call back the originator, 
both the called and calling stations are in the answer mode. Such 
operation results in incompatibilities in data sets having answer-back 
sequences. Also, if the PBX attendant inadvertently operates a talk 
key associated with the connection during the transmission of data, 
errors result and the connection may be lost. If PBX data stations 
must be provided, they should be attended stations with special in-
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structions for establishing and maintaining connections. These recom
mendations apply to both DATA-PHONE and DAA installations. 

DATA-PHONE service to off-premises stations is discouraged. 
Satisfactory error rate performance cannot be assured because 
DATA-PHONE loop design applies to trunks between the PBX and 
the serving central office but not to the facilities and circuits serving 
the off-premises station. Operation of type I data sets and customer
provided equipment operating at similar bit rates may be satisfactory 
but cannot be assured. 
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Chapter 1 4  

Centrex 

Private branch exchanges (PBXs) have served the diverse com
munications needs of business customers for many years. They were 
originally conceived as small, self-contained switching systems de
signed to serve situations in which most calls were internal. That 
concept is still valid for some installations. However, the complex 
operations of many modern businesses pose traffic problems that 
challenge the traditional role of the PBX. 

The need to alter PBX switching system design was indicated when 
direct distance dialing (DDD) was introduced. The extension of DDD 
service to PBX stations made possible much faster and more efficient 
calling to points outside the PBX, leading to the introduction of an 
improved service, called centrex ( CTX) , to provide direct inward and 
outward dialing. In addition to offering the service features required 
by a large complex business, centrex gives PBX customers message 
network service that is comparable to individual line service in speed, 
flexibility, and efficiency. 

1 4- 1  CENTREX FEATURES AND ARRANGEMENTS 

Each centrex installation must meet the service demands for which 
it is designed and engineered. These demands are satisfied by flexible 
service offerings derived by providing features in basic equipment ar
rangements. In addition, many optional features are available. Equip
ment arrangements can be provided either at the customer premises 
or at a central office. 
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Service Features 

Each centrex package of services includes the basic features associ
ated with PBX .services. The attendant position is a console or switch
board where incoming calls to the listed directory number or calls 
requiring attendant assistance are answered and completed. 

The following are illustrative of basic centrex features. Direct out
ward dialing ( DOD ) offers direct access to the network without at
tendant assistance. Station-to-station calling permits the station user 
to dial a desired PBX station without attendant assistance. A station 
hunting feature directs calls to a pre-arranged alternate station when 
the called station is busy. Station restriction denies the ability of 
specific stations to place outgoing calls and certain miscellaneous trunk 
calls without assistance from the attendant. Call transfer-attendant 
enables the called party, while connected to the incoming line, to 
signal the attendant and have the call transferred to another station 
within the PBX system. Upon loss of power, power failure transfer 
automatically enables outgoing service to the message network for a 
limited number of pre-arranged stations and, in some cases, incoming 
service can also be provided. Night service permits calls to be directed 
to a PBX station in the absence of the attendant. 

In addition to such basic features, centrex provides direct inward 
dialing ( DID) to permit calls from the message network to reach the 
called station without attendant assistance. Automatic identified out
ward dialing (AIOD ) identifies the calling station on outgoing toll 
calls for billing purposes. 

Centrex can include several additional features. Call transfer
individual permits a station user to transfer an incoming call to 
another station within the PBX system without assistance from the 
attendant. Add on enables a station user to add another station within 
the PBX to an existing incoming call, thereby establishing a three
party conference. Consultation hold allows a station user to hold an 
incoming call and originate, on the same line, a call to another station 
within the PBX. After consultation, the user may add the third party 
to the original call or return alone to the original call if the third party 
hangs up. The trunk answer any station feature permits any .station 
user, by dialing a special code, to answer incoming listed directory 
number calls when the attendant position is on night service. 

Additional and specialized optional features are available for 
centrex service. Foreign exchange (FX )  service, wide area telecom-
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munications service (W ATS ) , and tie trunk services can be provided 
to connect the centrex switching machine with the message or private 
networks. TOUCH-TONE calling and toll diversion can be provided. 
Conference calling permits a station user to establish a conference 
connection of up to six conferees without attendant assistance. 

Some optional features can be provided only by the versatile elec
tronic switching systems. Speed calling allows the station user to 
originate a call by dialing fewer digits than are normally required. 
Three-way calling allows the station user to add another station within 
the same PBX or centrex system to either an incoming or outgoing 
call for a three-party conference without attendant assistance. Call 
forwarding enables the station user to have all calls rerouted auto
matically to an alternate station within the PBX. Call forwarding
busy line permits all incoming calls to a busy station to be routed 
automatically to the attendant. Call forwarding-don't answer per
mits all incoming calls to a station that doesn't answer within a 
prescribed time to be routed automatically to the attendant. 

Other optional features provide interface facilities for customer
owned equipment. Paging allows attendants and station users to con
nect to and page over customer-owned loudspeaker equipment by 
dialing a special code. Recorded telephone dictation permits access to 
and control of customer-owned telephone dictating equipment. The 
dictating equipment may be controlled either by voice or dial. Code 
call permits attendants and station users to activate customer-owned 
signalling equipment by dialing a special code. The called party can 
then be connected to the calling party by dialing another special code. 

Equipment Arrangements 

Centrex service is available in two equipment arrangements. In one 
arrangement, service is provided by switching equipment located in a 
central office. The switching equipment is usually No. 5 crossbar, No. 1 
E SS, or No. 2 ESS although .step-by-step equipment

· 
is used in some 

cases. Each centrex station is served by a direct line to the central 
office. Attendant facilities at the customer premises may consist of a 
console or a switchboard. A switching machine may provide only 
centrex service or it may provide both centrex and ordinary telephone 
service. The switching machine normally is treated as a class 5 office 
in the message network. Where a portion of a centrex machine 
switches tandem or intertandem tie trunks, terminal or through 
balancing is required. 
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In some centrex arrangements, both switching equipment and at
tendant facilities are located on customer premises. When used for 
centrex service, the transmission characteristics of a PBX and its 
connecting circuits are similar to those used for normal PBX service. 

Since the inception of centrex service, many improvements in tech
nique and capability have been incorporated into switching machine 
hardware and software. As a result, there are several vintages of 
equipment and program arrangements. Thus, it is necessary to verify 
that the features under consideration for a given application can be 
provided by available equipment. 

1 4-2 CENTREX TRANSMISSION CONSIDERATIONS 

Most centrex customers are large toll users and, in many cases, the 
centrex is part of a switched services or tandem tie trunk network. 
In addition, centrex stations may have requirements for special fea
tures such as conferencing and add on. To provide a satisfactory grade 
of service, transmission losses must be maintained near objective 
values. 

Station Lines 

Centrex station lines are similar to ordinary loops. In view of the 
previously mentioned service features, the maximum 1000-Hz loss of 
a centrex station line is 5.0 dB, well below the maximum for an 
ordinary loop. The resistance limit is 1300 ohms. Where a centrex 
station is looped through a switchboard to gain access to the message 
network, as shown in Figure 14-1, the overall loss from the central 
office to the station over the three loop facility links in tandem should 
not exceed 8.0 dB. However, connections of this type are not recom
mended. Manual switchboards have largely been replaced by operator 
consoles which use release link access and do not require three con
nections between the central office and the customer premises. 

Attendant Faci l ities 

Attendant facilities for centrex are usually provided by means of 
consoles. From a transmission standpoint, console operation is 
superior to switchboard operation. However, some types of operation 
require switchboard facilities to permit administration by a PBX 
operator. 
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Figure 14-1. Centrex station connection through a switchboard to the message 

network. 

Consoles. As previously mentioned, attendant service with consoles 
is provided on a released link basis. This means that calls are switched 
to the console for attendant assistance ; such calls can be automatically 
released from the console when assistance is no longer required. The 
signals and controls on the console are such that the attendant can 
either monitor the associated connection or split it and talk to either 
party privately as if the circuit were looped through the console for 
direct control of its continuity. 

The console attendant completes calls requiring assistance (for 
example, dial 0, listed number, or transfer) by dialing back through 
the centrex machine. When the called party answers, the attendant 
normally disconnects leaving the through connection unbridged by 
the console circuit. However, the attendant has two other options. 
First, the call can be monitored to see that it is properly completed 
and then released. Second, the call may be held after completing the 
connection, thus permitting the attendant to handle other calls and 
still monitor the held call at intervals. The attendant facilities are 
bridged on the through connection only while monitoring. Console 
arrangements are provided on a two-wire basis for No. 5 crossbar 
centrex. A two-wire transistor amplifier bridge is associated with each 
position and position loop circuit. However, for transmission reasons, 
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some earlier versions of No. 5 crossbar centrex must utilize four-wire 
console and attendant trunk arrangements. Both two- and four-wire 
consoles are available for use with No. 1 ESS. The four-wire consoles 
provide better transmission performance and should be used for 
centrex operation in tie trunk networks or centralized attendant oper
ations. Two-wire consoles may otherwise be used but care must be 
exercised to control the impedance of the operator loop at the switch 
to allow use of a negative impedance converter in the three-way 
conference bridge used to provide operator access to customer 
connections. 

When the console circuit is bridged to the through connection, 
volume and return loss are affected negligibly. The attendant loop 
circuit and negative impedance converter, shown in Figure 14-2, per
mit the bridging to be done on a high-impedance basis and provide 
some gain in the transmission path to the console. The balancing net
work and termination are adjustable to provide adequate return loss 
at the hybrid. 

Split access is also provided for console connections to both direc
tions of the through path. In this circuit, a three-way conference 
bridge is used in the attendant loop circuit to permit access to either 
or both directions of transmission. 

The proper attendant transmitting and receiving volumes are ob
tained by use of amplifiers the gains of which are set to provide aver
age transmitting volumes at the centrex switches equivalent to those 
that would be received from a 500-type telephone set at the same 
location as the console. Average received volumes at the console are 
maintained at preferred values regardless of loop loss. 

The gain settings are also based on considerations of sidetone at 
the console. The �idetone is dependent on the transhybrid loss between 
four-wire legs of the hybrid, the amplifier gains, and the attendant 
trunk loss. In most cases, preferred values of sidetone are achieved 
under working conditions. High sidetone may occur in some cases due 
to the excessive lengths of office cabling between the hybrid and the 
output transformer. In these cases, installation and adjustment of an 
external network building-out capacitor may be required. When the 
circuit is idle, stability and sidetone controls are maintained in the 
console circuit by an idle circuit termination. 

Switchboards. Fully satisfactory transmission cannot be expected 
where calls are connected through a switchboard by means of cord 
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Vol. 3 

RCVR 

TRMTR 

circuits as it is with released link operation. The type of switchboard 
sometimes used with centrex provides for single cord (released link) 
operation, similar to the released link operation described for con
soles, only on listed number calls to centrex stations and on centrex 
station transfer calls. Other calls, such as dial 0 and listed number 
calls to be connected to tie trunks which involve attendant assistance, 
must remain looped through the switchboard. Consequently, these calls 
may involve two or three links between the switching machine and the 
customer location. An attendant-assisted call from a centrex station 
to the message network involves one station line and two attendant 
trunks as shown in Figure 14-1. This type of operation results in 
excessive transmission loss, degraded,return loss on tie trunk or access 
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line connections, limitations on the allowable resistance of centrex 
station lines, low transmitter current at the station, and contrast be
tween calls dialed directly through the centrex machine and those 
connected through the switchboard. For these reasons, this type of 
operation is no longer recommended. 

Other circuit and equipment configurations depend on the type of 
call. An incoming dial 0 call from a distant PBX over an attendant 
trunk for completion to an outgoing tie trunk results in the arrange
ment shown in Figure 14-3. The transmission considerations of 
overall loss and balance in this connection are complicated by the 
additional losses of the two trunks and associated equipment. Release 
link trunk operation, now used for most such connections, results in 
much improved transmission performance. 

The transmission contrast between a call dialed directly to the 
message network and one placed via the switchboard may be large if 
the switchboard-to-switching machine losses are not kept low. With 
existing switchboard arrangements, each of the tandem links must 

Centrex Customer location � - - - - - - - ,  , - - - - - - - - l 
Incoming tie I I trunk call 

Tie trunk 
circuit 

Auxiliary 
tie trunk 

circuit 

Attendant 
trunk circuit 
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I I I I I I I I I Switchboard I 
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trunk I 

I 
I 

I 
I 
I 

Attendant 
trunk circuit 

2-way 
trunk circuit 

Centrex 
switchboard 

L _ _ _ _ _ _ _  _j L _ _ _ _ _ _ _ _  _j 
----------------• To distant PBX 

or centrex 

Figure 1 4-3. Centrex-CO switchboard tie trunk connection. 
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meet a 1000-Hz loss objective of 2 .5 dB. This may be accompl ished by 
use of four-wire facilities, loaded facilities, or two-wire repeaters. The 
effect of the switchboard paths on return loss must also be considered 
on tie trunk or access line connections. 

Tie Trunks 

Tie trunks may be provided between centrex installations or be
tween a centrex and a PBX. The transmission objectives for 
centrex tie trunks are the same as those for PBX tie trunks. The 
inserted connection loss objectives apply between the centrex switch
ing machine termination of the tie trunk and the distant PBX or, 
in the case of a manual tie trunk, between the switchboard jack 
appearance and the distant PBX. 

As previously mentioned, the maximum loop resistance for a centrex 
station line is normally 1300 ohms. Where calls are routed to the 
message network over the station line and two attendant trunks, as 
shown in Figure 14-1, the sum of the resistances of the tandem circuits 
must not exceed this maximum. This requirement is necessary in 
order that adequate signalling and telephone set current can be pro
vided. Dial long line circuits can be used to extend the signalling 
range but balance may become a problem when the attendant trunks 
are used for interconnecting long tie trunks. 

The pertinent loss and balance objectives, derived from the VNL 
design plan, are often met for tie trunks by the use of switchable 
2-dB pads. Switchable pad operation can be provided at C·entrex 
installations for calls handled on a directly dialed basis or by a console 
attendant. Where switchboard operation is used, switchable pad 
arrangements may not be available. 

Attendant Trunk Circuit Pad Control.  The trunk circuit used with an 
attendant console has two line-link appearances in addition to a trunk
link appearance in a No. 5 crossbar machine. Each line-link appear
ance has a different class-of-service rating. On dial 0 calls into the 
attendant trunk circuit, the class of service of the calling party deter
mines which of the line-link appearances is used to extend the call. 

If the transmission Joss of the path to the attendant trunk circuit 
is VNL + 2 dB, the call is extended on the attendant trunk line-link 
appearance that is not equipped with a 2-dB pad. If the loss of the 
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transmission path on the originating end of the attendant trunk is 
VNL, the call is extended on the attendant trunk line-link appearance 
which is equipped with a 2-dB pad resulting in an overall loss of 
VNL + 4 dB. 

I ntraoffice Trunk Circuit  with Pad Control.  The operation of intraoffice 
trunk circuit switchable pads is controlled by the types of circuits 
(centrex station line or tie trunk) connected to the originating and 
terminating ends of the intraoffice trunk. The type of circuit is known 
from the class-of-service indications at the originating and termi
nating ends of the intraoffice trunk and the switchable pad is con
trolled by a logic arrangement in the intraoffice trunk circuit. For 
example, if a connection is being made to a centrex station from a tie 
trunk that is de.signed to an inserted connection loss of VNL + 2 dB, 
the intraoffice trunk circuit switches in the 2-dB pad to achieve an 
overall loss of VNL + 4 dB. The pad switching for various connec
tions is shown in Figure 14-4. Note that the loss between PBX and/or 
centrex locations is VNL + 4 dB for all except station-to-station 
intracentrex connections. 

CON NECTED C IRCUIT DESIGN LOSS 
2-dB 

EXAMPLE ORIGI NATI NG TERMINATING PAD 
END END 

Local loop Local loop Out Station - station 

Local loop VNL + 2  In Station - tie trunk 

VNL + 2  Local loop In Tie trunk - station 

VNL + 2  VNL + 2  Out Tie trunk - tie trunk 

Figure 1 4-4. Pad switching on intraoffice trunk circuits. 

FX and WATS Trunks 

Foreign exchange trunks for centrex customers may be termi
nated on the centrex machine and/or on a switchboard. On a dial 
basis, a centrex station may gain access to an FX trunk by dialing 
a three-digit code. Access to the FX trunk via the switchboard may 
involve multiple loops as previously discussed. 

Access to W A TS trunks may be provided by direct dialing from a 
station using a three-digit access code, by �attendant dialing, or by 
manual methods from a switchboard. If the centrex office is equipped 
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for dial access W ATS service, a centrex station line may be con
nected via a W ATS trunk circuit to an outgoing toll connecting trunk 
between the centrex machine and its toll center. Access to WATS 
trunks via a switchboard involves multiple loops between the switch
board and the switching machine. Where the centrex office is not 
equipped for W A TS service, a trunk must be provided to the W ATS 
office which should also be the serving toll office to maintain the 
overall connection loss at VNL + 4 dB. 

Conferencing 

Two types of conferencing arrangements are available for use with 
centrex. One permits a station user to dial-originate conference con
nections. The other provides for conference connections to be estab
lished by a console attendant. In either case, provisions are available 
for conference connections to a maximum of six stations. Standard 
jack-terminated conference circuits are also available for use at a 
switchboard. 

Add-on service, a form of conferencing, is provided in centrex as 
an extension of the station dial transfer feature. The bridging loss 
associated with this arrangement is partially overcome by the use of 
a four-port bridged circuit with gain. 

PBX Transmission Considerations 

In general, the transmission considerations which apply to standard 
PBX services also apply to centrex services. However, some centrex 
features such as direct inward dialing, conferencing, and attendant 
facilities are somewhat different. Centrex service provides direct 
inward dialing from the switched message network to a PBX station. 
Outgoing calls are completed in the same manner as for a noncentrex 
PBX. 

In some types of older PBX operation, transmitter battery for PBX 
stations is supplied from the serving central office over the PBX-CO 
trunk for both incoming and outgoing calls. This means that the 
transmitting and receiving efficiencies of a 500-type station set vary 
according to the total resistance from the central office through the 
PBX to the station in the same manner for incoming and outgoing 
calls. 
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With direct inward dialing through a step-by-step PBX providing 
centrex service, transmitter battery is supplied at the PBX for in
coming calls and the equalization of the 500-type set is independent of 
the PBX-CO trunk resistance ; however, no receiving efficiency im
provement is realized for on-premises stations. This results in a dif
ferent received volume and a different grade of service on incoming 
than on outgoing calls, where battery is supplied from the central 
office, because of variable PBX-CO trunk length and resistance. To 
minimize this effect, the loss objectives of PBX-CO trunks are 4.0 dB 
maximum without gain and 3.5 dB with gain. On-premises station 
line loss should not exceed 4.0 dB. In the No. 101 ESS, battery is  
supplied at the PBX for incoming and outgoing calls resulting in the 
same efficiencies for both. 

Nongain conference bridges shou,ld not be used with centrex because 
losses are excessive. In order to accommodate conference connections 
of up to six stations, gain-type conference bridges must be used. 

Attendant facilities for centrex are provided by means of two-wire 
or four-wire consoles or cord-type switchboards. Such consoles may 
be equipped with an amplifier to increase the transmitted speech 
volume. The transmitting and receiving efficiencies of the two-wire 
console also vary with loop resistance in a manner similar to those 
of a 500-type telephone set. On short loops, these efficiencies are corn
parable to those of the 500-type set. For a zero length loop, the console 
with collocated 400-ohm battery supply is approximately 1 dB less 
efficient in the transmitting direction than the 500-type set with 
battery supplied from the central office ; the efficiencies are about the 
same in the receiving direction. For a loop resistance of 1000 ohms, 
the console is approximately 2.5 dB more efficient in the transmitting 
direction and about 2 dB less efficient in the receiving direction than 
the 500-type set. 
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Chapter 1 5  

Private Switched Networks 

Switched special services circuits may be configured into networks 
so that stations at different locations can be interconnected. Stations 
served by two PBXs may be interconnected by means of PBX-central 
office trunks and the public network or, alternatively, tie trunks 
between the two PBXs may provide a convenient and economical 
alternative. As customer requirements have grown, private networks 
of such tie trunks have evolved and are now called tandem tie trunk 
networks. In these networks, switching is done at a PBX located at 
the customer premises or at a centrex machine located in a central 
office. 

Another private network arrangement of switched special services 
involves switching by common control switching machines located on 
telephone company premises. This arrangement, known as a switched 
services network, may be organized as a hierarchy similar to that of 
the switched message network or as a polygrid in which all switching 
machines have equal class status. The Enhanced Private Switched 
Communications Service is also organized as a hierarchical network. 
Only two levels are used to provide this service. 

Many of the general features and service capabilities of private 
switched networks are described briefly in Chapter 12. These descrip
tions are expanded somewhat in this chapter and network arrange
ments and transmission designs are also presented in greater detail. 

1 5- 1  TANDEM TIE TRUNK NETWORKS 

Tie trunk networks can be very small, involving only a few PBXs 
interconnected by direct tie trunks, or can be extremely complex, 
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involving a large number of customer locations. As the number of 
PBXs increases, the economics of trunk provision soon dictate the 
use of intermediate switching and tandem operation which permit 
two tie trunks to be connected together at a PBX to form a through 
connection. 

It is important to note that the tandem tie trunk network (TTTN) 
is a service arrangement and not a complete service offering. The 
channel facilities for the tie trunks connecting two PBXs are fur
nished under appropriate interstate or intrastate tariffs. Tie trunk 
terminal equipment at the PBX is furnished under intrastate tariffs 
applying to PBX service. Thus, a number of areas or different 
telephone companies may be involved in the provision of a TTTN. 

Network Layout 

Figure 15-1 is a network layout diagram for a TTTN showing the 
interconnection of various locations. The locations are served by 
PBXs or key telephone sets of various types and are interconnected 
by several categories of tie trunks. The serving PBX at each location 
is classified according to the functions performed, i.e., end, tandem, 
main, and satellite PBXs. For a network as large and complex as that 
shown, satisfactory operation could be achieved only if most of the 
PBXs had the capability of cut-through operation to permit automatic 
interconnection of tie trunks [1] . 

PBX Classifications. A main PBX or centrex (PBX/CTX ) is arranged 
to connect stations or attendants to the TTTN. Where the PBX/CTX 
is arranged to interconnect tie trunks, as well as tie trunks and station 
lines or attendant lines, it is a tandem PBX/CTX. A main or tandem 
PBX/CTX may switch tie trunks to off-network trunks on a "per
missive" basis but transmission performance for off-network connec
tions is not assured. 

A PBX having its own listed number and an attendant position or 
console is commonly referred to as a main PBX. It can connect PBX 
stations to the public network for both incoming and outgoing calls. 
A PBX served through the main PBX, having the same listed number 
but with no attendant position or console, is a satellite PBX. All 
incoming calls are routed from the main PBX over satellite tie trunks. 
A satellite PBX is usually located in the same exchange area as its 
main PBX. 

TCI Library: www.telephonecollectors.info



362 

Seattle 

San 
Francisco 

Indianapolis 

Dallas 

I I I Chicago I 
L _ _j 

[><:] Central office 

0 Off-prem;�, exleo,;oo 

o �;.� 
, - --, 
I I Satellite PBX 

L _ _j 

D �;" a>otrex 

Special Services Vol .  3 

Camden 

Miami 

Columbus 

© Taodem reot,.x 

0 Taodem PBX 

Tandem or intertandem tie trunks 

- - - Nontandem tie trunks 

e e e Off-premises line 

I I II I FX or WATS trunks 

figure 1 5- 1 . A typical tandem tie trunk network. 
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Trunk Classifications. Trunks which connect a main or satellite 
PBX/CTX to a tandem PBX/CTX are called tandem tie trunks and 
tie trunks which interconnect two tandem PBXs/CTXs are called 
intertandem tie trunks. Trunks which are provided between two 
PBXs/CTXs without the capability of tandem operation are called 
nontandem tie trunks. Such trunks are often recommended as an 
economical arrangement between points having a high volume of 
traffic. Tie trunks which connect a satellite PBX/CTX to its main 
PBX/CTX may function as nontandem, tandem, or intertandem tie 
trunks, depending on the switching arrangernents ; these trunks must 
meet the objectives established for the functions performed. 

Voice transmission performance and signalling capability are as
sured on up to a maximum of four tie trunks in tandem. Such 
assurance is contingent upon the application of the proper interstate 
and/ or intrastate tariff provisions. Voice-grade data at rates in excess 
of 300 bauds should not be transmitted over more than two tie trunks 
in tandem. 

Connection of a tie trunk with the public network is permitted but 
transmission performance for either voice or voice-grade data is not 
assured and no more than one such connection may be established on 
any one call. Connections from a PBX to the public network may 
be via PBX-CO, W ATS, long distance (LD ) , or foreign exchange 
( FX )  trunks. 

Service Features 

There are a number of features available with TTTN service 
arrangements. Station-to-station calling between locations is made 
possible by tie trunk switching on a manual or dial basis. Sequential 
call advancement from PBX to PBX is under control of the origi
nating station or an attendant. A variable number of address digits 
may be required depending on the location called. Only one connection 
with the public network (universal service ) may be made on any one 
call. 

Network operating features such as a uniform numbering plan, 
code conversion, digit addition or deletion, and automatic alternate 
routing are also not available. The recording of traffic information, 
service observing, and standard tones and announcements are other 
features not provided. Supervision is not received from the public 
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network on connections between a tie trunk and a local or foreign 
exchange central office or between a tie trunk and a W A TS trunk. An 
attendant may have to monitor and release connections of this type. 

Transmission Design 

The provision of good transmission performance in a TTTN re
quires sufficiently low losses to provide satisfactorily high received 
volumes, minimum contrast in received volumes on different calls, 
and sufficiently high losses to ensure adequate talker echo, noise, and 
singing performance. 

Echo. For purposes of design, tie trunks are divided into two 
categories which take into account loss, echo, and stability require
ments. A round-trip delay of 6 milliseconds can be permitted before 
echo becomes a controlling design limitation. Trunks with round-trip 
echo delays of 6 milliseconds or less are designated short-haul while 
those with round-trip delays of more than 6 milliseconds are 
designated long-haul. 

For carrier facilities, the delay of the carrier system terminals must 
be taken into account. The curves in Figure 15-2 include the round
trip echo delay of the carrier system terminals and line facilities. An 
estimate of round-trip delay for two carrier links in tandem may be 
obtained by adding the appropriate values from the curves. Long-haul 
design is used for a tie trunk with three or more carrier links in 
tandem, i.e., the effective round-trip delay is as·sumed to be greater 
than 6 milliseconds. 

Loss. Tie trunks must be designed to have certain minimum Josses 
in order to control echo. The via net loss (VNL) concept is used for 
design and where losses would exceed the maximum values permitted, 
tie trunks should be reassigned to facilities that have higher propa
gation velocity. Where this is not possible, ech� suppressors must be 
used. 

If a tie trunk can be switched to other tie trunks or PBX-CO trunks, 
it is often equipped at one or both ends with 2-dB switchable pads. 
These may be switched into the tie trunk to protect against echo for 
terminating connections and switched out of the trunk for lower loss 
on through connections and on certain universal service connections. 

The primary loss objective for nontandem, tandem, and satellite 
tie trunks is VNL + 2S + 2S dB, where 2S denotes the 2-dB loss of 
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Figure 1 5-2. Approximate round-trip echo delay of carrier facilities. 

a switchable pad. However, the multitude of connection types in which 
these tie trunks may be used and the variety of tie trunks involved 
has led to the provision of a number of alternative objectives which 
depend on various conditions such as the usage of the trunk, whether 
it is short- or long-haul, and whether or not it utilizes gain devices. 
For example, tandem tie trunks are sometimes designed to a loss of 
VNL + 2S + 2.0 dB ; i.e., the switchable pad is used at the tandem 
PBX only. 

Simplified designs of short-haul nontandem tie trunks are some
times used in order to reduce design effort. Where these are two-wire 
trunks that utilize gain devices, an acceptable objective is a fixed loss 
of 4.0 dB ; if gain devices are not used, the loss of such trunks may 
be as high as 4.5 dB. 

A tandem tie trunk is equipped with a 2-dB pad located in the 
trunk circuit at the tandem PBX. The pad is controlled by the tandem 
PBX and is switched in when the connection is to a station line or 
to a short-haul two-wire tie trunk with less than 2-dB inserted 
connection loss. However, four-wire design is required for tandem 
and intertandem tie trunks and is strongly recommended for all 
other tie trunks. Under certain conditions, two-wire design may 
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be used for nontandem tie trunks or satellite tie trunks performing 
a nontandem function. The trunk must be short-haul, not expected 
to be upgraded to tandem or intertandem operation, and switchable 
pad operation is not to be used for universal service connections. 
Since an intertandem tie trunk is equipped with switchable 2-dB pads 
at both ends, the switching control rules given for tandem tie trunks 
must be applied at each end. The application of sw.itchable pads to 
tandem and intertandem trunks is illustrated in F�igure 15-3. The 
pads must be switched out (yielding lower trunk loss) on any through 
connection to another tie trunk in the tandem tie trunk network. 
Balance objectives for these connections must be met so that the 
margin against singing and echo is sufficient. This requires knowledge 
of an possible switched connections and the associated balance test 
results. It may be necessary to effect balance improvement within the 
PBX by means of network build-out and drop build-out capacitors. 

End PBX 

Tie trunk 
circuit 

Tandem PBX 

Tie trunk circuit with 

Tandem PBX 

Tie trunk circuit with 
L----� 2-dB switchable pad L-------' 

(a) Tandem tie trunk 

Tandem PBX 

line ,...---T� .---.., 
l're :trortk 'drcutt with 

,___ __ ___. 2-dB switchable padL--__ ___. ,___ __ ___. 2-dB switchoble pad ....__ __ __, 

(b) lntertandem tie trunk 

Figure 1 5-3. Switchable pad arrangement on tandem and intertandem tie trunks. 
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Connection of tandem or intertandem tie trunks to PBX-CO, FX, 
LD, or WATS trunks (universal service connections) impose some
what different rules for control of the 2-dB pads. The pad should be 
switched out unless the loss of the connected trunk is less than 2 dB 
or the balance objectives are not met. Balance objectives are not 
specified when the pad is switched in. 

Balance. Tandem tie trunk networks are designed for an overall 
inserted connection loss of VNL + 4 dB. The design objectives for 
tandem and intertandem tie trunks are based on the assumption that 
the trunks involved in a tandem connection meet balance objectives. 
Four-wire design is required for all tandem and intertandem tie 
trunks to facilitate meeting balance requirements and to provide for 
the control of switchable pads. 

Low-loss operation of TTTN s requires adequate balance at all points 
where tie trunks designed to VNL are connected together or to other 
trunks or lines. Therefore, balance tests are necessary as part of the 
lineup and acceptance tests for tie trunks operated at VNL. 

Terminal balance objectives must be met at all PBXs where tie 
trunks operating at VNL are connected to tie trunks operating at a 
loss greater than VNL. Through balance objectives must be met at 
PBXs where tie trunks operating at VNL are switched together. 

In the past, PBXs were engineered to match a nominal impedance 
of 900 ohms. Later, it was determined that a 500-type telephone set 
on a short loop presented an impedance closer to 600 ohms. Con
sequently, current designs are based on a nominal impedance of 
600 ohms. Some 900-ohm PBXs are still in service and during the 
transition from 900- to 600-ohm PBX impedance, it is important 
that the impedance be determined before any measurements or tests 
are made. 

Through Balance. The most critical balance requirements at PBXs 
are those for through or intertandem PBX tie trunk connections.  
Through balance measurements are made to determine the value of 
network build-out capacitor (NBOC) required and to determine echo 
return loss (ERL) and singing r�turn loss ( SRL) . The NBOC to be 
included in the four-wire terminating set networks is selected to 
balance the capacitance of the PBX switching equipment and wiring. 
S ince there are numerous connection paths through the PBX, a com
promise value of capacitance is selected to provide adequate balance 
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for any connection. The ERL and SRL tests are used to determine 
whether objectives are met or whether corrective measures are 
required. 

Te'rminal Balance. Terminal balance tests are designed to check 
the balance between the compromise network in the four-wire termi
nating set of a tie trunk designed for VNL and the two-wire im
pedance of a connected circuit. The tests are made with a termina
tion at the distant end of the connected facility. Terminal balance 
tests may be made from the PBX to a representative sample of on
premises stations covering the range of station line lengths. However, 
all other connections, especially those in which the 2-dB pad may be 
switched out of the tie trunk, should be tested individually. These 
include connections to tie trunks not designed for VNL, PBX-CO 
trunks, FX trunks, and off-premises stations. These tests assure the 
detection of irregularities that may result in inadequate balance and 
inferior transmission on built-up connections. 

Where through balance tests are required, they should be com
pleted before any terminal balance tests are attempted. The NBOC 
values determined from the through balance tests are to be used in 
the networks of all four-wire terminating sets. 

Facil ities 

Any of the carrier or voice-frequency facilities that are used for 
the public network may also be used for tie trunks. In general, the 
same considerations as to assignment of channels, use of compandors, 
etc., apply but in many cases, carrier systems require terminal equip
ment different from that normally used for the public network. 

Since very few carrier system terminals are installed on customer 
premises, many tie trunks are made up of a carrier section as the 
center link with voice-frequency facilities at both ends. The design 
objectives covered in this chapter are to be applied to the entire trunk 
including the carrier channel, the end links, and the terminal and 
intermediate equipment. Since the VNL factors are lower for carrier 
than for voice-frequency facilities, the maximum use of carrier chan
nels results in the lowest overall losses for tie trunks. 
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1 5-2 H IERARCHICAL SWITCHED SERVICES NETWORK 

Where private communication needs are large, it  may be economi
cally advantageous to use a private switched network similar in 
design and operation to the public switched telecommunications net
work. These switched services networks (SSN ) use combinations of 
PBXs and/ or CTXs. Many SSN s utilize common control switching 
machines and are often called common control switching arrange
ments (CCSA ) . The SSNs discussed here are of this type. They are 
used to interconnect station lines and trunks to complete calls from 
one customer location to another or from a customer location to the 
public switched network at a distant point. 

Network Plan 

The basic hierarchy plan is shown in Figure 15-4. While the plan 
is similar to that of the public network, there are some differences 
due to the customer service requirements ; for example, economic 
considerations may limit the number of direct (high-usage) trunks 
to a particular location. Thus, on the average, more trunks are con
nected in tandem for a given connection than would be necessary if 
direct trunks were provided as in the public network. 

The network plan permits a three-level hierarchy, the switching 
offices of which are designated class SS-1, SS-2, and SS-3. All switch
ing at class SS-1 offices is four wire. At class SS-2 offices, switching 
may be four wire (using No. 5 crossbar systems) or two wire (using 
No. 1 ESS) . At class SS-3 offices, switching may be either two wire 
or four wire. Class SS-1 switching offices are only justified in the 
very largest networks. Some smaller networks may have only one or 
even no class SS-2 offices. 

There are dedicated access lines between each customer location 
and the serving switching center and there are dedicated network 
trunks between switching centers. Either a two- or four-wire switch
ing center can be shared by a number of independent SSN s. A two
wire CCSA switching center can be utilized as a centrex and can also 
serve as a central office in the public network. 

Automatic alternate routing can be provided in this type of SSN 
when the network configuration permits. The originating switching 
machine routes all calls over available direct trunks. When the direct 
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---- Final-route trunk 

- -- High-usage trunk 

Figure 1 5-4. Hierarchical network layout. 

route trunks are busy, additional calls are routed to first alternate 
route trunks. If both the direct and first alternate route trunks are 
busy, the originating switching center routes all additional calls to a 
second alternate trunk group, if available. 

Service Features 

Switched services networks utilizing CCSA are capable of providing 
a wide range of features which include those available in standard 
PBX and centrex services and in the public switched network. In 
addition, a number of service features are offered that are unique to 
CCSA operation. 
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Each CCSA numbering plan provides a unique 7 -digit all-numerical 
address for each network station, NNX-XXXX, where N can be any 
digit 2 through 9 and X can be any digit 0 through 9. The arbitrarily 
assigned NNX portion of the address identifies the customer location 
where the station is homed but must not be the same as the NNX 
digits assigned to a customer location for public network use. The 
remaining XXXX digits are the numbers of the individual station 
at the customer location and are generally the same for both the SSN 
and the public network. 

A network station served by a dial PBX;'CTX or a station directly 
terminated on a network switching machine can be called by dialing 
the 7-digit address of the station. When a station is served by an 
attendant for calls in and out of the network, the 7 -digit address is 
assigned to the attendant access lines instead of to the stations. Indi
vidual or attendant-assisted transfer of inward calls is an optional 
feature. Any nonrestricted dial PBX;'CTX station or any station 
served directly by an SSN switching machine can dial a network call. 
Any manual PBX station or key station can place a network call 
through an attendant. 

A maximum of 20 percent of network call attempts may be recorded 
on a continuous sampling basis by automatic message accounting 
equipment. The data are available to the operating company to aid in 
the engineering and administration of the network and to the cus
tomer to aid in allocating costs. In No. 1 ESS offices, 100 percent of 
call attempts may be recorded but these data are not always generally 
available. 

One-way or two-way access to the public network (universal 
service) may be provided by off-network access lines to collocated or 
other central offices. Connection to the public network via W ATS 
trunks may also be provided. Off-network calls to an SSN station are 
screened by an attendant and, if accepted, completed to the network 
station. Transmission preformance on universal service connections 
may not be satisfactory when interconnection with the public network 
is made at more than one point per call. 

Switching 

lnterlocation switching is carried out by main, tributary, and 
satell ite PBX and centrex arrangements interconnected by tie trunks 
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and connected by access lines from a main PBX/CTX to the network 
switching machines. 

A tributary PBX is attended, homes on a main PBX for network 
acces,s, and has PBX-CO trunks for access to the public network. A 
satellite PBX is generally unattended and may home on either a main 
or tributary PBX/CTX. All incoming calls from the public network 
to the satellite PBX are routed through the PBX/CTX on which it 
homes. A satellite PBX homing on a tributary PBX/CTX tends to 
degrade transmission performance and is1 not recommended. The 
satellite PBX should have direct tie trunks to its main PBX/CTX for 
network service. 

P BX Arrangements. A No. 5 cross.bar system or a No. 1 ESS may be 
used as a main centrex ; a step-by-step, crossbar, or ESS machine may 
be used as a main PBX. Access lines are usually terminated through 
a two-way dial repeating tie trunk circuit at the PBX. The PBX may 
be arranged for inward dialing and access to tie trunks to tributary 
PBXs. Arrangements for outgoing traffic depend on whether traffic 
is handled through an attendant or on an outward dialing basis. The 
tributaries and satellites of a main PBX may be manual, dial, or 
centrex. The type of equipment determines the tie trunk circuits used 
and the extent to which inward and outward dialing can be applied. 

Office Arrangements. Standard No. 1 ESS and two-wire No. 5 cross
bar machines may be used to provide class SS-3 switching functions, 
to serve as main PBXs/CTXs when equipped for centrex service, or to 
serve as combination offices that simultaneously serve a CCSA and the 
public network. Circuits which terminate access lines on the line side 
of the office permit the machine to connect access lines together. While 
the primary function of a class SS-3 office is to interconnect access 
lines and network trunks in various combinations, switched service 
noncentrex station lines may also be homed on a class SS-3 office. 

A four-wire No. 1 ESS or a four-wire No. 5 crossbar switching 
machine may · be used as a class SS-1, SS-2, or SS-3 office. These 
systems provide for common control, transmission testing with a 
master test frame, use of automatic transmission test lines, etc. 

Transmission Performance Requirements 

Transmission considerations in a CCSA network are similar in 
many ways to those of the switched public network. Loss, noise, and 
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echo must be considered in the layout of the network and the design 
of trunks, access lines, and station lines that provide the transmission 
paths. The design of the transmission paths is basically the same as 
the VNL design used for the switched public network. 

The basic transmission plan does not include the provision of enve
lope delay equalization ; attenuation/frequency equalization should 
normally be applied only to the extent necessary to meet the switched 
public network objectives. However, when service requirements are 
more stringent than can be met by the basic plan, special conditioning 
in the form of equalization ( either delay or attenuation/frequency or 
both) can be provided on trunks or access lines. Other requirements, 
such as those for noise, are usually met without difficulty since 
facilities are similar to those used in the public network. 

Through balance requirements must be met where network trunks 
are sw.itched together or to access lines. Terminal balance require
ments apply where trunks or access lines are switched to station lines. 

Loss. The overall design loss objective is developed by first con
sidering the loss between PBXs/CTXs as comparable to that between 
end offices in the public network, VNL + 4 dB. When VNL design 
is applied to circuits that may be used for extremely long connections, 
excessive loss may result and consideration must be given to the use 
of echo suppressors. 

Balance. In order to meet echo return loss and singing objectives at 
a two-wire class SS-3 office, it is necessary to perform balance pro
cedures similar to those required at a class 3 office in the public net
work. Through balance requirements must be met on network-trunk
to-access-line and access-line-to-access-line connections and, where 
network trunks or access lines are connected to noncentrex station 
lines, terminal balance requirements apply. While the average ERL 
and SRL values are the same as those specified for the public network, 
minimum allowable values are somewhat more stringent. Terminal 
balance requirements at a main PBX are similar to those imposed at 
a class 4 office in the public network. Terminal balance procedures 
for two-wire No. 5 crossbar toll offices, in general, apply to a main 
centrex. 

When VNL-designed access lines are connected to station lines at 
a PBX, 2-dB switchable pads are required in the access lines at the 
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main PBX to improve the return loss. The pads are switched out on 
connections to PBX tie trunks except when the loss of the tie trunk 
is less than 2 dB or when the tie trunk impedance cannot be corrected 
to provide satisfactory return loss. At a No. 5 crossbar centrex 
main PBX, the 2-dB pads are located in the access line trunk circuit 
and are switched in or out of the circuit by a pad control relay. The 
use of the pad in the connection is determined by the type of circuit to 
which the access line is connected. When a two-wire No. 5 crossbar 
machine serves both as a class SS-3 office and a centrex main PBX, 
2-dB switchable pads are provided in network trunks. They are also 
provided in access lines to remote centrex main PBXs and in intra
office trunks used to connect access lines to main PBX station lines. 

If terminal balance objectives are to be met with the 2-dB pad 
switched out on connections between network trunks or access lines 
and PBX tie trunks, the tie trunks must be designed to meet ERL 
and SRL requirements similar to those of toll connecting trunks. For 
example, two-wire circuits on H88 loaded cable should be equipped 
with impedance compensators at the main PBX end and cable loading 
irregularities should be eliminated. Where it is not possible to meet 
the return loss requirements, it is necessary to switch in the 2-dB pad. 

Noise. Message circuit noise requirements for trunks and access 
lines are stated on the basis of mileage and, in general, if all trunks 
and access lines meet requirements, an overall connection can also be 
expected to meet requirements. The requirements are reduced by 
5 dB for compandored facilities. When both compandored and non
compandored facilities are included, no reduction is made. 

Objectives for impulse noise provide signal-to-impulse noise ratios 
which permit data transmission with an error performance compar
able to that achieved in private line service. Because of the random 
nature of impulse noise on switched connections, control is provided 
by establishing conservative standards on individual circuits. 

Frequency Response. In order to meet end-to-end attenuation/ 
frequency distortion requirements, not more than seven trunks should 
be connected in tandem for voice transmission within the network. 
The PBX facilities should be arranged so that no more than eleven 
circuits may be connected in tandem on any connection. If the re
quirements for individual links are not met, excessive distortion may 
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be encountered on maximum length connections. There are no envelope 
delay distortion requirements specified for trunks. Where data trans
mission is required, delay equalizers are installed on access lines 
and subscriber lines to provide the required conditioning. 

Trunk Design 

Among the factors that must be considered when designing a net
work trunk are the type and class of office at each end of the trunk, 
the type and arrangement of facilities, and the need for echo sup
pressors. Network trunks are designed for 0 dB or VNL dB depending 
on the switching machines involved and whether echo suppressors are 
provided. All network trunks should be designed from the outgoing 
switch of the originating office to the outgoing switch of the termina
ting office. The TLP at the outgoing switch is -2 dB as in the public 
network. If the trunk is switched between class SS-1 and/or SS-2 
offices, the loss at 1004 Hz should be 0 dB. Trunks switched between 
other offices are designed for VNL dB. In order to keep the overall 
loss between stations within limits, the loss of the network trunks 
should not exceed certain specified values. The 1004-Hz losses for 
trunks in the final route between class SS-3 and SS-2 offices may not 
exceed 2.0 dB. High-usage trunk losses between class SS-3 and SS-2 
or between class SS-3 offices may not exceed 2.5 dB. If VNL design 
exceeds the maximum, echo suppressors should be provided and the 
losses reduced to 0 dB. Figure 15-5 illustrates a typical CCSA showing 
the types of offices, the design and maximum losses for various types 
of trunks and lines, and the application of echo suppressors. 

Faci l ities. Since network trunks are four-wire, carrier facilities are 
commonly used. Moreover, to minimize equalization and to facilitate 
maintenance, each trunk should be designed for a minimum number 
of channel banks, preferably no more than one pair. All channels of 
any carrier system that use L-type multiplex equipment are accept
able. Channels 1 and 12 of any multiplex group which includes group 
connectors should be last choice. The rules for group and supergroup 
selection, maximum number of groups and supergroups in tandem, 
and similar considerations should be the same as for intertoll trunks. 

The short-haul N-type and later designs of T-type carrier systems 
may also be used for network trunks. If alternate voice and data 
operation is required or anticipated, compandored channels may be 
used provided the data signal amplitude is constant and there is no 
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Figure 1 5-5. Transmission plan for a CCSA network. 

multiplexing of data signals on the same trunk. Special service 
channels may be used in N -type systems if only data is transmitted. 

Echo Suppressors. Network trunks require echo suppressors in ac
cordance with rules which apply to all networks in which a two-wire 
station can be connected at either or both ends of a connection. Split 
echo suppressors are required on all network trunks that interconnect 
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any combination of class SS-1 and SS-2 offices. Split or full echo 
suppressors are required on all other network trunks whose computed 
VNL exceeds the specified maximum. Trunks longer than 2500 miles 
require split suppressors. Echo suppressors should be split on all 
suppressor-equipped trunks which can be connected in tandem with 
other suppressor-equipped trunks or with four-wire subscriber lines. 

When split echo suppressors are required, they are arranged at 
intermediate switching offices so that they may be disabled or enabled 
under controlled conditions. The suppressors at the extreme ends of 
the trunks in the built-up connections are enabled. A split echo sup
pressor at a four-wire switching machine is normally disabled. When 
a call originates from a two-wire station, the suppressor is  auto
matically enabled. Echo suppressors should contain a tone-operated 
disabler to override the enabling signal and remove the suppressor 
from the connection to permit duplex data transmission. 

Figure 15-6 shows a typical arrangement of controlled split echo 
suppressors for a tandem connection between two-wire station sets. 
The echo suppressors are enabled at the extreme ends of the con
nection but are disabled at the intermediate four-wire office to avoid 
tandem operation of echo suppressors. 

Access Lines 

The transmission links that interconnect a main PBX/CTX with 
the serving switching center are called access lines. As shown in 
Figure 15-7, they are analogous to toll connecting trunks when inter
connecting PBX station lines with CCSA network trunks and analo
gous to intertoll trunks when interconnecting PBX tie trunks and 
CCSA network trunks. Access lines are four-wire design and are 
operated at VNL with switchable 2-dB pads located at the PBX/GTX. 
The pads are switched out when access lines are connected to 
PBX/CTX tie trunks. Where there are no tie trunks terminated at a 
main PBX/CTX and where pad switching is not used on universal 
service calls, an access line may be operated in the normal manner at 
VNL with the 2-dB pad inserted at all times or it may be operated at 
VNL + 2 dB with no switchable pad. 

The maximum loss (exclusive of switchable pad) should not exceed 
2.5 dB. This loss corresponds to approximately 1400 miles of carrier 
facilities. Where the type of facility and/or the length of the circuit 
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would result in a VNL of more than 2.5 dB, every effort should be 
made to use facilities with a higher velocity of propagation or to 
home the access line so that the loss requirement can be met. The 
use of echo suppressors on access lines to permit lower than VNL 
operation should be avoided because of the possibility of tandem 
echo suppressor operation. 

All CCSA network trunks, access lines, and noncentrex station 
lines terminate in a nominal impedance of 900 ohms at a two-wire 
class SS-3 office. At four-wire switching centers, the nominal termi
nation impedances are 600 ohms ; at CTXs, the nominal impedance 
is 900 ohms ; and at PBXs, the impedances may be either 600 or 
900 ohms. 
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A switched service noncentrex station line served by a class SS-3 
office is a form of access line since connections can be made to any part 
of the CCSA. This type of line should be operated at VNL + 2 dB 
if the round-trip echo delay is 6 milliseconds or less. If the round
trip delay exceeds 6 milliseconds, the line should be designed for a 
loss of VNL + 4 dB or a 2-dB .switchahle pad should be used at the 
class SS-3 location. 
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Terminal balance requirements are applied to noncentrex station 
lines in both two- and four-wire offices. When the loss of the line is 
less than 2 dB or when the impedance cannot be corrected, a 2-dB 
pad should be used at the class SS-3 end of the station line. 

PBX Tie Trunks 

In a switched services network, tributary and satellite PBX tie 
trunks and off-premises station lines must be considered as integral 
links in the network. It is often more difficult to provide good quality 
transmission on these tie trunks and station lines than on the access 
lines and network trunks. 

Ideally, access lines would be terminated at all PBXs and CTXs. 
Each PBX/CTX could then be treated as an end office equivalent to 
a class 5 office in the public network with access lines designed for 
VNL + 2 dB in a manner similar to toll connecting trunks. However, 
in practice, access lines may terminate only at a main PBX/CTX ; 
other PBXs/CTXs become tributaries or satellites and home on the 
main PBX/GTX by means of tie trunks as shown in Figure 15-5. 

Off-premises station lines at tributary and satellite PBXs/CTXs 
should be rehomed on the main PBX/CTX wherever practical. Satel
lite PBXs homed on tributary PBXs/CTXs should be avoided because 
of the increase in overall network loss and the insertion of additional 
delay which might affect echo suppressor requirements. 

The designed loss of tie trunks is VNL + 2 dB if the tie trunk 
has a round-trip echo delay of less than 6 milliseconds. A tie trunk 
with more than 6 millseconds round-trip delay must be designed for 
a loss of VNL + 2 dB with a 2-dB switchable pad at the main PBX. 
This establishes a loss of VNL + 4 dB for connections to stations 
at the main PBX and VNL + 2 dB for connections to the network. 
The frequency response and impedance requirements for PBX tie 
trunks are the same as those previously given for access lines. 

Station Lines 

Most station lines are two-wire connections to a CCSA network 
through a PBX or centrex switching machine. However, four-wire 
l ines, called subscriber lines, are provided to connect four-wire station 
equipment to a four-wire switching center. These are used to provide 
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improved performance for voice or  data services by reducing the 
number of lines and trunks in tandem and by taking maximum ad
vantage of the improved transmission inherent in four-wire operation. 
The station may be a telephone set or a data set ; both may be provided 
for alternate voice-data use. Provision may also be made to transfer 
the subscriber line from a station set to a PBX in which case the 
design requirements for access lines must also be met. This feature, 
called dual use, is provided by operating a transfer key at the 
customer premises. A subscriber line is considered to extend from 
the outgoing switch of the serving four-wire switching office ( -2 dB 
TLP) to the four-wire test jacks of the subscriber line circuit at the 
customer premises. 

Universal Service 

The switched services network and switched public network may be 
interconnected at a main PBX on a manual basis or at a CCSA office 
on a machine-switched basis. Universal service calls may originate 
in either network. 

The provision of satisfactory performance on universal service 
calls can only be accomplished with certain limitations. The trans
mission objectives established for CCSA networks tend to minimize 
the transmission penalty on universal service calls but do not make it 
possible to guarantee satisfactory transmission on all such calls. The 
degree of satisfaction on universal service calls is difficult to predict 
because the transmission quality depends upon such factors as the 
relative locations of the stations in the two networks and the method 
used to make the interconnection. It is preferable that universal 
service calls be limited to the serving area of the central office associ
ated with the main PBX or off-network access lines. Although the 
losses encountered on toll connections may be no higher than those 
on local connections, the effect of echo may be an added consideration. 
A reasonable quality of voice transmission can be expected only if the 
interconnection is restricted to one point on any given call. Data or 
similar services should terminate in the same network as that in 
which they originate. 

Where a tributary PBX/CTX is in a toll rate area different from 
that of the main PBX/CTX, it may be necessary to complete universal 
service calls through the tributary PBX/CTX. However, the concen
tration of universal service traffic at the main PBX/CTX greatly 
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improves the economics of providing special low-loss facilities for 
universal service calls and eliminates the loss of the tie trunk between 
the main PBX/CTX and the tributary PBX/CTX. In order to im
prove the possibility of acceptable transmission on universal service 
calls, it is also essential that the loss between the main PBX and the 
serving central office satisfy established objectives. 

Machine switched universal service connections should be made at 
CCSA offices. Completion of universal service calls via PBX-CO trunks 
is not recommended because this type of connection results in as 
much as 7 dB more loss than a connection over an off-network access 
line from the CCSA office. The CCSA network trunks are designed for 
VNL ; therefore, off-network access lines designed for VNL + 2 dB 
should be provided to a local central office. These facilities must meet 
terminal balance requirements at the CCSA office. Calls to network 
stations from the public network are routed from the local central 
office to a main or tributary PBX over off-network access lines. The 
PBX operator then completes the calls to the network stations. To 
provide the best possible transmission on these connections, it is 
essential that the off-network access lines be operated at VNL + 2 dB 
and that the 2-dB pads in the access lines be switched out if possible. 

Data Transmission 

Design objectives for the S SN utilizing CCSA are established to 
provide a quality of data service which, as a minimum, meets 
DATA-PHONE objectives for the public network. The designs of 
access lines and PBX tie trunks and station lines generally do not 
include delay equalization. Where the requirements are more stringent, 
it may be necessary to provide special conditioning on some of the 
facilities. It may be advantageous to provide a direct line from the 
data set to the main PBX to avoid equalization of tie trunks but loss 
introduced by the access line may be a problem. However, it is recom
mended that data sets used with a CCSA be connected directly to a 
CCSA office. 

1 5-3 ENHANCED PRIVATE SWITCHED COMMUNICATIONS 
SERVICE 

Large users of communications services may find that the features 
available with Enhanced Private Switched Communications Service 
(EPSCS)  can fulfill their needs better than a CCSA network. The 
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EPSCS provides features similar to those available in a CCSA net
work and provides additional features made possible by the applica
tion of advanced switching techniques. 

The organization of a network for EPSCS involves a two-level hier
archical arrangement of switching machines. These arrangements 
provide four-wire transmission paths to combinations of PBX, 
centrex, key system, station set, automatic call distributor, or data 
set equipment. Various combinations of trunks and access l ines are 
used to interconnect the switching machines and customer locations. 
Automatic alternate routing capability is provided for EPSCS calls. 

Network Plan 

The two-level trunk and switching hierarchy for EPSCS is shown 
in Figure 15-8. The two switching office levels, designated S-1 and 
S-2, are both provided by No. 1 ESS machines equipped for HILO 
switching [2] . Thus, most connections through the network, including 
trunks, access lines, and station lines, are four-wire from terminal to 
terminal. The S-1 and S-2 switching machines may be shared by 
the public switched message network, other CCSA private networks, 
and other EPSGS networks. 

In addition to high-usage and final-route trunks between network 
switching offices and access lines to PBXs/CTXs, one-way bypass 
access lines are provided for direct call completion, where desired, 
from an S-1 office to a main PBX/CTX. Alternate routing of network 
calls is controlled from the originating switching center. Calls are 
routed over first choice (high-usage) trunks when available ; when 
all are busy, additional calls are routed over second-choice trunks. 

