. TRANSMISSION
" SYSTEMS FOR
| COMMUNICATIONS

: ' §1l  BELL TELEPHONE LABORATORIES
'35
- bl




TRANSMISSION
SYSTEMS
FOR
COMMUNICATIONS

By Members of the Technical Staff

Bell Telephone Laboratories

VOLUME 1

Bell Telephone Laboratories, 463 West Street, New York, N. Y.



COPYRIGHT © 1959  BELL TELEPHONE LABORATORIES INCORPORATED



Foreword

Transmission systems are complex aggregates of electronic
and mechanical gear., Their design, manufacture, application and
operation involve the coordination of a wide range of scientific and
engineering considerations by diverse groups of people. The greatest
effectiveness in such an activity will be realized if the people in-
volved have a commonly held understanding of underlying principles.

Bell Telephone Laboratories has two graduate programs in
communications technology: +the Communication Development Training
Program for new employees of the Laboratories; and the Operating
Engineers Training Program for engineers from the Bell System
Operating Companies. Each of these programs includes a course in
transmission systems. While in their future careers these two
groups will have different roles to play in dealing with transmission
problems, we believe that much can be gained by presenting an inte-
grated view of the subject. We hope this text and courses based on
it will help to strengthen and unify the various transmission ac-
tivities in the Bell System.

M. B. MC DAVITT
Director of
Transmission Development

oMb






Preface

Objectives
Transmission is the part of communications engineering con-

cerned with transmitting messages between sources and receivers. The
purpose of this text is to provide material on which communication
engineers can base a clear philosophy of transmission systems. This will
require ability to determine the basic factors in any problem; knowledge
of and analytical facility with major concepts; and working familiarity
with important methods, details, and vocabulary,

Plan of Text

Transmission, like other fields of engineering, is composed
of a central core of method and specialized knowledge surrounded and
supported by numerous related scientific and engineering disciplines.
Electromagnetic theory, active and passive network theory, various branches
of mathematics, and the physics of active devices are a few of the
scientific fields that have a large bearing on transmission. Likewise,
general methods of analyzing systems and the broad viewpoint supplied
by information theory contribute to an understanding of transmission
systemss Although this text will touch on many of these topics, the
reader must go beyond it for detailed development of the parts these
supporting fields play in particular transmission problems,

Presenting a compact and coherent view of transmission re-
gquires integrating the parts of the subject, developing a balanced
treatment of the important ideas and adapting them to the evolving
problems of the communications industry, and establishing basic methods
applicable to both old and new transmission techniques. We need precise
information and vocabulary with which to think. At the same time we
need to generalize and carry ideas from one part of the subject to
others. The essence of the method employed in this text is to present
selected information, vocabulary, and analysis covering the major
problems and techniques of transmission. This material provides the
base for delineating general principles and methods that have broad
applicatione. |

Much of the new thinking about transmission will have its roots
in past accomplishments in the field. Furthermore, it is not practical
to discuss new situations in terms of details that are still to be evolved.
Thus, the material in this text is largely composed of techniques and .
methods that have been applied to existing transmission problems., It
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is expected that a thorough grasp of this background will provide the
basis for systematically considering the application of new technology
to old and new problems.

In making a broad assessment of a transmission problem it
will be helpful if the parts played by the following factors are
examined:

1. The structure of the network in
- which the information bearing
signals are to be transmittede.

The importance of this factor can be illustrated by examining the re-
quirements on a channel which must be switched automatically every few
minutes to form a part of a new chain of channels and comparing them
with the requirements on a channel permanently connecting two fixed
points.

2. The characteristics of the
message to be transmitted,
(As used here and at other points in the text "message" is defined as the
original acoustic wave as spoken, a seene as viewed, or a written page)
The structure of the message , and the reaction of the user of the
message to distortion and interference added during transmission, form
the basis for requirements imposed on transmission channels.
3« The characteristics of the signal
used to transmit the message.

The signal into which a message is translated will have a form and
sensitivity to interference and distortion which is different from the
original message. Much of transmission technology deals with matching
signal characteristics to physically realizable system techniques so as
to achieve a desired quality of message transmission.

4. The performance of the com-
ponents of transmission
systems,

The performance that can be achieved, expressed in such terms as power
capacity, noise, bandwidth, and stability is limited by both physical
and practical considerations. In addition, a wide variety of adjust-
ments can be made among performance factors and components of the
system. These adjustments depend on our ability to evaluate the ways
in which specific mechanisms - such as non-linearity in an AM system
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amplifier, or imperfect equalization in an FM repeater - react on the
signals in the system and ultimately on the message.

The way in which these factors are handled in the text can
be seen from the summary of chapters which follows this preface. The
first chapter deals with the structure of the Bell System telephone
and television networks and their impact on the performance required
from specific links and components. The second chapter discusses the
nature of the telephone message and the way in which requirements on
telephone channels are derived. The third chapter deals with voice
frequency transmission in terms of how the signal is derived, the per-
formance of transmission facilities and the nature of degradations ex-
perienced by the signal,

The problems of transmitting many telephone messages on an
amplitude modulated carrier signal are considered next. In Chapter 4
the preparation of the signal is discussed. This is followed, in
Chapter 5, by a summary of the principal problems encountered in AM
systems. Chapters 6 to 15 give a much more comprehensive treatment of
methods used in the design of AM carrier systems. These may be omitted
by the reader who is not concerned with detailed design problems.

Consideration of television transmission in Chapter 16 pro=-
vides an oportunity to examine an entirely different type of message
and signal., Similarly, frequency modulated microwave radio systems
and pulse modulated systems provide radically different ways of trans=-
mitting messages. The signal composition, performance characteristics,
and signal degradation mechanisms of these methods of transmission are
considered in Chapters 17-28, In the final chapter it is shown how
communication theory relates message characteristics, signal charac-
teristics and system performance,

Transmission - An Evolving Field

Transmission is not a static field. Prior to 1930, it was
largely concerned with defining bandwidth, loss and interference ob-
jectives for telephone and telegraph service and learning to meet them
with an economical combination of transmitters, receivers, wire lines
and amplifiers, In the following two and a half decades, the bulk of
the advanced work in transmission involved designing, manufacturing,
and operating carrier systems. The provision of large numbers of

economical long and short haul channels, including both message and
special service facilities, was the primary objective. From both
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design and operating viewpoints, the transmission systems required to
meet these objectives are well defined entities meeting specified re-
quirements. As a result, the inter-relationships among these toll
systems and the connecting local plant were treated as particular and
in most instances, not controlling problems.

' The growing demand for high quality channels and the advent
of new technology is rapidly leading to a new era of transmission. In
the coming decade, this will be characterized by the application of new
techniques to improve the quality and increase the quantity of both long
distant and local facilities, by the increased complexity of plant used
in making a call with an attendant large emphasis on engineering for
maintenance, and by provision of new services.
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SUMMARY OF CHAPTERS

VOLUME 1

Chapter 1
Transmission System Environment
The composition of the Bell System plant is reviewed in

terms of the types of transmission facilities used and the ways in
which they are interconnected.,

Chapter 2
Message Channel Objectives

The Bell System objectives for loss, noise, crosstalk, and
echo in message circuits are stated, and the statistical nature and
subjective foundation of these objectives are discussed.

Chapter 3
Voice Frequency Transmission
The voice frequency components of the telephone plant -
subsets, loops, vf trunks and repeaters - are described. Voice fre-

quency transmission characteristics, noise sources in the local plant,
and crosstalk are discussed,

Chapter 4

Amplitude Modulation

Amplitude modulation and demodulation are analyzed, and
various forms of AM signals are discussed. Emphasis is placed on the
preparation of telephone message signals for transmission over carrier
systems.

Chapter 5
Introduction to AM Carrier Systems

The building blocks of AM carrier systems are described.
The chapter summarizes many of the important problems encountered in
the design and engineering of these systems and serves as an introduction
to the material that follows in Chapters 6-15.



S-2 TRANSMISSION SYSTEMS

Chapter 6
System Layout Terminology

This chapter collects important terminology used in
Chapters 6 - 15 and introduces the reader to the problem of de-
tailed system analysis.

Chapter 7

Random Noise

Sources of random or thermal noise in AM systems are
discussed; formulae for computing tube noise, and methods of
estimating noise figure of repeaters and the addition of noise in
a string of repeaters are given.

Chapter 8

Modulation Distortion

Cross modulation between channels arising from non-
linearity in an AM system is analyzed. The relation between the
power series representation of the non-linear device, and the over-
all intermodulation performance of an AM multi-repeatered system is
developed.

Chapter 9
Load Capacity, Gains and Losses

System load and overload are defined in terms of an
equivalent single frequency sinusoid. Equality of repeater section
transmission path loss and repeater gain is shown to be an important
objective,

Chapter 10
System Layout and Analxsis

The material developed in Chapters 6 through 9 is used
to illustrate the problems of setting repeater spacing, system
levels, and analyzing system performance.
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Chapter 11
Misalignment

The problem of systematic misalignment - all repeaters
slightly too high or all repeaters slightly too low in gain - is
analyzed and the necessarily adverse effect on signal-to-noise
ratio studied.

Chapter 12

Overload and Modulation Requirements

Methods of deriving overload and intermodulation require-
ments for a system from a knowledge of the speech load are studied.
It is shown that the peak value of the voltage wave corresponding
to a telephone multiplex signal can be expressed in terms of a sine
wave having the same peak voltage; this concept is also made use of
in FM systems later. Methods of computing modulation noise developed
here are similarly adaptable to FM system problems.

Chapter 13
Feedback Repeater Design

The problems of working through a feedback repeater de-
sign from its initial conception to its final form, and estimating
the repeater performance throughout the design process, are dis-
cussed as an example of the interdependence of device development
objectives, circuit design and system performance.

Chapter 14

Regulation and Equalization

Requirements on the transmission-frequency characteristic
for telephone and television transmission are discussed, and methods
for equalizing and regulating to meet these requirements are des-
cribed. The frequently unexpected impact of the equalization plan
on other aspects of system performance illustrates the complex
nature of the system problem.
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Chapter 15
Shaped Levels, Feedback, Compandors, TASI

The effect of shaped feedback and pre-emphasis of the
telephone multiplex load on repeater noise, intermodulation, and
overload is discussed. The problems and advantages of compandors
are described. The principle of time-sharing of channels is
introduced.

VOLUME 2

Chapter 16
Television Transmission

The nature of the television signal, its sensitivity to
interference, and the resulting requirements on transmission systems
for this signal are discussed.

Chapter 17
Introduction to Microwave Systems

The building blocks of a radio system are described,
Some similarities and differences between radio and wire systems
are discussed.

Chapter 18
Radio Propagation

Antenna gain and path loss relations are analyzed.
Characteristics of typical antennas and the problems of fading
and absorption are discussed.

Chapter 19
Properties of the Frequency Modulated Signal

The spectrum of a carrier which is phase or frequency
modulated by one or more sinusoidal signals is derived. The
spectrum resulting from angle modulation by a band of random noise
representing a telephone multiplex signal is given.
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Chapter 20
Random Noise in FM and PM Systems

The method of analyzing the noise performance of an FM
or PM system is given. The noise advantage of FM over AM systems
is derived, and shown to be an example of the principle of trading
bandwidth for signal-to-noise ratio.

Chapter 21

Use of the Fourier Transform for
ransmission System Analysis

The Fourier Transform is reviewed at this point to
serve as a tool for analyzing subsequent FM and PCM material.

Chapter 22

Effect of Transmission Deviations in
and ystems

The methods of analyzing the effects of transmission
deviations in an FM or PM system are presented.

Chapter 23
Frequency Allocation

The factors effecting choice of baseband width and the
mechanisms of interchannel interference are discussed. Frequency
allocations of present radio systems are illustrated.

Chapter 24
Illustrative Radio Systems Design Problem

The material in the previous chapters is summarized by
applying it to the analysis of a short haul 100 channel system.
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Chapter 25
The Philosophy of Pulse Code Modulation Systems

A general introduction is given to the principles of
message sampling, quantizing, coding, decoding, and reconstruction.
Time division multiplex and the trading of bandwidth for signal-to=-
noise ratio are examined for a PCM system, and the results are re-
lated to previous discussion of AM and FM systems.

Chapter 26

Preparation and Processing of Signals in PCM

The spectrum of a sampled message is examined to intro-
duce the problem of filter requirements. This is followed by a
description of the terminal equipment and a discussion of estimated
noise performance of a 24 channel system.

Chapter 27

Pulse Transmission and Reshaping

High-end shaping and transmission deviations are analyzed
in terms of error rate., Methods of compensating for the effects of
low frequéncy suppression in transmission systems are discussed.

Chapter 28
Regeneration and Retiming

Ideal vs. partial regeneration and retiming are studied
in terms of the system error rate. The advantages of a regenerative
system over a conventional AM or FM system are discussed.

Chapter 29
Signal Processing
The nature of speech is discussed, and methods which have

been devised to extract and transmit only the information content of
the message are examined.



Chapter 1
TRANSMISSION SYSTEM ENVIRONMENT

Introduction

In providing the telephone service which permits people to talk
together at a distance, the telephone system must supply the means and
facilities for connecting together the particular telephone stations at the
beginning of the call and disconnecting them when the call is completed.
Both switching and transmission problems are involved. The switching
problem is concerned with selecting and connecting together the customers
and transmission path, and includes supplying and interpreting the control
and supervisory signals needed to perform this operation. The transmission
problem, which is the concern of this text, deals with the transmission

of these control signals and the customer's message.*

A transmission system in its simplest form is a pair of wires con-
necting two telephones., lNore commonly, the term "transmission system" is
used to denote a complex aggregate of electronic gear and the associated
medium which together provide a multiplicity of channels over which a number
of customer's messages and the associated signalling information can be
transmitted.

In general, a call between two points, in any but a purely local
situation, will be handled by connecting a number of different. transmission
systems in tandem to form an overall transmission facility between the two
points. The way in which these systems are chosen and interconnected has a
strong bearing on the characteristics required for each system. Similarly,
the way in which television and many other special service facilities are
built up reacts on the performance required for each transmission system
used to carry these types of services. This is so because each element
which forms a link in the overall transmission facility between two points
will add some degradation to a message. It follows that the relationship
between performance and cost of a transmission system cannot be considered
only in terms of the isolated system but must also be viewed with respect
to the relation of the system to the building up of a complete facility.
Thus, the solution of design, manufacturing, and operations problems for a
specific system will more often than not require knowledge of other systems
in the telephone plant, both existing and planned.

#*The term message as used in this chapter denotes any information a customer
might want to get from one place to another, e.g., speech, TV, data, etce

1-1
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Telephone Service - Connection Description
An example of the large variety of facilities that might be

used in handling a telephone call is illustrated by Figure 14 A
block schematic of a typical long connection is shown on Figure 2. A
connection may involve voice frequency transmission between subsets
through a single central office or a multiplicity of links including
several offices, voice frequency paths and carrier systems.

The subscriber's subset modulates a direct current (usually
transmitted from the central office) with the acoustic speech message
to be transmitted. The subset also demodulates the received signal
and returns it to its acoustic form. In addition, it generates super=
visory signals (on-hook and off-hook) and switching signals (dial

*For latest terminology and more detailed discussion see "Notes on
Distance Dialing" AT and T circular file.
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pulses). There are a variety of subsets in use, each having somewhat
different frequency response and transmitter and receiver efficiency.
The importance of these factors is discussed in Chapter 2 while the
characteristics of the subset are covered briefly in Chapter 3.

The subscribert's loop provides a two way path for the speech
signals and the ringing, switching, and supervisory signals. Since the
subset and subscriber's loops are permanently associated, their combined
transmission properties can be adjusted to meet their share of the message
channel objectives discussed in Chapter 2. For example, the greater ef-
ficiency of the 500 type subset is used to permit increased loop loss due
to longer distances or finer gauge wire. The performance and limitations
of loops will be discussed in Chapter 3.

The small percentage of the time (of the order of 2%) that a sub-
scriber's loop is used has led to the consideration of "line concentrators"”
for introduction between the subscribers and the central office. In
effect, the concentrator is a partial central office, and the pair which
connects it to the true central office, and which formerly was part of the
loop plant, must now be thought of as a trunk. The essential difference
between a loop and a trunk is that a loop is permanently associated with a
particular subscriber and subset, whereas a trunk is a common usage
connectione.

Trunks of various types are used to inter-connect central and
toll offices. An inter-office trunk connects a local central office to
another central office, a tandem trunk connects an end office to a tandem
office, while a toll-connecting trunk connects a local office to the toll
office.,* In toll language, toll connecting trunks are also described as
"terminating links".

Up to the point where the signals are connected to inter-toll
trunks in the toll office, the message and supervisory signals may be
handled on a two-wire voice frequency basis (that is, the same pair of wires
is used for both directions of transmission), by a rural carrier (used as a
loop), or by short haul N carrier or, in the future, PCM (used as toll
connecting trunks). At the toll office, after appropriate switching and
routing, the signals are generally connected to the toll trunks by means of
a four-wire terminating set, which splits apart the two directions of trans-
mission so that the long haul transmission may be accomplished on a four-
wire basis. (Some short intertoll trunks are handled by two-wire trans-
mission.) Through these intertoll trunks, the signals are transmitted to
remote toll switching centers (which in turn are connected by intertoll

- e e Ge ws e en e w3 wm e e W ER s e e A5 G0 GE wr e S *m e s e Gm S W5 G @ e we e ew

*In general, local offices connect to toll offices by direct trunks
rather than by way of tandem offices.
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trunks to other switching centers) and ultimately reach the recipient of
the call through another four-wire terminating set and other local switch-
ing ecuipment, toll connecting trunks and a final subscriber's loop.

The types of facilities that might be involved in various con-
nections can be seen by reference to Figure 1, The simplest connection
would be a call between subsets 1 and 2, both working out of End Office
1,%* in which no trunks would be involved. An inter-office call between
subsets 1 and 3 in City "A" would use two trunks, the connection being
made via a tandem office. These trunks would normally be voice frequency
circuits, possibly equipped with negative impedance repeaters; or a short
haul carrier such as N, or, in the future, transmission might be via a
pulse code modulation system.

Next, consider a call between Subset 1 in City A and Subset 4 in
City E. The path begins at a subscriber loop working into End Office 1.
From there it uses a voice frequency toll connecting trunk to the toll
center, In the skeletonized system shown here, there are two paths to the
toll center in City A (one through the tandem office). Between City A and
City E there are a number of routes. If the two cities have a high
community of interest, there would be direct trunks between them. Figure 1
shows that in this case the two cities are linked by, for example, "N"
Carrier. An alternate route which happens to employ "K" Carrier is also
shown, via a primary center. Out of this Primary center (Class 3) there
might be direct, high-usage trunks on "O" Carrier to City E. Alternatively,
use would be made of "final™ trunks to a Szctional center (Class 2) at
City C, from which connection might be made to City E through another
Sectional center and another Primary center. These latter trunks might
be on an L3 coaxial system or a TD-2 microwave radio system.

Toll Switching Plan

The plan used to connect together toll offices has a large
bearing on the performance required of both local and toll transmission
systems. In early practice, toll circuits were operated manually by
operators on a so-called "ring down'" basis. With such arrangements, the
number of circuits that could be connected in tandem was severely limited,
and comparatively limited use was made of alternate routing. OSpeed of
service was comparatively slow and trunks were inefficiently used in many
cases.

The introduction of automatic switching of toll circuits permits
calls to be switched so rapidly and cheaply that, by using alternate
routes, circuits can be laid out and built up much more economically.

*End office is the designation given to the lowest rank office in the
Toll Switching Plan, as discussed in the next section.
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An example of the impact of toll dialing on the trunk layout is shown on
Figure 3. The upper diagram (a) shows the circuit groups which would be
required to handle an assumed flow of traffic on a ring down manual basis,
The lower diagram (b) shows the circuit groups that would be required for
the same traffic using toll dialing. Direct connection between offices is
provided where heavy traffic is expected (the ™igh usage" groups) but
alternative "final" (or "last resort") routes are provided to handle over-
flow traffic. In (a) there are 42 different circuit groups. In (b) there
are 26 circuit groups which are larger and used on a more efficient basise

(Q) RINGDOWN
OPERATION

[ resionaL cenTer
A} PRIMARY OUTLET

O.

O TOLL CENTER

(b) NATIONWIDE
TOLL DIALING

REGIONAL
OREaT O PRIMARY OUTLET

TANDEM OUTLET
SECTIONAL ?rou. CENTER ==== POSSIBLE HIGH USAGE SROUPS

FINAL GROUPS

Typical Intertoll Trunk Networks

Figure 1-3
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In the present toll switching plan there are five ranks or
classes of switching centers, The highest rank is the Regional Center.
The lowest rank, called the End Office, is the telephone exchange in which
the subscriber's loops terminate. The chain of switching centers and an
illustration of how a call might be routed is shown on Figure 4. The order
of choice at each control center is indicated on the figure by the numbers
in parentheses, In the example there are ten possible routes for the call,
only one of which requires the maximum of seven intermediate links.* Note
that the first choice route involves two intermediate links. In many
cases, a single link exists between the two toll centers which would be
the first choice.

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 final routes in these cases

REGIONAL CENTER "
Re- RC-2 CLASS |
A
SECTIONAL VYo
CENTER (@ .7/

PRIMARY
CENTER
PC-I

TOLL
CENTER

TC-I

TC-2 CLASS 4

END
OFFICE
EO-I EO-2 CLASS €

NOTES:
1. NUMBERS IN () INDICATE ORDER OF CHOICE OF
ROUTE AT EACH CENTER.
2.ARROWS FROM A CENTER INDICATE TRUNK GROUPS
TO OTHER LOWER RANK CENTERS THAT HOME ON
IT. (OMITTED IN RIGHT- HAND CHAIN)

Nlustration Of Choice Of Routes On Assumed Call
Figure 1-4

*In this discussion, the number of links refers to the number of toll
trunks in tandem and does not include the two ™terminating links" (toll
connecting trunks) at the ends of the connection.
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will not extend as far as the Regional Center, and may not involve even
the next lower ranking centers in the chain. The maximum number of toll
trunks in these connections is therefore less than seven. Secondly,
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 proba-
bility of this happening in the case illustrated in Figure L is only ps,
where p is the probability that all trunks in any one high-usage group
are busy. Thirdly, many calls do not originate all the way down the
line since each class has all the duties (in its area) of all lower classes
except 5.

The following table makes these points more concrete. The
middle column of this table shows, for the fictitious system of Figure 4,
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
these probabilities the idealized assumptions ares that the chance that
all trunks in any one high-usage group are simultanéously busy is 0.1}
that the solid line routes are always available; and that of the avail-
able routes, we always select the one with the fewest links. The figures
in Table 1 illustrate how increasingly unlikely are the connections re-
quiring more and more links., These numbers are, of course, highly
idealized and simplified. Actual figures from a Bell Syétem survey made
in 1946 and 1947 are shown in the last column of Table 1. Note that at
that time 80 percent of the calls were completed over only one inter-
mediate link (which is not possible in the system shown in Figure 4,
which does not show a direct trunk between toll centers) and that as
many as 7 intermediate links were required in only 3 out of 100,000
callse.

Table 1-1

Probability that N or more links will be required
to complete a toll call.

No. of Intermediate Probability
Links, N ; Fig. 1-3 Bell System Data
Exactly 1 0 0.8
2 or more 1.0 0.2
Exactly 2 0.9 -
3 or more 0.1 0.03
4 or more 0.1 0.003
5 or more 0.010,9 -
6 or more 0.001, 09 -
Exactly 7 0.000, 01 0. 000,03
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It is apparent that the switching pattern that has been de-
scribed imposes strict transmission requirements on the toll trunks., Up
to seven toll trunks may be connected in tandem, and successive calls
between the same two telephones may take different routes and encounter
different numbers and kinds of circuits. The loss must not be excessive
when calls are routed over the maximum number of links, and there should
not be too great a variation in the transmission afforded over the dif-
ferent possible routes that a call might take. Loss cannot be permitted
to get too low either or echo, singing, crosstalk, and noise can cause
excessive transmission impairment. Design and maintenance must both
recognize that if unsatisfactory transmission should occur it will not
be observed by an operator as in the past, and that the customer's attempt
to call unsatisfactory transmission to an operator's attention will
disconnect the circuit complained of. Identification of the source of
trouble thereupon will be very difficult.

Television Service

Television transmission in the Bell System involves connecting
together studios, the broadcaster's master control center, transmitters,
and telephone company television operating centers within cities and then
inter-connecting cities by means of nationwide television facilities.
Figure 5 shows a typical intra-city layout for a large broadcaster. The
local television links are usually A2 or A2A video systems. Two-way
connections between the master control location and the studio are often
required for programming purposes. For example, filmed material from the
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master control location may be sent to the studio, there to be combined
with the live program and returned to the master control room over a
second circuit., For local broadcast a third circuit to the radio trans-
mitter is required. For network operation, connecting circuits are re-
quired between the master control room and the telephone company's
television operating center (TOC) where connection to the inter-city
facility is made,

Simpler layouts are found at cities where programs do not
normally originate. Such cases require only video systems to carry the
programs from the radio or coaxial system terminals to the broadcasting
station, with means for selecting the program scheduled for broadcast.

The inter-city channels may be either direct connections be-
tween cities or round robin channels with cities fed by circuitous routes,
These connecting facilities are formed and re-formed each day depending
on the broadcaster's requirements. Thus, links must be connected in
tandem in different ways on a day-to-day or hour-to-hour basis. It is,
therefore, not usually practicable to line up or equalize on an overall
basis. Instead, each link must be capable of a transmission quality such
that when all the necessary links are connected in tandem, the signal will
hove a verv small probability of being unduly degraded.

Carrier and Radio Transmission Systems and Their Components

The overall communication channel connecting together two mes-
sage or television customers is seen to be composed of numerous links,
each of which, in general, is itself a complete channel provided by a
transmission system. The transmission system may be a pair of wires with
or without amplifiers, or a carrier system providing anywhere from a few
to many hundreds of telephone channels combined into a single "broadband
channel”, or it may be a video or carrier system providing a single
television channel. '

While message systems are normally designed and operated to
supply two-way communications, the fact that four wire transmission is
used in most of the toll plant (and increasingly in the local plant)
makes it possible to analyze such systems in terms of one-way trans-
mission. Similarly, television systems can be analyzed in terms of one-
way transmission, even though network operations may at times require a
return path over another one-way transmission system.

The components of an AM or FM carrier transmission system to
supply the one-way channels that form the links in the overall customer-
to-customer telephone channels are shown on Figure 6. The incoming
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signals are the voice frequency message signals from the four wire
terminating set of Figure 2., The carrier terminals limit the frequency
band and signal amplitude and translate the voice frequencies through
one or more steps of modulation to the desired frequency in the broad-
band channel. The carrier terminals typically include modulators, de-
modulators, amplifiers, pads, and filters. Signal-to-noise penalties,
unwanted modulation products, carrier frequency stability, and stability
of gains and losses versus time are important factors in such terminals.
From these terminals, the broadband channel may then be transmitted
directly on to a wire line as in ariplitude modulated wire systems or it
may frequency-modulate a microwave carrier for transmission on a radio
system. The broadband signal is then transmitted through many more or
less identical repeater sections composed of lossy wire or radio media
and compensating repeaters. After the signals have passed through a
number of repeater sections, a more complicated repeater is sometimes
required in which the signal can be equalized, i.e., in which accumulated
~deviations from the desired transmission characteristic can be compensated
for by adjustable networks. Finally, a point is reached where at least
some of the circuits are to be dropped. At this point the signals must
be demodulated back to voice frequency, making use first of an FM
terminal if it is a radio system and in all cases by means of appropriate
carrier terminals,

If a television channel is being transmitted on an AM carrier
system, the carrier terminal translates the video signal to the desired
place in the spectrum and then basically the same microwave or coaxial
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high frequency repeatered line may be used, except that now delay equal-
izers must also be provided, to correct accumulated delay distortion due
to line, repeaters and terminals.