Traffic to and from the public switched message network is routed 
over off-network access lines (ONAL) or WATS trunks. Calls to or 
from the local exchange area via an ONAL provide a reasonable 
quality of transmission, though somewhat poorer than message net
work performance. However, calls via an ONAL to a distant message 
network exchange are generally of poorer quality than would be 
experienced in the case of calls to the local exchange. In either 
case, satisfactory transmission cannot be assured. Off-network to 
on-network to off-network connections are not provided since trans
mission and signalling difficulties would be encountered. 
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A Customer Service Administrative Control Center and a Customer 
Network Control Center are specified for use with EPSCS. These 
centers utilize network status· information which is transmitted over 
intermachine data links made up of standard voice-frequency data 
circuits. Details of originating call messages are provided at the 
Customer Network Control Center. Included are the date, originating 
switch identification, outgoing trunk group, and connect and discon
nect times for all network calls. In addition, other traffic-related in
formation is made available and customer-selected options may be 
exercised. These options include changes in assigned user class-of
service codes, assignment of conferencing authorization codes, changes 
in call routing patterns, and day /night routing for services off the 
private network. 

Service Features 

Many types of telephone and data services can be provided by the 
EPSCS. Many of the services available are among the standard 
features of the EPSCS ; others are offered as customer-selected 
options. 

Standard Featu res. A substantial number of features are available 
and furnished with each EPSCS installation. These include the pro
vision of a standard numbering plan, a number of traffic-oriented 
features, and flexible arrangements for data signal transmission. 

The Numbering Plan. A 7-digit uniform numbering plan is used 
for EPSCS stations. Calls intended for off-network terminations are 
dialed with a 10-digit code. 

Attendant services are provided by the customer. Attendant calls 
from within the network are dialed by using either a 7-digit or a 
3-digit code. Incoming calls from outside the network are automati
cally routed to the appropriate attendant as determined by the 
customer. 

Traffic and Routing Features. Any station served by the EPSCS 
may be dialed directly by any other station on the network. As pre
viously mentioned, automatic alternate routing is provided with up 
to a maximum of three alternate routes at each switching center. The 
number of alternate routes is determined by the configuration and 
the number of switching machines in the network. 
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The bypass arrangements, previously mentioned and shown in 
Figure 15-8, permit connections to be completed without going through 
the terminating switching machine. These bypass access lines, in 
effect, provide high-usage circuits from S-1 switching offices to 
PBXs/CTXs. 

Calls from locations within an EPSCS to locations outside the net
work are routed automatically by the switching machine or PBX/CTX 
to a four-wire ONAL, to a class 4 or higher switched message network 
office, to a local or remote class 5 office, or to a PBX-CO trunk as 
appropriate. Calls from the switched message network to a PBX/CTX 
location are automatically routed to the appropriate location (direct 
inward dialing) without involving EPSCS. 

Various tones (such as dial tone and reorder tone) , similar to those 
used in the switched message network, are used to indicate call status. 
Recorded service announcements are also used to provide information 
such as that associated with vacant codes and user dialing restric
tions. For example, class-of-service restrictions are provided at the 
switching machines to permit different calling capabilities on selected 
lines. Among others, one-way incoming, one-way outgoing, and two
way lines are distinguished by these service restrictions. 

Network circuits are automatically scanned for failure to respond 
to signalling or for failure of transmission continuity. When such 
tests are failed twice, the circuits are automatically identified at the 
control center and removed from service. Network switching machines 
may also be connected to automatic trunk testing systems. Circuits 
not used during busy hours are also identified at the control center. 

Data Transmission. Voiceband data performance requirements are 
such that acceptable performance can only be provided at locations 
served by facilities capable of supporting the basic requirements. 
If customer needs demand higher performance capability, access lines 
must be conditioned accordingly. However, conditioning is provided 
only when specifically ordered under an existing tariff offering. 

Optional Features. Among the many features that can be furnished 
optionally are network operations features, traffic features, and user 
options that may be selected to satisfy the unique needs of a particular 
customer. 
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Network Operations Features. Several optional features that re
late to EPSCS operations are offered with this service. One involves 
call queuing, another involves the screening of originating calls, and 
a third involves the type of attendant service provided. 

With the queuing option, calls which cannot be completed because 
primary and alternate route circuits are busy may be placed in queue 
by the switching machine. Such calls remain in queue until a circuit 
becomes available at which time the call is completed. If the time in 
queue exceeds a customer-predetermined limit, a reorder signal is 
returned to the call originator. Priority queuing can also be provided 
with the use of authorization codes. 

Originating calls may be screened so that selected circuits that con
nect customer locations to EPSCS switching machines may be denied 
outgoing service to certain designated central offices or numbering 
plan areas. When such calls are attempted, they are routed to a re
corded announcement. A network may have local or centralized 
attendant service or both. 

Traffic Features. A sequence of up to four (one primary and three 
alternate) routes can be provided for completing calls to off-network 
locations. Upon encountering a busy condition on the primary route, 
a call is automatically routed to the first available trunk in the alter
nate route sequence. Sequences may be predetermined by the customer. 

User Options. Conference arrangements in EPSCS allow the simul
taneous connection of up to six stations. Access to the conference ar
rangement is provided by having each conferee dial a preassigned 
number. Three types of control can be applied at the Customer Net
work Control Center. First, the center assigns conference authoriza
tion codes which allow access to the conference circuits and ensure 
privacy. Second, the control center can apply a warning tone to notify 
conferees that the allocated conference time has elapsed. Third, the 
control center can activate a forced disconnect to terminate the 
conference arrangements. 

A customer-formulated recorded announcement can be provided at 
each switching machine. One announcement per customer per machine 
is available and can serve from 3 to 20 simultaneous connections. The 
announcement is placed in service or changed by a customer-initiated 
telephone company service order. 
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After dialing, the user can be notified to dial an authorization code. 
When this option is elected by the customer, a unique tone is trans
mitted by the switching machine to notify the caller that the author
ization code must be dialed before the call can be processed. The 
machine also performs a verification check and then includes the code 
in the call detail record. The authorization codes can be changed by 
appropriate operations at the Customer Network Control Center. 

Switching 

In addition to the No. 1 ESS machines with HILO switching used 
for S-1 and S-2 network switching, PBX or centrex switching may 
be employed to satisfy local requirements at each customer location. 
These switching machines provide two-wire transmission paths. Thus, 
where four-wire transmission is required all the way to the station 
set, four-wire station access lines must be used as direct connections 
from an S-1 or S-2 office to the station location. 

Main PBXs and centrex switching machines are connected to the 
network by appropriate access lines. Tributary and satellite PBXs 
may be connected to the network by way of a main PBX or centrex. 
Connections between the PBXs and/ or centrex locations are made by 
means of PBX or PBX-centrex tie trunks. 

Transmission 

Network trunks and various types of access lines provide the trans
mission paths in an EPSCS in much the same manner as in a CCSA 
network. The transmission plan is based on the via net loss concept 
and the VNL plan recommended for EPSCS is similar to that used 
in the switched message and CCSA networks. The losses prescribed 
for EPSCS circuits are summarized in Figure 15-9. Noise objectives 
are generally the same as those specified for the public switched 
message network. 

l ntermachine Trunks. Two loss values are shown in Figure 15-9 for 
intermachine trunks. The VNL value applies to trunks without echo 
suppressors. Echo suppressors are used and the loss is set to 0 dB on 
final intermachine trunks longer than 1150 miles and on high-usage 
intermachine trunks more than 1850 miles long. 

Access lines. Customer premises equipment (a PBX, key system, 
station set, data set, or automatic call distributor) , a class 4 or higher 
wide area telecommunications service (WATS) serving office, and a 
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TYPE OF CIRCUIT 1004-Hz ICL OBJECTIVE 

Four-wire intermachine trunk VNL dB (0 dB with echo suppressor) 

Four-wire PBX/ CTX access line 
VNL + 2S dB or bypass access line 

Four-wire OFF-NET access line 
VNL + 2 dB (ONAL) 

Four-wire W ATS trunk to class 5 
VNL + 2 dB office 

Four-wire WATS trunk to toll office VNL dB 

Four-wire directly-homed access line 
VNL + 4 dB (two-wire station set) 

Four-wire directly-homed access line 
6 dB (four-wire station set) 

figure 1 5-9. Transmission loss plan for EPSCS. 

class 5 office are connected to an EPSCS switching machine by an 
access line. Different designations are used to identify the type of 
access line according to the function and type of equipment involved. 

PBX and Centrex Access Lines. These are four-wire circuits that 
connect a PBX or a centrex to an EPSCS switching machine. 

Bypass Access Lines. Four-wire circuits, called bypass access lines, 
are used as one-way circuits to connect a distant PBX or centrex of 
primary interest directly to an EPSCS switching machine while by
passing the machine that normally would serve the PBX or centrex. 

Off-Network Access Lines. Connections between an EPSCS and 
the switched message network may be made by means of several 
types of off-network access lines which connect an EPSCS switching 
machine to a switching machine of the switched message network. An 
ONAL is a four-wire circuit that connects the EPSGS to a class 5 
office generally within the sam,e m,etropolitan area as the EPSCS 
switching machine. A WATS trunk can also be used to provide wide 
area telecommunication service to an EPSCS. This type trunk should 
terminate in a class 4 or higher message network office. 

Directly Homed Station Access Line. A four-wire line may be used 
to provide a direct connection from an individual station, data set, 
or key telephone system to an EPSCS switching machine. Station 
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equipment may be two-wire or four-wire. If it is two-wire, the four
wire to two-wire conversion is made at the customer premises. 

PBX Trunks. Standard PBX trunk facilities may be used to provide 
connections from PBXs to the public switched message network and 
to interconnect PBXs. Standard PBX-CO and FX trunks may be 
used with PBXs that are part of an EPSCS. Standard tie trunks 
are used to interconnect a satellite or tributary PBX to a main PBX 
or centrex. 

Balance. The use of four-wire transmission and switching facilities 
makes unnecessary the application of through balance procedures in 
EPSCS. However, impedance mismatches may still occur at four
wire to two-wire interfaces. Thus, terminal balance requirements are 
applied in order to control echo return loss and singing return loss. 
Tests for terminal balance must be made at EPSCS switching 
machines, PBXs, centrex locations, and toll offices that provide W A TS 
facilities. 

1 5-4 POLYGRID SWITCHED SERVICES NETWORK 

A polygrid network employs a continuum of grids of interconnected 
switching centers, all of equal rank. The switching centers are inter
connected in such a way that a large percentage of them would have 
to be rendered inoperative before network service would be disrupted. 
Thus, the network is highly survivable and provides optimum as
surance for call completion. An example of a polygrid SSN is the 
automatic voice network (A UTOVON) ,  a worldwide communication 
system used by the United States Department of Defense. 

Network Plan 

The polygrid network actually consists of two structures, one 
superimposed upon the other. The basic network structure, shown in 
Figure 15-10, furnishes short- and medium-haul capabilities. The 
basic unit of this structure is the home grid which is a set of switch
ing centers surrounding and directly connected to a destination 
center as shown in Figure 15-11. Most switching centers have direct 
trunk groups available from several adjacent centers. Home grids 
are functionally discrete even though they may overlap and share a 
number of switching centers to allow traffic routing over many 
different transmission paths. Home grid arrangements are similar 
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Figure 1 5- 1 0. Configuration of a basic polygrid network. 

for most switching centers except for the truncated patterns of those 
peripherally located. 

In order to minimize the number of tandem links on long connec
tions, a long-haul network is superimposed on the basic network 
structure as shown in Figure 15-12. To reach the destination center, 
the call is advanced via an exterior routing plan, so called because 
it is exterior to the home grids. There are ten possible exterior trunk 
routes that can be programmed to a destination switching center 
from an originating center. One is a single trunk group connected 
directly to the destination center. In addition to the direct route, 
there are nine alternate routes in sets of three, called triples. The 
first is called the most direct triple and normally represents a set of 
three forward routes. The second group is called the best alternate 
triple and the third is designated the second best alternate triple. 
Both the best and second best alternate triples normally represent 
lateral routes. 

An example of a set of ten exterior routes is shown in Figure 15-12 
for a call originating at center S and destined for center D. The 
direct trunk group is the first choice as the best possible route for 
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Figure 1 5- 1 1 .  Home grid. 

all calls. Of the three triples shown, the two designated most direct 
triple and best alternate triple are preferred because they represent 
forward routes that advance the call to switching centers which are 
considerably nearer the destination center than the originating 
center. The second best alternate triple employs lateral routes which 
do not advance the call but which are important for survivability 
because they would automatically be available to circumvent damaged 
or overloaded sections of the network. The routing program deter-
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Figure 1 5- 1 2. Long-haul routing. 

393 

S = Originating center 
D = Destination center 

mines the route a call might take. The route is selected on the basis 
of the precedence of the call, its destination, and the congestion of 
the programmed routes. The sequence of selection of an outgoing 
trunk group is not fixed for precedence calls.  On each new call, the 
hunting sequence for each triple is rotated to avoid possible repeated 
call blocking at a tandem office. 

Service Features 

All standard basic service features available in central office 
switching machines may be provided. Features of SSN s previously 
mentioned, such as class-of-service and duplex operation, are avail
able. In addition, some unique and special features are available. 

A dedicated polygrid network such as AUTOVON offers a number 
of special service features. This network is designed to transmit data 
at various bit rates as well as speech signals. Both two- and four-wire 
station sets are used. Generally, stations served through PBXs are 
two-wire whereas stations connected directly to a switching center 
are four-wire. All network switching offices are four-wire and all 
trunks are of unconditioned four-wire voice-grade design ; access lines 
and subscriber lines are available with a number of conditioning 
options. 
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A number of special features can be provided on an automatic or 
selective basis under class-of-service or user control. Some of these 
special features are controlled by the operation of auxiliary push
buttons or by the keying or dialing of a prefix code at the station set. 
Other unique and optional features are multilevel precedence pre
emption, off-hook service ("hot line" ) ,  and automatic and selective 
conferencing. 

TOUCH-TONE calling provides a method for pushbutton signalling 
with 16 distinct two-tone signals, 10 of which are used for regular 
telephone services. Two buttons, marked ""k and A, are for special 
services. For example, if during the process of setting up an auto
matic conference call, a conferee does not answer, the conference 
announcement tone continues. Should it be desirable to conduct the 
conference even though all conferees are not connected, the originator 
may remove the conference announcement tone by depressing the 
button assigned for that purpose (usually the button marked A ) . 
The four buttons on the right side of the TOUCH-TONE pad are 
marked FO (flash override) ,  F (flash ) , I ( immediate) ,  and P 
(priority) to designate precedence levels. Users who are authorized a 
certain precedence level may exercise preemption privileges over 
those assigned a lower level. 

Four-wire station sets are available for use in AUTOVON. The 
TOUCH-TONE feature should be provided in order to permit prece
dence calling privileges. A rotary dial with an external TOUCH-TONE 
pad may be provided in cases where the rotary dial is required for 
local service terminating on the same instrument. Both two-wire local 
lines and four-wire lines may terminate on the set. 

Transmission 

The A UTOVON system is designed for satisfactory transmission 
over connections up to 12,000 miles in length. 

Faci l ities. Four-wire line transmission facilities are specified for 
AUTOVON trunks, access lines, and subscriber lines. Carrier or 
microwave radio systems are used exclusively for trunks and where 
possible for access lines and subscriber lines in order to minimize 
delay and echo problems. Where voice-frequency cable facilities are 
required for access lines or subscriber lines, loading heavier than 
H44 should not be used. 
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Four-wire station equipment should be used for subscriber lines 
to minimize echo problems and to provide for alternate duplex data 
transmission. If two-wire station sets terminate subscriber lines, 
four-wire facilities should be used with a two-wire conversion hybrid 
at the station location. Such lines must be treated as access lines at 
the serving switching center in order to obtain proper echo-suppressor 
control. 

Access lines should be four-wire with two-wire conversion at the 
PBX. If these lines are also used for data or other four-wire applica
tions, they are called dual-use lines. 

Loss. Overall connection losses, loss variations, and stability are 
controlled by designing all trunks for zero loss and by introducing 
fixed losses into the subscriber line and access line end links. The 
1000-Hz design loss objective for subscriber lines is 0 dB ; for access 
lines, it is 2.0 dB with 2-dB switchable pads, i.e., 2.0 + 2S dB. Station 
arrangements include pads to produce the appropriate transmitting 
and receiving level points for data or voice transmission. 

Echo. Because of the mixture of two-wire stations (generally served 
by PBXs) and four-wire stations, the variety of service offerings in 
the network, and the global dimension of the network, echo control 
is of paramount importance. The use of net loss and return loss as a 
means of echo control is applicable only in those cases where return 
losses are very high, such as at four-wire stations, or where total 
echo-delay time is relatively short. In other cases, echo suppressors 
must be used. 

The design loss of access lines is specified to ensure adequate 
stability margins and speech volumes on all calls as well as to pro
vide proper echo control on access-line-to-access-line calls within the 
same switching center. Generally, echo control on connections in
volving one or more trunks and terminating at each end in two-wire 
PBXs is accomplished by the use of controlled split-type echo sup
pressors .  For AUTOVON, echo suppressors are used with trunk 
terminations in four-wire No. 5 crossbar offices and with access line 
terminations in four-wire No. 1 ESS offices. Since the length of con
nections cannot be predicted, echo suppressors are always provided 
on two-wire terminated subscriber and access lines. 

Controlled echo suppressors are normally in the disabled condition 
and are enabled as required by a relay operated by the switching 
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office trunk circuit. They are maintained in the disabled condition by 
switching machine logic for access-line-to-access-line connections made 
in ESS offices. Tone disabling is also provided to allow duplex data 
transmission. 

Common Grade Plan. In AUTOVON, all network trunks are common 
grade with special conditioning applied as required to access lines 
and subscriber lines. The addition of fixed compromise equalization 
to specially conditioned access lines or subscriber lines equalizes the 
end-to-end connection to a satisfactory degree in nearly all cases. 
The common grade plan permits all trunks in the network to be 
designed, maintained, and utilized in a similar manner. This results 
in a smaller total number of trunks and also provides more flexibility 
and survivability than segregated trunk classes. 

REFERENCES 

1. Shaye, N. "A Better Way of Designing Tandem Tie Trunk Networks," Bell 
Laboratories Record, Vol. 55 ( Sept. 1977 ) , pp. 220-226. 

2. American Telephone and Telegraph Company. Telecommunications Transmis
sion Engineering, Volume 2, First Edition ( Winston-Salem, N. C. : Western 
Electric Company, Inc., 1977) , pp. 194-195. 

TCI Library: www.telephonecollectors.info



Special Services 

Chapter 1 6  

Private Line Channels 

Private line telephone circuits designed to connect two stations 
over local and toll facilities are similar to a message network toll 
connection. The engineering considerations applicable to toll circuits 
and local plant generally are sufficient for designing private line 
telephone circuits. However, private line telephone service involving 
the connection of three or more stations so that each station may 
signal and communicate singly or collectively with all of the other 
stations is often requested. The engineering of such multistation 
private line telephone circuits involves specialized problems and com
plications which prevent the direct application of many of the accepted 
design procedures used for message network telephone circuits. 

Some of the complications encountered in designing multistation 
private line circuits are derived from options such as type of station 
equipment, signalling arrangements, interconnection with other 
private line facilities or other types of communication facilities, access 
to remote locations, and the use of the voice channel for other than 
voice transmission. 

In addition to the usual talking and signalling uses of private line 
telephone circuits, certain other uses are sometimes required and are 
furnished where tariffs provide for them. Some of these additional 
uses are : connection to private mobile radio systems, telemetering, 
remote control features (for controlling operation of radio trans
mitters or receivers, pipeline pumping stations, etc. ) ,  extension of 
alarm or power control circuits from unattended to attended loca
tions, teletypewriter services, facsimile, interconnection of computers 
or high-speed data files with other computers or input/ output devices, 
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wired music, remote studio to transmitter broadcast, and baseband 
video or television transmission. 

There is  no easy way to categorize and define such numerous 
possibilities as those offered by private line services. Perhaps the 
most exact, if not the most concise, method of classification is that 
offered by Federal Communications Commission (FCC) Tariff 260 
which groups private line services on the basis  of bandwidth and use. 

In addition to bandwidth and service use, transmission charac
teristics required for satisfactory service must be taken into con
sideration. Furthermore, a choice of available facil ities and special 
equipment must be made to meet transmission requirements and to 
satisfy signalling arrangements. Channels are commonly used for 
voice, voiceband data, wideband data, telegraph, and telephotograph 
transmission. Similar aspects of program and video services are 
covered in Chapter 17. The resolution of these basic considerations 
into a final decision for circuit layout ranges from a highly challenging 
problem to a very routine process. 

1 6- 1  PRIVATE L INE SERVICE CATEGORIES 

During the middle 1960s, considerable effort was expended to 
modernize private line tariffs. Included were the consolidation of a 
number of tariffs and the restructuring of service descriptions. This 
work culminated in the establishment of FCC Tariff 260. 

Service Elements 

As part of the tariff simplification, private line services were 
categorized by type of channel and assigned a series of 4- or 5-digit 
numbers. Channel rates, for the most part, are based upon inter
exchange channel costs applied on a mileage basis. This mileage i s  
the airline distance between appropriate rate centers ; pricing i s  o n  a 
per mile per month basis with the rate generally decreasing with 
distance. Channel conditioning may be ordered on certain channels 
for various degrees of transmission quality. Alphanumeric codes, C1, 
C2, etc., define the degree of conditioning and establish limits on 
attenuation and delay distortion. 

Each interexchange channel requires a terminating arrangement 
(frequently called a service terminal) which usually consists of the 
central office equipment, a local loop, and the station termination. 
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Some special services, such as television, may use a station termina
tion located at the central office and a local channel to extend service 
to the customer premises. 

Arrangements must be made for the provision of various items of 
station equipment in addition to those required by the service ter
minal. These include teletypewriter equipment, channel conditioning 
equipment, bridging arrangements, signalling arrangements, switch
ing equipment, etc. In some cases, the station arrangements (e.g., key 
telephone sets) may be provided under local rather than FCC tariffs. 

Service Descriptions 

As previously mentioned, the various types of service offerings 
covered by Tariff 260 are divided into series of descriptions identified 
by 4- or 5-digit numbers each of which applies to one type of service 
as shown in Figure 16-1. Within each series are a number of more 
specific services fitting the general description. 

The 1000 series includes a number of unconditioned channels 
capable of transmitting binary signals at rates up to 150 bauds. These 
channels may be furnished for half-duplex or duplex operation over 
2-point or multipoint facility arrangements. 

The 2000 series provides voice-grade private line service for voice 
and/or data or control signal transmission. Two-point or multipoint 
service is furnished on a half-duplex basis ; 2-point service may also 
be duplex. While the channel bandwidth does not generally exceed 
the 300 to 3000 Hz band, channel types 2007 through 2010 provide a 
bandwidth of up to 50 kHz for secure U.S. government communica
tions. 

Channels in the 3000 series have an approximate bandwidth of 
300 to 3000 Hz which is used for voiceband data transmission, remote 
metering, supervisory control, and miscellaneous signalling purposes. 
Two-point or multipoint service can be furnished on the basis of 
half-duplex or duplex operation. Special conditioning is available for 
these channels to improve their transmission characteristics. 

Series 4000 channels are conditioned channels with a bandwidth 
not exceeding 4000 Hz furnished for 3-Ievel data transmission or for 
telephotograph signals. Half-duplex and duplex services are provided 

TCI Library: www.telephonecollectors.info



400 Specie I Services Vol. 3 

SERIES 1 000 (SU BVOICE  GRADE) 

1001 Transmission up to 30 bauds for remote metering, supervisory control, 

and miscellaneous signalling purposes. 

1002 Transmission up to 55 bauds for teletypewriter, teletypesetter, data or 
remote metering, supervisory control and miscellaneous signalling pur-
poses, or transmission up to 45 bauds for morse code transmission. 

1003 Transmission up to 55 bauds for remote operation of radiotelegraph. 

1005 Transmission up to 75 bauds for teletypewriter, tele.typesetter, data or 
remote metering, supervisory control, and miscellaneous signalling 
purposes. 

1006 Transmission up to 150 bauds for teletypewriter, foreign exchange 
teletypewriter, data or remote metering, supervisory control, and 
miscellaneous signalling purposes. 

--

SERI ES 2000 (VOICE GRADE) 
---

2001 Furnished for voice transmission and alternate data and may be pro-
vided on a duplex basis for a 2-point service. Special conditioning is 
available for data use. 

2002 Provides for combined voice and control functions in connection with 
the remote operation of mobile radio telephone systems. 

2003 Provides for the transmission of single-frequency tones in connection 
with remote operation of mobile radio telegraph systems. 

2004 Furnished in connection with remote operation of a high-frequency 
point-to-point radio telephone system for the Office of Civil Defense. 

2006 Used for foreign exchange service. 

2007- Specially conditioned voice grade circuits to provide a bandwidth of 
2010 up to 50 kHz. These channels are furnished wholly within the Wash-

ington metropolitan area to a department or agency of the u.s. 
Government and provide for secure communications. 

(cont) 

Figure 1 6-1 . Private line services defined in FCC Tariff 260. 
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SERIES 3000 (DATA TRANSMISSION) 

3001 Furnished for remote metering, supervisory control, and miscellaneous 

signalling purposes. 

3002 Furnished for data transmission and may be used for facsimile. 

SERIES 4000 (DATA TRANSMISSION) 

4001 Furnished for Schedule 5 ( 3-level ) data transmission at rates of 1300 

and 1600 bauds. Special conditioning is maintained on steady noise, 
impulse noise, envelope delay, and net loss. These channels are fur-
nished primarily in connection with certain government services. 

4002 For telephotograph transmission ; especially adapted for the transmis-
sion of picture material between the frequencies of 1200 and 2600 Hertz. 

SERIES 5000 (TELPAK) 

See text. 

SERIES 8800 (WIDEBAND) 

8801 Provides for a 20-kHz wideband data channel, a 40.8 kb/s wideband 
channel, or a 50 kb/s facsimile or data wideband channel. 

8802 Provides an arrangement for a 50-kb/ s switched foreign exchange 
service. It is expected that this service will be discontinued when 
DATA-PHONE switched digital service becomes viable. 

8803 This service terminal provides for half-group (the equivalent of six 
voice channels)  data channels. This includes a 19.2 kb/s data channel 
or a 29 to 44 kHz analog channel for facsimile service. 

SERIES 1 0,000 (ENTRANCE FAC I LITIES) 

10,001 Provides circuits of approximate bandwidth of 300 to 3000 Hertz with 
transmission characteristics similar to those set for the Series 1000, 
2000, and 3000 channels. The customer premises must be located 25 

airline miles or less from the point at which the customer-provided 
communication channel is connected to the entrance facility. Rates are 
determined and filed on a case-by-case basis. 

Note : 6000 and 7000 series channels are discussed in Chapter 17. 

Figure 1 6- 1  (cont). Private line services defined in FCC Tariff 260. 
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for 2-point or multipoint arrangements but, because the channels are 
conditioned, multipoint services are restricted in respect to the 
number of points that may be served. 

The 5000 series of channels provides the base capacity for a variety 
of services which may be used for wideband or combinations of lower 
series channels. Two types of base capacity are available. The first, 
type 5700, provides a 240-kHz band, equivalent to 60 voice-grade 
channels. The second, type 5800, provides a band of about 1000 kHz, 
equivalent to 240 voice-grade channels. The two wideband base 
capacities may be divided into smaller bands by the use of appropriate 
service terminals. Three common arrangements are shown in the 
following table. 

MAXIMUM 
EQUIVALENT SEQUENTIAL 

TYPE VOICE CHANNELS DATA RATE, kb/ s 

5701 12 50.0 

5703 6 19.2 

5751 60 230.4 

The base capacity may also be used for individual channels of lesser 
capacity that are otherwise provided under lower series offerings. 
The corresponding designations in the 5000 series are numerically 
related to the lower series. For example, the equivalent of type 1001 
is type 5101 ; similarly, 2001 is translated to 5201, 3001 to 5301, and 
4001 to 5401. Provision is also made for interconnecting the lower 
series channels with the 5000 series channels. 

A variety of wideband services may be provided by 8000-type 
channels. Interexchange channels of type 8800 provide a maximum 
bandwidth of 48 kHz suitable for high-speed data or facsimile trans
mission or for 50 kb/s switched foreign exchange service. They may 
also be used to derive individual voice-grade ch:1nnels up to a 
maximum of twelve. 

Certain channels specified by series 2000, 3000, and 4000 may be 
derived from 8000 series channels. These are the same as those that 
may be derived from series 5000 base capacity except that series 1000 
channels may not be derived from series 8000 channels. Series 5000 
channels may be extended with 8000-series channels. 

Series 10,000 channels are entrance facilities used for extending 
customer-provided communications systems to the customer premises. 
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1 6-2 VOICE TRANSMISSION 

Circuits that are common but not unique to private line voice 
services may be arranged as either two-wire or four-wire, with 2-point 
or multipoint station arrangements and with or without selective 
signalling. Special consideration must be given to the selection of 
facilities, bridging of multipoint circuits, and signalling. 

The design process for a private line circuit may be initiated by 
preparing a preliminary layout of the circuit without detailed con
sideration of transmission and signalling. An approximate geographi
cal layout along existing cable routes may suggest locations for 
bridging arrangements and may show the need for new construction. 
After design constraints have been identified, the initial layout is 
modified to take into account available facilities, equipment, and 
maintenance capability. 

Selection of Faci l ities 

The facilities for 2-point private line circuits may be two-wire 
where gain and stability requirements can be met ; however, it is  
usually desirable to use four-wire arrangements for multipoint cir
cuits. The extent to which two-wire facilities can be used depends on 
the number of stations served. The multiple singing and echo paths 
produced by several two-wire branches limits their use and, there
fore, where a two-wire layout may be j ustified, for economic or other 
reasons, a detailed return loss analysis is necessary. Some two-wire 
branches may be used on multipoint circuits provided the layout is 
predominately four-wire. Some multipoint configurations involving 
large numbers of stations require complete four-wire design and may 
even include four-wire stations. 

Multistation private line voice circuits are generally designed for 
conference service ; i.e., any or all stations may be off-hook at the 
same time. Where a circuit is intended for nonconference service, it 
is not expected that more than two stations may be off-hook at any 
given time. Thus, nonconference type service may be more economical 
because more extensive use of two-wire facilities is possible. 

Types of Faci lities. The intercity facility portion of a private line 
voice circuit may be made up of any of the various standard types 
of carrier channels and any of the standard types of voice-frequency 
repeatered lines. The complex transmission and maintenance con-
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siderations that are characteristic of multistation designs make it 
desirable to assign the best grades of plant available where there is 
a choice of facilities. A complex circuit involving numerous branches 
may require extensive use of voice-frequency facilities where bridging 
points do not coincide with the terminals . of carrier systems on the 
route. It is advantageous from the standpoints of maintenance and 
service dependability to provide facilities that afford maximum free
dom from service interruptions regardless of whether the facilities are 
exchange or toll grade, four-wire or two-wire, 2-point or multipoint. 

Loop Repeaters. It is difficult to set maximum values for loop lengths 
or losses beyond which it is necessary to provide gain. For example, 
inherent losses on four-wire loops generally make a loop repeater 
necessary regardless of the loop length. Similarly, a two-wire loop · 
connected or bridged to a four-wire circuit usually requires gain be
cause of the hybrid loss. For two-wire loops with two-wire bridging 
arrangements, the loop lengths may be somewhat longer before 
repeaters are required because of the lower losses of two-wire bridges. 

Transmission Plan 

The transmission design of multipoint circuits is generally based 
on a 0-dB backbone route (center-of-bridge to center-of-bridge) with 
the allowable net loss assigned to the loops. The maximum net loss is 
10 dB for circuits using two-wire stations and 16 dB for those using 
four-wire stations. The 6-dB differen�e allows for the hybrid losses 
of the two-wire station set. The transmission design for circuit layout 
purposes is typically based on 0 TLP at the station set and a + 7 dB 
TLP at the receiving port of a bridge while still conforming to the 
standard -16 dB TLP at a transmitting carrier channel terminal. 

The transmission plan for 2-point circuits is based on a maximum 
net loss of 10 dB between two-wire stations. The transmission design 
for circuit layout purposes is based on 0 TLP transmitting and 
-,-10 dB TLP receiving at the station while conforming to the stan
dard transmission level points at carrier channel terminals. 

In addition, TLPs at the outputs of repeaters feeding cable facilities 
must be restricted in order to limit interference with other circuits, 

. usually resulting from near-end crosstalk paths. Minimum TLPs at 
cable line facilities connected to repeater inputs must also be con
sidered so that the value of signal power is not too close to that of 
noise and crosstalk. Transmission level point considerations that 
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relate to the use of cable facilities are c0vered in more detail in a 
subsequent discussion of voiceband data transmission which provides 
guidelines that may also be applied to private line voice transmission. 

Bridging Arrangements 

Multipoint private line arrangements require the interconnection 
of various legs at a common bridging point. For the purpose of this 
discussion, each line or branch connection constitutes a leg of the 
bridge. Some multipoint arrangements utilize more than one bridging 
point. The complexity of a bridging point design depends on whether 
the circuits to be bridged are two-wire or four-wire, on the impedances 
of the interconnected circuits, and on the switching needs of the multi
point arrangement. In order to achieve transmission stability, all 
circuit appearances on the bridge must be properly terminated when 
not otherwise connected. 

Two-Wire Bridges. There are several types of bridging arrangements 
suitable for two-wire layouts. Those most commonly used are the 
straight bridge type, the resistance type, and the pad type. 

The Straight Bridge Arrangement. This arrangement, shown in 
Figure 16-2, is  simpler, less costly, and has less loss than the other 
types. It is sometimes used where the higher loss of another type of 
bridge would necessitate a repeater. However, the straight bridge 
has some severe limitations which must be considered. A line or loop 
facility having serious irregularities (such as might be presented by 
a loop of complex makeup) when connected together directly through 
a straight bridge arrangement has a limiting effect upon the degree 
of balance obtainable across any repeater or hybrid connected to 
other bridge legs. Also, the calculated losses of the straight bridge 
arrangement assume 600-ohm terminations on all appearances. In 
actual use, these terminati'Ons are likely to vary appreciably from 
600 ohms and, consequently, the real loss of the bridge arrangement 
may differ from the computed value. This suggests another limitation. 
If one of the bridge legs is exposed to a very low impedance or short 
circuit, all other legs are affected and the balance of an adjacent 
repeater may be so deteriorated as to subject the entire circuit to 
a singing condition. Where the backbone circuit is repeatered but 
the branch circuit is not, a 600-ohm pad of 5 dB or more should be 
inserted in the branch circuit adjacent to the bridge provided the loss 
of the branch circuit is low enough to permit it. 
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I NSERTION 
LOSS, dB  

3 .5  

6.0 

8.0 

9.5 

The insertion loss of the straight 
bridge arrangement, if all legs are 
terminated in the same value of 
impedance, can be computed from 

Insertion loss = 20 log ; dB 

where n is the total number of legs. 
The losses of several arrange
ments commonly used are shown in 
Figure 16-2. 

Figure 1 6-2. The straight bridge. 

The Resistance Type Bridge. In 
this type bridge, illustrated in 
Figure 16-3, the loss is several dB 
greater than that in a straight 
bridge with the same number of 
legs ; thus, the resistance type is 
generally used where repeaters are 
employed on the circuit branches. 
Where the additional loss is not 
governing, the resistance bridge is  

usually preferred to the straight bridge. While use of this bridge does 
not always improve the singing margin, trouble on one of the circuit 
branches is ,Jess likely to affect the other branches or the singing 
margin of the overall circuit. 

The inserti-on loss of the resistance bridge with all legs properly 
terminated is 

Insertion loss = 20 log ( n-1 )  dB 

where n is the total number of legs. 

The value of R, the series resistors in Figure 16-3, can be deter
mined from 

R 
_ RT (n-2) 
- 2n 

ohms 

where RT is the nominal impedance of the bridge and n is the number 
of legs. The values of R and the corresponding insertion losses for 
several commonly used 600-ohm bridge arrangements are shown in 
Figure 16-3. 
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407 J To 
line 

J To additional 
branches 
through 
R resistors 

BRIDGE LEGS, n R, ohms INSERTION LOSS, dB 

3 100 6.0 
4 150 9.5 
5 180 12.0 
6 200 14.0 

Figure 1 6-3. The resistance bridge. 

The Pad Type Bridge. The uniformity of the impedances of all lines 
and branches can be improved by the use of a pad type bridge like 
that illustrated in Figure 16-4. Thus, singing margins may be in
creased and the effects of trouble in one circuit branch upon the other 
branches may be minimized ; however, its relatively high loss gen
erally limits its application to those cases where each branch is 
equipped with a repeater. 

The loss of the pad type bridge between any two appearances, each 
equipped with a 5-dB pad, is obviously 10 dB plus the bridging loss 
of the remaining legs. Because of the use of 600-ohm pads, the re
maining legs individually present an impedance approaching 600 ohms 
at the point of bridging. Hence, the bridging loss can be computed in 
the same manner as was done for the straight bridge arrangement, 
i.e., 

Bridging loss == 20 log ; dB 

where n is the total number of legs. The loss between any two bridge 
appearances is then 

Insertion loss == 10 + 20 log � dB. 
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The insertion losses for several commonly used 600-ohm arrange
ments are given in Figure 16-4. A 5-dB pad in each leg is assumed. 

To 
line 

''------'' 
To branch 

TOTAL NUMBER 
BRIDGE LEGS, n 

3 
4 
5 
6 

To 
line 

through pads J ��a���:�onal �-------------------

INSERTION LOSS, dB 

13.5 
16.0 
18.0 
19.5 

Figure 1 6-4. The pad bridge. 

The,,�Four-Wire Bridge. The 44-type bridge is a resistance network 
designed to interconnect four-wire lines. As shown in Figure 16-5, 
it consists of four sides, each having an input terminal and an output 
terminal. Within the bridge, there is a transmission path connecting 
each input terminal with the output terminals of the other three 
sides ; thus, a total of 12 paths link the desired input and output 
terminals. These paths, however, also provide transmission paths be
tween each bridge input and the other bridge inputs and between each 
bridge input and the output on the same side of the bridge. Generally, 
the paths between bridge inputs are of no importance but transmis
sion paths between a bridge input terminal and the output terminal 
of the same side produce return currents on the four-wire circuit 
which might result in either singing or objectionable echo. 
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Out In 

t \'---�' 
Side 4 t \'---....J' 

In Out 

Figure 1 6-5. Schematic of 44-type bridge. 

These return currents are controlled by the six individual paths 
from any input terminal to its corresponding output terminal. Each 
of the six paths consists of a direct path from the input terminal to 
the other three . output terminals ; from each of the three output 
terminals there are two paths in series back to the output terminal 
associated with the input terminal. Turnovers suitably located in the 
bridge network, as indicated in Figure 16-5, cause three of the six 
paths to be 180 degrees out of phase with the other three. Since these 
six transmission paths theoretically have the same loss, they cancel 
each other in pairs and the resulting loss between an input and its 
corresponding output is theoretically infinite. In practice, all of these 
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paths do not have identical losses because of manufacturing tolerances 
in the resistors and because of differences in the impedances of the 
lines or repeaters connected to the other three sides of the bridge ; 
each line or repeater connection constitutes a shunt on any trans
mission path through that bridge terminal. 

With all bridge terminals terminated in 600 ohms, the transmission 
loss between any input terminal and the output terminals of each of 
the other three sides is approximately 15 dB and the loss between 
any input terminal and the output terminal of the same side, as
suming good balance, is in excess of 75 dB. For some combinations 
of imbalance, such as short circuiting or opening two or more ter
minals of the bridge, this loss may be reduced to as little as 38 dB. 

The impedance of the bridge is about 650 ohms, with nominal 
terminations of 600 to 700 ohms. Since the bridge has a relatively high 
loss, its impedance does not vary greatly with various terminations. 

Although the standard 44-type bridge is, for practical purposes, 
a symmetrical circuit when properly terminated, it is unsymmetrical 
with respect to reflected or return currents. Extraneous currents 
entering the bridge may be as much as 9.6 dB higher at output 4 than 
at any of the other outputs. For this reason, side 4 should either be 
assigned to a branch circuit or be left spare. On some critical service 
where a spare side might be used for rerouting or pa-tching the main 
line circuit, it is preferable to assign side 4 to a branch and leave a 
different side spare. 

Other bridges of similar design are employed for 6-way ( 46-type) 
and 8-way (48-type) bridging. These bridges have 20 dB and 23 dB 
loss between input and output terminals, respectively. 

Talk-Back Features 

Since the standard four-wire stat�on arrangement has no connection 
between the transmitting and the receiving side of the circuit, no 
sidetone path is provided. In addition, communication is not possible 
between stations bridged together at the same location. It is necessary, 
therefore, to provide an external transmission path, called a talk-back 
path. This must be arranged so that it does not cause objectionable 
echo or return currents on the main circuit. Where talk-back is in
serted at a central office, it must not be separated from the station by 
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facilities having appreciable time delay since this would cause the 
talk-back to sound like echo rather than sidetone. Talk-back is gen
erally provided at a bridging point or as part of the four-wire station 
arrangement. This function may be accomplished by the use of a 
talk-back amplifier, a resistance type talk-back bridge, or an arrange
ment which uses the spare side of a four-wire bridge. 

To 4-Wire line 

t l 
8 

t 
A 

l 
To 4-wire station 

Tal k-Back Ampl ifier. One method, 
shown in Figure 16-6, makes use 
of an amplifier to interconnect the 
transmitting and receiving sides of 
the branch. With this arrange
ment, there is no transmission 
from C to B since the amplifier is 
a one-way device. In each of the 
two main transmission paths, A to 
B and C to D, there is a loss of 
about 3.5 dB due to the bridging 
effects. Thus, the gain of the talk
back path from A to D is the gain 
of the amplifier less 7.0 dB. In 
general, the amplifier gain is set so 
that the transmission from the 

Figure 1 6-6. Talk-back amplifier. 

station talker to his own receiver and other receivers at the 
location is equivalent to transmission from distant talkers. 

same 

Resistance Talk-Back Bridge. A second method of obtaining talk-back 
is shown in Figure 16-7. This arrangement consists of a resistance 
network inserted in the four-wire branch. Talk-back bridges cannot 
be used unless a repeater is associated permanently with the branch 
since the loss would be too great for satisfactory talk-back, even 
though the loop losses were 0 dB. Since this bridge is a 2-way device, 
the main circuit as well as the branch is subjected to feedback in the 
form of echo. A talk-back bridge having 21 dB loss is usually pro
vided for circuits using 44-type bridges. The talk-back signals trans
mitted into the bridge are then 36 dB below the normal signals due to 
the 15-dB loss in the 44-type bridge. This amount of feedback or echo 
on the main circuit is not objectionable for most voice applications ; 
however, on large multistation networks, especially those with 2-tone 
signalling, it is generally desirable to keep the number of resistance 
talk-back bridges to a minimum and use talk-back amplifiers whenever 
possible. 
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To 4-wire bridge 

To 4-wire station 

Figure 1 6-7. Resistance talk-back bridge. 

Talk-Back by Spare Side of Four-Wire Bridge. A third talk-back arrange
ment is indicated in Figure 16-8, in which advantage is taken of the 
spare side of a 44-type bridge. The same arrangement can be used 
with a 46-type bridge. The transmitting side of the branch is con
nected to the input terminals of side 4 of the bridge, the receiving side 
of the branch is connected to the output terminals of side 3 of the 
bridge, and the unused terminals are terminated in 600 ohm resistors. 
In this way, signals from the branch are returned through the 44-type 
bridge at the same magnitude as they are fed to the main line section 
of the circuit. Therefore, if the bridge is lined up for equal trans
mission in all branches connected to the bridge, the talk-back trans
mission is equal to the direct transmission. With this arrangement, 
no additional echo paths are introduced. 

Switching Arrangements 

Arr�ngements are available for switching multistation private line 
telephone circuits bridged at the same location. Switching operations 
are accomplished by four-wire relays using four-wire bridges as inter
connecting devices. Relay operation is controlled by one or more 
private line stations using de channels between the central office and 
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Figure 1 6-8. Talk-back obtained from spare side of 44-type bridge. 

41 3 

a station or by various selective signalling systems. From a trans
mission standpoint, a switching arrangement is similar to a plain 
bridging arrangement since, in the switched condition, two or more 
circuits are interconnected and appear as one circuit to the bridge. 
In the nonswitched condition, the circuits appear as terminal circuits. 

Station Features 

Private line telephone circuits usually terminate in a station set, 
a PBX, or key equipment. The equipment at a customer location is 
either common equipment or station equipment. The common equip
ment is the private line circuit termination that is common to all 
stations at the customer location. The station equipment is the in
strument, induction coil, etc., that is furnished at each station. Cir
cuits are available for use with both two-wire and four-wire loops 
with numerous wiring options such as local or common battery 
supply, idle circuit termination or loudspeaker, bridged station ex
tensions, headset jacks, alternate use transfer key, loop-back testing, 
station level control, talk-back, and various signalling arrangements. 

TCI Library: www.telephonecollectors.info



4 1 4  Special Services Vol. 3 

One type of common equipment used for terminating a four-wire 
loop, referred to as a four-wire termination, is shown in Figure 16-9. 
It consists of loop transformers (A and B ) , amplifiers or pads 
( C and D ) , station transformers (E and F ) , a loop-back path (G) , 
and a talk-back amplifier (H) . The loop transformers are selected to 
match the loop impedance to the nominal 600-ohm impedance of the 
station equipment. Connections to the loop side of the transformers 
provide de control channels as required. The station transformers are 
used so that the four-wire loop may serve more than one station. One 
arrangement, commonly used, has a fixed impedance ratio that pre
sents a low-impedance termination to the station sets. With this 
arrangement, the loss due to impedance mismatch decreases as the 
bridging loss increases, thus providing a more uniform station loss 
for the various number of stations that might be bridged. Some ar
rangements use autotransformers. The autotransformer tap selected 
to compensate for the impedance mismatch that would otherwise 
result is determined by the number of multipled stations. 

Loop-back is an arrangement used on a four-wire facility to inter
connect the transmitting pair with the receiving pair for the purpose 
of remotely testing the facility. Loop-back is provided either at a point 
where the TLPs of the transmitting and receiving pairs are equal or 
a pad is  provided with loss equal to the difference in TLPs. Loop-back 
control is by de or tone on the loop. 

c 

loop 
'---......j 

To receive [fA 
r;:'!:::!{ \::k 

T--��h [l _ ____.... ....... pad

--+------.-..t� 

,_ � 
B 

_____ ] :::::;-
Talk
back 
AMP "r---.-a 

Figure 1 6-9. Four-wire station termination. 
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Signal l ing Systems and Associated Arrangements 

There are many types of signalling that can be applied to a multi
station private line circuit ; the choice depends largely on customer 
needs. These may vary from no signalling (or signalling in one direc
tion between only a few stations) to the extreme case in which a 
large number of stations may signal any of the other stations 
individually, collectively, or by preselected groups. 

Loudspeaker Signall ing.  On many circuits, one station controls the 
operations of all of the other stations. A signalling system in common 
use for circuits operated in this manner is a loudspeaker signalling 
system. All remote stations are equipped with a loudspeaker so that 
they can be paged. The control station can have a loudspeaker or can 
be signalled in some other manner. A station equipped with a loud
speaker can monitor the circuit without restricting personnel activ
ities. However, the audible range of loudspeaker signalling is usually 
limited to the confines of a small area unless auxiliary speaker units 
are used. The efficiency of loudspeakers varies inversely with room 
noise. Furthermore, loudspeakers can easily be reduced in volume or 
turned off and forgotten. 

Two-Tone Selective Signal l ing.  In two-tone signalling systems, pulses 
of 600 and 1500 Hz are simultaneously transmitted by the operation 
of standard telephone dials. Each station, PBX, or key equipment 
position is equipped to receive a signal when one or more codes are 
dialed. When group and/ or master codes are used, the dialing of a 
single code signals several stations. The dialing of an assigned code 
by any station on the private line circuit operates the signalling indi
cator at the station or stations dialed. Two-tone signalling has been 
replaced almost completely by the SS-1 and SS-3 signalling systems. 

Manual Code Ringing. Manual code ringing employs devices at the 
stations that operate only during the time that a signal is being 
received. Twenty-hertz signalling is usually employed. Occasionally, 
instead of providing loops between the central office and the station, 
a four-wire carrier channel is used with one terminal located at the 
customer station. In this case, de signalling is often used between 
the station equipment and the carrier terminal. The codes are nor
mally assigned by the customer and consist of a combination of long 
and short signals. 
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While this system has advantages from a cost standpoint, it also 
has several disadvantages. For example, all stations receive all signals 
and careful attention is necessary in order to identify received codes. 
When loud horns, gongs, etc., are used, the receipt of unnecessary 
signals may be annoying. Also, improper manual signalling may re
sult in the wrong station answering or in no station answering. Thus, 
manual code ringing is generally unsatisfactory on eircuits having 
more than about 10 stations. 

Ringdown Signal l ing.  The station equipment for ringdown signalling 
is usually arranged to lock in on the first signal received. With locked
in signalling, the signal at the station continues until the call is 
answered unless a time-out feature is provided. Ringdown signalling 
is applied at the customer premises and is not transmitted over the 
loop. It has its widest application on 2-point circuits and on multi
station circuits where one station is equipped to receive ringdown 
signalling and all others employ loudspeaker signalling. 

Code Selective Signal l ing. The station circuits for ringdown signalling 
are also used for code selective signalling ; the required selector equip
ment is located at the central offices. On circuits with code selective 
signalling, each station is equipped with a ringing key and rings a 
designated code for the desired station. The selectors at the central 
office, one for each loop, count the rings ; if the number of rings re
c-eived matches the selector setting, a single 20-Hz ringing signal is 
applied to the customer loop. A signal is received at a particular loca
tion only when that location is called but there is no provision for 
selecting one station of a group of stations multipled on the same 
loop. While code selective signalling is considerably slower than SS-1 
signalling, it is less costly. 

Selective Signal l ing Systems. Sele.ctive signalling systems have been 
designed for both rotary dials ( SS-1 ) and TOUCH-TONE pads 
( SS-3 ) . The SS-1 system is capable of selectively signalling 81 indi
vidual stations. The 2-digit station codes are generated by dial puls
ing. The digit 1 is used only to cancel an erroneously dialed first digit. 
The dial pulses are converted to frequency-shifted tone pulses for 
transmission over four-wire facilities. Single-frequency receivers con
vert the tones back into de pulses. A decoder then counts, registers, 
and sends a momentary signal to the 2-digit corresponding code lead 
to operate station signalling circuits to signal only the called station. 
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The system is ready for dialing when the handset is removed from 
the switch hook or an equivalent action is performed by use of a key. 
However, before dialing, the station user must monitor the line to 
prevent interference with other users. If the system is in use, speech 
may be present or if the system has been arranged for privacy fea
tures, a tone is present. Conference calls are accomplished by dialing 
as many 2-digit codes as desired. 

The SS-3 selective signalling system uses 3-digit TOUCH-TONE 
codes transmitted over four-wire multipoint private line facilities and 
may be arranged for up to 698 codes. A typical system may involve 
several different locations. Equipment at each location consists of 
TOUCH-TONE telephones, a TOUCH-TONE signal receiver, SS-3 
signalling equipment, and four-wire line terminating circuits. Three
digit TOUCH-TONE coded signals are received at each location and 
converted into de pulses compatible for use with the SS-3 control logic. 
Every code dialed is received by the decoding equipment at all loca
tions. The S S-3 equipment at the location where a code has been 
assigned responds by placing a momentary ground on the code lead 
of the station circuit which results in the application of ringing cur
rent to the desired telephone set. In addition to station ringing, the 
code response from the SS-3 system may be used for any control 
application by providing auxiliary circuits. 

1 6-3 VOICEBAND DATA TRANSMISSION 

Private line data circuits may be designed for either 2-point or 
multipoint operation. Line design may be either two-wire or four
wire but four-wire design is preferred for multipoint service because 
of maintenance and return-loss considerations. Return loss normally 
limits the complexity and length of two-wire multipoint arrangements 
since it decreases with the number of points served and with devia
tions from the desired resistive terminating impedance of 600 ohms 
+ 10 percent across the 300 to 3000 Hz band. If more than 6 points 
are to be served, four-wire designs should be used. Another important 
factor that may be limiting in the design of multipoint services is 
noise, a mileage-dependent parameter. 

If customer-provided equipment is involved, either two-wire or 
four-wire terminations may be specified subject to multipoint stability 
limitations ; however, a request for four-wire terminations does not 
automatically mean four-wire design should be used. Half-duplex 
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service may be provided with either two-wire or four-wire facil ities 
but duplex service requires four-wire facilities when the same fre
quency band is used for both directions of transmission. 

A duplex channel may be used for simultaneous bidirectional trans
mission of two voiceband signals. A half-duplex channel may be used 
for transmission of one voiceband signal in either direction, but not 
simultaneously, or for transmission of two signals simultaneously, one 
in each direction, each using different and noninterfering portions of 
the voice bandwidth. 

Bridging Arrangements for Multipoint Circuits 

A standard multipoint split bridge is available for voiceband data 
services. Split (electrically independent) distribution and collection 
networks, shown in Figure 16-10, are used since the primary applica
tion is for four-wire data services between the main and multiple 
remote stations typically found in computer polling services. The 
physical design of the bridge assembly integrates the equipment and 
functions required at a bridge location ( i.e., bridging, transmission 
parameter adjustment, circuit access, etc. ) into a self-contained unit 
that minimizes cross-connections and centralizes mounting locations. 
The assembly includes standard VF amplifier and equalizer shelves 
and test access jacks. The resistive bridging networks are balanced, 
have 23 dB of loss at 1000 Hz, and have a characteristic impedance 
of 600 ohms. The bridge is designed to provide an interface. with 
cable and/ or carrier transmission facilities and has a constant loss, 
regardless of the number of ports in service. 

As shown in Figure 16-10, standard +7 dB and -16 dB TLPs are 
provided within the bridge. Both in-service and out-of-service testing 
capabilities are provided ; interlocked control of station loopback is 
included. While the bridge shelf accommodates equipment for 12 
functional bridging ports, flexibility has been provided for both intra
shelf and intershelf growth. The intrashelf flexibility enables easy 
configuration of the basic 12-port bridge shelf into either dual 6-port 
bridges or a single 12-port bridge. Cascading ports provide intershelf 
flexibility for the interconnection of more than one bridge without 
requiring circuit rearrangements. Plug-in components are required 
only for those ports of the bridge actually in service ; the remaining 
ports are terminated with dummy plugs which connect built-in 
terminations. 
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Figure 1 6- 1 0. Functional block diagram of split-bridge assemblies. 

Data Termination Arrangements 

A method of connecting a four-wire data termination to a four-wire 
facility is shown in Figure 16-11. The channel terminating unit (data 
auxiliary set) provides equal-level loopback and switching arrange
ments for a voice coordinating channel when required. The termina
ting unit also provides equalization and amplification to compensate 
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for loss and to establish TLPs as shown. When the local loop is 
connected to a carrier channe·l at the central office, the +5 dB TLP 
at the output of the terminating unit and the -16 dB TLP at the 
input to the carrier channel require a combined loop and transmitting 
pad loss of 21 dB. Adjustment of the receiving amplifier in the termi
nating unit establishes the -3 dB TLP at the loopback point. At the 
data set, a transmitted signal power of 0 dBm is standard with an 
overall net loss of 16 dB. The losses of any coupling devices must be 
included in the overall net loss. Channel terminating units can also 
provide two-wire terminations for four-wire facilities. Except for a 
two-wire termination (hybrid )  and the use of a different TLP, the 
arrangement is similar to the one described. 

Transmission Plan 

Private line data channels share facilities with circuits that provide 
message network service ; therefore, the design of the data channels 
must make them compatible with satisfactory operation of the shared 
facilities. Many of the related design criteria covered elsewhere are 
summarized and some additional criteria are given to illustrate how 
the private line design considerations may in some cases supplement 
message network considerations [1] . 