Just as the need to transmit TV set new requirements so the
expected growth of data transmission as well as other projected new types
of services will place new demands on the plant in terms of the signals
it must be capable of transmitting and the connections it must be possible
to set up.

Impact of Links and Section Multiplicity
In the preceding sections we have seen that customer-to-

customer communications channels can involve a multiplicity of different
links connected together in many ways. We have seen that local plant is
basic to every connection; its efficiency and uniformity, with respect to
loss, noise, and impedance (to mention but a few of the factors that must
be considered) affects the entire system. It has also been pointed out
that the longer transmission systems used to interconnect central and
toll offices, link by link, will often include terminals and sections of
line which in turn are composed of numerous more or less identical re-
peater sectionse.

This composition of the overall channel gives rise to two
problems that have a major bearing on everything that is done in con-
nection with transmission systems. In the first place, the accumulation
of performance imperfections from a large number of links and sections
leads to severe requirements on individual units and to great concern
with the mechanisms causing imperfections and the ways in which im-
perfections accumulate. In the second place, the variable complement of
links forming overall channels makes the problem of allocating tolerable
imperfections among links on an economical basis quite complex. Deriving
objectives for a channel of fixed length and composition is a problem in
customer reactions and economics. However, when the channel objectives
must be met for widely varying lengths of channels and composition of
links, the problem of deriving objectives becomes an even more complex
statistical study involving considerable knowledge of plant layout,
operating procedures and the performance of other systems. This will be
taken up in the next chapter,



Chapter 2
MESSAGE CHANNEL OBJECTIVES

How well a customer can talk and hear over a channel, and his
opinion of the grade of transmission, will depend on:

a) Received speech power - which is a function of the
efficiency of the transmitter and receiver and of the
electrical loss between them, as well as the acoustical
power of the talker.

b) The bandwidth transmitted.

¢) The amount and character of the noise introduced.

d) The cross-talk that he hears, expecially cross-talk which
either is intelligible or seems nearly so.

e) The magnitude and delay of the echo (of his own voice)
that he hears.,

f) Most important, perhaps, the customer's expectations.
The need for up-grading our objectives to keep pace
with the customer's rising standards is an important
aspect of our work.

There are other important imperfections which should be con-
 sidered in a full study of message channel objectives. Tones of various
frequencies and character, unintelligible crosstalk of varying degrees of
likeness to speech, "clicks™ and "bats", for example, alsoc impair message
transmission, Similarly, telegraph, program, tele-photograph, and other
special services such as data transmission place additional requirements
on systems. Examples are limits on "hits", or short duration inter-
ruptions, and limits on delay distortione.

A complete discussion of all these sources of impairment would
be far too detailed for the purposes of this text. We shall limit our-
selves to a discussion of items (a) to (f) above. These are among the
most important for telephone message service, and a discussion of them
will adequately illustrate the inter-relations which exist between the
many types of impairments and their effects on transmission system
design, operation and maintenance.

Our discussion will necessarily involve a number of perhaps
unfamiliar concepts, measurement techniques and units of measurement,

2-1
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It may be helpful to follow the rather diverse material to be covered
if we begin with an outline:

l- Signals and noise can be measured at various points in
a telephone system. The answers will depend upon where
in a circuit a measurement is made. The first concept
to be discussed is the establishment of a reference point
in the system to which all measurements can be tied. It
is dealt with in the section on "Level" (Page 2-3).

2- Voltmeters and ammeters are useful in measuring simple
sinusoidal signals. In the telephone system, however,
we must measure complex signals and noises. Simple instru-
ments are inadequate, particularly since they do not take
into account any of the subjective factors which determine
the final evaluation of a telephone circuit. The special
instruments and unique units of measurements in telephony
are discussed in the sections on "Volume" (Page 2-4, which
deals with signal magnitudes) and "Noise Measurement"
(Page 2-6).

3~ Some means for evaluating the overall performance of a
telephone circuit is required. Two methods of rating
are discussed - the Working Reference System, under
"Effective Transmission Loss" (Page 2-11) and the Electro-
acoustic Transmission Measuring System (Page 2-16)., It
is in the section on Effective Transmission Loss that such
terms as Noise Transmission Impairment and Distortion
Transmission Impairment are introduced and explained. At
this point, we pause to take a look at the performance of
present day circuits and the customer's opinion of them,

L- Noise objectives are discussed next (Page 2-20), and it
is pointed out that such requirements must be stated in
statistical terms rather than as a single number (Page 2-23),

5- A brief discussion of crosstalk objectives, in rather
broad terms, rounds out this discussion of interferences
(Page 2-25). (A more detailed section on crosstalk follows
in the next chapter.)

6~ Next, we consider talker echo and singing (Page 2-26).
We find to our sorrow that loss must be inserted in
contemporary telephone circuits to make echoes tolerable
and to prevent singinge
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7- Finally (Page 2-31) we consider the objectives which
have been set for future connections in terms of
received volumes and customer satisfactione

The student is now presumably prepared for the rather varied
package of important ideas presented in the following pages of this
chapter,

Level
In order to specify the amplitudes of signals or interference,

it is convenient to define them at some reference point in the system.
The amplitudes at any other physical location can then be related to this
reference point if we know the loss or gain (in db) between them. In the
local plant, for example, it is customary to make measurements at the
Jacks of the outgoing trunk test panel, or (if one does not wish to in-
clude office effects) at the main frame. For a particular set of measure-
ments, one of these points might be taken as a reference point, and
signal or noise magnitudes at some other point in the plant predicted
from a knowledge of the gains or losses involved,

In toll telephone practice, it is customary to define the
toll transmitting switchboard as the reference point or "zero trans-
mission level" point. To put this in the form of a definition:

The transmission level at any point in a transmission system
is the ratio of the power of a test signal at that point to
the test signal power applied at some point in the system
chosen as a reference point. This ratio is expressed in
decibels. In toll systems, the transmitting toll switch-
board is usually taken as the zero level or reference point,

Frequently the specification of transmission level is confused with some
absolute measure of power at some point in a system. Let us make this
perfectly‘clear. When we speak of a -9 db transmission level point

(often abbreviated "the -9 level"), we simply mean that the signal power
at such a point is 9 db below whatever signal power exists at the zero
level point. The transmission level does not specify the absolute power
in dbm* or in any other such power units. It is relative only. It

should also be noted that although the reference power at the transmitting
toll switchboard will be at an audio frequency, the corresponding signal

power at any given point in a broad band carrier system may be at some



2-L TRANSMISSION SYSTEMS

carrier frequency. We can, nevertheless, measure or compute this signal
power and specify its transmission level in accordance with the definition
we have quoted. The transmission level at some particular point in a
carrier system will often be a function of the carrier frequency associated
with a particular channel.

Using this concept, the magnitude of a signal, a test tone, or
an interference can be specified as having a given power at a designated
level point. For example, in the past many long toll systems had 9 db
loss from the transmitting to the receiving switchboard; in other words,
the receiving switchboard was then commonly at a -9 db transmission level,
Since noise measurements on toll telephone systems were usually made at
the receiving switchboard, noise objectives were frequently given in
terms of allowable noise at a -9 db transmission level. Modern practice
calls for keeping loss from transmitting to receiving terminals as low
as possible, as part of a general effort to improve message channel
quality. As a result, the level at receiving switchboard, which will
vary from circuit to circuit, may run as high as -4 or -6 db., Because
of this, requirements are most conveniently given in terms of the inter-
ference which would be measured at zero level. If we know the trans-
mission level at the receiving switchboard it is easy to translate this
requirement into usable terms. If, say, some tone is found to be =20 dbm
at zero level and we want to know what it would be at a receiving switch-
board at -6 level, the answer is simply =20 -6 = =26 dbm,

Volume

A periodic current or voltage can be characterized by any of
three related values: the rms, the peak or the average., The choice
depends upon the particular problem for which the information is required.
It is more difficult to deal with complex, non-periodic functions like
speech in simple numeric terms. The nature of the speech (or program)
signal is such that the average, rms and peak values, and the ratio of
one to the other, are all irregular functions of time, so that one
number cannot easily specify any of them. Regardless of the difficulty
of the problem, the magnitude of the telephone signal must be measured
and characterized in some fashion which will be useful in designing and
operating systems which involve electronic equipment and transmission
‘media of various kinds. We must be able to adjust signal magﬁitudes to
avoid overload and distortion and we must be able to measure gain and
loss. If none of the simple characterizations is adequate, a new one
must be invented. The characteristic used is called "volume™ and is
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expressed in VU (volume units). It is an empirical kind of measure
evolved to meet a practical need and is not definable by any precise
mathematical formula. The volume is simply the reading of an audio
signal on a carefully specified volume indicator, called the VU-meter,
when the meter is read in a carefully specified fashion.
The development of the VU-meter was a joint project of the
Bell System and the two large broadcasting networks. They decided that
the principal functions required of such a measuring device were:
1. Measuring signal magnitude in a manner which will
enable us to avoid overload and distortion.
2. Checking transmission gain and loss for the complex
signal.
3. Indicating the relative loudness with which the signal
will be heard when converted to sound.

Since one of the principle functions is the detection of
overload conditions, one might suspect that a peak reading instru-
ment would be most desirable., A difficulty arises, however, when a
peak reading instrument is used to compare signal magnitudes at various
points in a long circuit. The effect on wave shape of large values
of delay, where delay is a function of frequency, is drastic, par-
ticularly on sharp peaks. Thus two readings taken at widely separated
points might indicate a loss or gain in the circuit when in fact there
was only phase shift. For this reason the VU-meter is an rms-reading
instrument, in effect integrating the signal over a short period,
but a period long enough so that circuit phase shift will have
negligible effect on readings. At the time the VU-meter was proposed,
severe subjective tests were made to assure that it was a good in-
dicator of overload, despite its inability to follow the sharpest
peaks. The fact that an rms-reading meter can be used satisfactorily
is a function of the physiological and psychological factors involved
in the ear's appreciation of distortion. Considerable distortion can
apparently be tolerated if it occurs in rare, short peaks,

While the rms meter used in the VU-meter is slower than a
peak reading device, it does not read long term power. The meter
follows a complex signal with a certain amount of sluggishness and,
as the results of the overload detection test indicate, is a good
indicator of the signal peaks which cause annoying overload. In
actual use it is read with a special technique. One observes the
peak swings of the meter, averaging the peaks mentally, ignoring oc-
casional rare, high-valued peaks, The resulting "averaged" reading,
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taken in this unique fashion is the "volume" of the audio signal being
observed. The value of the VU-meter as an indicator of relative loudness
in the eventual acoustic signal derives from the fact that there is a
statistical relationship between peaks, integrated peaks and the longer
term average power in speech and program material. As a matter of fact,
either a peak reading or an rms reading meter would be satisfactory in
this respect. It is true that this statistical relationship depends
upon the type of material. In practice, however, it is found that 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 when using the VU-meter for
measuring program materiale.

For convenience, the meter scale is logarithmic, with a
10 log scale. That is, readings bear the same relationship to one
another as do decibels. The readings are not in decibels, however.
They are in volume units -- VU's. This is a specially invented
unit for a specially conceived concept, the invention having been
made to meet a practical measurement problem. The VU can only be
described as that unit of measurement read on a certain type of
meter, built to special specifications and read in a specified
manner. There is no other accurate way to describe it. It is true
that the meter will give a reading if a continuous sinusoid is
imposed upon it. It is also true that one can establish a cor-
relation between the volume of a talker and his long term average
power or his peak power. Such correlations are valuable, but the
fact that they exist should not be allowed to confuse the real de-
finition of volume and VU's. Putting it as simply as possible -- a
-10 VU talker is one whose signal is read on a volume indicator (by
someone who knows how) as -10 VU -~ period!

One final note. The VU-meter has a flat frequency re-
sponse over the audible range and is not frequency weighted in any
fashion.

Noise Measurement

The measurement of noise, like the measurement of volume, is
an effort to characterize complex signal. The noise measurement is
further complicated by our interest, not in the absolute magnitude of
the noise, but rather in how much it annoys the subscriber. Consider

what is required of a meter which will measure the subjective effects
of noise:



MESSAGE CHANNEL OBJECTIVES 2=7

1 - The meter movement should have a time constant resembling
that of the human ear.

2 - The readings should take into consideration the fact
that the interfering effect of noise will be a function
of freguency spectrum as well as of magnitude.

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

L4 - When dissimilar noises are present simultaneously the
meter should combine them to properly measure the
overall interfering effect.

5 - The units of measurement should be meaningful and
conveniente.

The 2B Noise Meter, the present standard noise measuring device
in the Bell System, does not meet all these requirements ideally. The
problems of meter movement design and meter reading technique are straight-
forward and not unlike those of the VU-meter. The establishment of a
relationship between a meter reading and a subjective effect however, is
not so simple. The first task is to determine the effect of noise on
articulation.** This can be done through extensive tests on human
observers. Several questions need to be raised first, however. If we
are designing the meter for use in the telephone plant, we must remember
that, in general, the electro-acoustic transmission between any given
measuring point and the subscriber's ear will be a function of frequency.
Since we are interested in the effect on the subscriber, the meter must
be designed to weight its measurements to take into account the frequency
shaping of the external circuit. And if the meter is to be frequency
weighted we must also decide where in the telephone plant we want to use
it. We must also define the circuit external to the listener's ear, both
for the purpose of designing the meter and for using it in the field.

Further, it is known that the ear does not have equal sensi-
tivity to sounds at all frequencies. It is also not necessarily true
that noises of equal power but of different types will have equal
interfering effects. In making our subjective tests, what kind of noise
should we use? If we design a weighting network for use with a particular

*#*Chapter 3 discusses some of the more common types of noise. -

**Articulation tests do not give the complete answer, of course. Some
types of noise, although annoying, do not affect intelligibility much,
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external circuit using one kind of noise, will the measurement be meaning-
full for other types of noise?

The question of defining external circuits for the subjective
tests in answered in terms of convenience of use of the meter. One
convenient measurement is made across the receiver terminals in the sub-
set. The frequency weighting associated with this measurement is desig-
nated RECEIVER weighting and must, of course, be further associated with
a particular design of receiver. The other convenient measurement is
made across the line at a central office. That weighting is designated
LINE weighting and presumes a specified subscriber loop, central office
loss and a specified type of subset across the line, as well as the
transmission from receiver to human brain, The weighting networks, in
other words, must take into account not only the subjective weighting of
noise at different frequencies, but also the weighting associated with
the transmission of the test circuit. ©Since the noise meter is tied by
design to specified points in the plant it can only be used at those
points - accross the receiver terminals or across the line at the re-
ceiving central office. If it is used elsewhere, corrections, assuming
they are known, will have to be made,

Once the "standard" test circuits are defined, the subjective
tests themselves can be made. In practice what was done was to determine
the interfering effects of single frequency test tones on speech. The
resulting preliminary weighting was used to make measurements of other
types and magnitudes of noise which were subjectively Jjudged to be
equally interfering. Ideally, the meter should yield equal answers. It
did not, so the weighting curves were slightly modified to minimize the
errors (and to take into account limitations in the design of physical
weighting networks). The actual LINE weightings are shown in Figure 1l.*

*For the sake of the student who may be unfamiliar with the various
code designation for telephone receivers and transmitters the three
types discussed in this chapter are identified as follows:

Designation Receiver Transmitter
Subset Type of LINE Weighting Type Type
500 T1U U-1 T-1
302 FlA ' HA-1 ‘ F-1

Desk stand type
used in Working
Reference System 144 144 337
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The 2B Noise Meter does not include LINE or RECEIVER weighting networks
for the type 500 subset, The FlA and tentative T1lU LINE weighting are
sufficiently close, however, to permit LINE measurements on the type 500
set with acceptable error. This is not true of the RECEIVER weightings,
however, and the 2B noise meter cannot be used for measurements across
the Ul receiver of the 500-type subset.

Now, assuming that we have a meter which takes into consider-
ation the electrical and acoustical transmission of the noise from the
measuring point to the subscriber's ear as well as the psychological
effects (frequency weighting and time constant), we can consider the
problem of adding noises. At the time this measuring technique was de-
veloped it was believed that interference effects added according to a
power law (10 log). That is, it was thought that if two tones had equal
interfering effect when applied individually, then the effect if both
were present would be 3 db worse than for each separately. Recent
research indicates that the combination of subjective factors in hearing
may, in general, follow much more complex laws in which the addition law
is a function of the relative frequencies and magnitudes of the signals
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being combined. Nevertheless, the present meter assumes power addition,
This will appear less distressing if it is kept in mind that system ob-
jectives are set, not on the basis of arbitrary measurements with a noise
meter, but in terms of subscriber reactions.

Finally, we need to consider a rational unit of measurement,
The meter reads noise on a decibel scale. Originally these readings were
relative to a certain amount of circuit noise, designated "reference
noise™" and the units known as dbRN. This designation is no longer used.*
The new reference, when the meter is used with 144 weightings, is =90 dbm
at 1000 cps. The unit has also acquired a new name, dba (decibels,
adjusted), for reasons which we will now explain.

With the introduction of the type 302 subset, it became
recessary to provide new weighting networks for the 2B Noise Meter.
Figure 1 shows the relative shapes of the old and new weightings. Un-
fortunately, a network design difficulty resulted in the F1A and HAl
networks introducing 7 db of flat loss which has nothing to do with the
interfering effects of noise., For this reason it is necessary, when
using type 302 weightings, to correct the meter readings by +7 db before
the actual measurement is known. Thus, a noise which should measure
0 dba with F1A or HAl weighting will actually give a meter scale reading
of -7 db. Adding the correction of +7 db gives the actual measurement of
0 dba (db adjusted). For all weightings, various other corrections can
be made when the noise meter is to be used at points other than the
receiving switchboard or the receiver terminals or across non-standard

impedances.

Because the HAl receiver is 5 db less efficient than the 144
type at 1000 cps, it takes -85 dbm of 1000 cps tone to cause the modern
subscriber the same annoyance which -90 dbm would have caused a subscriber
equipped with a 144-type receiver. Very properly, therefore, a -85 dbm
1000 cps tone will give rise to a O dba noise reading with F1A or HAl
weighting.

It also happens, as a matter of fortuitous accident, that white
noise - random noise which is flat with frequency - applied at the re-
ceiving switchboard across a 3000 cps band will give the same dba reading
for either 144 or F1lA LINE weightinge. In other words, the effect of
white noise at the receiving switchboard is the same for both subsets,
The student is free to satisfy himself that the arithmetical areas under
the F1A and 144 weighting curves of Figure 1 are equal, which is what is
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*See Appendix I to this chapter.
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implied above. The magic number to remember is that O dbm of white noise
over a 3000 cps band will read +82 dba for either LINE weighting.

The following table summarizes the important numbers to remember
in association with the 2B Noise Meter:

Noise Meter Noise
Noise Power Reading Correction Measurement
Weighting Source (dbm) (db) (db) (dba)
144 LINE 1000 cps -90 0 0 0
or RCVR tone
F1A LINE 1000 cps
or RCVR tone -85 =7 +7 0
144 LINE White
Noise (3kec) 0] +82 0 +82
F1A LINE White
Noise (3ke) 0 +75 +7 +82

One precaution should be noted. The fact that -90 dbm of
1000 cps tone gives rise to a O dba reading does not mean that O dba
equals -90 dbm, The noise meter measures the interfering effect of
noise, but it cannot tell the observer what kind of noise is causing

the interference or how much of a particular kind of noise is
present. O dba may equal -90 dbm of 1000 cps tone or it may equal
-32 dbm of white noise in a 3000 band or it may equal a certain
magnitude of tone at any given frequency, but the only thing these
three noises will necessarily have in common is that they cause
the same amount of interferenceJ*

Effective Transmission Loss

With our definitions of level, volume and dba in mind, we
can now begin to consider objectives for the first three of the im=-
portant categories of imperfections mentioned at the beginning of this
chapter -- the impairments caused by loss, noise, and bandwidth re-
strictions as measured on a subjective basis. We lump these together
because of historical reasons -- they have, in the past, all been
evaluated in terms of "effective transmission loss".

"Effective transmission loss", often abbreviated to "effec=-
tive loss", is a composite "figure of merit" for a telephone message
channel, which is arrived at by lumping together the impairments

% See Appendix II at the end of this chapter.
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caused by loss, noise, and bandwidth restriction.x Noise, for
example, can be expressed in terms of loss by setting up two channels
of good quality and then degrading both - adding a fixed amount of
noise in one, and varying an attenuator in the other. We might find,
for example, that the impairment caused by +31 dba of noise,

measured across the subscriber's receiver, is (by his subjective
judgment) equal to the impairment caused by increasing the at-
tenuation in the comparison circuit by 8 db. Similarly we might

find that there was little to choose between limiting the band to
2000 cycles or adding 6.5 db of loss.

The evaluation of transmission impairments is another illus-
tration of the sort of subjective testing which underlies almost all
transmission objectives. It might be remarked, in passing, that getting
the needed answers from a subjective test calls for great care in set-
ting up the experiment. The values of NTI (Noise Transmission Impair-
ment) obtained, for example, will be affected by room noise, circuit
bandwidth, and a number of other factors. To ignore any important
effect is, in essence, to ask the wrong question, and there are many
examples of subjective tests which have done this,

Figure 2 shows the Working Reference System (WRS) which
has been used in the past for evaluating subjective transmission im-
pairments. It consists of standard transmitting and receiving loops

v4-E 94°E
REPEATING REPEATING
R coiL VARIABLE colL R
SUBSCRIBER TRUNK SUBSCRIBER
SET LOOP LOOP SET
o o S ° 3 S o o
NO. 337 TRANS NO. 337 TRANS
NO. 144 REC aml 600 OHMS M NO. 144 REC
NO. 46 COIL 22 GA 24V = CUT-OFF =24V 22 GA NO. 46 COIL
STANDARD 3150 CPS STANDARD
CONNECTION CONNECTION
] [} ? o o
TRANSMITTING LOOP RECEIVING LOOP
j—————75db BY DEFINITION ———%] je—————1.8db BY DEFINITION—3
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WHEN TRUNK
IS 87 db
R= 250.DC (380 AC) ASAN ALLOWANCE LINE NOISE =17dba IN RECEIVER
FOR RELAY, OFFICE WIRING AND HEAT ROOM NOISE=50 db SOUND LEVEL

COILS. CABLE .082 UF/MI

Working Reference System for the Rating of Telephone Circuits
Figure 2-2

*g%g;ggge is also an important factor and will be discussed in the next
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connected by a variable trunk that is distortionless except for a 3000
cycle low pass filter. At the time it was specified it represented a
circuit with characteristics and performance comparable to a good com-
mercial circuit. It was arbitrarily defined as giving 18 db of effective
loss in its normal configuration; this value is, in turn, related to
evaluations obtained with a still earlier test circuit. To completely
specify the circuit, room and line noise as well as circuit loss must be
stated.

In order to obtain a measure of the effect of noise on the
quality of a circuit, a subjective test was carried out using two working
reference circuits. An arbitrary amount of additional noise was introduced
into one, and additional loss was then introduced into the other (while
still maintaining the 17 dba at the receiver input of the latter, which
corresponded to a good local circuit at the time), until the two circuits
were judged to be of equal quality. The amount of added loss was the NTI
(Noise Transmission Impairment) corresponding to the noisier circuit and
measured the amount that the increased noise was judged worse than 17 dba.
The results obtained from a series of such tests are shown in Figure 3,
Note that the results do not mean that 17 dba of noise into the receiver
has no annoying effect. As a matter of fact, previous tests indicated that
a circuit with negligible noise would have to be degraded by adding about
3 db of loss to make it equal in quality to the 17 dba normal loss WRS
circuit,

Figure 4 gives the effect of limiting bandwidth, again in terms
of the added circuit loss (defined as "Distortion Transmission Impair-
ment", or DTI) which would give the same transmission impairment.



2-14

TRANSMISSION SYSTEMS

AS CUTOFF FREQUENCY
|USE FREQUENCY AT
7 WHICH ATTENUATION
\ IS 10 DB GREATER THAN

Q

THAT AT 1000 CPS

DTI IN DB
w r-Y
7

N
0 N

1 1 1 1 A

i 1
2500 3000 3500
CUTOFF FREQUENCY-CPS

-2

2600
Distortion Transmission Impairments (DTI)
Figure 2-4

While the values of NTI and DTI in the above diagrams are use-

ful, caution must be exercised in applying and interpreting them.

1.

2

3e

The addition of NTI, DTI and electrical loss as a means of
finding an overall rating of a circuit is seldom valid. The
direct addition of subjective effects may provide a

rough means for comparing similar circuits under similar
conditions where the fact that a distorted scale is being
used is not of great importance. (The distorted scale
arises from assuming that subjective factors can be added
on a db-basis, whereas actually they cannot be so

added.

The method of obtaining NTI and DTI is to equate these
impairments with changes in volume or magnitude of signal.
This is valid only over a limited region. Once the volume
has reached a reasonable magnitude there is no subjective
advantage in increasing it further. For example, high
volume coming over a 2 kc channel is not as pleasing to a
subscriber as a good normal volume coming over a 4 kc channel,
The NTI and DTI were determined on a circuit which is not
representative of modern circuits and it does not follow
that a given amount of noise will be equally disturbing on
the 0ld subset of the WRS and on a modern circuit using
type 302 or type 500 subsets,
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If the student has now concluded that the Working Reference System
is not entirely satisfactory, he is correct. The subject is not merely of
historical interest, however, It provides a foundation for understanding
the development of a new method of rating telephone circuits.

The WRS was originally established to make possible
evaluations of circuits similar to the standard one, with its 144
receiver, 337 transmitter and three mile subscriber loops. When
the type 302 subset appeared, an effort was made to evaluate its
effective loss, substituting one mile subscriber loops for the
three mile loops considered standard when the WRS was first
evolved. When we measure the transmitting loop of this newer
circuit we find its effective loss to be -1l db. Similarly, the
effective loss of the newer receiving loop is measured to be
-7 db,*

Using these measurements of effective loss of the pre-
scribed type 302 circuit, it is possible to derive a rule of thumb
which will give a good estimate of the total effective loss of any
type 302 circuit, provided the electrical loss between loops is
known. The total effective loss of a circuit is, of course, defined
by an entirely subjective measurement. In the absence of noise and
bandwidth impairments it can be thought of as consisting of three
factors: effective transmitting loop loss, effective receiving
loop loss and the electrical loss of the trunk. In deriving our rule of
thumb, the electrical loss is characterized by its value at 1000 cps
rather than by its overall subjective effect. This makes it
possible to combine an objective measurement of electrical loss with
the known subjective effect of the subsets and standard loops.

Writing this as an equation:

Effective loss = effective transmitting loop loss
+ effective receiving loop loss
+ electrical loss of trunk at 1 ke

For the values stated above for the 302 subset with standard loops,
the resulting rule of thumb is that the effective loss equals the

*The minus value for effective loss need not be confusing. It arises from
the assumption of an arbitrary standard for the reference circuit. In
the WRS, the transmitting loop has an effective loss of 7.5 db by defi-
nition, The figure of -11 db for the type 302 subset and its loop simply
says that it is 18.5 db better than the old circuit. Note that this 18.5
db figure has nothing to do with the 18 db of effective loss arbitrarily
assigned to the WRS. The same can be said of the unfortunate coincidence
whereby the sum of effective loop losses for the type 302 circuit happens
to equal -18 db, These are unhappy tricks of nature, probably deliber-
ately introduced to confuse the student.
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1 kc electrical loss minus 18 db. The approximation is sometimes
carried one step further and it is stated that the total effective loss
of a circuit such as this is equal to the 1 kc electrical loss minus
18 db plus the NTI and DTI. We have already suggested that this sort
of addition has limited value. No similar conversion factor has been
established for evaluating circuits using the type 500 subset., An
entirely new test set for circuit evaluation is now being introduced in
the Bell System.
Electro-Acoustic Transmission Measuring System (EATMS)

This new circuit evaluation test set is the EATMS, Our dis-

cussion of the Working Reference System indicated the difficulties in-
herent in the subjective evaluation of circuits as well as the obsolescence
of the reference circuit. In recent years noise and distortion impair-
ments in the toll plant have been reduced to very low values. Marked
progress has been made in the same direction in the local plant. Our
principal interest now is in the impairment caused by transmission in-
efficiency, which results in low received volumes. This amounts to saying
that our attention is currently focused on the one impairment best suited
to objective measurement. Why not eliminate the difficulties of subjective
measurements, for this purpose at least, and develop a method of testing
adapted only to the measurement of efficiency of instruments and of over-
all connections? At the same time we can define the results in more
reasonable units, eliminating measurements of negative "effective loss™
for circuits which actually have appreciable real losse.