The most critical design parameters involved in providing satis
factory private line service without adversely affecting the message 
network are the specification of transmission level points and the 
application of signal power limits in terms of these level points. The 
establishment of these two design parameters provides protection of 
the message network from excessive crosstalk and from carrier 
system overload. 

To be consistent with message operations, a data private line circuit 
is designed to have a -16 dB TLP at the input to carrier system 
channel banks. The standard carrier system design then results · in a 
+ 7 dB TLP at the output of the channel banks. Several other TLPs 
are also defined. For example, on channels that are used alternatively 
for voice or data, the connection of the telephone station set to the 
line is generally defined (for the transmitting direction) as a 0 TLP. 
Some variations are permissible to accommodate channel terminating 
unit design restrictions provided signal power restrictions are not 
exceeded. 
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The data signal power is specified as not exceeding an average of 
- 13 dBmO in a voiceband channel over any 3-second interval in 
order to meet carrier system overload criteria. The peak voltage in 
the signal should not exceed the peak voltage equivalent to a +3 dBmO 
sinusoid no matter how short a time the peak exists. The power of 
the data signal (3-second average) is typically 0 d13m at the output 
of the data set or other terminal equipment. This point is regarded 
as the interface between the terminal equipment and the channel ; 
pads, amplifiers, equalizers, etc., are considered to be part of the 
channel. Thus, with the TLPs shown in Figure 16-11 and with the 
specified maximum signal power, a -13 dBmO signal is realized. 

Private line data channels are designed for a circuit net loss of 
16 dB. The loss must be allocated in a way that satisfies signal power, 
TLP, and noise objectives. For example, in order that the signal-to
noise ratio is not excessively degraded, data channels which utilize 
voice-frequency cable facilities should be limited to a maximum of 
12-dB loss in a continuous, nonrepeatered section of cable. 

A +5 dB TLP is recommended at the input to a cable facility for 
voiceband private-line data circuits. The maximum allowable value 
is a +7 dB TLP and the minimum is a -3 dB TLP. These values 
were established to limit signal power differences in order to control 
crosstalk between circuits using the same facility. The +5 dB TLP 
produces a private line signal power that corresponds closely to the 
signal power applied to the average length DATA-PHONE loop. Thus, 
crosstalk between private line and DATA-PHONE signals tends to 
be equalized. 

The maximum value was selected as a + 7 dB TLP to be compatible 
with the + 7 dB TLP at a carrier system output and to avoid crosstalk 
problems that might result from higher values. The minimum value 
of -3 dB, combined with the maximum recommended repeater section 
loss of 12 dB, is generally consistent with the -15 dB TLP recom
mended as the minin1um input to a VF repeater. The range of -3 dB 
to + 7 dB allows flexibility in the design of these circuits. 

Some departure from the established guidelines regarding TLPs 
and signal power are permissible provided network protection criteria 
are not violated. Care must also be exercised in these exceptional 
cases so that equal-level points can be established for loopback. 
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Impairments 

There are several types of impairment that must be controlled in 
order to meet transmission objectives for a private line channel. Most 
data signal impairments are the same or similar to those affecting 
voice signals ; however, there are some (such as impulse noise, delay 
distortion, and phase j itter) that have a more critical effect on the 
data signals and there are others that have different effects on the 
two signals. These impairments and the applicable objectives are re
viewed here as they relate to private line data transmission [1] . 

Im pulse Noise. The data signal error rate is seriously affected by 
impulse noise of sufficient magnitude and frequency of occurrence. 
As with other impairments, the susceptibility of data signals to im
pulse noise varies with the transmission rate and with the type of 
modulation. Impulse noise objectives and their allocations to facilities 
and links on multipoint priva:te line data channels are given in 
Figure 16-12. 

IMPULSE 

FACILITY NOISE 
THRESHOLD, 

dBrncO 

Overall (see note ) 71 

Local loop 59 

Voice-frequency trunk facility 54 

Compandored facility (N carrier) 67 

N oncompandored facility (except N carrier) 

0-125 miles 58 

126-1000 miles 59 

1001-2000 miles 61 

>2000 miles 64 

(Noncompandored N-carrier facility : 
2-dB higher for each length) 

Two compandored facilities in tandem 69 

T1 line equipped with D1 bank 66 

End link (multipoint circuits) 67 

Middle link ( multipoint circuits) ( S ee mileage 
limits above) 

Note : With a -13 dBmO holding tone. 

Figure 1 6- 1 2. Overa l l ,  l ink, and facility impu lse noise objectives. 
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The impulse noise objective is specified in terms of the rate of 
occurrence of the impulse voltages above a specified magnitude. The 
objective is expressed as the threshold in dBrncO at which no more 
than 15 impulses in 15 minutes are measured by an impulse counter 
with a maximum counting rate of 7 counts per second. The overall 
objective of 71 dBrncO implies a 6-dB signal-to-impulse noise thres
hold ratio in the presence of a -13 dBmO signal. 

Message Circuit Noise. There are two general message circuit noise 
limits for private line voiceband data channels. As shown in 
Figure 16-13, message circuit noise is related to circuit facility length 
in miles and is a measure of idle circuit random noise in dBrncO. The 
C-notched noise (a  term derived from the method of measurement) is 
the measure of noise on a channel when a .signal is present. A single
frequency holding tone is applied to the line as a signal ; this tone 
operates compandors and other signal dependent devices. At the re
ceiving end, the tone is removed by a very narrow band-elimination 
filter (notch filter) and the noise is measured through a C-message 
filter. The maximum C-notched noise limit of 53 dBrncO is based on 
a 24-dB .signal-to-C-notched noise ratio in the presence of a 
-13 dBmO signal. The mileage-dependent limits for message circuit 
noise are facility maintenance limits ; noise in excess of these limits 
indicates a trouble condition on channel facilities. 

FACILITY LENGTH, miles C-MESSAGE NOISE, dBrncO 

0- 50 81 
51- 100 84 

101- 400 87 
401-1000 41 

1001-1500 43 
1501-2500 45 
2501-4000 47 

Satellite channel 44 (See note) 

Note : Added to landline measurement on a power basis to obtain overall circuit 
limit. 

Figure 1 6-1 3. Message circuit noise limits. 

Single-Frequency Interference. There are many sources of this type of 
interference which may appear on channels in the form of unwanted 
steady single-frequency interferences. Occasional bursts of low
amplitude signals that may occur from crosstalk of multifrequency 
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signalling, for example, are not included in this category. The re
quirement for this type of interference is that, when measured 
through a C-message filter, it must be at least 3 dB below C-message 
noise limits. 

Attenuation and Delay Distortion. It may be necessary to control 
attenuation/frequency and envelope delay /frequency characteristics 
of a channel to permit satisfactory data signal transmission. How
ever, if the data rate is low and the distance of transmission is short, 
the channel may sometimes be used without corrective treatment. 
Attenuation and delay distortion may be corrected (channel condi
tioning) by the use of equalizers when requirements can not otherwise 
be met by available facilities. 

The attenuation/frequency requirement specifies the allowable de
viations of the attenuation characteristic over a given frequency 
range. There is no provision for the transmission of de components. 
The allowable deviations and frequency ranges vary with the grade 
of channel conditioning ; the deviation limits become narrower and/ or 
the frequency range wider as the better (higher numbered) grades 
of conditioning are provided. The allowable deviation is specified as 
the difference in loss between that measured at a specified frequency 
and that measured at 1000 Hz. 

In a manner similar to that applied to the attenuation/frequency 
characteristic, the allowable envelope delay distortion (EDD ) becomes 
smaller and/ or the frequency range wider for progressively better 
grades of channel conditioning. The overall envelope delay distortion 
limits are specified in terms of the difference between the maximum 
and minimum envelope delay within a frequency band. 

The basic requirements for voice-grade data circuits and the re
quirements for conditioned data circuits are given in Figure 16-14. 
The C1  and C2 grades of conditioning are restricted to a maximum 
of four midlinks on multipoint arrangements. Grade C4 conditioning 
is restricted for use on 2-, 3-, or 4-point circuits and C5 conditioning 
is restricted to 2-point circuits. 

Attenuation and delay distortion is usually corrected by the use of 
individual plug-in type equalizers at points on the circuit normally 
requiring VF amplification, such as bridge and station terminations. 
Various types of attenuation distortion equalizers are available for 
specific applications. Fixed equalizers are generally used to com
pensate for distortion introduced by voice-frequency cable facilities ; 
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FREQ BAND, Hz ATTEN*, dB 

BASIC REQUIREMENTS 

500 to 2500 -2 to +8 

300 to 3000 -3 to +12 

Cl CONDITIONING 

1000 to 2400 -1 to +3 

300 to 2700 -2 to +6 

2700 to 3000 -3 to +12 

C2 CONDITIONING 

500 to 2800 -1 to +3 

300 to 3000 -2 to +6 

C4 CONDITIONING 

500 to 3000 -2 to +S 

300 to 3200 -2 to +6 

C5 CONDITIONING 

500 to 2800 -0.5 to +1.5 

300 to 3000 -3 to +3 

*Relative to 1000 Hz. 

(a) Attenuation distortion 

FREQ BAND, Hz EDD*, pS 

BASIC REQUIREMENTS 

Cl CONDITIONING 

800 to 2600 1750 

1000 to 2400 1000 

800 to 2600 1750 

C2 CONDITIONING 

1000 to 2600 500 

600 to 2600 1500 

500 to 2800 3000 

C4 CONDITIONING 

1000 to 2600 300 

800 to 2800 500 

600 to 3000 1500 

500 to 3000 3000 

C5 CONDITIONING 

1000 to 2600 100 

600 to 2600 300 

500 to 2800 600 

*Max. inband envelope delay 
difference. 

(b) Envelope delay distortion 

Figure 1 6- 1 4. Requirements for 2-point or multipoint channels. 

adjustable equalizers may be used to correct for slope or excessive 
distortion at band edges. Other types of attenuation distortion 
equaJizers may be necessary to compensate for excessive midband 
ripple. Individual plug-in equalizers are also available for delay 
distortion correction. 

The attenuation and delay distortion of a circuit should be measured 
and adjusted at the customer station ( -3 dB TLP ) after the 1000-Hz 
loss measurement. Delay distortion measurements .are made after the 
attenuation distortion has been brought within limits. If a protective 
arrangement is required, all transmission measurements from the 
station must be made through the protective arrangement and overall 
objectives should be met in the appropr.iate direction of transmission. 
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Absolute Delay. A requirement for this parameter is not specified : 
however, absolute delay may prevent systems which use a retrans
mission scheme for error control from transmitting information at 
the maximum data transfer rates (throughput) specified for the data 
set. When satellite channels are used for data transmission, the ab
solute delay of several tenths of a second may cause problems of this 
nature. 

Net Loss Variations. At installation, the channel should be lined up 
to within ± 1 dB of the designed net loss at 1000 Hz. In operation, the 
net loss may vary up to +4 dB (maintenance limits) from the design 
value. These variations are caused by daily and seasonal temperature 
changes and other phenomena that may affect carrier and physical 
facilities. 

Singing Margin.  When two-wire station equipment is used to termi
nate circuits which are provided, in part, over four-wire facilities, it 
is necessary to make singing margin tests. These tests take into 
account both the amount of return loss at the hybrid and the relative 
separation of the TLPs between the two directions of transmission on 
the two-wire side of the terminating set. For this reason, singing 
margin tests are a more accurate measure of the echo effect than 
echo return loss measurements. 

Singing margin can be controlled by utilizing designs which pro
vide proper balance of terminating sets and which (within bounds of 
other design rules) provide good numerical separation between the 
TLPs in the transmitting and receiving directions on the two-wire side 
of the terminating set. The TLP representing the direction of trans
mission from four-wire to two-wire should always be numerically 
lower than the TLP representing the direction of transmission from 
two-wire to four-wire. Singing margin is equal to the latter value 
minus the former value plus the return loss at the hybrid. Figure 16-1 5 
shows two examples. In both cases, it is assumed that the hybrid is 
balanced well enough to produce a 10-dB return loss. However, in 
Figure 16-15 (a) , the singing margin is only 2 dB because of the 
values selected for the TLPs on the two-wire side of the terminating 
set. In Figure 16-15 (b) , the design is much improved and provides 
a singing margin of 26 dB. 

Frequency Shift. Frequency shift in carrier channels is seldom a 
serious problem for data applications. It is insignificant on carrier 
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(b) Singing margin = [ 1 3 - (-3)] + 10 = 26 dB 

Figure 1 6- 1 5. Examples of singing margin. 

1 0-dB 
return loss 

Vol .  3 

2-dB 
singing 
margin 

4-dB loop (4W) J 26-dB 
singi�g 
margm 

systems that have a transmitted carrier modulation scheme, such as 
N1, N2, or 0 carrier ; it may be found on channels employing sup
pressed carrier transmission, such as N3 and L carrier, but is not 
found on T -carrier systems. The L-multiplex equipment is designed 
to limit frequency shift to well within the 5-Hz end-to-end limit 
specified. 

Phase J itter. Total phase jitter between customer stations should not 
exceed 10 degrees. The objective for phase-j itter distortion on tandem 
LMX facilities is 8 degrees maximum, peak-to-peak. Phase j itter re
quirements for short-haul carrier systems have been established ; 
however, phase j itter on these systems is generally the result of noise 
or distortion and is not true j itter. 

Nonl inear Distortion. Nonlinear (harmonic) distortion is that portion 
of a channel output which is a nonlinear function of the channel input. 
The D1A and D1B channel banks used on T1 carrier is one such 
source of harmonic distortion. The impairment results from funda
mental nonlinearity and from the quantization process used in PCM 
systems. This type of distortion can be measured by transmitting a 
704-Hz signal at -13 dBmO and measuring the second and third 
harmonics at the receiving end of the channel with a frequency selec
tive meter. If the second harmonic ( 1408 Hz) exceeds -38 dBmO or 
if the third harmonic (2112 Hz) exceeds -43 dBmO, the cause should 
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be determined and the trouble cleared. Ordinarily, the performance 
of channel banks permits several to be operated in tandem without 
exceeding these requirements. 

Although the single-frequency measuring method provides an ade
quate indication of the degree of nonlinear distortion for many trans
mission facilities, it has some drawbacks, particularly where PCM 
transmission systems are involved. As a result, a different technique 
has been developed. Narrow bands of Gaussian noise centered at two 
frequencies, A and B, are transmitted. Distortion products are meas
ured using narrow bandpass filters centered at 2B-A, B-A, and 
A+B. The new technique provides less variable measurements for 
PCM systems and correlates better with higher speed voiceband data 
set performance. 

Transients. Rapid gain and phase changes in transmission media 
degrade data signals: Such changes occur infrequently but might be 
produced by switching a carrier facility to a protection facility. The 
changes may be either of a transient nature with the gain or phase 
returning to its original value after a short time or of a long-term 
nature with the gain or phase remaining at the new value for a 
period of time. The seriousness of a given gain or phase change de
pends on the type of signal transmitted and the method of signal 
detection. Generally, 2-level signals are less affected than multilevel 
or multiphase signals. For a given type of signal, the amount of 
degradation introduced by a rapid gain or phase change depends on 
duration, rate of occurrence, and peak magnitude of the change. 

A sudden change in received signal amplitude (greater than 
± 3  dB) having a duration of 4 to 32 milliseconds is defined as a gain 
hit. Amplitude hits of shorter duration than 4 milliseconds are con
sidered impulse noise. A reduction of 12 dB or more in received signal 
power for a duration of at least 10 milliseconds is defined as a drop
out. Maintenance limits on these impairments have recently been 
established. A sudden phase change of 20 degrees or more and 
in excess of 4 milliseconds duration is defined as a phase hit. The 
tenative limit for phase hits is a maximum of 10 hits in a 15-minute 
period. 

A sudden increase in nonlinear distortion is called a harmonic hit. 
These may be caused by some types of signalling passed through a 
channel bank or by power supply transients. The compressor circuits 
provided with D 1A or D1B channel banks of early design are particu-
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larly susceptible to these transients. Since such hits may adversely 
affect the error rate for voice-channel data services at speeds greater 
than 2400 bps, a special compressor circuit has been developed for 
use in D1 banks providing these channels. This compressor is now 
furnished as standard with all D1 banks. 

1 6-4 WIDEBAND DATA TRANSMISSION 

The evolution of wideband services and the general transmission 
plan to meet the fast growing demand for high-speed data channels 
were based on the use of existing transmission facilities or those 
readily available for installation. While digital facilities are generally 
considered to be most suitable for transmitting digital data, the trans
mission plan must include, wherever possible, the use of the more 
readily available frequency division multiplexed analog systems. 

Since many types and uses of wideband services are possible, trans
mission performance must be adequate for the most demanding types. 
However, the introduction of wideband services must not degrade the 
performance of other services sharing the same facilities. In addition 
to the transmission of high-speed data, provision must be made for 
required business machine coordination and control functions. 

Services Accommodated on Ana log Faci l ities 

Two bandwidths were made available to conform to the previously 
given criteria for wideband service. These are 60 kHz and 240 kHz 
which correspond to the 12 and 60 voice-channel group and super
group bands of the L-multiplex. The maximum synchronous serial 
data rates accommodated are 50.0 kb/s for the group band and 
230.4 kb/s for the supergroup band. Service terminals were also made 
available to accommodate 19.2 kb/s data (half-group band) . Each of 
these signals may also be transmitted over T -type digital transmission 
systems. In addition, point-to-point service can now be provided over 
digital facilities at 1.544 and 1.344 Mb/s. 

Facil ity Types. The transmission media for most intercity connections 
are L-type repeatered coaxial cable, microwave radio, or combinations 
of both. A basic supergroup may be terminated in a wideband data 
modem, may be connected through to a similar supergroup, or may 
be terminated in group banks for further . subdivision into 5 groups. 
A basic group may be terminated in a wideband data modem, may be 
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connected through to a similar group, or may be terminated in a 
channel bank for further subdivision into 12 voiceband channels. 

Wideband modems are also available for use on short-haul carrier 
routes. The N-carrier wideband modem translates a 50 kb/s signal 
in the band 0.1 kHz to 38 kHz into a group band of the N -repeatered 
line along with two voice coordination channels. In the T-type carrier 
systems, several wideband banks (T1WBs ) are available for trans
lating standard wideband signals from up to eight group or two 
supergroup services into a T1 bipolar line signal [2] . 

A baseband (analog) repeatered system is also available to permit 
extension of wideband data services over ordinary pairs in telephone 
cables. These are used to span distances of up to about 10 miles from 
customer premises to the nearest central office that has access to 
long-haul facilities for wideband service. These repeaters, referred 
to as wideband loop repeaters, include adjustable equalizers to match 
repeater gain to cable attenuation and were developed especially for 
wide band data service [2] . 

Where signal processing for transmission over unlike facilities is 
necessarily different, connection between such facilities must be made 
at baseband frequencies. The wideband service bay functions as an 
access point for maintenance of wideband data systems wherever 
signals appear at baseband frequencies. The service bay also provides 
interconnection for carrier transmission systems and a means for 
extending baseband signals over repeatered and nonrepeatered cable 
pairs. Centralized patching and testing facilities provide convenient 
access during system alignment and maintenance of interconnected 
circuits. For like services, the wideband service bay serves as a 
common level point for both directions of transmission which facili
tates link-by-link testing on a looped circuit basis. Where switching 
of wideband channels is required, the wideband service bay is the 
electrical interface for the switching equipment. 

A voice-frequency channel accompanies the wideband channel in 
all service offerings to permit coordination and control of business 
machine operation by voice communication or by alternative use of a 
low-speed data set to handle automatic control signals. Also, alternate 
voice arrangements are offered as an optional service so that the 
customer may utilize the full voiceband capability of the wideband 
channel for regular private line telephone service when not trans
mitting data. 
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Transmission Requirements. The wideband line between a serving test 
center and a data station is called the station line and the portion 
between serving test centers is called an interoffice facility. Trans
mission requirements for 2-point service are generally specified for 
each of these links as opposed to overall end-to-end requirements. 
Where no interoffice facility is employed, the station lines on both 
sides of the serving test center are designed to meet station line 
requirements. 

With switched wideband services such as DATA-PHONE 50®, the 
transmission requirements for noise, attenuation/frequency distor
tion, and delay distortion on the interoffice facilities are allocated to 
facilities to be switched in tandem. The total connection would then 
meet the same requirements as for a 2-point private line. 

Wideband channels are generally lined up for 0 dB net loss end-to
end and 0 dB net loss between wideband service bays. The signal 
power at the output of the data set is typically 0 dBm. Transmitting 
and receiving points at the wideband service bay are 0 system level 
(SL) points for group-band services and -10 dB SLs for half-group 
services. 

A typical layout of a group-band circuit is shown in Figure 16-16. 
The transmission requirements for group-band 2-point private lines 
are summarized in Figure 16-17. The requirements for half-group 
service are less stringent ; supergroup requirements are more strin
gent. Attenuation/frequency and envelope delay distortion require
ments are given in terms of relative slope, sag, and peak over the 
baseband frequency range. Figure 16-18 defines these values relative 
to a response curve which may be obtained from a series of single
frequency measurements or from the oscilloscope presentation of a 
gain and delay measuring set. While lining up a system by means of 
adjustable gain and delay equalizers, plots such as this are obtained to 
compare channel performance with the requirements of Figure 16-17. 

Circuit Testing. Test equip·ment, specifically intended for testing 
wideband data circuits, is provided at the wideband data test bay 
adjacent to the wideband service bay. This equiptnent permits meas
urement of signal or test signal power, interference and distortion, 
signal-to-noise ratio, impulse noise, and the transmission character
istics of wideband local loop and carrier channels. 
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INTER- EACH 
MEASUREMENTS EXCHANGE STATION 

FACI LITY L INE 

Slope 9.0 Slope 0.5 
Envelope delay (,us) Sag 12.0 Sag 3.5 

Peak 10.0 Peak 6.5 

Slope 3.5 Slope 0.5 
Gain deviation (dB) Sag 1.0 Sag 0.5 

Peak 2.0 Peak 2.0 

Gaussian 64 dBrn 54 dBrn 

Noise at 
Impulse 60 counts/ 110 counts / 
(85 dBrn 30 minutes 30 minutes 

O TLP 
threshold) 

Single-
frequency -30 dBm -30 dBm 
interference 

Digital error rate 
6 errors/ 3 errors/ 
5 minutes 5 minutes 

Gain at 25 kHz 0 ±0.5 dB 0 ± 1.0 dB 

Figure 1 6- 17. Transmission requirements for a 2-point private line group-band 
data circuit. 

Trouble investigation is generally made by examining the eye pat
tern of a dotting · sequence or a synchronous stream of random data 
at baseband frequency. The eye pattern method of circuit evaluation 
is not an absolute means of testing for circuit malfunction ; rather, 
it is an additional aid in trouble detection and circuit analysis. Usually, 
transmission impairments, such as attenuation/frequency or delay 
impairments, cause regular closing of the eye while noise or phase 
hits cause occasional wild traces through the center of the eye. 

Services Requiring Digita l Faci lities 

DATA-PHONE digital services are now available for point-to-point 
duplex transmission of isochronous digital signals at rates of 
1.544 Mb/s and 1 .344 Mb/s [3] . Signals transmitted at 1.544 Mb/s 
must conform to certain constraints on format but signals transmitted 
at 1.344 Mb/s are unconstrained. These services are designed to meet 
stringent service objectives in respect to quality and availability. 
Standard digital transmission facilities are used to carry signals from 
customer premises to customer premises. 
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-10 

-��----�---------------------------------------+----
Frequency -

Figure 1 6- 1 8. Slope, sag, and peak delay characteristics relative to a smooth curve. 

Signal Format. The signal transmitted from and delivered to the 
customer equipment must be in a bipolar format. As transmitted over 
loop and trunk facilities, the signal must also conform to three format 
constraints. There must be at least three pulses in every sequence of 
24 bit intervals, no more than 15 consecutive Os in the signal, and no 
more than 250 consecutive bit intervals carrying alternate 1s and Os. 
When the customer signal is at the 1.544 Mb/s rate, it must conform 
to these constraints. When the customer signal is at the 1 .344 Mb/s 
rate, the signal is processed by interface equipment, for transmission 
over loop and trunk facilities at the 1.544 Mb/s rate and the above 
constraints are also applied to this line signal. The processing in
cludes the insertion of framing and stuffing pulses so that the trans
mitted signal conforms to the format requirements. 

Service Objectives. Preliminary quality and availability objectives 
have been established for these services but must not be construed as 
minimum performance guarantees. The quality objective is to provide 
an average performance exceeding 95 percent error-free seconds. The 
second objective is to provide at least 99.7 percent channel availa
bility, i.e., the fraction of time the channel is operative. Thus, an 
average outage of 0.3 percent is permissible but this value is the 
average observed over a period of several years. 
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Typical Channel Layouts. As shown in Figure 16-19, the channel lay
outs for 1.344 and 1.544 services are similar except for the use of a 
306-type data set required in a 1.344 Mb/ s channel. The local and 
interoffice digital facilities are most commonly provided by T1 digital 
systems but any facility capable of carrying one or more DS1 ( 1.544 
Mb/s) signals may be used. 

The 551A Channel Service Unit (GSU) is usually mounted at the 
customer premises but is regarded as part of the local digital facility. 
The CSU monitors input and output signals in the transmitting direc
tion to ensure that signal format requirements are met. It contains 
a regenerative repeater, timing circuits, a bipolar violation remover, 
and maintenance circuits. A loopback arrangement permits remote 
testing from the central office. 

For 1.344 Mb/s service, a 306-type data set must be used at the 
customer premises to transform the signal from 1.344 to 1.544 Mb/s 
(and 1.544 to 1.344 Mb/s at the receiver) for transmission over local 
and interoffice facilities [ 4] . The transformation involves the inser
tion of framing and stuffing pulses in the transmitting direction 
and smoothing (dej itterizing) of the data stream in the receiving 
direction. 

1 6-5 TELEGRAPH DATA TRANSMISSION 

Private line telegraph service may be provided as either a 2-point 
or a multipoi!lt service. Multistation arrangements may include selec
tive calling features and line concentrators in more sophisticated 
networks. The station equipment may consist of a teletypewriter ar
ranged for any of the optional station features such as keyboard, 
printer, tape punch, and tape transmitter. The teletypewriter output 
is either a five-level or eight-level nonsynchronous digital signal with 
data speeds up to 150 bauds. Although networks may be engineered 
with higher speed teleprinters, this discussion is related to the 
1000 series channels for typical 60-, 75-, 100-, or 150-word-per-minute 
machines. Transmission over a local loop is generally accomplished 
in one direction by converting the teletypewriter output to a frequency 
shift keyed (FSK) signal between 1070 Hz and 1270 Hz and, in the 
opposite direction, between 2025 Hz and 2225 Hz. Complementing 
data sets are used at each end of the connection. 
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Large multistation networks may be built up at telegraph service 
offices. Data sets receive FSK signals from telegraph loops and con
vert the signals to marking and spacing signals of +60 and -30 volts, 
respectively. Telegraph loops may then be bridged at an electronic 
hub. As shown .in Figure 16-20, amplitude adjustment is provided 
between transmitting and receiving hubs so that a variable number of 
loops can be bridged. The maximum number of loops that can be 
bridged before regenerative repeaters are required depends on a 
circuit coefficient system that has been set up as a measure of overall 
quality for individual circuits. Each piece of equipment and facility 
us·ed on a circuit has been assigned a number that represents a figure 
of merit. The sum of these numbers between two ends of a circuit 
gives the overall circuit coefficient. A limiting coefficient of 10 repre
sents the highest number which can provide good service. Any circuits 
that exceed this limiting coefficient either must be provided better 
facilities or a regenerative repeater must be included between the 
transmitting and receiving portions of the electronic hub. 

Interoffice transmission may be provided most economically by a 
43-type telegraph carrier system. This is an FDM system that can 

Teletypewriter 

62.5 ma mark 
0 ma space 

Data 
set 

Loop 
1 070/1270 Hz -+ 

.,_ 2025/2225 Hz 

Data 
set 

Amplitude control 
or regenerator 

43-type 

To other 
loops 

CHAN 
unit 

FDM CXR TERM. 

Voiceband 
channel 

Figure 1 6-20. Partial layout of typical telegraph network. 
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combine up to six 150-baud channels with four 75-baud channels or 
can combine seventeen 75-baud channels on one four-wire voiceband 
channel. The FDM voiceband channel may then be combined with 
other voice-frequency channels on any of the standard carrier 
facilities. 

Transmission Requirements 

The transmission requirements for private line telegraph are con
sistent with those for unconditioned voiceband data service. However, 
transmission measurements are frequently referred to 2225 Hz instead 
of 1000 Hz, the reference frequency used in the telephone message 
network. This frequency, designated F2M, is the higher marking fre
quency in the baseband of the FSK signal. Telegraph signal impair
ment (distortion) is caused by attenuation/frequency distortion, 
envelope delay distortion, steady and impulse noise, frequency error 
between sending and receiving data sets, and listener echo. Distortion, 
as considered here, means the displacement of mark-to-space or space
to-mark transitions expressed as a percentage of nominal pulse width. 
The distortion objective is the maximum which the signal may en
counter from the de side of the transmitting data set to the de side 
of the receiving data set and still provide satisfactory error perfor
mance. In general, the distortion should not exceed 27 percent. This 
assumes that the receiving teletypewriter can tolerate 35 percent 
distortion ; thus, 8 percent is allowed for the sending teletypewriter. 
Error performance may be considered satisfactory at one character 
error in 10,000 characters transmitted. 

Selective Cal l ing Systems 

Numerous selective calling systems have been designed for multi
point telegraph service. The choice of type and features depends on 
the complexity of the network and the application. In nonselective 
arrangements, all messages transmitted on the line are printed by all 
stations. News wire services employ large networks of this type but 
the arrangement may be unacceptable for other applications. Selective 
calling arrangements employ call-directing codes. The teletypewriters 
are equipped with electromechanical devices called stunt boxes ar
ranged to respond automatically to particular codes or groups of 
codes. Versatile private line data communication arrangements are 
based on this feature. 

· 
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A good example of a modern low-speed data selective calling ar
rangement is the 85A system. This system signals between a line 
control station, which is a customer-provided terminal, and a net
work of outlying stations. The line control station polls the individual 
stations in sequence and the outlying stations respond with indications 
of their traffic-to-send status. When a station .is selected to send, it 
transmits to the line control station the addresses of those stations 
that have been designated to receive. The call-in process consists of 
the line control station determining if each of the selected receiving 
stations is ready to receive the message. When all the available ad
dressed stations and an intercept station ( if required) have re
sponded, the sending station sends the text of the message. An end
of-transmission code at the end of the message causes the line control 
station to resume control of the line and proceed to poll the next 
station in the polling sequence. 

1 6-6 TELEPHOTOGRAPH TRANSMISSION 

Telephotograph is a process by which fixed graphic material such 
as charts, photographs, circuit diagrams, maps, and handwritten or 
typewritten copy is converted to electrical signals which are used 
either locally or remotely to record a likeness of the subject copy. In 
telephotograph reproduction, variations in density from black through 
shades of gray to white are converted to variations in the amplitude 
of an electrical current by a scanning process. These variations of 
current are transmitted to the recording device. The reduction of the 
original picture to elemental areas and the conversion into electrical 
current variations is accomplished by machines designed for this 
purpose. Telephotograph receiving machines reconstruct the picture 
from the electrical current variations by exposing a photographic 
film to a light beam which is intensity modulated according to the 
information received from the transmitting machine. 

Usually, specially engineered circuits are used to transmit tele
photograph signals. These circuits are derived from existing voice 
grade channels. The characteristics of normal voice faci�ities do not 
necessarily provide satisfactory telephotograph transmission, even 
though the bandpass requirements are similar. Envelope delay dis
tortion, noise, intermodulation and harmonic distortion, amplifier gain 
stability, crosstalk, and echo are much more detrimental to tele
photograph than to voice transmission. 
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The Telephotograph Signal 

The output of the scanning photocell is amplitude modulated for 
transmission on private line voiceband channels. The type of ampli
tude modulation used, whether vestigial sideband or double sideband, 
is determined by telephotograph machine design which is based on 
bandwidth limitations. Most telephotograph machines use a carrier 
frequency between 1800 and 2400 Hz and require a passband in the 
range between 1200 and 2600 Hz. The actual bandwidth required for 
satisfactory ·transmission depends on the type of modulation and the 
limits imposed on distortion. 

Transmission Considerations 

In a telephotograph system carrier envelope, such as that illustrated 
in Figure 16-21, maximum carrier amplitude usually represents white, 
minimum carrier usually represents black, and amplitudes between 
minimum and maximum represent shades of gray. The minimum and 

Scanning 
(spot 
aperture) 

\ Scanned D --� 
pattern 

Photocell 
current 

Carrier 
frequency 
envelope 

2 3 4 5 +- 6-+ 

O dB 

- - 1 5 dB 

- -30 dB 
'-----.J 

Contrast 
range 

Figure 1 6-2 1 .  Carrier-frequency envelope of a band-limited telephotograph signal. 
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maximum conditions are reversed in some systems, i.e., maximum 
carrier represents black and minimum carrier represents white. The 
contrast range, which varies from 8 dB to 32 dB in various systems, 
is shown in Figure 16-21 as 30 dB. 

Attenuation/Frequency Distortion. The amplitude characteristic in the 
1200 to 2600 Hz band is of primary importance if the received 
picture is to contain a faithful reproduction of gray scale. For ex
ample, in Figure 16-21, assume that the scanning from bar 4 to bar 5 
causes a 2000-Hz carrier to be modulated at a rate of 800 Hz and 
that bars 4 and 5 cause a decrease in carrier amplitude of 30 dB. 
A composite signal containing 1200 Hz (2000 Hz minus 800 Hz) 
would be transmitted. If the transmission facilities contained ampli
tude distortion so that this signal was received 20 dB below maximum 
amplitude, the reproduced bars would be a shade of gray instead of 
black. Therefore, if the facilities are to be used for the transmission 
of good quality telephotograph signals, the attenuation/frequency 
characteristic in the 1200- to 2600-Hz band must be uniform. In 
practice, the private line facilities which are leased for telephotograph 
transmission are equipped with adjustable equalizers and/or equal
izing repeaters in order to provide a uniform attenuation/frequency 
characteristic. 

Envelope Delay Distortion. For successful telephotograph transmission, 
the position of the various frequency components in the composite 
signal should reach the receiving terminal in the same time relation
ships as transmitted. If changes in these time relationships do occur, 
picture impairments result. In practice, delay equalizers are provided 
in necessary circuit locations to meet the delay distortion require
ments of a particular system. 

Message Circuit Noise. Telephotograph transmission is very suscep
tible to random noise interference, especially in the frequency band 
from 1200 Hz to 2600 Hz. Random noise registers in the received 
copy according to magnitude and the contrast range of a particular 
system. It appears as streaks or snow. Generally, random noise does 
not cause impairment if it is 45 dB or more below maximum picture 
signal in a system having a 30-dB contrast range. 

Single-Frequency I nterference. Another form of interference is an un
wanted single frequency which may be due, for example, to a singing 
repeater, crosstalk, or cross-modulation involving single-frequency 
tones. If sufficient in amplitude, the interfering signal can modulate 
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the picture carrier and appear in the picture as a bar, herringbone, 
wood-grain or rope-like pattern. 

Net Loss Variations. The net loss of a telephotograph channel must 
remain stable since changes cause the signals reaching the receiver 
to produce different shades of gray in the received picture than in the 
transmitted picture. In telephotograph systems which use a photo
graphic process, a change in the order of 0.1 dB can be detected in 
the reproduced picture. Net loss variations can be classified as short
term and long-term. The short-term changes occur during the time 
required to scan and transmit a complete picture ; long-term changes 
occur gradually in periods of hours or days. Short-term changes can 
be noticed in portions of a received picture as small as a part of one 
scanning line or in groups of scanning lines. A level compensator is 
sometimes used to reduce the effects of short-term variations. Long
term changes, commonly caused by seasonal temperature variations 
and deteriorating equipment, are controlled by proper maintenance 
practices. 
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Chapter 1 7  

Program and Video Channels 

Audio program and video are two of the major private line channel 
categories in FCC Tariff 260. These channels provide a number of 
unique services and features that require designs of line and terminal 
equipment that must meet stringent transmission objectives. In some 
cases, where audio program transmission is involved, these designs 
are tailored to the specific needs of the services involved and, in other 
cases, the designs are adaptations of existing facilities. 

The wide bandwidth required for video signal transmission has led 
to the provision of transmission facilities especially suited to this 
type of service. Some of these facilities involve the transmission of 
baseband video signals while others are used for the transmission and 
distribution of video signals in the radio-frequency bands by carrier 
techniques. 

1 7- 1  AUDIO PROGRAM CHANNELS 

There are two general classifications of audio program channels, 
local and interexchange. Local program channels usually are com
paratively short and require only local facilities. Most interexchange 
channels require the use of at least some toll facilities. Channels that 
require interoffice facilities but are not provided on toll facilities are 
considered to be local program circuits. A typical layout of program 
circuits is shown in Figure 17-1. 

Circuits which may be routed partly in toll facilities are most fre
quently found in studio-to-transmitter circuits since the transmitters 
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Figure 1 7- 1 .  A typical layout of local program circuits. 

445 

Transmitter 

may be as much as 35 to 40 miles distant from the studios. Other 
examples of this type of circuit may be found in the longer remote 
pickup circuits. These types of circuits are too short to be routed 
economically in regular toll program facilities. While they are too long 
to be handled as purely local circuits, they have certain characteristics 
in common with the shorter loops. 

Local program circuits are furnished to AM and FM radio broad
cast stations and to both commercial and educational television 
stations for the audio portions of the signals. Other subscribers may 
request equivalent nonbroadcast facilities such as those for "wired 
music." 
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Types of Circuits 

Program services are classified as interstate because broadcasting 
is generally interstate ; therefore, these services are covered under 
FCC tariffs rather than state tariffs. Tariff 260 defines the local pro
gram channels in two way.s, Schedule F and studio transmitter links 
(STL) . Schedule F includes program transmission channels within 
an exchange area : ( 1 )  between two stations, (2)  between a station 
and the point of connection with an interexchange channel, (3)  be
tween a station and a telephone company central switching point, 
or (4)  between a telephone company central switching point and the 
point of connection with an interexchange channel. The STL provides 
a program transmission channel which connects a broadcast studio 
and a transmitter site. 

Interexchange program channels are also furnished under FCC 
Tariff 260. They are the series 6000 types, which distinguish service 
offerings by bandwidth and period of use. If the channel is used for 
a short period of time, occasional rates apply ; if the installation is 
permanent, monthly rates apply. Tariff types are commonly referred 
to as "schedules." Figure 17-2 lists and describes the series 6000 
channels. Transmission over these channels is usually unidirectional 
but arrangements can be made to reverse the direction. 

Series 6000 interoffice channels may be connected : ( 1 )  at a central 
office with local channels and/ or with other interoffice channels for 
the same or different customers, or (2 )  via telephone company local 
channels with a customer-provided audio channel at a studio or 
broadcast transmitter or a terminal of a customer-provided audio 
channel. Connections with the message network or other private line 
services are unsuitable for satisfactory transmission. 

Overa l l  Transmission Design 

The first step in the design of a program circuit is to determine 
requirements. Some factors are the points of origin and termination, 
the type of equalization required, the service date, and any special 
arrangements. The type of broadcast service must be known in order 
to meet the proper noise, loss, and distortion requirements. A review 
should be made of available facilities to determine the need for new 
construction, loading, unloading, etc. Bridge taps and multiple ap
pearances should be removed wherever possible to improve trans
mission and to protect service. 
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When circuits are sectionalized by facility, the facility lengths 
should be short enough so that they can be readily equalized and so 
that good signal-to-noise ratios can be obtained. Consideration must 
also be given to the locations of amplifiers and their effect on the 
control of noise and distortion. 

A tentative level diagram should be drawn and amplifier gains 
established. Suitable equipment may then be selected and the achiev
able noise performance can be determined. It may be necessary to 
make noise and crosstalk measurements on the facilities before the 
final design is established. 

When an unequalized local program channel is requested, the 
attenuation/frequency characteristic is not guaranteed. The facility 
may be any local cable pair that meets the message network design 
objectives. The broadcaster may choose to provide the equalization 
and frequently does when the facility is short and nonloaded. If the 
facility is loaded, equalization of the grade desired may be impossible. 

Frequency Response. When an equalized local program circuit is  
furnished, the bandwidth is specified as 100 Hz to 5000 Hz, 50 Hz to 
8000 Hz, or 50 Hz to 15,000 Hz. While loss limits are not specified 
by regulatory bodies, these bandwidths are generally understood by 
the broadcast industry to be the range of frequencies within which 
attenuation deviates from the 1000-Hz value by no more than ± 1.0 dB. 

By careful attention to design, construction, and alignment, the 
tolerance of + 1.0 dB can usually be met. When the circuit is divided 
into sections with one or more amplifiers, equalization should begin 
at the originating end and proceed to each successive equalizer and 
amplifier so that the attenuation/frequency characteristic at the end 
of each section is as flat as possible. This procedure tends to minimize 
cumulative deviations. 

Frequency response requirements are most difficult to meet when 
a number of circuits are switched to a common circuit at a program 
operating center. Program switching may be required when several 
remote pickups and a network connection are used. The circuits 
usually have different characteristics even though each one indi
vidually meets the tolerance of + 1.0 dB. It may be possible to con
nect each switched circuit in turn to the common circuit and to adjust 
the last equalizer in the switched circuit for the best overall response. 
In some cases, it may be difficult or impossible to release the facilities 
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long enough for overall tests. In these cases, the attenuation devia
tions may accumulate but they should in no case exceed -+-2.0 dB 
and are usually less. If the connected circuits do not have the same 
characteristics, the overall connection can have no better response 
than the worst section. 

Signal Ampl itudes. Audio program signals should be delivered to the 
program circuit at +8 vu. This signal amplitude is acceptable for 
transmission in cable plant provided satisfactory crosstalk coupling 
losses exist between the program circuit and other cable pairs. If 
lower values of .signal are delivered to the program circuit, signal-to
noise ratios are reduced unless the loss ahead of the first amplifier is 
correspondingly less than the maximum allowable for noise control. 

Amplifier gains should be adjusted for a program output of +8 vu. 
The amplifiers should be capable of satisfactory operation at this 
power without excessive noise or distortion in order to pass instan
taneous peak signals that are not measurable by use of vu meters. 
Since program signals are not normally available for lineup pur
poses, it is customary to use a 1000-Hz test signal of 0 dBm at the 
sending end and to adjust each amplifier for 0 dBm output. Circuits 
are normally designed to have equalized losses not exceeding about 
32 dB in any amplifier section. Therefore, program signal amplitudes 
should not be below -24 vu at any point. 

Non loaded Cable Facil ities. N onloaded cable pairs may be used for 
local program circuits provided they can be equalized for any band
width normally furnished. The 1000-Hz loss of any nonloaded cable 
pair to be used for a program circuit or for a section of such a circuit 
should not exceed about 12 dB if satisfactory signal-to-noise ratios 
are to be maintained. Currently available equalizers can provide about 
20 dB of attenuation equalization ( slope) . Therefore, the loss of the 
cable pair should not exceed about 30 dB at the highest frequency to 
be used. 

Maximum cable section lengths, in terms of the 12-dB 1000-Hz loss 
and the 30-dB top frequency loss, are shown in Figure 17-3 for some 
commonly used types of local area cables. When a cable facility in
tended for program use consists of more than one gauge, the maxi
mum allowable combined lengths can be determined by prorating each 
gauge on the basis of the maximum lengths shown. The percentage, 
when totaled, should not exceed 100 if program transmission re-
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quirements are to be met. For example, assume that a cable pair with 
1.4 miles of 24 gauge ·and 1.7 miles of 26 gauge is to be equalized to 
15 kHz. The percentage of each length to the maximum is : 

and 

24 gauge, !:� X 100 = 35.0 % 

26 gauge, i:i X 100 = 54.8 % .  

I n  the example, the combined percentage equals 89.9 percent which 
indicates that this combination can be equalized to 15 kHz with proper 
equipment and line treatment. 

CAPACITANCE 

GAUGE 

26 

24 

22 

19 

19 

*12-dB loss 

t30-dB loss 

�-tF/mile 

0.079 

0.084 

0.082 

0.084 

0.066 

1 kHz* 

4.2 

5.1 

6.6 

9.5 

10.0 

LENGTH, miles 

5 kHzf 8 kHzt 

5.1 4.1 

6.4 5.1 

8.4 6.9 

12.0 10.5 

14.5 12.8 

Figure 1 7-3. Maximum length of non loaded cable facilities. 

15 kHzt 

3.1 

4.0 

5.5 

8.9 

10.1 

Where only two gauges are to be equalized, the combined computed 
lengths generally should not exceed about 90 percent of the maximum. 
If three or more gauges are to be equalized, the combined lengths 
should not exceed about 80 percent of the maximum. Noise and cross
talk tests should be made in borderline cases to ensure satisfactory 
performance. 

The larger gauges have less loss and greater lengths can be 
equalized. Low capacitance cables have less loss at high frequencies 
and are more readily equalized than high-capacitance cables. 
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Loaded Cable Faci l ities. A number of loading arrangements can be 
used for local program circuits. They include H spacing ( 6000 feet) , 

B spacing (3000 feet) -, and arrangements such as : and � spacing 

for program use. The type selected must have a nominal cutoff 
frequency high enough to permit equalization over the required 
bandwidth. 

Load spacing for local program circuits is not as critical as for 
message network circuits because echo and singing are not involved ; 
only one direction of transmission is used. However, irregular spacing 
tends to reduce the cutoff frequency and may introduce deviations in 
the attenuation/frequency response that are costly to equalize. Load
ing with 88 mH coils is suitable only for unequalized local program 
circuits. The use of loading coils of less inductance depends on the 
nominal cutoff frequency of the circuit. 

Section lengths of loaded cable pairs can be greater than for non
loaded pairs because of the lower transmission losses. However, loaded 
sections should also have 1000-Hz losses not exceeding 12 dB if ade
quate signal-to-noise ratios are to be maintained. If mixed gauges are 
used, the section lengths should be reduced as discussed for the 
nonloaded facilities. 

With circuits composed of both loaded and nonloaded cable pairs, 
the equalization arrangements employed must usually be of a special 
nature ; they are dependent upon the actual circuit layout. Where 
the j unction of the loaded and nonloaded facilities occurs at an inter
mediate office, each section may be equalized separately by standard 
methods ; overall tests and readjustments may then be made to com
pensate for reflection effects at the j unction. However, this type of 
layout may require the use of an intermediate amplifier at the junction 
office to compensate for the additional losses of the intermediate 
equalization. This procedure has the advantage of using the arrange
ment best suited to each component of the circuit with the increased 
probability of more consistent results. 

Where the j unction of the loaded and nonloaded facilities is at a 
point remote from an office or where intermediate amplification solely 
for equalization purposes can not economically be j ustified, terminal 
equalization can be employed. In such cases, the equalization is less 
subject to precise advance design since the final arrangements are de-
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termined as a result of circuit testing. As a general rule, the first 
approximation would be the equalization arrangements applicable to 
the predominant facility. These arrangements would be supplemented 
by other equalization shown to be necessary as a result of circuit tests. 

H Loading Systems. Unequalized circuits and circuits to be equal
ized to 5 kHz may utilize H44 loaded cable pairs. Both low- and high
frequency correction can be provided with program equalizers. The 
unequalized high-frequency response of relatively short H44 loaded 
facilities is within 1.5 to 2 dB of the 1000-Hz value up to approxi
mately 4500 Hz and about 3.5 dB at 5000 Hz. Where such a charac
teristic is considered adequate to meet the requirements of the 
particular case, the equalization can be confined to a low-frequency 
corrector, consisting of a capacitor of 1 to 4 JLF in parallel with a 
resistor of 100 to 2000 ohms inserted (in series) at the midpoint of 
the drop (central office) side of the line repeating coil. The amount 
of correction introduced is greater with the lower value of capacitance 
and the higher value of resistance. 

Circuits with bandwidth requirements up to 5 kHz may utilize H22 
loaded cable pairs. For the lengths of H22 loaded facilities which 
are ordinarily encountered, the response up to 5000 Hz should be 
sufficiently uniform so that no high-frequency correction is necessary. 
Low-frequency equalization can be obtained by the use of a low
frequency corrector similar to that described for the H44 loaded 
facilities. 

B Loading Systems. Bandwidth requirements up to 5 kHz can be 
met with B44 loaded cable facilities and B22 loading can be used for 
circuits with bandwidth requirements up to 8 kHz. The B loaded 
systems have about the same frequency response characteristics as 
the H22 loaded systems but the insertion losses are less. Equalization 
requirements are similar to those previously discussed. 

Program Loading Systems. There are a number of loading plans 
that use 7.5 mH and 11 mH coils. Some of these plans use B spacing 

while others use nominal 1000-foot _!!___ or 1500-foot JL spacings. 
3 2 

These program loading systems have nominal cutoff frequencies well 
above 15 kHz and can be equalized by the use of standard program 
equalizers. 
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Program Ampl ifiers. When amplification is required for local program 
circuits, any of a number of standard available program amplifiers 
may be used. Such an amplifier must have a substantially uniform 
frequency response over a range well beyond the requirements of 
the circuit. The output noise must not exceed 25 dBrn, program 
weighting, when measured at the full gain of the amplifier. The 
measurement should include the loss of any output pads or equipment 
which may be used in normal operation. The amplifier must be able 
to handle an output volume of at least +8 vu without measureable 
overloading or distortion. Amplifiers which meet these requirements 
are available in both ac- and de-powered types. The ac-powered 
amplifiers have installation and maintenance advantages in locations 
which normally do not have 24-volt and 130-volt de supplies available. 
These advantages are particularly evident for installations on pickup 
loops which are usually temporary in nature or seasonal in character. 
Transistor amplifiers should be considered wherever possible since 
they operate from the 48-volt central office filtered battery. They can 
also be mounted on poles or in manholes and may use either com
mercial power or central office battery supply furnished over a 
separate cable pair. They can be easily installed on customer premises 
and they generate less heat than tube-type amplifiers. 

Carrier Faci l ities. The short-haul carrier channels generally found in 
toll-connecting plant may be used for unequalized local program cir
cuits. When equalization is required, the use of short-haul carrier 
channels is restricted. However, there are no program channel units 
for short-haul carrier systems that can provide a bandwidth of more 
than 5 kHz. When a 5-kHz bandwidth is acceptable and N -carrier 
systems exist on the desired route, schedule A program channel units 
may be used. 

It is recommended that studio transmitter links not be assigned to 
short-haul carrier systems. Program channel arrangements that use 
compandor.s can produce misleading results when noise or harmonic 
distortion measurements are made in order to comply with FCC 
acceptance test procedures. The FCC procedures call for the trans
mission of several single-frequency test signals at various amplitudes. 
The type of test equipment commonly used in the broadcast industry 
does not produce the desired readings with compandored facilities 
in studio transmitter links. 

Program channel units and terminal equipment are presently avail
able for L-multiplex systems for up to 8-kHz channels. Where toll 
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facilities are required for 15-kHz service, special arrangements must 
be employed. General Trade terminal equipment is available for multi
plexing channels on radio facilities for 15-kHz service. 

Equal izers. Several types of equalizers are available for use with 
local program circuits. One type, designed to mount in the same 
housing with the transistor program amplifier, can equalize non
loaded 5-, 8-, or 15-kHz circuits. These equalizers are arranged for 
bridging across the line and are normally applied at the receiving 
end of a section. They are used in conjunction with a repeating coil 
connected for 150 ohms on the line side and 600 ohms on the drop 
side. The equalizers are bridged on the line side of the . coil when 
equalizing to 5 kHz or 8 kHz. They may be connected on the drop 
side of the coil when equalizing to 15 kHz. 

Equalization of loaded cable pairs is done primarily by means of 
equalizers which are designed as unbalanced circuits. Thus, it is neces
sary for control of noise to insert a unity ratio repeating coil on both 
sides of the equalizer. For the program loading systems, it is neces
sary to use similar equalizers except for circuits that are very short. 
The nonloaded cable equalizers may be satisfactory in these cases. 

Terminal Arrangements 

Repeating coils are connected at the transmitting and receiving 
ends of each section of a local program circuit except when non
equalized circuits are requested. These coils are used so that imbalance 
in the termination does not convert longitudinal noise to metallic 
noise. They should be constructed with electrostatic and electro
magnetic shields and should be of such quality that they do not add 
to equalization or distortion problems. 

Typical connections to nonloaded cable pairs are shown in 
Figure 17-4 ( a ) . Note that the coils are connected to terminate the line 
in 150 ohms. N onloaded cables have high impedance and low loss at 
low frequencies. The coils are connected to pr·esent a fairly good im
pedance match at high frequencies and a mismatch at low frequencies. 
This variation of the impedance match tends to flatten the 
attenuation/frequency characteristics of the line ; thus, the line is 
easier to equalize. Over short distances, the coils alone may provide 
adequate equalization. 
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(a) Nonloaded cable equalized to 5 or 8 kHz 

Transmitting end Loaded Receiving end 
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I I 
600 0 I I 

1 .._ 1 I 
1 � 1 I 
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(b) Loaded cable pairs 

455 

600 fi 
+---

600 !1 
+---

Figure 1 7-4. Repeating coil arrangements for nonloaded and loaded cable pairs. 

Figure 17-4 (b) illustrates terminating arrangements for loaded 
cable pairs. Two coils are provided at the receiving end to isolate those 
equalizers which are unbalanced. The second coil can be eliminated 
at amplifier locations if the equalizer is close to the amplifier and if 
the amplifier input is well balanced. 

Central Office I nstal lations 

If several amplifiers are to be installed in an office, it may be desir
able to terminate the equipment on jack strips to provide centralized 
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testing, patching, and monitoring. Some circuits require the equalizer 
to be on the line side of the repeating coil and an additional repeating 
coil may also be required if the equalizer is unbalanced and not 
located near the amplifier. Pads may or may not be required, de
pending on incoming signal amplitudes and the type of amplifier. 
Bridges are sometimes required for branching or monitoring. 

If a single amplifier is to be installed, special j ack or testing ar
rangements are usually not economical. Portable testing equipment 
can be brought to the amplifier location for the occasional maintenance 
required. 

Stereophonic Studio-Transmitter Links 

Where standard FM broadcast stations may be licensed to provide 
stereophonic programs, two separate channels are provided for the 
studio-transmitter link. The two channels, designated left and right, 
are separate until they are combined at the FM multiplex transmitter. 
Each channel usually has a 15-kHz nominal bandwidth and must meet 
the design requirements for schedule AAA service. 

If one channel is electrically longer than the other, the two portions 
of the signal are not in phase at the FM transmitter and the 
transmission/frequency characteristic of the combined signal is de
graded by an amount dependent on the magnitude of the phase shift. 
Because the difference in phase shift is greatest at the highest fre
quencies, a roll-off at the upper end of the attenuation/frequency 
characteristic results. If the roll-off is not more than 1.0 dB at 15 kHz, 
the overall transmission requirements are met. 

If the two channels are of equal length and if each has an 
attenuation/frequency characteristic that is uniform within + 1  dB 
over the range of 50 to 15,000 Hz and if they are within 0.5 dB of 
each other throughout the band, the combination produces a response 
characteristic within established limits and monophonic reception of 
the combined signal is also satisfactory. 

The attenuation/frequency requirement. for the two channels can 
usually be met by using cable pairs of identical design and in the same 
cable complement throughout their length. Any amplifiers used should 
be identical in type and located at the same point in the circuit. 
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Program Channel Noise 

A thorough understanding of noise objectives is essential to good 
transmission design of program circuits. The choice of facilities and 
the use of amplifiers, equalizers, and accessory equipment is as im
portant from the standpoint of noise control as it is from the stand
point of providing high quality transmission characteristics. 