CIRCUIT UNDER TEST —»!
ARTIFICIAL
LOUDSPEAKER TRANSMITTER EAR CAVITY
SWEEP SPEECH K//7 LOUDNESS €
FREQUENCY |~ SHAPING ~C<] 5 ) i S| : SHAPING |—| INDICATING
OSCILLATOR| | NETWORK = o L NETWORK METER

——J/// el
CONDENSER CONDENSER

MICROPHONE MICROPHONE
(FOR MEASURING RECEIVER
ACOUSTIC INPUT) ‘

Simplified Block Diagram of EATMS
Figure 2-5
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The EATMS is shown in simplified block diagram in Figure 5.
The circuit which it tests consists of a transmitter and its associated
subset circuitry, an electrical circuit consisting of loops, trunks or
other sources of electrical loss, and a receiving subset circuit and
receiver, The test is made by feeding a known acoustic signal to the
transmitter under test and measuring the acoustic output from the receiver.

The input to the circuit under test is generated by an oscil-
lator which sweeps through the telephone voice frequency range six times
per second. The oscillator output is fed to a loudspeaker, which
physically simulates the human mouth, through a weighting network which
shapes the acoustic energy spectrum to match that of typical male
English speech. The loudspeaker output is measured, in the absence of
the circuit under test, with a pressure-sensitive microphone. This
permits us to include the acoustic effect of the physical position of
the transmitter. The signal passes through the electrical connection
under test to the receiver, which is mounted in a cavity simulating
the acoustic loading effect of the human ear. Also mounted in the
cavity is a microphone which measures the acoustic output.

The signals detected by the two microphones, one measuring
acoustic input and the other the acoustic output are fed through a
second weighting network which relates the output of the pressure-
sensitive microphones to the loudness effect experienced by the human
ear. The result is expressed in decibels, derived from taking 20 log
of the ratio of the measured output and input pressures.,

Obviously, in a telephone circuit combining acoustic and
electrical components, we can measure voltages as well as pressures. We
can thus define gains and losses between acoustic input and electrical
output or between electrical input and acoustic output, at intermediate
points in the connection. To express such mixed measurements of gain
and loss we must define a convenient unit. The unit chosen is expressed
thus:

volts %

Transducer gain (in db) = 20 log SITibars

If we are consistent in using this definition throughout, it is possible

to add the transducer gains and losses and the electrical losses in db

and come up with the same answer that would obtain from an overall measure-
ment. Again we are violating the purists' insistence upon the db as a

unit for expressing power ratios, but 20 log of a ratio is a convenient

% One millibar = 10° dynes/cm®
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unit to use and the relationship between the numeric and the unit we want
to use is identical with what is found in a db table based on current or
voltage ratios. For our purpose it suffices to call the units "db".

The purpose of the EATMS, then, is an objective measurement of
that characteristic ¢f & telephone connection in which we are most inter-
ested -~ transmission efficiency. The set can be made portable, does not
reouire subjective judgrents and is therefore convenient for work in the
field as well as in the laboratory. It falls short of the ideal in two
respects, however,

First it is not a complete substitute for the WRS and in those
cases where noise and bandwidth impairments cannot be neglected some sort
of correction will have to be made. This will not commonly be the case,
however, If, when transmission efficiency throughout the System has
been improved, subscriber subjective standards rise and once more require
an emphasis on rating noise and bandwidth impairments, it is probable
that a new approach and a new technique will be required for evéluation.
The fact that systems objectives are based on the subjective reactions of
customers and that the customers' requirements change as circuit charac-
teristics change is nothing new in the telephone business.

The second shortcoming of the EATMS may prove to be more
serious; this is the fact that it does not "judge loudness™ in quite the
same way as the human ear. The basic problem here is the same one that
we noted before in discussing the noise meter. For many circuits, the
EATMS error is small, but in some cases may not be negligible, Current
development work méy result in modifying the detector characteristics to
eliminate this difficulty, but at the moment a satisfactory solution has
not yet been found.

Customer Reaction to Received Volume

Thus far we have discussed some of the methods for evaluating
circuit performance, particularly with respect to loss, noise, and band-
width. Let us now consider the objectives to which we should engineer.

If, as the previous section suggests, noise and distortion im-
pairment are held to negligible values, then a customer's evaluation of a
connection will depend upon the received volume alone., Figure 6 shows the
statistical relations between received volume and circuit quality based on
the opinions of a large number of observers. To see the kind of infor-
mation that can be obtained from this figure let us take a couple of
examples, Suppose that the received volume into a certain 302 subset is
-15 vu. From the curve can be read that 6% of the subscribers would judge
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it to be too loud and 94% would judge it good. A received volume of
-40 vu would be rated good by 42% (100 minus 58 who think it worse than
good) and 6% would rate it poor or worse. The difference between 58%
fair or worse and 6% poor or worse is 52%, those who would rate it fair.
From these curves of observers' opinions of specific received
volumes, an estimate may be obtained of subscribers' reactions to any
distribution of actual received volumes that might be given to them. This
is done by properly combining the opinion distributions with the received
volume distribution. Such an estimate forms the basis for a business
judgment on the grade of service that is to be supplied. A completely
rational analysis of the problem would have to include data on the cost of
providing the various distributions of received volumes, that is, grades
of service, which are contemplated, as well as the dollar value of the
customers' satisfaction or dissatisfaction as a result of this grade of
service. Even the more tangible of these, the costs, are difficult to
obtain, since performance-cost relations are continually changing as new
developments come into the plant. As a practical matter the decision
rests on a balance of these costs against what is judged to be the value
of customers' reactions to the grade of service under considerations
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Estimates of subscribers! reaction to grades of service on tcll connections
in the present telephone plant, and in the presently projected future
plant, will be discussed in a later section of this chapter.
Noise Objectives

Both the local and the toll plant will contribute to the noise
heard by the subseriber on many of his calls. Local plant noise is a
subject which calls for a more extended discussion than would be ap-
propriate here, depending as it does on the type of office and line in-
volved; it is considered in more detail in the chapter on voice frequency
systems which follows. In general, however, it might be said that when
possible, local noise is held to rather low values, of the order of 20 dba
at the central office. This corresponds to the 12 dba at the sub-
scriber's receiver and is well below the 17 dba value previously found
satisfactory and assigned a value of O NTI.* These values should be
considered as very tentative, however, since no national surveys have
been made for many years, nor is there any agreed-on standard to which all
operating companies conform. Instead, high noise situations, when observed,

are dealt with on an individual basis,

In the toll plant, noise is more subject to specification and
control. From the beginning, it has been the practice to design broadband
carrier systems so that the transmission impairment due to noise and band=-
width restrictions would be essentially negligible, and the loss as low as
possible. There are sound economic reasons for so doing. To meet any
particular objective for the effective transmission loss on toll calls,
the permissible transmission impairments must be allocated partly to the
local and partly to the long-distance plant. Meeting the resulting re-
quirements will call for both initial investment and maintenance expense.
It is obviously cheaper to purchase a db of performance, in terms of
reduced transmission impairment, in the relatively few broadband systems
than in all the millions of subsets and local circuits which they may,
from time to time, be called upon to interconnect.

Another reason for making the toll plant good should always be
at the back of our minds. As engineers, our essential job is planning
for the future. While we cannot know what future requirements will be,

a reasonable extrapolation from the past tells us (a) that telephone
subscribers will become more, not less, critical, and (b) that new
services and new types of signals will impose still more stringent

*Assuming no noise is picked up in the loop, noise at receiver will be

8 db less than at the office. This 8 db figure assumes 0.5 db office
loss, 4.5 db loop loss, and 3 db loss in the subset circuitrye.
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requirements. The mere possibility of future needs may not always
justify the expenditure of today's dollars, but one of our jobs, never-
theless, is to take every opportunity of building flexibility into the
plant.

In discussing toll noise objectives, it is natural to begin with
system design objectives. Good maintenance will be required if these
values are to be actually realized in the field, but the best maintenance
can hardly be expected to get better performance from a system than was
designed into it.

The fundamental design objective might be stated thus: the
subscriber should, on the average, receive no more than +17 dba of noise
at his receiver. It will be recalled that this corresponds to zero db NTI,
Working back through the subset and loop to the receiving central office,
and ignoring any other sources of noise, we find that 17 dba at the re-
ceiver corresponds to about +26 dba at the local central office, (This
assumes a loop having about 1 db more than average loss; noise is more
important when received volumes are low.) If all this noise comes from the
toll circuits through a terminating link (toll connecting trunk) which has
about 3 db loss, the noise at the receiving toll office must be 29 dba,

As mentioned earlier, a common transmission level at receiving
toll offices many years ago was -9 db. For many years, therefore, the
design objective for transmission systems was stated as 29 dba (average
noise power) at the -9 level point at the receiving toll office at the end
of the longest circuit, which was taken as 4000 miles. If we postulate a
fictitious zero level point for convenience of measurement or computation
(at the receiving toll office) the corresponding value at such a point
would be +38 dba.*

Stated in these terms, this noise objective is mentioned at many
points in this text, for the simple reason that it is still being used in

*In specifying our objectives, we find it desirable to express them in
terms of the measurements which would be made to determine whether or not
a circuit was satisfactory. For this reason, noise requirements are
given in terms of an absolute noise measurement, not in terms of signal-
to-noise ratio. In some special systems like Pulse Code Modulation (PCM),
noise performance is specified on a different basis. PCM is subject to
a unique type of noise (quantizing noise) which is present only during
signal bursts and which is a function of signal magnitude. Under such
conditions, a system is engineered so that the noise objective for loud
talkers is higher than that for quiet talkers. More will be said of
this in the chapters on PCM which follow later in this text.
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the design of long-haul transmission systems. It is, however, subject
to re-evaluation, and will probably be revised in the near future.

For example, one result of the current drive to reduce loss in
loops and in toll connecting trunks which separate the customer from the
receiving toll office will be an increase in the noise power actually
delivered to the subscriber's ear, assuming toll system noise remains the
same at the receiving toll office. The loss from receiving toll office
to subscriber's receiver quoted above totals 12 db; if this is, on the
average, reduced to about 10 db, then if noise at the receiver is not to
exceed +17 dba, we can have not +29 dba but +27 dba at the receiving toll
office. If, furthermore, receiving toll offices are not -9 db level
points but -4 db level points on the average, then the "zero level point"
noise can be only 4 db higher than +27 dba, or +31 dba. This would be
7 db more stringent than the old requirement,*and would probably be too
expensive to meet; a compromise solution might be an average of 34 dba
at O TLP at the output of a 4000 mile toll circuit. This would, under
the assumptions made above, be +20 dba at the subscriber's receiver, or
about 1 db of NTI., Shorter lengths of long-haul transmission systems
would give less noise than the relatively rare LO0O mile case taken as
a reference in this discussion.

A revision of design objectives for noise will, of course, have
no effect on systems which are already in the field, which were designed
to the 29 dba at -9 TLP value (or 38 dba at O TLP). In most cases,
however, margins were designed into such systems to allow for aging,
etc.- which means that performance somewhat better than +38 dba at O TLP
can be obtained by better maintenance.

The point being made here is that systems objectives are not
static, that they are established in a certain transmission environment,
and that they must be modified to remain useful in a constantly improving
plant serving customers whose requirements are constantly growing more
stringent. |

In modern carrier plant, with its channel spacing of 4 kc, DTI
has been reduced to negligible values. After allowing for adequate
filter guardbands, this channel spacing leaves a useful bandwidth ex-
tending from 200 cps to 3200 cps. From Figure 4, it can be seen that
there is not too much to be gained by extending this bandwidth appreéiably.

*The increase in the number of 500 sets in use - with their increased
sensitivity - will provide pressure to tighten the noise requirement
even further,
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Statistical Approach to Noise Objectives

So far, in stating the 38 dba noise objective, no mention has
been made of the percentage of the time a given channel should meet this
objective, or the percentage of the channels that should meet it at a
given time. Pretty obviously, all the channels in a large complex tele-
phone plant will not have the same amount of interference all the time.
For example, random noise in radio systems will have reasonably low
values most of the time, but higher values during deep fades. Carrier
systems with less than 100 channels will have high peaks of inter-channel
modulation noise a small percentage of the time. These case have generally
been handled by permitting the maximum noise from any one source to reach
a value not exceeding 49 dba at the zero TL for not more than .01% of
the time in any hour.*

There is, however, no general agreement as to what constitutes
an acceptable overall distribution of noise values with time or from
circuit to circuit. One method of specifying an acceptable time distri-
bution of noise which has been advanced results in Figure 7.

This curve is based on the assumption that any time distribution
of noise is acceptable provided the average zero TLP value (averaged on a
power basis) does not exceed +38 dba and the 0.01% value dos not exceed
+4,9 dba. It will be noted that in this plot another condition has been
imposed, namely that no 4000 mile circuit should be quieter than 33 dba
at O TL., This is desirable because noise helps to mask crosstalk and
because there is no advantage to reducing the noise below 33 dba at zero
transmission level. Such distribution curves should be interpreted as
expressing the chance that a subscriber may encounter the specified
noise on a random call, and are thus distributions of both circuits and
time,

The distribution of noises from circuit to circuit is, however,
more complex to consider than time distributions are, and no method has
been evolved for stating noise objectives for large multi-channel systems
to take advantage of the fact that a few noisy channels might be tolerated.
In general, long-haul systems such as coaxial or TD-2 have been designed
so that 100% of the channels should be 38 dba or less at O TLP after
traversing 4000 miles of the system. On the other hand, some advantage
of statistics is taken in engineering short systems. Objectives set in
recent years for short-haul systems such as the N, O, and TJ have been

*Another special case, mentioned earlier, is that of persistent single-
frequency tones. A requirement of not more than 15 dba at the receiving
toll office for a LOOO mile system has been used as a design objective
for these contributors to the total noise.
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on the basis that a 150-200 mile link would give +32 dba at zero TLP,.

A circuit which included four such links would give somewhat more than
+38 dba at zero TLP.* In effect, this means that some long multi-link
switched connections will fail to meet the 38 dba objective. This can
be justified by the argument that the subscribers chance of encountering
such a circuit is small, so that the net effect on grade of service in
terms of transmission impairment of the entire plant will be small.

*0ff hand, we might expect‘that if one link gives +32 dba, four would
give +38 dba. Actually, somewhat more noise than this will be found at
our fictitious zero level point because signal levels would be somewhat

lower in each successive link, as indicated by the discussion of Via
Net Loss in a later section.
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It should be clear that the 38 dba noise objective is not a
rigidly established number that must be adhered to without question for
all circuits at all times. There are many instances in setting initial
objectives on a system or in seeking a suitable compromise on some de-
tailed design problem where some objective should be questioned and sub-
Jected to further study. However, any major compromise of this particular
objective should be approached with great care and most likely be avoided,
Intelligible Crosstalk Objectives

Crosstalk is a term widely used to describe unwanted coupling
from one signal path onto another, Crosstalk may be due to direct
inductive or capacitive coupling between conductors, as discussed in the

next chapter. It may also be caused by coupling between radio antennas,
or by cross-modulation between channels and single-frequency signals
(carriers or pilots) in multi-channel carrier systems. Such cross-modu-
lation may occur in any non-linear element, such as the repeater electron
tubes or terminal modulatorse. In many instances, the resulting inter-
ference in carrier systems will be unintelligible due to the interfering
signal's having been inverted, displaced in frequency or otherwise dis-
torted, In these cases it is generally grouped with other noise-type
interferences.

When coupling paths give rise to intelligible (or nearly in-
telligible) interference, it is necessary to design the cable, open wire
line, antenna, repeater or modulator so that the probability that a
customer will hear a "foreign" conversation will be less than a pre-
scribed value. In normal practice, a one per cent chance is considered
tolerable. This value is not based on customer perference testing, but
on an arbitrary judgment.

 The probability of a listener's hearing a conversation from
a disturbing channel depends on theée distributions of a number of para-
meters. The probability of someone listening on the disturbed channel,
the probability of there being signals on the disturbing channel, the
acuity of the listener, the magnitude of the signal on the disturbing
channel, the magnitude of masking noise, and the loss in the coupling
path between disturbed and disturbing channels all enter into the final
"probability of intelligible crosstalk'”.

In designing a transmission system, the problem usually is
to adjust the coupling path loss so that the desired probability ob-
jective is met. The other factors in the problem depend on the people
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who use the channel, traffic patterns, and operating practices. In a
study made some time ago, listener acuity, speech volumes, channel
activities and other parameters were combined and the probability of
intelligible crosstalk was derived in terms of masking noise, number of
possible sources, and loss in the coupling path. The results of this
study are given in the next chapter after further discussion of the cross-
talk problem and the methods of measuring coupling paths.

Echoes and Singing

As we have noted, the effective transmission losses caused by
noise and bandwidth limitations are currently held to sufficiently low
'values so that electrical loss has become the most important source of
the transmission impairment caused by local and toll trunks. Offhand,
it would appear that the electrical loss could easily be made negligible
in repeatered trunks, but, in fact, two factors inhibit us. These are
the hazard of singing and the penalties associated with echo which are
characteristic of the existing telephone plant.*

Although these problems are particularly severe in repeatered
two wire voice frequency transmission systems, as discussed in the next
chapter, it is simpler to consider the four-wire toll case first. In
four-wire toll systems, echoes and near-sing conditions arise because
of impedance mismatches, particularly at the junction of the distant
four-wire terminating set with the two-wire toll connecting trunk. The
return loss** at this point is, on the average, only about 11 db over
that portion of the voice frequency spectrum which is most important from
the echo standpoint; i.e., 500 to 2500 cycles. (By expenditure of con-
siderable effort, an average return loss of 14 db can be maintained but
11 db is the more realistic value.) This impedance mismatch causes a

*Singing may also arise from other causes. We are concerned here only
with the difficulties which result from insufficient loss in a circuit
which can include excessive noise and crosstalk as well as echo and
singinge.

*%Return loss, in more familiar terms, is defined as,

1
20 log Reflection Coefficient

. . Reflected signal
Reflection Coefficient = m—m———s—féﬁa—

at the point of impedance discontinuity.

in which
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reflection, or echo, of a talker's voice to be returned to him on the
channel to which he is listening. Figure 8 illustrates such an echo path.
If the echo is not delayed (i.e., if the trunk is short enough) it is in-
distinguishable from sidetone, and is not annoying. If, however, it is
sufficiently delayed in making the round trip, it can be quite annoying
to a talker and can interfere with his normal process of speech,

At frequencies outside the 500 to 2500 cycle band, the balance
of the four-wire set or hybrid may become much poorer than the 14 db
figure quoted above, which can lead to a sing or near-sing condition,
especially under special termination conditions - for example, when an
operator's set is connected to the line, It is not sufficient to prevent
singing itself - it is necessary, in a customer connection, to have
enough margin to avoid the hollow or "rain-barrel" effect which is
characteristic of circuits having the poor transient response associated
with a near-sing condition. It is, therefore, necessary to provide some
loss (of the order of 4 db, one way loss) even on short toll lines where
delay is negligible and echo is unimportant., In general, on longer
circuits, echo objectives rather than singing protection determine the

required loss,.
I
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Echo Objectives

The magnitude of the echo that a talker hears will depend on the
"echo path loss™, which is the sum of the return loss at the distant
hybrid and the round-trip loss in the channels.* As mentioned above,
however, the subscriber's tolerance of the echo depends not only on the

echo magnitude, but also on the round-trip delay between echo and
original signal. Immediate echoes sound like sidetone, but long-delayed
echoes can be very disturbing. If we cannot reduce the delay, and if we
have gone as far as we economically can in improving return losses at the
hybrids by impedance balancing, we have only one more way to make the echo
tolerable - decrease the echo magnitude by increasing the electrical loss
between the talker and the point where the mismatch occurs,

The objective which has been selected is that the probability
of a subscriber being dissatisfied with the echo performance of a
circuit shall be held to 1% or less. The value of loss which must be
inserted to meet this objective for an echo of given delay can be de=-
termined by taking into account the following facets of the situation:

a) The average value and standard deviation of the subscribers'
tolerance to echoes as a function of delay;

b) The average return loss at four-wire sets where they terminate in
toll connecting trunks, and the standard deviation of this
distribution;

¢) The variations which toll trunks will exhibit from any nominal
value of loss which we assign to them (to control echoes), the
variations arising because maintenance is never perfect;

Data on these three variables shows them to be very nearly
™ormal" or Gaussian distributions; combining them, we can compute the
solid curve shown in Figure 9.%% This givés the values of toll circuit
loss,one-way, not round-trip, which would reduce to 1% the chance of a
subscriber being annoyed by the echo performance of a one link circuit.
(The toll circuit loss is called "Terminal Net Loss" - abbreviated TNL -
in this context. TNL will be defined more carefully later.)

* For the present we shall ignore the losses of the loop and toll
connecting trunk at the talker's end of the connection.

%% The way in which the solid line is derived from data on subscriber
tolerance, h-wire set balances, and variations of trunk loss is a
good illustration of the use of probability in setting tel§ph9ne
system requirements, and is therefore covered in some detail in an
illustrative example appended to this chapter.
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Relation Between Terminal Net Loss and Echo Delay

Figure 2-9

Although the solid line of Figure 9 satisfies the echo require-

ment for one link, it does not provide enough loss to protect against

sings and near-sings, nor does it take into account the impact of

multiplicity of links, which has two effects:

d)

e)

It forces us to assign more loss to multi-link circuits than we
would to a one link circuit of the same delay, in order to meet
the 1% objective in the face of the increase in variability
from nominal loss (see ¢ above). For example, the TNL for a
two link circuit must be O.4 db greater than for a one link
circuit of the same delay; a three link circuit of the same
delay would require 2 x O.4 db more TNL than a one link circuit.
It calls for a method of administering the circuits which will
permit us to switch in any number of links without building up
excessive loss values, while still assuring that single link
circuits will have the 4 db minimum loss dictated by singing
considerations,

At this point we ask the reader to take on faith the statement

that we can meet these criteria by using the dashed line of Figure 9 for
one way trunk loss in the single link case, instead of the solid curve,
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This line starts at L4 db, is linear in db vs delay, and intersects the
solid curve at 45 milliseconds delay; above this value of delay we lose
interest. The reasons for choosing this dashed line will become clear
as we go on with this discussion.
Terminal and Via Net Loss

One way in which circuit components have been arranged in the
past to meet the above requirements is shown schematically on Figure 10,

TOLL TWO-WIRE TWO-WIRE TOLL
LOCAL OFFICE  SWITCHING CENTER SWITCHING CENTER OFFICE LOCAL
OFFICE - e 1 e 8 I iy OFFICE
= ! ' | =
L-JTtoLLl jToLL--+
' CONNL—— 1 L _ 4 4 L—-—__ICONN
TRUNK FVNLP| FVNLgl FVNLgl TRUNK
k————————— TNL:VNL,+VNL2+VNL3+4db—————————4
LEGEND :

—MWA— 2 db PAD

LAML 2 db PAD, SWITCHED OUT OF CKT

——E 4 -WIRE SETS

————)] CARRIER SYSTEM, ONE HUNDRED TO SEVERAL
—a—— ] HUNDRED MILES LONG

VNL VIA NET LOSS (ONE WAY LOSS BETWEEN TOLL SWITCHBOARDS)

TNL TERMINAL NET LOSS (ONE WAY LOSS BETWEEN ORIGINATING AND
RECEIVING TOLL SWITCHBOARDS ; TNL= VNL+4)

Via and Terminal Net Losses

Figure 2-10

Here a 2 db pad is associated with each four-wire set, to be left in
circuit whenever it terminates in a toll connecting trunk, but switched
out at intermediate offices, It is assumed, when we do this, that the
only echoes of concern are those which occur at the final four-wire
terminating set, which faces a two-wire toll connecting trunk in tandem
with a subscriber loop. The validity of this assumption depends on the
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hybrid balance which can be obtained at various points along the circuit.
The impedance seen looking into the final four-wire set will depend on
the particular trunk, loop, and subset involved. The balancing network
of the hybrid must be a compromise choice, and hence the balance obtained
on any individual connection is not very good. This produces the dominant
echo,

Echoes do arise at other points along the toll circuit where the
four-wire toll circuit is brought down to two-wire for switching purposes.
The reflection problem at such points, however, is much less severe be-
cause the impedances of the following toll link are generally good and the
office wiring can be carefully adjusted. The average return loss at two-
wire switching points is about 27 db. This has a negligible effect when
compared with the return loss average of 11 db at the final four-wire
termination. At four-wire switching points, of course, echoes cannot
occur, since the circuits provide no return path. At such offices, con-
nection is made to a two-wire facility, such as a toll connecting trunk,
by permanently associating the terminating set with the two-wire facility.

Assuming that the echo at the final four-wire set is the only
one we have to suppress, then, the circuit of Figure 10 assures us the
4 db minimum loss needed without piling up toll losses at the rate of
L db per link in multi-link connections. Since at the final four-wire
set the reflection really occurs at the connection to the toll con-
necting trunk, the 2 db pad at that point reduces the echo by 4 db, just
as the 2 db pad at the talker's end of the circuit does.

In addition to the 2 db pad at each end of the over-all circuit,
each one-way inter-toll trunk is adjusted to a value of Via Net Loss (VNL)
which is a function of its delay. The total of the Via Net Losses of the
links and the losses of the switching pads is then defined as the Terminal
Net Loss (TNL); i.e., TNL = VNL's + 4 db. Like the loss of the pads, each
db of VNL is worth 2 db in suppressing echoes - attenuating first the signal
on its way to the "mirror", and then attenuating the echo on its return
tripe.

If we now define the dashed line of Figure 9 as the required
Terminal Net Loss for a one-link system, the relationships shown in
Figure 11 can be drawn. The values of Via Net Loss that result assure a
total circuit loss (VNL + 4 db) which equals or slightly exceeds the one-
way loss needed to give a round-trip loss that meets the echo and singing
objectives. The VNL curve includes the O.4 db per link needed to
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Figure 2-11

guard against the risk that circuit deviations from nominal may add up
in such a direction (too little loss) as to result in too much echo.

The fact that the loss-delay relationship is linear (and has a value of
only O.4 db at zero delay) permits us to increase or decrease the number
of links in tandem up to 45 ms total delay, without exceeding by very
much the TNL needed to make echoes tolerable,

Where delays of more than 45 ms are encountered, echo sup-
pressors are used, An echo suppressor is a voice-operated device which,
while one subscriber is talking, inserts as much as 50 db loss in the
opposite direction of transmission - the path over which the echo would
return. Although they effectively suppress echoes, echo suppressors
introduce their own transmission impairments by clipping the beginning
and ends of words. Another more serious problem occurs on multi-link
connections where two or more circuits equipped with echo suppressors
are switched together. It is possible for each subscriber to talk
simultaneously and gain "control" over the echo suppressor nearest him,
In this case both directions of transmission will have a high loss inserted
in them, and a condition of "lock-out" is said to exist, in which neither
subscriber can be heard by the other., Because of this possibility, echo
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suppressors are used sparingly in the plant, and under the present toll
switching plan, they are used only between Regional Centers, where the
requirement that RC-RC trunks have via net losses of only 0.5 db can only
be met by using them.
VNLF - Via Net Loss Factor

On Figure 11, the formula for VNL for one link is given as

VNL = K » Delay + O.4 db

where K is a constant having a db/ms value. Since the delay of a trunk

carried on a given type of facility (such as N carrier) is proportional
to length, we can translate from a loss vs delay relationship into a loss
vs length relationship for such a trunk if we know the speed of propa-
gation over it. This gives us a db per mile number which is called the
Via Net Loss Factor, or VNLF, Thus, we can write
VNL = VUNLF « Length + O.4 db

Various types of systems will have various VNLF's, depending on their
speeds of propagation. The total VNL for a particular connection is the
sum of the VNL's of the links that compose it. Note that this means an
added 0.4 db for each additional link that appears in a connection of a
given length.

Thus, if we have a 500 mile link with a VNLF equal to 0.Cl db
per mile, the via net loss of the system can, in most cases,* be adjustedto

VNL = 0.01 (500) + Ou.k

5.4 db.
Two links extending the same distance would have VNL = 5,8 db.

Via net loss factors for various types of circuits vary from 0,04 db/mile
for two-wire voice frequency loaded cable circuits to 0.00l4 db/mile or
less for broadband carrier circuits., Clearly if we want long low-loss
trunks, carrier systems are to be preferred.

Elimination of S-Pads

In conclusion, just to bring the story up to date, it might be
mentioned that in a recent effort to minimize high circuit losses¥* a

change of practice in administering the so-called "Switch Pads" (2 db) has
been instituted. This is called VNL operation. By associating the loss

% Strictly speaking, the "Via Net Loss" is set by echo only, but
operation at a higher value, called "Working Via Net Loss" may be
necessary because of crosstalk, or to reduce noise at the receiving
terminal. In similar fashion, a higher value can be assigned to
systems which have impedance discontinuities (hence multiple echoes)
along the line as well as at the terminating links.

*% As discussed in Chapter 3, the objective is that the loss of any toll
connecting trunk should be from two to four db.
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of the pads with the toll connecting trunks instead of with the four-
wire sets, and using impedance-correcting reactive networks, if necessary,
it is possible to omit the pads if the toll connecting trunk is lossy
(more than 2 db) since: a) a talker's lossy toll connecting trunk at-
tenuates the echo he hears and b), at the receiving end a lossy trunk
tends to give a moderately good termination by masking the possibly poor
impedance of the subscriber loop. On a call which involves two lossy
toll connecting trunks, omitting the switching pads reduces the total
effective loss by 4 db; for example, a 15 db effective loss can be
reduced to 11 db. Putting this into effect involves re-wiring offices
and also makes it necessary to add impedance correcting reactive networks
(particularly in toll connecting trunks whose loss is marginally low) to
guard against singing. When a toll connecting trunk has less than 2 db
loss, the pads are retained and no impedance correcting network is used.
Overall Grade of Service

The loss associated with intertoll trunks in the plant will
vary widely depending on the length and type of facility. In the present
plant it is the terminal net loss which characterizes the loss of an
inter-toll connection. In estimates for the future plant as based on the
toll switching plan, the important loss is the via net loss. This is
because VNL operation (described previously) which associates pad loss
with terminating links rather than inter-toll trunks, is part of that
plan. In the present plant, terminal net loss which may involve up to

five links has an average value of 9 db and a standard deviation of 2 db.
One estimate of the distribution of via net losses between toll
centers of the future plant has an average value of 4 db and a standard
deviation of l.3 db. This takes into account data, like that given in
Table I of Chapter 1, on the relative frequency of occurrence in a
connection, of various numbers of links. These averages and standard

deviations of inter-toll trunk losses, present and projected, are
summarized in Table 1 below, along with similar parameters for talker

volume into the inter-toll trunk at the first toll center (the usual
point for volume measurements), and losses in the receiving terminating
link and subscriber loop.
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Table 1
Present Future*
Standard Standard
Average Deviation Average Deviation

faler volume 1% 5w s dow ke
Loss of inter-toll
trunks 9 db 2.0 db L db 1.3 db
7988 of terminating gy 1.0 db 2.5 db 0.8 db
Loss of subscriber
loop (including end 5 db 1.5 db 5 db 1.2 db
office)
Received volume -33 vu 6.0 db -30.5 vu 5.2 db

The average received volume is obtained by subtracting the
average losses from the received volume into the inter-toll trunk, while
the standard deviation of the received volume is obtained by adding the
scuares of component standard deviations and taking the square root of the
sum. It should be pointed out that the values given for talker volume into
the inter-toll trunk apply to toll connections only. Volumes into trunks
on local calls tend to be lower because talkers speak more quietly and,
in the case of the present plant, battery supply current is lower than on
toll calls. In the future plant the same (lower) battery supply current
is expected to be used on both local and toll calls. Because of this
lower battery current and because it is expected that subscribers will
talk more quietly in the future, talker volumes into the inter-toll trunk
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#Tt should not come as a surprise that the set of numbers given here is but
one estimate of the performance of future plant and future subscribers,
Other estimators arrive at considerably different values. For example,
one school of thought believes that talker volumes (at zero level) may
well go back up rather than down, as is indicated in the table. Hence,
in the design of systems, the load carrying capacity is usually de-
termined on the basis of an average volume at zero level of -12.,5, If
the lower estimates then prove correct, it will be possible to trade
some of this load carrying capacity for improved noise performance
which might well be necessary at that time. If we used the lower
values of volume the combined effect of having guessed too low on top
of tighter noise requirements might well prove disastrous.
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Figure 2-12

are expected to be several db lower than at present. Yet in spite of
this, received volumes in the future plant are expected to be higher
than at present, because of the lower trunk losses.

The parameters for received volumes in Table 2 describe dis-
tributions which may be assumed to approximate the normal law (measured
volumes into inter-toll trunks are a very close approximation). These
distributions of received volume for the present and future plant are
shown on Figure 12,

The observers' opinion data of Figure 6 may now be applied to
determine customers! reaction to the grades of service represented by
the two distributions on Figure 12. This is a problem in compound
probabilities: the probability that a given value of VU will be con-
sidered good (or fair, or poor) by observers, and the probability of
occurrence of that value of VU in the distribution of received volumes,
The compound probabilities must be summed up for all values of VU in
the distribution of received volumes. This is a straightforward process
for the present plant, but in the case of the future plant an adjust-
ment must be made to allow for the effect of increasing the number of
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500 sets in service from the present small number to about 75% of the
total. Because of the greater receiving efficiency of 500 sets, a re-
ceived volume 4 db lower in the future plant will produce the same sub-
jective effect as a given received volume in the present plant. Therefore,
for the future plant, the values in the abcissa of Figure 6 should be
reduced by 4 db (e.g. -30 to =34).

The results of combining the probability distributions, directly
for the present plant and with the 4 db adjustment in the case of the
future plant, are given in Table 2, This shows subscribers' reactions
to the grade of service now provided on toll connections, as well as
estimated reaction to the projected plant.

Table 2
Toll Calls Judged Present Plant Future Plant
Too Loud 0% 0.3%
Good 7806 9509
Fair 17.9 3.6
Poor or worse 365 _ 0.2

To show how the numbers for Table 2 were obtained, we will calculate
the percentage of calls judged "fair" in the present plant. Let

x = the minimum received volume a particular subscriber will judge
"sood"., Let y be the received volume observed on a particular
connection with a given talker. From Figures 6 and 12 respectively
we can obtain the fact that for x, the mean is -39 vu, o is about

Le5 vu and for y, the mean is =33 vu, o = 6. Form the new variable

Z = y=-X, This will also have a normal distribution with a mean equal

to =33-(-=39)= 6 vu and

0'2= ’/(14'05)2 + (6)2 = T7¢5 o

By definition, a volume will be called too quiet if y-x is negative

or, in other words,

) 1 ° 20
fraction of calls judged too quiet = —=— f e 2 dz
O v2n

b
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From probability tables this is found to be 21.4%. By following a
similar procedure it is possible to calculate the percentage of calls
judged lower than fair as 3.5%. Then the number of calls judged fair
will be the difference between these two percentages or 2l.4-3.5 = 17,9%.
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Appendix on Noise Measurement
I

As this book goes to press, work is being completed on a new
noise meter. We will now have come full circle, for this meter reads
noise in dbRN. It uses a frequency weighting which is a compromise be-
tween F1A and T1U (it is appreciably flatter than F1A) and will read O db
RN with -90 dbm input at 1000 cps. It is estimated that O dbm of white
noise will read 88 dbRN. Since this is a new design, the 7 db correction
which was necessitated by modification of the 2B meter will be done away
withe The new meter will have many other advantages over the old, not
the least of which is a great reduction in weight.

II

There are two schools of thought on the validity of adding
dba of tone and noise. One school would agree to the procedure we have
just gone through. The other, while agreeing that this would be the
noise meter reading, would argue thusg "Subjective tests have shown
that tones which seem tolerable at first become very annoying if they
persist in the background during a conversation of several minutes.
Therefore a more stringent requirement should be used; tones which are
present all the time should not exceed +24 dba at zero level, if they are
to be consistent with a quality of transmission which tolerates thermal
type noise of +38 dba at zero level. This being so, the addition of
annoyances on a power basis is misleading."”
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Illustrative Example 71

This problem illustrates how one point on a curve like the

solid one of Figure 9 of Chapter 2 might be derived, and should also
make clear the reason why 0.4 db is included in the expression for VNL,

l. a)

b)

c)

Two cities 1300 miles apart are connected by a 4-link

K carrier system. Find the terminal net loss required so
that only one percent of the subscribers using these circuits
will find the echo unsatisfactory. Do this by combining dis-
tribution curves, using the attached data (I, II, III, IV).
Do not use Figure 2-9 of the notes, which is based on similar
but superseded data. This problem calls for deriving a new
Figure 2-9 or at least one point on it. Assume that toll con-
necting trunk losses are to be neglected - i.e., taken as

0 db.

Same as above, but this time assume a 2-link connection,

same total length.

And for one link, still the same 1300 mile length?

Reminders

The standard deviation "o" of the normal distribution obtained

by adding "n" distributions is

- 2 2 2 2
o -/0'1 + 02 + 63 oo.O’n

where 0y, O, etce are the standard deviations of the individual dis-
tributions.

For a normal distribution, the 1% point is 2.330 away from the

average or median value.

The methods used in Monograph 2184 are of interest in connection

with this problem.

Data
I.

The following table gives the loss in the echo path (round trip) re-
quired to make echo just tolerable to the average observer. (The
data was taken using representative subscriber loops.) The observa-
tions at each value of delay showed that subscribers formed a

normal distribution with a standard deviation of 5 db.

Table 1
Round Trip Delay, ms Required Loss, db
0 =2
10 7
20 13.5
25 16.0
30 18.0
L0 21.5
50 2L.,0

100 35.0
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IT. The return losses at 4-wire sets when terminated in representative
toll connecting trunks will form a normal distribution with an
average value of 14 db and a standard deviation of 1 db., (This is
believed to be an achievable objective even though it may not be
true yet.)

ITI. The maintenance of toll circuits may be expected to result in channel
losses which form a normal distribution having correct average
values of VNL (as yet unknown, and to be found) with a standard
deviation (round trip) of 2 db.

IV. The velocities of propagation, hence, the delay, in various carrier
systems (including the effects of filters, etc., as well as the
propagation medium) are shown in the following table.

Table 2
Velocity of
Facility Propagation Delay
(milesssecond) (milliseconds/mile)
Open wire carrier
(J or 0) 117,500 8,60 x 1073
Cable Carrier -3
(K or N) 105,000 9.55 x 10
Coaxial (Ll or L3) 133,000 7.55 x 107>
Radic (TD-2) 142,000 7,10 x 1072
Remarks

Let us first recall some of the points discussed in Chapter 2,
In the first place, terminal and via net losses are gne-way losses be-
tween corresponding points (e.g., switch boards, or toll connecting trunks
themselves) in the various toll offices involved. Second, since switching
pads are designed to have, as their image impedance, that value which
would give a good hybrid balance, the use of switching pads moves the
point at which echoes arise to the junction of pad and toll connecting
trunk. Thus a two db switching pad first attenuates the signal, then the
echo, and increases round trip echo path loss by four db. Recall that it
is the fact that local plant impedances are not uniform, and cannot be
matched by a single choice of hybrid balancing network, which causes re-
flections. This also means that echoes at intermediate offices, where
local plant is not involved, should be negligible,

One assumption made in the following computations calls for
comment. It is this: that the round-trip loss of a link (terminal and
high frequency line equipment between two toll offices or switching centers)
will vary around any assigned nominal value by the same amount (o=2 db)
regardless of link length. This is not quite true; on the other hand,
this sort of variation will not be a direct function of link length. It
is made up of measuring errors, terminal variations, and high-frequency
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line variations. Only the last is a function of length, and it might be
argued that even this effect is modified by the possibility that
maintenance practices may call for more frequent readjustment of the longer
links. The assumption made, therefore, seems the most reasonable one to
make in the absence of more data.
Solution

The round trip delay is 25 milliseconds, from IV, If the
problem of distribution curves were not involved, and we could use merely
the average values given in I, II, and III, the answer to a, b and ¢
would be merely:

From I: Round trip loss recuired 16.0 db
From II: Return loss, 4-wire set 14.0 db
Hence: Loss to be inserted, round trip, 2.0 db

TNL, one way, 1.0 db

Using this value of TNL would not satisfy our objectives, of
course. Even if all four wire sets had exactly 14 db return loss, and
trunks never varied from their nominal TNL's, only 50% of the subscribers
would be satisfied. To satisfy 99% of them (still assuming L-wire sets
and trunks do not vary) we would have to increase the loss to get to the
1% point on the distribution curve of Figure A, to give a round trip loss
of

2 INL = 2,0 db + 2,330 = 13,6 db

which would make TNL = 6.8 db.

991

% of Subscribers

Satisfied by Abscissa
Value of 2 TNL for 25 50J_. _ . _ .
ms Echo Delay

. Re330

2.C 13.6
2 TNL

Figure A

We still have not taken into account the fact that trunk losses
and L4-wire set return losses will also vary. To some of our readers, the
correct method for doing this may be obvious; they will find the follow-
ing discussion boring, and are to be envied. Most of us have to take
such questions in easy steps the first few times we meet them.
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Let us consider for a moment how one might obtain the data on
which Figure A is based. Figure B shows a possible experimental set up,
in which we would vary the attenuator until each observer was satisfied.
(The 14 db fixed pad represents the return loss of the 4-wire set.)

& dg ble b
fixe variable but
Speech 25d2fa$°§§igss pad accurate attenuator

> T

1
~"Echo
Z ISubscriber Loop Plus Observer Under

Test (One of Many who form a Normal
Distribution having o = 5 db)

Figure B

Suppose now that instead of an accurate attenuator, we have
one with a loose knob or dial, so that when it actually has 4 db of loss,
for example, it reads 3.7 or 4.3 or some other number exhibiting a random
distribution around the correct value - a normal distribution with a
standard deviation of 2 db, to be precise. Even a single consistent
observer, repeatedly tested, would now yield a universe of values instead
of a single number of db for just satisfactory echo. The curve cor-
responding to Figure A would spread out. Assuming the attenuator errors
to be random, with no systematic error (or bias) the 50% point would still
be at 2.0 db, However, the readings would spread out more, and the re-
sultant curve would have a standard deviation corresponding to the
addition of the two distributions involved, which is

o =/ 5.0° + 2.0°

Similarly if we used a number of different 14 db pads, taken
at random from a universe of 14 db average and 1 db standard deviation,
our data would spread still more (same average, though) and would have a
standard deviation of

o = J/Sz + 22 & 12
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Finally, if we use four attenuators like the one described*
(each attenuator corresponding to a link in our four-link case), the
standard deviation of the data would be

J5% 1+ 22+ 22+ 22 + 22 + 17

Qa
[}

/52 41, (2°) + 1° = 6.5 db

It is on this curve that we must find the 99% satisfied value.
Recalling that the average has remained 2,0 db for 2 TNL, we see that

2 TNL = 2.0 + 2.33 (6.5) db = 17.2 db

A satisfactory value of TNL, then, is 8,6 db for the A4 link case.
Similarly, for the two and one link cases we obtain
TNL, two link case = 7.8
TNL, one link case = 7.4

This 7.4 db value would be one point on a new solid line (using new
data as given above) for Figure 2-9.

We observe that although other factors in the problem remain
the same, the required TNL goes up by about O.4 db when we go from 1
link to 2 links, and by another 0.8 db when we go from 2 to 4 links,
because of the changes in o. Similar results would be obtained if we
computed the required TNL for various numbers of links at other values
of delay. We conclude, therefore, that the effect of the maintenance
variation is to increase the required TNL (or VNL) by about O.4 db over
the value necessary if the circuit loss never varied from its assigned
value,
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*We would be forced into reading negative losses on at least some of the
attenuators if we kept adding these variable attenuators to the circuit.
If you wish to avoid this, substitute an amplifier plus a larger at-
tenuator for each variable attenuator.



Chapter 3
VOICE FREQUENCY TRANSMISSION

The telephone instrument and its performance
characteristics are described. This is followed by a
discussion of the objectives for loops and trunks of the
exchange area plant, and the interaction of signalling con-
siderations on transmission problems. Voice frequency
amplification methods used in both toll systems and the
exchange area are reviewed. Sources of impairment in
voice frequency circuits are described, with particular at-
tention to noise and crosstalk. Throughout the chapter,
consideration is given to the impact of recent develop-
ments on the exchange area plant.

Introduction

The generation, transmission, and reception of voice frequency
telephone signals are the oldest and most basic problems encountered in
the practice of transmission. The evolution over many decades of
methods and theory for solving these problems has given us a vast body
of knowledge, covering in great detail many of the problems of any conse-
quence. The objective of this chapter is to present a general picture of
typical methods used, and of the basic problems encountered in handling
voice frecuency signals.

To accomplish this purpose we will first describe the telephone
instrument and its associated performance characteristics. Next, we will
discuss the losses of loops and trunks, and the bearing they have on the
composition of the exchange area plant. This will be followed by a
review of voice frequency amplification methods as applied to the exchange
area and to voice frequency toll circuits. Following this, the most im-
portant types of interferences will be discussed.

The performances and limitations of the elements of the voice
frequency telephone plant are gaining a new importance that goes beyond
the simple fact that they form a part of every telephone connection. New
services such as data-phone, the need for improved transmission performance,
the application of multiplex transmission to existing wires, and the impact
of electronic switching will require increased understanding of the voice
frequency plant.
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Telephone Set - Description

The telephone set is composed of a transmitter, a receiver,
and the associated circuitry for suppressing sidetone, connecting power,
and signaling. In a modern telephone transmitter, granules of carbon
are held between two electrodes - one, a cup holding the granules and
the other a diaphram. The contact resistance between the granules is
changed by sound pressure on the diaphram. The resulting resistance
variation modulates a battery current flowing between the electrodes,
thereby translating the acoustic message into an electrical signal. In
the receiver, the varying component of this current passes through a
winding on a permanent magnet. The alternate strengthening and weakening
of the magnetic field causes a diaphram to vibrate, which generates
sound waves corresponding to those of the talker, Cross sectional
views of the Tl transmitter and Ul receiver used in the 500 type telephone
set are shown in Figures 1 and 2.

The transmission circuit of the telephone set must electrically
separate the transmitter and receiver to limit the amount of the talker's
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signal (sidetone) appearing in his own receiver, and to block the direct
current in the transmitter from the receiver. Subjective tests have shown
that some coupling must be allowed between the transmitter and receiver
to provide a ccntrolled amount of sidetone. However, too much sidetone
will cause the talker to lower his voice, thereby reducing the volume
which the listner receives. The standard common battery anti-sidetone
circuit for accomplishing this purpose is shown in Figure 3. The three-
winding transformer and the network N form a hybrid which places the
transmitter in conjugate with the receiver. Capacitor C prevents the
direct current flowing in the transmitter from appearing in the receiver,

L 2 O— o
Common -Battery Antisidetone Circuit

Figure 3-3
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The schematic circuit of the 500D type telephone set is shown
on Figure 4. When the hand set is on its mounting, the "switchhook"
contacts S1 and 82 are open and S3 is closed to protect the transmitter
and receiver from ringing currents. Removal of the hand set allows
direct current from the central office (or a local battery) to pass
through the transmitter and removes the short from across the receiver,
The dial contacts interrupt the battery current to form the dial pulses
required to control the central office equipment. During dialing, con-
tacts across the receiver are closed.

The modern 500 type telephone set incorporates a number of
characteristics and features that represent improvements over the earlier
302 type set. The efficiency of the transmitter has been increased about
3,5 db and the receiver efficiency about 5 db. The frequency responses
of both the transmitter and receiver have been extended. Components added
to the basic common-battery anti-sidetone circuit provide a dial pulse
filter to suppress high frequency interference into radio sets, a varistor
(VB) to suppress clicks in the receiver, an improved balancing network
(necessitated by the improved transmission characteristics of the
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instruments), and an "equalizer", employing two additional varistors, to
reduce transmitting and receiving sensitivity on short loops.

This equalizer helps to solve an important transmission problem
in telephone set design, namely the interdependence of the transmitting
and receiving efficiencies and the wide range of allowable resistance in
local loops. The high efficiency desired for the longest loops would
provide excess high frequency transmission on the short loops. The
increased sensitivity of the 500 set makes possible increased loop length
or the use of wire of reduced size and hence, higher resistance. On low
resistance loops, this sensitivity is detrimental and must be reduced.
This is a function of varistors Vl and V2. On long loops, the direct
current from the central office battery is low. The varistor impedances
are therefore high, and maximum telephone set efficiency is obtained. On
short loops, the high direct current results in low varistor impedances,
which shunt the speech currents and reduce the set efficiency. As
Figure 5 shows, the combined response of a receiver loop (#26 gauge) and
station set with the equalizer is essentially constant for any loop length
between O and 12,000 feet. For the transmitting case, the response does
not vary appreciably for lengths between 4,000 and 10,000 feet with
variations outside this range being substantially reduced over those which
would occur without the varistors. The overall effect is to produce more
nearly uniform volumes at the central office from transmitting loops, and
more nearly uniform volumes at subscribers' receivers, or at least to make
these volumes less dependent on loop lengthe.

Varistors Vl and V2 also serve an additional purpose. By a
mechanism similar to the one described for the equalizing function, they
compensate for differences in subscriber loop impedances which would other-
wise tend to produce unbalance in the sidetone circuit. Prevention of
significant unbalance is necessary because the greater efficiencies of
the receiver and transmitter makes excessive sidetone more objectionable.
Telephone Connection - Performance

The quality of the transmission over a telephone connection will
depend on the received volume, the relative magnitude of the transmission
of different frequencies, and the interferences, In a typical local con-
nection the ratio of the acoustic pressure at the transmitter input to
the corresponding pressure at the receiver output will depend upon:

1. The translation of acoustic pressure into an open
circuit voltage in series with the transmitter
impedance,
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2. The loss between this open circuit transmitter voltage
and the voltage across the terminals of the subset, in-
troduced by the circuit of the telephone set.
3+ The loss of each subscriber's loop, the central office
equipment, and the local trunks.,
L. The loss between the terminals of the listener's set

and the voltage appearing across the terminals of the

receiver,

5« The translation of this voltage, acting across the

receiver impedance, to acoustic pressure at the re-

ceiver outpute.

Figure 6 shows the typical transmission vs. frequency charac-
teristics (nermalized at 1000 cps) encountered as one progresses through
such a connection,

The importance of speech volume and the losses in various
parts of a telephone connection can be seen by examining the power level
diagram for a typical telephone connection. Figure 7 shows the speech
and noise power at various points in a local connection involving a trunk
between two central offices. In this particular connection the listener
has a signal-to-noise ratio of about 35 db, This is considered good.
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With a weak talker this ratio might drop to a low but still usable value
of about 20 db. Additional losses in the trunks or loops could further
reduce the received volume and, depending on the magnitude of room noise
at the receiving end, might lead the listener to ask the talker to speak
louder,

Resistance Design of Loops

An "exchange area" is the area served by a single central
office. In a more general sense, we may speak of the "exchange area
plant" as including the metropolitan area served by numerous central
offices or a small city with a single telephone office. In the exchange
area, subscriber's loops connect each telephone with its central office
and trunks inter-connect the offices. A typical pattern of loops and
inter-office trunks is shown on Figure 8. Before the advent of the 500
set, with its improved efficiency and equalization provisions, engine-
ering the local plant required selecting a transmission objective or
standard which connections in a given area should meet. The problem
then became one of determining the costs of different combinations of
wire sizes and office locations required to meet these standards so that
the most economic plant layout could be made, Both transmission and
signaling had to be considered, and one or the other might govern.
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Since the introduction of the 500 set, the selection of wire
sizes for various loop lengths has been based purely on signaling
criteria. Signaling performance is limited by the direct current re-
sistance of the loop. In the older types of manual central offices,
signaling restricts the resistance of the subscriber loop and telephone
set to a maximum of 635 ohms. In the newer crossbar offices, this
total resistance can be about 1500 ohms. Allowing 200 ohms for the
set, the total pair resistance can be 1300 ohms. Of this, 1200 ohms
is allowed for the pair at normal temperature and without loading, and
100 ohms for temperature effects and loading coil resistance. It is
now permissible to engineer local loop lengtns and gauges right up to
this 1200 ohm resistance limit, providing 500 sets are used on the
longer loops (300 sets can still be used on the shorter loops) and
provided that loading is used on the loops which exceed 18,000 feet in
length to reduce the total attenuation and the attenuation distortion.*
The resulting cable economies are considerable; before comparing the
results of the two methods of design, however, it is desirable to review
some definitions.

In a given telephone connection there will be an effective
transmitting loop loss T which is a function of the voice frequency loss
of the loop, the direct current flow in the transmitter, and the telephone
set characteristics. The actual value of T in db is a rating obtained by
comparison of the loop and telephone set under consideration with the
reference loop and set of the Working Reference System. Similarly, the
effective receiving loop loss R will be a function of the loop loss and
the telephone set characteristics. Its value in db is likewise found
by comparison testing, using the Working Reference System. In general,
the values of T and R are not equal; that is, the effective loss is
different for the two directions of transmission. In order that only
one effective loss value be assigned to a telephone set and its associated

% The loss of a pair of wires below a prescribed frequency can be reduced,
and the loss versus frequency characteristic made nearly flat, by in-
serting inductance periodically. Loading arrangements are specified by
a letter designating the distance between loading coils and a number
indicating the inductance. Thus, HhL loading means 6000-foot spacing
of 44 millihenry coils. H4A-25 indicates the loading arrangement for
the regular or "side™" circuits and a phantom circuit: namely 44 milli-
henrys on the side circuits and 25 millihenrys on the phantom, both
spaced at 6000-foot intervals.
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loop, to apply to both directions of transmission, it is common practice
in computing the effective loss of a connection to use an average value
of instrument and loop loss, namely I%E o

Under the old method of loop design, it might be decided that
I%E in a given area was not to exceed =3 db. Such a decision would be
made after weighing the overall grade of service which was to be rendered,
the performance of trunks, and the costs involved. At the same time,
local signaling considerations might impose a dc resistance limit of, for
example, 1200 ohms on the loops. The effect of these two requirements can
be seen from Figure 9, which shows the effective loss vs length for various

* The actual value will vary to some extent depending on the battery
supply and consequent transmitter current, which is different in local
and toll connections. On a local connection, the common battery at
the central office is bridged across the line through a high ac im-
pedance circuit to supply dc to the subscriber, On a toll call, the
battery power of each subscriber is supplied by inserting the battery
at the electrical center of a repeat coil which is used to connect
the subscriber loop to the toll trunk. This is done to provide a
better impedance match to the toll trunk and to effectively reduce the
noise and crosstalk introduced in the toll connection by the central
office battery supply. The lower resistance of the toll battery
causes more current to flow in the transmitter, thereby increasing the
transmitter efficiency on toll calls.