It is common practice in the broadcast industry to express per
formance and requirements in terms of signal-to-noise ratios ; where
as, in the telephone industry noise is usually measured and expressed 
in terms of dBrn. In order to make these practices compatible and 
capable of being interrelated, program circuit noise is expressed in 
dBrn referred to the point in the circuit at which the signal is ad
j usted to the maximum amplitude of +8 vu. This point is usually at 
the originating end of the circuit or at the output of intermediate 
amplifiers and, for program signal transmission, it becomes somewhat 
analogous to a TLP in message network operations. A noise measure
ment at any point on the line may be corrected to the reference point 
by adding the 1000-Hz loss of the facility from the reference point to 
the point of measurement ; it may then be covered easily to a signal
to-noise ratio. 

The dynamic characteristics of vu meters are such that instantane
ous program signal peaks are substantially higher than the observed 
readings. Usually, a peak factor of 10 dB is assumed and test tones 
of +18 dBm are used to adj ust broadcast transmitters for 100 percent 
modulation. Since signal-to-noise requirements are based on 100 per
cent modulation, signal-to-noise ratios are based on peak signal 
amplitudes, i.e., +18 vu. With the required signal-to-noise ratio and 
signal amplitude known, noise objectives can be expressed in dBrn. 
Noise objectives have been derived on the basis of r·equirements th_at 
must be met in order to comply with FCC rules for broadcast radio 
services. These objectives, referred to +8 vu, range from +33 dBrn 
to +38 dBrn depending on the type of service (bandwidth) and the 
weighting network used in the measurement. 

·
It is generally possible to meet noise requirements for local program 

circuits if they are short enough to be readily equalized. In those 
cases where nonloaded circuits are chosen and do not appear short 
enough to be equalized, loading should be considered if the service 
is to be permanent ; intermediate amplifiers may be considered if 
the service is to be temporary. The choice may also be affected by 
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costs. In cases where noise sources are in the cable section, partic
ularly if they are near the receiving terminal, loading may provide 
substantial improvements in signal-to-noise ratio. However, loading 
cannot improve performance when the noise is excessive at the input 
to the cable. 

Noise problems can be minimized by ensuring that the circuit is 
structurally sound. Program pair terminations at distributing frames 
should be protected, splices must be properly made to assure low 
resistance, and maintenance routines must be carried out regularly 
to reduce the possibility of occasional noise sources impairing circuit 
performance. 

1 7-2 BASEBAND VIDEO CHANNELS 

There are two baseband video transmission systems in common use 
for local video channel application. The A2-type system is used for 
single link or local network applications generally having 4.5 to 5 
miles between terminals.* The A4 system is used for short, one-link, 
nonrepeatered circuits of less than 0.5 mile. These systems provide 
for the local transmission of video signals between broadcast facilities 
as well as the interconnection of these facilities to telephone company 
central offices or television operating centers for retransmission over 
regional or national networks. These systems are also used to pro
vide closed-circuit telecasts for business, educational, experimental, or 
theater TV network purposes. 

The video and audio portions of television signals are transmitted 
over channels in the 7000 series defined in FCC Tariff 260 as shown 
in Figure 17-5. Service is provided for monochrome or color signal 
transmission on a monthly or occasional basis. Two-point and multi
point services are provided primarily to the major broadcasting net
works and, to a lesser degree, on a closed circuit basis to industrial 
customers. 

Most interoffice channels more than 25 miles long, series 7001, are 
furnished on microwave radio systems. A one-way baseband television 
channel feeds a common carrier microwave radio system FM terminal 

* A2-type systems, a.s discussed, refer primarily to the currently standard A2A-T 
equipment. There are also a number of types of commercial video baseband trans

mission equipment available and in general use which meet Bell System perfor
mance requirements. 
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located at or near a television operating center ; it occupies one full 
radio channel. 

SERIES 7000 (TELEVISION) 

7001 Interchange channels and station connections carry a video signal 
of an approximate bandwidth of 4 MHz and an audio signal with 
the approximate frequency range of 100 to 5000 Hz. These channels 
are furnished on either a monthly or occasional (minimum period 
of one hour) basis. 

7002 Off-the-air pickup relay channels provide for transmission of 
signals at broadcast frequencies which are picked up off-the-air and 
relayed via one or more intermediate locations to a receiving loca
tion at customer premises. These are provided on a monthly basis 
only. 

7003 Local Distribution These services provide for a channel sys-
7004 Interexchange Channels tern of one to six channels on a local 

basis (up to 25 miles) and a channel 
system of one to five channels on an in
terexchange basis for educational and 
closed circuit television. Both are fur
nished on a monthly basis. These sys
tems provide for monochrome or color 
signal transmission. Service comprises 
video signals and audio signals. 

Figure 1 7-5. Television channels defined in Tariff 260. 

line Facil ities 

Line facilities for local links, especially designed for video trans
mission, are 16-gauge polyethylene insulated pairs with longitudinal 
and spirally wrapped copper shields. These pairs are incorporated i11  
sta�dard sheathed cable usually with regular local area telephone 
pairs. This construction results in a cable pair impedance that can 
be held to close tolerance with minimal echoes due to manufacturing 
irregularities. Because of the effective shielding of 16-gauge video 
pairs, there are no crosstalk limitations on the number of circuits 
obtainable within a given cable. However, to minimize noise, the video 
pairs should be separated from the remainder of the cable conductors 
at the building entrance and carried to the video equipment under a 
separate sheath. 
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The characteristic impedance of 16-gauge video pairs is almost a 
pure resistance of 124 ohms at high frequencies. Attenuation at 
4.5 MHz is 18.6 dB per mile at 75 degrees Fahrenheit. Since variations 
in attenuation due to temperature changes are approximately one 
tenth of one percent per degree Fahrenheit, it is recommended that 
cables be placed underground when video pairs are used in outside 
plant. Where short lengths of aerial cable cannot be avoided, con
sideration must be given to the length of exposed cable, the expected 
temperature variation, and the overall system performance tolerances. 

Office Cable 

Various types of solid dielectric coaxial and shielded pair cables 
are used for office cabling. The 16-gauge video pairs are terminated 
on shielded-cable terminals designed for interconnection with these 
office-type cables. Cabling in both central office and off-premises in
stallations must be arranged for wide separation or separate cable 
troughs for cables carrying video signals in order to avoid crosstalk. 
Office cables for connections to cable terminals, patching jacks, 
amplifier equipment, and interpanel wiring should be as short as 
possible to minimize noise susceptibility. Where cables longer than 
a few hundred feet cannot be avoided, consideration should be given 
to the use of connecting cable equalizers. 

A2-Type Video System 

The A2-type Video Transmission Systems are designed to provide 
essentially flat transmission of all frequencies in the video baseband, 
approximately 30 Hz to 4.5 MHz. These systems are capable of trans
mitting United States standard monochrome and National Television 
Systems Committee (NTSC ) color video signals. Color signal trans
mission places especially stringent requirements on the color informa
tion band centered at 3.58 MHz. 

As shown in Figure 17-6, type A2 systems may interconnect broad
cast studios, master control, and transmitter in various locations 
within a city or metropolitan area. Two-way connections between the 
master control and the studios are often required for programming 
purposes. The connection to the local broadcast transmitter usually 
requires only a single, one-way system. For network operation, 
A2-type systems also interconnect the master control and a television 
operating center for video circuit switching. It may be necessary to 
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provide an A2 link from the master control to the serving central 
office with a microwave link to the nearest television operating center. 
Additional A2-type systems may interconnect the television operating 
center and microwave facilities for long-haul transmission between 
cities. Ideally, there should be as few systems in tandem as possible ; 
the objective is to have no more than 12 between the program source 
and any broadcast transmitter. Lengths of A2-type systems vary from 
a fraction of a mile to a maximum of about 15 miles, limited by trans
mission objectives dictated by network considerations. Any circuit 
more than approximately 4.5 miles long requires the use of one or 
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more rep,eaters ;  maximum repeater spacings of 4.5 miles are attain
able for network operation. 

Performance Characteristics. In order to make transmission over long 
multiple-link channels feasible, the total objective must be apportioned 
among the various local and long-haul links. Therefore, the require
ments for individual circuits are far more severe than if each circuit 
were allocated the entire objective for a particular transmission 
parameter. Performance of individual links must be equal to or better 
than the objectives if nationwide network objectives are to be met. 

Both differential gain and phase are affected by the number and 
the operating levels of the amplifiers in the circuit. Therefore, the 
number of amplifiers should be kept to a minimum and the signal 
voltage levels should be kept within the limit speeified for the type of 
amplifier. If possible, levels should be kept 3 dB below the maximum 
specified for the high-frequency end of the spectrum since the effects 
of differential gain and phase are high-frequency impairments. 

Transmission Levels. Wire pair video transmission involves the ampli
fication of weak signals at the ends of long sections of cable where the 
higher frequencies have been attenuated to as low a value as 67 dB 
below 1 volt. Amplifiers receiving these low-level signals are suscep
tible to outside disturbances. Noise problems may be avoided by 
installing the equipment so that it is not subject to possible sources 
of physical and electrical disturbances. Precautions are required to 
properly bond and ground equipment frameworks and to eliminate 
differences of potential between the video system ground, the power 
line neutral, and the ground used for studio equipment. 

It is convenient to measure the video signal amplitude in terms of 
the peak-to-peak voltage including the synchronizing pulse and to 
express the amplitude in dBV. One volt peak-to-peak has been selected 
as a reference and is defined as a level of 0 dBV. Other voltages are 
compared to this reference by the relation 20 log E/1 dBV. With the 
reference level established, the signal amplitude at any point in a 
circuit is used to identify the transmission level at that point and 
circuit gain or loss is the difference in dB between these levels. 

It is convenient to specify levels at two frequencies, for example 
-10/ +5 dBV, to describe the slope of the attenuation/frequency 
characteristic. The first number, -10 in this example, refers to the 
tranmission level at near-zero frequency, while the second number, 
+5, refers to the level at 4.5 MHz. The numbers specify the ampli-
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tudes of sine wave test signals at that point in the circuit resulting 
from 0-dBV signals introduced at a 0/0 point. Thus, at any point 
the numerator of the level fraction is the voltage level that would be 
measured if a near-zero-frequency test signal of 0 dBV were applied 
at the input to the transmitting terminal. The denominator of the 
level fraction is the voltage level that would be measured if a 0 dBV 
signal at 4.5 MHz were applied at the transmitting terminal . 

This method of level designation is very convenient for expressing 
the slope of the transmission characteristic from near zero to 4.5 MHz. 
For example, assume that a 0/0 signal is applied to an A2-type trans
mitter for transmission over 2 miles of cable having 36 dB of slope 
between near-zero and 4.5 MHz. If there is 15 dB of pre-equalization, 
the output of the transmitter is -10/ +5 dBV ; with the 36 dB of 
cable slope, the level at the receiver input would be -10/-31 dBV. 
An equalizer with 20 dB of slope and 4 dB of flat loss would be re
ferred to as having a transmission characteristic of -24/-4 dB ; the 
terminology used above for level designation is used here to define 
loss. Thus, at near-zero frequency, the loss of this equalizer is 24 dB ; 
at 4.5 MHz, the loss is 4 dB. 

The design of the A2-type system provides high-frequency pre
emphasis of 0 to 32.5 dB at the transmitting terminal. The low
frequency transmission level on the video pairs is maintained at 
-10 dBV for all system layouts. This is possible because the cable 
attenuation is essentially zero at zero frequency. Thus, the maximum 
high-frequency level on the line leaving the terminal or repeater is 
+22.5 dBV. 

At repeaters and receiving terminals, the low-frequency input level 
is - 10 dBV and the 4.5 MHz input level depends upon the loss of 
the preceding line section and the output level of the preceding ampli
fier. For noise control, the 4.5-MHz level at the input to an amplifier 
should be no lower than -60 dBV. 

The output of the receiving terminal is normally 0 dBV for either 
a 75-ohm unbalanced or a 124-ohm balanced output. In some cases, 
it may be necessary to provide higher operating levels ; however, this 
may result in an increase in nonlinearity. Operation at higher than 
0 dBV with unbalanced transmission is not recommended for color 
signals. When television operating centers are equipped with attenu
ators for minor level adj ustments, the 124-ohm balanced output may 
be operated at +2 dBV. 
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Equal ization. The equalization of a system requires the adjustment 
of the attenuation and delay characteristics over the desired trans
mission band. In the A2-type system, the attenuation equalization and 
basic delay distortion correction are included within a common unit. 
Fixed, plug .. in cable equalizers are available in values from 2.5 to 
20 dB in 2.5 dB steps, each having an attenuation/frequency charac
teristic inverse to that of average 16-gauge video cable. Combinations 
of these fixed equalizers are provided to equalize the system to within 
+ 1 .25 dB. Variable equalizers at the receiving terminal supple
ment the fixed equalizers to provide differential adjustment of the 
attenuation/frequency characteristic and to compensate for amplifier 
gain and s·easonal temperature variations. 

A series of delay equalizers is available to correct the residual 
delay distortion not already compensated by the· fixed equalizers. 
These equalizers are installed in the receiving terminals. Although 
the attenuation/frequency characteristics of the delay equalizers have 
sufficient slope to require that the system be re-equalized after their 
insertion, the flat loss is low enough so that this re-equalization can 
be accomplished with the variable equalizers. 

A4 Video System 

The A4 Video Transmission System provides a 10-MHz transmis
sion bandwidth over cable runs up to 0.5 mile long. The system pro
vides temporary or permanent video connections between TV broad
cast equipment and telephone company equipment. Connections from 
the television operating center to the FM terminals of microwave 
radio systems and from the video switch to the monitor and test 
positions of the television operating center are other applications of 
the A4 system. It may also be used as a clamper-amplifier. 

The system can be used with several kinds of cable. The maxim urn 
span, 0.5 mile, is achieved by use of 16-gauge video c·able. A span 
of about 0.3 mile is possible when balanced office-type cable is used. 
The maximum span with unbalanced cable is determined by interfer
ence problems rather than by the gain and equalization capabilities. 
However, 500 feet is a recommended maximum and, in certain 
environments, 200 feet may be the limit. 

The A4 terminals are not compatible with A2-type terminals (e.g., 
A2-type transmitter with A4 video terminal) because of the differ
ences in cable impedance termination and in signal amplitudes. In 
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A4, a resistance of 124 or 75 ohms terminates the cable, whereas, in  
A2-type systems, the terminations are complex impedance networks. 

The A4 system accommodates a fairly wide range of operating 
signal levels.  For normal video links, the system is operated at unity 
gain with 0 dBV input and output signal amplitudes. Additional gain 
has been provided to permit operation with inputs as low as 
- 14.5 dBV. A maximum output of +2 dBV is permitted. 

Television Operating Center 

The location containing the necessary circuit and equipment ar
rangements properly to process television services is known as the 
television operating center (TOC ) . Operations performed in the TOC 
include the processing of orders for service, setting up and testing the 
various television circuits, switching of television circuits, and main
taining and monitoring the services after they have been established. 
Close cooperation is required among the TOCs, the transmitter and 
studio locations, and test rooms involved with these services. 

Microwave systems are used for long-haul television transmission 
while short-haul microwave or A2 video systems are used for local 
video loops. The television circuits are brought into the TOC where 
their video levels can be adjusted to a standard value and where their 
frequency characteristics can be equalized. The testing, monitoring, 
and switching functions in the TOC are performed at a reference 
point, known as point X, located within the switching unit in the 
TOC video switch or at the input to a splitting pad. In each TOC, 
incoming video circuits are lined up and equalized to point X and 
outgoing video circuits are lined up and equalized from point X. 

The TOC video layouts and arrangements vary with service re
quirements and local conditions. Generally, terminal equipment of the 
systems carrying television circuits are somewhat removed from the 
TOC and are connected to the video switch by means of video con
necting circuits having jack appearances in the TOC video patch bays. 

The TOC test positions provide a convenient means for making re
peated video measurements with standard measuring conditions for 
each test that eliminate testing uncertainties due to unequalized cable 
lengths. At these test positions, transmission may be evaluated to and 
from any point in the local or distant TOC. 
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Currently, many TOCs are being replaced by television facility test 
positions (TFTP) to provide a more economical interface between the 
intercity TV network and the local loops. The TOCs will be retained 
in only about 6 principal cities. , 

The switching provisions of the TOC for network rearrangement, 
along with switched access for video program monitoring and sec
tionalized testing, are replaced in the TFTP by simple manual patch 
operations or by new remotely-controlled switching arrangements. For 
most locations, the reduction in equipment is considerable so that a 
typical TFTP occupies only one bay as compared to the multiple bays 
of the TOC. In addition, the TFTP is not continuously attended as is 
the TOC. 

The cable facilities that provided the interconnections between the 
FM terminals and the video switch are retained when a TFTP re
places a TOC. With modification, these circuits and some video and 
audio monitoring equipment comprise a TFTP. Provisions for occa
sional circuit rearrangements and in-service monitoring for trouble 
location or quality observations are included in the TFTP. Test 
equipment required for alignment and maintenance is provided on a 
portable basis. 

The TFTP receiving circuits are similar to the TOC connecting 
circuits and terminate in an A4 video terminal. The circuits are 
equalized flat (0/0) to a j ack field within the TFTP bay instead of 
to point X in the TOC switch. The unbalanced output of the A4 unit 
terminates on a "test and monitor" jack field to permit in-service 
testing and monitoring. 

As in the case of the receiving circuits, the TOC transmitting cir
cuits are retained almost in their entirety for use with the TFTP. 
A splitting amplifier is added to provide an additional output for 
monitoring. This output appears on the "test and monitor" jack field.  

The video monitoring equipment at the TFTP consists of a wave
form monitor and a picture monitor. The video monitoring circuit is 
looped through the picture monitor and is connected to the waveform 
monitor to yield simultaneous displays. Cable lengths in the trans
mitting circuits, receiving circuits, and monitoring equipment are 
chosen so that the waveform oscilloscope and the jack fields are both 
at a flat 0/0 point. 

TCI Library: www.telephonecollectors.info



Chap. 1 7  Program and Video Channels 467 

Audio monitoring equipment (which includes a vu meter, amplifier, 
and loudspeaker) is provided for quality control and level measure
ment of the audio signal associated with each video signal. Order
wire circuits provide a communications l ink between the TFTP and 
customer locations. 

1 7-3 CABLE RF VIDEO CHANNELS 

In most RF video systems, transmitted signals are similar to 
standard broadcast TV signals thus permitting the use of standard 
TV receivers at the output terminal locations. For signals on other 
than regular broadcast channels, frequency converters are available 
for up to 25 different input channels. 

For cable RF video purposes, the frequency range from 5 MHz to 
about 250 MHz is generally considered to consist of five bands. The 
sub-VHF (5 to 54 MHz )  is that part of the frequency spectrum below 
TV broadcast channel 2. It is sometimes designated as channels T'7 
through T13 with standard 6-MHz spacing between channels to per
mit a single broadband converter to change the entire group to high
VHF broadcast channels 7 through 13. The low-VHF band (54 to 
88 MHz) may also be extended to include the FM radio broadcast 
band of 88 to 108 MHz. The mid-VHF band (usually 120 to 174 MHz ) 
and the super-VHF band (216 to 300 MHz) have not yet come into 
general use and are therefore not discussed here. Finally, the high
VHF band ( 174 to 216 MHz)  includes TV broadcast channels 7 
through 13. Systems are available to transmit one or more of these 
bands. 

All of the services that are arranged to interconnect directly a 
television signal source to distant receiving or monitoring equipment 
are generically called closed circuit television ( CCTV) . Usually, 
transmission is in one direction only but amplifiers and other equip
ment are available for transmitting in both directions on the same 
cable. For such applications, signals at frequencies above 54 MHz 
are transmitted in one direction while those below 30 to 35 MHz are 
transmitted in the other. 

Community antenna television (CATV) is a system whose primary 
function is the transmission of several television signals from a single 
location (head end) to a number of receiving locations. The number 
of channels may vary from 5 to the usual maximum of 12 and may 
also include several FM broadcast channels or the entire FM band (88 
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to 108 MHz) . The signals transmitted are usually received directly 
off the air from standard VHF or UHF broadcast stations but one or 
more may be received off the air at a distant location and relayed to 
the head end by a microwave system. Such signals are demodulated 
to baseband before application to the microwave system. In some 
CATV systems, one or more channels may be designated by the 
customer for use by a local school system for educational applications. 
Such channels may also carry off-the-air signals from an educational 
television broadcast station or live, filmed, or video tape programs 
furnished by the schools involved. 

Educational television (ETV) is a system arranged primarily for 
transmitting television signals from one or more input points, usually 
centrally located within the area served, to numerous viewing loca
tions in classrooms, lecture halls, etc. Usually, the sub- and low-VHF 
bands (where cable losses are relatively low) are used for ETV 
systems to permit longer spacing between line amplifiers. In the 
larger ETV systems, microwave radio facilities are used to inter
connect the local facilities of separate cities, towns, or school districts 
where the distances are too great to permit economical use of cable 
transmission. 

Industrial television (lTV) may have several input signal sources 
and usually one or more output or viewing locations. It is commonly 
used for one-way or two-way visual communication between different 
plants and offices of a business concern and/ or for surveillance of 
critical locations such as entrance gates, storage areas, and heavy 
traffic locations. Channel frequencies are chosen according to the 
number of channels to be used simultaneously and the distances from 
signal sources to output or observing locations. In short systems, the 
type of cable used is influenced by distance and its effect on required 
amplifiers. 

Pay-TV is a system arranged to transmit nonbroadcast program 
material, such as selected motion pictures, athletic events, etc., for 
which a separate fee is paid for each program actually observed. To 
prevent unauthorized viewing, the transmitted signal is scrambled, 
or modified, in such a manner that it does not provide a useful picture 
and sound on a conventional TV receiver unless unscrambled, or re
stored, by a coin-operated or time-recording device at the receiver. 
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Transmission Obiectives 

The primary objective in the design of a CCTV system is to provide 
an acceptable television picture. This can be accomplished by selecting 
suitable components, by locating them properly in the system, and by 
operating them within specified limits. Therefore, in designing a sys
tem, certain transmission objectives must be met. These objectives 
assume that CCTV channel signals are in a standard broadcast format 
in which the video signal amplitude modulates a carrier and is trans
mitted with a vestigial sideband. The signal has a nominal bandwidth 
of 4.2 MHz and the associated audio carrier is 4.5 MHz above the 
video carrier. For high-definition television transmission (8- to 
10-MHz bandwidth) , the same general principles apply but specific 
objectives and characteristics must be changed to meet the particular 
requirements. 

Many CCTV objectives are derived from the accepted standards 
for broadcast television service. Broadcast standards are quite severe 
because of the nature of the service and customer demands [1] . In 
general, broadcast service requirements are relaxed 6 dB for CATV 
and ETV and 3 dB for pay-TV. Overall CCTV objectives are covered 
in Figures 17-7 and 17-8. 

OBJECTIVES 

PARAMETER CATV, ETV PAY-TV 

Signal-to-noise ratio 43 dB 46 dB 

Signal to cross-modulation ratio 52 dB 55 dB 

Signal to single-frequency interference 63 dB 66 dB 
ratio 

Signal-to-hum ratio 50 dB 53 dB 
Echo rating 34 dB 37 dB 
Differential gain ±2 dB ±2 dB 

Differential phase ±4 0 ±4 0 

Figure 1 7-7. RF system transmission objectives. 

Noise. Thermal noise originates primarily in the input circuit of 
each amplifier, including those in the head-end channel processors, 
pre-amplifiers, and frequency converters. The system signal-to-noise 
ratio (S/N) varies according to the signal input level to each amplifier 
and can be improved by using higher input levels or by reducing the 
number of amplifiers. 
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PARAMETER OBJECTIVES 

TV vide,o carrier amplitude 0 to +20 dBm V* 

TV audio carrier amplitude 15 ±1 dB below video carrier 

FM carrier amplitude 20 dB below low VHF band video 
carrier 

TV channel stability 

Short term ( less than 1 min) ±0.5 dB 

Long term (over 1 min) ±4.0 dB 

Adjacent channel level difference ± 1.0 dB 

RF channel slope 

5 to 90 MHz 10.0 dB 

54 to 216 MHz 10.0 dB 

*dBmV is dB relative to one millivolt. 

Figure 1 7-8. RF system objectives at drop output. 

When a TV channel signal is transmitted to a CCTV head end or 
other input point by microwave radio relay or an A2-type or other 
cable transmission link, the noise contribution of each system must 
be considered in determining the overall S/N. The S/N of the link 
must be combined with the S/N of the CCTV system to determine the 
overall S/N for that channel. 

Cross-Modu lation. When a system transmits only the low- and 
high-VHF broadca,st bands (54 to 88 MHz and 174 to 216 MHz 
respectively) , all second-order modulation products (with the minor 
exception of those between 87 and 88 MHz) are outside the frequency 
range,s of interest and only the third-order products are significant. 
When a system transmits the sub-VHF and low-VHF bands (5 to 
54 MHz and 54 to 88 MHz, respectively) ,  second-order products may 
create exce.ssive interference, particularly in older types of equipment. 
In most amplifiers of current design, third-order modulation products 
are still controlling. 

The signal to cro,ss-modulation ratio of any CGTV amplifier can 
normally be computed by comparing the rated fuU output power for 
a given cross-modulation ratio and number of channels to the actual 
design operating power output and number of channels. Such a com
putation must take into account not only the published specifications 
but also the method of mea,surement used to derive the specifications. 
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Levels. Levels on a CCTV system are important because the level 
at each amplifier input determines the noise contribution of that am
plifier and the level and slope at each amplifier output determine the 
cross-modulation contribution of that amplifier. Since the difference 
between the input level and the output level is the net gain, selection 
of operating levels represents an engineering compromise in which 
total S/N and cross-modulation performance is offset by amplifier 
cost p·er dB of useable gain. 

The level at the input to the TV receiver should be not less than 
-3 dBm V for any video carrier and generally not more than 17 dB 
above one millivolt ( +17 dBm V) . This allows 3-dB loss for the inside 
wiring and requires a video carrier level of 0 to +20 dBm V at the 
drop output. Excellent performance of a reasonably well-adj usted 
television receiver may be expected with this input level as shown in 
Figure 17-9. 

INPUT LEVEL, dBmV RECEIVER PERFORMANCE 

() Excellent 

-6 Good 

-12 Marginal 

-18 Poor 

Figure 1 7-9. Television receiver performance. 

Radiation. In GCTV two types of RF radiation are of interest. The 
first is radiation from the system of such level as to cause interference 
to radio or television receivers. The second is radiation from other 
sources of RF signals or noise into the cable or equipment ; this type 
causes interference to signals on the cable system. 

Radiation from a CATV system is restricted by FCC Rules and 
Regulations, Part 15.161 ; by inference, the same limits apply to other 
types of cable TV transmission services. While limits are specified in 
terms of maximum permissible field strength at a given distance from 
the cable system, it should be noted that even when these specifications 
are met the system must be corrected if any radiation causes inter
ference to the reception of authorized broadcast signals. 

In some cases, signals from one or more local television broadcast 
stations may be picked up by the 300-ohm twin-lead portion of the 
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receiver connection and may interfere with the same channels received 
from the cable system. 

If fewer than 12 channels are used, the signal in trouble may be 
transferred to an unused channel. If this is not practical, the receiver 
connection may sometimes be modified so that the shielded coaxial 
wire is extended to the tuner unit with the 75- to 300-ohm trans
former placed as close as possible to the tuner input terminals. In 
some cases, it may also be necessary to provide a higher level signal 
from the cable system by using a lower loss tap-off device. The latter 
is to be avoided, if possible, as it may also add to the through loss 
of the tap and require closer spacing or higher gain and output level 
in line extension amplifiers. In extreme cases, both receiver modifica
tion and higher levels at the drop may be necessary. 

Frequency Assignments 

The choice of frequency band or bands to be used for any particular 
system must be based largely on the number of channels to be trans
mitted, the distances over which they must be transmitted, the type 
of input signals, and the type of receivers or monitors to be used. In 
most cases, a review of these factors readily indicates which frequency 
range (s )  can most economically meet the service requirements. 

For CATV service, most of the input signals are standard VHF-TV 
broadcast channels. It is usually preferable to maintain these channels 
on the same channel frequencies as received. If cochannel interference 
is observed at some location, the disturbed signals may be transferred 
to other channels at the head end ( in systems providing less than 
12 channels) .  Signals in the UHF band must always be converted to 
VHF channel frequencies. 

For long cable links where no distribution is required, such as 
from a distant head end to a distribution area or between separate 
towns or villages with no need for distribution in between, it would 
appear that high-VHF channels could be converted to sub-VHF chan
nels (channels 7 through 13 converted to T7 through T13) to permit 
longer amplifier spans, hence, fewer amplifiers. However, careful con
sideration should be given to the noise and cross-modulation distortion 
in the head-end high-VHF to sub-VHF converters because it may 
more than offset the improvement gained by fewer line amplifiers. 
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Chapter 1 8  

The D igita l Data System 

The Digital Data System ( DDS ) is designed to satisfy the service 
needs of a new and growing class of customers. Digital transmission 
capability is required primarily for communications between business 
machines. This system is evolving as a network independent of but 
sharing facilities with the switched message network. Provision has 
been made in the network plan for flexibility in the use of old and 
new facility designs, for a rapid or slow growth rate, and for a variety 
of input signal formats and information rates [1] . 

While some use is made of analog transmission facilities, the DDS 
is essentially an all-digital system. Service objectives have been estab
lished. in terms of digital system parameters. Signal formats are 
digital throughout the system and the digital data signals are multi
plexed by time division multiplex techniques. 

Initially, the switched message network was composed exclusively 
of analog transmission facilities. Customer-generated digital signals, 
normally delivered for transmission in the form of baseband 
amplitude-shift-keyed signals, could not readily be transmitted over 
these facilities [2] . Signal processing that was necessary to facilitate 
transmission of digital data signals was provided by DATA-PHONE 
data sets furnished by the Bell System. The data sets, and other forms 
of terminal equipment, provided digital data signal transmission at 
various speeds appropriate to the voiceband and, in addition, provided 
high-speed transmission in wider bands [3] . Presently, the processing 
functions are also accomplished in some cases by customer-provided 
terminal equipment. 
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Signal processing is facilitated in the DDS because the operations, 
in most cases, involve only logic functions and time division multi
plexing and do not usually require digital-to-analog and analog-to
digital conversions to make the digital data signal suitable for 
transmission over analog facilities. 

1 8- 1  SYSTEM DESCRIPTION 

The Digital Data System provides duplex point-to-point and multi
point, private line digital data transmission at a number of synchro
nous data signal rates called service speeds. DATA-PHONE digital 
service is provided in DDS but alternate voice service and voice circuit 
coordination are not provided. In addition to the advantages of high 
facility utilization and more consistent transmission performance than 
would be possible if the digital system shared the switched message 
network, the DDS also provides high end-to-end reliability, low aver
age annual down time (time out of service) and the ability to monitor 
and alarm most transmission facilities and terminal equipment on 
an in-service basis. In addition, four-wire, duplex operation elimi
nates transmission delays inherent in reverse channel or turnaround 
operation on half-duplex channels. 

Service objectives have been established for the DDS. Signal for
mats and multiplexing arrangements are specified. The · network 
configuration is arranged to permit logical growth and flexibility in 
rendering service. Facilities are used efficiently to provide an 
economical system. 

Service Objectives 

The stringent service objectives set for the DDS are important 
factors in establishing system design and administration. The objec
tives satisfy the three primary concerns of quality, availability, and 
maintainability. Present objectives should be regarded as preliminary 
design objectives since they are subject to change as experience with 
DDS is accumulated [4] . 

The objective for transmission quality is that there should be at 
least 99.5 percent error free seconds. This objective relates to the 
efficiency of data communications, since errors often reduce through
put ( a  term used to express data transmission efficiency) by necessi-
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tating retransmission of blocks of data. The percentage of error free 
seconds pertains to all service speeds and may be translated to maxi
mum error rate requirements for each service speed. The 56 kb/s 
requirement is most stringent and is used for allocation of require
ments to each portion of the DDS. 

The objective for "availability" is that DDS circuits shall have at 
least 99.96 percent long-term average availability station-to-station 
or, in terms of outage, a.- long-term average down time of no more 
than 3-1/2 hours per year. The term availability is preferred to 
reliability since the latter may be construed as the percentage of time 
the channel is both connected through and error free. In other words, 
the quality - and availability objectives together determine the relia
bility of the channel. 

The objective for maintainability is that no single outage shall 
exceed two hours, an objective that recognizes the perishable nature 
of some data and the increasing impact on customer operations as an 
outage persists. It is expected that experience, increased mechanization 
in trouble detection and location, and emergency restoration practices 
will minimize the percentage of outages that exceed two hours. These 
objectives seem to be achievable for DDS all-digital channels used for 
point-to-point and multipoint services. A separate set of objectives 
applies to analog off-network access arrangements. 

Signa l Formats 

With the gradual evolution and expansion of digital transmission 
facilities, new alternatives for more efficient transmission of binary 
digital data signals have become available. Type Tl digital carrier 
systems utilize D-type pulse code modulation (PCM ) channel banks 
to encode 24 voiceband signals into a time division multiplexed digital 
signal for transmission over a regenerative repeatered line. The re
sulting 1.544 Mb/s line rate is defined as the DSl rate. The type Tl 
systems have become the predominant short-haul carrier systems. 
This predominance was brought about because these systems generally 
are more economical than analog systems for deriving voice-grade 
channels on paired cable and because they also provide equivalent 
voice quality and lower idle circuit noise. Their adaptability to digital 
data transmission was demonstrated after they had entered voice 
service. 
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Since the voice-frequency interface to the D-type channel bank is 
analog, there is only small advantage in choosing Tl systems as 
preferred links for conventional voice-grade digital data private 
lines [5, 6] . However, significant improvements in both efficiency 
and data signal quality are realizable if the input digital data signals 
can be received and regenerated at the telephone office in a baseband 
digital format. They can then be treated by logic processes and time 
division multiplexed directly on a Tl line or other DSl rate facility 
without analog-to-digital conversion. 

The first applications of these digital processing techniques were 
in a series of Tl carrier wideband terminals which were designed to 
achieve a number of standard bit rates for optional synchronous or 
asynchronous operation. The maximum rate, achieved by dedicating 
the entire Tl line signal to the wideband service, is 500 kb/s. In terms 
of bit rate per voice channel displaced, this  is equivalent to about 
20.8 kb/s per channel. When the theoretical 64 kb/s digital data 
capacity of a voice channel slot in the standard DSl rate signal is 
considered, the 20.8 kb/s per channel is relatively inefficient. The 
cause of the inefficiency is that three DSl pulse positions are required 
to encode one data signal transition in order to adapt the synchronous 
DSl bit stream to the transmission of asynchronous signals. 

Much higher efficiency can be achieved if all data inputs are 
synchronous and if individual input bit streams are given clock speeds 
which are submultiples of the DSl rate. This is the basis on which 
the DDS has been planned. The total useable bit rate can be a 
substantial fraction of the DSl rate itself. However, pulse slots must 
be reserved for identification and demultiplexing of individual data 
signals (framing) ,  for transmission of certain status and control 
s ignals, and for ensuring that the multiplexed bit stream pulses occur 
often enough for clock recovery and regeneration. Nevertheless, the 
DDS can achieve up to 56 kb/s per voice channel displaced which 
is 87.5 percent of the theoretical maximum. This efficiency, together 
with the high quality of service achieved through tight control of 
error rate and a coordinated maintenance plan for DDS facilities, 
makes the Digital Data System an attractive medium for data trans
mission at synchronous bit rates up to 56 kb/s. 

Signals used in the DDS are specified to very carefully determined 
signal formats and limited to several choices of service speeds and 
combinations of time division multiplex (TDM) .arrangements. At 
first, these specifications and limitations may appear to limit the use-
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fulness of the DDS but it is through such standardization of signals 
that a flexible network service can ultimately be organized. 

In the DDS, baseband digital data signals are multiplexed into the 
same DS1 bit stream format as that formed by the newer D-type 
channel banks. This format consists of 24 sequential 8-bit words 
(channel slots) plus one additional framing bit ; the entire sequence 
is repeated 8000 times a second. Thus, the multiplexed DDS signal 
is of the right format to be transmitted over any facility in the 
existing or planned digital hierarchy. Moreover, use of a multiplexed 
data word structure consistent with the DSl voice channel structure 
permits formation of DSl signals containing both voice and data in 
cases where full dedication of a DS1 facility to data transmission 
would be inefficient. 

Digital Data Capacity and Service Speeds. Since each 8-bit word is 
repeated 8000 times a second, the data transmission capacity of each 
channel slot is theoretically 64 kb/s. However, for DDS use, this 
8-bit word, called a byte, requires the reservation of one of the 8 
bits (designated the C bit) to facilitate passing of network control 
information and to satisfy the minimum pulse density requirement 
for clock recovery on Tl lines. Thus, use of the 7 remaining bits 
in the byte results in a maximum service speed per displaced voice 
channel of 7 bits/byte X 8000 bytes/second == 56 kb/s. In the DDS, 
this maximum rate is one of the standard service speeds. Three other 
service speeds, called subrate speeds, are provided at 2.4, 4.8, and 
9.6 kb/s. 

For the three lower service speeds, requirements for submulti
plexing dictate the reservation of an additional bit per byte to estab
lish synchronization patterns for routing each byte to the proper 
output port of the receiving submultiplexer. Therefore, the maximum 
capacity of a subrate byte is 48 kb/s. Subsequently, this byte may be 
assigned in successive DSl frames to five 9.6 kb/s, ten 4.8 kb/s, or 
twenty 2.4 kb/s channels respectively. 

The maximum efficiency achievable in DDS, expressed as a percent
age of the theoretical maximum of 64 kb/s per byte, is 100 X 56/64 == 

87.5 percent for the 56 kb/s service speed. Maximum efficiency for 
the subrate service speeds is 100 X 48/64 == 66.7 percent. 

Multiplex Subhierarchy. The DDS may utilize all or any part of the 
standard digital multiplex hierarchy. However, to effect more efficient 
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utilization of high-speed digital transmission facilities, for which the 
digital hierarchy has been developed, a subhierarchy of TDM arrange
ments has been provided for the DDS. Two signal formats used in 
the DDS subhierarchy are ultimately combined into a DS1 ( 1 .544 
Mb/s) signal for transmission over digital transmission systems. The 
relationships between these formats and the parts of plant in which 
they appear are shown in Figure 18-1. The customer signal, at one 
of the standard service speeds (2.4, 4.8, 9.6, or 56.0 kb/s ) ,  is con
verted at the loop input to a 50-percent duty cycle, return-to-zero 
(RZ )  signal at the s·elected service speed for transmission over the 
loop to the serving central office. 

At the central office, the signal is converted to a 64 kb/ s, bipolar, 
100-percent duty cycle, nonreturn-to-zero (NRZ ) signal for intraoffice 
transmission. The format, called the DSO signal, may consist of multi
plexed (packed) signals of like service speeds or a single data signal 
of the customer service speed carried on the DSO signal (by a process 
called stuffing) . 

Finally, the DSO signal is processed for transmission over inter
office facilities. The processing consists of stuffing and/ or multiplexing 
signals for transmission in the DSl format. 

Network Configuration 

The DDS network consists of selected metropolitan areas that have 
substantial short-haul digital transmission facilities and the capability 
of being economically interconnected by long-haul digital facilities. 
The number of areas served is expected to increase in a planned 
manner dependent on the market growth and regulatory approval. 

A DDS digital serving area (DSA)  is generally a metropolitan 
area where all links between DDS offices are T1 lines. As shown in 
Figure 18-2, there are three classes of DDS offices within a DSA, each 
serving as a concentration point for customer data streams. These 
offices are organized in a hierarchy in order to maximize the fill 
efficiency for both intra-DSA and inter-DSA digital facilities. 

Hub Office. A digital serving area consists of one or more hub 
serving areas. Each hub office serves as the cross-connect and testing 
access point for all DDS channels that have end points in its serving 
area ; hence, it is generally the location of the serving test center 
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( STC ) . All inter-DSA signals from the hub area are concentrated at 
the hub into efficiently packed data streams for transmission over 
long-haul facilities. The hub also contains the timing supply upon 
which all timing supplies in its homing offices are synchronized. 

� ---- -
/ 

/ 

Tl line(s) 

Hub office 

GJ local intermediate office 

[!] local end office 

Hub serving 
area # 1  

Digital serving area 
(or metropolitan area) 

figure 1 8-2. A DDS digital serving area. 
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End and Intermediate Local Offices. The hub office is the DDS serving 
office for all customer locations within its baseband loop transmission 
range. However, clusters of customers within a digital serving area 
may be outside this range. Offices central to these clusters are desig
nated DDS local offices and serve these customer locations via base� 
band loops. Where transmission limits or economics require, other 
local offices provide the required subrate concentration ; the resultant 
signals are multiplexed for transmission over Tl lines to the hub 
office. 

Since all individual DDS channels must be interconnected with the 
hub office for maintenance purposes, Tl span lines between each local 
office and its hub must be available. However, it is not necessary that 
a direct Tl system be dedicated for DDS from the hub to each local 
office unless the amount of DDS traffic so warrants. The Tl systems 
terminating in local offices at both ends may carry DDS traffic origi
nating at the far office to the near office where the signal may be 
demultiplexed and remultiplexed along with other DDS traffic and 
carried on another Tl system toward the hub. In this manner, more 
efficient packing of Tl lines can be accomplished. The office farthest 
from the hub on such routings is designated an end office and the 
near offices intermediate offices. As shown in Figure 18-2, a tree-like 
hierarchy radiating from the hub results. Certain intermediate offices, 
called collection hubs, contain cross-connection features used for 
maximizing fill. 

Transmission Line and Terminal Facil ities 

The relatively high efficiency of the DDS is achieved by limiting 
the customer input signal to a few bit rates in a synchronous format 
and by using facilities that carry digital data signals in flexible multi
plexed combinations over long or short distances. Some of the required 
facilities in the Bell System have evolved from accumulated experi
ence in transmitting digital signals over various kinds of analog and 
digital transmission systems. Facility terminations, tim-ing units, 
multiplexers and submultiplexers, testboards, and cross-connect 
frames have been developed specifically to meet DDS needs. 

Loop Transmission. The transmission of signals from a remote cus
tomer location to the serving central office usually is over a four-wire 
loop made up of local cable pairs. Two processing steps are involved, 
one at each end of the loop. The required facilities, which include a 
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service unit at the customer premises and a channel unit at the central 
office, are shown in Figure 18-3. 

The signal transmitted over the loop is synchronized to the ap
propriate clock rate. This clock rate is recovered at the remote loca
tion from the incoming data or idle code signal transmitted from the 
central office. The signal transmitted toward the central office also 
contains certain coded sequences that contain bipolar violations to 
distinguish them from valid data sequences. These special codes are 
inserted in place of six successive Os (seven Os in a 56 kb/s signal ) 
to maintain pulse density sufficient for clock recovery at regenerative 
repeaters and for the transmission of certain status and control infor
mation. For example, idle codes to and from the customer location and 
trouble and loopback codes to the customer location are generated in 
this manner. 

Channel or I data service I 
unit I 

Customer premises 

4-wire loop I 
l_ 
I 

1 1 0 1 0 0 I 
Office 

channel 
unit 

Serving 
central 
office 

Multiplex units 

1 1 0 1 0 0 1 1 1 1 1 1 1  � 
Bipolar nonreturn
to-zero signal at 
DSO rate 

Figure 1 8-3. Customer loop facilities for DDS. 

.. 
., 

Customer Premises Terminations. The service unit at the customer 
location may be one of two types, a data service unit ( DSU) or a 
channel service unit ( CSU) . The choice is a customer option [ 4, 7] . 

The DSU, shown schematically in Figure 18-4, accommodates the 
RS-232C interface specified by the Electronics Industry Association 
(EIA) for subrate services [8] and a combined EIA-CCITT type 
interface for the 56 kb/s service speed.* The unit contains circuitry 

*The transmission and clock leads are provided in a manner similar to CCITT 
interface s,peciftcation V.35 developed initially for 48 kb/s wideband service. The 
control leads are specified according to EIA standards. · 
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which converts the customer signal to the 50 percent duty cycle, 
bipolar, RZ signal in the transmitting direction. The circuits provide 
the logic for zero substitution and idle code generation. The receiving 
circuits contain logic for recognizing idle and trouble codes ; these 
circuits convert the incoming signal to the EIA (or CCITT) format 
and remove any zero substitution codes. Clock recovery circuits pass 
the received elock .signal to the customer. The CSU, shown in 
Figure 18-5, -is designed to interface with customer-provided equip
ment which accomplishes the preceding functions of the DSU. 

The CSU and DSU both provide plant and personnel protection. 
They contain sealing current continuity circuits, detection arrange
ments, and a line driver consisting of a transmitting amplifier and 
filter. * Automatic gain control, equalization, and slicing circuitry 
provide for the recovery and reconstitution of the received signal. 
Each unit also contains circuitry to recognize and respond to loop
back commands from the serving test center. Separate versions of the 
CSU or DSU are required for each service speed [4, 8] . All units are 
powered from a commercial ac source provided by the customer. 

Office Channel Unit. In the DDS office, the local loop is tern1inated 
in an office channel unit (OCU) selected to match the customer service 
speed. The line side (baseband) portion of the OCU functions in a 
manner similar to that described for the channel and data service 
units. The OCU includes the provision for automatic shaped gain con
trol (called automatic line build-out) and permits the application of 
sealing current and its reversal. The OCU can be looped back through 
a fixed pad on the line (loop) side on command from the serving 
test center. 

In the direction of transmission from the loop, the OCU converts 
the baseband signal to a standard DSO signal regardless of service 
speed. The process is reversed in the opposite direction. Figure 18-6 
illustrates the byte organization of the 64 kb/s signal for each service 
speed. The DSO rate is maintained for subrate inputs by a process 
called byte stuffing which places the same word (the same subrate 

*Sealing current, usually de, is transmitted over a pair of wires for the purpose 
of maintaining a low resistance at splices and other connection points by breaking 
down small accumulations of dirt and oxides to reduce noise and other trouble 
conditions. A reversal of sealing current, initiated by the OCU in response to a 
control code received from the serving test center, is interpreted by the CSU or 
DSU as a signal to establish a loopback condition. 
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Bit 
clock 

(64 kHz) 

Byte 
clock 

(8 kHz) 

Bit 
position 
in byte 

56 kbjs 
format 

Sub rate 
format 

J 

Data byte 

Data byte 

9.6 kbjs Data byte, 4 stuff bytes, data byte, . . .  
format 

4.8 kbjs Data byte, 9 stuff bytes, data byte, . . .  
format 

2.4 kbjs Data byte, 19 stuff bytes, data byte, . . . 
format 

Data byte 

Stuff byte 

Figure 1 8-6. Format of DSO signal .  

487 

• • • •  

Stuff bytes 

byte content) in 5, 10, or 20 successive 64 kb/s bytes corresponding 
to the 9.6, 4.8, or 2.4 kb/s service speeds, respectively. 

Establishment of the one fundamental ( DSO) rate permits the use 
of standard test equipment at local offices, efficient multiplexing and 
cross-connection arrangements, and a standard multipoint junction 
arrangement for all customer service speeds. It also permits distribu
tion of network timing signals within the office at a standard rate. 

A nalog Extensions. Customers outside the baseband range of the 
hub office or too scattered for the economical establishment of a local 
DDS office can gain access to the DDS via analog links. Such links are 
designed by the application of engineering criteria similar to those 
for other point-to-point private line data channels using analog 
facil ities. Data sets must be adapted to terminate such lines at both 
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ends. End-to-end DDS service objectives cannot generally be realized 
for such analog-extended service although access to the special 
maintenance features on the DDS portion of such lines allows im
provement over all-analog private lines. 

Submultiplex Stage. As can be seen from Figure 18-6, the 56 kb/s 
DDS signal can carry different data signals in successive DS1 bytes. 
This may not be true for the subrate speed formats because of the 
redundancy inherent in byte stuffing. For example, the data content 
of a 2.4 kb/ s subrate byte would occupy the same channel slot in the 
DS1 signal for twenty s.uccessive frames, although needed only once 
in twenty frames at that service speed. Hence, direct multiplexing of 
the subrate office channel unit outputs into DS1 channel slots can 
result in up to a twenty-fold loss in transmission efficiency. There
fore, subrate data multiplexers (SRDM )  have been designed for each 
subrate service speed. These provide ports that accept up to five 
9.6 kb/s, ten 4.8 kb/s, or twenty 2.4 kb/s DSO signals from OCUs of 
corresponding service speeds. The SRDM sequentially combines the 
data bytes from the OCUs into a single byte stream resulting in 
substitution of the bytes from different channels for the repeated, or 
redundant, bytes in the OCU signals. Figure 18-7 illustrates this 
process for five separate DSO signals combined by a 9.6 kb/s SRDM. 
The output of the SRDM is also a DSO rate signal with successive 
bytes containing data from different channels which can then be in
serted in like-numbered channel slots of successive DS1 frames by the 
next stage of multiplexing. Observation of the byte formats for the 
subrate speeds in Figures 18-6 and 18-7 also shows how the pulse 
slot for the first bit of each OCU subrate data byte, which is always 
a 0, is utilized by the near-end SRDM to insert bits (designated S) 
for synchronization of the demultiplexing process at the far-end 
SRDM. 

It is possible to connect individual 4.8 kb/s or 2.4 kb/s DSO signals 
to one or more ports of a 9.6 kb/s SRDM or individual 2.4 kb/s 
signals to the ports of a 4.8 kb/s SRDM to avoid immediate installa
tion of a separate multiplexer for each rate. Although this procedure 
does not fully pack the DSO output bit stream, it does provide con
siderable flexibility during initial growth periods. There is also an 
integrated subrate data multiplexer ( ISMX) combined with an OCU 
shelf which is used exclusively for economy in local office arrange
ments. The ISMX packs either five or ten subrate signals of uniform 
speed into a single DSO output. 

TCI Library: www.telephonecollectors.info



o
cu

 

-

,
 

-

1 
1 

-
-

2 
2 

-
-

05
0 

to
 0

51
 

Un
pa

ck
ed

 
3 

SR
OM

 
Pa

ck
ed

 
• 

mu
lti

ple
xe

r 
-

• 
05

0 
sig

na
l 

4 
9.6

 kb
/s

 
05

0 
sig

na
l 

• 
(T

l O
M

, T
1W

B4
, 

or
Tl

W
B5

) 
j 

5 
2 3

 o
r 1

2 
-

-

1:
1�

1�
1�

1�
1�

1�
1

1 
1�

1�
1�

1
�

1
�

1�
1

�
11 

I -
-

-
-

-
-

-
-

1�
1

�
1�

1�
1�

1�
1�

1
1 
I 

f.
.--OCU #

1 b
yte

 
·I· 

O
CU

 #
2 b

yt
e __

___..J 
I.-

-OCU #
5 

by
te

 __
__.f 

Si
gn

al
 fr

om
 O

CU
 #

1 

Si
gn

al 
fro

m 
O

CU
 #

� I I I 
Sig

na
l f

ro
m 

O
CU

 #
5 

*T
he

 S
RO

M
 sy

nc
hr

on
izi

ng
 (5

) b
it 

is 
ins

er
te

d 
by

 a 
tra

ns
mi

Hi
ng

 
SR

OM
 a

nd
 re

mo
ve

d 
by

 th
e r

ec
eiv

ing
 SR

OM
. T

he
 u

np
ac

ke
d 

05
0 

sig
na

l a
lw

ay
s h

as
 a 

0 
in 

th
is 

po
sit

ion
. 

I : I O t
 I Ot I O

t I Ot I 
Ot

 I Ot I 
1 
I 

I o l o
2lo2J

o2Jo2
,o2lo

2111 
I 0 I 0

5 1 06
1 05

1 Osl 0
5 1 05

1
1 
I 

Re
pe

at
ed

 5
 ti

me
s 

Re
pe

at
ed

 5
 ti

me
s 

Re
pe

at
ed

 5
 ti

me
s 

Fig
ure

 18
-7

. 
Ex

am
ple

 of
 fir

st 
mu

ltip
lex

 st
ag

e f
or 

a 9
.6

 kb
/s 

SR
DM

. 

05
1 s

ig
na

l 

n
 

:r
 

Q 1l 

TCI Library: www.telephonecollectors.info



490 Specia I Services Vol .  3 

The output of a subrate data multiplexer is routed to the input of 
a DSO-to-DSl multiplex stage. After a packed DSO signal has been 
demultiplexed by a receiving SRDM, the resultant unpacked DSO 
signals may be reapplied to other subrate multiplexer inputs for re
packing in order to route DDS traffic in different directions efficiently. 

Multiplex Stage, DSO to DSl . Separate DSO signals (either from office 
channel units, from submultiplexers, or from both sources) can be 
multiplexed into a 1.544 Mb/s DSl signal using one of two available 
types of multiplexer ; the choice depends on such factors as the 
numbers of DSl signals to be transmitted and the number of DSl 
channels available. 

Data Multiplexer. The TlDM multiplexer is used where a large 
number of data signals are to be transmitted on a DSl channel. The 
entire DSl channel is then dedicated to DDS service. As shown in 
Figure 18-8, the TlDM accepts up to 23 DSO signals and combines 
one byte from each signal into the first twenty-three 8-bit channel 
slots of the DSl frame. The 24th channel slot of the frame is re
served for the TlDM to insert a special synchronizing byte as ,shown. 
Six of the synchronzing byte pulse positions contain a unique code 
repeated in each frame. Logic circuits in the TlDM monitor both 
this pattern and the framing (F) ,bit pattern ( identical to that of a 
D3-type bank) to determine when synchronization is lost. This com
bined synchronization scheme is virtually immune to simulation by a 
single data signal. Moreover, because of the overall redundancy, up to 

14---------- 193-bit frame ------------

I CHAN #1 I CHAN #2 1 CHAN #3 I t� 

3rd channel = 3rd byte 
D = information bits 
* = network control bit 
1 = data 
0 = control 

I CHAN #22 1 CHAN #23 1 SYNC BYTE I I  cHAN #1 1 • • • 

Bit number 

Bit rate: 1.544 Mb/s 
Frame rate: 8000 per second 
Usable byte capacity: 23 bytes per frame 
Max. data capacity: 56 kbjs per byte 

Figure 1 8-8. T1 OM frame format. 
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4 out of 12 successive frames may contain at least one error in the 
seven synchronization bits per frame before an out-of-synchronization 
processing sequence is initiated. 

Bit positions 190 and 191, although part of the synchronizing byte, 
are not used for synchronization. Position 190 (the Y bit ) is normally 
a 1 and is used to alarm the far-end T1DM (yellow alarm) in the 
event the near-end T1DM is out of synchronization for more than 
300 milliseconds. Position 191 (the A bit) provides an 8 kb/s channel 
for transmitting additional alarm information. 

Data-Voice Multiplexer. The T1 data-voice multiplexer (T1 WB4) 
is used for a data load equivalent to 12 or fewer DSO signals on a 
given DS1 channel. Three modes of T1 WB4 operation are shown in 
Figure 18-9. In the combined voice-data mode, the T1 WB4 accepts 
a partially filled voice-multiplexed DS1 signal from a D-type 
channel bank ; up to 12 DSO signals may be inserted in unused voice
channel slots. Any 12 of the 24 channel slots may be used for DDS 
signals. However, the slots so used must be pre-assigned and the 
proper options selected at the T1 WB4 channel units. The combined 
DS1 signal is intercepted at the far end by a second T1 WB4 and the 
DSO signals are demultiplexed before the DS1 signal is sent on to the 
receiving D-type bank. To maintain overall DDS synchronization, the 
voice channel bank must be located near the T1WB4 and must be 
equipped for external timing at hub offices and looped timing at 
local offices. 

Unlike the T1DM, the T1 WB4 synchronizes only on the F -bit 
sequence. While not as rugged as the T1DM synchronizing process, 
simultaneous logic comparison of the main alternating framing 
sequence pattern and the interleaved subframe pattern prevents the 
T1 WB4 from falsely locking onto a data sequence which might 
simulate one or the other individually. The recognition of three or 
more errors out of five bits in the main framing sequence pattern 
begins the out-of-synchronization process. If the incoming signal re
turns to a good condition, average synchronization recovery time is 
about 15 milliseconds. An out-of-synchronization code is transmitted 
from all data channel unit receivers if the T1 WB4 remains out of 
synchronization for 400 milliseconds or more. 

Alarm logic is provided so that T1 WB4s inserted between D-type 
channel banks, as in Figure 18-9 (a)  , are independent of and trans
parent to the D-type channel bank alarm system. The T1 WB4s can 
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1 DSO 5:12 5:12 
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(b) Independent data aperatian 

DATA 
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(c) Chained data aperatian 

�12 

�12  

DATA 
1 m + n ;§;  12 

Figure 1 8-9. Operating modes of T1 WB4 data-voice multiplexer. 
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establish properly framed s-ignals and continue data operation in the 
event of a D-type bank failure. The DS1 signals continue on so that 
the normal alarm operation occurs in the D-type banks. 

A pair of T1 WB4s may also be operated independently of voice 
channel banks but with the sallle maximum of 12 DSO channels as 
shown in Figure 18-9 (b) . While this option may make less efficient 
use of the DSl channel than the TlDM, the T1WB4 arrangement is 
less expensive for small DDS offices since it is not equipped for auto
matic port failure detection and restoral and has its own integrated 
timing supply. The T1DM has port protection and requires timing 
from a collocated timing supply. 

Figure 18-9 (c)  shows a chaining mode of T1WB4 operation, useful 
where more than one local office may be connected to the hub office 
via DS1 facilities in tandem and where the combined total load of 
m plus n DSO signals is  equal to or less than 12. Chaining precludes 
combined voice-data operation. The chaining mode of operation offers 
economy in some situations since DS1 signals from a local end office 
need not be demultiplexed at an intermediate office. 

A data-only multiplexer, the T1 WB5, usually operates with a T1DM. 
It is us.ed for light-route applications and for chained operation. 
Used in this manner, it is capable of transmitting 23 DSO signals. 

Cross-Connect Faci lities. Two cross-connect fields for DSO signals are 
established at hub offices. Both utilize a universal 64 kb/s cross
connect frame. One field, designated DSXOB, interconnects all cross
office paths between DSl multiplexers and subrate data multiplexers 
or directly multiplexed office channel units. The second field, desig
nated DSXOA, provides serving test center access to the unpacked 
side of subrate digital multiplexers and directly multiplexed office 
channel units. 

Short-Houl Digital Facil ities. The Tl r-epeatered line is being used as 
the principal DS1 short-haul digital facility ; however, other short
haul digital facilities capable of carrying DS1 or higher-level signals 
in metropolitan areas may also he utilized. In order to meet DDS 
availability and maintainability requirements, Tl repeatered lines 
utilized for DDS require stringent protection and maintenance pro
visions that may exceed those provided for Tl carrier systems used 
for ordinary telephone service. In addition, qualification t�sts are re
quired to assure meeting performance requirements. 
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Long-Haul  Dig ita l  Fac il ities. The principal digital facility for long
haul DDS service is the lA Radio Digital System ( lA-RDS )  also 
known as data under voice (DUV) [9] . By special processing, the 
lA-RDS adds one DSl signal below the hand of the existing FDM 
message load over each radio channel in a long-haul radio route. Thus, 
up to 18 DS1 signals can he added per microwave radio route with
out displacement of existing voice channel capacity. Applications of 
the lA-RDS require the use of the U600 master group terminal in which 
the lowest frequency is 564 kHz. These radio channels meet all quality, 
availability, and maintainability requirements for long-haul DDS 
facilities. 

Several systems of higher capacity than the DSl hit rate are avail
able to provide DDS service. The TlC carrier system transmits two 
DS1 signals multiplexed into a 3.152 Mh/s hit stream over trans
mission media and distances similar to those of the Tl  system and 
in a similar environment. The T2 Carrier System can transmit 
a DS2 (6.312 Mh/s) bit stream on low-capacitance cable over dis
tances up to about 500 miles and the T4M system transmits a DS4 
signal at 274.176 Mb/s ( 168 multiplexed DS1 signals) over coaxial 
cable facilities. In addition to these systems that utilize metallic media, 
there are two microwave radio systems of Bell System design avail
able. The 3A Radio Digital System (3A-RDS) transmits a DS3 signal 
at a 44.736 Mb/s rate over microwave radio faciilties that operate 
at 11 GHz. Up to 28 DSl signals can he multiplexed into this bit 
stream. The DR 18A system operates at 18 GHz to provide a DS4 
signal in a metropolitan area environment. All these systems meet the 
DDS service objectives. There are a number of digital cable and 
microwave radio .systems manufactured outside the Bell System that 
may also be used for DDS service. 

1 8-2 DESIGN REQUI REMENTS 

The planning and implementation of DDS in a metropolitan area 
requires a rigid set of engineering rules in order that service objec
tives may be met. Some of the major engineering considerations 
which affect planning include network synchronization, maintenance, 
restoration, and local loop design. 

Network Synchronization 

A timing network, to ensure that all DDS signals at DSl rate 
and below are synchronized, is crucial to the operation of the system. 
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Loss of timing in any portion of the network could cause bit 
sequences to be skipped or read twice (called slip) ; therefore, sub
sequent transmission between stations in that portion and stations 
i n  the rest of the network would be garbled. Special synchronization 
equipment for DDS in the portions of the hierarchy operating at 
rates higher than DS1 are not required, since the stuffing and multi
plexing schemes used in standard digital hierarchy modems allow 
timing -.:-ecovery for all DS1 signals at the far end of such facilities. 

The DDS timing control network, shown conceptually in 
Figure 18-10, is a tree-like structure with no closed loops. It consists 
of a master timing supply, nodal or secondary timing supplies (in 
hub offices) ,  and local timing supplies ( in local offices with TlDMs) . 
The Tl WB4/5 integrated timing supplies, in local offices without 
TlDMs, are also part of the timing hierarchy. Although not shown 

Nodal or secondary 
timing supply 

@ Lo<al timiog '"PPIY 

Figure 1 8- 1 0. Synchronous timing network. 

Tl WB4/5 
integrated 

timing 
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in the figure, the timi'ng eontrol network extends to the customer 
premises since the service-speed clock rate is derived from the in
coming baseband signal. 

The tnaster timing supply is physically a nodal timing supply slaved 
to the Bell System Reference Frequency Standard. All other nodal 
timing supplies are slaved to this master. Only one incoming DSl 
signal is designated for synchronization but facility protection switch
ing normally ensures continuity of the synchronization path. Local 
and Tl WB4/5 integrated timing supplies are slaved to hub office 
supplies in a similar manner except that primary and alternate work
ing Tl lines, over separate routes from higher to lower offices, are 
designated for timing purposes whenever possible. Where multiple 
Jines exist, they must originate in the same higher office to avoid the 
creation of a closed loop. 

Figure 18-11 is a block diagram of the nodal, secondary, and local 
timing suppHes. The timing supplies are made up of redundant inter
face units, phase locked loop:s, and output circuit sections. Each inter
face unit extracts the framing signal from its incoming DS1 signal 
ahead of any multiplexers. The working interface unit (determined by 
the position of the a contacts) delivers the resulting signal to both 
phase locked loops. Each phase locked loop contains a very stable 
osci llator which is synchronized to the input signal from the interface 

"Line 

Line 

Interface 
unit 

Interface 
unit 

Phase 
locked 
loop 1 

Phase 
tock�d 
lo'Op 2. 

Note: Only signal paths are shown. 

figure 18- 1 1 .  Timing supply bfock diagram. 
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unit and also contains circuitry to produce 512 kHz and 8 kHz output 
signals. These phase locked signals are redundantly fed to the output 
circuits. Each circuit produces the special 62.5 percent duty cycle 
and the modified bipolar timing signal with both 8 kHz (byte) and 
64 kHz (bit) timing components as shown in Figure 18-12. The com
posite timing signal is redundantly distributed (over cable pairs in 
separate sheaths) to a bay clock power and alarm unit, one of which 
is located in each bay of DDS equipment. This unit derives separate 
8- and 64-kHz signals for intrabay distribution over shielded, twisted 
pairs. If both interface units fail, the b transfer contacts operate. 
Under these conditions, phase locked loop circuit 1 runs free but 
phase locked loop circuit 2 is synchronized to circuit 1. 

The maj or difference between the · nodal and local timing supplies 
is the stability of the phase locked loop oscillator and the complexity 
of the associated circuitry. If the external clock source is interrupted, 
the oscillator in the nodal timing supply is stable enough to continue 
to supply useful timing information for at least two weeks at a worst 
case slip rate of only one T1 frame every 24 hours. Therefore, the 
section of the DDS dependent on this nodal supply could communicate 
with DDS stations external to that section without severe service 
degradation and internal stations would suffer no degradation. Oscil-

\ 64 kbjs bit synchronizing signal 

(Locally synthesized signals) 

�5�5�2 m• 

Jl /8 kb/s byte synchronizing signal rL -1 �:l..,..•t---------- 1 25 p.s --------....,•loti 
Figure 1 8- 1 2. Timing supply output waveforms. · 
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lator stability in the secondary and local timing supplies is such that 
its dependent networks remain slip free for only about 5 seconds 
when the incoming synchronization signal is interrupted. The local 
timing supply is less expensive and more compact than the nodal 
supply ; however, it is adequate because of the protection applied to 
the incoming synchronization signal path. Each Tl WB4/5 integrated 
timing supply provides timing for all DDS office equipment associated 
with it without need for a separate timing supply. 

Network Maintenance and Restoration 

A comprehensive maintenance plan is essential to meeting the 
overall DDS service objectives. Station and central office equipment 
arrangements and interconnecting digital facilities at all levels of 
the DDS hierarchy must provide high reliability and the means for 
prompt restoration of service. 

Long-Haul Facilities. The maintenance plan for DDS assumes the 
availability of the standard automatic protection switching of long
haul coaxial or radio transmission paths, the use of performance 
monitoring by telemetry, and centralized fault location. In the event 
of failure of the protection channel, service should be restored by 
existing methods of emergency broadband restoration within 20 
minutes unless an entire route has failed. In-service monitoring and 
alarming are standard for all portions of the DDS carrying DSl and 
higher level signals. 

The lA-RDS . terminals are protected on a hot-standby basis with 
manually initiated switching to the standby terminal in the event of 
a working terminal failure. 

Short-Haul Facil ities. Type-Tl lines used for DDS may require one
for-one automatic line protection switching. If so, the two lines are 
double fed through a bridging repeater with monitors on both lines 
at the receiving end to control a receiving end transfer switch. 
Switching to the spare is based on either an excessive bipolar viola
tion rate or the loss of pulses in the regular line. The protection 
system includes the necessary alarms for status indication. Route (or 
at least cable) diversity is recommended between regular and spare 
Tl lines and in no case should both lines utilize the same repeater 
or share the same power loop. Implementation of DDS also requires 
that a Tl carrier restoration and control center be established, if 
not already in existence, in the digital serving area. 

· 
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Baseband Facil ities. Automatic protection switching is not used on 
baseband facilities. Customer reports, received at the serving test 
center, initiate fault detection on customer loops and terminal equip
ment. Office troubles cause alarms to register at various offices or test 
centers. A maximum restoration time of 90 minutes is the objective 
for restoring service that has failed due to outages on loop facilities 
or station terminations. 

Serving Test Center. The STC controls maintenance activities for 
circuits served by the office and for all DDS local office circuits and 
DDS hierarchy equipment homing on its hub office. The STC is oper
ated by personnel concerned with digital serving area customer cir
cuits. Figure 18-13 shows a typical routing and equipment layout for 
one portion of a digital serving area. The figure shows that all DDS 
circuits terminating in the hub serving area are made accessible to the 
STC at the unpacked DSO rate by routing them through a DSXOA 
cross-connect field. An exception to this is allowed if a separate STC 
is established at an entrance point to long-haul facilities. Packed DSO 
signals routed through the hub to the long-haul STC need not be 
routed through the hub DSXOA cross-connect field. Each submultiplex 
arrangement provided at a given local office is duplicated at the 
hub office. The DSXOA arrangement includes a universal 64 kb/s 
cross-connect panel and an associated DDS testboard which contains 
individual monitoring and splitting j acks to provide maintenance 
access to each circuit. The testboard also contains test sets to generate 
DSO test signals and up to seven control codes for loop-around and 
straightaway tests. An optional control and test code generator can 
also be provided for prolonged testing without tying up the digital 
signal transmitter. It provides the control codes on four outputs and 
a special audible code with a strong 4-kHz component on six outputs. 
A clock line-terminating circuit is provided for synchronizing the test 
sets and a multipoint signalling unit is available for the testing of 
multipoint arrangements. 

Faults occurring in the serving link between the STC and the 
termination at the near-end customer premises are located by estab
lishing loopbacks at intermediate points in response to coded com
mands from the STC. Loopback points are found in the service units 
at the customer premises and at the line side of all office channel 
units. The loopback commands are transmitted from the STC by con
trol codes. The loopback in the service units are established as shown 
in Figures 18-4 and 18-5. As indicated on these figures, some of the 
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commands are actually decoded by the OCU which then reverses the 
sealing current polarity on the line to initiate the loopback in the 
service units. 

The near-end STC for a circuit between customers served from 
different hubs can also initiate the same loopbacks at the far end, if 
required. The objective of loopback fault location is sectionalization 
of a trouble condition to a major subdivision of a point-to-point link 
(or to a particular multipoint branch) within 15 minutes. 

Additional Maintenance Features. Trouble isolation in DDS multiplex
ing equipment and transmission terminals of DSl or higher rank 
is further aided by a number of other maintenance features. For 
example, all major components are monitored and alarmed at the 
offices in which they are located with the exception of office channel 
units, integrated subrate multiplexers, or individual Tl WB4/5 ports. 
These alarm indications can be transmitted to a distant point by 
E-type telemetry if registration at the serving test center is desired. 

Another maintenance feature in DDS is the provision of monitoring 
and s.plitting jacks. All connections between SRDMs or directly 
connected OCUs and TlDMs or T1WB4s in local offices are routed 
through a multiplexer jack connector panel (M-JCP) .  Portable ver
sions of the STC test sets are available for testing at these points. All 
integrated subrate multiplexers are also equipped with jacks for 
splitting or monitoring the internal connections between OCUs and 
the submultiplexer circuits. 

As previously mentioned, many DSl and higher rate short-haul and 
long-haul transmission facilities are monitored and protected. Moni
toring and protection is provided for all TlDMs, Tl WB4s (except 
individual ports) ,  Tl WB5s, subrate digital multiplexers, power 
supplies, and timing supplies ; however, there are no protective ar
rangements for office channel units or integrated subrate multiplexers . 

loca l loops 

The rms power of the bipolar baseband signal transmitted on 
customer loops varies in accordance with the peak voltage of the 
pulses [8] and with the density of 1 s in the customer signal. The 
maximum allowable power is +6 dBm. Channel service units, data 
service units, and office channel units contain automatic gain control 
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or automatic line build-out circuits to permit them to accept incoming 
signals subject to a range of loop insertion losses and still accurately 
reconstruct the signal for further processing. For very short loops, 
a fixed build-out pad is required in addition to the automatic line 
build-out. The maximum allowable loop insertion loss for operation 
within error rate requirements is 31 dB at a frequency corresponding 
to half the service speed (Nyquist frequency) . 

The maximum DDS four-wire baseband loop length is thus depen
dent on service speed and type and gauge of available cable pairs. 
Mixed gauge loops are permissible. 

A cumulative maximum of 6 kft of bridged tap is tolerable on 
DDS baseband loops for all but the 56 kb/s service speed. For 56 kb/s 
loops, cumulative bridged tap must be limited to 2.5 kft and any 
single bridged tap must not exceed 2.0 kft. * Insertion losses due to 
bridged taps must be included in the 31-dB allocation. In addition, 
load coils and build-out capacitors must be removed from pairs used 
to provide DDS baseband loops. 

Because of the ruggedness of the DDS signal, self-interference or 
interference from other signals is not a problem when loops are de
signed according to the previous guidelines. However, due to the 
relatively high power transmitted, DDS signals do have the potential 
to interfere with other services in the same cable sheath. Engineering 
precautions are used to prevent interference from DDS pairs into 
pairs used for program service, subscriber carrier, or N-type carrier 
systems. 

For the 56 kb/s service speed, the insertion loss constraint for DDS 
baseband loops of 31 dB at the Nyquist frequency requires the pro
vision of coarser gauge cable in some instances than would otherwise 
be required to meet either resistance design ( 1300 ohms) or unigauge 
design requirements. This may also be true in uniga uge-designed 
plant for the 9.6 kb/s service speed. Moreover, if the office serving 
the customer (baseband office) is not a DDS local or hub office (multi
plex office) , the interoffice cable pair between the baseband office and 
the multiplex office must be included in the overall DDS baseband 
loop insertion loss calculation. 

*The single bridged tap limitation is due to the effect of a 1 /4 wavelength 
resonant stub which would result in an inband dip in the loss/frequency charac
teristic should a single tap exceed 2.0 kft. 
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Serving plans must be formulated prior to introduction of DDS to 
determine the hierarchy of baseband and multiplex offices in a digital 
serving area. Baseband offices must be chosen with consideration both 
for efficient access to multiplex equipment and for the baseband trans
mission range for the most stringent subrate speed (9.6 kb/s) .  
Therefore, some portions of the digital serving area may not be within 
the 31-dB baseband loop range of any DDS multiplex office for 56 kb/s 
service. Requests for 56 kb/s service to such locations require either 
upgrading of one or more baseband offices to multiplex offices or pro
viding service via an analog extension. A regenerative repeater to 
extend baseband 56 kb/s loop ranges may be used at both central 
office and remote outside plant locations. 

Other Design Considerations 

Close coordination of planning, design, and equipment provisiOn 
processes is required throughout the DDS planning and implementa
tion to ensure that all equipment installed in local and hub offices 
yields the best network economics consistent with flexibility to ac
commodate future growth. A detailed and extensive set of guidelines 
dealing with capacities and options for the various equipment frames, 
shelves, plug-in units, multiplexer ports, alarms, power, and timing 
supplies must be followed to ensure compatibility and maintainabiity. 

In addition, engineering rules for multiplexing signals for long
haul transmission are needed. Some important considerations are : 

( 1 )  Where a serving test center controls through circuits in the 
same office, the circuits must be routed through a DSXOA 
cross-connect frame ; otherwise, through circuits should have 
an appearance at DSXOB and/or DSXl frames. 

(2 )  Only TlDMs are used with long-haul facilities. 

( 3) The hub office timing supply should be located in the long
haul portion of the hub, since it must be within 50 feet of the 
TlDM that carries the incoming synchronization signal. 

( 4) If long-haul facility terminals are not located within intra
office distance limits from the hub office, entrance facilities 
consisting of dedicated T1 lines or digital radio or coaxial 
links must be provided to interconnect the T1DM with the 
long-haul terminal. 
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Multipoint Service Design 

The DDS multipoint service is designed to accommodate a duplex 
multiparty system in which there is one control station (often a 
computer) and two or more simultaneously connected remote termi
nals, all operating at a uniform service speed. Multipoint j unction 
units are employed in one or more hub offices to link the branches 
together, as shown in Figure 18-14. Incoming from the control station, 
the DSO bipolar NRZ signal from the DSXOA cross-connect frame 
is converted by the j unction unit to unipolar format. The signal 
is regenerated and retimed, bridged to four outputs, and each work
ing output is reconverted to the bipolar NRZ format for connection 
back through the DSXOA frame to the remote terminal branch 
facilities. Since each remote terminal receives the same signal, the 
control station must provide coding for address identification. 

Incoming from the branches, the multipoint junction unit converts 
the bipolar NRZ signals from the DSXOA frame to unipolar and 
connects them to a logic circuit which includes regenerators, control 
logic, and an adder. The one input signal that contains data is retimed 

DDS hub 
(city # 1 )  

DDS 
local 
office 

DDS hub 
(city #3) 

DDS 
local 
office 

Station 

Figure 1 '8- 1 :4. A four-station multipoint drcu.it. 

Control 
station 

Station 
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and reconverted to bipolar NRZ for connection through the DSXOA 
frame to ·· the control station facilities if the remaining channels are 
transmitting the idle code or an all 1 s code. The logic circuit sub
stitutes an all 1s  code on a branch input to the adder when that 
branch transmits a trouble control byte. This feature prevents trouble 
on one remote branch from interrupting data transmission between 
the remaining remote terminals and the control station since the all 
1 s code is blocked by the adder. Two remote channels may not trans
mit data simultaneously since the adder may garble such messages. 

If more than four total branches require interconnection at a hub, 
multipoint j unction units can be chained to provide additional branch 
terminations. A multipoint circuit can also include junction units at 
more than one hub to form a tree network spreading away from the 
control station. The multipoint junction unit is thus a versatile unit 
for building up multipoint circuits. Since all inputs are unpacked 
bipolar NRZ signals at the DSO rate, the same equipment is used 
regardless of the multipoint network service speed. 
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Section 5 

Transmission Management 

Maintaining and improving message network transmission quality 
requires dynamic measurement and evaluation of its performance be
cause properly designed telephone plant may not be properly installed 
and can not provide satisfactory transmission quality indefinitely. It 
is necessary to examine overall service from the customer point of 
view (external measurements) and to measure and evaluate the per
formance in quality control of the working plant ( internal measure
ments) . Furthermore, it is necessary to interpret and respond to 
changes in both network performance and customer satisfaction. 

Chapter 19 discusses measurement plans, the statistical nature of 
performance observations, the derivation and uses of quality indices, 
and the need for both internal and external measurements. The re
sults of the measurements are useful for monitoring the quality of 
transmission over any portion or all of . the telecommunications net
work. Among the external measurements of transmission quality are 
customer reports of satisfaction or dissatisfaction expressed during 
telephone interviews or in trouble reports. The telephone service 
attitude measurement (TELSAM) plan is described with emphasis 
on the transmission aspects and the analysis of trends of transmis
sion performance. Customer trouble reports and the customer trouble 
report analysis plan, which includes the analysis of reports, detection 
of weakspots, and observation of trends, are discussed and the func
tion of the network trouble analysis bureau is reviewed. The trans
mission performance index, which is based on internal measurements 
of transmission performance, is described. The indices used to de
termine overall quality include the trunk transmission maintenance 
index, the connection appraisal index, and the subscriber plant trans
mission index. The possible inclusion of a station transmission index 
and a special services transmission measurement plan is discussed. 
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The management of transmission quality requires maintenance of 
the immense network of transmission facilities and equipment which 
provide the circuits in the switched message network and which 
provide a wide range of switched and nonswitched special services. 
Chapter 20 describes the principles upon which maintenance is based 
and discusses various aspects of manual and automatic facility and 
circuit maintenance. The chapter also relates maintenance to relia
bility and discusses some specific ways in which the basically reliable 
facilities are supplemented by manual and automatic means of pro
tecting against failure. The temporary emergency restoration of failed 
facilities by the utilization of protection equipment and facilities is 
also discussed. 

Achieving and maintaining satisfactory transmission performance 
in the message network is accomplished only with considerable cur
rent planning of day-to-day activities and fundamental planning for 
long-haul service and performance objectives. Chapter 21 describes 
these planning functions as additional means of managing the trans
mission performance of the network. 

Chapter 22 provides a summation and overview of the management 
processes and the techniques employed to maintain control of the 
network in the face of the continuous changes that take place. The 
importance of the grade-of-service concept and the need for con
tinuous monitoring and surveillance of performance and customer 
opinions are stressed. The chapter concludes with comments regard
ing the importance of the continuing technical education of those 
responsible for transmission management. 
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Transmission Management 

Chapter 1 9  

Measurements and Ind ices 

Transmission management of the telecommunications network re
quires the measurement of customer opinions regarding the quality of 
service rendered, the measurement of transmission performance, and 
the establishment of transmission objectives consistent with the over
all objective of supplying good service at a reasonable price. The 
establishment of useful relationships among these considerations and 
the vigorous implementation of transmission improvements within 
the limitations of fiscal responsibility are required. This chapter pro
vides a broad review of how customer opinions and plant perfor
mance are measured. Since customer opinions are highly subjective 
and transmission performance is quite objective, different measure
ment approaches are used. 

The differences between the two processes that must be imple
mented have led to definitions here of the opinion measurements as 
external measurements and of the performance measurements as 
internal measurements. This follows naturally from the fact that 
opinions about service originate from sources external to the Bell 
System while performance measurement programs originate and are 
carried out within the Bell System. 

The measurement program results are analyzed and reviewed to 
provide guidance to one of several lines of action. The correction of 
performance deficiencies and possible changes in transmission ob
jectives must be considered. The possibility of no action must also 
be considered carefully, i.e., leaving well enough alone when perfor
mance, cost, and customer opinion are in good balance. 
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The volume of data collected during these measurement programs 
is too great to be of use without further processing, combining, and 
simplifying. For the purpose of providing management evaluation 
and control of transmission quality, the data are converted into indices 
which can be applied to different parts of the network as running 
indicators of performance. When these indices show poor or deteri
orating performance, additional measurements may be made or the 
original data may be examined in greater detail to determine the 
cause of trouble. 

Transmission indices are made up of a number of components 
representing such parameters as noise, loss, or balance which may 
apply to different parts of the plant, such as local or toll trunks. The 
measurements related to these indices now apply only to the switched 
message network. The use of transmission indices for special services 
evaluation is under study. 

1 9- 1  EXTERNAL MEASUREMENTS 

External measurements are obtained by surveys of customer opin
ions derived from interviews and reports of service difficulties re
garding telephone service. Customers expect connections to be estab
lished promptly on the first attempt, assistance to be furnished 
courteously and with dispatch, telephones to be installed properly 
with a choice of features, and billing to be accurate. In the final 
analysis, transmission is the essential product furnished by the Bell 
System. Basically, customers pay for the ability to transmit infor
mation accurately and are not satisfied if transmission is poor 
regardless of the excellence of other service features. 

Information must be made available constantly to indicate the 
reaction of telephone service users to the grade of service they are 
being furnished. The information is obtained by regularly conducted 
service attitude measurement surveys and by customer reports of 
service difficulties. These are reviewed and summarized regularly to 
gain insight into the nature of troubles encountered. Three customer
generated indicators, service attitude measurement, customer requests 
for credit, and customer trouble reports reflect customer reaction 
to service. These indicators may or may not correlate with internal 
measurements. 
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Service Attitude Measurement 

The telephone service attitude measurement (TELSAM ) plan is a 
service evaluation based on the questioning of customers about a 
wide variety of service criteria including transmission. Replies ars 
summarized to permit analysis of the degree of customer satisfaction 
with each service criterion and to identify trends. The plan utilizes 
telephone interviews on a sampling basis to determine the reaction 
of customers to all facets of their telephone service. The interviews 
are conducted by an independent organization using lists of customers 
provided by the telephone company. Five basic questionnaires are 
used. These relate to recent customer contacts with company per
sonnel and to various telephone service criteria. Results are accumu
lated by the independent interviewing organization, are summarized 
in a central location by AT&T, and are made available to management 
in the administrative unit or territory surveyed. 

The TELSAM plan replaced the original service attitude measure
ment ( SAM) plan which made use of questionnaires mailed to cus
tomers. The new plan offers a more efficient use of customer time, a 
more realistic appraisal of service, more flexibility in handling the in
troduction of additional questions, and economy in the total operation. 

Sampling.  The interview questionnaires explore five basic aspects 
of company-customer interrelationships : business office, installation, 
repair, operator-handled services, and dial services ( including coin) . 
A sample of business office, installation, and repair interviews are 
conducted as soon as possible after the customer has contacted the 
business office or after installation or repairs have been made. This 
is done to get the customer reaction immediately after the contact 
and to create a favorable jmpression by the promptness of the 
follow-up. 

The sample of operator-handled toll call .services is selected from 
recently issued toll tickets. No specific information regarding these 
toll calls is made available to the interviewer except that the toll 
calls were made. Quick follow-up enhances the reliability of the 
results by obtaining customer reaction soon after the call. The samples 
for dial call services and coin services are selected at random from 
the total population of residence and non-PBX business customers. 

The recommended monthly sample size for a district is a minimum 
of 50 questionnaires in each category where previous results are static 
and up to 150 per month where changes are occurring or anticipated. 
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For example, changes in equipment arrangements, modifications in 
administrative policies, deteriorating survey results, or adverse local 
conditions all require the closer scrutiny that results from the larger 
sample size. 

The questionnaire covering transmission quality is the dia} call 
service questionnaire. In this series of questions, the interviewer asks 
the customer to rate the quality of recent telephone calls. Calls rated 
poor or fair are discussed further to determine by a sequence of 
questions the specific cause for complaint. The TELSAM question
naire can be expanded by adding new questions where a particular 
facet of service needs further examination. 

The answers to questions about the nature of trouble encountered 
provide information regarding poor transmission (difficulty in hear
ing or being heard, fading, clipping) and noise ( in categories such as 
regular or musical tones, other voices on the line, ·echo, and distor
tion) . The interviewer also determines if the complaints arise from 
local or toll calls. If comments indicate that special attention is re
quired, they are forwarded to the telephone company for immediate 
review and possible action. 

Reports and Analysis. The data collected by the TELSAM interviews 
are processed in a central computer programmed to produce a number 
of types of reports. District reports summarize answers to each ques
tion for the current month, a rolling average for three months, and 
changes since the last report. Summary reports show the overall 
customer reaction toward various aspects of service. Significant 
change reports permit quick identification of districts or service 
aspects which might be candidates for larger sampling and closer 
scrutiny. Special question results reports cover added questions. 

The TELSAM plan measures service as seen by the customer and 
complements internal measurements. The internal measurement plans 
are the basic feedback for determining how well prescribed practices 
and procedures are carried out. The TELSAM plan reflects customer 
evaluation of the service resulting from these practices and pro
cedures. 

It is reasonable to expect that not all customers agree with com
pany judgment of what is good or bad, important or unimportant ; 
the various viewpoints in different locations are also reflected by 
TELSAM. Trends observed in TELSAM should be used to detect 
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signs of transmission weakness and the effect of transmission im
provement measures. Data from the internal measurements are used 
to determine the· course of corrective action. 

Trouble Reports and Requests for Credit 

Another significant external indicator is the customer trouble re
port. When service has deteriorated to the extent that the customer 
experiences difficulty, repair service or an operator is contacted. 
Transmission complaints are classified as Code 3 and are summarized 
on the basis of the number of reports per 100 stations per report 
period. In addition, a considerable amount of material processed by 
the DDD service bureau reflects customer service difficulties. 

A customer trouble report is any oral or written notice which 
indicates difficulty or dissatisfaction with the performance of tele
phone plant or employees, improper functioning of telephone company 
equipment or associated customer-provided auxiliary equipment, or 
dissatisfaction with the physical condition, location, or appearance of 
plant. Since these reports cover such a wide variety of troubles and 
complaints, they are classified in various ways to facilitate analysis. 

Most customer complaints and trouble reports are recorded at the 
plant service center. The card used as a trouble ticket is divided for 
convenient indication of the required !nformation. Manual or auto
matic (optical ) sorting for analysis is facilitated by appropriate 
punching or notching of the card. 

The trouble tickets are arranged to display a large amount of in
formation. Information that is needed for response to the immediate 
complaint (customer's name, address, equipment identification, etc. ) 
is entered and space is provided to indicate the originating source 
of the complaint (customer direct, customer relayed, employee, etc. ) 
and a number of service quality indicators such as a missed appoint
ment or a subsequent report. Space is also provided to indicate the 
cause of the complaint (man-made, plant or equipment, weather, 
etc. ) and for written entries to indicate the final resolution of the 
reported problem. Miscellaneous data to identify the central office, 
month of the report, and special study information are also recorded. 

Significant data, from the transmission point-of-view, are : ( 1 )  
those that identify the class o f  service involved i n  the complaint such 
as residence, business, centrex, or coin, (2)  a number of class-of-
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service subgroups such as party line, foreign exchange, customer
provided equipment, and (3)  the disposition of the report by classifi
cation according to station set, outside plant, central office, "found 
OK," etc. Most useful for transmission analysis are the codes devoted 
to classifying the complaint by type of report. These codes, assigned · 

on the basis of the description of the problem given by the customer 
to the report center, are defined as follows : 

CODE REPORT TYPE 

1 Can't call, no dial tone 

2 Can't call, other 

3 Transmission, noise 

4 Can't be called 

5 Memory service failure 

6 Data failure 

7 Physical condition 

8 Miscellaneous 

Among these report types, Code 3 and Code 6 are most likely to 
reflect transmission type troubles and are carefully analyzed for their 
causes. Code 3 reports include complaints such as "can't hear," "can't 
be heard," "distortion," "cutoffs," "momentary interruptions," and 
"noise." Code 6 includes reports from customers who cannot send 
or receive data and reports resulting from failure of automatic call 
units. Code 2 and Code 4 reports must be examined for possible 
transmission-related signalling problems. 

The customer trouble tickets are analyzed by the plant service 
centers. Summaries of the analysis are distributed on standard forms 
called customer trouble report summaries. The coded report categories 
are summarized on this report form as "customer trouble reports per 
100 stations." By monitoring successive reports, trends of deteriora
tion or improvement can be observed. Furthermore, the transmission 
trouble rates can be observed for specific sections of a territory. 

Customer requests for credit are also a source of information re
lating to transmission performance. Customers often ask an operator 
to cancel charges because convers�tion was not possible on an estab
lished connection. Although not yet a component in a measurement 
plan, customer requests for credit are nevertheless valuable indicators 
of serious problems, particularly when the reasons for requesting 
credit are transmission-related. 
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Customer Trouble Report Ana lysis Pla n 

The customer trouble report summary just described is useful for 
detecting weak spots on a general basis and for observing trends. 
The customer trouble report analysis plan ( CTRAP) is a method of 
analyzing trouble reports in more depth, either on a manual or 
mechanized basis. It consists of assembling the information recorded 
on customer trouble tickets in an organized manner to find the cause 
of trouble or customer dissatisfaction. 

Analyses by CTRAP may be stimulated by observation of adverse 
trouble rate trends in the analysis of customer trouble report sum
maries or by observation that these summaries show significantly 
poorer performance in one administrative unit than in others. The 
capability of CTRAP to collect and classify masses of data makes it 
possible to solve specific problems. Engineering personnel should be 
aware of this capability and may find the need to participate in · 

additional studies with plant personnel for the mutual solution of 
transmission-related problems. 

Network Troub le Ana lysis Bureau 

The need for trouble data collection, analysis, and dissemination 
is met by the network trouble analysis bureaus set up in operating 
companies with participation by many departments and by Long Lines 
Department area representatives and independent company relations 
coordinators. Each bureau is composed of two groups dedicated to the 
improvement of direct distance dialing (DDD) service. These groups 
are known as the DDD service bureau and the DDD task force. 

The DDD Service Bureau.  This bureau has the responsibility for col
lecting, integrating, and analyzing trouble reports for its control area. 
After analysis, trouble patterns are reported to the proper organi
zations for correction. To fulfill its responsibilities, the DDD service 
bureau performs the following functions : 

( 1 )  Analyzes ineffective call attempts determined from service 
observing data. 

(2)  Receives and analyzes operator-relayed DDD and dial switched 
access (DSA) trouble reports. These reports are among the 
major inputs to the bureau. 
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(3)  Analyzes connection appraisal data*, credit requests, and oper
ator reports of poor transmission and noise to establish a 
broader base for analysis. Connection appraisal test calls which 
meet with difficulty are sometimes reported to the bureau as 
they occur. 

( 4) Analyzes pre- and post-billing credit requests which some
times indicate the nature of customer problems such as reach
ing a wrong number, poor transmission, or cutoffs. These 
requests are summarized by computer in both originating and 
terminating listings. 

(5)  Conducts limited holding and tracing of operator-reported 
plant troubles in its area of operation. 

(6 )  Conducts selective call-through testing on a limited basis to 
assist in determining the condition or performance of a partic
ular route or termination. Both operational and transmission 
tests are performed. 

(7)  Participates at times in supplementary service observing 
activities. 

With the introduction of the Traffic Service Position System 
(TSPS) , a procedure has been initiated in the Bell System to handle 

the operator-keyed trouble reports on a centralized basis. This pro
cedure is implemented by the Network Operations Trouble Informa
tion System (NOTIS) . This automated system permits the collection 
from 75 locations in the switched network of over 150,000 operator 
trouble reports per average business� day, a volume of data that is 
increasing. The data are batch-processed daily and the resulting 
trouble patterns are forwarded to 77 analysis bureaus throughout the 
Bell System. The daily reports, together with special summaries 
and studies, are effective tools in locating and correcting network 
problems. 

A number of other DDD service bureau functions relate to the 
analysis of data for the detection of equipment irregularities, record 
errors, customer errors, and suspected fraud cases. The bureau may 

*These data are derived from measurements of los·s and noise on network 
connections. 
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also handle trouble reports from customers and from the special oper
ators assigned to wide area telephone service (W ATS ) , data service, 
and international dialing. 

It is evident that a considerable amount of activity in the DDD 
bureau is related to transmission performance. Transmission engi
neering requires familiarity with bureau operations and involves 
working closely with the bureau to improve transmission performance. 

The D O D  Task Force. This group, composed of representatives from 
all departments involved in the control of network performance, 
meets regularly to aid the DDD service bureau when efforts to correct 
a trouble condition have not been effective. The primary responsibility 
of the task force members is to ensure that the bureau is receiving 
the appropriate interdepartmental support in its trouble detection 
and correction activities. 

1 9-2 I N TERNAL MEASUREMENTS 

Internal measurements consist of planned measurements of speci
fied transmission parameters of the switched message network. The 
results provide the basis for computing performance indices used to 
evaluate telephone transmission 

'
in various administrative units of 

the plant on a comparison basis. These indices are applied only to the 
message network ; they have not yet been developed for the evaluation 
of special services. 

The overall Bell System transmission objective is to meet customer 
needs as nearly as possible within the limits of economic choice. When 
an index shows poor or deteriorating performance, the data that was 
used to compute the index must be analyzed to determine the cause of 
trouble and to guide ·the course of corrective action. The comparison 
of indices and the analysis of results are tools that assist in deter
mining whether overall objectives are being m·et. Transmission objec
tives for the network are derived by procedures which, in total and 
by individual steps, involve the compromises necessary to meet grade
·of-service objectives economically. The procedures may be regarded 
as beginning with the translation of grade-of-service objectives into 
transmission objectives applicable to various segments of the plant 
such as loops, local trunks, toll connecting trunks, intertoll trunks, 
etc. Finally, the transmission objectives must be allocated to these 
segments of the plant in some logical manner. 
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In order to relate the measurements to the established transmission 
objectives, programs must be set up to measure the impairments in 
such a way that performance and objectives may be compared. The 
comparison process is based on measurements and tests that are prac
ticable, i.e., loop noise, trunk maintenance, and connection appraisal, 
as illustrated in Figure 19-1. These performance indicators are similar 
in that all are based on data taken, by means of transmission 
measuring equipment, by plant and/ or engineering forces. The loop 
noise, trunk maintenance, and connection appraisal programs are 
carried out periodically by each operating company in the Bell System 
as part of the continuing evaluation of transmission performance 
within various operating units. These measurement programs are 
valuable for assessing the performance of various administrative units 
relative to one another and relative to established objectives. Addi
tional transmission surveys of specific parts of the plant are conducted 
as necessary to establish mathematical models of the plant and its 
performance and to provide input to the continuing process of evalu
ating objectives. The surveys and models permit the study and evalu
ation of the network as an overall system. In recent years, significant 
surveys have been conducted of speech volumes [1] , loop plant trans
mission characteristics [2, 3, 4] , intertoll trunk transmission perfor
mance [5] , and overall toll connection performance [6, 7, 8, 9, 10] . 
Of interest also are a study of network capability for data transmis
sion [11]  and a study of noise data together with the development of 
a model for impulse noise [12] . These surveys and studies are not 
used as index indicators of performance but they can be used to check 
for consistency with reported index results. 

Station 
set 

Loop 

Loco I 
office 
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Figure 1 9- 1 . Internal measurements. 
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Subscriber Plant Tra nsm ission Tests 

The only transmission tests of subscriber plant (loops) made for 
index purposes are noise measurements. These measurements are 
often scheduled to coincide with connection appraisal tests. Where 
there is a significant amount of tester travel required, efficient use of 
time is obtained when both sets of tests are made during one trip 
to a central office. 

Transmission measurements on loops are complicated by the diffi
culty and cost of obtaining access to the station set end of a loop. 
Noise measurements are made at main distributing frames or equiv
alent locations, depending on the type of office. Only steady-state 
noise is recorded ; occasional high noise peaks are ignored. The central 
office measurements, made with 3-type noise measuring equipment 
with C-message weighting, are recognized as a compromise based on 
studies comparing noise measured at an off-hook station set with 
noise measured at the central office with the station set on hook. The 
measurements are made with station sets on hook. 

Loop noise measurements provide an indication of overall perfor
mance, provide performance comparisons between various administra
tive units of plant, and indicate areas where further investigation 
and mitigation programs should be applied. Generally, noise measure
ments are compared with a reference of 20 dBrnc. The objectives are 
that 95 percent of all loops should have noise less than 20 dBrnc and 
that the number of wire centers having 15 percent or more noisy 
lines should not exceed 3 percent. 

Loop noise measurements are programmed so that every wire center 
is scheduled for survey within a two-year period. The centers are 
listed in rank order by size and are paired so that the largest and 
smallest, next largest and next smallest, etc., are surveyed during 
the same quarter. The total number is divided so that the work load 
is equalized as nearly as possible over the two-year interval. 

A sample of loops is selected for measurement within each wire 
center. If a wire center has fewer than 210 lines, noise must be meas
ured on all loops. If the number of lines is between 211 and 400, all 
or 210 loops may be selected. If there are more than 400 lines, 210 
loops are selected for testing. The sample is prorated by office prefix 
code where more than one prefix is used. 
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Telephone numbers are selected at random from the line or station 
cards maintained at the local test center. To allow for lines which 
cannot be measured, for instance, those which are busy or in trouble, 
210 cards are selected so that the objective of 200 measurements per 
sample is met. The sample size has been chosen to provide a statisti
cally sound estimate of performance and, at the same time, to schedule 
work that can be completed in one normal working day. 

Subscriber plant noise measurements and the index derived from 
them are statistically sound indications of performance when applied 
to a large collection of data, such as comparisons of district or 
division performance. Unsatisfactory performance must be investi
gated and a noise mitigation program must often be implemented. 
Additional measurements in the suspected central office must be made 
in an effort to determine routes or cables in which poor performance 
may be concentrated. 

High noise in subscriber plant has three common causes that must 
be considered in a noise mitigation program : ( 1 )  cable sheath dis
continuities, which usually cause all pairs in the cable to be noisy ; 
(2 ) imbalanced pairs, often associated with party lines and ringer 
imbalance ; and (3)  maintenance or housekeeping problems which 
affect pairs at random. An analysis of the measurements may be 
used to determine the magnitude and nature of the noise mitigation 
program needed. 

At this time, there is no standard measurement plan for loop loss. 
Since there is a considerable amount of activity in extension and 
rearrangement of the loop plant, an effective interim transmission 
control can be maintained through completion testing associated with 
this work-order activity. 

Trunk Transmission Maintenance Measurements 

The trunk maintenance performance indicator is derived from 
measurements of loss, noise, and balance made at specified intervals 
on all trunk types except intrabuilding trunks without gain. Since 
all trunks are supposed to be measured for loss and noise, the index 
is weighted according to the percentage of trunks actually measured. 
Balance measurements are made on only a sample ',of trunks for 
which balance requirements are specified. The measurements on local, 
toll connecting, and intertoll trunks are equally weighted. 
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Loss and noise measurements may be made by using test systems 
such as the Automatic Transmission Measuring System (ATMS) ; loss 
may also be measured and noise checked by the automatic transmis
sion test and control circuit (ATTC ) [13, 14] . Measurements may 
also be made manually from outgoing trunk (OGT) test frames, 
testboards, etc. 

Loss. Much of the ability to identify trunks or connections having 
poor transmission has been lost with the introduction of direct dis
tance dialing. There is usually no operater to verify satisfactory 
transmission. With automatic switching, connections are set up, re
gardless of transmission quality, provided address and supervisory 
signals are satisfactorily received by the switching machine. For 
these reasons, it is necessary to have statistical knowledge of the 
quality of transmission and, at the same time, to know which trunks 
perform poorly. To acquire the necessary data, all trunks are tested 
for loss periodically, even though performance could be determined 
statistically by measuring only a sample ; the accumulated data are 
used to determine the index. In processing the loss data, the difference 
between the actual measured loss (AML) and the designed or ex
pected measured loss (EML) is determined for each trunk. 

For computation of the trunk transmission maintenance index, a 
distinction is made between two types of trunks : ( 1 )  trunks using 
carrier facilities or equipped with other than E-type repeaters and 
(2 )  trunks using E-type repeaters or having no gain devices. Typical 
loss density functions, f (d) , for the two types of trunks are illustrated 
in Figure 19-2 ; the abscissa shows the loss deviations, i.e., the differ
ence between EML and AML values. Reference values of loss devia
tions for use in index computation are shown in the figure at 0. 7 dB 
and at 1 .7 dB. The more stable E-repeatered trunks have a smaller 
spread and are indexed at a deviation value of 0. 7 dB. Carrier 
facilities are indexed on two deviation values, 0.7 and 1.7 dB. 

In the discussion of loss deviations, the average loss deviation was 
assumed to be 0 dB. In any given set of measurements, the deviations 
are distributed about the average value, which may be shifted posi
tively or negatively from 0 dB. Curves B, C, and D in Figure 19-3 
represent shifts of distributions toward successively more positive 
values relative to reference curve A. Examination of these curves 
shows that a small shift, such as that represented by the shift from 
A to B, does not significantly change the total number of deviations 
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exceeding + 0.7 dB. A shift as great as from curve A to curve D, 
however, makes a large change in the total number of deviations 
exceeding 0. 7 dB. Such a shift would result in a significant reduction 
in the performance rating, or index. 

Trunk losses can depart from nominal design values for many rea
sons. For example, environmental conditions such as temperature or 
humidity may change, components may age and deteriorate, and 
workers may make errors ; also, amplifiers, terminal equipment, and 
radio or carrier channels may be switched to a protection facility. 
None of these factors can be eliminated economically but their effects 
on loss variations can be controlled by proper maintenance. 

Noise. Message circuit noise, which does not include impulse noise, 
is measured at specified intervals on all trunks that are measured for 
loss. These measurements, made automatically or manually, involve 
only the trunk under test and the switching system transmission 
paths at each end of the trunk that are required to interconnect the 
test equipment and the distant end trunk termination. Thus, central 
office noise is included in the measurements and the prescribed refer
ence values allow for busy-hour office noise. Loop and station set noise 
are not included in trunk noise measurements. 

For the purpose of determining the index, noise measurements 
should generally be made at both ends of trunks. However, for con-

TCI Library: www.telephonecollectors.info



Chap. 1 9  Measurements and I ndices 523 

/(d) 

Loss deviation (dB) 

Figure 1 9-3. Changes in average loss deviation. 

venience or economy, two-wire trunks using two-wire voice-frequency 
repeaters may be measured at the originating end (near end) only. 
The far-end noise may be estimated by adding the AML to the near
end noise. This technique is not applied to four-wire trunks nor to 
two-wire trunks using four-wire repeaters ; the noise on these trunks 
is measured at both ends. 

Noise measurements are accurate to about ± 1 dB. An error of this 
magnitude may, in some instances, reflect poor apparent performance 
of an individual entity. However, analyses should reveal the source 
of error. Overall effects on results in administrative units as large as 
a district or division are not expected to be significantly biased by 
such errors since they tend to be random. 

Balance. Echo return loss (ERL) and singing point (SP) measure
ments are made at specified intervals in all class 4 or higher toll 
offices which have balance requirements. Every such office is surveyed 
at 1- or 2-year intervals if it has met initial balance requirements 
and has been certified by the transmission engineering department, 
as discussed in Chapter 10. Unlike loss and noise measurements, which 
are made routinely for maintenance purposes, balance measurements

· 

are made initially for certification and thereafter are made only for 
index purposes or for recertification when required, for example, when 
trunks are added or rearrangements are made. 

A balance survey consists of measurements on samples of trunks 
chosen from each trunk category in the office. The results of the 
survey indicate either that an office has remained balanced or that 
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corrective action is required. The indication can usually be obtained 
with an 0.8 probability of being correct by measuring balance on as 
few as 20 trunks. When the indication is not clear, i.e., when meas
urements are marginal with respect to the reference values, 20 more 
trunks are measured. If there is still not clear statistical indication, 
the data are used- for computing the index but investigation may be 
j udged necessary. 

Measurements of balance are taken on a sampling basis for two 
reasons. First, an office that has been balanced and certified and is 
relatively stable with respect to growth and changes tends to remain 
stable with respect to balance. Second, the complexity and time
consuming nature of balance measurements tend to make their 
administration expensive. Measurement of balance on all trunks may 
soon be desirable. Data transmission is adversely affected by poor 
balance and improved technology promises to make such measure
ments practicable. 

Connection Appraisa l Tests 

The two internal performance indicators just discussed are used to 
examine individual links (loops or trunks) in the network. The third 
indicator is one in which several links are measured in a built-up 
connection, as shown in Figure 19-1. Test connections are established 
from a local office (class 5) to another local office. Toll calls are 
selected to reflect the characteristic toll calling patterns in the origi
nating office. Local calls are chosen on a random basis. 

Connection appraisal tests involve loss and noise measurements on 
connections of two types made through the switched network, local 
connections making up the local component and toll connections 
making up the toll component. Each connection also includes the 
transmission paths through the switching machine. These connections 
may be established over any number of trunks permitted by the 
switching plan ; therefore, the measurements are oriented toward 
evaluation of overall connections rather than of individual trunks or 
types of trunks. Since the paths being appraised are subject to design 
control, performance can be predicted and compared with measured 
results. 

Several considerations make the inclusion of loop evaluation un
desirable. Trunks are readily accessible in central offices for testing 
while loops are not so accessible, especially at the station set. A 
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program which would include manual testing of loops would be ex
pensive. On calls between the same two stations, the same two loops 
are always involved but trunks are selected more or less at random. 
Thus, it is desirable that network connection evaluations be kept sepa
rate from loop evaluations so that separate control can be exercised. 

The data needed for determining the connection appraisal index 
are useful locally in showing good and poor performance in adminis
trative, geographic, or parametric areas, such as noise or loss. The 
measurements are sometimes useful in pointing out individual trunk 
transmission trouble conditions not found by trunk testing procedures. 
System weak spots caused by circuit design deficiencies, improper 
routing, or substandard installation and maintenance activities may 
also be identified. 

Im plementation. The connection appraisal program is administered 
in most companies by the engineering department. The data are also 
processed there and at AT&T company headquarters for further use 
in trouble analysis and for determining the index. The connectiou 
appraisal program specifies the method of selection of central offices 
from which tests are made and the test procedure. 

Central offices are selected quarterly for connection appraisal tests. 
Every large originating entity* in an administrative unit is surveyed 
once each year ; offices having fewer than 2000 connected main stations 
are surveyed every two years. The selection is random and is made 
so that some of each type of central office equipment are tested during 
each quarter. 

Offices selected for local component connection appraisal are those 
from which interoffice local calls can be made on a nontoll basis by 
flat-rate subscribers. Local connection appr�isal tests are not made 
in those offices in which the entire local calling area is served from 
a single entity. 

Since con�ection appraisal tests are designed to evaluate the loss 
and noise of telephone connections, excluding loops and station s�ts, 
the originating test lin� must meet certain requirements. It must be 
a single-party telephpne line having no bridged connections at the 

*An originat�ng entity is considered to be an outg{)ing marker group or decoder 
group in a crossbar switching system,, a single central office of any type, or a 
combination of central offices in the same or nearby building ( s) using common 
outgoing trtinks. 
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main distributing frame. It should be as direct and as short as con
ditions permit. These requirements are met most easily by conducting 
the test from the office being surveyed where the loop length can 
usually be held to the specified limit of 300 feet. 

If this limit cannot be met, loop loss must be determined and used 
as a correction factor in the processing of the measured data. Other 
loop requirements include a maximum length of 4500 feet, the removal 
of all bridged taps, a maximum metallic noise of 0 dBrnc measured 
at the station set when the loop is terminated in 900 ohms at the main 
distributing frame, and a maximum noise-to-ground value of 25 dBrnc 
at the station set. 

Testing. Combined test lines that permit a single call for both loss 
and noise measurements are available at many locations. Repertory 
dialing instruments are often used to speed the calling but the meas
urements are taken manually. A plan to mechanize the entire process, 
using the Centralized Automatic Reporting on Trunks ( CAROT ) 
System, is under consideration. 

Where such combined test lines are not available, a call must be 
placed for each loss and each noise measurement. To measure loss, a 
specially assigned number in each terminating central office is dialed. 
When the connection is made, a single-frequency test signal of stan
dard amplitude (0 dBm ) is automatically transmitted from the 
terminating office and monitored at the originating office by a- trans
mission measuring set (TMS) as illustrated in Figure 19-4. The 
power of the received signal relative to the known power of the 
transmitted signal is a measure of the loss in the connection. 

When noise is to be measured, a new connection must be established 
to a test terminal in the distant central office to apply a resistive 

Station 
set 

TMS 

Originating 
office 

Terminating 
office 

-+---+- - - - - _....,_ .... 

Figure 1 9-4. Connection appraisal loss measurement. 

Test signal 
source 
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termination to the connection. After the connection has been estab
lished, it is monitored at the originating end by a noise measuring 
set (NMS) as illustrated in Figure 19-5 and the noise in dBrnc is 
recorded. If the noise exceeds a mileage-dependent reference value, 
the connection is audibly monitored and the type of noise observed 
is recorded. Noise types include babble, crosstalk, impulse, power hum, 
tones, data, random noise, etc. 

Station 
set 

NMS 

Originating 
office 

+---+- - - - -

Figure 1 9-5. Connection appraisa l noise measurement. 

Terminating 
office 

Test Call Samples. A complete connection appraisal survey of a 
central office requires 200 measurements, 50 each for loss and noise 
for both local and toll components. The number of connections has 
been selected to give reasonable statistical accuracy while permitting 
the completion of the entire survey in one central office during a 
normal working day. The results of such a survey give only an ap
proximate evaluation of performance for a single originating entity ; 
results are quite accurate, however, when used for comparison of 
entities in a large division or operating area. 

The 50 loss and noise measurement connections from the central 
office being surveyed are made to other central offices in the local area 
on a random basis. If the surveyed office has access to fewer than 
50 other offices, the calls are distributed equally in a random order to 
the remote offices. If the surveyed office has access to more than 
50 remote offices, 50 are selected at random from the total. A time
shared computer program is available for the selection of the local 
connection appraisal sample for large metropolitan areas. 

Since a much larger number of central offices can be reached over 
the toll portion of the network than over the local portion, the selec
tion of the 50 loss and noise measurement connections is more compli-
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cated for the toll component than for the local component. Sample 
connections are selected on the basis of observations of toll calling 
patterns that exist in the surveyed office. These patterns are derived 
from data assembled by the traffic department on intrastate and inter
state traffic. Calls that originate and terminate in the same toll office 
are not included since no intertoll trunks would be required for such 
connections. 

Independent samples of 50 calls are drawn, in accordance with the 
toll traffic patterns described above, for each building. (All the 
switching entities in one building share the same sample. ) The termi
nating telephone numbers for the test calls are determined from test 
line directories made available for this purpose. Most of the test con
nections are established by direct distance dialing. The sample pattern 
and the test line directory num'bers are selected annually from data 
already available, in a central computer, for other studies. These 
data, including the appropriate noise reference values, are furnished 
as a computer printout. 