3-12 TRANSMISSION SYSTEMS

cables. The crosses indicate the loop lengths whose resistances are 1200
ohms. (Although loops are generally made up of a variety of wire gauges,
for this illustration it is assumed that each loop is composed of a single
gauge.) From Figure 9 and data on wire resistance, the limiting loop
lengths and their resistances for effective loop losses of -3 db (i.e.,
E%E) can be obtained. These are given in Table I. Obviously the =3 db
loss requirement is governing. The corresponding loop lengths which
would be obtained using resistance design, 500 sets, and loading above
18,000 feet are also shown.

Table I
300 Set 500 Set
Transmission Design Resistance Desi
Maximum otal Maximum Total
Loop Length  Resistance of Loop Length Resistance of
Gauge in Feet Loop in Ohms in Feet Loop in Ohms
26 10,500 875 14,400 1,200
2l 14,000 725 23,100 1,200
22 17,000 550 37,000 1,200
19 21,000 330 74,500 1,200

It is apparent from this table that for loops longer than about
10,000 feet there will be a considerable saving in cable cost by using
the 500 set. Furthermore, when installed on this resistance design basis,
the E%E effective loss rating of the 500 set and loop will generally
fall between -4 and -2 db, regardless of the loop length. Therefore, in
engineering the local plant, it is recommended, both from the economic
and transmission standpoint, that any 300 set in the office area be
kept within about 10,000 feet of the central office. The 500 type sets
are then used on the longer loops. This plan leads to a more uniform
grade of transmission in the local plant than was possible before the
500 set was available.
Trunks in the Exchange Plant

In contrast to the loop plant, the layout of the trunk plant
is governed dominantly by transmission objectives, although supervisory
signaling considerations cannot be ignored. Permissible resistance values
for supervisory signaling are, for example:

Step-by-step 2000 ohms¥*
Panel 1300
Crossbar 3000

* New developments may push this to 5000 ohms in the future,
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Transmission objectives for trunks between central offices
(i.e., inter-office trunks) call for an average loss of about 4 db, with
a worst value of 6 db, and a future target, someday, of nearly zero db.
Frequency distortion (variation of attenuation with frequency) in the
trunks is to be minimized. (In the present plant, many of these trunks
still have losses of & to 10 db.) Meeting even the present objectives
calls for loading all CO-CO trunks which are more than 6000 feet long and
the installation of repeaters, when necessary.* To meet the future ob-
jective, many of the shorter trunks will also have to be loaded, on a
3000 foot basis, This can be seen from the column in Table II, which
shows the effective loss in db per mile of typical cable circuits.

The corresponding objectives for CO to tandem office trunks
(i.e., tandem trunks) are 2 to 3 db of loss, at the worst. Trunks be-
tween tandem offices have a future objective of nearly zero db, which
will call for L-wire operation, repeatered lines, and careful balancing
of L-wire sets,

For illustrative purposes, Table II tabulates the maximum
length in miles for various cable facilities having an effective loss of
6 db, and the corresponding resistance. Clearly either loss or resistance
may govern, depending on the type of office involved, but usually, unless
repeaters are used, the transmission performance is the dominant con-

sideration
Table II
DC Maximum Length Total
Gauge Effective Resistance, in Miles for Resistance
and Loss in Ohms per 6 db Effective of Trunk
Loading db/mi mile Loss in Ohms
26 NL 3! LOL 1.7 775
2, NL 2.9 273 2.1 590
24, H 88 1.2 280 5.0 1400
22 H 88 0.8 178 7e5 1340
19 H 88 0.43 92 13.9 1280
19 B 88 0.35 99 17.1 1600
19 B 135 0.27 105 22,2 2320

As discussed in Chapter 2, the present design for toll
connecting trunks calls for the elimination of the 2 db switching pads.
This is done by associating a minimum loss of 2 db with the trunk, to
"pad-out" the generally poor impedances of the local plant; and, when

- e ew s ee Gm - SR s em = ms M es em GBS em W B Ge m G G e W W W wn %R ee W ae e e e G

* A repeatered cable may not have to be loaded if the repeater gain-
frequency characteristic can be adjusted to compensate for the normal
loss-frequency characteristic of the line,
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necessary, by adding impedance correcting networks at the toll office to
increase the return loss seen looking into the trunk. The maximum loss of
the toll connecting trunks, in the present plan, is to be 4 db. These
transmission objectives can be achieved by any one of the following means:

1. If the normal loss of the trunk is O to 2 db, a 2 db pad
is added to the trunk at the toll office. This pad serves
the same function as a 2 db switching pad.

2. If the trunk has a normal loss of 2 to 4 db, it will adequately
mask the impedance mismatches of the local plant. Its own ime
pedance, however, may not be very good; in such cases it is
necessary to add an impedance correcting network at the toll
office, to increase the return loss laoking into the trunk.

3. If the trunk loss exceeds 4 db¥ one or more repeaters are
added, and the trunk loss is adjusted to equal the quantity
(VNL + 2) db. Here, VNL represents the via net loss com-
puted for the terminating link facility as if it were a
toll trunk. For typical lengths of toll connecting trunks,
the VNL will come out to be 1 db or less, so that the ad-
dition of 2 db puts the trunk loss into the required 2 to
4 db range. An impedance correcting network is added to
the trunk at the toll office if necessary,

In addition to the above procedures, all toll connecting trunks
having lengths greater than 6000 feet are loaded to minimize the attenu-
ation distortion across the voice channel.

Loss in an Exchange Area Telephone Connection

The preceding discussion, which has been used to illustrate the
composition of the exchange area plant, is all based on the use of ef-
fective transmission loss. As discussed in Chapter 2, this concept in-
cludes the effects of frequency distortion and interferences. The true
loss of power in a telephone circuit is, of course, a function of frequency
and dependent on the actual impedances of the components of the circuit.

Toll trunks are usually electrically long and designed to pro-
vide good impedance matches at their terminals and at intermediate points.
Furthermore, toll trunks generally introduce no appreciable frequency dis-
tortion or noise. (We are ignoring EB banks, of course.) Thus,the at-
tenuation of a toll trunk usually determines its contribution to the ef-
fective loss of a circuit.

*The toll connecting trunks entering four-wire switching centers will
frequently fall in this category, since the four-wire set (approximately
3.5 db loss) is considered part of such a trunk.
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In the exchange plant, loops and trunks are normally electri-
cally short and do not have particularly good impedance matches at
junctions. Thus, the impedance looking into a particular point will
depend on the impedance terminations at remote points. Likewise, the
power loss will be a function of the attenuation of the components and the
reflection gains and losses at the numerous junctions.
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Impedances at Various Points in a Possible
Exchange Area Telephone Connection
Figure 3-10
Figure 10 shows an exchange area connection with the
1000 cycle impedance seen at each junction as computed from the equi-
valent T network for each component. The attenuation of each component
is also shown. It is apparent that the impedance requirement for maximum
power transfer - namely equal resistances and equal reactances of op-
posite signs - are approximately met at the junction between the trunk
and central office. At the other junctions the situation becomes less
ideal as we proceed towards the subscriber. A detailed computation
shows the 1000 cps insertion loss between the telephone sets in this
connection to be 21,1 db. The sum of the attenuations is 23.6 db. This
illustrates the fact that multiple reflections between component parts
of an exchange area circuit combine in such a way as to make the
summation of individual attenuations an unreliable measure of total loss.
For effective loss computations, this has led to the preparation and use
of detailed charts which give the junction loss (which may be positive
or negative) to be expected when various loop and trunk facilities are
interconnected. Using these, the overall effective loss of a connection
can be computed as the sum of the E%E values of the loops involved, the
effective loss of the trunk, and the two junction losses (which may turn
out to be gains).
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We see, then, that although detailed computations of the
1000 cps insertion loss provide some useful information in the design
of exchange area systems, 1000 cps insertion loss alone is a poor
criterion to use in judging the performance of a telephone connection.
Even the computation of the insertion loss at a number of frequencies in
the transmission band will not provide a complete picture of the circuit
quality, since no information is obtained about the circuit noise,
crosstalk, distortion in the transmitter and receiver - to mention just
a few of the factors which determine circuit quality. The engineer,
therefore, generally falls back on the effective loss method of
evaluating the exchange area plant.

It is apparent from the discussion in the previous section
that use of effective transmission loss is an engineering technique de-
signed to fit all possible combinations of exchange area plant components,
but with an accuracy which is only approximate. The technique is one
which gives good results when applied to the sum total of plant, as in
computing the plant performance, for example, to see if transmission
standards for the area are being met. Some errors in the rating of
individual circuit quality are to be expected, however. Furthermore,
all of our "effective loss" values are comparisons to old instruments
(circa 1928) which were limited bandwidth, high efficiency, instruments.
This can lead to confused thinking., For example, modern instruments
might be rated as 18 db better than the old reference instruments for
some particular loop length, but careful interpretation of this 18 db
advantage is essential. It is largely a consequence of the use of anti-side-
tone circuitry and wider bandwidth - but the increased bandwidth is an
advantage only if the signal can be heard at satisfactory volume. One
cannot argue, for example, that use of modern instruments should permit
18 db higher trunk losses than old instruments did for the same grade
of transmission, since under such conditions the received volume would
be so low that the bandwidth advantage would be lost. It is evident
that there is a great need for a method of actually measuring over-all
circuit performance. The EATMS (Electro-Acoustic Transmission Measuring
System) is a start towards such a measuring system.*

* See Chapter 2 for a discussion of the EATMS and its limitations,
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E-Type Repeaters

The preceding discussion has been based on achieving the
tandem and toll trunk loss requirement by specifying wire size and loading
arrangement., Until the advent of the E-type negative impedance repeater
in 1948, voice frequency amplification was available only in the form of
relatively expensive hybrid-type repeaters designed for voice frequency
toll circuits. Besides being costly, these repeaters were not designed to
transmit the dc signaling used in the exchange area. For these reasons,
the toll circuit type voice frequency repeaters have been used only in a
relatively few special applications in the exchange area plant. The new
E-type repeaters provide an economical means of reducing the loss of inter-
office trunks and at the same time permit normal signaling to be used.
This permits improved plant performance, reduction in wire sizes, and, in
general, increases the flexibility in the layout of the exchange area
trunks.,

A negative impedance repeater operates on the principle of
inserting negative resistance (and, if desired, negative inductance or
capacitance) in the line, thereby reducing the overall impedance and
increasing the current in the line. This results in transmission gain
in the same sense as that resulting from a repeater of the conventional
type. In addition, repeaters of this type preserve the dc continuity
of the circuit and are bilateral; i.e., provide amplification for both
directions of transmission. They have the additional advantage that,
in the event of a tube failure, transmission along the line is still
possible, but at substantially higher loss, however,

Three basic E-type ("E" for "Exchange Area') negative im-
pedance repeaters have been developed; these are designated the El, E2,
and E3. The El and E2, which are electrically identical, insert series
negative impedance in the line. A block schematic of this type of
repeater is shown in Figure 11. The E3 is designed to bridge a shunt
negative impedance across the line. The E3 alone has had virtually no
application in the plant. It is widely used, however, in conjunction
with either the El1 or E2 repeater to form a combined series-shunt
negative impedance repeater. Repeaters of this type are designated
the E13 or E23 and are electrically identical. Figure 12 shows the
E23 type repeater, in block schematic form,

The impedance inserted in the line is approximately pro=-
portional to, and the negative of, the impedance strapped in the ad-
justable network associated with each type of repeater. As in any
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repeatered circuit, the amount of negative impedance or "gain" inserted
in the line is limited by considerations of such things as circuit
singing (oscillation), noise, crosstalk into other systems, overload of
the repeater, and echo loss requirements. In most inter-office trunks
the necessity of preventing the repeater from singing is the gain con-
trolling factor. The stability of the E-type repeater is dependent on
the impedances connected to its terminals.* In a typical trunk instal-
lation, the impedances seen by the repeater depend upon the impedances
of the circuits connected to each end of the trunk. The impedances
across the repeater terminals vary, therefore, as the trunk is switched
from circuit to circuit, or is left, for example, with its ends un-
terminated in the idle circuit condition. The repeater must be stable
under all these conditions. Therefore, the worst trunk termination con-
dition, for a particular type of repeater, will generally serve as the
basis for setting the repeater gain. The El3 or E23 type repeater, as
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* Basically, the series type repeaters are classified as open-circuit
stable (short-circuit unstable) devices, while the shunt type are
short-circuit stable (open-circuit unstable). The series-shunt type
repeaters, therefore, can be either open- or short-circuit stable de-
pending on whether the series or shunt element dominates. It follows,
then that the repeater stability is dependent on the impedances con-
nected to its terminals. However, this is just one illustration of the
basic problem of repeater stability which exists in any repeatered
transmission line, regardless of the type of repeater. A general dis-
cussion of this fundamental problem is given in "Some Fundamental
Properties of Transmission Systems" by F. B. Llewellyn, which appeared
in the March 1952 Proceedings of the I.R.E..(pages 271<83),
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normally used, is less sensitive to the circuit impedances and, as a
result, in a given trunk will usually provide higher gain. The maximum
gain which these repeaters can insert in a line is 8 to 10 db. As a
rule of thumb, it is generally possible to use E-type repeaters to re-
duce the loss of a loaded trunk to about one-half its non-repeatered
value, or the loss of a non-loaded trunk to about one-third of its non-
repeatered value (where the losses are measured in db). Short trunks
are usually operated with a single repeater placed either at or near
the center of the trunk or at the terminal at either end. E-type
repeaters can be worked in tandem on longer trunks. In this case, the
loss of the repeatered trunk will approach the optimum given in the

rule of thumb previously stated provided the trunk is uniform (i.e., one
type of facility) and the repeaters are spaced the equivalent of about

8 db of line loss apart. The strapping network in each type of repeater
can be adjusted to provide either shaped or flat gain across the voice
frequency band. This permits a repeater to be used to compensate for
attenuation distortion in the line, as well as providing net gain.
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One disadvantage of the El and E2 type repeaters is that the
insertion of a series negative impedance in an otherwise uniform line
(loaded or non-loaded) introduces an impedance discontinuity which will
appear as an echo at the sending end., The magnitude of this echo will
be proportional to the magnitude of the negative impedance, or the gain,
inserted by the repeater. This echo will not be a serious problem on
trunks used for short inter-office connections where the delay is small,
On toll connecting trunks used as part of a long toll circuit, however,
the delays may be large. This frequently causes the echo requirement,
rather than singing considerations, to limit the gain which can be
inserted by the series-type repeaters in toll connecting trunks. This
impedance discontinuity problem can be markedly reduced by using the
E13 or E23 repeater on these trunks. By properly adjusting the E3
portion of the repeater, the impedance looking into the composite
repeater can be made to approximate the trunk impedance, and, there-
fore, the echo which arises at the repeater is minimized.

In the trunk plant 19, 22, and 24 gauge conductors are
normally used. For short distances the differential in cost Dbetween
trunks of different gauges is not large. However, as the trunk length
increases, smaller gauge wire with a repeater will be more economical
than a larger gauge without a repeater. For example, a 10 mile trunk
of 22 gauge wire with a repeater will be more economical than a 19
gauge pair with no repeater., In addition, these repeaters provide an
economical means of improving the quality or grade of exchange area
service,

Voice Frecuencv Toll Systems

Before the development of AM carrier systems, telephone com-
munication over long distances was possible only through voice frequency
toll circuits operating on either open wire or cable. Today VF toll
circuits are restricted to lightly loaded or secondary type routes having
lengths of a few hundred miles or less. Both loading coils and hybrid-
type voice frequency repeaters* are used on these circuits to reduce the
transmission loss.

* We are using the word "repeater" here and throughout the text to
denote the aggregate of equipment required to provide gain in a trans-
mission path. Some transmission engineers, and some Bell System
Practices, in discussing voice frequency or AM carrier systems, prefer
to use terms referring to the component parts of what we are calling a
repeater - namely "line amplifier" and "gine equipment™, In these
cases, if the word "repeater" is used at all, it is generally used
synonymously with "line amplifier™,
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Except for negative impedance repeaters such as the E-types,
conventional amplifiers are one-way devices. To obtain amplification for
both directions of transmission, additional circuitry is required. This
may be done on either a two-wire or four-wire basis, as shown in Figure 13;
both methods are used in the voice frequency plant. From the diagram it
is evident that in each configuration a high order of balance in the
hybrids is required to attenuate energy circulating from a repeater output
to its input, by way of the hybrids and the opposite direction of trans-
mission path. Failure to provide adequate attenuation will result in
"singing" or oscillation of the circuit. The balance of the hybrids is
determined, of course, by the degree to which the impedance seen looking
into each intermediate section of line and the toll connecting trunks
matches the impedance of the balancing network N connected to the opposite
arm, Balance must be maintained not only over the voice frequency band but
out-of-band as well so as to keep the loss of the circuilt greater than the
gain at all frequencies. In order to ease the out-of-band balancing
problem, a low-pass filter is normally used at the input to each repeater
amplifier to provide high loss above the voice frequency transmission band.
The net loss around a sing-path is generally referred to as the "singing
margin"., Voice frequency circuits are usually engineered to provide a
minimum singing margin of 10 db under normal conditions (e.g., temperature).
Variations in net loss due to temperature changes, battery voltage vari-
ations, tube aging or other causes may result in the singing margin under
less favorable conditions becoming as low as 4 db, which is about the
minimum tolerable value.
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The same paths which can give rise to singing also account
for echo returned to the subscriber as he is talking. Echo, as dis-
cussed in Chapter 2, represents a distracting annoyance which in extreme
cases can impair talking ability. The velocity of propagation at voice
frequency, particularly on loaded cable, is relatively slow compared to
radio or carrier systems (14,000 miles per second on 19 gauge cable
with H88-50 loading, for example). Therefore, the maximum length of a
voice frequency toll circuit, and the net loss to which it must be ad-
justed, are in some cases determined by echo requirements, as we shall
see,

Figure 13 shows that in two-wire operation there are a multi-
plicity of singing (or echo) paths for each repeater. A given repeater
is subject to instability due to its own loop transmission, its own plus
that of the adjacent repeater, and so on until the end of the system,
Thus, the tendency towards instability in two-wire systems increases as
the length of the circuit and, therefore, the number of repeaters is in-
creased, As a result, singing and echo performance are the controlling
factors in setting the repeater gains in most long two-wire voice fre-
quency toll circuits. In order to achieve reasonably high gains in the
repeaters, careful attention must be paid to the installation and
maintenance of the circuit, particularly with regard to the balancing
networks on each hybrid. This disadvantage in the two-wire method of
operation is off-set, in many cases, by the saving in copper afforded
by using only one pair of conductors between repeaters.,

Two-wire voice frequency toll systems are today operated on
both open wire and cable. No loading is used on open wire, and the
repeater spacing varies from up to 350 miles with 165-mil conductors
to 150 miles for 104-mil conductors. The average length of these open
wire systems is around 300 miles, with the maximum length systems ex-
tending about 700 miles., For two-wire cable operation, 19 gauge cable
with H88-50 loading is standard. The higher attenuation of the cable
as compared to open-wire necessitates a repeater spacing of about 50
miles. The difficulty of maintaining stability as the number of re-
peaters is increased limits the length of two-wire voice frequency
cable circuits to 150 miles or less

Four-wire operation is restricted to cable, where a relative
abundance of conductors is available. Figure 13 shows that in four-
wire operation the major singing path is that which extends around the
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circuit, from one end to the other. This tends to make four-wire voice
frequency systems more stable than two-wire. As a result, repeater
gains in four-wire systems are limited more by modulation distortion¥,
echo, and crosstalk into other systems than by singing considerations,
Four-wire circuits are generally operated on 19 gauge cable with H4L-25
loading, and may be used over distances of 300 to 500 miles.

It will be recalled from the discussion of Chapter 2 that the
performance to which a typical voice frequency toll circuit can be
adjusted is neatly summarized by the "Via Net Loss Factor", abbreviated
VNLF. The via net loss factor expresses, in db per mile, the minimum
loss to which a system should be engineered; and takes into consider-
ation the problems of noise, echo, singing, and crosstalk in a typical
installation. The minimum via net loss for a system is found by multi-
plying the VNLF by the system length and adding a factor of O.4 db to
allow for maintenance variation. Via net loss factors for the various
types of voice frequency toll circuits we have been discribing are
tabulated in Table III below. Factors for carrier systems are also
shown for comparison purposes.

Table III
VNLF
Facility db per mile
2-wire open wire
(all wire sizes) 0,01
2-wire 19-H-88-50 0.03
L-wire 19-H=4L=25 0,01
Open wire carrier
?all types) 0.0017
Type K or N carrier
cable) 0.0019

It may not be possible to meet these minimum loss speci-
fications in some installations, of course, particularly when adverse
conditions lead to very poor echo performance., In general, however,-

#Modulation distortion refers to the unwanted products formed by passing
a signal through an amplifier, for example, which is never idea}ly
linear. This subject is introduced in Chapter 4 and discussed in more
detail in Chapters 8 and 12,
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voice frequency toll circuits, of the type and average length discussed,
will be engineered to have via net losses of 2 to 5 db. Obviously the
use of carrier permits lower loss operation of trunks than VF does.

A number of types of voice frequency repeaters have been de-
veloped. Their characteristics are tabulated in Table IV below:

Table IV
Maximum
Repeater Circuit 1000 cps
Type Description Gain-db Application
22 One stage triode 19 2-wire; open
amplifier, no wire or cable
feedback
Ll Two stage triode L3 L-wire; cable
amplifier, no only
feedback
V1, V3* One stage pentode 35 ‘ 2-wire; open
amplifier, with wire or cable
feedback

The general practice in laying out a voice frequency toll
circuit (as in all types of toll circuits) is to locate repeaters at or
near the toll terminals of each end of the system. Additional repeaters,
as recuired to meet the overall loss objective for the system, and to
control noise and crosstalk, are located at intermediate points along the
line, the spacing between repeaters being dependent on the type of
facility as indicated in the previous discussione

The amplifiers used in these repeaters have a gain-frequency
characteristic which is essentially flat over the voice frequency band.
Line loss, on the other hand, increases with frequency. Therefore, to
reduce attenuation distortion, some equalization must be provided at each
repeater to make the overall transmission through one section of line
and a repeater flat (or as nearly flat as is practical) vs. freauency
across the voice channel.** This is accomplished through the use

of relatively simple adjustable networks ahead of the amplifier in each
repeater,

% The V3 is the miniaturized version of the V1.

¢ Delay distortion (i.e., a phase characteristic which does not increase
linearly with frecuency) is not a problem in voice circuits.
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Equalization compensates for the nominal characteristics of
the line and repeater. In addition to equalization, regulation must
also be provided to maintain the over-all circuit performance hour after
hour as, for example, the line losses vary with temperature or moisture
conditions. At voice frequencies, open-wire line loss variation is due
principally to moisture changes at the insulators. The total variation,
even on long circuits, is generally small, however. As an example, 300
miles of non-loaded 104-mil open wire is expected to show no more than
+ 1.2 db variation in loss with typical changes in weather conditions.
Therefore, two-wire voice frequency toll circuits operating on open-wire
are regulated manually by changing the repeater gains, as dictated by
periodic tests (sometimes as infrequently as twice a year) on the 1000
cps loss.

Variation in cable loss is due principally to temperature
changes. For example, a change in temperature of + 55°F is expected to
cause + 25 db variation in the loss of 500 miles of 19 gauge aerial
cable with H4L loading. Such large variations in loss require automatic,
rather than manual, regulation., Automatic regulation is provided in
both two- and four-wire voice frequency cable circuits by pilot-wire
regulators.®* A pilot wire consists of a pair of conductors in the
same cable as the toll circuits which are to be regulated. The dc
resistance of this pair will, of course, vary with temperature just as
the voice frequency attenuation of the cable does. The regulator is
controlled by this dc resistance, and consists of relay circuits which
select gain adjusting networks in the repeaters to compensate for cable
attenuation changese In practice, long toll circuits are broken up
into regulating sections about 100 or 150 miles long, so that every
second or third repeater is regulated. (The intervening repeaters re-
main at fixed gain.) At any such regulating point, a single pilot wire
regulator can be used to control a number of voice frequency systemse.

Long four-wire voice frequency circuits in which echo require-
ments are controlling can sometimes be operated at net losses lower than
permitted by the echo limitation by equipping them with echo suppressors,
As discussed in Chapter 2, however, echo suppressors introduce dif-
ficulties of their own, and their use is usually restricted to RC-RC
trunks.

* This is true in general. Some short two-wire cable circuits are
manually regulated, however,
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Interferences in Exchange Area Plant
The importance of maintaining low losses in the telephone plant
has been pointed out. To achieve satisfactory service, it is also im-

portant to control and minimize interferences. In speaking of inter=-
ferences, we include such items as noise, crosstalk, and power line
induction. Some interferences, - for example, certain types of noise, -
arise within a message channel: others, such as crosstalk and power
line induction, are due to external influences. The characteristics,
effects, and control of each of these is a study in itself; we shall
be able only to touch briefly a few of the high points in the space
available to us., We shall first discuss the various types of noise,
then the mechanisms by which interferences are induced in telephone
circuits, and conclude with a discussion of crosstalk,
Noise

Telephone intelligibility is affected by the total noise which
reaches the listener's ears - particularly the ear to which the tele-
phone receiver is applied. This total noise consists of room noise and
circuit noise. Room noise on the listening subscriber's premises reaches
his ear directly by leakage around the receiver cap and indirectly by
way of the sidetone path through the transmitter and receiver of his sub-
set. Room noise from the talking subscriber's premises also reaches the
listener over the normal transmission path, and is assuming increasing
importance. This is a result of two factors - first, circuit losses are
being decreased; second, and more important, room noise has increased

and its spectrum has shifted upwards in frequency in recent years, with
increased use of such things as air-conditioners. This new spectrum,
together with the improved low frequency response of the 302 and 500 type
sets, has greatly increased the importance of room noise.
Circuit noise varies greatly. Its sources are many; for
example: ‘
Induced Power Hum - The inductive field of power
lines may induce sizable signals in message circuits. It is the
harmonics of the power frequency, particularly the third harmonic
or 180 cps, which are of particular interest since they are fre-
quencies at which the telephone set receiver is fairly sensitive,
The use of balanced circuitry for voice frequency telephone
connections, as discussed in a following section, is an im-
portant first step in reducing all such induced effects.
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The metallic sheaths of telephone cables provide some pro-

tection against power line induction, so that power line noise
may be low in cable circuits. In the case of open wire lines,
however, the only step that can be taken (in addition to balanc-
ing and transpositions) is to provide physical separation between
power and telephone lines by careful coordination of plant con-
struction by the two industries. Where we have joint use of
poles, or only roadway separation in rural areas, very high values
of power line noise (45 dba) may be observed, however, and

26-28 dba is common.

Battery Noise - As batteries age, they develop re-
sistance; associated with this is a "burning™ type noise. However,
this noise is normally negligible compared to the noise from the
battery charging machinery (either rectifiers or generators). In
addition, impulse-type noise from other circuits may be coupled
to any particular circuit of interest by the common impedance
formed by the battery and its filters. The resulting noise is
predominantly low frequency in character. In crossbar and manuwal
offices, large electrolytic capacitors are shunted across the
batteries, giving very low noise values - from +2 dba maximum to
-10 dba average.