Analysis. Loss and noise data accumulated during a connection ap
praisal survey are usually examined immediately after the completion 
of a survey. If the data show a pattern indicating trouble or design 
deficiencies common to the originating office, a review with plant 
personnel may be warranted. Investigation and/or corrective action 
may follow. 

After the initial review, data are collected at AT&T company head
quarters for computer evaluation. This evaluation produces a con
nection appraisal index and an additional printout for further engi
neering or plant consideration. It summarizes data quarterly for each 
originating office and may be used for comparisons of local offices. 
The survey results are compiled to produce additional summaries by 
terminating points. These summary printouts are also used as guides 
to determine the need for further investigation and/ or corrective 
action. 

From design considerations and previous experience, distribution 
functions for loss and noise are available and may be used for pre
liminary evaluation of connection appraisal test results. Since sub
stantial variation is inherent in the connection appraisal data, it 
cannot be assumed that there is an identifiable trouble for every 
measurement that exceeds some published reference value ; however, 
guidelines are available to assist the analyst. 
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Sometimes, poor results indicated by a connection appraisal survey 
are more apparent than real. False indications may be due to defective 
or improperly adjusted equipment or test lines. The calibration of 
test equipment should always be considered a prerequisite to making 
transmission tests. In addition, test results should be interpreted with 
due regard for the limits of statistical accuracy of the measurement 
plan. 

Local Measurement Data. Loss and noise data obtained in a local 
connection appraisal survey must be examined separately and com
pared with applicable reference values. Trunk losses must be main
tained within specified limits in order that received volumes, noise, 
echoes, near singing, and contrast be held to acceptable values. Poor 
transmission performance may be due to inadequate maintenance or 
design errors. As a general guide, an investigation should be initiated 
if more than three of a 50-call sample show losses greater than the 
8-dB upper reference or less than the 1-dB lower reference given for 
local connection appraisal. Also, an investigation should be considered 
if fewer than 65 percent of observations show losses less than 5.5 dB 
in a nonmetropolitan area or less than 6.5 dB in a metropolitan area. 
(For these purposes, a metropolitan area is defined as a local area 
having intertandem trunks. ) These reference limits are derived from 
expected distributions of local trunk losses. 

Noise values in local measurements also display substantial varia
tion and in a survey involving noise measurements on 50 local con
nections, three or four readings may be expected to exceed the noise 
reference. Preliminary study of raw or processed data taken on a 
connection appraisal survey may often be used to determine the 
source of excessive noise. For example, if reference values are ex
ceeded on connections to several locations, the originating office may 
be the source of trouble. If noise is high on all calls, the local central 
office battery supply may be noisy. If high noise appears on a specific 
route, the noise may originate in a particular trunk or trunk group. 
Generally, an investigation should be undertaken if eight or more 
connections show noise in excess of the reference value. 

Toll Measurement Data. The analysis of excessive loss and/or noise 
on toll connections is somewhat more complicated than on local con
nections because of the more extensive use of alternate routing and 
the complex combination of trunks that may be used in a connection. 
Toll connection measurements sometimes reveal trouble or design 
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deficiencies in the originating office. When a review of raw or pro
cessed data indicates such difficulties, the data should be referred 
immediately to plant personnel for investigation and possibly to the 
DDD service bureau. When deficiencies beyond the originating office 
are apparent, they are much more difficult to isolate and must be 
identified by an analysis of broader scope. 

Toll connection losses are controlled by via net loss design. The 
resulting distribution of toll losses is such that in a sample of 50 
connection appraisal loss measurements, about 6 percent may be 
expected to be greater than the given upper reference value (9 dB 
for connections longer than 80 airline miles and 8 dB for connections 
shorter than 80 airline miles ) and about 6 percent may be expected 
to be less than the given lower reference value ( 5 dB for connections 
longer than 80 airline miles and 3 dB for connections shorter than 
80 airline miles ) .  Wide deviations from these quantities should be 
investigated but connection appraisal tests are seldom useful in 
isolating individual trunks that may cause these wide deviations. 

If an unusually high number of loss values exceed the upper refer
ence value and few or none are less than the lower reference value, 
the average loss is likely to be above the nominal value. The cause 
may be failure to design trunks to their proper loss values or inade
quate maintenance. For example, excess loss on connections through 
No. 4 crossbar switching machines may be due to failure to switch 
loss pads. Generally, investigation is warranted if 12 or more con
nections show loss exceeding the upper reference value. 

If an unusually high number of connections show loss below the 
lower reference value and few or none show loss exceeding the upper 
reference value, the average trunk loss is low, a condition that may 
be due to improper design, improper adjustment of repeaters, or im
proper use of test pads in toll connecting trunks. Investigation should 
be made if more than 10 observations of loss are below the lower 
reference value. 

Out of 50 measurements of toll connection loss, about 6 measure
ments may be expected to show loss outside the upper or 'lower refer
ence values. If the total is 19 or more, investigation is necessary. This 
situation may be caused by unsatisfactory maintenance or by combi
nations of troubles such as high loss on one route and low loss on 
another. Such conditions may be observed by examination of either 
raw or processed loss data. 
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The noise measurements are judged against a variable reference 
value that is a function of the airline mileages between the originating 
and terminating toll centers. As shown in Figure 19-6, eight mileage 
ranges are provided, with a noise reference value assigned to each. 
The values are selected so that about 8 percent of the measured values 
for each mileage may be expected to exceed the reference value. 

AIRLI NE DISTANCES IN MILES NOISE REFERENCE, 
BETWEEN TOLL CENTERS dBrnc 

0 to 40 26 

41 to 80 28 

81 to 150 30 

151 to 300 32 

301 to 600 34 

601 to 1200 36 

1201 to 2400 38 

2401 or more 40 

Figure 1 9-6. Toi l  connection appraisal ,  noise reference values. 

It should be stressed that these reference values are points on dis
tribution curves and not limits. Measured values in excess of the 
reference values may or may not indicate trouble. If the number of 
observations exceeding the reference values is greater than 25 per
cent, investigation may be desirable. If the reference values are 
exceeded primarily on long connections, the noise sources may be in 
intertoll trunks or at the distant end. If the reference values are 
exceeded primarily on .short connections, the short-haul toll plant may 
be introducing trouble. If noise is high on all connections, the trouble 
may be in the local central office or in the nearby toll connecting 
trunks. 

Generally, investigation should be initiated if the noise reference 
values are exceeded on 12 or more connections in a ·Sample of 50. It 
is also desirable to analyze combined data taken from appraisal tests 
of different end offices homing on the same toll office. If connections 
are made to the same terminating points, significant conclusions may 
sometimes be reached about trouble patterns at the distant points . 
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1 9-3 MEASU REMENT-DERIVED TRANSMISSION I N DICES 

Transmission measurement data are used in two ways. First, since 
the data are too numerous to be easily manipulated, they are simplified 
and combined into indices that may be used to evaluate plant per
formance and to compare the performance of administrative units. 
When these indices show poor or deteriorating performance, the data 
again become useful in identifying troubles and pointing toward 
corrective action. 

Indices represent simplified summaries of large amounts of data 
which would be unwieldy and even useless if unprocessed. The de
velopment of indices usually involves statistical analysis of data, 
comparison of results with some well-defined reference values, and 
weighting of results to account for indirect effects ; finally, the 
processed results are translated into a single number (the index) 
that bears a relationship to transmission and grade-of-service objec
tives. These indices are generally designed to reflect the following 
ratings : 

99 - 100 Excellent 

96 - 98 Fully satisfactory 

90 - 95 Fair to mediocre 

Below 90 Unsatisfactory. 

Components of indices are often given individual index ratings. The 
index concept is such that if all components have the same value, 
the overall index will have that value. If the components differ, their 
relationships to the overall index depend on the applied weighting 
factors. 

The transmission performance index (TPI) is shown in Figure 19-7 
to consist ultimately of four components : the connection appraisal 
index, the trunk transmission index, the subscriber plant transmis
sion index, and the station transmission index. All but one of these 
(the station transmission index) are at least partially implemented ; 
measurement plans are specified and procedures are available to 
translate measured data into index numbers. 

Since the station transmission index has not been developed and a 
number of other indices have not yet been fully developed, the trans
mission performance index has also not yet been fully developed. The 
connection appraisal index, trunk transmission maintenance index, 
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Figure 1 9-7. Components of the transmission performance index. 

533 

and the noise component of the subscriber plant transmission index 
are now used individually as measures of Bell System transmission 
performance. In addition to deriving the index, connection apprai�sal 
measurements are used to calculate the loss-noise grade of service. 
Both measures of performance are reported. 

Indices provide broad general evaluations of performance, show 
trends of performance, and permit performance comparisons within 
or among administrative units. Except on rare occasions, they cannot 
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be used to isolate and identify specific troubles but the data from 
which the indices are derived are often useful for these purposes. 
Indices can be a powerful management tool when properly interpreted 
and used to assist in identifying weak spots and making judgment in  
assigning resources. 

Transmission measurement plans and the development of useful 
indices are constantly evolving processes. The pace of index develop
ment depends on intangibles such as the changes in customer opinions 
about telephone service and the introduction of new systems and 
services. Simplicity of field analysis results from the use of indices ; 
attention is focused on the extremes of parameter distributions where 
some of the most significant contributors to poor performance are 
found. The value of this approach has been demonstrated by experi
ence. Even where transmission measurement plans are not generally 
in use, the determination of the distribution function for any param
eter and the concentration of effort to eliminate extreme values can 
lead to significant performance improvement. 

Derivation of Tra nsmission Ind ices 

The calculation of transmission indices is a process too lengthy 
and complex to treat here in detail. The general principles used can 
be reviewed however, and their application to each of the indices 
currently used in the Bell System can then be discussed in greater 
detail. 

Figure 19-8 illustrates two normal density functions that might 
represent data derived from internal measurements. Curve A, labelled 
poor because it has a large standard deviation, indicates that there 

Number of observations 

t 
-4 -3 -2 - 1  0 

Measurement (dB) 
2 3 4 

Figure 1 9-8. Typical transmission parameter density functions. 
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is a large percentage of calls that may be rated poor. Curve B is 
labelled good because it has a relatively small standard deviation, 
i.e., has fewer calls exceeding a given limit. 

In the past, performance was judged by indices derived from 
mathematical treatment of the data to determine mean values (bias) 
and standard deviations (distribution grade) . This approach proved 
unsatisfactory for field use where the assumption of normal distribu
tion functions was not always valid and the training of field personnel 
to process the data and apply the results proved to be impractical. 

Transmission indices are based on measurements that exceed speci
fied values. For example, Figure 19-9 represents the density function 
for measured loss deviations on a group of circuits. Loss that is too 
high results in low volume on connections ; loss that is too low results 
in uncomfortably high volume, excessive echo, or circuit instability. 
Thus, limits Rt and R2 are indicated as values that should not be 
exceeded. The percentage of measurements outside these limits is 
used as a basis for determining the index. Where the density func
tion representing facility performance has a wide distribution, it is 
sometimes necessary to select two additional reference points, R3 
and R4 ; observations outside these limits may be given a heavier · 
weighting. 

Another density function to be considered is that for noise observa
tions as shown in Figure 19-10. In this case, there is no lower limit 
on observed noise values. High noise values are undesirable and so 
the number of measurements in excess of limit R is used as a basis 
for determining the noise index. 

Although the measurement plans in use do not cover all components 
of plant or all transmission parameters, these principles can be used 

Number of  observations 

t 

Loss deviation (dB} 

Figure 1 9-9. Density function for loss measurements. 
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Figure 1 9- 1  0. Density function for noise measurements. 
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to control any measurable parameter of any component of plant ; 
i.e., the identification of facilities requiring corrective action is made 
possible through the use of reference values. These reference values 
must be derived by careful analysis of data and by careful comparison 
with transmission objectives. 

An index can usually be expressed as a single number that describes 
transmission performance in a specific area or administrative unit 
for particular kinds of circuits with respect to a well-defined param
eter or parameters. For example, a typical connection appraisal 
index for a given area might be 96.6. This index could result from a 
toll component index of 98.0 and a local component index of 95.2. 
Even though the overall index of 96.6 indicates that performance in 
this area is satisfactory, the local component is rather low and bears 
investigation. 

The data collected for index calculation are entered on standard 
forms which permit straightforward tabulating, summarizing, and 
analyzing. A reference value for each parameter (loss in dB, noise in 
dBrnc, etc.) has previously been established on the basis of funda
mental studies and analysis or design. Detailed processing of raw 
data can be carried out, if necessary, but indices are determined only 
from such factors as the percentage of observations made, the per
centage of observations exceeding a given reference value, or the 
percentage of observations outside double-ended reference limits. 
Such percentage scores are here termed the "level of compliance." 

An index table for each parameter is prepared by determining the 
performance of network entities (e.g., a marker group in a No. 5 
crossbar machine) during a base period and rank-ordering the re
ported levels of compliance. Three index points are specified : 100 is 
the index rating given to the level of compliance exceeded by only 
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2-1/2 percent of the areas during the ,base period, 97 is the rating 
given to the median level of compliance, and 90 is the rating given to 
the level of compliance exceeded by 97-1/2 percent of the network 
entities. An S-shaped curve which passes through these three specified 
points is determined by using a mathematical fitting program. The 
index table, which relates any measured performance to a correspond
ing index rating, is based on the S curve. A portion of such a table 
is illustrated in Figure 19-11. 

The number of measurements exceeding the reference is converted 
to a percentage of the total measurements taken for the area or plant 
component being surveyed. Suppose, for example, 9.6 percent of 
measurements taken exceed the reference for the index represented 
by Figure 19-11. The index for that component is seen to be 97.2. If 
there are no other components, this is the total index. Where the 
measurements were taken on a subcomponent, component points are 
found in the last column, 48.6 in this illustration, and the total index 
is then obtained by addition of subcomponent points. The number of 

PERCENT SUBCOMPONENT COMPONENT 
STEP INDEX POINTS 

0- 2.0 100.0 50.0 

2.1- 4.0 99.6 49.8 

4.1- 5.5 99.2 49.6 

5.6- 6.5 98.8 49.4 

6.6- 7.5 98.4 49.2 

7.6- 8.3 98.0 49.0 

8.4- 9.0 97.6 48.8 

9.1- 9.7 97.2 48.6 

9 .8-10.5 96.8 48.4 

10.6-11.2 96.4 48.2 

11.3-12.0 96.0 48.0 

12.1-12.6 95.6 47.8 

12.7-13.2 95.2 47.6 

13.3-13.8 94.8 47.4 

13.9-14.4 94.4 47.2 

14.5-15.0 94.0 47.0 

Figure 1 9-1 1 .  Portion of an index calculation table. 
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component points allotted is a proportion of the subcomponent index 
depending on the weighting given to that subcomponent. 

Studies of this process of index derivation and calculation have led 
to conclusions regarding the number of measurements needed to 
realize statistical confidence limits of various compliance levels. Curves 
of confidence limits versus number of measurements for various 
parameters are available to assure that there has been adequate 
testing where the sampling approach is used. 

Con nection Appraisa l Index 

The desired performance of trunks in built-up connections with 
respect to loss and noise has been determined by surveys, analysis, 
subjective tests, and grade-of-service evaluations. For loss, the results 
are most directly expressed in terms of mean values and standard 
deviations. 

For local connections, the measured losses have a mean value of 
4.1 dB and a standard deviation of 1.5 dB ; thus, about 82 percent of 
the losses are less than 5.5 dB, about 93 percent are less than 6.5 dB, 
and about 2 percent exceed 8.0 dB or are less than 1.0 dB. The con
version tables used to determine the index indicate an index of 98 for 
these losses. 

The noise contribution to the local component is determined from 
conversion tables on the basis of the percentage of observations ex
ceeding the reference value, 25 dBrnc. If 4.8 percent exceed the 
reference value, the index is 97. 

Noise and loss components are weighted equally to determine the 
local component of the connection appraisal index. Thus, component 
points for each are found by using the conversion tables. They are 
added together to obtain the local component index. 

For toll connections, the loss measurements have a mean value of 
6.5 dB and a standard deviation of 1.9 dB. For these measurements, 
about 12 percent of the observations show losses of less than the lower 
reference value or greater than the upper reference value. Conversion 
tables show that these percentages yield an index of 97. 

For determining the toll component index, the noise references are 
functions of airline distance between toll centers. The established 
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references yield an index of 97 if exceeded by 7.5 percent of the 
observations. The use of airline distance provides benchmarks which, 
if exceeded, indicate degraded noise performance that may be due to 
routing deficiencies, excessive back hauling, etc. 

The final determination of the toll component is made by combining 
the noise and loss subcomponents with equal weighting. The calcula
tion of the index representing performance in a combination of ad
ministrative units is determined by combining the level of compliance 
data from all the administrative units with each entity given equal 
weight. The overall index is then determined from the S curve. 

The overall connection appraisal index is based on a combination 
of the local and toll components equally weighted. Each component 
and the overall index have expected accuracies of at least ± 1 index 
point with 90 perc.ent confidence. Uncertainties are due to sampling, 
test equipment and test line errors, etc., all of which tend to be random 
and small when data from a large area are combined. 

Trunk Tra nsm ission Ma intenance I ndex 

Loss, message circuit noise, and balance are involved in the trunk 
transmission maintenance index (TTMI ) .  It is based on measure
ments, made during a one year interval, of loss and noise on all trunks 
involved in the survey. Balance measurements are made on only a 
sample of trunks. In contrast to the connection appraisal index, which 
evaluates combinations of trunks used in  built-up connections, the 
TTMI evaluates the conglomerate of individual trunks. 

Some of the more important considerations of TTMI involve types 
of facilities, lengths of trunks, weighting factors, etc. ; they are dis
cussed in order to illustrate a process that is quite complex because 
of the large number of variables involved. Consideration is being 
given to adding other components to the TTMI. 

Loss Component. Since the loss component of the TTMI is derived 
on the basis of the measurement of all trunks, the index is weighted 
by the percentage of trunks actually measured. The following sum
mary shows the weighting of subcomponents and indicates the per
centage in each category that in combination yields an index in the 
fully satisfactory (96 to 98) range : 
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Group 1 - Trunks using carrier channels or equipped with other than 
E-type repeaters (to be measured quarterly) .  

SUBCOMPONENT 

Percent deviations exceeding ±0.7 dB 

Percent deviations exceeding ± 1. 7 dB 

Percent trunk measured 

WEIGHTING, 
PERCENT 

45 

45 

10 

SATISFACTORY 
RANGE, PERCENT 

26.6 to 32.0 

2.8 to 5.5 

95.6 to 98.5 

Group 2 - Trunks equipped with E-type repeaters ( to be measured semi
annually) and trunks using outside plant facilities and having 
no gain devices (to be measured annually) .  

SUBCOMPONENT 

Percent deviations exceeding ±0.7 dB 

Percent trunks measured 

WEIGHTING, 
PERCENT 

90 

10 

SATISFACTORY 
RANGE, PERCENT 

7.8 to 14.5 

95.6 to 98.5 

When indices for trunk groups, central offices, districts, or divisions 
are combined, the weighting factors used are based on the number of 
trunks in each category or unit. All trunks carry equal weighting. 

As in connection appraisal, the determination of an index derived 
from a mass of measured data involves summarizing the data and 
then obtaining the index from tables prepared for that purpose. For 
the TTMI, a high degree of accuracy can generally be expected 
( ± 0.5 point or less in any quarter) .  However, trends of change are 
of greater concern than the accuracy of individual indices. 

Index evaluation of smaller administrative units involves fewer 
measurements and is more susceptible to sampling variations. In a 
district or division, quarterly variations of -+- 1.0 index point may be 
expected. If the data involve a small number of measurements, 500 
or fewer, still greater caution must be used and more emphasis must 
be placed on interpreting the basic data than on the index. 

One of the principal results of index studies is an evaluation of 
maintenance. Making measurements can in no way improve perfor
mance. If the index and the basic measurements show inadequate 
performance, maintenance must be improved to control losses. 

Noise Component. Noise objectives are sometimes expressed as limits 
as in Figure 19-12 ; the noise component of the TTMI is based partly 
on these values and partly on the percentage of trunks tested. A 
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CARRIER ONLY OR MIXED FACILITIES, MILES 

0 16 51 101 201 401 1001 1501 2501 

L IMITS, dBrnc VF to to to to to to to to to 

15 50 100 200 400 1000 1500 2500 4000 

NONCOMPANDORED 20 28 28 29 31 3·3 35 36 39 41 

COMPANDORED NA 23 23 24 26 28 30 31 34 36 

Figure 1 9-1 2. Trunk noise limits. 

90 percent weighting is applied to the measurements exceeding the 
maintenance limit and a 10 percent weighting is applied to the per
centage of trunks tested. 

The noise component of the TTMI is most accurate ( + 1 index 
point or better) and most reliable when applied to administrative 
units larger than a division. If there is concern for performance in 
smaller units, the basic data should be analyzed although index trends 
sometimes are significant. 

For some time after a component index plan is implemented, the 
index may be strongly influenced by design problems. In these cases, 
noise cannot be reduced below the maintenance limits until corrective 
action is initiated by the engineering department. If corrective action 
is not taken after troubles have been identified, the indices will con
tinue to reflect poor performance. The importance of administrative 
programs to control corrective procedures cannot be overemphasized. 
Reports should be issued regularly to monitor the rate of clearing 
troubles, the number of troubles referred for action to the engineering 
department, and the status of unresolved troubles. 

Balance Component. Every toll office that has met initial balance 
requirements and that has been certified by the transmission engi
neering department i,s surveyed at one or two year intervals to 
determine the balance component of the TTMI. ( Certification require
ments are discussed in Chapter 10. ) If an office has never been 
certified, balance measurements may be made for index purposes 
providing the office meets the following requirements : 

( 1 )  All trunks measured must have been designed for VNL opera
tion. 
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(2)  All primary intertoll trunks measured must be assigned to 
four-wire facilities since those on two-wire facilities (and 
using two-wire repeaters) do not provide adequate echo 
margins. 

(3)  All trunks not satisfying the first two conditions must be 
included in the total to be balanced and must be classified as 
not meeting minimum ERL and SP requirements. 

( 4) The network building-out (NBO ) capacitance must be 0.080 
microfarads or less and must have been approved by the 
transmission engineering department. 

If an office is in the process of being balanced, results are reported 
on the assumption that all unmeasured trunks do not meet ERL and 
SP requirements. 

Balance measurements are made on a sampling basis to provide 
data for the balance component of TTMI and to determine whether 
an office has maintained its certification status. The sample selection 
involves recording data that defines the universe of trunks to be 
sampled, dividing the trunks into various categories (primary inter
toll, secondary intertoll, intrabuilding toll connecting, and inter
building toll connecting) , and randomly selecting the trunks to be 
measured. 

Schedules for office balance surveys are established jointly by the 
plant and transmission engineering organizations and are based on 
a number of criteria. If an office has been balanced or surveyed and 
meets requirements, it should ·be surveyed within two years. Where 
an office is found . to be unsatisfactory,. corrective action should be 
taken promptly and the office should be recertified ; a survey should 
be scheduled within two years after recertification. If an office is 
surveyed with inconclusive results and corrective action is taken, 
another survey should be made one year later. A survey should also 
be made within one year after major rearrangements are made or 
when an office has been substantially expanded. 

The calculation of the balance component of the TTMI is accom
plished by determining the statistical distribution of the measured 
data and by relating the data to tables prepared for index calculations. 
The balance component is made up of a number of subcomponents, 
all of which have equal weighting (20 percent) in determining the 
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overall index. The five subcomponents are ( 1 )  the percentage of 
ERL measurements that satisfy median requirements, (2 )  the per
centage of SP measurements that satisfy median requirements, (3) 
the percentage of ERL measurements less than the minimium require
ments, (4)  the percentage of SP measurements less than the minimum 
requirements, and ( 5) the percentage of balance-certified offices in the 
administrative unit. 

The midrange index objective of 97 is obtained for the first four 
of these subcomponents when 50 percent meet the median requirement 
( subcomponents 1 and 2 )  and when 1.5 percent are less than the 
minimum (subcomponents 3 and 4 ) . The index of 97 is attained for 
subcomponent 5 when 97 percent of the offices in the administrative 
unit are certified as balanced. 

When balance measurements show that the performance in an ad
ministrative unit is unsatisfactory or deteriorating, investigation of 
the measured data is required. Sometimes the index is low because 
a few offices are not certified, have lost certification, or are being 
poorly maintained. Office records must be analyzed carefully to be 
sure, for example, that all trunks requiring balance have been 
measured, that the measurements meet the certification requirements, 
and that no trunks are operating below the turn-down limit. If the 
review indicates that the office does not meet certification require
ments, corrective action must be scheduled immediately because of 
the deteriorating effect on service and the time required to complete 
a new office balance routine. 

I ndex Determ ination. The three subcomponents are combined to de
termine the overall TTMI according to specified procedures. If balance 
measurements are not required in an administrative unit, equally 
weighted loss and noise components are combined. If the balance 
component is required, the weighting applied to each component is 
calculated as the ratio of the total number of trunks for the com
ponent of interest to the total number of measurements made for all 
components. 

Plant personnel make most of the measurements and record most 
of the data ; engineering personnel provide guidance and assistance, 
particularly in making balance measurements. The engineering de
partment also has major responsibility for recommending and pro
viding appropriate test facilities and for designing transmission 
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facilities. The magnitude of some measurement programs is so great 
that automatic measurement and recording has been introduced, 
especially for noise and loss measurements. 

Subscriber Plant Transmission I ndex 

This index is intended to evaluate telephone loop transmission per
formance. The only component now being measured is the noise 
component for which sample measurements are made. The references 
used for index calculation are the existing maintenance limits ; design 
requirements are neither available nor applicable. 

The noise measurements are summarized according to noise ampli
tude ranges and the measurements are weighted according to the 
anticipated noise at the station set. The estimated percentage of loops 
with excess noise is derived as follows : 

NOISE WEIGHTING 
RANGE, dBrnc MULTIPLIER 

<10 0 

11 to 20 0.25 

21 to 30 0.75 

over 30 1 .00 

The resulting estimate of the number of noisy loops makes up 90 per
cent of the index for an administrative unit. The remaining 10 percent 
of the index is determined from the percentage of wire centers having 
15 percent or more noisy loops. 

Finally, wire-center results are combined to produce indices for 
various administrative units ; weighting factors based on the number 
of working lines in each wire center are used. Results are presented 
on the basis of a running summary of measurements made over eight 
consecutive quarters. The index tables are constructed so that an 
index of 97 is achieved in an administrative unit if 95 percent of the 
loops are estimated to have noise equal to 20 dBrnc or less, and if 
3 percent of the wire centers have 15 percent noisy loops. 

Proposed I ndex Components 

Evaluation by indices will require the development of additional 
components for the full implementation of the transmission perfor
mance index. Even this index is limited to the evaluation of the 
switched message network. Consideration must be given to the further 
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development of indices for application to data transmission and other 
special services. In addition, it may be desirable to develop an index 
plan that will facilitate the evaluation of central office message circuit 
and impulse noise contributions to overall network noise. 

There is a particular need for a special services transmission 
measurement and evaluation plan because special services are an 
ever-increasing proportion of the total plant and because of the high 
activity in growth and rearrangements. Such a plan may be estab
lished in association with service-order activity and a sampling of 
service orders may be the first step in manual implementation. As 
automated measurement procedures are established, all special 
services circuits may be included in this plan. 

The proposed portions of the transmission performance index are 
shown dotted in Figure 19-7. They include the station transmission 
index, the trunk transmission design index (a component of trunk 
transmission index) , and the loss component of the subscriber plant 
transmission index. 

The station transmission index has not yet been given detailed 
consideration. Measurement difficulties, high costs, and high activity 
in station movement due to population mobility are all obstacles that 
must be overcome. The introduction of new services may well 
stimulate work on this index. 

An index plan for the evaluation of the design component of the 
trunk transmission index has been implemented in some Bell System 
companies. When fully developed and implemented system-wide, the 
trunk transmission design index will be a valuable means of evalu
ating and identifying design problems on trunks and controlling the 
quality of transmission on new installations. 

Construction and rearrangement activities make loops among the 
most active parts of the plant. Complete loops are usually not involved 
in these activities but portions of loops are always being built, moved, 
or rearranged. Loop activity and the difficulties and expense associ
ated with access to subscriber locations make it difficult to develop 
a loss index for maintenance and design. 

When loop surveys have been conducted in the past, irregularities 
were commonly encountered in 10 to 15 percent of the loops. These 
surveys have sometimes resulted in transmission improvement pro-
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grams but the high loop activity has resulted in observed irregularities 
appearing soon after correction. 

Some Bell System companies have initiated sample measurement 
programs associated with newly completed outside plant work orders. 
This type of program appears to be advantageous because of its 
degree of accountability ; with the high activity on loops, sample 
measurement programs may stimulate significant upgrading of loop 
performance in a relatively short period of time. 
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Transmission Management 

Chapter 20 

Maintenance and Rel iab i l i ty 

Facilities, circuits, and equipment must be properly installed and 
maintained in order to provide telecommunications services that meet 
grade-of-service objectives. Limits are set for allowable departures 
of actual parameter values from design values so that these grade-of
service objectives may be met. The limits are specified in terms useful 
for management control as well as day-to-day maintenance work. 

In this chapter, transmission facilities are defined to include the 
media, the equipment used in making up transmission systems, and 
the channels derived from these systerns. A circuit, such as a loop, 
trunk, or special services circuit, is composed of transmission facili
ties and ancillary equipment including gain, signalling, terminating 
units, etc. A comprehensive maintenance program has evolved in 
which data on the performance parameters of facilities and circuits 
are collected and evaluated. Testing is done immediately after instal
lation ( initial testing) and then on a routine or demand basis. In 
addition, facility integrity is continuously monitored ( surveillance) .  
The need to make maintenance activities more economical has led to 
the introduction of mechanized test, surveillance, and administrative 
systems. 

Service reliability is improved in many transmission systems by the 
use of protection facilities to which service may be transferred when 
equipment failure occurs. When a major facility failure occurs, service 
outage time is minimized by using emergency restoration procedures. 

20- 1 MAI NTENANCE PRINCIPLES 

Transmission </1jectives for message telephone service and for 
some special services are derived on the basis of a balance between 
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cost and grade of service [1] . Thus, it seems reasonable to conclude 
that if facilities and circuits are designed to meet these objectives, 
the services they provide will be satisfactory ; however, facilities 
and/or circuits may be installed incorrectly and are subject to impair
ments which cause transmission quality to vary with time. Telephone 
operators once detected and reported these errors and impairments 
but conversion to direct dialing has eliminated the need for operator 
assistance on most connections ; therefore, variations must be de
tected in other ways. Although trouble on nonswitched special services 
circuits is promptly reported, detection of such trouble before it 
becomes service-affecting is desirable. Therefore, the primary function 
of transmission maintenance is to detect and correct substandard 
transmission performance. Another function is to test facilities and 
circuits as they are installed or rearranged to assure that initial 
service objectives are met. 

Transmission and Signal l ing Measurements 

Transmission quality for individual connections, circuits, or facil
ities is evaluated by measurement of transmission characteristics 
and comparison of the results with standards based on subjective 
appraisals. The following parameters are measured on most voice
frequency circuits and many broadband facilities. Insertion loss for 
voice-frequency circuits is normally measured at 400, 1000, and 2800 
Hz ; the 400- and 2800-Hz losses are used to determine slope. For 
wideband circuits and carrier facilities, loss measurements are made 
at frequencies standardized for each type of circuit or system. Echo 
return losses and singing return losses are measured on message 
network trunks which terminate in two-wire switching machines and 
on many two-wire voice-frequency special services circuits. Message 
circuit noise and impulse noise are measured on voice-frequency cir
cuits ; average noise and impulse noise are measured on carrier 
facilities. 

In addition to transmitting voice and/ or data signals, trunks and 
most special services circuits must transmit control signals consisting 
of alerting, address, and .supervisory signals for use by switching 
systems or station equipment. Signalling tests include dial pulse tests 
where the intervals between pulses and the length of pulses are 
measured to ensure satisfactory switching system operation and 
supervision tests where the satisfactory transmission of on-hook and 
off-hook conditions is verified. 
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Transm ission Parameter Variations 

Differences between actual and design characteristics of a trans
mission facility or circuit are caused by a variety of factors. To detect 
such differences, performance measurements must be made at the time 
of and subsequent to installation. 

At the time of installation, the transmission characteristics of new 
facilities may differ from the expected or design values because of 
recording, design, or installation errors, because of manufacturing or 
installation tolerances, or because of differences between actual and 
assumed environmental conditions. For example, computational errors 
may occur during design or circuit gains may be improperly set at 
the time of installation. Cable conductor diameter varies and, even 
within manufacturing tolerances, may produce a resistance value 
significantly different from the nominal value. Load coil spacing 
tolerances may result in measurable diff·erences between design and 
actual values of circuit impedances and losses. Installed cable temper
ature may be considerably different from the 68 o Fahrenheit used in 
the specification of nominal cable pair characteristics. 

For these reasons, transmis·sion characteristics are measured when
ever a new facility or circuit is installed ; such tests are called initial 
tests. The measured characteristics are compared with expected 
values ; if the difference exceeds initial test limits, corrective action 
must be taken before releasing the facility or circuit for use. Examples 
of the limits for such deviations are given in Figure 20-1 .  Loss varia
tions in terms of differences between calculated values (EML) and 
measured values (AML) represent the major use of this concept. 

Transmission characteristics vary after installation for several rea
sons. Resistors, transistors, electron tubes, and other components tend 
to change under the influence of heat and time to cause gain and 
noise changes in transmission systems. Relay contacts deteriorate 
with use and can introduce both loss and noise variations. Tempera
ture and humidity variations, most noticeable in outside plant where 
environmental conditions are not controllable, also affect transmission 
characteristics. Variations also arise from errors which occur during 
installation of and maintenance activities on adjacent facilities and 
equipment. 

Routine tests to detect variations are made periodically at intervals 
which depend on the type of facility. Figure 20-2 gives examples of 
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the intervals recommended for such tests and those which are re
quired by transmission maintenance index plans. Margins are pro
vided for moderate variations in transmission facility characteristics ; 
maintenance limits are less stringent than the limits for initial 
measurements. 

In addition to the variations mentioned above, customer opinions of 
transmission quality, as evaluated by subjective appraisals, vary. That 
is, rather than there being discrete values, there are distributions of 
received talker volumes, received noise, video echo ratings, etc., that 
are subjectively rated good or better. The number of trunks in 
switched connections and the number of transmission facilities or 
links in private line circuits are also variable. 

These variabilities in facility and connection characteristics and 
customer evaluations require that objectives be set by using grade
of-service techniques for combining their effects. Thus, as shown in 
Figure 20-1, maintenance objectives are stated in the form of allow
able distributions rather than as single values. 

Costs a nd Revenues 

Control of transmission quality variations requires a balance be
tween service and costs. The cost of detecting variations in trans
mission quality is significant, especially when manual rather than 
automatic testing techniques are used. Where automatic routine 
testing is not available, economically practical testing intervals are 
often too long to ensure good transmission performance and grade of 
service may deteriorate. 

Trunk and special services circuit designs which have low cost, yet 
meet design objectives, may require frequent testing and realigning 
and therefore have high maintenance costs ; although better designs 
may require higher initial inve,stment, long-range costs may be lower. 
Thus, total capital investment and operating costs must be considered 
in all designs. 

A Comprehensive Maintenance Program 

Both external and internal measurements of transmission perfor
mance are necessary to ensure that high quality is maintained. 
External measures of overall quality, such as the telephone service 
attitude measurement (TELSAM) plan, are necessary to evaluate the 
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transmission performance of the switched message network. Internal 
measurements of transmission and �signalling characteristics are 
necessary to provide more specific information for locating defective 
or deficient circuits before they affect grade of service. They are the 
only source of performance information for special services other 
than trouble reports. 

Internal measurements are performed according to a comprehensive 
transmission maintenance program which evaluates end-to-end quality 
by means of tests of complete built-up connections between end offices. 
The performance of individual circuits and of transmission facilities 
is also checked. Initial and routine tests are made of both circuits and 
facilities and continuous surveillance of their transmission perfor
mance is often also made. 

20-2 FAC ILITY MAINTENANCE 

Initial and routine facility tests are performed on transmission 
media ( including twisted cable pairs and coaxial cable units) , on 
cable carrier transmission systems (such as N-type and L-type analog 
systems and T-type digital systems) , and on microwave radio systems. 
Most carrier and radio systems also provide continuous surveillance 
of overall system continuity. 

In itia l a nd Routine Testing 

Subscriber cable pairs are usually tested by construction forces for 
open, short-circuited, and grounded conductors when splicing is com
pleted [2, 3] . Individual cable pairs are retested when used to estab
lish loops. Initial tests of twisted pairs used for interoffice trunks and 
toll circuits include conductor and insulation resistance, insertion 
loss, and return loss for loaded cable. Initial tests for coaxial cable 
units consist of center conductor and insulation resistance measure
ments and a corona survey. Pulse echo measurements are under 
consideration. 

Initial tests for analog carrier facilities include loss, frequency 
response, and noise measurements over the system frequency spec
trum. In addition, the gains in the carrier terminals are checked by 
measurements of carrier amplitudes in N -carrier systems and pilot 
amplitudes in L-carrier sy�stems. Envelope delay distortion measure
ments are made on L-carrier systems. 
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On digital carrier facilities, initial tests include cable pair loss 
measurements and a check for digital errors using a quasi-random 
signal source and an error detector. The quasi-random signal is a 
repetitive code word which is more l ikely to cause digital line errors 
than the signals normally transmitted. Insertion loss and noise are 
measured at the terminals of the voice-frequency channels derived 
by the carrier system terminals. 

Initial tests for microwave radio systems include measurements of 
radio channel gain at 20 MHz, frequency response, envelope delay, 
and noise loading to determine the amount of thermal and cross
modulation noise in the system. 

Routine measurements of cable pairs are not ordinarily performed 
because the circuits which are routed over these facilities are routinely 
tested and cable pair troubles would be revealed by these tests. How
ever, message network loops are routinely tested by automatic line 
insulation test equipment in central offices. This equipment auto
matically checks the loops for crosses, grounds, and foreign potentials 
which may .seriously affect transmission characteristics, especially 
loss and noise. Routine measurements are made of pilot signal ampli
tudes on analog carrier systems and of pulse distortions and error 
performance on digital carrier systems. 

Survei l lance 

Although routine measurements may detect degraded transmission 
facility performance before service is seriously affected, continuous 
surveillance of overall facility integrity is used to ensure that major 
defects are promptly recognized. Analog carrier system pilot ampli
tudes, digital carrier system error rate, and radio system carrier 
amplitude and/or noise power are continuously monitored for this 
purpose. 

Cable gas pressure and/ or gas flow are monitored as a means of 
determining cable integrity and to detect sheath breaks. Dry air is 
pumped into most cable·s to minimize the flow of water through sheath 
breaks since water can electrically short-circuit or ground cable pairs 
and thereby seriously impair their transmission performance. To 
readily determine when and where cable failures occur, the computer
controlled Cable Pressure Monitoring System ( CPMS) continuously 
analyzes the status of transducers which measure the air pressure in 
various cable sections. 
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Analysis and sectionalization of carrier system troubles are diffi
cult because channels within a cross-section may not all terminate at 
the same two locations. Since circuits may be dropped or added at 
many locations along a carrier facility route, a major failure may 
appear to be several failures involving relatively few circuits at 
several locations along the route. This requires simultaneous section
alization work at each of these locations and may lead to duplica
tion of effort to restore the facility. Analysis of such failures requires 
reference to records which are expensive to keep current and often 
cumbersome to use. Several new mechanized systems provide real-time 
carrier facility performance status at a central location ; some of 
these systems also provide mechanized records and computer analysis 
of carrier system failures. 

One of these support systems is the Carrier Transmission Mainte
nance System ( CTMS) .  It is installed at a central point in large 
offices and is capable of making measurements, automatically or under 
manual direction, of transmission parameters at a number of broad
band carrier system access points. Measurements can be made from 
distant offices by a DATA-PHONE call from a teletypewriter station. 
The system is controlled by a minicomputer to scan sequentially a 
series of predetermined alarm and measurement points associated 
with broadband carrier systems. Typical transmission measurements 
include pilot and carrier amplitudes, noise at selected frequencies, 
VF channel measurements of signal or noise amplitudes, and scanning 
measurements in search of excessive signal amplitudes ("hot tone 
scan") .  

Another centralized maintenance system is one designed for the 
Surveillance and Control of Transmission Systems ( SCOTS) [ 4] . 
This system, intended primarily for long-haul system maintenance, 
uses E-type telemetry to collect status and alarm signals and to con
trol certain functions at a large number of unmanned remote loca
tions [5] . A polling sequence is incorporated in the system so that 
each remote location can be examined in turn for changes in status. 
The system also provides a mechanized means to schedule and coordi
nate routine tests ; it is intended for use with facility management 
programs being planned. 

The Transmission Alarm Surveillance and Control (TASC ) System, 
used for general purposes in operating telephone companies, is de
signed to monitor electromechanical switching system, transmission 
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system, building, power, and miscellaneous alarms to support central
ized operations and allow unstaffed office operation. This system also 
uses E-type telemetry. 

The transmission facilities for metropolitan networks are being 
increasingly provided by Tl carrier systems. As these facility net
works have grown, a need to provide a supporting surveillance and 
control arrangement has arisen. Thi·s need is now fulfilled by the 
T-Carrier Administration System (TCAS) [6] . The TCAS is an 
automated alarm reporting, analyzing, and trouble sectionalization 
system controlled by a minicomputer. Data and control information 
is transmitted from remote equipment locations to a T -carrier restora
tion control center (TRCC) by the E-type status reporting and 
control system. The major functions of TCAS may be implemented 
sequentially •SO that cost and implementation effort may be spread 
over a period of several years while realizing short-range and long
range benefits. In the initial phase of implementation, local displays 
of alarm status may be provided for every operating system that 
terminates in the local office. In addition, the status of all available 
maintenance lines (fully-powered spare T-carrier repeatered lines) 
is displayed. In subsequent phases of implementation, this informa
tion can be collected at remote locations and transmitted to the TRCC. 
Finally, maximum effectiveness can be realized by the installation of 
the automatic trouble sectionalization feature which is provided by 
a computerized system having a capacity of several thousand T-carrier 
systems. To be most efficient, the TRCC must include a majority of 
terminal and intermediate offices in the metropolitan network it 
serves. 

Demand Schedule Maintenance 

From the earliest application of long-haul microwave radio systems, 
routine maintenance procedures have been specified for each bay of 
radio equipment. This routine maintenance was designed to ensure 
satisfactory transmission performance of these systems and to clear 
incipient troubles before serious impairment could result. This ap
proach to maintenance of radio systems is now being replaced by a 
method called demand schedule maintenance. The proposal for 
changing from the initial approach resulted from considerations of 
personnel training, the difficulty of access to some remote stations, 
and the need to reduce maintenance costs. 

TCI Library: www.telephonecollectors.info



558 Transmission Ma nagement Vol .  3 

With the changeover to demand schedule maintenance, routine 
transmission measurements of radio switching ,sections are made at 
prescribed intervals. Parameters measured include envelope delay 
distortion, baseband response, baseband single-frequency interfer
ences, and thermal noise. Equipment maintenance is performed only 
if the need is indicated by these measurements. Remote stations must 
be visited about once each month for routine battery and tower 
lighting system checks. At these times, routine in-service observations 
of the operating status of various powers, currents, and voltages are 
made. This approach to radio system maintenance has resulted in 
improvements in system reliability and performance. It has also 
reduced costs by eliminating premature replacement of electron tubes 
and by making more efficient use of maintenance manpower. Protec
tion channel availability has been increased since the channels are 
used less for maintenance activities. Before this procedure was in-· 
troduced, carefully controlled field trials were conducted and the re
sulting data were thoroughly analyzed to ascertain that the reduction 
of routine maintenance activities would not introduce an inordinate 
amount of degradation in working transmission systems. 

20-3 C I RCUIT MAINTENANCE 

Presently, a large amount of manual transmission maintenance 
is performed at testboards equipped to connect test equipment to 
individual loops, trunks, or special services circuits via test jacks 
associated with each circuit. More modern, mechanized maintenance 
arrangements have been introduced to reduce manual effort ; these 
include dial-up test lines, automatic testing, and centralized 
mechanized testing and administration. 

Loops 

Although transmission characteristics of message network loops 
are seldom measured, talking tests and tests for short circuits, crosses, 
and grounds are performed whenever a loop is installed or when 
trouble is reported. If a loop is properly designed and passes these 
tests, it usually meets transmission objectives. 

The local test desk, located in a repair service bureau, is equipped 
with test trunks for access to the loops of one or more central offices. 
Test cords or keys in each test desk position are used to connect test 
equipment to a test trunk so that, once a connection to a loop is 
established, crosses, grounds, or short circuits can be detected. Tests 
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for insertion loss at 1000 Hz are also possible from most test desks 
and wheatstone bridges are sometimes provided for locating cable 
faults. 

Most local central offices are equipped with Automatic Line Insula
tion Test (ALIT) equipment to test sequentially each loop terminated 
in the central office switching equipment for short circuits, grounds, 
and foreign potentials in order to detect faults before they affect 
service [2] . The tests are normally performed early every day during 
periods of low traffic ; they are especially important during periods 
of wet weather because some cable faults are difficult to detect when 
insulation is dry. Loops which fail tests are listed by a teletypewriter 
so that appropriate action may be taken. 

The automated repair service bureau (ARSB) improves service 
by reducing the time required by manual methods to detect, locate, 
and repair trouble thus reducing the cost of testing and repair opera
tions. The bureau includes a Loop Maintenance Operating System 
coupled with a testing system such as the Line Status Verifier. The 
Loop Maintenance Operating System provides multiple access to 
centralized records of service, work lists, automatic test results, and 
management reports which are stored and administered by a com
puter. The Line Status Verifier automatically detects excessive foreign 
EMF, short circuits, grounds, and open circuits on loops. 

Network Trunks 

Trunk transmission maintenance is intended to keep trunks work
ing within objective parameters. When a failure is detected by facility 
surveillance, routine testing, or trouble reports, affected trunks are 
removed from service and maintenance personnel are notified. The 
trouble is then sectionalized to the near-end office, far-end office, or 
intermediate facility and the appropriate repair force is notified. 
Once the trouble is repaired, the trunks are retested to assure proper 
performance and are then restored to service. Similar tests are per
formed prior to placing trunks in service. 

Message network trunk maintenance has evolved from manual to 
mechanized methods as the network has been converted to dial opera
tion. Manual trunk maintenance methods were initially geared to 
clearing trouble reported by customers and operators ; however, as 
conversion to direct dialing progressed, detection of defective trunks 
became necessary. Initially, the necessary tests were performed 
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manually. The methods are changing to mechanized testing, switched 
(dialed) access, and continuous monitoring of transmission perfor
mance. These methods allow maintenance effort to be devoted to 
clearing troubles rather than to performing repetitive tests to detect 
defective trunks. 

Manual Testing. Outgoing trunk (OGT)  test bays, toll testboards 
(such as the 17B testboard) ,  and test positions ( such as the STTP 
used with No. 1 ESS offices) ,  have provided manual test access to 
message network trunks for many years. The OGT test jacks in local 
electromechanical switching offices are connected to the trunk circuits 
associated with the outgoing trunks so that transmission measuring 
sets and other equipment used for testing trunks may be connected 
to any outgoing trunk. In older toll offices, a toll testboard provides 
access to facilities for incoming and outgoing trunks as well as to the 
switchboard or switching equipment. Similar jacks at a separate 
voice-frequency patch bay permit patching trunks to alternative 
facilities during facility failures or for other reasons. Modern toll 
offices, such as No. 4 ESS and No. 4 crossbar, use switched access 
test positions. 

Before dial conversion of the local and toH portions of the message 
network, transmission testing required two per·sons, one at each 
end of a trunk. Although some tests still require two persons, most 
tests are now performed either automatically or by one person. When 
two people are required for a test, one transmits a signal and the 
other measures received amplitude, envelope delay distortion, or other 
characteristics. This method of testing is expensive, slow, and requires 
clerical effort to analyze the trouble. 

One-person testing became possible as dial conversion progressed 
and dial central offices were equipped with dial-up test lines which 
apply the proper test signal or other test condition at one end of a 
trunk. Their use reduces the number of people required to perform 
tests and the tests are performed more quickly because they are fully 
controlled by one person. Since the test results must be analyzed 
manually, analysis time is not reduced. Tests normally performed 
using dial-up test lines include measurement of loss, noise, and echo 
return loss and verification of proper supervisory signalling. 

Loss measurements are made on local trunks by dialing a 7 -digit 
number from the OGT test bay to the switching machine at the far 
end of the trunk for access to a test line designed to provide a 1-m W 
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signal at 1 kHz. When the test call is established, a transmission 
measuring set ( TMS) may be connected to the trunk under test by 
using a patch cord between the TMS and the OGT test jack. The 
signal amplitude in dBm indicated on the TMS may be used to de
termine the insertion loss of the trunk since the oscillator is calibrated 
to deliver 0 dBmO. Toll trunk loss is measured by dialing a 3-digit 
code to reach such a test line in a toll office. 

Return loss measurements, which are made during balance tests, 
and noise tests require that the far end of a trunk be terminated in 
the nominal office impedance. On local trunks, this is done by dialing 
another 7 -digit number from the OGT test bay to the distant office 
for access to a balance test line which connects the proper termination 
( called the balance termination) to the trunk. Balance test lines in toll 
offices are similarly accessed by dialing a 3-digit code. A return loss 
measuring set or noise measuring set is used at the opposite end of 
the trunk. Some test lines now provide a 1-mW, 1-kHz signal for 
about 5.5 seconds and then connect a balance termination which may 
be used to measure los.s, echo return loss, and noise. 

Trunk supervision features are tested by dial-up test lines which 
send alternating on-hook and off-hook supervisory signals. A locally 
assigned 7 -digit number is used to reach these test lines in local offices 
and a 3-digit code is used in toll offices. 

As previously mentioned, manual testing has a number of disad
vantages. High costs tend to extend routine testing intervals so that 
recognition of defective trunks is delayed ; thus, service is degraded 
for longer periods than if routine tests are made often. Furthermore, 
measurement data lags actual performance changes thus making 
analysis inconclusive. Even with timely data, manual analysis is ex
pensive. Manual routine tests are repetitive and some sectionalization 
tests require the coordinated efforts of ,several persons ; these factors 
lead to even higher costs. Thus, most trunk testing operations should 
be considered for mechanization. 

Mechanized Testing. Among the most important reasons for frequent, 
mechanized testing of network trunks is the identification and repair 
of so-called killer trunks. A killer trunk is one that is incapable of 
completing a connection or over which there is no transmission. When 
such a trunk exists, it is seized frequently and then released after 
only a short holding time. Having been frustrated by the failure on 
the first attempt, the dialer is likely to disconnect and then immedi-
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ately make further attempts during which the same trunk may be 
seized several times. Such a condition results in undesirable network 
traffic performance and in undesirable customer reaction to poor 
service. Mechanized trunk testing makes possible the early identifica
tion of a killer trunk and makes it possible to remove it from service 
until the trouble can be repaired. Without mechanized testing, the 
existence of such a trunk can only be recognized by multiple customer 
complaints or traffic observations of many calls with very short 
holding times. In either case, manual methods of identifying the trunk 
are time-consuming and expensive. 

Test systems which sequentially select trunks and perform trans
mission and signalling tests automatically have gradually been intro
duced into the message network. However, these systems require 
manual maintenance of records on punched cards or paper tape and 
may be considered as semi-automatic. Transmission maintenance 
automation has been extended to mechanized administration systems 
having centralized control and analysis features which may be 
described as fully automatic. 

Semi-Automatic Testing. The trunk test systems which sequentially 
connect to trunks and perform signalling tests have been augmented 
to perform transmission tests by using the test oscillator and trans
mission measuring capability of the director of an Automatic Trans
mission Measuring System (ATMS )  or similar equipment. These 
systems require input information on punched cards or paper tape 
such as that used for teletypewriter service. The information identifies 
the trunks to be tested and the expected measured loss and noise 
objectives for each trunk. It is prepared manually as trunks are added 
or rearranged ; although tests are made automatically, significant 
manual effort is required to update the input information. Results of 
these tests are printed by teletypewriter machines which also identify 
circuits which have deviations beyond aHowable limits ; thus, the out
put information is in a form which requires manual effort to assemble 
data for reports, records, and analyses. 

These test systems use the dial-up test lines previously mentioned. 
An additional type of test line sequentially measures the amplitude 
of the signal received from the ATMS director, transmits a 1-m W, 
1-kHz signal, transmits a 1-kHz signal having an amplitude equal to 
that measured in the first step, connects a balance termination, and 
transmits a reorder signal if the C-message weighted noise exceeds 
a prescribed value. 
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Another type of test line and an associated A TMS responder per
form the same two-way tests according to commands transmitted 
from the director by multifrequency signals. The results are trans
mitted to the director by means of a frequency shift keyed, pulse 
duration modulated signal. 

Mechanized Testing Systems. Fully mechanized systems which pro
vide centralized control and administration have been developed. The 
number of routine tests on message network trunks increases about 
15 percent each year as a result of growth and the increasing use of 
carrier and VF repeatered facilities. Trunks routed over such facili
ties require more frequent tests than nonrepeatered trunks. This 
increase in testing load and the increasing cost of labor are leading 
to a conversion from manual to mechanized testing which is analogous 
to the conversion from manual to dial operation of the message 
network. 

The Centralized Automatic Reporting on Trunks (CAROT) System 
is a major example of a mechanized trunk maintenance system [7] . 
It performs end-to-end routine transmission and operational tests on 
message network trunks from a central location. The system consists 
of a centralized controller, remote office test lines (ROTL) and ATMS 
responders associated with test lines. The controller simultaneously 
accesses up to 14 ROTLs via switched message network connections ; 
a connection is established from each ROTL through the trunk under 
test to a test line associated with an ATMS responder at the opposite 
end of the trunk. Insertion loss and noise measurements are made 
and the results are transmitted back to the controller for analysis 
and reports. With the presently recommended intervals for routine 
trunk tests, each controller can test about 100,000 trunks. Other 
features available in the CAROT System include administrative 
support for circuit order operations and the performance of trans
mission tests at 404, 1004, and 2804 Hz. 

The CAROT controller provides central storage and maintenance 
of trunk data such as trunk identification codes, EMLs, and AMLs. 
It also schedules trunk tests at test intervals specified in the data 
base. In addition to reporting trouble indications to the administrative 
control offices by teletypewriter, the controller compiles information 
for management use ; this includes the data required for the trunk 
transmission maintenance index. 
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Selection Factors. Mechanized systems can reduce costs and solve 
many of the problems associated with manual systems. In order to 
choose between mechanized and manual maintenance systems, the 
costs for each must be determined. Labor costs, typically the largest 
component of manual system costs, are the most difficult to measure ; 
therefore, time and motion studies may be necessary. In addition, it 
is necessary to determine the ability of a maintenance system to 
improve circuit availability so that fewer circuits are needed. 

In addition to cost, selection of a maintenance system requires con
sideration of several other factors. There are significant differences 
between the various types of electromechanical and processor
controlled switching machines which may complicate the design of a 
multioffice system. Different types of test access are achievable with 
different facilities. The economics of office size, facility cross-section, 
and geographic dispersion of both offices and facilities all have direct 
bearing on the applicability of centralized approaches to trunk trans
mission maintenance because large numbers of trunks are required 
to support the costs of mechanization. Consideration must also be 
given to the fact that the environment for transmission maintenance 
is constantly changing. New transmission and switching systems and 
additional features for existing systems are continually being de
veloped. 

Special Services 

In many respects, the maintenance techniques employed for special 
services circuits are different from those employed for switched 
message network circuits. Special services circuits may be switched or 
nonswitched and circuit lengths may vary from local intraoffice cir
cuits to intercontinental long-haul circuits. Signal formats vary from 
very infrequent changes in direct current flow, such as that found on 
some alarm circuits, through the more complex signals of voice and 
data channels to video signals. Special station equipment, such as 
data sets, PBXs, key telephone sets, and loudspe�kers may be required. 
Some data circuits require special transmission conditioning. The 
maintenance of such a wide variety of service's also complicates 
personnel training. 

Other factors which complicate the task of furnishing special 
services may be found by examining the basic differences in the 
makeup of switched message network and special services circuits. 
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In the evolution of the message network, performance requirements 
have been defined in relation to a hierarchy of switching offices and 
transmission circuits. The only components of the network an indi
vidual customer is permanently dependent upon are the telephone set 
and the loop. Failure of any other network element is not likely to 
affect an individual customer because of alternate routing and the 
multiple paths of the message network. On the other hand, the struc
ture of most special services does not allow for exploiting these char
acteristics of the message network. For example, a foreign exchange 
(FX)  line may traverse loop, toll connecting, and intertoll facilities 
before being connected to the switched network at an end office. 
Special gain and signalling range extension equipment may be re
quired to provide adequate transmission and signalling performance. 
The service may have also traversed a number of different adminis
trative areas and even different operating telephone companies such 
that ambiguities may arise in accountability and responsibility for 
end-to-end service. 

In order to illustrate how the maintenance task is presently handled, 
it is convenient to divide the special services ·environment into two 
categories, local and toll plant. The local plant environment is 
dominated by the metallic facilities of the loop plant and by metallic 
and digital carrier facilities of the interoffice plant. Special services 
circuits utilize a variety of arrangements of VF gain devices, signal
ling range extenders, and converters not used in the message network. 
Maintenance responsibilities for a local special services circuit are 
typically assigned to a repair service bureau (RSB ) at one end of the 
circuit. Sinee most RSBs have S·pecial services responsibilities, it is 
difficult to centralize these responsibilities. In the toll p·lant environ
ment, the circuits are likely to be made up of standard analog carrier 
and/or microwave radio facilities routed through the serving test 
center (STC ) . This permits a fairly unified approach. Increased 
mechanization of special services maintenance is being introduced 
by a concept that combines modern maintenance and administrative 
systems in a Special Service Center (SSC ) . 

Manual Testing. In the local plant environment, test access to special 
services circuits, such as FX lines, is often limited to an RSB local 
test desk at the switched end of the circuit. Access to all other loca
tions on FX 'lines and on an locations of other special services is 
usually limited to main distributing frame connecting devices, called 
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shoes, which must be manually applied. In some cases, access may 
be gained at VF patch bay jacks, carrier facility jacks, repeater 
equipment jacks, or special services testboards. The special services 
testing capabHity in the RSB is usually limited to de tests although 
a few appliques for transmission testing and four-wire capability 
have been developed in local areas. 

Administration and recordkeeping for local special services main
tenance is normally performed in conjunction with and in the same 
format as for the message network. However, special services testing 
is usually a secondary consideration since the primary responsibility 
is for message network lines ; the customer trouble report and analysis 
plan (CTRAP) does not adequately reflect the problems of special 
services. 

The toll environment provides a relatively well-organized and struc
tured arrangement for special services maintenance operations. Up to 
several thousand special services circuits may be routed through a 
typical STC which has a private line testboard with jack access and 
appropriate transmission and signaHing test equipment. In some 
locations, a Switched Maintenance Access System (SMAS )  provides 
switched access and requires less space than jack boards. One version 
of this system provides local switched access to carrier facilities 
carrying both message network trunks and special services circuits 
in large offices. 

Data test centers provide manual testing for DATA-PHONE data 
sets from centralized locations and are not directly associated with 
RSBs and STGs. 

Mechanized Testing. The introduction of mechanized testing systems 
is gradually eliminating the distinction between RSB and STC func
tions. These systems include the Switched Access and Remote Test 
System (SARTS) ,  the Circuit Maintenance System (CMS-3A) , and 
the Automatic Data Test System (ADTS) [8, 9, 10, 11] . 

The SARTS provides one-person remote testing with switched ac
cess and consists of far-end (point of access) equipment and near-end 
(test position) equipment. The far-end equipment is unmanned and 
collocated with the terminals of the circuits being tested. This equip
ment includes a SMAS which can access up to eight circuits at one 
time and extend them to local j acks for in-office testing or to a remote 

TCI Library: www.telephonecollectors.info



C hap.  20 Maintena nce a nd Reliabi lity 567 

test system for remote testing. The near-end equipment includes a 
test position which consists of a cathode-ray-tube-equipped keyboard 
display terminal and a communications console (a DATASPEED® 
40 terminal) .  The near-end equipment also includes computer
controlled logic required to operate SARTS. The test position and 
computer combination provides the means for accessing and testing 
circuits in far-end offices and for displaying test results ; thus, 
sectionalizing tests can be performed from one position. 

The eMS is a computerized system which provides mechanized 
records and administrative support within a geographic region ; it 
includes a keyboard display terminal. This system can be functionally 
integrated with SARTS and is expected to have functional interfaces 
with complementary maintenance and test systems for facility, station 
equipment, and loop maintenance. 

Mechanization of most testing operations required to install and 
maintain standard data sets and terminals is provided by the ADTS, 
a computer-controlled system 'located in central offices. This system 
mechanizes many of the functions performed by data test centers in
cluding routine, preplanned, and programmable tasks but data test 
centers are required in order to perform some tests. The ADTS is 
designed to interface with SARTS, eMS-3A, SMAS, and private line 
testboards. Use of these mechanized systems leads to better service 
and lower costs by consolidating testing expertise and by reducing 
the number of personnel, multiperson tests, and erroneous sectional
ization tests. Out-of-service time is a'lso reduced, more accurate and 
lower cost record keeping is provided, and circuit misroutes to provide 
test access are eliminated. 

The introduction of SARTS and GMS-3A led to the introduction of 
a new and more effective special services control, administrative, and 
operations concept. This concept involves the assignment of responsi
bility for both local and toll services to an SSC [12] . From its central 
location, an sse controls installation, remote test and maintenance, 
and record and results administration. It also serves as the primary 
point of customer contact on repairs. Where appropriate, the respons
ibility and authority to control all of the services making up a partic
ular special service network may be assigned to one sse ; working 
through eMS, the control center can coordinate the activities of other 
centers involved in that network. 
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20-4 RELIABILITY 

Maintenance facilities and methods are provided in a telecommuni
cations network to assure continuing reliability of service. System 
designs use many devices and components which must satisfy per
formance and reliability criteria and, in addition, include operating 
margins against overload and environmental changes. Some systems 
also include equipment and facilities that are operated as maintenance 
and protection facilities so that service can be transferred in the event 
of failure or during maintenance activities on the regular equipment. 
The transfer may be effected automatically by appropriate switching 
arrangements or manually by patching. 

To protect service against faBure of carrier and microwave radio 
systems, emergency restoration equipment and methods are provided 
and emergency repair equipment is kept in storage ready for use. 
Some systems on major routes are "hardened" to withstand natural or 
man-made catastrophe. Circuit routings are dispersed so that a failure 
in one route does not necessarily disrupt aU service to a community 
or to some important point in the communications network. 

Transmission systems are composed of three major categories of 
components, the transmission medium, line equipment, and terminal 
equipment. The first two are often considered together and referred 
to simply as the line. Terminal equipment includes gain adj usting, 
modulating, multiplexing, signalling, and interconnection components 
as well as common equipment such as carrier and pilot supplies, 
synchronizing signal generators, and power components. Service pro
tection on such systems is thus considered in terms of either line, 
terminal, or common equipment protection. 

Protection Faci l ities 

Except in rare cases, individual loops, trunks, and special services 
circuits are not provided with protection facilities ; the cost would be 
prohibitive. However, most transmission systems are protected. The 
provision of such facilities is based on the assumption that the larger 
the system capacity, the more need there is for protection since a 
greater number of circuits may be affected by a failure. 

Modes of Operation. Microwave radio and coaxial carrier systems 
provide the majority of long-haul transmission channels for the tele
communications network. For short-haul channels, microwave radio 
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systems, wire-pair cables, and cable carrier systems are used exten
sively ; some analog and digital coaxial systems are used in heavy 
cross-sections of metropoiitan networks. 

The long-haul microwave radio systems use automatic protection 
switching arrangements in which several radio channels are pro
tected by one or more standby channels [13] . Automatic switching to 
protection channels is required to maintain service in case of equip
ment failure and, most important, to maintain service during micro
wave radio fading intervals. The protection channels are also used 
to permit working channels to be taken out of service for maintenance. 
Rules governing the application of these protection arrangements 
have been issued by the Federal Communications Commission (FCC) 
to make efficient use of the radio spectrum. 

Where a route consists of three or more (up to eleven) 4-GHz 
channels or three or more ( up to seven) 6-G Hz channels, one protec
tion channel in the same frequency band is allowed. Where a com
bination of 4-GHz and 6-GHz systems is used, two protection chan
nels, located in either band, are permitted. In this arrangement, up 
to 18 working radio channels may be involved. Where a route has 
fewer than three 4-GHz or 6-GHz channels, the FCC does not allow 
a frequency diversity protection channel except in unusual circum
stances. Where frequency diversity protection cannot be used, relia
bility is provided by a combination of space diversity switching and 
the operation of repeater protection equipment called hot standby 
switching. In the space diversity arrangement, two receiving antennae 
are installed at different heights on each tower to create different 
transmission paths between repeaters ; a separate receiver is con
nected to each receiving antenna. When fading occurs, the stronger 
signal at the receiver outputs is switched to duplicate transmitters. 
A simple switch, located between the outputs of the transmitters and 
the transmitting antenna, is used to select the signal for transmission. 
The duplicate receivers and transmitters in combination with the 
switching arrangement provide protection against equipment failure. 

The long-haul analog coaxial transmission systems are also equipped 
with protection faci.Jities and automatic switching. The switching ar
rangements have been expanded and have become more complex as 
new transmission systems have been developed. Initially, the 11 
coaxial system operated with one protection line for each working 
coaxial. In the L5 coaxial system, one protection line is used to protect 
up to ten working lines in each direction of transmission. 
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The short analog microwave and analog and digital coaxial systems 
are somewhat similarly arranged and optional arrangements are 
provided for manual switching (patching) of L4 coaxial systems 
applied to extremely short routes. In N -type short-haul systems, pro
tection switching is generally not used. However, Tl-type systems 
are usually provided with one patchable maintenance system for up to 
24 working systems. A one-for-one switchable span line arrangement 
is available for Tl systems assigned to digital data system use. It can 
also be used for other Tl applications. In addition, automatic span 
line switching of Tl systems can be provided for up to 22 working 
systems by the use of outside supplier switching equipment. These 
arrangements are generally used to provide reliability of Tl outstate 
(Tl/OS) systems. The T2-type systems are equipped with span line 
switching which may automatically protect up to 23 working systems. 

Analog multiplex equipment that operates at mastergroup levels 
of the multiplex hierarchy is generally provided with automatic pro
tection switching facilities and with patching arrangements that 
permit flexible use of spare equipment for service protection and 
broadband restoration. Digital multiplex terminals that combine sig
nals of the DSl ( 1 .544 Mb/s) or higher rates are also provided with 
protection switching arrangements. 

Transmission Effects. The provision of protection facilities results in 
exceptionally high reliability for the systems involved, especially 
where automatic switching arrangements are used. However, in some 
cases, there are slight transmission penalties. 

When systems protected by automatic switching arrangements fail, 
the failure and the switch back to normal after repairs have been 
made generally cause momentary opens or momentary changes in the 
phase or net loss of the circuits involved. For example, if the insertion 
gains of the working and protection channels are not identical, there 
is a change in net loss or gain of the circuits that are switched. Such 
changes may or may not be compensated by regulator action. Restoral 
of the working channel to service usually causes the inverse of the 
initial gain change. These effects, called hits, are minimal except for 
possible increases in errors in data transmission. Similar effects are 
observed when circuits are patched. The design of hitless switching 
arrangements, while theoretically feasible, has proven to be imprac
tical and uneconomical. 
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Common Equipment. The operation of transmission systems is de
pendent on common use equipment that is shared by a number of 
transmission panels, bays, complete systems, or even by an entire 
office. Among these are power sources, carrier supplies, pilot supplies, 
and synchronizing equipment. 

Commercial sources of ac power are used in all offices as the pri
mary power supply for the telecommunications equipment. The cir
cuits are arranged so that the ac supply (converted to de) is used to 
maintain the office battery at full charge while simultaneously oper
ating the equipment. In the event of ac failure, the battery alone 
carries the load until ac service is restored or until the office emer
gency ac generators are switched into service. In addition to these 
em·ergency arrangements, power distribution and fusing are designed 
so that failure in one part of an office is limited to specific circuits or 
systems while other parts of the office continue to function normally. 

Nearly all carrier supply, pilot generating and synchronizing signal 
equipment is duplicated and the signal supply circuits are arranged 
so that the protection equipment is automatically switched into service 
when failure occurs. The local sources of synchronizing signals are 
controlled by a master synchronizing signal transmitted from a 
central point in the United States. If the master signal fails or if the 
distribution circuits are disrupted, the local sources continue to oper
ate in a free-running mode. Telecommunications services are main
tained but may deteriorate if synchronization is not quickly restored. 

Emergency Restoration 

Maj or failures on systems that serve large cross-sections of cir
cuits, such as those caused by the cutting of a coaxial cable or the 
destruction of a microwave radio tower, can produce massive service 
disruptions not only on the directly affected route but on many inter
connected and interrelated routes, primarily because of alternate 
traffic routing. In order to restore as much service as possible in the 
shortest time, procedures have been established to use the protection 
facilities of operating interconnecting systems for restoration 
purposes. 

Most restoration activities involve the toll portion of the network. 
However, where individual operating companies have appropriate 
facilities and needs, they are included. The network is divided into 
administrative areas for restoration purposes. Activities in each such 
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area are controlled by a restoration control center which receives all 
failure reports and directs all restoration procedures. 

Restoration procedures are carefully defined and prescribed in a 
series of standard books (dictionaries) maintained at every office 
where such procedures can be effected. The procedures are changed 
when facilities are added to or removed from service so that restora
tion plans properly reflect the field situation. Alternate restoration 
plans are also documented where possible so that if a plan cannot be 
implemented, alternate plans are available. 

Practice exercises in restoration are carried out regularly. The 
restoration plan to be practiced is actually set up from one end to the 
other except that the final transfer of service at the receiving end 
is not made. However, circuit continuity is checked and the amount 
of time taken to set up the restoration route is recorded. 

All documentation and implementation procedures for emergency 
broadband restoration are carried out manually. However, the auto
mation of the documentation of restoration plans is under study and 
may well become a reality in the future. A facility management center 
is also being considered which may become the center of such docu
mentation activities. 

Restoration procedures are made more complex by two sets of 
circumstances which are outgrowths of the natural evolution of tech
nology. The first of these is the problem of providing for emergency 
restoration of a new transmission system that represents a significant 
increase in channel capacity over previous systems. For example, it 
is conceivable that one, two, or three failed L4 coaxial line signals 
could be restored over the protection facilities of an L5 coaxial system. 
However, it is inconceivable that a failed L5 line signal could be 
restored over the protection facilities of a single L4 system. The L5 
spectrum would have to be broken up and restored in segments, if 
at all, over a number of other facilities. 

The second di'lemma must be faced when a new type of system 
with a transmission mode that is incompatible with that of existing 
systems is placed in service. This problem is of concern during the 
period when new digital transmission systems are being introduced. 
The restoration of T-type systems can only be accomplished over 
similar T-type systems or service must be restored from a point where 
the signals are in analog form. 

TCI Library: www.telephonecollectors.info



C hap. 20 Maintenance a nd Reliabi l ity 573 

Restoration procedures are being mechanized by the use of the 
Facilities Management Administration System (FAMAS) . This sys
tem is capable of utilizing data accumulated by SCOTS regarding 
channel status and facility availability in order to specify facility 
route selection for restoration. The many constraints present in the 
network are taken into account by the F AMAS program. 

In addition to the application of F AMAS, network management 
procedures are being used increasingly to reroute traffic when there 
are maj or facility failures. Thus, the maintenance of service is be
coming ·more closely controlled by and related to traffic network 
operations than by facility network operations. 

Procedu res. Emergency restoration procedures are provided for both 
complete and partial systems. A failed microwave radio system may 
be restored on the basis of individual mastergroups or as a complete 
system either at intermediate frequencies (IF)  or at baseband. When 
the system is restored entirely at IF by patching or switching around 
the failure point over sidelegs or crossing routes, the procedure is  
called IF reentry. 

To facilitate the implementation of restoration procedures, a res
toration patch bay is used as an interconnecting point. All master
group or line signal .spectra that may have to be restored and all 
spare terminal equipment and line facilities that can be used for 
restoration are connected to jacks on the patch bay. Special trunks 
are used to interconnect the patch bay with the appropriate line or 
terminal equipment. At the patch bay, common transmission level 
points are provided so that interconnection can be accomplished 
simply and expeditiously by the use of patch cords. 

Restoration usually results in shorter service outage time than re
pair procedures but it is always desirable to release the restoration 
facilities to the protection function as soon as possible. To accomplish 
this and to effect restoration as quickly as possible where protection 
facilities are not available for restoration, a wide variety of emer
gency repair facilities are maintained at many �locations. Among these 
facilities are portable towers and antennas for microwave radio sys
tems and simplified portable microwave repeaters. Similarly, lengths 
of cable, repeaters, and apparatus cases are maintained for temporary 
em·ergency repairs of coaxial and cable carrier systems. 

Many other types of spare equipment are maintained so that service 
can be restored quickly in the event of major failure or so that exist-
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ing facilities can be augmented to satisfy a temporary need or an 
emergency situation. Included are small trailer-mounted switching 
machines, power plants, emergency generators, and coin telephones 
and booths. Supply depots are maintained with stocks of equipment 
and cable so that repairs can be made promptly after the massive 
damage that sometimes results from wind, rain, sleet, or fire. 

Transm ission Effects. The procedures involved in restoration may, in 
some cases, cause slight transmission performance degradation. After 
emergency restoration, damage is repaired and the facilities are re
stored to their normal working condition. This action is usually ac
companied by a hit in the form of a momentary open or a change 
in circuit net gain or phase. Also, emergency repairs involve the 
temporary use of facHities that may not meet normal objectives. 
While the degradation due to these facilities is usually of a minor 
nature, there may be some det·erioration of signal-to-noise perfor
mance or in facility equalization. In some cases, the restoration plan 
routing may add significant length, possibly up to several thousand 
miles, to the restored circuits. When this occurs, there is a signal-to
noise penalty that cannot be avoided and other impairments, such as 
Ios.s, attenuation/frequency distortion, delay distortion, and echo, 
may also be increased. 

Network Management Considerations 

As the telecommunications network grows, it is designed for greater 
efficiency and carries a larger volume of traffic. Its vulnerability to 
overload and breakdown also increases. Since the dependance on 
communications extends into every phase of life, the control and 
management of the network assume increasing importance. 

Control and management are exercised through mechanisms de
signed for a number of different aspects of network operation. The 
restoration control centers, set up as a m·eans of administrating 
emergency restoration activities, are an example. Since restoration 
often involves a number of different areas and/ or operating com
panies, efforts to accomplish efficient restoral of service in the shortest 
possible time could not succeed without direction and coordination 
from these centers. 

Network traffic control is administered from designated points 
called network management centers. At these centers, switching 
machine traffic is continually monitored for possible overload condi-
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tions. Overload may occur as a result of anticipated events, such as 
holidays, or of unanticipated events, such as a maj or fire, storm, or 
earthquake. When these events cause switching machine overload, 
modes of operation are altered so that alternate routing is reduced 
or eliminated. Under overload conditions, attempts to find an alternate 
route through or around a blocked point compounds the overload by 
permitting added attempts that cannot be successfully completed. 
Other similar modifications of network operation can be controlled 
from the traffic management centers. For example, bulk traffic be
tween two cities may be rerouted via an office not normally used for 
connections between the two cities. 

REFERENCES 

1. American Telephone and Telegraph Company. Telecommunications Transmis
sion Engineering, Volume 1, Second Edition, ( Winston-Salem, N. C. : Western 
Electric Company, Inc., 1977 ) , pp. 533-653. 

2. Schenker, L. "Testing in the Loop Plant," Bell Laboratories Record, Vol. 50 
(Feb. 1972 ) ,  pp. 53-57. 

3. Bowker, M. W. "Testing Gable Pairs . . .  Fast," Bell Laboratories Record, 
Vol. 50 ( Mar. 1972 ) , pp. 87-92. 

4. Cuilwik, A. "Monitoring Remote Transmission Stations," Bell Laboratories 
Record, Vol. 54 ( M ay 1976 ) , pp. 120-126. 

5. S·anferrare, R. J. "E-Telemetry : Inside Story of Centralized Maintenance," 
Bell Laboratories Record, Vol. 52 (Dec. 1974 ) , pp. 345-350. 

6. Buus, R. G., D. L. Rechtenbaugh, R. B. Whipp. "T-Carrier Administration 
System Speeds Service Restoration," Bell Laboratories Record, Vol. 53 (May 
1975 ) ' pp. 217-225. 

7. Anderson, M. M., D. V. Helsing, and A. Mizrahi. "CAROT for Automatic 
Trunk Testing," Bell Laboratories Record, Vol. 50 (Feb. 1972 ) ,  pp. 322-329. 

8. Sennewald, P; F. et al. "Something Special," Bell Laboratories Record, Vol.  
54 (June 1976 ) , pp. 142-174. 

9. Giunta, J. A. "Linking People and Systems for Better Trunk Maintenance," 
Bell Laboratories Record, Vol. 54 ( May 1976 ) , pp. 127-133. 

10. Rice, L. P., D. C.  Rife, and G. A. Vincent. "Testing Data Sets Automatically," 
Bell Laboratories Record, Vol. 54 (July/Aug. 1976 ) , pp. 193-198. 

11. Dargue, F. B. "SMAS No. 3 for Fast and Accurate Toll Trunk Testing," Bell 
Laboratories Record, Vol. 51 (Jan. 1973 ) ,  pp. 19-24. 

12. Pennington, W. H. "A New Strategy for Operations," Bell Laboratories 
Record, Vol. 54 (June 1976 ) , pp. 144-148. 

13. American Telephone and Telegraph Company. Telecommunications Transmis
sion Engineering, Volume 2, First Edition, ( Winston-Salem, N. C. : Western 
Electric Company, Inc., 1977 ) , Chapter 15. 

TCI Library: www.telephonecollectors.info



Transmission Management 

Chapter 2 1  

Transmission Faci l ity Plann i ng 

The management and control of the transmission performance of 
the switched public network and of the many special services which 
share facilities with the switched network can only be achieved and 
maintained by careful and thorough planning. In the loop plant, trans
mission performance is controlled by the design and construction of 
outside plant facilities according to methods which have been de
veloped to achieve a balance between costs and an acceptable grade 
of service. Interoffice performance is controlled primarily by the de
sign of transmission systems. Switching systems and other equipment 
which act effectively as transmission interfaces b€tween various 
portions of the network all must be designed and operated to meet 
transmission objectives. The continuing growth of the network must 
be provided for by well-defined plans prepared several years in ad
vance of the date new facilities and equipment will be needed. 

When additional trunks or special services circuits are needed, they 
are usually installed on existing transmission facilities where spare 
capacity is available ; however, where spare capacity does not exist 
and can not be made available by rearrangements, new facilities must 
be constructed in the form of new cables or new carrier or microwave 
radio systems. It is difficult to separate trunk and special services 
circuit planning from facility planning. Furthermore, these trans
mission services often share the same facilities. These interrelated 
factors are discussed to show their impact on the planning processes. 

The facility planning process is carried out somewhat differently 
to meet metropolitan, outstate, and intercity or interstate needs. For 
example, average construction costs are usually used to evaluate 
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metropolitan facility costs but in outstate, intercity, or interstate 
construction (which usually covers longer distances and greater 
differences in terrain and environment) specific costs must be used. 
Another significant difference is that underground conduit is often 
used economically in metropolitan environments but is only occa
sionally found to be economical for outstate, intercity or interstate 
situations. 

Interoffice facility planning is usually carried out in an organized 
and structured manner by organizations dedicated to fulfilling this 
responsibility. Technical data on transmission, space, power, cost, and 
compatibility of various systems must be made available to these 
organizations. In addition, forecasts of needs for the period covered 
by a study must be collected from sources such as traffic, traffic 
engineering, commercial, sales, and marketing organizations. A com
plete knowledge of existing facilities is also necessary so that rea
sonable predictions can be made of how long these facilities can fill 
the needs and when spare facilities are expected to be exhausted. 
Thus, while planning studies are usually carried out in organizations 
not directly involved in transmission, information must be supplied by 
transmission engineering organizations to support planning activities. 

Geographical areas of study must be defined and planning models 
must be developed. Alternative means of furnishing adequate service 
over a specified time span must be selected for study. Consideration 
must also be given to interactions between the developing plans for 
the selected study area and thos·e of adjacent or overlapping areas 
of other companies. The results of the studies must be evaluated and 
documented for management approval and ultimate implementation. 

2 1 - 1  FAC ILITY PLANNING FU NCTIONS 

Facility planning can best be performed when it is viewed as a 
single, closely-integrated process. This process consists of five distinct 
but interrelated functions : economic and service planning, docu
mentation and coordination, exploratory studies, cost characteriza
tion, and data base maintenance. 

Economic and service planning is the central decision-making func
tion within the facility planning process. The facility plans developed 
by this function should include all planned facility and equipment 
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construction and rearrangement activities. These plans should be eco
nomically sound in the sense of including all network effects, long
range estimates of expenditures, and all relevant cost elements. They 
should also lead to a network design which can be put into practice 
with available funds and personnel, and which provides good service. 

The documentation and coordination function serves to summarize 
these plans in a form useful to other areas of responsibility within 
the company and to issue specific project requests to the various 
provisioning areas such as outside plant, central office equipment 
engineering, and the circuit provision bureau. This function also pro
vides assignment rules to the circuit provisioning bureau to guide 
them in the selection of economic facility designs for new circuits. 
The documentation and coordination function also monitors actual 
construction and assignment activities to determine whether the 
network is evolving in a manner consistent with the plan. 

The exploratory studies function does much of what traditionally 
has been called fundamental or long-range planning. The necessary 
economic studies, removed from the day-to-day decision making and 
budget preparation demands on the economic and service planning 
function, are provided by this function. Outputs of the exploratory 
studies function include technical planning guidelines (such as those 
covering the applicability of new types of transmission systems or 
the recommended retirement of older types of equipment) and long
range studies of alternative strategies for the evolution of the facility 
network. These guidelines and studies serve to assist those responsible 
for the economic and service planning function in developing plans ; 
the two functions must necessarily be coordinated very closely. 

Cost characterization develops and maintains unit cost estimates 
for the various types of facilities and equipment detailed in the plan
ning process. These unit costs should be based on detailed estimates 
of material prices, engineering, installation, and maintenance costs, 
and the costs of any related resources such as power, floor space, or 
manhole space. 

Data base maintenance involves the acceptance and summarization 
of available data on circuit demand forecasts and current facility, 
equipment, and circuit inventories. These data, which undergo fre
quent or continuous change, must be converted into a form most useful 
to the other facility planning functions. 
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2 1 -2 FAC ILITY NETWORK ENVIRONMENTS 

Planning studies must be constrained to specific areas large enough 
to be significant and should cover interrelationships with adjoining 
areas of the same or other companies. A major consideration in de
termining the boundaries of the area to be covered by a planning 
study is the nature of the area itself. Facility planning problems 
tend to be different in metropolitan, outstate, and intercity (or inter
state) environments. 

A metropolitan area may consist of one or more large business dis
tricts and associated suburbs. There tend to be many central offices 
located in close proximity with large numbers of relatively short 
trunks between them. As a result, the facility network interconnecting 
these offices is usually quite complex and the possibilities for routing 
a circuit between two points in the network are numerous. While these 
multiple routing possibilities afford a high degree of flexibility to the 
network, they also make the job of planning for network growth more 
difficult. On a long-term basis, there is usually only one optimum 
routing for any particular circuit group. For the short term, the 
growth pattern for all circuit groups, when considered in an existing 
facility network, often requires the selection of suboptimal circuit 
routings. Outside plant facilities in a metropolitan area are predomi
nantly underground (in conduit) and highly developed, perhaps even 
congested. The circuits carried in the underground cables are largely 
voice-frequency but digital carrier systems are increasingly used, 
especially for short-haul interoffice trunks. 

In contrast, an outstate area typically has j ust one wire center in 
a population cluster. The distance between wire centers, typically 
more than ten mHes, is greater than in metropolitan centers. Where 
the number of circuits in a metropolitan cross-section may be in the 
thousands, the number in an outstate cross-section is more likely to 
be in the tens or hundreds. The outstate facilities are most often cable 
carrier or microwave radio systems. Where cable is used, the facilities 
are usually buried without conduit or may be aerial. Diverse routing 
is less likely in outstate than in metropolitan areas but the interplay 
with other companies is likely to be much greater. 

The network of predominantly high-capacity transmission facilities 
that interconnect both metropolitan areas and smaller, outstate sub
networks with each other makes up the intercity environment. The 
facilities normally terminate in major toll centers or, in some cases, 
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large but isolated end offices. The routes tend to be long and comprise 
a large and rapidly-growing cross section. The possibilities for 
diverse routings in such networks tend to be greater than in the out
state networks but less than in major metropolitan areas. The inter
state network has most of these same characteristics, with even 
greater lengths, capacities, cross-sections, and circuit growth. • 

2 1 -3 INPUTS TO THE PLANN ING PROCESS 

Several different kinds of data are needed to support the planning 
of the interoffice facility network. Thes·e include ( 1 )  data on existing 
facilities, equipment, and circuits, (2)  forecasts ·of future circuit de
mands, and (3)  estimates of the costs for installing new facilities 
and equipment and for rearranging the existing network. 

Data on the Existing Network 

In order to provide continuity in the planning process, statistics on 
the availability and utilization of currently installed equipment and 
facilities as well as information developed in previous planning cycles 
must be maintained at all times. The data must be compressed to 
minimize the num1ber of classifications consistent with the informa
tion needs. Fortunately, planning does not require the amount of 
detail needed to design, install, and maintain individual circuits. 
Proper classification of data is important since it reduces the number 
of alternatives to be considered to a manageable number. For ex
ample, seven complements of 22H88 cable pairs, each with slightly 
different physical and electrical characteristics, could be considered 
for planning purposes as one group of 22H88 pairs. 

Facility Data. Up-to-dat·e r·ecords regarding facilities are required 
at all times for planning purposes. Administrative factors which may 
affect the use of facilities, such as dispersion or diversity or whether 
they are leased or owned, must also be recorded so that company 
policies are adequately implemented. The electrical and physical 
characteristics of various types of facilities must be recognized and 
properly accounted for in allotting circuits to the facilities. A complete 
inventory must be available with each facility identified ; those in
stalled and ready for service are called in-effect facilities. It is also 
necessary to have an up-to-date list of facilities which have been ap
proved for construction but are not yet available for use. Facility 
additions, identified and proposed but not yet approved, must also be 
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listed for continuing planning purposes. Finally, the number of units 
of a particular facility and their assignment status (working, spare, 
defective, etc. ) must be known. 

The facility group, the basic entity of classification in the planning 
process, is a collection of all the direct facilities of one type between 
two nodes (usually toll or local wire centers) in the network. In 
most cases, the facility group provides adequate detail for use in the 
planning process. However, in some instances, a facility group may 
cover too wide a range of characteristics. Differences in routing or 
mixed-gauge cable complements may cause physical and electrical 
characteristics to be spread over too wide a range. Dispersion or 
diversity may be considered to be a major factor in routing circuits ; 
physically separated facilities may therefore need to be identified. 
In these cases, it may be necessary to divide facility groups into 
subgroups ; however, the effect of subdivision on the complexity of 
the planning model must be considered. 

In order to evaluate different but coterminus facility groups, it i s  
desirable to combine several facility groups into an entity defined 
for planning purposes as a link, a collective term for direct facilities 
between two nodes regardless of type or routing. Figure 21-1 
illustrates facility grouping. 

Equipment Data. Much of the r,equjred equipment data is quite 
similar to that required for facilities. Since there are many more 
equipment types than facility types, it is necessary to reduce the 
equipment entities to a manageable number by combining types. The 
basic types which must be considered are voice-frequency and carrier 
transmission, signalling, and trunk relay equipment. 

Some types of equipment such as pad sockets, test jacks, and tie 
cable pairs can be safely ignored in trunk planning. Certain wired-in 
equipment and mountings which have long ordering intervals must 
be determined in considerable detail for each location. If plug-in units 
are included, the detail required need only be sufficient to develop 
material planning factors and to estimate budget requirements. 

Most equipment currently being manufactured is of the plug-in 
type and uses universal type mountings ; therefore, the number of 
entities of new equipment which must be considered in the model is 
manageable. However, some ,equipment no longer manufactured must 
also be considered in planning since much of it is currently in use 
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Office A Office C 
� � 

CA 2598: 1 -800 22H88 

CA 2598: 801 -900 22NLT1 

CA 3342: 1 -400 22H88 

CA 3342: 401-500 22NLT1 

CA 3342: 501-900 22H88 

CA 1 243: 1 -1 200 24H88 

PRS 1 01 - 1 1 5  D1A D1A 

Office 8 

PRS 1 16-1 22 D1A D1A 
j 

.____ 
Facility group 22H88 .____ 

Facility group 22NLT1 Link 

Facility group 24H88 Facility subgroup D1A-1 

Facili rou ty g p DlA Facility subgroup DlA-2 

Figure 2 1 - 1 .  Facil ity grouping. 

and spare units can sometimes be exploited in lieu of buying new 
equipment. Since this equipment is usually permanently wired, it 
tends to increase the number of types of equipment which must be 
considered in the planning process. 

Circuit Data.  Information on the ·existing assignments of circuits 
to facilities can be useful in the planning process in at least two ways. 
First, the existing assignments for circuits serving a similar function 
between any two points can serve as a starting-point for constructing 
a set of standard circuit group designs. Second, knowledge of the 
circuits which are currently using an exhausting facility can assist 
in the identification of those which are candidates for rearrangement 
as a way of deferring relief. 
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Forecasts of Circuit Demands 

In order to plan adequately for new facility construction, there are 
many circuit and trunk forecasts that must be combined. Circuit 
forecasts must include plant and traffic operations circuits, wideband 
data and video channels, voiceband and subvoiceband special services, 
and customer loops. 

For the message network, trunks may be grouped by type for each 
pair of end points since it is necessary to know how many intertoll , 
toll connecting, tandem, or direct trunks are needed during the time 
period under study. These trunk groups might also have to be sub
divided because there is a need for planning the various types of 
trunk equipment required since these may differ according to the 
types of switching equipment used. Special services circuits must also 
be grouped according to similarities in function or design. 

In order to evaluate fully the long-term economic impact of the 
alternatives being considered, circuit forecasts should cover a period 
of twenty years or more. Although the confidence in such a forecast 
is necessarily less in the later years, the forecast should reflect all 
major known or planned influences on circuit demand. For message 
network trunks, this would include not only anticipated growth in 
customer calling but also any planned changes in the configuration of 
the traffic network (i .e., routings and homings of traffic through the 
various switching machines) .  For special services, the forecast should 
reflect major industrial or commercial development and any planned 
changes in the tariff structures associated with special services. 

2 1 -4 ElEMENTS OF ECONOMIC AND SERVICE PlAN N I NG 

Facility planning for a study area requires detailed knowledge of 
the environment and of the conditions that may initiate a specific 
planning study. The many sources of data must be recognized and a 
thorough understanding of the potential performance and costs of the 
alternatives is also necessary. 

Planning is essentially a continuous process. At any given time, 
there should exist a view of the evolution of the facility network 
which is based on the best available information. Although the 
greatest single product of the planning process is the three-year con
struction program, the planner should also have an extended (prob
ably less detailed) view of the network in the fourth year and beyond. 
Such an extended view is not only useful within the planning process 
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but also allows long-range planning functions outside of facility plan
ning (such as personnel planning or capital financing) to anticipate 
the requirements of the facility network. 

Planning Studies 

While planning is essentially a continuous process, specific studies 
must sometimes be undertaken for guidance and direction. A specific 
study can be stimulated in many ways. The most familiar mechanism 
is the impending exhaustion of spares in the existing facilities. In 
this case, the study is sometimes referred to as exhaust-triggered. 
Other stimuli include the approval of new technical planning guide
lines or the adoption of new corporate policies. For example, a study 
might be initiated as a result of decisions to replace open-wire 
facilities for storm-proofing considerations. Addition of new wire 
centers or additional switching capability can also lead to trunk and 
facility planning studies. The exhaustion of facilities in adjacent 
areas or in interacting routes can also result in local planning activity. 

Budget estimates are prepared initially three years in advance of 
the year of need in order to help smooth such new construction into 
the planned program. In addition to program smoothing, the three
year advance budgeting is needed to accommodate the engineering, 
manufacture, installation, and testing intervals that precede the 
service date for new facilities. Specific planning studies sometimes 
lead to a recommendation for new construction which may represent 
a substantial part of the construction budget for a given year. With 
these considerations, it must be recognized that it becomes pro
gressively more difficult to incorporate a large new project into the 
budget as time progresses. 

Selection of Alternatives 

In specific planning studies, careful consideration must always be 
given to the various ways in which relief can be provided on a con
gested route or in an exhausted facility. The basic alternatives are 
reroutes and new construction. Each has subclasses of alternatives 
that must be taken into account and in some cases the two alternatives 
��� 

. 

Circuit rerouting is often an attractive means of providing addi
tional capacity especially when there is apparent spare capacity in 
the alternative route. Consider Figure 21-2 as a simplified illustration 

TCI Library: www.telephonecollectors.info



Chap. 2 1  Transmission Facil ity Planning 

50% filled; exhaust in 1 2  years 

60% filled; 
exhaust in 
1 0 years 

85% filled; exhaust in 4 years 

90% filled; 
exhaust in 
2 years. 

Conversion 
planned in 
2 years 

A �------------------------� 

exhaust in 
8 years 

40% filled; 
exhaust in 
12 years 

Figure 21 -2. Simplified planning area with alternative trunk routings. 
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of a problem of providing trunks in the route between offices A and B. 
At the time of study, the capacity is 85 percent utilized and the route 
facilities are expected to exhaust .in four years. Nearby, a major 
parallel route pass�ing through offices C and D has 50 percent spare 
capacity and is not expected to exhaust for at least 12 years. Other 
interconnecting routes are shown between A and C, B and D, B and 
E, and D and E. It appears that circuits between B and D can 
be rerouted (or rearranged) over the facilities between D and E and 
then between E and B (back-hauling) to free some of the capacity 
in the route between B and D for additional circuits between A and 
B. These may now be provided over the facilities between A and C, 
C and D, and D and B. New construction on the route between A 
and B might :thus be deferred for several years. 

The same figure may be used to illustrate another alternative, that 
of bypass construction. Several years earlier than the figure repre
s-ents, the facilities between D and E had not been installed. In 
anticipation of the need for these direct facilities and in anticipation 
of the exhaustion of the route between A and B, the facilities between 
D and E may have been installed, intentionally bypassing B where 
growth rates were lower because of stabilization of the population 
near B. 

The second major alternative is new construction, one form of 
which is illustrated by the planned conversion of facilities between 
B and D in Figure 21-2. An example of this option is the conversion 
of N2-type systems to N3-type systems, a conversion (assuming the 
prior existence of N2-type systems in :that route) that would double 
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the number of trunks availa.ble between B and D. Another form of 
new construction is that of overbuilding, i.e., the addition of a micro
wave radio system to outside plant facilitie·s on an existing route. 
This is possible where the new system operates in a frequency band 
different from that of the original. A completely new installation is 
another poss·ibility that must be examined. Such construction might 
involve the installation of additional voice-frequency cable facilities, 
cable carrier systems, or microwave radio systems. 

Many factors must be considered before a final choice is made from 
the available alternatives. These factors include the possible deleteri
ous effects of rerouting and rearranging circuits (e.g., longer circuits 
and costly wiring changes) ,  the magnitude of circuit needs, and the 
capacity of the .systems being considered. Also, the interactions with 
other study areas, the relationships between proposed solutions, the 
capacity and design of existing buildings, and environmental factors 
that may favor microwave systems or cable systems must not be 
ignored. A well-organized planning study usually includes the evalu
ation of three to six alternative solutions of a given problem. The 
alternative plans should all possess a degree of flexibility that allows 
for upward or downward changes in forecasts. 

2 1 -5 TH E PLANNING MODEL 

The network is simulated by one or more mathematical models, 
called planning models, on which circuit demand may be overlaid and 
evaluated for its effect on the network. By manipulating various 
parameters of the model, different circuit routing arrangements may 
be tried. After several iterations, the arrangement which results in 
the most economical use of the network may be selected. 

Different planning models may be used to satisfy the requirements 
of different network environments or different phases of the planning 
process. A model oriented toward intercity network planning does 
not satisfy the needs of a metropolitan area study. Similarly, a model · 
oriented toward the development of an economical facility layout may 
not help in developing a detailed office-by-office equipment plan. The 
following discussion is based on a generic planning model to illustrate 
the important features of such a planning model. 

In order to evaluate the network properly and to identify those 
areas requiring relief, there are certain criteria which must be applied 
in developing and using the planning model. The various factors in
volved (facilities, equipment, circuits, and circuit demand) must be 
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grouped to minimize :the number of var.iables. The model must include 
existing circuits as well as growth circuits since planning is concerned 
with attaining optimum utilization of the network, not j ust providing 
for growth. Information must be continuously provided from the 
operating environment to ensure that the model faithfully represents 
the network being studied. Changes 1n the operating environment 
and/ or forecasts must be evaluated promptly so that the model can 
be updated and relief plans modified accordingly. The model must 
also cover an area large enough to include all pertinent facilities and 
to include overlap and interaction with contiguous areas of other 
companies. 

Five basic functions must be identified and documented in the 
development of any planning model. 

( 1 )  Circuit group routing involves the identification of combina
tions of existing and proposed facilities between various loca
tions in the network. 

(2) Circuit group design requires the development of configura
tions of facilities and equipment to provide workable circuits 
using various circuits routings. 

(3)  Design allocation dnvolves the allocation of circuit demand to 
various circuit group designs when more than one design is 
applicable to the same group of circuits. 

( 4) Facility routing is the development of layouts that show the 
various groups of facilities and their geographical routes and 
locations. 

( 5 )  Equipment planning is the summarization of equipment re
quirements, by location, and the determination of how existing 
and new equipment are to be used to satisfy the needs. 

Based on existing and proposed facilities, feasible circuit group 
routings are developed in the planning model between all pairs of 
locations for which circuit demands exist. Subject to various design 
and economic constraints, circuit group designs are produced for one 
or more routings. Where more than one circuit group design exists, 
allocations to each design are developed on the basis of economic 
considerations (possibly reflecting the conclusions of prior studies 
that may have used other planning models) and existing circuit 
arrangements. Circuit demands are allocated to various designs and 
then requirements for equipment and facilities are summarized. For 

TCI Library: www.telephonecollectors.info



588 Tra nsmission Management Vol .  3 

voice-frequency facilities, circuits which are routed through common 
links are summarized on the basis of facility routings. After evalu
ating the results obtained with a particular version of the planning 
model, the allocations or other parameters of the planning model may 
be modified for improvement. 

The model should be updated as circuit groups and facility groups 
are added or eliminated ; however, no major revisions should be re
quired since the network tends to remain relatively stable. A properly 
designed and maintained model should minimize the amount of effort 
required to produce timely and economical relief plans. At the be
ginning of each new planning year, it is necessary to advance various 
parameters of the planning model by one year. 

Circuit Group Routing 

Depending on the grade of facility required, there may be several 
sets of circuit routings between any pair of locations. Voice-grade 
circuit routings are the most common but additional routings may 
also be required to provide for narrowband (telegraph grade) circuits 
and wideband circuits such as those used for program services. Pre
ferred routings must also be developed for analog and digital carrier 
systems. 

Circuit group routing involves the identification of all feasible com
binations of tandem-connected facility groups which allow transmis
sion paths to be established between two nodes in the network. In 
practice, the numerous possible combinations of facilities that may 
physically exist are reduced by various electrical and administrative 
constraints. While many of the circuit routings which are thus 
identified may not appear to be economical, they are 'listed as possible 
alternatives. The result of such a process of identification and 
elimination is illustrated in Figure 21-3. 

In selecting alternative arrangements, an excessive number of 
cross-connections is not desirable from an assignment and plant work
force standpoint. Therefore, a maximum number of tandem facilities 
is established and all facility routes exceeding the maximum are ex
cluded. The resistance l·imits of commonly used signalling arrange
ments are established for all circuit routings using voice-frequency 
facilities. For most voice-frequency circuits, there is a maximum 
amount of transmission loss beyond which practicable arrangements 
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Figure 21 -3. Alternative circuit routings between offices A and C. 
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of gain devices are not available and/ or where temperature regula
tion is impractical. Therefore, a maximum value of transmission loss 
is established and all voice-frequency facility routings which exceed 
this value are rejected. For economic and transmission reasons, it is 
not desirable to interconnect too many carrier channels (back-to-hack 
operation) .  Thus, a limit on the number of tandem-operated carrier 
facilities in a circuit route may be applied. 

Other constraints result from the nature of the route under study. 
For example, there are some facilities which, because of their small 
capacity relative to the growth rate of the circuit demand, would not 
be logical candidates for a circuit route. Therefore, a ratio of cross
section size to growth rate is established to exclude some circuit routes 
unless an indication of willingness to augment the small cross-section 
has been provided. Route length may also involve the application of 
constraints. In most instances, the shortest route between two points 
would be the most economical. The economic effect of large differences 
in route length are not as pronounced for carrier facilities in a 
metropolitan area since the maj or portion of carrier costs are in 
terminal equipment and are relatively independent of route length. 

Circuit Group Design 

Equipment and facilities which may be required by a particular 
circuit group are identified in the planning model as a circuit group 
design. The designs are produced for layouts which are being con
sidered for growth and for those already installed and operating. The 
inclusion of the latter in the planning model allows all currently 
working equipment and facilities to be identified. 

Economic analysis usually �leads to the exclusion of all but one 
basic configuration for a particular circuit routing. However, because 
of differences in equipment vintage and location, it may be necessary 
to include several designs for the same basic configuration. Some 
designs may be eliminated because of administrative constraints such 
as prohibition of the use of a given type of equipment in a building 
where floor space is limited. 

Design Al location 

A number of different designs of a specific circuit group must some
times be included in the planning model. Changes in cost factors may 
cause a newer design to become more attractive than an older design, 
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or a design might be favorably considered for reasons of inventory 
utilization. The optimum design for a circuit group may be one that 
utilizes existing facilities and/ or equipment with excess capacity. 
Service and/ or customer requirements for separate routings to 
achieve service protection may dictate the use of different designs. 
Local channel characteristics and circuit operation may require dif
ferent configurations of facilities and equipment to satisfy special 
services circuit needs. 

It would not be economical to discontinue many in-service older 
designs and to rearrange the circuits they represent to newer layouts. 
Therefore, older designs are retained in the planning model and newer 
designs are provided for growth. Also, multiple designs may exist in 
the planning model because of dispersion or diversity and for various 
special service groupings. 

In the planning model, circuit demand cannot be applied equally 
to all designs in a circuit group. Therefore, the circuits which com
prise the group must be distributed among the designs in accordance 
with allocations established for each design. In order to minimize the 
effect of forecast changes and thereby allow allocations to be carried 
from one planning cycle to another, allocations should be expressed 
in percentages wherever possible. Three basic types of allocations 
are encountered. 

( 1 )  Current distribution : the number of in-effect circuits which 
use each design is obtained from circuit 'layout and assignment 
records. These data establish a base from which changes in 
circuit group demand may be evaluated. 

(2)  Growth : the allocation of new circuits is usually made to those 
designs for which equipment and facHities are available or 
can be augmented. Normally, the most economical designs are 
designated for growth ; however, multiple designs may be al
located on a percentage basis because of dispersion, diversity, 
or because of differences in special .services circuits. 

(3)  Rearrangements : decreasing or discontinuing an allocation to 
one design with a corresponding increase in the allocation to 
one or more other designs is sometimes necessary in order 
to satisfy the need for circuit rearrangements. 

There are a number of factors which must be considered indivi
dually or in combination when allocating a portion of the circuits in 
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a group to a specific design. One such factor is the determination of 
the design for a particular circuit group that has the lowest average 
allocated (per-circuit) cost. If no other factors are present or if other 
factors are of minor significance, all circuits would be allocated to the 
design with the lowest allocated cost. Although a design based on 
allocated cost may appear to be more economical than the existing 
design, savings can only be realized if the change of an existing design 
results in either the deferral of expenditures for facilities and equip
ment or annual charge savings or both. Excess capacity may exist at 
various points in the network due to recovery from network rear
rangements or the incremental size of some facility and equipment 
additions. Therefore, the use of designs which exploit this capacity 
may be more economical than the use of a minimum-allocated cost 
design requiring new construction. For special services circuits, dif
ferences in local channels and circuit operations may not be defined 
in the circuit forecast and it may be necessary to allocate growth 
on the basi.s of current distribution. Design allocation may also result 
in a reduction or discontinuance of a substandard design in order to 
improve service or implement a new service. 

In addition to these factors which affect design allocations, pro
vision must be made for contingencies. Relief plans developed by 
earlier iterations of the planning model are generally based on al
locations to the theoretically most economical relief plan. However, 
coordination with implementation functions may reveal factors which 
may not allow relief to be provided as planned. Manpower or manu
facturing and installation limitations may not allow relief to be added 
by the time required. Conduit reinforcements or building additions 
may have to be advanced at an excessive economic penalty, although 
such factors should be anticipated in preparing the plan and included 
in the planning model. Therefore, design allocation may have to be 
altered to allow realistic relief plans to be developed. 

Facil ity Routing 

In planning for the installation of new cables (cable relief) , it is 
necessary to summarize requirements for all facility groups which 
pass through a particular network link. This requires a correlation, 
known as facility routing, between each facility group and the links 
through which it passes. 

For all such cable facility groups, a single facility routing is as
sumed. Therefore, a facility routing would indicate the route along 
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which relief is to be provided rather than where the cables are actually 
to be located. Facility routings should be developed to satisfy simul
taneously the needs of interoffice facility and outside plant planning. 

Equipment Planning 

Once the preferred design allocations have been made for each 
circuit group in the network, the equipment requirements can be 
summarized for each location. At this point, these requirements are 
normally given in functional terms, such as a two-wire gain device or 
a digital carrier channel unit. Once these functional requirements are 
known, comparisons can be made with existing equipment inventories 
in the particular location and decisions can be made as to the appro
priate "source" for each requirement (existing spare, reuse, or new) . 
In addition to the inventory data, other inputs to equipment planning 
include technical planning statements on the economics of new equip
ment types, retirement guidelines, and the availability of floor space 
and power plant capacity in the office. In addition, provision must be 
made for the requirements of intra-office special services (such as 
PBX trunks) in the total equipment planning j ob. 

2 1 -6 EVALUATION OF SPEC I FIC STUDIES 

The specific studies that are undertaken as parts of the planning 
processes must be evaluated on the basis of various data that are 
collected and applied to the planning model. The compiled data must 
be organized and summarized in specific ways in order to permit 
network evaluation and to develop plans for orderly growth of the 
network. 

Data Summaries 

Planning data are summarized in several significant categories. The 
most important and useful of these are known as facility, equipment, 
circuit, management, and special summaries. 

Facility summaries are compiled for a �study area to show statisti
cally how proposed and planned facilities are related to existing 
facilities. The information may be summarized by facility group, 
link, or node, as required for the planning process. Basically, most 
facility summaries show how completely the circuit capacity is being 
used at strategic points in the network. 
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The primary purpose of equipment summaries is to identify require
ments by location for wired-in and plug-in equipment and mountings 
for an entire area. Important components of such equipment sum
maries are the various categories of carrier system equipment. 

Circuit summaries provide such information as point-to-point cir
cuit demand which cannot be obtained from facility or equipment 
summaries. These include special services circuit estimates as well as 
estimates or forecasts of network trunk needs [1] . 

Management summaries provide measurements of the effectiveness 
of the planning process. Included in these summaries are utilization 
statistics, circuit rearrangement rates, and inventory control. 

Special summaries are listings of information not required for the 
day-to-day p·lanning process. Fpr example, if there has been a change 
from fifteen to twelve miles in the point at which carrier system 
trunks are equal in cost to voice-frequency trunks, a listing of all 
circuit groups between twelve and fifteen miles long may be 
summarized for study. 

Use of the Planning Model 

The planning model is developed on a circuit-group-by-circuit-group 
basis. When equipment and facility requirements are summarized for 
all circuit groups, factors begin to appear which were not evident as 
the circuit group information was assembled. Careful evaluation of 
the plan may lead to modification. 

When it has been determined that the planning model is reasonably 
accurate, relief of equipment and facilities which are becoming ex
hausted may be planned. Relief plans should utilize existing plant to 
best advantage and permit an economical program of plant additions 
and rearrangements. As a result of the process of evaluating a specific 
study, design allocations may have to be modified to reflect the de
velopment of a viable construction program. 

Rearrangements. Before attempting to identify locations where con
struction is required, the possiMiity of rearrangements should be 
considered. Rearrangements involve the transfer of circuits to other 
locations in the network where spare capacity exists or .is to be con
structed. Judiciously planned rearrangements can enable the devel
opment of an orderJy and economical ·construction program while 
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allowing the network to evolve toward the configuration envisaged 
in the fundamental planning processes. 

Exhausted plant may contain circuits which are misrouted and 
these circuits might now be more properly assigned to their funda
mental routes or to other equipment or facilities. Circuits are classi
fied as misrouted because ( 1 )  the current assignment is in accordance 
with a preferred design that has been superseded by a newer design 
using different equipment and facilities, (2)  the current assignment 
is a temporary routing being used until new plant is constructed in 
accordance with the most economical plan, or (3)  the current assign
ment is a temporary routing being used to defer construction in some 
other part of the network. Misroutes may also include circuits which 
use a different type of equipment or facility than that specified i n  
the preferred design. 

It is not usually desirable to transfer circuits which are economi
cally assigned to the exhausted plant to some other part of the net
work. The creation of such misroutes usually requires subsequent 
rearrangement to return the circuits to the preferred layout. However, 
conditions may prevent new construction projects from being com
pleted by the expected exhaust date. In such cases, the creation of 
misroutes is unavoidable. If this condition is recognized well in ad
vance and spare capacity is available elsewhere, it would be preferable 
to misroute new circuits in advance of the exhaust date. 

While rearrangements do offer alternatives to the construction of 
new plant and often enable more efficient utilization of the network, 
they are not always an acceptable solution. For example, the cost of 
rearrangements may offset any savings realized by deferring relief 
or using more economical equipment and facilities. Rearrangements 
often require more effort than the installation of new circuits. Also, 
several rearrangements may be required in sequence to provide relief. 
Complex rearrangements should be avoided because of the coordina
tion problems created. Finally, rearrangements tend to advance the 
exhaust date of the plant to which the circuits are being transferred. 
The cost of advancing the re1ief of this plant may offset the savings 
of deferring augmentation of the exhausted plant. 

Augmentations. After all possibilities for deferring relief by rear
rangements have been evaluated, additions to equipment or facilities 
must be studied. The solution may come in the form of new construc
tion, conversion to systems of greater capacity, or additions to existing 
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microwave radio routes (overbuilding) .  The planning of rearrange
ments, the planning of augmentations, and the allocation of circuit 
demand to various designs are interactive processes. 

It is important, and sometimes rather difficult, to identify portions 
of the network in which new construction, conversion, or overbuild
ing should not be undertaken since average costs may not be ap
plicable. Actual field conditions, such as conduit or building conges
tion may affect the econom,ic timing of ·an augmentation and resource 
constraints, such as available funds, manpower, or material, may limit 
the scope of what can be accomplished during a _given time period. 