Contact Noise - This type of noise results when currents
pass through contacts which have variable resistance. Sporadic in
character, it is most pronounced in panel-type exchanges, and can
be very annoying. Improved maintenance of contacts is reducing
its importance in the system as a whole,

Impulse Noise - Like power line hum, this is a type of
noise that is usually induced in a telephone connection. (Impulse
noise can be coupled into a circuit through a common impedance,
such as the battery filter.) Unlike power hum, the sources of
impulse noise are generally within the telephone plant. Impulse
noise consists of rather short spikes of energy, to which the ear
is fairly tolerant. The spectrum of impulse noise is relatively
constant with frequency. However, since the transmission level at
repeater input is frequently much lower in a carrier system as
compared to a voice frequency system (i.e., carrier system repeater
gains are generally much higher than voice frequency repeater gains)
impulse noise introduced at a low level point will normally cause '
more impairment in a carrier system. Impulse noise arises from dial
pulsing and other switching circuit transients in dial-switched
central offices through which the connection passes. One of the
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ways of overriding it is to place repeaters somewhat closer to
central offices than normal repeater spacing considerations
would otherwise dictate, so that the signals will be at a
sufficiently high level at the point of exposure to override
the impulse noise. The exact characteristics of this type of
noise are receiving increased attention lately, since data

and PCM systems do not share the ear's tolerance to short
bursts of energy.

Static Noise - Open wire lines are subject to static
noise whenever a thunderstorm occurs within a distance of many
miles; static may be considerable even when no thunderstorm is
evident in the region. Extensive studies of storm static and
thunderstorm incidence (TSI) as a function of geography have
been made, and the engineering of open wire systems in a par-
ticular section takes the local TSI and local earth resistivity
into account as important factors. A typical objective might be
that static noise should not exceed 26 dba at zero level more
than 1% of the time, which is 37 hours during the five month
static season. Even under these circumstances, the nature of
static incidence is such that for hours we might find noise 10 db
higher than this value. The spectrum of static field intensity
has its maximum value at 10 k¢, and falls off, on the average, at
6 db per octave, but it is still important at carrier freqguencies,
since the pair balance decreases with frequency.

Thermal Noise - This is mentioned here merely for the

sake of completeness; it is seldom important in voice frequency
systems, though always present. It becomes extremely important
in long carrier systems such as coaxial, submarine cable systems,
and radio relaye.
The diagram in Figure 7 shows the levels of speech and noise for
a typical telephone connection. The circuit noise is somewhat less than
average but is sufficient to be barely noticeable in the presence of
average room noise.
Induced Interferences - Mechanisms
As the preceding discussion has indicated, a transmission path
can never be entirely isolated from the external world., It may parallel a
power line, it usually lies in close proximity to other similar loops and
trunks in cables or on pole lines, and it passes through central offices
in which switching apparatus creates sizable transients. While not in-
tended, coupling always exists to these sources of interference. In this
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section we shall discuss some of the mechanisms involved in this
coupling, and the methods which have been used to reduce it.

Although ground-return circuits were used originally in the
telephone plant, these were soon given up in favor of the "balanced"
pair. The balanced pair has the advantage that interferences induced
equally in both wires of the pair are balanced out. This is shown in
Figure 14. Repeat coils are used at either end of the circuit. The
signal voltage ES causes signal current Is’ to flow. The current
direction in the two wires is opposite, and thus the signal passes
through the B repeat coil to Zmb' An interference which is induced
equally in each wire is indicated by the Ei generators. In this case
the currents flow in the same direction along the pair and cancel in
the repeat coil. The currents which flow in opposite directions in the
wires of the pair are known as ™metallic circuit currents". The
currents which flow in the same direction along the pair are called
"ongitudinal currents",

Induced interferences may reach the receiver and disturb
transmission in two ways. In one case the coupling between the source
and one of the wires of the pair differs from the coupling between the
source and the other wire, and in the other there is an unbalance with
respect to ground within the pair,

If the voltages induced in the two wires of the pair are not
equal, then the interference will appear as both a longitudinal and a
metallic circuit current. Consider the case shown in Figure 15 where
it is assumed that unequal voltages are induced as a result of dif-
ferences in exposure to the disturbing source. These voltages may be
analyzed into a pair of voltages which would cause balanced longitudinal
currents, plus a residual which would cause a metallic current. The
circuit presents quite different impedances to these two types of

Ig — I;
— — N\ --—» —
AN ) '
Zma 4 Eq .l
Z9a Zgp, ¥
Zmp
= - 4
E
S 2 ;i\ |
— NN \"UJ __’_’

Signals and Interferences in Balanced Pair
Figure 3-14



3=-30 ' TRANSMISSION- SYSTEMS

101--—g —
Z9b
Zmb
-—-—bg
6{e— 5

Metallic and Longitudinal Currents
Figure 3-15

generators. In Figure 15, the total resulting current in the upper
wire is shown as 10 units and that in the lower wire as 6 units. As
shown by the solid and dashed arrows, these induced currents can be
divided into metallic circuit currents of 2 units and longitudinal
currents of 8 units. The 2 units of metallic circuit current will, of
course, appear as an interference in Z .*

In the second case, the voltages induced in the two wires are
identical, but there is an unbalance in the pair. This unbalance may
result from differences in the resistance of the two windings of the
repeat coil or from a poor splice in one of the wires. The effect of
this series unbalance can be seen by considering Figure 16, The im-
pedance, Z, represents an added resistance in the upper wire. Because
of this additional resistance the currents I1 and 12 will not be equal.
The unequal currents may be analyzed as in Figure 15 to show that
metallic circuit currents are produced.

Consider now that the circuit of Figure 15 or 16 is one of
two pairs being used to provide a phantom circuit. The message currents
of the phantom circuit appear in either pair as longitudinal currents.
It follows that the induced longitudinal currents in the two pairs must
be equal in amplitude and phase if the phantom is to be free of induced
interference. Phantom circuits are, therefore, particularly susceptible
to this sort of interference, since getting balance between two pairs
is more difficult than for the two wires of a single pair,

*A L4 to 1 ratio of longitudinal to metallic current represents a totally
unsatisfactory circuit. Ratios of 500 to 1 or 1000 to 1 would be more
representative of plant performance.
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Figure 3-16

The coupling between a source of interference and the wires
of a pair may be capacitive, inductive, conductive, or various combi-
nations of these. Coupling to power lines is usually predominantly
inductive, and would be of trivial importance if it were not for the
great energy of the disturbing source. The coupling in cables and
open wire lines which produces crosstalk at voice frequencies is pre-
dominantly capacitive, although inductive coupling becomes important as
we approach carrier frequencies.x

It might be pointed out that raising the impedance level of
a circuit (the impedance from each wire of a pair to ground, say) will
cause it to absorb more power from a source to which it is coupled by
a very high impedance path (e.g., capacitive coupling). The source and
coupling impedance act like a constant current generator. Loading
causes such an increase in circuit impedance, so that the wider use of
loading in the exchange area plant has the consequence of greater
vulnerability to induced interferences - including crosstalk.
Methods of Reducing Induced Interference

The above brief discussion of mechanisms is sufficient to
suggest how induced interferences may be minimized. It is clearly
advantageous to maintain balance within the pair itself - good splices
will help to avoid the situation shown in Figure 16, Similarly, the
apparatus to which the pair connects, such as repeat coils, should be
well balanced; a common criterion is that the balance of such apparatus
should be 10 db better than the best pair with which it will be used.
Another obvious method, to be used when practicable, is to reduce the
coupling between line and source by adequate spacing., This is done in

- Em em em ew em em en s mm em em em em s @ ms ws s Gm s e e s wm Y mm  em G em  "m e e e e

* Another type of coupling, not germane to this discussion, will be
considered when we come to carrier systems, - namely, intermcdulation,
or unwanted modulation products.
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the case of power line induction, as already mentioned; it is one of the
reasons for keeping a reasonable spacing between pairs of open wire
lines, thus reducing the crosstalk between them.

In addition to maintaining balance within the pair itself, it
is important, as the preceding discussion has shown, to expose each wire
of the pair equally to the interfering source. In open wire lines this
is done by complicated transpositions systems. Two ideas are involved
here. In the first place, all the lines must be transposed relative to
adjacent power lines; since long wave lengths are involved here, this can
be accomplished by relatively infrequent transpositions. Secondly, how-
ever, the various telephone lines must be transposed relative to each
other; in this case, if carrier frequencies are involved, the wave lengths
are shorter, and transpositions must be more closely spaced. (Transposing
the lines relative to each other may, in some cases, degrade the balance
relative to the power line, unfortunately.) By careful design it has been
possible to arrive at transposition patterns which permit the use of
open wire up to frecuencies of the order of 140 ke with transpositions
as far as two to four poles apart. In cables, the wires of a pair are
twisted around each other, and the various pairs are further twisted
relative to each other at various rates (i.e., various twist lengths),
again in order to achieve as much balance and randomization of coupling
paths as possible.

In repeatered systems, a satisfactory over-all signal-to-noise
ratio can be obtained by judiciously spacing repeaters so that signal
levels never become so low as to be comparable to the induced noise,

(The same approach is used in systems where thermal, rather than induced,
noise is controlling, as discussed in detail in subsequent chapters.)

On the other hand, the signal levels must not be set so high as to make
the repeatered circuit a source of excessive crosstalk.

For the sake of completeness, although they are not economically
applicable to voice frecguency telephone circuits, two other methods
might be mentioned. One is shielding, as exemplified by shielded video
pairs and by coaxial.®* The other is "crosstalk balancing" - the de-
liberate introduction of coupling paths between pairs of a cable, the
magnitude and phase of the coupling being chosen to balance out the
already existant unwanted coupling. The use of this method is pretty
- much confined to K carrier, which will be discussed in Chapter 5;

* The use of two cables to carry the opposite directions of trans-
mission in a section of 4-wire carrier, as in "K", might be con-
sidered as an example of shielding, or of space diversity.
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Figure 3-17
coupled inductances, and small capacities (40-200 mmf) are used to
obtain this adjustable coupling.

Crosstalk
Crosstalk occurs when signals on one telephone circuit appear

on another circuit as an interference. The circuit which is the source

of the signals is known as the disturbing circuit, and that on which the
signals are heard as the disturbed circuit. On voice frequency message
circuits the crosstalk is inherently intelligible, This is contrasted

to a carrier system, for example, in which the crosstalk frequently
consists of speech which has been inverted or otherwise shifted in fre-
quency so as to be unintelligible. Intelligible crosstalk is particularly
objectionable because of the real or fancied loss of secrecy which it
implies.

While all crosstalk to be considered here is caused by the
sort of unwanted coupling that we have just been considering, the sub-
ject is of such importance that we go on to further distinguish between
various types of crosstalk paths. One such classification is illus-
trated in Figure 17, which is mainly concerned with distinguishing
between where the crosstalk is measured. It might be mentioned, however,
that unless all the factors in the situation are known, including the
geographical distribution of the coupling, the value of far-end cross-
talk cannot be predicted from a knowledge of the near-end crosstalk
even in a non-repeatered circuit.

Crosstalk may also be classified according to whether or not
a third circuit is involved in the coupling, and how, leading to the

following four definitions:
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Direct Crosstalk is the summation of the crosstalk induced
by the disturbing circuit directly in the disturbed circuit
without involving any tertiary (i.e., third or intermediate)
circuit,

Indirect Crosstalk is the sum total of all the crosstalk
which reaches the disturbed circuit by two paths in tandem,
one from the disturbing circuit to tertiary circuits and
the second from the tertiary circuits to the disturbed
circuit.

Transverse Crosstalk is the sum total of the direct and
indirect crosstalk. It does not include that portion

of the crosstalk which involves transmission in tertiary
circuits.

Interaction Crosstalk refers to all of the indirect cross-
talk which involves tertiary transmission between trans-
verse sectionse It is thus the result of direct crosstalk
from disturbing circuit to tertiary, which produces currents
and voltages in the tertiary circuits; these, in turn,
produce direct crosstalk into the disturbed circuit.

Interaction crosstalk may be serious in repeatered circuits,
as indicated in Figure 18, Circuits A and B represent two one-way
circuits transmitting in the same direction; C is a c¢ircuit which is
not repeatered at the points of interest to us here. The solid line
connecting A and B indicates an interaction crosstalk path between the
output of a repeater in A and the input of a repeater in B. This path
involves the sum of (1) near-end crosstalk loss between A and C in
the second repeater section and (2) the near-end crosstalk loss be-
tween C and B in the first repeater section. The dotted line con-
necting A and B indicates a similar path at the center of a repeater
section; here the repeater gain would not be involved, so the dotted
would be less serious than the solid line. The dashed line represents
a path around a repeater itself by way of the tertiary circuit; if
repeater gains are high enough (as in carrier systems) such a path may
cause severe distortion of the repeater insertion gain characteristice.
Effects of Transmission Levels

The crosstalk loss which would be measured between two circuits

at their terminals due to a known crosstalk coupling in a particular
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section of line or piece of apparatus, is, in general, a function of the
relative transmission levels of the circuits at the point where the
coupling exists and at the terminals where the measurements are made,
When the circuits contain gains (amplifiers or repeaters), as do many
voice-frequency, carrier, and video circuits in exchange area and toll
plant, the level differences between circuits, and hence the effects of
level differences, may be greatly increased,

By way of example, consider the near-end and far-end crosstalk
between the two circuits shown in Figure 19, which are typical of short
2-wire voice frequency toll cable circuits. The symbols at A, B, and C
are conventional representations of 2-way telephone repeaters which have
gain for both directions of transmission. The transmission level
diagrams show, for the two directions of transmission, the levels of the
speech at each point in decibels above the level at the sending end.
Since the circuits are assumed to be alike, the same level diagrams apply
to both circuits. The gains or losses between any two points are easily
obtained from the level diagrams by subtracting the levels at the two
points,

Now assume that we are interested in the near-end crosstalk
at the A terminals of the upper and lower circuits, due to the cross-
talk path shown at B having a loss of 60 decibels. This crosstalk path
might be a lumped coupling at the point indicated, or it might represent
the near-end crosstalk measured at B on the section of line between B
and C due to crosstalk coupling distributed along that section.
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Figure 3-19

The crosstalk loss between the two circuits at A is evidently
equal to the sum of the loss in the upper circuit from its terminal at
A to the point of coupling, plus the 60 decibel loss between the
circuits, plus the loss of the lower circuit from the coupling to its
terminal at A. From the level diagrams there is evidently a gain of 3
decibels (or a loss of -3 decibels) from A to the coupling, and a gain
of 14-6 or 8 decibels (or a loss of -8 decibels) on the lower circuit
from the ccupling to its A terminal. Therefore, the near-end crosstalk
loss between the circuits at A is =3 + 60 =14 + 6 or 49 decibels.
Evidently, a crosstalk loss of 60 decibels at B appears as a crosstalk
loss of 49 decibels when measured from A, The apparent gain of 11
decibels is called the crosstalk amplification. If there is a known
crosstalk loss between two circuits in a particular section or piece of
ecuipment, its importance cannot be judged without knowing the cross-
talk amplification. Different crosstalk couplings along a circuit must
be reduced to a common base by correcting for the crosstalk amplification
before they can be compared or combined.

If we were to increase the gain of the terminal repeater of
the disturbed circuit by six db, the output of this circuit would be
a zero level point, and the near-end crosstalk loss would be 49 - 6 or
L3 db. This would be the equal-level crosstalk loss; i.e., the coupling

that would be measured between equal level points on the disturbing and
disturbed circuits.
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Coupling at various points in the circuits may be reduced to
a common basis by computing the equal level crosstalk loss for each.
For an exact computation of the total coupling between the two circuits,
it would be necessary to have information on the phase relationships
involved, but fortunately it turns out that this is not generally
necessary in the practical case. Usually random addition can be assumed
in finding the total rms value of coupling, and it can be taken as a good
rule of thumb that, for toll cables at carrier frequencies, the 1% value
of maximum coupling will be about 7 or & db above the rms value. For
voice frequency exchange area cable the 1% value of maximum coupling is
apout 12 db above the rms value.
Measurements and Units

The magnitude of the crosstalk coupling between two circuits
is fundamentally a matter of how well speech energy is transferred from
one to the other; a single freguency measurement does not tell the story
unless the coupling is flat vs frequency. This condition is often
satisfied over the bandwidth of any particular channel in carrier
circuits, but at voice frequencies, where capacitive coupling is usually
the dominant mechanism, the coupling loss has an average slope of 6 db
per octave., Furthermore, the discontinuities caused by splices and
different gauges of wire cause the coupling loss to vary sharply around
this average slope, the deviations being as great as 6-8 db. For the
laboratory measurements made during investigations into basic require-
ments, actual speech and listeners are used; the criterion of intel-
ligibility is taken as the ability to understand four words during a
seven second time interval., For field measurements of voice freguency
circuits, thermal noise, shaped to have the same power spectrum as
speech, is often used as the input to the disturbing circuit. The out-
put of the disturbed circuit can then be measured using a 2B noise
meter with F1A weighting. (A zero vu speech volume applied to a noise
meter thus weighted gives a reading of about 82 dba.) For smooth 6 db
per octave capacitive coupling, this method gives a reading which differs
by 2.8 db from the 1000 cycle coupling, the 1000 cps coupling loss being
greater than the noise coupling loss. If the coupling loss had a smooth
6 db per octave slope, 1000 cps measurements could be made and corrected.
The ncise measurement protects us against errors which would be involved
in this slope assumption, and gives a single integrated value for the

jagged curve of coupling loss vs frequency.

A unit often used in crosstalk computations is the dbx - which
was invented merely to permit coupling paths to be expressed in positive
numbers. It is equal to the difference between 90 db loss and the
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transmission of the coupling path: thus if the coupling between two
circuits is -60 db, we express this fact by saying that the coupling is
30 dbx. The smaller the number of dbx coupling between the circuits,
the better.

Performance vs Requirements

When the coupling between circuits has been measured, or the
expected coupling computed (sometimes from measurements on short
sections of cable or short systems), we have the problem of deciding
whether or not it represents acceptable performance. This is an ex-
tremely difficult question to answer. The economic penalties of too
stringent a requirement are great; the service consequences of too
lenient a requirement could be painful in terms of customer dissatis-
faction., The discussion of objectives in Chapter 2 lists the complex
factors involved in arriving at a relationship between the loss of the
coupling path and the chance of intelligible crosstalk.

For trunks, at present, we use the curves of Figure 3 of
BSP 61.010, given here as Figure 20.*% Obviously there is considerable
room for judgement even if we take this chart as gospel - for example,
shall we insist on "good"™ performance, or be content with "fair", in
a given instance? It has been stated that a 1% chance of intelligible
crosstalk (1% index, on this chart) is a system objective, but this is
not an ironclad rule,

If we look back of the chart, and ask how it was obtained, we
find some experts who are critical of the mathematics used in combining
all the probability functions involved, and others who question more
fundamental assumptions. For example, should we predicate our require-
ments on observers who are striving to hear the crosstalk, and have their
receivers tightly sealed to their ears? They hardly represent normal
subscribers -~ but it is such observers whose judgements form the basis
of the values given on the chart.

For the trunk plant, these matters are being re-examined,
When we consider the loop plant, we find the situation even less clear.
One point should be stated categorically: the criteria for loops should
be different than for trunks, and the chart of BSP 61.010 should not be
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*Before entering this chart, dbx should be corrected by -5 db to reflect
changes in talker volume and a re-estimation of the masking effect of
noise, according to a BSP addendum of October 1953. Other corrections
apply when either the disturbing or disturbed circuits are compandored;
the effects of compandors are discussed in a subsequent chapter of this
text.,
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used for the loop plant. A loop is permanently assigned to one sub-
scriber, who may be a very loud talker; the trunk plant is used by many
subscribers, and probability enters to protect us against bull talkers.,
The activity factors for the two types of plant are very different - 2%
for loops as compared to 17% for four-wire toll trunks and as much as 70%
for two-wire voice frequency inter-office trunks. Where 30 dbx may be
fairly satisfactory for a trunk, 15 dbx may be quite poor for loop. At
the moment, there are, unfortunately, no good guides to the engineering
of loops with respect to intelligible crosstalk.
Effects of Plant Developments

Changes in the plant affect the crosstalk problem as they do

all our problems. Mention has been made, for example, of the fact that
the increased use of subscriber loop loading (increasing line impedances)
has made the crosstalk problem more severe. The increased efficiency
of the 500 set has had the same effect, since the listener has a more
efficient receiver with which to hear the crosstalk, the disturbing
talker a more efficient transmitter with which to put a high signal on
the line. A similar increasc in the chance of intelligible crosstalk
results from lower net loss operation of trunks. The reduction of
noise - as a result of improved battery filtration and contact mainte-
nance, to mention only two ways in which noise has been reduced -

is unfavorable, since it decreases the masking. It seems that every
improvement we make in the plant makes the crosstalk problem tougher,

There are, however, some factors on the favorable side. The
improvements in transmission result in some compensating lowering of
volumes - peéple don't have to shout quite so often, and they slowly
find that out. The use of negative impedance répeaters lowers the line
'impedance, which is favorable. The use of 500vsets with their equalizers
reduces the spread in volumes, which is favorable because it is the
tails of the various probability distributions which are most important
in the crosstalk problem. A similar effect in decreasing the standard
deviation may be expected from the use of new low current subsets which
are being developed for line concentfators and ESS. Line concentrators
will ease the engineering of the loop plant, since they essentially
turn loops into trunks, giving us some probability protection.
Conclusion :
Two basic points should be apparent from this survey of

typical methods and basic problems encountered in handling voice fre-
ouency signals.
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l. The wire plant used for exchange area and short-haul
toll transmission is composed of a vast variety of wire sizes, cable
and open wire facilities, and repeater and loading arrangements. These
facilities have grown up through the years based on engineering studies
made to find the most economical solution to specific situations.

2. The losses, impedance discontinuities, and interferences
have been engineered and adjusted to be more or less adequate for voice
frequency transmission.

During the coming years there will be increasing efforts made
to adapt this extremely valuable plant to provide improved transmission
and new types of service., The performance, variability and limitations
of this existing plant will strongly affect the design and application
of new systems such as PCM carrier, data transmission, and electronic
switchinge.






Chapter 4
AMPLITUDE MODULATION

An amplitude modulated signal can be obtained
by passing both a carrier and the modulating signal through
a non-linear device. A number of forms of AM signals -
double sideband, single sideband, twin sideband, and vestigial
sideband - have found application in various carrier systems.

Non-linearity, which is capitalized on to form and
detect the AM signal, also gives rise to unwanted products at
the output of system repeaters, terminal amplifiers and other
devices which are never ideally linear. These products con-
stitute noise and crosstalk which add to the other noise sources
in the system and degrade the signal-to-noise ratio.

Introduction

Modulation is defined as the process or the result of the
process whereby some characteristic of one wave is varied in accordance
with another wave.* As an illustration, consider a wave represented
analytically by the expression

e = A cos 9 (t) (4-1)

This expression will represent a modulated wave if, for example, either
A or 6(t) is made to vary as a function of the modulating wave. Thus,
in amplitude modulation (AM), which is the oldest and perhaps most
familiar form of modulation, the modulating wave is used to vary the
amplitude coefficient A, The properties of the AM signal and its ap-
plications are discussed in some detail in this chapter. Another form
of modulation, known as angle modulation, occurs when the modulating
wave is used to vary 6(t). Two important types of angle modulation are
phase modulation (PM) and frequency modulation (FM), and are discussed
in Chapter 19. Both amplitude and angle modulation are widely used
throughout the telephone plant in the various carrier and radio systems.
It is expected that in the future a form of phase modulation known as
pulse code modulation (PCM) will find increasing areas of application

* gIREéStandards on Modulation Terms", Proc. IRE, May 1953, pages
12-615,

L=l
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in the plant,.* This modulation scheme is described in Chapter 25,
In general, the modulating wave may be either the electrical
signal representing a message, such as a subscriber's conversation or
a television picture, or it may be an information bearing signal obtained
from a previous step of modulation. The wave which this signal modu-
lates is often referred to as the carrier wave, or simply as the carrier.
The inverse of modulation, known as demodulation, is defined
as the process of recovering the modulating wave from a modulated
carrier. It should be pointed out that in the broadest sense the term
modulation can encompass the process of demodulation, and some modern
texts often use the word modulation when referring to either operation.#*
However, for clarity it is convenient to retain the word demodulation.
Modulation is useful when we want to translate an information
bearing wave into a signal which is suitable for transmission over a
particular medium. It will be demonstrated in this chapter that modu-
lation occurs whenever a signal is sent through a circuit containing a
non-linear element, such as an electron tube, varistor, or even an
iron-cored inductance coil. In many cases, therefore, the modulation
is unwanted, and considerable engineering effort is spent in suppressing
it. In modulators and demodulators, however, the non-linearity is
capitalized upon, and the modulation products are utilized.
The Nature of the AM Signal
As stated in the previous section, amplitude modulation is
that process by which the amplitude of a carrier is made to vary as a
function of a modulating wave. The discussion here will be restricted
to the case of a sinusoidal-type carrier, which is in accord with
normal carrier systems practice. Let this sinusoidal carrier be

defined as

C(t) = A, cos w, t (4-2)
in which A, = amplitude of unmodulated carrier
£, = wc/2ﬂ = carrier frequency

* In PCM, however, Equation 1 does not apply, and a more generalized
expression is necessary.
*%Similarly, the word encoding, introduced in pulse systems, is basically

synonymous with modulation and has been used by some writers to include
the piocess of decoding, which is synonymous with demodulation.
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For simplicity of analysis we will first examine the case
when the modulating wave is a single sinusoid, defined by

m(t) = A cos w t (4-3)

in which Am modulating signal amplitude

f

m

wm/ 2m = modulating signal frequency

It will now be demonstrated that if m(t) and C(t) are
simultaneously applied to a non-linear device, amplitude modulation will
occur. Let the characteristic of the device be described by the power
series

2 3 n
ay Ein + a, Ein + a, B +...+ a_ E. (4-1)

E = +
ao 3 Tin n 1in

out

where, for any particular operating point on the characteristic, the
coefficients a;, are independent of the amplitude and frequency of Ein‘

The power series characteristic is chosen because many
non-linear devices closely follow such a law. In general, only the
first few terms will be important, since the higher order terms will
either be negligible or the resulting outputs can be eliminated. For
purposes of this analysis it is assumed that terms higher than the
third order are negligible.

Let the input to the non-linear device be given by

Ej, = C(t) + m(t) (4-5)

Substituting Equations 2 and 3 for C(t) and m(t) respectively gives
E.,=A,coswot+A cosart (4-6)
Equation 4 then shows the output voltage to be

Eout =a  +a; (Ac cos w,t + Am cos wmt)

+ a2(A§ cos? w. bt + Ag cos? wmt
+ 2AmAC cos w,t cos wmt)

3 3 3 3
* ay (Ac cos® w t + AZ cos

2 2
+ 3Ac Am cos wct cos wmt

wmt

2 2
+ 3A, A7 cos w t cos wmt) (4=7)



Carrier Input = C(t) = Ac cos coct llodulating Signal = m(t) = A, cos at

Combined Input = Ein = Ac cos mct + Am cos a)mt

= 2 3
Combined Output Eo £ 3 + 2 Ein + ap Ein + a3 Ein
= +
a, a, (Ac cos wct + Am cos w t)

2 2 2 2

+a, (A, cos ot + A% cos® ot +24 A cos ot cos w t)

2 2

+ as (ch cos” ot + Am3 cos? ot +3 A02 A c032 w,t cos a)mt +3 A, A S cos u)ct cos a)mt)

The table shows the various frequency components and their relative amplitudes.

Term Zero Order (dc) First Order Second Order Third Order
0] a,
1 ay [Ac cos wct + A cos wmt]

n

1/2 aya 2 + A,°1 1/2 a,[a,% cos 20t + A 2 cos 2w t)

+ a, AmAc[cos(aac + wm)t + cos.(a)c - mm)t]
3 3/4 ay A,08,2+ 28 %) cos ot 1/4 a3§A03 cos 3wt + A > cos 3wmt§
+ 3/4 ay Am[2A02+ Am2] cos ayt +3/4 a3§ AczAm[cos(zm‘;wm)t+cos(2a)c-mm)t]

+AcAm2[cos(a>c+2mm)t + °°s(wc’2wm)]§

Trigonometric identities used in the expansion of EO:
c032 x = 1/2 (1 + cos 2x)
cos x cos y = 1/2 [cos (x+y) + cos (x-y)]
cos® x = 1/4 (cos 3x + 3 cos x)

cos x cos? y = 1/2 cos x (1 + cos 2y) = 1/2 cos x + 1/4 [cos (x +2y) + cos (x - 2y)]

Output of Power-Series Law Modulator
Figure 4-1
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If use is now made of some trigonometric identities (which are listed
in Figure 1), Equation 7 can be expanded into a number of terms which
can be collected and tabulated as shown in Figure 1.

The tabulation in Figure 1 shows that the output of the non-
linear device includes dc¢ and linear terms as well as terms involving
the squares, cubes, and cross-products of the original signals. Out of
this assortment, the terms which are of interest are those in which
a), the coefficients are linearly related to the amplitude of the modu-
lating function, and b), the frequency of the term is shifted with re-
spect to the original frequency of the modulating signal. Two terms
satisfy both of these requirements, one arising from the square factor
in the power series and the other from the cube factor. These terms
are

fz(t) aA Al [cos (w +o, ) t + cos (w -0 ) t]
= a2AmAc cos (wc+wm) t

+ azAmAc cos (wc-wm)t (4-8)

and £,(t) = 3/4 aja A [cos (2u *w )t + cos (2u,-w)t]

= 3/4 aBAs A, cos (20 +w )t

+ 3/4 a, Ai A cos (2w, -0 )t (4-9)

In most modulator circuits a3 is generally very much smaller
than ase In practice, then, the third order term is usually too small
to be useful and is eliminated, along with the other unwanted frequency
components (terms involving Rwys 304, etc.), by filters at the output
of the device. The term of primary interest is, therefore, fz(t).
Equation 8 shows that fz(t) consists of two frequency components, one
above the carrier frequency and the other below, as plotted in Figure
2. Note that the carrier frequency component, alAc cos w,t, is also
shown.* The two components of fz(t) are commonly referred to as the

% In this and the succeeding analysis the other term falling at W,
namely 3/4 a3A [A2 + 2A2] cos w,t, is, for convenience, being
neglected. This is reasonable so long as aj is small, which is
generally the case.
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sidebands of the carrier, and the three components together represent
a double sideband amplitude modulated signal. Analytically, this
signal can be written as

f(t) = a; A, cos w it +a, A A cos (wc+wm)t
+a, A A cos (mc-wm)t (4-10)

which, after some trigonometric manipulation, becomes

2a
~ 2
£(t) = [1 + 5;— A cos wmt] a; A, cos w b
= [1+ m, cos v t] a; A, cos w.t (4-11)
where
2a2
m, = 3 A (4-12)

Written in this form, it is perhaps more obvious that the
carrier has, in fact, been amplitude modulated by the modulating signal
as a result of passing both signals through the non-linear device. The
factor m, is known as the "modulation index", "modulation factor", or
"degree of modulation"., The percentage modulation is given by

Percentage modulation = 100 m, (4-13)

A plot of Equation 11 is shown in Figure 3 along with a vector represent-
ation showing how the sidebands combine with the carrier to give this re-
sult. This vector representation is further discussed on Page 19-18,
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Waveform and Vector Representation
of Double Sideband AM Signal
Figure 4-3

It might be pointed out that these results could not have
been obtained if all coefficients of Equation 4 except a, and a; had
been zero. Such a device is described as linear, and is not useful as
a modulator,

It was stated previously that filters are used to eliminate
the other unwanted terms which arise as a result of the modulation
process., If the carrier and modulating frequencies are properly chosen,
terms of the type 2uw,t, 3w,t, 2w t and (2wc + wm)t are easily suppressed.
However, terms of the form (mc + me)t can be bothersome since some of
them may fall within the sideband frequency range of interest.* In this
case the modulator must be designed to minimize the magnitude of these
terms.

So far the analysis has dealt only with a single sinusoidal
modulating function. What can be said about more complex functions?

It is well known that any periodic function can be broken down into a
series of sinusoidal components, using the Fourier Series analysis.
By extending the method discussed above, it is not too difficult to see

*Suppose, for example, that Wnin and Wpax FePresent the lowest and
highest frequencies, respectively, that the modulating signal can as=
sume. The band of interest for the double sideband AM signal will,
therefore, lie between w, k6 *+ w « Any modulating signal from w_._ to
l . CcC - max . ] min .
3 Wpax will then give rise to an w, * Zwm component which falls within
the band of interest. After demodulation, this unwanted term will

appear as a second harmonic of the wanted component.
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that the resulting pattern would be as shown in Figure 4.%* On the

left the original periodic function is shown in terms of a number of its

Fourier sinusoidal components. Each of these components is subjected

to the same modulating operation that occurred for the single sinusoid

case, and each is therefore shifted upward in frequency in a like

manner. Thus, each sideband now consists of a number of sinusoids in-

stead of just one. Note that the upper sideband, which consists of

terms of the type (mc+wm) is no more than the original modulating

function shifted upward in frequency. The lower sideband, consisting

of terms of the type (wc-wm) is, on the other hand, not only translated

upward in frequency but also inverted. In other words, the lowest

modulating frequencies always appear closest to the carrier frequency

while the highest modulating frequencies are furthest from the carrier.
Speech, however, is not a periodic function, so it cannot

be broken down into a number of discrete sinusoids following the pattern

of the Fourier Series. To deal with non-periodic time functions such as

speech, the Fourier Integral and Fourier Transform must be introduced.

A discussion of these functions can be found in a later section of the

text.®* Suffice it to say that it can be shown that a non-periodic time

* Only the modulation products similar to (mc + mm) are shown; as before,
we assume other products are eliminated by filters or by designing to
make a, negligibly small.

%% Chapter 21.



AMPLITUDE MODULATION L-9

function, such as a speech signal, can be equated to a frequency spectrum,
What the Fourier Series does for a periodic function, the Fourier Trans-
form does for a non-periodic function. The difference is that, whereas

a periodic function can be portrayed as a discrete series of spikes in
the freguency plane, the spectrum of a non-periodic function will be
continuous; that is, its frequency components are separated by infinitely
small increments of frequency. Using these more advanced methods, it can
be shown that for the complex speech signal the result is as shown in
Figure 5. Conventionally, a continuous spectrum is portrayed by drawing
the envelope of its frequency components.*¥ The original signal is so
shown in the figure, at the left in its original voice frequency range
and then at the right in the two sidebands. As before, the lower side-
band is inverted.

T LOWER

4 SIDEBAND

S l«—CARRIER

= MODULATING

g FUNCTION

3 SPECTRUM UPPER

SIDEBAND
f(:

FREQUENCY——»

Spectrum of A Carrier Modulated
By A Speech Signal

Figure 4-5

Forms of AM Signals

Up to this point only the double sideband AM signal has been
considered. It is evident that the bandwidth required to transmit such
a signal is equal to twice the highest frequency component of the modu-
lating signal. Since it is the variation in amplitude of the modulating
function which contains the information, and since these variations ap-

* It should always be remembered that a spectrum applies to a signal
analyzed over some finite period of time and not at some instant. See
the last section of Chapter 21 for further discussion of this point.
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pear equally in each sideband, it is reasonable to suppose that the
transmission of both sidebands is unnecessary and that the elimination
of one would halve the required bandwidth., Furthermore, since there is
no message information in the carrier, it too appears unnecessary in so
far as the transmission of the original message information is con-
cerned.* The primary virtue of double sideband AM is that it requires
the least complicated terminal equipment. This is particularly true at
the receiving terminal. However, the Bell System makes use of other
forms of AM signals which are derived on the basis that the message in-
formation resides in the sidebands. The important forms are single
sideband with carrier, single sideband with suppressed carrier, vestigial
sideband, and twin sideband.

In single sideband with carrier, a filter is used to suppress
one sideband, so that the transmitted signal consists of the carrier and
remaining sideband. This method permits increased utilization of the
bandwidth of the transmission medium, and the presence of the carrier
makes it possible to use relatively simple demodulators at the re-
ceiving terminal,®*

There is an additional advantage to be gained if the carrier
is also suppressed, thereby forming a single sideband suppressed carrier
signal.*x The carrier contains no message information, and its elimin-
ation means that none of the power handling capacity of the transmission
system need be used to transmit it. Putting it another way: if the
carrier is suppressed, the useful signal power can be increased, thus
giving a better signal-to-noise ratio.**¥* The suppression of the
carrier makes it necessary, however, to reinsert carrier at the receiving
terminal for demodulation of the signal. The reinserted carrier frequency

A carrier is necessary for demodulation and recovery of the message,
however, as discussed in the next section.

*% Provided one is willing in these single sideband systems to tolerate
what is known as quadrature distortion, as discussed in the next
section.

*%% An easy way to amplitude modulate a signal is by means of the ring
goigigtor discussed on Page 4-17. For more details see Monograph

¥k Here we assume that our problem is overload. Crosstalk into other
systems might forbid our raising the power of the useful signal to
override noise,
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must match the original carrier frecuency very closely in order to avoid
a freouency shift in the demodulated signal. This is especially critical
in program and data transmission,

The restrictions of practical filter design for carrier and side-
band suppression produce problems when certain types of modulating signals
are used., When the modulating function contains components at very low
freouencies, it is not always possible to properly separate the desired
sideband from the carrier and the other sideband. This is particularly
true when the message is sensitive to changes in the phase relationships
of the components of m(t) - that is, when it is sensitive to delay dis-
tortion. In telephony this is not a problem because voice frequencies
below 200 cycles per second are not transmitted and, besides, delay
distortion does not noticeably impair the quality of speech transmission.
Filters can be designed, therefore, which offer high attenuation to both
the carrier and unwanted sideband without impairing the desired sideband.

A TV video signal, however, contains important components down to dc and

is very sensitive to delay distortion as is also true for data transmissione.
No practical filter could include the low frequency components of an

upper sideband of the modulated signal without also introducing intolerable
delay distortion, unless it also includes some of the unwanted sideband

and carrier, Since transmission by double sideband AM would be extremely
wasteful of bandwidth, a method known as vestigial sideband transmission

is used to trans:it such a signal.®* The form of this signal, as used in
the L-3 coaxial system, is shown in Figure 6., A filter is used to suppress
the lower sideband completely except for those frequencies that are within
500 kc of the carrier. From 500 kc below the carrier to 500 kc above, the
transmission characteristic of the filter is shaped so as to achieve a
response which is symmetrical about the carrier within this band. Fre-
cuencies more than 500 kc above the carrier are transmitted unattenuated,
The required terminal equipment for this method of transmitting television
is complex and expensive.

One of the latest schemes introduced into the Bell System is
twin sideband modulation. Simply stated, it involves associating two

* The discussion of TV in this chapter is confined to coaxial cable
practice and TV broadcasting. Amplitude modulation is not used for
TV transmission in such systems as A2A video or radio relay; the
problems encountered in such systems are not considered in this
chapter,
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different sidebands with the same carrier. This means taking two dif-
ferent double sideband signals having the same carrier frequency, ob-
tained from a common source, selecting the lower sideband of one and the
upper sideband of the other and then transmitting them together with
their common carrier. The result is twin, rather than double; sideband
modulation and is applicable to teiephone transmission. At the re-
ceiving end the two sidebands are separated so as to form two signals,
each consisting of a carrier and a single sideband, which can then be
demodulated.
Demodulation

The previous discussion has shown how the combination of a
non-linear device and filter can be used to produce various forms of
amplitude modulated signals. At the receiving terminal,means must be
provided for recovering the original modulating function from these
signals. This is the operation performed by the demodulator. An ex-
amination of Figure 1 should make it evident that a non-linear device,
in this case characterized by a power series input-output relation, will
also act as a demodulator. For this application, the output filter on
the device is designed to pass those components representing the original
modulating function and reject the others. It is because a non-linear
element serves both as a modulator and demodulator that the term modu-
lation has sometimes been broadly used to encompass the process of de-
modulation. In general, the operation of most demodulators is so highly
non-linear that the power series model, so convenient to use in the
study of modulation, is not satisfactory for most demodulator analysise.
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Therefore, as will be seen in the following discussion, other ways of
looking at the operation of a demodulator are generally used.

One of the simplest demodulators is the envelope detector,
commonly used to demodulate double sideband AM signals. In its basic form
the envelope detector is a rectifier which consists of a diode in series
with a parallel combination of load resistance R and capacitance C, as il=-
lustrated in Figure 7a., In the absence of the capacitor the diode acts as
a si-ple rectifier, so that with a carrier input, for example, the diode
will conduct during one-half the carrier cycle and become nonconducting
during the other half. If the carrier is amplitude modulated, the voltage
appearing across R then becomes a series of half-sinusoids (ideally), the
amplitude of which vary slowly in accordance with the amplitude of the
modulating signal.* When the capacitor is placed across R, it will
charge up to anproximately the peak voltage during the conduction cycle
and leak off into the load resistor during the nonconduction period. By
properly selecting the RC time constant the voltage across the capacitor
can be made to follow, to a good approximation, the envelope of the
modulated wave., This is illustrated in Figure 7b. The capacitance
serves the additional function of by-passing the carrier frequency and
its harmonics, thereby eliminating their presence in the output.
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(a) ENVELOPE DETECTOR

WITH C

WITHOUT C

Eo

(k) OUTPUT WAVEFORM

Basic Circuit and Output Waveform
of Enveloge Detector

Figure 4-7

% This assumes the carrier frequency is very muc@ higher than’the
highest component of the modulating signal, which is a requirement

for envelope detection.
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One form of distortion in the envelope detector occurs when
the RC time constant is too large, so that the capacitance does not
discharge sufficiently during the troughs or minimum values of the modu-
lated wave. High frequency detail in the modulating signal is then lost.
Cther distortion terms arise because of non-linearity in the diode con-
duction characteristic. A number of means have been devised for elimin-
ating these distortions. It can be easily demonstrated, for example,
that the distortion increases as the modulation index increases, so that
in combating distortion either: a), the index of modulation is kept low
or b), additional carrier power is supplied at the receiving terminal to
effectively produce a low index modulation signal at the detector input,
This latter technique is often referred to as M"enhanced carrier" operation,
and the detector is described simply as a diode detector or, sometimes,
linear detector.

The envelope detector can also be used to demodulate single
sideband with carrier and vestigial sideband AM signals. The absence of
one sideband, however, leads to a form of distortion known as quadrature
distortion. Quadrature distortion is discussed in some detail in Chapter
16 so that only a brief example of it will be given here. If, for
example, the lower sideband is completely eliminated, Equation 10 becomes

f£(t) = a,A, cos w b + ajA A cos (w tw )t (L=14)

which, after some trigonometric manipulation, can be written as

aA
= —a.m
£{t) [1 + & cos wmt] alAc cos w,t
a A
2°m . .
- [ ay sin wmt] a;A, sin o/t
m

= [1 + 7? cos wyt] ajA  cos w b
)
- [7? sin wmt] alAc sin w b (4-15)

where m, is the modulation index, defined in Equation 12. The first
term of Equation 15 has the same form as Equation 11 and represents a
double sideband AM component of the signal. The second term is the
cuadrature component, which derives its name from the fact that it is
90° out-of-phase with the first component. It constitutes a distortion
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term which will appear in the output of the envelope detector. The
magnitude of the quadrature distortion component at the output can be re-
duced, however, by using a low index of modulation. In order to see

this, let Vi(t) represent the envelope of Equation 15, given by the
square root of the sum of the squares of the amplitudes of the cos wct
and sin mct terms in 15. Thus,

)2

Vi(t) = g[l + :; cos wmt]2 (al AC

N [

1A% (4-16)

ma 2
+ [7? sin wmt] (a

m
The desired envelope is, of course, [1 + —% cos mmt] a; Ac. Factoring

this term out of Eguation 16 gives

My 2 1
m, ( - sin wmt ) 2
Vi(t) = [1 + =5 cos w tlajA, 1+§ - ; (4=-17)
1+ §a cos wmt

The term
2

mo
E 4 sin QQF )
( n )

-2
1+ 3 cos wmt

is the distortion component. This term can be reduced by making m,
small, either by using a low index of modulation in the system or by
effectively reducing the modulation index by supplying additional in-
phase carrier* at the input to the envelope detector.

Since the ear is not sensitive to quadrature distortion in
message circuits, an envelope detector can be used in a single sideband
with carrier telephone system., Television signals, on the other hand,
are very sensitive to quadrature distortion.** Where economy is of
prime importance, envelope detection is nevertheless used, as in home

* Any phase difference between the original and re-inserted carrier
will produce additional quadrature distortion components at the
out put.

** We have here another example of the fundamental thesis that a
knowledge of the "structure and sensitivity of the message' is
essential to transmission engineering. Without experimental evidence,
one could hardly assume that telephone is tolerant to quadrature
distortion and television is not.
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reception of broadcast TV. The amount of quadrature distortion in such
TV transmission systems can be reduced by extending the vestigial band
farther beyond the carrier, still making the sloped region symmetrical
about the carrier frequency. Where the requirements on quadrature dis-
tortion are tight, however, as in long coaxial systems with many
terminals in tandem, a product-type detector can be used. This form of
detector is also used in demodulating single sideband suppressed carrier
signals.

The product demodulator is illustrated in Figure 8, where
fi(t) represents an input such as a single sideband suppressed carrier
signal and C(t) is a carrier signal. Analytically, these signals can
be expressed as

fi(t) = A cos (wc+wm)t (4-18)

and
clt) = Ac oS w,t (4-19)

The output of the product demodulator is obtained by multiplying
Equation 18 by 19; it is, therefore,

fo(t) = fi(t) c(t)

= A cos (wc+wm)t[Ac cos mct] (4-20)
which can be written as
AA AAc
fo(t) = _é.Q. cos (omt + —5- cos (2wc+wm)t (4-21)
FLE) fo(£)=F((+) + C (1)
PROD. :
> DEMOD. >
C(t)

Functional Diagram of Product Demodulator
Figure 4-8
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By using a filter on the output of the detector, the second term in
Equation 21 can be eliminated and the first term, representing the
original modulating function, is recovered.*

!
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Ring-Type Modulator Circuit

Figure 4-9

Probably the most common form of product detector is the
bridge modulator, one form of which (often called the ring modulator)
is shown in Figure 9. This circuit can be used both in the formation
of a single sideband suppressed carrier signal and its demodulation.
A relatively large carrier voltage is used to "switch" open and closed
the diodes in the path of the input signal. When the circuit is used
as a modulator, an analysis** of the output signal shows the useful
output term to consist of the upper and lower sidebands on either side
of the carrier frequency. The single sideband signal is then formed by
using a filter to suppress the unwanted sideband. For demodulation of
a single sideband input signal, the output filter selects the term formed

* The above analysis has assumed, of course, that the supplied
carrier has exactly the same frequency and phase as the original
carrier. This is difficult to achieve, and the result of a phase
difference between the original and supplied carriers is to intro-
duce quadrature distortion components. In telephony, where
quadrature distortion is not a problem, satisfactory reproduction
of the speech signal requires that the supplied carrier for a single
link system (i.e., one pair of terminals) be only within about 20
cps of the original carrier frequency. For the more general case,
however, where the system is expected to operate in tandem with
a number of other systems, the supplied carrier must be held within
about 2 cps of the original. TV requirements are, of course,
considerably tighter. These requirements and the methods used for
meeting them are discussed in Chapter 16.

*% An analysis of this circuit can be found in Reference 4 listed
at the end of this chapter.
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by the difference between the carrier and sideband frequencies - in
other words, the original modulating function.
Purpose of Amplitude Modulation in Telephony

The preceding discussion has shown how an information bearing
signal can be translated, by the process of amplitude modulation, to
a new position in the frequency spectrum. This is the primary ap-
plication of amplitude modulation in the telephone system - to shift
the frequency range occupied by a signal to make it more suitable for
transmission over a particular medium. Television transmission in
the L3 system serves as a good illustration of the application of this
principle. The L3 system is not designed to transmit below 300 kc.
Since a television signal contains frequency components down to dc,
some translation of the signal must be made. In the system, therefore,
the television signal is modulated with 4.139 mc carrier and formed
into a vestigial sideband signal which is then transmitied in the band
extending from 500 kc below the carrier up to 8.5 mc.*

Amplitude modulation also makes it possible to translate a
number of different signals, each originally occupying the same fre-
quency range (e.g., voice channels), to new positions in the frequency
spectrum so that all of them can be transmitted over the same medium
without interfering with each other. This is the principle of fre-
ouency division multiplex, widely used in telephony. One example of
a frequency division multiplex terminal is illustrated in Figure 10.
Here each of twelve voice frequency channels is modulated by a carrier
supply so as to form a "channel group" consisting of twelve single
sideband suppressed carrier signals. The equipment which performs
this frequency multiplexing operation on the voice channels is
generally called the '"channel bank" equipment.

It would seem logical, of course, to translate the voice-
frequency signal directly to its assigned channel on the line by means
of a single step of modulation. However, two factors generally make
this unfeasible. The first of these is the need to economize on the
number of different channel oscillators and filters required, par-
ticularly in systems handling a very large number of channels.,

% This particular choice of frequency allocation is influenced by
many factors which are beyond the scope of this chapter,
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Equally important in any size system is the problem of designing the
channel filters used after the channel modulators. In many cases the
frequency range for optimum design of these filters is not coincident
with the frequency range which is most suited for transmission of the
channels on the line. Therefore, at least two or more steps of modu-~
lation are generally required to translate the voice frequency signals
to the proper transmission frequency. The usual practice is to make
this translation by using "group" modulators and carrier supplies to
amplitude modulate the channel group to the line frequency. For the
case illustrated in Figure 10, a single step of group modulation

is used.
The type A channel banks are the basic building blocks in most

carrier systems. In these units each of twelve voice frequency circuits
is allocated to a 4 kc channel in the group, and the entire group occupies
a 48 kc bandwidth extending from 60 to 108 kc. This 12 channel group

is basic in the Bell System and provides a common base for the ready
interconnection of unlike systems. In the J and K systems a single step
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of group modulation then translates this group of channels to the line
transmission frequency. Systems of larger capacity, such as the L, are
built up by applying the principle of group modulation a number of times
to form large arrays of channels., First, the outputs of a number of
channel banks are stacked up to form an "intermediate" size group} then
these groups are stacked up to form still lafger groups, and so on.
Certain of these larger groups have been given special names. For example,
an array of 60 channels (5 channel groups) is called a supergroup. Ten
supergroups (600 channels or 50 channel groups) is a mastergroup. Figure
11 illustrates the formation of the basic L system supergroup. and
Figure 12 shows how these supergroups are used in the L3 terminals to
form an array of 1860 telephone channels.

Single sideband suppressed carrier transmission is by far the
best method of transmission in long-haul multi-channel carrier
systems, both from the economic and performance standpoints. There
are a number of reasons for this. A single sideband occupies the same
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bandwidth as the original voice-frequency signal. With modern filters
it is possible to stack the single sideband signals on a spacing as
low as 4 kc and still provide a useful bandwidth which is somewhat
wider than 3 kc. Therefore, single sideband transmission achieves
maximum utilization of the available bandwidth.

Another factor favoring this form of transmission is that
it, of all forms of AM transmission, requires the least power handling
capacity of the repeaters, since the carriers are not transmitted. In
a large system carrying a thousand or more channels this may lower the
power handling requirement by 40 db or more.

Another advantage of suppressing the carrier is that the un-
wanted intermodulation products* produced in the system tend to be
noise-like in character. If carriers are transmitted, many of the

% The problem of modulation distortion is introduced in the next
section of this chapter and is discussed in detail in Chapter 8,
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intermodulation products will be either tones or intelligible crosstalk,
and the resulting interference is more annoying and must therefore be
more rigidly controlled.

For these reasons then, single sideband suppressed carrier
transnission finds application in such long-haul systems as the J, K, and
L, as well as submarine cable systems.

Single sideband transmission does, of course, require relatively
sharp cut-off filters for the formation and extraction of the channels,
The filter complexity increases as the channel spacing is reduced. These
filters represent an appreciable cost in the terminals. In addition,
carriers of quite precise frequency must be reinserted at the receiving
terminal for demodulation. This also adds to the terminal cost. There-~
fore, when terminal costs (rather than line costs) must be kept low, as
in short-haul carrier systems, single sideband transmission generally
looks unfavorable.

The simplest and often cheapest signal form to use when terminal
costs dominate is conventional double sideband with carrier. Channels
can be spaced as close as & k¢ without unduly increasing the channel
filter costs. Of course, if the filters are cheapened by permitting more
gradual cut-offs, crosstalk within and between systems may be aggravated
if the channels are too closely spaced. This form of signal has found
application in the short-haul N system and the rural carrier P system.

The O system illustrates a case of a short-haul system where
double sideband AM did not prove to be the best choice. In cable
systems, where there are manyv cable pairs available, the double sideband
signal may prove attractive. However, in open wire, the cost per pair is
considerably higher and there are usually few pairs available on a
particular route. Therefore, over certain length routes it may be
cheaper to use single sideband or something approaching it in order to
econonize on bandwidth and allow more channels to be stacked up instead
of installing additional plant. Such is the case with the O system, which
uses twin sideband to stack up four channels using two carriers 8 kc apart,
Some savings are made in the number of filter designs required by frequency
multiplexing only four voice-frequency channels to form a group, and then
using group modulators to translate the banks of four channels to the
proper frequency allocation. This also permits the system to be installed
in terms of basic four-channel units when it is not desired to put a
maximum capacity (16 channels) system into service.
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From this discussion, it should be clear that there is no one
best choice as to the type of AM signal to be used. In approaching a
new system design, the engineer must weigh the relative importance of
terminal costs to total system cost, the system requirements, and the
nature of the message, before selecting the type of signal to be used
in the system.
Modulation Distortion

Up to this point modulation has been viewed as a desirable

process, but it often occurs when it is not wanted. Unwanted modu-
lation will arise in amplifiers, for example, because no matter how
well designed, an amplifier is never ideally linear. In fact, the re=-
lation between the input and output of a typical amplifier can be quite
well described by the power series of Equation 4. In a well designed
amplifier a; will be large compared to the higher order coefficients,
but these other factors will be present, nevertheless. Their effect
will be felt more and more as the input drive on the amplifier is in-
creased since the amplitude of the unwanted terms varies as the product
of the amplitude of the fundamentals. For example, the third harmonic
of the fundamental varies as the cube of the fundamental amplitude.
Generally, it is possible to disregard terms above the cubic in the
series, as was done in the modulator analysis. This is because a, and
higher coefficients are usually small, so that fourth order (and higher)
terms become important only at overload. Thus, if the input signal
consists of two sinusoids (a carrier and one component of a sideband,
for example), the output of the amplifier will consist of the sort of
products shown in Figure 1l.%* Only the first order or linear term

which is a function of ay is wanted. All the other terms - second and
third harmonics as well as cross products of the original signals -
represent distortion products. The harmonics are usually referred to
as harmonic distortion and the cross products as intermodulation products.
Thus, the whole problem of this form of distortion is generally given the
name "modulation distortion”, M"intermodulation", or simply "modulation™,

* At this point the reader may want to refer to Table 1 of Chapter 8
which shows the power series expansion when three sinusoids are
present. As long as terms above the cubic in the power series are
not considered, the effect of now adding a fourth (or any additional
sinusoids) to the input signal is to simply increase the number
(i.e., cuantity) of products shown in Table 1 without introducing
any new forms or types of terms. New forms of cross products and
harmonic combinations of the input signals result only by con-
sidering higher order terms in the power series,
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The important point to be gained from this discussion is that
these distortion terms can either a), impair or interfere with the de-
sired signal itself, or b), cause interference and impairment to
signals which pass through the same device at other carrier frequencies,
Stating b) in another way: Modulation distortion can give rise to a
form of crosstalk between channels. In the next chapter the importance
of modulation distortion in AM carrier systems is discussed in more
detail, while Chapter & gives a method of analyzing the distortion
terms in a carrier system design.