It may not be economical to construct new cable facilities when 
the rate of growth can justify only a small addition. Consideration 
should then be given to consolidating wire gauge, loading, and route 
requirements into a single larger addition which may offset the cost 
of using higher-grade facilit-ies or longer routes for some circuit 
groups. Furthermore, one large group of facilities allows more 
efficient utilization and flexibility than several small groups. 

Where economically feasible, direct cable facilities should be pro
vided between nonadjacent as well as adjacent nodes. When this is 
not feasible and facilities must be routed via an intermediate node, 
consideration should be given to splicing through a number of pairs 
as direct complements thereby eliminating the need for cross
connections at the intermediate location. Since direct complements re
duce flexibility, they should be designed to operate at high fill with ad
ditional capacity provided by cross-connecting at intermediate nodes. 
A rapid growth rate or rearrangements of circuits into the direct 
complement are factors that contribute to a high and efficient fill. 

While voice-frequency cable circuits tend to be somewhat more 
economical than carrier circuits over short distances, carrier circuits 
do have certain economic advantages [2] . For example, carrier sys
tems can be installed in smaller increments than most cable, thereby 
reducing first costs. Carrier equipment can also be reused for other 
carrier systems. Therefore, carrier may be economically attractive as 
temporary plant to defer cable construction on short routes in the 
following situations : 

( 1 )  When a major conduit reinforcement program must accompany 
the cable construction 
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(2)  When uncertain demand does not allow the proper cable size to 
be determined 

(3)  When an anticipated reduction in circuit demand (negative 
growth) may be expected to relieve the cable in the near future 

(4) When resource constraints limit the amount of cable which 
can be placed during a construction program year. 

Information must be obtained from many sources to determine the 
economical size of an augmentation. For example, the economical size 
of a trunk cable addition must be related to outside plant planning 
since loop cables, which contend for the same resources and struc
tures, affect trunk cable additions. Thus, the planning model must 
include outside plant and other programs related to circuit, equipment, 
and facility growth. 

In addition to augmentation, the need for removal or retirement 
of excess or obsolete plant must be considered. Plant which is not 
being used is an economic liability because it extends the average 
service life of plant investment. It also consumes valuable structures, 
floor space, power, and air conditioning capacity and continues to 
incur expenses for maintenance, ad valorem taxes, etc. Since it may 
be reusable at other locations, the need to purchase new plant may 
be eliminated. Therefore, idle plant must be identified and action to 
have it removed must be implemented as parts of the planning process. 

2 1 -7 DOCUMENTATION AND COORDI NATION 

When planning has been concluded, effective step.s must be taken 
to implement the plan. Implementation requires that planning results 
be documented for use by the various organizations involved in the 
implementation processes. Furthermore, the expenditure of large 
sums of money are involved and appropriate approvals are required. 

Documentation of the facility plan falls into three categories :  
( 1 )  construction project documentation, (2) instructions for circuit 
layout and assignment, and (3)  coordination information. The ap
propriate data must be extracted from the various studies and ar
ranged in a meaningful and useful format. 
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Construction Proiect Documentation 

The ultimate purpose of the current planning process is to deter
mine how, when, and where additions to the network are to be made 
by conversion, overbuilding, or new construction. The documentation 
must include supporting data required for approval, information re
quired for detailed engineering of specific construction projects, an 
overall view of all network projects, and a listing of requirements for 
other planning organizations. Data required for detailed engineering 
includes such information as the cable pair requirements by facility 
group so that trunk cable design complements can be specified and the 
preferred location of equipment in an offi-ce or the relationship of one 
type of equipment to another can be indicated. 

While each authorization for new construction in the network must 
stand on its own merits, the construction program must be considered 
in its entirety since one authorized project may affect or be affected 
by another. An overview of the program should show an outline of 
all major additions ; capital, material, and manpower requirements 
should also be shown. In addition to planned projects, the overview 
should indicate anticipated circuit growth and planned rearrange
ments. Statistics on network utilization efficiency should also be 
included. 

Implementation of a plan involves and interacts with other areas 
of the same or other companies. These organizations must be advised 
of plans which involve their operations so that the plans can be 
coordinated with planning of their respective construction programs. 

Circuit Layout a nd Assignment 

In addition to the construction of new plant, implementation in
volves activity relating to circuit layout and assignment functions. To 
ensure that this activity is consistent with current plans, appropriate 
documentation should be furnished for circuit layout and assignment. 
This documentation includes assignment guides, reservation requests, 
carrier system orders, and rearrangement requests. 

For each circuit group, there are usually a number of possible ways 
of installing circuits. Therefore, assignment guides and circuit lay
outs must be prepared for each group to indicate which configuration 
of equipment and facilities is to be used. Although several designs 
may be included in the planning model for a circuit group, assign-
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ment guides are prepared for only those designs to which growth is 
allocated. 

In order to ensure that growth-allocated equipment and facilities 
are not used up by unanticipated special services demands, informa
tion must be furnished for circuit layout and assignment records to 
allow the required equipment and facilities to be reserved. These res
ervations may be made on either an individual circuit basis or a bulk 
basis. While a reservation does not prevent reserved inventory from 
being used for unplanned circuits, it does provide a mechanism for 
identifying possible premature exhaustion of equipment and facilities. 
Because equipment and facilities are constantly being constructed 
and because forecasts of circuit demand change, such a reservation 
program requires careful management. 

Circuit order work is required before carrier channels can be made 
available for assignment to message trunk and special services. In
formation showing the authorization for the installation of carrier 
systems (including the span-by-span preferred routing) must be 
made available so that appropriate circuit order documents may be 
issued and record-keeping initiated. 

During the development of a new facility plan, the need for re
arranging various circuits in order to achieve a desired network 
configuration must be furnished. This type of information on planned 
rearrangements should be available so that circuit order work may 
be carried out during slack periods. 

Coordination Information 

The installation of a particular group of circuits may depend on 
the coordination of several construction projects, carrier system 
installations, and rearrangements. 

The coordination process is documented in the form of a dependency 
chain which indicates the construction, carrier system, and rearrange
ment work upon which each circuit group addition depends. Since it 
is necessary in the developing process to assume the completion of 
certain work in order to meet circuit demand, the dependencies are 
known. The dependency chain should include installation of message 
trunk terminations as well as facility and transmission equipment 
additions. 
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The actual construction and installation work to implement the 
program is the responsibility of many organizations. However, each 
of these organizations is primarily concerned with discrete activities. 
Planning integrates these activities, each of which may involve a 
separate authorization. All of the activities must be complete before 
circuits can be placed in service and some activities must be completed 
before others can begin. Thus, the coordination required to install 
only a few circuits can be quite complex. 

2 1 -8 EXPLORATORY STUDIES 

The purpose of exploratory studies is twofold : ( 1 )  to provide 
guidance for the evolution of the facility network and (2)  to suggest 
general principles (including the applicability of new types of trans
mission systems) to the economic and planning function. The explora
tory studies function differs from economic and service planning in a 
number of respects. For example, there is much less concern in ex
ploratory studies for specific projects. More emphasis is placed on 
trends, .gross changes, and the introduction of new technology than 
in the detailed solution of current planning problems. There is less 
concern for the impact of planning on current budget operations and 
much more concern about the effects of new systems, new methods, 
or large environmental changes on long-range factors such as costs, 
budgets, and revenues. In addition, exploratory studies can serve as 
an important liaison mechanism with the traffic network function in 
assessing the economic impact on facilities of a proposed change in 
the traffic network configuration. 

The two planning functions are, of course, interrelated. Exploratory 
studies results must be continually revised and updated as new infor
mation becomes available. One source of such information is economic 
and service planning results ; where these are inconsistent with the 
fundamental plan, the latter must often be modified to accommodate 
the observed inconsistencies. Wherever possible, the fundamental plan 
provides guidance and, to a degree, control over current planning. 

Obiectives and Evaluation 

Exploratory studies may cover a geographical area as small as that 
served by a single central office or as large as the entire national or 
even the world-wide network. The results of an exploratory study 
suggest a course of action for the implementation of one or more 
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planning items in a geographical area. These results are expressed 
in terms of the objectives to be .satisfied and the approximate dates 
for initiation and completion of the planning items. They also include 
summaries of the long-range financial requirements so that discon
tinuities can be identified. The plan is used as the vehicle for co
ordinating technical and financial planning as well as other facets of 
company operations. 

A technical planning statement expresses planning objectives in a 
manner consistent with corporate objectives. Such a statement is 
usually prepared for one or more planning items, i.e., new services 
or the introduction of new technology that require the establishment 
of company policy for orderly introduction and implementation. 

Planning is of little value unless some measure of its effectiveness 
is included in the process. After plans have been made, they must be 
reviewed for concurrence by all affected organizations and they must 
be approved by management. They are then .implemented, with or 
without change as appropriate, according to the schedule which is a 
part of the plan. After implementation, the effectiveness of the plan
ning must be measured in terms of scheduling, implementation, 
service satisfaction, and financial criteria. 

Procedures 

While procedures for conducting an exploratory network study are 
similar to those described for economic and service planning, they 
differ significantly in some details. Initially, the procedures are the 
same in that the geographical area under study must be defined and 
data on the existing network must be collected. In addition, forecasts 
of needs must be secured for all types of services to cover the period 
under study which is typically 20 or more years from the time of 
the study. Financial, marketing, and performance objectives must be 
established. 

After the initial data have been accumulated and the locations for 
growth of facilities have been identified, various alternative methods 
of meeting the requirements must be considered. The alternatives 
must be compared in several respects (such as performance, ability to 
provide known and anticipated services, and costs) and the optimum 
solution must be selected. Provision must be made for contingencies 
that might arise due to forecast changes or other unforeseen events. 
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The results of the studies must then be adequately documented and 
disseminated for concurrence among many organizations. Manage
ment approval (if required) must then be obtained and the approved 
results must again be distributed for the use of all cognizant organi
zations. 

The significant differences between these procedures and those ap
plied to economic and service planning are ( 1 )  the relatively small 
amount of detail regarding circuits, equipment, and facilities that is 
used in exploratory studies, (2)  the relative lack of detail in respect 
to the implementation of the study results, (3)  the lack of direct 
relationship of fundamental planning to short-range construction 
budget considerations, and ( 4) consideration of a greater number of 
alternatives in respect to technology types, traffic network configura
tions, and freedom from financial or personnel constraints. 

The Changing Network Environment 

The history of telecommunications has been one of continued 
growth. In addition to growth in size, the network also grows con
tinually in the types of services provided, the application of new 
technology and new methods, and in the geographical distribution of 
equipment and facilities necessary to accommodate population and en
vironmental shifts. Thus, technological, sociopolitical, and economic 
trends must all be considered in the conduct of exploratory studies. 

One of the significant population changes is the continued move
ment of people from rural to metropolitan areas. These shifts have 
produced and continue to produce concentrations of business and 
residence customers that have an increasingly complex impact on the 
design and development of metropolitan networks. In addition, there 
are certain environmental programs which have been considered until 
recently as optional but which are now in many cases mandatory. 
These include social changes, which have an impact on work forces, 
and training and safety programs, which affect many designs and 
operating procedures. 

The growth of cities and the necessity for developing large and 
complex metropolitan networks have led to an increase in the use of 
direct toll trunks between end offices. With this trend, there appears 
to be an accompanying trend toward reduced use of the higher levels 
in the network hierarchy which may well result in a reduction of the 
number of levels in the hierarchy. 
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Several important technological advances are being introduced or 
are under consideration. The conversion from electromechanical to 
electronic switching has _considerable impact on new services that can 
be provided and the electronic systems associated with these new 
services require careful transmission planning. Digital transmission 
systems are in extensive use in the local portion of the plant and are 
expected to appear in greater quantity in the toll portion in the near 
future. With the introduction of digital switching of toll calls, the 
two fields of switching and transmission are being integrated. This 
integration requires planning for some necessary changes in network 
operation. Another significant change that is being planned involves 
signalling. Address and supervisory signals that are now transmitted 
on each interoffice trunk are being transmitted over a common channel 
interoffice signalling arrangement. Maintenance testing and adminis
tration systems are being converted from manual to automatic and 
from decentralized to centralized operation. 

Finally, many new services are in various stages of planning. The 
DATA-PHONE Digital System is being introduced so that a wider 
and more flexible range of digital services may be offered. Visual 
communications services are beginning to find a place in the network 
and international direct customer dialing is increasingly rapidly. 
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Transmission Management 

Chapter 22 

Engi-neering  and Management 

The foundations upon which a telecommunications network must 
be organized and built to ensure satisfactory transmission perfor
mance are discussed in all three volumes of this book. However, there 
is a need for summary, overview, and perspective so that all the facets 
of transmission management can be combined to show how satis
factory transmission can be provided at reasonable cost. 

Network conditions and growth, customer opinions of performance, 
and service needs, network design and operating technology, and the 
economic environment are all changing continuously. Thus, trans
mission management responsibilities can be fulfilled only by recog
nizing the dynamic nature of all these elements in addition to the 
day-by-day details. 

22- 1 CURRENT ENGINEERING 

The problems of maintaining a high quality of transmission per
formance are economic and technical. While transmission management 
is primarily related to solving the technical problems, the solutions 
are acceptable only if they can also· be shown to be economical. 

Economic Factors 

Whether good or bad, transmission performance produces no reve
nue directly. However, it exerts a strong indirect influence on revenues 
by its effect on customer acceptance of the grade of service which 
must be controlled by the processes of tran�mission management. 
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Such control requires sound design methods for transmission systems 
and facilities, the provision of adequate maintenance and maintenance 
support procedures and equipment, and the provision of economically 
feasible means of achieving service reliability. 

While these requirements on transmission management appear to 
be straightforward, they can be accomplished only to the extent per
mitted by available financial resources and within the broad limits 
established by overall company policies. It is often necessary to fulfill 
transmission management functions within the constraints of limited 
funds. Therefore, it is a part of the management function to apply 
available funds in a manner that guarantees the best return in main
taining and improving transmission performance. 

Transmission Quality Control 

One aspect of the dynamic nature of the telecommunications net
work is that different impairments dominate transmission perfor
mance as the network changes. In the early days of telephony, the 
bandwidth limitations and nonlinear characteristics of station equip
ment dominated. Then, as distances increased, transmission losses 
had to be reduced ; as a result, talker echo became a recognized limit 
on performance. With losses reduced by the application of electronic 
technology and with echo controlled by impedance balancing tech
niques and the use of four-wire circuits, circuit noise now appears 
to be the dominant impairment. A desirable attribute of noise is that 
it tends to mask crosstalk. As the average circuit no

.
ise is reduced 

in the network in response to improved designs and noise mitigation 
programs, crosstalk may well emerge as the next impairment to 
dominate network transmission performance. It is important to recog
nize that all of these changes and improvements have usually been 
in some way a result of transmission management and planning. 

Coordination. Many organizations are responsible for work that may 
directly or indirectly affect the transmission performance of the net
work or its component parts. In the outside plant, routes are estab
lished and cables installed in accordance with rules designed to 
produce satisfactory transmission performance without further engi
neering assistance. Maintenance of circuits and systems and the 
achievement of adequate through and terminal balance are only in
directly transmission responsibilities. The establishment of new wire 
centers and the installation of switching machines must be monitored 
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and coordinated if high-quality transmission performance is to be 
maintained. The fulfillment of traffic and traffic engineering require
ments, and marketing and sales efforts can affect transmission per
formance. The coordination of all such activities is a transmission 
management responsibility. 

One effective mechanism for achieving the needed coordination of 
transmission-affecting work programs is the participation by those 
responsible for transmission management in a variety of formally 
organized committees. In most cases, the committee organization in
cludes transmission engineering membership. Some examples are the 
intercompany service committees, trunk committees, and facility com
mittees. The service committees are responsible for controlling special 
services administration, installation, and operation. Trunk committees 
follow and coordinate trunk installations and rearrangements while 
facility committees follow the progress of construction programs and 
make adjustments to meet emergencies and changing needs. Quality 
review team.s are established in most companies to monitor the per
formance of new installations and transmission engineering participa
tion on these teams is invited when appropriate. 

Indices. Basically, transmission indices are designed to indicate the 
degree to which objectives are being met. Careful study of data related 
to indices may reveal deteriorating performance in respect to balance, 
noise, loss, echo, or other impairments. Continued surveillance of the 
data may show trends of deterioration of any one or combinations of 
these parameters. Where improvement programs have been carried 
out, the effectiveness of the programs can often be evaluated in terms 
of these index trends. 

Customer satisfaction measurements and performance measure
ments are made independently. When both indices resulting from 
these measurements are- low, performance must obviously be im
proved. If performance indices are in the satisfactory range but 
customers are dissatisfied, requirements and objectives must be re
viewed and possibly made more stringent. The adjusted values must 
then be used to establish a new set of indices. The entire index 
program involves ( 1 )  the gathering, analyzing, and summarizing of 
performance data, (2)  a review of the data, and (3)  the initiation 
and implementation of corrective action where it is indicated. The 
process may be compared to a feedback system in which an error 
signal generates reactions which tend to reduce the error. 
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Grade of Service. Subjective tests are used to determine the grade 
of service by establishing relationships between test results and value 
judgments of various types of impairments [1] . Grade of service 
may also be used to relate transmission quality to cost. A change in 
magnitude of an impairment can be related to a corresponding change 
in customer satisfaction and to cost. Thus, changes in customer satis
faction can be related directly to the cost of improving performance. 

The grade-of-service concept is so flexible in application that it 
can be used to evaluate the performance of an entity as small as a 
central office on the basis of local calls only, the performance of a 
small area on the basis of local and short-haul toll calls, or the per
formance of the entire network. To evaluate an entire switched net
work for loss and noise performance, average values and standard 
deviations on individual links that may be used in built-up connections 
must be specified and combined statistically. The data may be analyzed 
manually or by a computer programmed to process grade-of-service 
calculations. Typical values of loss and noise are stored in memory 
as a part of the program. Different loss and noise values can be 
substituted for comparison and evaluation of . their effects on the 
grade of .service. 

The proposed introduction of a new toll or tandem switching 
machine may involve many changes in trunking over a wide geo
graphic area, changing the serving or home offices (rehoming) of 
many customer lines, changing end office relationships in the hier
archy, the consolidation of local areas, and the introduction of new 
services such as call forwarding or three-way calling. Each of these 
changes can be evaluated in terms of it.s effects on overall grade of 
service. 

Other applications of the grade-of-service concept useful in trans
mission management are the ·evaluation of alternative solutions for 
a problem and the establishment of priorities. For example, several 
transmission deficiencies may exist but resources may be available 
to implement only one improvement at a time. Grade-of-service cal
culations may be made to determine which of the alternatives is likely 
to produce the greatest improvement for the least expenditure. Thus, 
alternatives are evaluated so that priorities may be assigned on a 
logical basis. 

· 

TCI Library: www.telephonecollectors.info



608 Transmission Management Vol. 3 

22-2 THE RESPONSE TO CHANGE 

While the solutions to current engineering problems must always 
be vigorously pursued, the fulfillment of transmission management 
responsibilities depends equally on a recognition of and a response 
to the changes that are going on continuously. The interactive nature 
of changes must also be recognized and taken into account. An ex
ample. of interaction is seen in intercontinental speech communica
tions where the principle interactive elements have been availability, 
quality, and cost. The first circuits that linked Europe and North 
America were provided over short-wave radio facilities during the 
1920s. Transmission was relatively poor and unreliable and costs were 
high. As a result, the service was not popular and demand grew rather 
slowly. When repeatered submarine cable systems were first installed 
during the 1950s, demand started to expand rapidly because trans
mission quality and reliability were greatly improved and costs de
creased dramatically. Now, with thousands of submarine cable cir
cuits available in a world-wide network and with satellite circuits 
a reality, intercontinental communications is growing very rapidly. 
Quality and reliability are still improving and costs are still declining. 
Intercontinental transmission of broadband data and video signals 
is also showing significant increases. 

E nvironmental Changes 

Among the important changes now in progress are population 
growth and movement toward urban areas and the increasing stress 
on ecological improvements. The effect of the changes in population 
distribution is being felt in many ways, one of the most important 
being the reassessment of the organization of the message network. 
In order to serve the growing urban areas, metropolitan networks 
are being expanded significantly and there appears to be a concomitant 
pressure to reduce the number of hierarchical levels in the toll portion 
of the network. There is an increasing trend toward conversion to 
out-of-sight plant as a result of ecological concerns. While there are 
some advantages in terms of reliability and transmission stability, the 
primary effect of conversion is increased costs. 

Another environmental change that has an indirect impact on trans
mission management is that of the economic climate. During periods 
of expansion and economic health, there tend to be more funds avail
able for maintenance and transmission improvement programs. 
During periods of recession and economic stagnation, such funds are 
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reduced and the challenge of managing network transmission perfor
mance increases significantly. 

I nnovations 

Change involves the introduction of new technology, methods, 
services, and innovative responses to changes in regulatory rules. and 
directions. Transmission management must be responsive to these 
changes and must influence them in such a manner that performance 
is improved or at least not degraded. 

Technology. Technological changes have marked the entire history 
of telecommunications. New devices, designs, modes of operation, 
and media become available continuously and must be controlled and 
managed as they are introduced in the network. 

While the effects of these technological innovations are reduced 
costs, improved performance, added flexibility, and growth, consider
able effort must be expended to assure that new circuits and systems 
operate compatibly with existing circuits. Fast acting electronic 
switching systems must operate with slow acting step-by-step sys
tems. New digital transmission systems must interface with the . 
existing analog plant. While room must be made for the new designs, 
it would be uneconomical to scrap the multibillion-dollar existing 
facilities. The introduction of new designs must be carefully managed 
to avoid undue penalities in performance, reliability, service, or cost. 

Methods. Maintenance, operations, design, and layout methods must 
change to keep pace with the rapid changes occurring in the telecom
munications field. A most significant change is the transition from 
manual to automatic methods that has been enabled by the develop
ment of digital computers. The changes that are taking place and 
their impact are very great and they are occurring very rapidly. 
The factors of size and speed make computer analysis and control 
attractive. In addition, the network has become ·so large that the 
evaluation of the effects of changes would be difficult without com
puter aids. 

Switching operations of the magnitude required in the modern net
work would probably be impossible to achieve by manual methods. 
The size of manual switchboards would be impractical and there is 
probably insufficient personnel available to carry out the necessary 
operations. There is evidence of similar phenomena occurring in other 
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fields such as maintenance, design, and layout. Automatic processes 
and methods are necessarily being introduced increasingly and must 
be managed carefully. 

Services. The demand for new types of services is another dynamic 
facet of telecommunications that must be satisfied. Such a demand 
usually arises from developing customer needs but sometimes evolves 
as a secondary benefit of new technology, i.e., a new service may be 
made possible by the development of a new system and then sold on 
its own merits. For example, with the introduction of electronic 
switching system.s, call forwarding, 3-way calling, and abbreviated 
dialing were introduced and have been well received. Another new 
service of this type is TOUCH-TONE calling. All of these services 
have increased in popularity since their introduction and all have 
introduced challenges to transmission performance management. 

The introduction of direct distance dialing (DDD) and its exten
sion to international telecommunications resulted from the needs of 
the message network which developed with the large expansion of 
all services after World War II. The largest single example of trans
mission management was the concurrent development and introduc
tion of the VNL network design plan. This plan made practical the 
conversion from manual network operation to DDD. 

The new DATA-PHONE Digital Service and the Digital Data 
System were brought into being as a result of a recognition of the 
need for a more efficient method of transmitting data signals. The 
potential for growth of this service appears to be very great. 

Regulation. Since the telecommunications industry is largely govern
ment regulated, it is necessary to maintain flexibility in transmission 
management in order to respond quickly and affirmatively to changes 
in regulatory policies. Two recent Federal Communications Commis
sion (FCC) actions illustrate. 

First, the FCC permitted the interconnection of specialized common 
carriers and of customer-provided equipment with telephone company 
facilities. As a result, transmission management has become more 
complex because of the appearance in the network of signals other 
than those originated by the telephone companies. The protection of 
the network against overload or other impairments that might be 
caused by signals that exceed amplitude or other specifications is now 
a major transmission management concern. 
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Second, the FCC imposed new and more stringent rules on the use 
of microwave radio protection channels. The number of such channels 
allowed was significantly reduced. In order to maintain a high level 
of reliability, it was necessary to develop new protection switching 
arrangements. 

Planning 

Current and fundamental planning programs provide mechanisms 
for controlling and managing transmission. The installation of new 
systems, the application of new technology, and the initiation of new 
services require careful planning to avoid the deterioration of overall 
performance. 

New methods are being applied to planning activities j ust as they 
are to other functions. As in other applications of new methods, the 
digital computer and allied uses of telemetry systems play an im
portant role in providing adequate planning procedures [2] . 

Education a nd Training 

With changes taking place so rapidly, it is essential that personnel 
involved in the engineering of the network and in transmission man
agement be given adequate opportunity for meaningful continuing 
education. Many centers of education and training are conducted by 
operating companies throughout the Bell System. Foremost among 
these is the Bell System Center for Technical Education located in 
Lisle, Illinois [3] . This center conducts a dynamic educational pro
gram covering all the technology involved in operating and managing 
the telecommunications network. The staff of managers, developers, 
instructors, and technologists are selected from the Bell System and 
serve at the center for periods of two to three years. 
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Centrex, 298, 348 

add-on, 358 
attendant facilities, 351 ,  359 
conferencing, 358 
consoles, 352, 359 
service, 70 
service features, 349 
station lines, 111, 298, 351 
switchboards, 353, 359 
tie trunks, 356 
transmission, 351, 358 

Certification of balance, 252, 541 
Chain 

dependency, 599 
:final route, 7 

Channel conditioning, 425 
Channels, audio program, 444 
Channel service unit, 483 
Channel unit, office, 485 
Circuit 

assignment, 598 
forecasts, 582 
layout, 598 
maintenance, 558 
maintenance system, 566 
planning data, 582 
rearrangements, 594 
rerouting, 584 
singing, 223 

Circuit group 
design, 587, 590 
routing, 587 

Circuits 
in-effect, 591 
misrouted, 595 

Class mark adjustment, 203 
Closed circuit television services, 467 
CMS, 566 
C-notched noise, 424 
Code ringing, manual, 415 

Code routing, destination, 8 

Code selective signalling, 416 

Coils, repeating, 233 

Committee 
facility, 606 
intercompany service, 606 
trunk, 606 
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Common carriers, other, 301, 308 
Common control switching arrange

ment, 303, 369 
Common grade conditioning, 305, 396 
Common language 

Index 

circuit identification plan, 125 
special services designations, 314 

Communications service, enhanced 
private switched, · 305, 382 

Community antenna television system, 
467 

Compliance level, 536 
Conditioning 

channel, 425 
common grade, 305, 396 

Conductor resistance, local trunk, 174 
Conferencing 

centrex, 358 
services, 287, 387 

Connection appraisal 
index, 532, 538 
loss measurements, 526 
noise measurements, 526 
tests, 524 

Connection loss 
inserted, 15, 164, 167, 185, 329 
overall, 13 

Consoles, centrex, 352, 359 
Contrast, transmission, 12, 36, 266, 

269, 355 
Control center, customer network, 

306 
Control center, restoration, 572 

T-carrier, 557 
Control of transmission systems, 556 
Control switching point ( CSP) , 5, 8, 19 
Coordination, planning, 597 
Costs, incremental annual, 11 
Cross-connect facilities, DDS, 493 
Cross-modulation, 470 
Crosstalk 

local trunk, 181 
loop, 58 

CTMS, 556 

CTRAP, 515 
C-type rural wire, 89 

Current planning, 611 
Customer network control center, 

306 

Customer request for credit, 514 
Customer trouble report, 513 
Customer trouble report analysis 

plan, 515 
Cut-through, 326 

Data access arrangements (DAA),  
335 

Data aquisition system, engineering 
and administrativ·e, 160 

Data 
circuits, private line, 417 
impairments, private line, 423 
multiplexer, DDS, 488 
service classifications, 335 
service unit, 483 
signal transmission objectives, 336 
system, digital, 474 
test system, automatic, 566 
transmission, 335, 382, 386 
wideband, 430 

DATA-PHONE 
digital service, 301, 637 
loops, 91 
loop design, 340 
service, 296, 335 

Data, planning, 580 
Data-voice multiplexer, DDS, 491 
DBO capacitors, 222 
DDS, 474 
Decision tree, 68 
Dedicated outside plant design, 41 
Delay 

absolute, 427 
distortion, 431 , 442 
echo path, 13 
end, 200 
loss, 202 

Delayed call, 255 
Delayed-call trunks, 277 
Demand schedule maintenance, 557 
Dependency chain, 599 
Design 

circuit group, 587, 590 
long route, 47, 66, 102 
resistance, 64, 81 
unigauge, 64, 94 

Design allocation, 587, 590 
Design limit, office, 82 
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Design ranges, unigauge, 96 
Destination center, 390 
Destination code routing, 8 
Dial-up test lines:, 560, 562 
Digital data system (DDS ) ,  474 

analog extensions, 487 
central offices, 479 
cross-connect facilities, 493 
data multiplexers, 488 
hub serving area, 479 
loops, 482, 501 
maintenance, 498 
multiplex subhierarchy, 478 
multipoint service, 504 
network configuration, 479 
network synchronization, 494 
restoration, 498 
service objectives, 475 
service speeds, 478 
signal formats, 476 
timing supplies, 495 

Digital level plan, 216 
Digital loop carrier systems, 109 
Digital service, DATA-PHONE, 301, 

637 
Digital serving area, 479 
Digroup terminals, 218 
Direct distance dialing ( DDD ) ,  2, 610 

service bureau, 515 
task force, 517 

Direct inward dialing, 349 
Direct outward dialing, 349 
Direct trunks, 2, 5, 23, 116, 164 
Directory assistance, 256 
Distance dialing switching plan, 3 
Distortion 

attenuation, 425, 442 
delay, 431, 452 
harmonic, 428 
nonlinear, 428 
telegraph, 439 

Distribution area, 63 
Distribution cables, 41 
Distribution grade, index, 535 
Distributor, automatic call, 283 
Documentation, planning, 597 
Drop build-out capacitors, 222 

EADAS, 160 

Index 

EASOP, 45 
Echo, 364, 395 

measurernents, 229 
path delay, 13 
return loss, 51, 224, 230 
talker, 34 

Echo suppressors, 13, 15, 198, 364, 
375, 376, 395 

application rules, 200 
assignment, 201 
disabler, 199 
full terminal, 199 
split terminal, 198 

Ecology, 608 

61 5 

Economic alternative selection for 
outside plant (EASOP) program, 
45 

Educational television system, 468 
Effective loss limit, 39 
Effective testing loss, 185 
Efficiency, trunk group, 146 
EFRAP, 45, 62, 68 
Electro-acoustic efficiency, 262 
End delay, 200 
End office, 3 

toll trunks, 17, 183 
toll trunk loss, 187 

End section loading, 87, 106 
End-to-end toll trunk loss, 187 
Engineering and administrative data 

acquisition system, 160 
Engineering 

traffic, 133 
trunk group, 132 

Enhanced private switched com-
munications service, 305, 382 

Equalization, vid.eo channel, 464 
Equipment augmentation, 595 
Equipment planning data, 581 
Erlang, 135 
Erlang B capacity table, 135 
Exchange feeder route analysis 

program ( EFRAP) , 45, 62, 68 
Expected measured loss (EML) , 164, 

168, 185, 203, 329 

Extended unigauge loops, 100 

Extenders, unigauge range, 97 

External measurements, 509, 510, 653 
Eye pattern, 434 
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Facilities analysis plan, 62 
Facilities, in-effect, 580 
Facility 

augmentation, 595 
committee, 606 
group, 581 
maintenance, 554 
planning data, 580 
routing, 587, 592 

Facility test position, television, 466 
Factor, via net loss, 15 
Feeder cables, 41, 62 
Final route chain, 7 
Final trunk group, 5, 144 
Fixed loss plan, 18, 213 
Forecasts 

circuit, 582 
growth, 64 
outside plant, 64 
trunk, 582 

Foreign exchange (FX)  
service, 295, 320 
trunks, 298 

Forward disconnect, 323 
Four-wire bridge, 408 
Frequency assignments, CATV, 472 
Frequency diversity switching, 569 
Frequency response, 37 4, 448 
Frequency shift, 427 
Full group, 7 
Full terminal echo suppressor, 199 
Fundamental planning, 578, 611 

Gain, return, 265 
Grade of service, 607 
Grade-of-service trunk group, 7, 162, 

187 
Ground start, 323 
Group, facility, 581 
Growth forecast, 64 

Harmonic distortion, 428 
High-loss toll connecting trunks, 202 
High-usage trunk, 7, 187 
Hold PBX busy, 324 
Homing, 5 
Hub serving area, DDS, 479 
Hybrid loss measurements, 230 

Index 

IF reentry, 573 
Impairments, private line data, 423 
Impedance 

central office, 18, 232 
compensators, 237 

Impulse noise, 37 4, 423, 549 
Incremental annual costs, 11 
Incremental trunk, 156 
Index 

bias, 535 
connection appraisal, 532, 538 
distribution grade, 535 
ratings, 532 
subscriber plant transmission, 81, 

544 
transmission performance, 532 
trunk transmission maintenance, 539 

Indices, transmission, 507, 532, 606 
Industrial television system, 468 
In-effect circuits, 591 
In-effect facilities, 580 
Inhibit rule, one-level, 9 
Initial testing, 554 
Initial tests, 550 
Innovation, 609 
Inserted connection loss (ICL) , 15, · 

164, 167, 185, 329 
Insertion loss, 549 

loop, 48 
Integrated subrate data multiplexer, 

DDS, 488 
· Intercept bureau, central, 278 
Intercept center, automatic, 278 
Intercept system, automatic, 278 
Intercompany service committee, 606 
Intercompany services coordination 

plan, 310 
Interference, single-frequency, 424, 

442 
Internal measurements, 509, 517, 553 · 
Intertandem PBX, 297 

Intertandem tie trunks, 301, 363 
Intertandem trunks, 23, 116, 164 

Intertoll trunks, 5, 15, 1 17, 183 
design, 209 
layout, 211 
loss, 186, 209 
secondary, 117, 211, 257 

Inward operator, 255 
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Inward W ATS, 296 
trunks, 298 

Jitter, phase, 428 

Killer trunk, 561 

Layout, circuit, 598 
LCAP, 45, 69 
LD trunks, 298 
Leave word call, 255 
Level of compliance� 536 
Level plan, digital, 216 
Level points, transmission, 188 
Levels, video transmission, 462, 471 
LFRAP, 46, 69 
Lines 

access, 377, 388 
station, 380 

Line wire, multiple, 89 
Limit, effective loss, 39 
Load allocation, traffic, 153 
Load, traffic, 135 
Loading 

end section, 87, 106 
loop, 87 

Local loops, DDS, 501 
Local test desk, 558 
Local trunk 

conductor resistance, 17 4 
crosstalk, 181 
loss objectives, 170 
signalling and supervision, 174 
singing margin, 178 

Long feeder route analysis program, 
(LFRAP) , 46, 69 

Long loop noise, 106 
Long-range planning, 578 
Long route 

design, 47, 66, 102 
loop loss, 107 

Long route economic study 
( LORES) program, 46 

Loop 
carrier systems, digital, 109 
data access arrangement, 91 
DATA-PHONE, 91 
DDS, 482, 501 
insertion loss, 48 

Index 

Loop (cont) 
loading, 87 
noise, 52 
noise measurements, 61, 519 
noise objectives, 58 
range limits, central office, 75 
repeaters, 404 
repeaters, wideband, 431 
resistance, 50, 71 
ringing, 72 
special services, 91 

Loop carrier analysis program 
( LCAP),  45, 69 

Loop designs 
DAT.A,-PHONE, 340 
long route, 47, 66, 102 
resistance, 64, 81 
unigauge, 94 

Loop start, 323 
Loop surveys, 46 

LORES, 46 

Loss, 259, 395 

6 1 7  

actual measured, 164, 169, 185, 329 
B-factor, 224 
delay, 202 
echo return, 51, 224, 230 
effective testing, 185 
end office toll trunk, 187 
end-to-end toll trunk, 187 
expected measured, 164, 168, 185, 

203, 329 
fixed, 18, 203 
grade-of-service trunk, 7, 162, 187 
high-usage trunk, 7, 187 
inserted connection, 15, 164, 167, 

185, 329 
insertion, 549 
metropolitan network, 34 
overall connection, 13 
return, 51, 224, 259 
sidetone path, 265 
singing return, 225 
trunk, 184, 201, 209 
unigauge loop, 101 
variations, 427, 443 
via net, 13, 184, 364 

Loss adjustment, balance deficiency, 
209 

Loss component, TTMI, 539 
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Loss/ noise grade of service in 
metropolitan networks, 35 

Loss measurements, connection 
appraisal, 526 

Loss objectives, 364, 375 
special services, 330 
trunks, 170 

Loss plan, fixed, 18, 213 
Losses in metropolitan networks, 34 
Loudspeaker signalling, 415 

Main PBX, 297, 361, 374 
Maintenance, 19, 548 

circuit, 558 
DDS, 498 
demand schedule, 557 
facility, 554 
routine, 555 
special services, 564 

Maintenance access system, switched, 
566 

Maintenance system 
carrier transmission, 556 
circuit, 566 

Management 
network, 57 4 
transmission, 605 

Manual code ringing, 415 
Manual testing, 560, 565 
Measurements 

balance, 230 
capacitance, 231 
connection appraisal loss, 526 
connection appraisal noise, 526 
echo return loss, 51, 224 
external, 509, 510, 553 
hybrid loss, 230 
internal, 509, 517, 553 
singing point, 231 
singing return loss, 231 
trunk transmission maintenance, 

520 
Measuring system, automatic 

transmission, 562 
Mechanized testing, 561, 566 
Mechanized testing systems, 563 
Mechanized trunk testing, 562 
Message circuit noise, 424, 442, 549 
Metropolitan area sector, 22 

I ndex 

Metropolitan network, 21 
loss, 34 
loss/noise grade of service, 35 
noise/volume grade of service, 35 
singing point stability, 34 
talker echo, 34 
transmission requirements, 27 

Misrouted circuits, 595 
Model, planning, 586, 594 
Modem, wideband data, 430 
Multialternate routing, 21, 25 
Multi-AIC system, 279 
Multiple line wire, 89 
Multiple plant design, 41 
Multiplex subhierarchy, DDS, 478 
Multiplexer 

DDS data-voice, 491 
DDS .subrate data, 488 

Multipoint service, DDS, 504 

Neal-Wilkins on traffic distribution, 
135, 136, 137, 138, 140, 142, 145 

Network 
automatic voice, 305, 390 
configuration, DDS, 479 
enhanced private switched com-

munications service, 383 
management, 57 4 
metropolitan, 21 
polygrid, 390 
single tandem sector-originating, 23 
single tandem sector-terminating, 24 
switched services, 303, 351, 369, 381, 

390 
tandem tie trunk, 301, 351, 360 

Network build-out capacitance, 220 
Network building-out capacitors, 29 
Network control center, customer, 

306 
Network design, trunk, 146 
Network operations trouble informa-

tion system (NOTIS) ,  516 
Network synchronization, DDS, 494 
Network trouble analysis bureau, 515 
Noise, 259 

balance, 53 
C-notched, 424 
component, TTMI, 540 
impulse, 37 4, 423, 549 
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Noise ( cont) 
limits, trunk, 188 
long loop, 106 
loop, 52 
measurements, 519, 522, 526 
message circuit, 424, 442, 549 
objectives, 58, 37 4 
program channel, 457 
special services circuit, 333 
thermal, 469 

Nonlinear distortion, 428 
Non tandem tie trunks, 300, 363 
Number identification 

automatic, 256 
CAMA operator, 256, 277, 289 
operator, 256 

Number services, operator, 256 
Numbering plan area, 5, 8 

Objectives 
balance, 223, 225, 367 
data signal transmission, 336 
loop noise, 58 
loss, 364, 375 
noise, 58, 37 4 
special services loss, 330 
trunk los.s, 170 

Office 
cabling capacitance limit, 229 
cabling resistance limit, 227 
channel unit, 485 
design limit, 82 
impedance, 18, 232 
supervisory limit, 81 

Off-network access lines, 298, 383, 389 
Off-premises extension service, 296 
Off-premises station lines, 299 
One-level inhibit rule, 9 
Only-route trunk group, 144 
Operating center, television, 465 
Operator 

call assistance, 255 
inward, 255 
outward, 255 
positions, remote, 261 
services, 128 
service trunks, 277 
telephone circuits, 262, 267 
through, 255 

Index 

Operator ( cont) 
trunks, 272 
unified telephone circuit, 267 

Operator number identification, 
CAMA, 256, 277, 289 

Other common carriers, 301, 308 
Outgoing trunk test bay, 560 
Out-of-sight plant, 64 
Outside plant design, dedicated, 41 
Outside plant forecast, 64 
Outside plant plan, 45, 61 

61 9 

Outward dialing, automatic identified, 
349 

Outward operator, 255 
Overall connection loss (OCL) , 13 
Over-building, 585 
Overload, 574 

Pad type bridge, 407 
Pads, switchable, 202, 356, 365, 377, 

382 
Pair gain systems, subscriber, 66 
Patch bay, restoration, 573 
Path loss, sidetone, 265 
Pattern, ca:ll routing, 8 
Pay television system, 468 
PBX, 348 

balance objectives, 367 
classifications, 361 
intertandem, 297 
main, 297, 361, 37 4 
satellite, 297, 361, 371 
station line resistance limits, 76 
station lines, 298 
station, signalling requirements, 326 
tandem, 297 
tie trunks, 356, 380, 390 
tie trunk signalling, 327 
tributary, 371 

PBX-central office trunk resistance 
limits, 76 

PBX-CO trunks, 298, 319, 390 
Performance index, transmission, 532 
Permanently connected plant, 45 
Phase jitter, 428 
Pine tree geometry, 62 
Plan, outside plant, 45, 61 
Planning, 576 

coordination, 597 
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Planning ( cont) 
current, 611 
data, 580 
data summaries, 593 
documentation, 597 
economic and service, 577, 583 
facility, 576 
fundamental, 578, 611 
long range, 578 
model, 586, 594 
studies, exploratory, 578, 600 
transmission, 605 

Plant administration, 44 
Plant design, multiple, 41 
Poisson capacity table, 186, 137, 140 
Polygrid network, 390 
Population distribution, 608 
Pretripping, ring, 74 
Primary center, 5 
Private branch exchange, 348 
Private line 

data circuits, 417 
data impairments, 423 
services, 397 
signalling, 415 
station set, 413 
switching, 412 
voice transmission, 403 

Private lines, 300 

Probability of blocking, 134, 138 
Program 

amplifiers, 453 
audio channels, 444 
cable facilities, 449, 451 
carrier facilities, 453 
channel noise, 457 
channels, 444 
equalizers, 454 
links, stereophonic, 456 
signal amplitudes, 449 
terminal arrangements, 454 

Program (computer) 
air pressurization analysis, 45 
economic alternative selection for 

outside plant, 45 
exchange feeder route analysis, 

45, 62, 68 
long feeder route analysis, 46, 69 
long route economic study, 46 

Index 

Program (computer) (cont) 
loop carrier analysis, 45, 69 
time-share cable sizing, 45 

Protection switching, automatic, 569 

Radiation, OCTV system RF, 471 
Range limits, central office loop, 75 
Ratings, index, 532 
Rearrangements, circuit, 594 
Recorder, traffic usage, 161 
Reentry, IF, 573 
Regional center, 5 
Regulation, government, 610 
Released link trunk, 257, 261, 352 
Remote exchange service, 336 
Remote offiee test lines, 563 
Remote operator positions, 261 
Remote trunking arrangement, 275 
Repair service bureau, 558, 565 
Repeaters 

loop, 404 
wideband loop, 431 

Repeating coils, 233 
Report, customer trouble, 513 
Request for credit, customer, 514 
Requirements 

balance, 226 
terminal balance, 189, 226 
through balance, 189, 226 
wideband data transmission, 432 

Rerouting, circuit, 584 
Resistance design of loops, 64, 81 
Resistance type bridge, 406 
Resistance, loop, 50, 71 
Resistance limit, office cabling, 227 
Resistance limits, PBX-central office 

trunks, 76 
Resistance limits, PBX station lines, 

76 
Response, frequency, 37 4, 448 
Restoration 

control center, 572 
DDS, 498 
broadband, 571 
patch bay, 573 

Restoration control center, 572 
T-carrier, 557 

Return gain, 265 
Return loss, 51, 224, 259 
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Return loss ( cont) 
echo, 51, 224, 230 
singing, 225, 231 
special ·services circuits, 332 

Ringdown signalling, 416 
Ring pretripping, 74 
Ring tripping range, loop, 72 
Ringing 

manual code, 415 
range, loop, 72 

ROTL, 563 
Routine maintenance, 555 
Routine testing, 554 
Routine tests, 550 
Routing 

alternate, 151 
call, 8 
circuit group, 587 
destination code, 8 
facility, 587, 592 
multialternate, 21, 26 
pattern, 8 

Rural wire, c-type, 89 
RX service, 336 

SARTS, 564 
Satellite PBX, 297, 361, 371 
Satellite tie trunks, 300 
SCOTS, 556 
Sealing current, 485 
Secondary intertoll trunks, 117, 211, 

257 
Secretarial service, 296 

Sectional center, 5 

Sector, metropolitan area, 22 

Sector-originating network, single 
tandem, 23 

Sector tandem, 22 

Sector-terminating network, single 
tandem, 24 

Selective signalling 
code, 416 
systems, 416 
two-tone, 415 

Service attitude measurement, 
telephone, 511, 553 

Service 
bay, wideband, 431 

Index 621 

Service ( cont) 
categories, private line, 398 
classifications, data, 335 
committee, intercompany, 606 
criteria, traffic, 149 
DATA-PHONE, 296, 335 
descriptions, private line, 399 
elements, private line, 398 
enchanced private switched com-

munications, 305, 382 
grade of, 607 
objectives, DDS, 475 
speeds, DDS, 478 
telegraph, 436 
universal, 307, 371, 381 

Services 
auxiliary, 128 
operator, 128 
private line, 397 

Service unit 
channel, 483 
data, 483 

Serving area, 43 
DDS hub, 479 
digital, 479 
interface, 43 

Serving test center, 493, 499, 565 
Sidetone, 265 
Signal amplitudes, program, 449 

Signal formats, DDS, 476 
Signalling 

code selective, 416 
lead capacitors, 235 
local trunk, 174 
loudspeaker, 415 
PBX tie trunk, 327 
private line, 415 
requirements, PBX station, 326 
ringdown, 416 
special services circuits, 320 
switched special services, 320 
systems, selective, 416 
two-tone selective, 415 

Signalling and supervision, local 
trunk, 174 

Singing, 177 
circuit, 223 

Singing margin, 427 
local trunk, 178 
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Singing point, 225 
measurements, 231 
stability, 34, 177 

Singing retUl'll loss, 225, 231 
measuremenros, 231 

Single-AIC system, 279 
Single-frequency interference, 424, 442 
Single tandem sector-originating 

network, 23 
Single tandem sector-terminating 

network, 24 
Slip, 495 
Slope, transmis.sion, 549 
SMAS, 566 
Space diversity switching, 569 
Special service center, 565, 567 

Special services 
cable facility treatment, 344 
characteristics, 292 
circuit order, 333 
class 1, 295, 317 
class 2, 299, 317 
class 3, 300 
class 4, 301 
designations, common language, 314 
long-haul, 317 
loop current, 334 
loops, 91 
loss objectives, 330 
maintenance, 564 
PBX considerations, 345 
return loss, 332 
service features, 294 
short-haul, 317 
signalling, 320 
standard designs, 319 
transmission classifications, 294 

universal service, 307 

Split bridge, 418 

Split terminal echo suppressor, 198 

SRDM, 488 

SSN, see switched services network 

Stability, 177 

Station lines, 380 
centrex, 111, 298, 351 
off-premises, 299 
PBX, 298 

Station set, private line, 413 

Stereophonic program links, 456 

STPL, 265 
Straight bridge, 405 
Studies, exploratory planning, 578, 600 
Stuffing, byte, 485 
Subrate data multiplexers, DDS, 488 
Subscriber carrier systems, 67, 110 
Subscriber pair gain systems, 66 
Subscriber plant transmission index, 

81, 544 
Subscriber plant transmission tests, 

519 
Supervisory limit, office, 81 
Surveillance of transmission systems, 

555 
Surveys 

loop, 46 
transmission, 518 

Switchable pads, 202, 356, 365, 377, 
382 

Switchboards, 353, 359 
Switched access and remote test 

system, 564 
Switched maintenance access system, 

566 
Switched services network, 303, 351, 

369, 381, 390 
features, 370, 393 
hierarchical plan, 303 
numbering plan, 371 
polygrid p.Jan, 305 
trunks, 375 

Switched special services signalling, 
320 

Switching 
automatic protection, 569 
frequency diversity, 569 
private line, 412 
space diversity, 569 
television circuit, 466 

Switching arrangement, common 
control, 303, 369 

Switching plan for distance dialing, 3 
Switching point, control, 5, 8, 19 
Synchronization, DDS network, 494 
System 

automatic intercept, 278 
digital data, 474 
multi-AIC, 279 
selective signalling, 416 
single-AIC, 279 
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Talk-back circuits, 410 
Talker echo, 34 
Tandem PBX, 297 
Tandem, sector, 22 
Tandem tie trunk network, 301, 351, 

360 
Tandem trunks, 23, 116, 164 
Tariff, 315, 361, 398, 446 
Task force, DDD, 517 
T-carrier administration system 

(TCAS) ,  557 
T-carrier restoration control center, 

557 
Telegraph 

distortion, 439 
selective calling systems, 439 
service, 436 

Telephone circuits, operator, 262, 267 
Te·lephone service attitude 

measurement, 511, 553 
Telephotograph, 440 
Te·levision 

facility test position, 466 
operating center, 465 

TELSAM, 511,  553 
Temperature variation, uncompen

sated, 202 

Terminal balance, 17, 189, 219, 226, 
367, 368, 390 

Test bay 
outgoing trunk, 560 
wideband data, 432 

Testboard, 17B toll, 588 

Test center, serving, 493, 499, 565 

Test desk, local, 558 
Test lines 

dial-up, 560, 562 
remote office, 563 

Test position, television facility, 466 

Testing 
initial, 554 
manual, 560, 565 
manual trunk, 560 
mechanized, 561, 562, 566 
routine, 554 
systems, mechanized, 563 

Tests 
initial, 550 
routine, 550 

Index 

Test system 
automatic data, 566 

623 

switched access and remote test, 
564 

Thermal noise, 469 
Through balance, 17, 189, 219, 226, 867 
Through operator, 255 
Ticket, trouble, 513 
TICS, 45, 68 
Tie trunk network, tandem, 301, 351, 

360 
Tie trunks 

centrex, 356 
intertandem, 301, 363 
nontandem, 300, 363 
PBX, 356, 380, 390 
satellite, 300 
tandem, 301, 363 

Time-share cable sizing (TICS) 
program, 45, 68 

Timing supplies, 495 
Toll center, 3 
Toll connecting trunk, 5, 17, 23, 116, 

183, 269 
design, 201 
high-loss, 202 
impedance matching, 205 
length, 205 
loss, 185 

Toll diversion, 324 
Toll point, 3 
Toll testboard, 17B, 588 
Toll trunks, end office, 17, 188 
Traffic 

capacity tables, 135 
classes of trunks, 119 
engineering, 133 
immediate connection, 136 
independent sources, 136 
infinite sources, 138 
load, 135 
load allocation, 153 
peakedness, 137 
random arrival, 137 
service criteria, 149 
service position system, 267 
skewness, 138 
statistical equilibrium, 138 
usage recorder, 161 
uses of trunks, 119 
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Transients, transmission, 429 
Transmission alarm surveillance and 

control system, 556 
Transmission 

categories of trunks, 116 
centrex, 351, 358 
contrast, 12, 36, 266, 269, 355 
index, subscriber plant, 81, 544 
indices, 507, 532, 606 
level points, 188 
levels, video, 462, 471 
maintenance index, trunk, 539 
management, 605 
performance index, 532 
planning, 605 
surveys, 518 
system, baseband video, 458 
system SIUrveillance, 555 
tests, subscriber plant, 519 
transients, 429 

Transmission design 
AUTOVON, 394 
centrex, 351 
EPSCS, 388 
SSN, 372, 394 
TTTN, 364 

Transmis·sion objectiv,es 
data signal, 336 
trunks, 184 

Transmission requirements 
metropolitan ne.tworks, 27 
wideband data, 432 

Tributary PBX, 371 
Trouble analysis bureau, network, 515 
Trouble information system, network 

operations, 516 
Trouble report, customer, 513 
Trouble report analysis plan, 

customer, 515 
Trouble ticket, 513 
Trunk 

administration, 162 
balance measurements, 523 
categories, traffic use, 119 
classifications, TTTN, 363 
committee, 606 
efficiency, 153 
estimating, 161 
facilities, SSN, 375 
forecasts, 582 

Index 

Trunk ( cont) 
group efficiency, 146 
group engineering, 132 
group, final, 5, 144 
group, grade-of-service, 7, 162, 187 
group, only-route, 144 
groups, 119 
incremental, 156 
killer, 561 
layout, intertoll, 211 
length, ·toll connecting, 205 
loss, intertoll, 186, 209 
loss objectives, 170 
losses, 184, 201, 209 
network design, 146 
noise limits, 188 
noise measurements, 522 
operational categ·ories, 119 
relay equipment, 236 
released link, 257, 261, 352 
testing, mechanized, 561 
transmission categorie,s, 116 
transmiSISion maintenance index 

(TTMI) ,  539 
transmission maintenance measure

ments, 520 
transmission objectives, 184 

Trunk design 
digital ne.twork, 213 
intertoll, 209 
SSN, 375 
toll connecting, 201 

Trunking arrangement, remote, 275 
Trunk network, tandem tie, 301, 351, 

360 
Trunks 

AIS, 283 
automatic call distributor, 299 
CAMA access, 277 
centrex tie, 356 
delayed can, 277 
direct, 2, 5, 23, 116, 164 
end office toll, 17, 183 
FX, 298 
high-loss toll connecting, 202 
high-usage, 7, 187 
intertandem, 23, 116, 164 
intertandem tie, 301, 363 
illltertoll, 5, 15, 117, 183, 209 
inward W ATS, 298 
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Trunks ( cont) 
LD, 298 
nontandem tie, 300, 363 
operator, 272 
operator service, 277 
PBX-CO, 298, 319, 390 
PBX tie, 356, 380, 390 
satellite tie, 300 
secondary intertoll, 117, 211, 257 
tandem, 23, 116, 164 
tandem tie, 301, 363 
toll connecting, 5, 17, 23, 116, 183, 

269 
WATS, 298 

TSPS No. 1 ,  267 
TTTN, see tandem tie trunk network 
Two-tone selective signalling, 415 
Two-wire bridge, 405 

Uncompensated temperature varia
tion, 202 

Unified telephone circuit, operator, 
267 

Unigauge design, 64 
ranges, 96 
loop design, 94 
loop, extended, 100 
loops, 97 
loop los·s, 101 
range extenders, 97 

Universal cable circuit analysis 
program (UNICCAP) ,  320 

Index 

Universal service, 307, 371, 381 

Verification tests, balance, 250 
Via net loss (VNL),  13, 184, 364 

design, 13, 223 
factor (VNLF ) ,  15 

Video channel equalization, 464 
Video channels, 467 

625 

Video line facilities, baseband, 459 
Video transmission 

levels, 462, 471 
·system, baseband, 458 

Voice interface units, 218 
Voice transmission, private line, 403 

Wide area telecommunications 
service ( W ATS ) ,  295 

Wideband data 
banks, 439, 490 
facilities, 430 
modem, 430 
service, 430 
test bay, 432 
transmission requirements, 432 

Wideband loop repeaters, 431 
Widehand service bay, 431 
Wilkinson, Neal-

capacity table, 135, 136, 137, 138, 
140, 142, 145 

Wilkinson equivalent random rtheo:ry, 
159 
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