It might be pointed out that the de¢ term which, in Figure 1,
is a function of a, is commonly referred to as the "dc shift"™ in power
amplifiers. Another term which bears a special name is the first order
term which is a function of a3. Because a3 is usually negative, this
term will subtract from the desired output. As a result the power out-
put from an amplifier will compress or fall off as the input drive is
increased and this unwanted term increases in magnitude. Hence the
term is known as the "compression term".

Summary

An amplitude modulated signal can be obtained by passing both
a carrier and the modulating signal through a non-linear device., A
number of forms of AM signals - double sideband, single sideband, twin
sideband, and vestigial sideband - have found application in various
carrier systems. Single sideband is most favorable in long-haul multi-
channel carrier systems, where costly terminals can be justified. In
shorter systems, or systems of lower capacity, double sideband AM is
generally the most economical choice, although some situations warrant
the use of twin sideband. Vestigial sideband transmission is used for
AM transmission of TV to minimize the required bandwidth without intro-
ducing excessive quadrature distortion. Other variants of AM trans-
mission have found application outside the Bell System; these are con-
sidered to be outside the scope of this chapter

Non-linearity, which is capitalized on to form and detect the
AM signal, also gives rise to unwanted products at the output of system
repeaters, terminal amplifiers and other devices which are never ideally
linear. These products constitute noise and crosstalk which add to the
other noise sources in the system and degrade the signal-to-noise ratio,
In the following chapters we will see how modulation distortion is taken
into consideration in the design and operation of an AM carrier system.



AMPLITUDE MODULATION L4=25

Bibliography

1. H. S. Black, "Modulation Theory", D, Van Nostrand Co., Inc.,
New York, 1953.

2. S. Seely, "Electron-Tube Circuits", McGraw-Hill Book Co., Inc.,
1950,

3. S. Goldman, "Frequency Analysis, Modulation and Noise™",
McGraw-Hill Book Co., Inc., 1948.

L D. G. Tucker, ™odulators and Frequency Changers for Amplitude
Modulated Line and Radio Systems" MacDonald, London, 1953.

5. J. F. Honey, D. K. Weaver, "An Introduction to Single Sideband
Communications", Proceedings of the IRE, December 1956,
pages 1667 - 1675,






Chapter 5
INTRODUCTION TO AM CARRIER SYSTEMS

The problems encountered in the design and oper -
ation of AM carrier systems are surveyed. Four-wire and
"equivalent four-wire' methods of operation are compared.
Crosstalk problems encountered in cable and open-wire systems
using either method of operation, and various solutions to these
problems, are described. The functions of terminals and re-
peaters, and the characteristics of transmission lines, are re-
viewed. Problems which influence repeater spacing - noise,
crosstalk, overload, modulation distortion - are introduced.
Misalignment, equalization and regulation are also described.
The chapter is intended to serve as an introduction to the more
detailed material on AM systems in Chapters 6 to 15.

Introduction

In the early days of telephony, speech signals were transmitted
over the wire lines only at their natural voice frequencies. It was soon
realized, however, that this was a very inefficient use of the costly
wire plant since a non-loaded line was capable of transmitting a much
wider frecquency range than the 0 to 3 kc or so required for a voice fre-
quency signal. There were other disadvantages to voice frequency oper-
ation. For example, the relatively low velocity of propagation on loaded
cable (about 13,000 miles per second on 19H-88, for example) made it
necessary to either operate at high via net loss or use echo suppressors
to maintain satisfactory echo performance on long toll circuits. Either
of these solutions to the echo problem simply exchanges one form of trans-
mission impairment for another.* There was, therefore, a strong incentive
to develop a transmission system which would utilize some of the wasted
frequency band above 3 kc., This would provide additional telephone
channels on the existing wire plant. In addition, these channels would be
transmitted in a frequency range where the propagation velocity, for all
types of non-loaded facilities, was higher than at voice frequency.** On
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* The disadvantages of echo suppressors are discussed in Chapter 2.

#%This is particularly true for cable., The propagation velocity for 19
gauge cable, for example, is 76,000 miles per second at 3 kc, 126,000
miles per second at 100 kc, and 140,000 miles per second at 1 mce.

5-1
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the basis of echo requirements, then, these systems could be operated at
lower via net loss than an equal length voice frequency system using the
same facility. This made it possible to improve the plant performance by
permitting a reduction in the loss of a typical toll connectione. The ad-
vent of the electron tube, improved filter design techniques and components,
and the principles of amplitude modulation of a carrier provided the means
for such a deveippment. The first AM carrier system, designated the type
A, made its appearance during World War I. This system, now obsolete, has
been followed by a succession of carrier systems designated by letters of
the alphabet, the most recent being the P carrier system designed for
rural service application. Table I attached at the end of this chapter
tabulates the important characteristics of the carrier systems in use
today.

It should be pointed out that the term "carrier system™ is
generally used in a restricted sense in the telephone industry. Broadly
speaking, a carrier system is any form of communication system which
makes use of a wave which can be amplitude, frequency, or phase modulated
so as to "carry" an information-bearing signal. As such, the term carrier
system applies not only to those systems which transmit the modulated wave
over open-wire, cable pairs, or coaxial cable, but to radio systems as
well, However, the term is usually restricted to refer only to those
systems which transmit the modulated wave over a metallic facility. It
is this meaning of the term which will be used in this and the following
chapters on AM transmission.

Except for the type L systems which require coaxial cable, all
of the present carrier systems are designed to be applicable to one or
more of the existing standard types of line facilities. The application
of a carrier system to an existing line requires the installation of the
carrier terminals and repeaters, as illustrated in Figure 1. In most
cases, special line treatment is also necessary, such as the use of
sultable transposition arrangements on open-wire or the balancing of
cable pairs. The cost of both the equipment and the line treatment repre-
sents, therefore, the cost of the telephone channels furnished by the
carrier system. In addition, many of the carrier systems are not designed
to permit operation of the voice-frequency circuit on the same facility.
This is an important consideration in some cases since the net increase in
channels added to the line is then one less than the channel capacity of
the carrier system, and the cost per channel is correspondingly increaseds
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Figure 5-1

If a carrier system is to prove in economically, either when
it is added to an existing facility or installed as part of a new plant
expansion, the cost of obtaining the additional channels by means of the
carrier system must be less than the cost of obtaining the same number
of channels by other means, such as a radio system, or simply additional
voice frequency circuits.* The terminals, for example, represent
an important part of the cost of a carrier system. For a particular
system, this is a fixed cost, regardless of the system length. When
expressed on a cost per channel-mile basis, however, the terminal
cost looms as a much larger part of the total cost on a short as com-
pared to a long system. It follows that for each type of carrier
system there is some minimum length of system below which the carrier
costs per channel-mile are so great that the system does not prove in,
and it is more economical to obtain the needed telephone channels by other
means.

The prove-in range of carrier systems leads to the natural
classification of "long-haul" and "short-haul" systems. The long-haul
systems, such as the J, K, and L, are designed to meet all the trans-
mission requirements of a toll link for the longest system which would be
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* To be completely fair in this cost comparison, one would have to
somehow take into account the transmission advantages - e.ge., lower
VNL - of carrier channels as against voice frequency channels,
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encountered in the United States (4000 miles). Because of the resulting
complexity of the terminal and repeater equipment, the minimum prove-in
length for these long-haul systems is of the order of 75 to 100 miles,
In recent years the need for more circuits on shorter toll trunks and in
the exchange area plant has led to the development of short-haul or end-
link type systems such as the N, O, and P. Since the transmission re-
quirements of these systems can be eased in view of the shorter end-link
type distances to be spanned, cheaper terminal and line equipment can be
built which bring prove-in distances down to 10 or 15 miles, Conversely,
these short-haul systems must not be extended beyond a maximum distance,
of the order of 200 miles, if the transmission impairment introduced by
each such system in a multi-link toll connection is not to exceed the
transmission requirements of the nationwide toll-dialing plan.

The purpose of this chapter is to acquaint the reader with some
of the important problems encountered in the design and engineering of an
AM carrier system. Most of the discussion is of a general, qualitative
nature, It would be highly desirable from the reader's viewpoint if the
features of a single existing carrier system were woven into the dis-
cussion to illustrate specific solutions to the problems under consider-
ation., However, no one system seems to adequately illustrate all of the
factors that are discussed, so that, instead, frequent reference is made to
characteristics of a number of systems. A more complete description of
these and other AM carrier systems is beyond the scope of this text, and
the reader interested in more detail should refer to the references at
the end of this chapter.

Method of Operation

A carrier system can be operated on a wire transmission facility
in a number of different ways. As will be seen in this discussion, the
problem of crosstalk between systems (except in those systems which use
coaxial cable), combined with economic considerations, determines to a
large extent the choice of the method of operation for a particular

system.

The simplest and oldest of these methods is known as two-wire
operation and is illustrated in Figure 2, Here both directions of
transmission make use of the same carrier-frequency band and the same
pair of conductors between repeaters. At each repeater a pair of hybrids
is used to split the two oppositely directed signals into separate paths
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Figure 5-2

for amplification. At first sight, two-wire operation seems to permit
maximum utilization of the wire plant. As in the case of two-wire voice
frequency operation,* however, the major problems with this method are
those of obtaining suitable balance in the hybrids (i.e., high loss be-
tween opposite arms) when the system is first installed and then
maintaining adequate balance as the line impedance varies with time
(temperature, moisture conditions, etc.). Because of these difficulties
it is necessary to keep the repeater gains low to insure circuit stability.
This, in turn, leads to high via net loss for these circuitse. These
problems become more severe as we consider higher and higher carrier
frequencies. In consequence, we cannot multiplex many channels on a pair,
so the cable or wire cost of two-wire systems turns out to be high on a
per channel basis. As a result, all of the carrier systems used on wire
lines or coaxial cable, with but two exceptions,** have been designed to
operate on a four-wire instead of a two-wire basis.

There are two forms of four-wire operation: Mphysical" four-
wire (which will be referred to simply as four-wire) and equivalent four-
wire. In both methods of operation each voice frequency telephone channel

*See Chapter 3 for a discussion of two=- and four-wire operation on voice
frequency toll systems.,

%%The A system (4 channels, single sideband suppressed carrier, open-
wire), now obsolete, and the short-haul G system (1 channel, double
sideband with carrier, open-wire), which has found very limited use,
operate on a two-wire basis,.
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handled by the system is divided by means of hybrid circuits (4-wire sets)
at the system terminals into two oppositely directed one-way channels
which, by either of two means, are kept separate and distinct from one
end of the system to the other.

In four-wire operation, a separate pair of conductors is used
for each direction of transmission, as shown in Figure 3. This is, of
course, exactly the same principle studied earlier in the text under four-
wire voice frequency toll systems. In "equivalent four-wire" systems;
different frequency bands are used to form a "high group" and "low group"
for the two directions of transmission, thereby permitting operation over
a single pair of conductors between repeaters, as shown in Figure 4. The
two directions of transmission are thus separated in frequency rather than
by physical location as in the case of four-wire operation. At each
repeater, high-pass low-pass filters, usually referred to as directional
filters, are used to separate the two directions of transmission for
amplification,

Each method of transmission has its advantages and disadvantages.
Equivalent four-wire, because of the frequency difference between the two
directions of transmission, eliminates the near-end crosstalk problem,
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Figure 5-4

It provides a system (of a limited number of channels) requiring only one
pair of conductors. When these are important considerations, equivalent
four-wire operation may be the optimum choice; most open-wire systems, for
example, are of this type.

On the other hand, equivalent four-wire has serious drawbacks.
Guard bands must be left between the pass-bands of the directional
filters, so that some of the spectrum which would otherwise be available
cannot be utilized for transmission. The filter impedances are not good
terminations for the hybrids, especially outside the filter pass bands,
leading to reflections and transmission irregularities. If the crosstalk
problem can be ignored (e.g., in a well-shielded coaxial system) and if
in the long run the maximum number of channels are needed, physical rather
than equivalent four-wire will usually be found the best choice.

Growth rate may dictate the final decision in many cases,
Consider, for example, the problem of providing telephone service by sub-
marine cable, Assume that we have, with reasonable repeater spacing, a
1000 k¢ bandwidth available. With physical four-wire (two cables) we
can transmit 250 two-way channels (4 kc spacing). Using equivalent four-
wire, we might lose about 160 kc in guard bands, giving us 840 kc of



5-8 TRANSMISSION SYSTEMS

useful band, or 105 two-way channels per cable. Eventually, then, two
such equivalent four-wire systems would provide only 210 channels as
against 250 for physical four-wire., But if we do not expect traffic to
require more than 100 channels for many years, equivalent four-wire (as-
suming it to be technically feasible) might be the better economic choice,

Reliability is another consideration. In our submarine cable
example, suppose that traffic studies indicate that we need 150 channels
as soon as the system is put into operation. This will require two cables
regardless of which method of operation is used. If we use equivalent
four-wire, we still have 105 channels left if, for example, a trawler cuts
one cable; if we use physical four-wire, all 250 available channels go
when either cable goes.*

We have used the submarine cable case for this discussion
because it is in many ways a simple one compared to land systems., When
we introduce additional constraints - crosstalk, for example, or the
necessity of locating repeaters at particular points where power is
available, or getting from open-wire into cable in order to get through
a city - the decision between various methods of transmission may become
even more difficult. On the other hand, we may find one factor making
the decision for us, as in the case of crosstalk on open-wire lines,

As the reader knows, crosstalk is a serious problem in four-
wire cable systems unless special measures are taken to control it,

Three major crosstalk paths between systems are shown in Figure 3. These
are 1), the near-end path between the opposite directions of transmission;
2), the interaction crosstalk paths from the output of one repeater into

a paralleling cable pair (a voice circuit perhaps) and then into the input
of the same or another repeater; and 3), the far-end path from the output
of one repeater to the input of another. A method which is used in the K
system to eliminate the first two of these paths is shown in Figure 5. Two
cables are used alternately to provide the pairs for each direction of
transmission., By using physical isolation, the near-end crosstalk paths
between the opposite directions of transmission are automatically
eliminated. The interaction crosstalk path is effectively broken up by
alternating the two directions of transmission between the two cables in
successive repeater sections, as shown in Figure 5. In this way, the

* All this is predicated on the feasibility of designhing satisfactory
broadband equivalent four-wire repeaters for submarine cable systems;
such feasibility has not been established yet, '
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Control, and Some of the Crosstalk Paths that Remain
Figure 5-5

interaction path is made to terminate at the high level point at a re-
peater output and is, therefore, less serious by the gain of a repeater.
These measures do not, of course, affect the far-end crosstalk between
carrier systems in the same cables. This last path can be reduced only
by special carrier-frequency balancing of the cable pairs.

In open-wire systems the conductors are completely unshielded
from electric and magnetic fields. It is not possible, therefore, to
electrically isolate groups of pairs for crosstalk control as one can
by using two cables on a cable route. As a result the equivalent four=
wire method of operation is generally used on open-wire. As can be seen
from Figure 4, equivalent four-wire eliminates the near-end crosstalk
between the two directions of transmission because of the frequency sepa-
ration. However, there still remain the problems of interaction and far-
end crosstalk within and between systems using the same facility.

One method which can be used to reduce both of these forms of
crosstalk between equivalent four-wire systems is to stagger the frequency
allocations of the systems using the same facility. This can be done, for
example, by using slightly different (1 kc or so) carrier frequencies for
each system, or, in a single sideband system, by using the lower sidebands
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Frequency-Frogging in Equivalent 4-Wire for Interaction
Crosstalk Control, and Some of the Crosstalk Paths that Remain
Figure 5-6
of one set of carriers in one system and the upper sidebands of the same
carrier frequencies in the adjacent system. These methods have the effect
of reducing the coupling between systems by either shifting or
inverting the spectrum of the disturbing crosstalk with respect to the
signal in the disturbed channel, thereby reducing or destroying the in-
telligibility of the crosstalk. A combination of these methods, together
with a suitable transposition scheme, is used for crosstalk control on the
long-haul open-wire J system. On a light-route system using P carrier,
and where two systems are needed but the cost of line treatment is to be
avoided, it is planned to control inter-system crosstalk by the use of a
staggered frequency plan such that the channels of the "staggered group"
system are inserted in the wide (6 kec) guard-band spaces between the
channels of the regular system.
Another method which, in an equivalent four-wire system, con-

trols interaction crosstalk from a repeater output to its own or another
repeater input is that of frequency frogging, illustrated in Figure 6.%*

#*A further advantage is attained by frogging by using the lower sideband
each time a group is modulated from high to low and vice versa, Since the
lower sideband has the freocuencies inverted with respect to the modulating
signal, this cancels the slope of the line attenuation versus frequency
which greatlv simplifies the equalization problem.
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In each repeater a modulator frogs the frequency of the low group to the
high group, and the high group to the low group. Thus, for either
direction of transmission, the repeater ouvtput is always in one frequency
band and the input in the other. As a result, the interaction crosstalk
path from a repeater output through a paralleling circuit to its own or
another repeater input is blocked by the out-of-band characteristic of the
input filter. This method removes one of the major crosstalk paths be-
tween systems and also eliminates a feedback path around each repeater,
thus permitting higher gain to be used. Frequency frogging for inter-
action crosstalk control, together with a relatively simple transposition
scheme to reduce far-end crosstalk, is used in the short-haul open-wire
O systeme*

Another interesting application of the frequency frogging
technique is used in the type N short-haul cable system. Four-wire oper-
ation is used in this system, but this is combined with the high-group
low-group principle of equivalent four-wire., The equivalent four-wire
principle alone removes the problem of near-end crosstalk between the op-
posite directions of transmission of different systems using the same
cable. In addition, by frequency frogging at each repeater, as shown in
Figure 7, the interaction crosstalk path around a repeater is also elimi=-
nated, and it becomes possible to use the same cable for both directions

* Compandors, which will be discussed in detail in a later chapter, are
also vitally important in the O, as well as the N and P systems, for
meeting crosstalk requirements.
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of transmission. Thus, this method achieves control over the same cross-
talk paths that the two cable method of Figure 5 does,

From this discussion it should now be obvious that the method
of operation of a carrier system is far from an arbitrary choice, Even
in an isolated system (and a coaxial system can be considered isolated
even though other coaxial systems may use the same cable) the choice is
not always obvious. Four-wire operation requires an immediate use of
twice as much copper, but in the long run a four-wire system will provide
more than twice the number of message channels as two equivalent four-wire
systems occupying the same bandwidth., Each amplifier in a four-wire re-
peater must then be designed to work over twice the bandwidth required
for an amplifier in an equivalent four-wire system. However, this cost
and complexity must be weighed against the corresponding costs, in the
long run, perhaps, of two equivalent four-wire systems and, therefore, two
sets of amplifiers and directional filters at each repeater location.
Where crosstalk between systems on the same facility is a problem, the
systems study must include the cost-performance relations of special line
arrangements and treatment as compared to staggered frequency allocations
and frequency frogging techniques and the additional terminal and repeater
complexities involved. Since each new system is designed to meet a par-
ticular need, the variety of methods of operation which have been and will
be used reflect the results of the study of all these factors in terms of
the service to be provided and the state of the technology at the onset
of system design.
Form of AM Signal

The factors which influence the choice of form of AM signal were
discussed in detail in Chapter 4. To briefly review, the forms of AM
signals which have found application in one or more carrier systems are
double sideband with carrier, twin sideband, and single sideband sup-
pressed carrier,x*

Double sideband with carrier requires the simplest modulating
and demodulating ecuipment. It is used, therefore, in relatively low
capacity light-route systems where terminal costs must be held to a
minimum,

Twin sideband permits associating two different sidebands with
the same carrier. For the same bandwidth, then, a twin sideband system

* A fourth form, single sideband with carrier, has found use only in the
now obsolete B carrier system.
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can have twice the channel capacity of double sideband with carrier
system. Although twin sideband increases the terminal complexity, its

use is justified where the increased terminal costs are less than the

cost of installing additional line facilities to handle the same number of
channels on a double sideband with carrier basis.

Single sideband suppressed carrier is the best form of signal
for a long-haul, multi-channel system. This method of AM transmission
makes maximum use of the available bandwidth and minimizes the power
handling capacity requirements of the repeaters since the carriers are not
transmitted. It has the further advantage that intermodulation products
produced in the system tend to be noise-like rather than intelligible in
character. The terminal equipment required for single sideband suppressed
carrier operation is, of course, relatively complex and costly.

In summary, then, it follows that although single sideband
suppressed carrier is probably the most desirable form of AM signal to
use, it proves-in only on relatively large, long-haul type systems, such
as coaxial or submarine cable systems, where line and repeater costs,
rather than terminal costs, dominate. On light route, short-haul type
systems, where terminal costs become more important, either the double
sideband with carrier or twin sideband form of AM signal can be used, An
economic study of the problems involved with either type of signal will
generally dictate the choice for a particular system.

Terminals

The complexity and, therefore, cost of the system terminals
depends on the form of AM signal used and the number of channels handled
by the system. The major components of the transmitting and receiving
terminals of a system handling the order of a dozen single sideband sup-
pressed carrier channels are illustrated, in block schematic form, in
Figure 8. The terminal arrangement of a larger capacity system is very
similar, the primary difference being that a greater number of channel
modulators and group modulators are used, and generally more steps of
group modulation are involved.¥

It is assumed, of course, that either four-wire or equivalent
four-wire operation is used. The transmitting terminal begins, therefore,
with a voice-frequency hybrid or, as it is more generally kndwn, a
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% Frequency multiplexing is discussed in detail in Chapter 4.
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four-wire terminating set, for each channel.* This network splits the
voice-frequency path into the two directions of transmission. The trans-
mitting side of the four-wire set is connected either to a compressor,
if compandors are used in the system, or directly to the channel modu-
lator and its associated output filter. For the case illustrated in
Figure 8, the outputs of all the channel filters are combined in a channel
combining network to form a frequency multiplex signal occupying the fre-
quency range of the channel filters, This signal is then fed into a
single step of group modulation which shifts the array to the line trans-
mission frequency. The output of the group modulator is fed through a
group filter, which selects the required sideband from the modulator and
suppresses any other out-of-band productse The signal then goes into
the transmitting amplifier. This amplifier raises the signal level for
transmission over the first section of the line, which in many cases,
may be the nominal line length between repeaters. In some cases a
special transmitting amplifier may be designed for the terminal ap-
plication, but frequently the same (or approximately the same) amplifier
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*This assumes two-wire switching. At a four-wire switching center, the
system terminals begin and end with what in Figure 8 would be tpe four-
wire sides of the terminating set. When, at a four-wire switching center
we connect to a two-wire facility (e.g., a toll connecting trunk), the
four-wire set is associated with the two-wire facility.



INTRODUCTION TO AM CARRIER SYSTEMS 5=15

that is used in each repeater can be used as the transmitting amplifier.
It may, however, provide some special shaping of the signal (pre-emphasis)
to partially equalize the system signal-to-noise performance vs frequency.

From the output of the transmitting amplifier the group passes
through the line connecting network to the line., In four-wire operation a
repeat-coil is generally used to match the amplifier impedance to the line
(and is usually made part of the transmitting amplifier). In equivalent
four-wire operation the connecting network must, of course, include the
directional filter.

The receiving terminal generally goes through the same steps as
the transmitting terminal, but with the order of operation reversed. For
this reason many of the components, such as the group and channel filters,
are the same in both the transmitting and receiving terminals., There is,
however, considerable variation in the receiving terminal layouts of the
various systems, and Figure 8 is intended to illustrate only the basic
operations performed, Note that if the system uses compandors, the ex-
pandor follows each channel demodulator; otherwise the output of the de=-
modulator circuit is connected directly to the four-wire set. Also, in-
stead of using a single receiving amplifier, separate amplifiers are
generally used to optimize the signal levels ahead of the group modulators
and channel demodulators.

The method used for obtaining the oscillator frequencies re=
quired in the system terminals depends principally on the form of AM
signal used, the type of signal (telephony, TV, program, etc.) trans-
mitted, and the number of terminals which are expected to be connected in
tandems Up to this point in the discussion we have considered the
terminals as the end points in a carrier system. A long-haul system will
generally have a number of intermediate terminals in addition to those at
the ends of the over-all system. This permits some channels (one or more
supergroups in the L system, for example) to be dropped and others to be
added at offices located along the route. Those channels which are not
dropped are, of course, not brought down to voice frequency, but are
wired directly to a transmitting terminal and sent on, either to another
dropping point or to the end of the system.

It follows that as the number of terminals in tandem increases,
the reocuirements on both the absolute and relative frequency of the
carriers supplied at the terminals also increases in order to avoid fre-
quency shifts in the signals transmitted by the system. In a single side-
band system involving only a pair of terminals, an error of ten to twenty
cycles in carrier frequency still provides satisfactory telephone message
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service. For program transmission the error should not exceed about two
cycles. When we increase the number of terminals, however, the carrier
frequency errors at each terminal must be held considerably below these
values.

One method which is used in the long-haul single sideband systems
is to derive all the necessary carrier frequencies from a precision crystal
controlled oscillator. In the L system the relative frequency error be-
tween terminals is also reduced by designating the crystal oscillator at
one end of the system as a master oscillator and using its output to
synchronize the frequencies of all the other oscillators in the system.

When carrier power is transmitted, the demodulation problem at
the receiving terminal is considerably eased.* Thus, in a double sideband
system, for example, simple crystal controlled oscillators are generally
used to supply the necessary carrier frequencies.

In addition to supplying carrier power to the modulators, oscil-
lators are frequently used in the transmitting terminals (particularly in
single sideband systems) to provide pilot tones which operate the regulator
circuits in the repeaters. The details of the regulation problem will be
discussed more fully in a later section. Suffice it to say here that the
oscillators used for this purpose must be accurately controlled in fre-
quency to permit sharp separation filters in the repeaters to separate the
pilots from the channel groups. As a result the pilot tones are frequently
derived from the primary oscillator from which the carrier frequencies are
obtained. In some cases, instead of generating new frequencies, certain
carriers can be transmitted to act as the pilot tones. Of course, when
the system normally transmits the carriers, as in a double sideband system,
the carriers themselves can generally be used by the regulator circuits
and no special pilot tones are needed.

The discussion so far has made no mention of signaling. At the
time such systems as the J and K were designed, signaling was considered a
function entirely separate from the rest of the system. As a result it
was necessary at the toll offices to install racks of signaling equipment
along with the carrier terminals in order to translate the local (dc)
signaling into a form which the carrier system could transmit. The
signaling information was then fed into the terminals on the two-wire side
of the terminating sets and was handled by the system just as if it were
a voice-frequency signal., More recently there has been an increased
emphasis on the integration of all aspects of the transmission system,

% In addition, since message frequencies are equal to the difference
between carrier and sideband frequencies, errors in group carrier or
frogging oscillator frequencies do not degrade the received message.
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This has led to a closer coordination between the signaling needs and the
terminal layout., Thus in the N and O systems, for example, a 3700 cps
oscillator is included in each voice-frequency circuit to supply signaling
tones. The circuit can be connected so that incoming dial pulses or
supervisory signals in the voice-frequency channel will pulse this oscil-
lator on and off. These pulses are then applied to the channel modulator
and transmitted to the receiving terminal where they are recovered by a
channel signaling receiver and restored to their original form. These
systems will, of course, transmit the conventional multi-frequency key
pulses and some of the other forms of signaling which are transmitted
within the voice band.

This completes our discussion of the carrier system terminals,
The next section takes up the problem of the high frequency line over
which the signals are transmitted.
Lines and Repeaters

A specific wire facility on which the carrier system is to
operate is frequently picked during the system design. <This is especially
true for long-haul cable and coaxial systems, where the transmission re-
quirements are usually best met by integrating the repeater design and
method of operation with a particular type and size line. In other cases,
the system may be designed for application to a variety of lines, This
is particularly desirable for a short-haul type system which is intended
to provide additional message channels on existing wire plante.

With either type of system design, the wire medium offers a
number of problems which the repeaters must be equipped to solve. One of
these is the nominal line attenuation versus frequency characteristic,
which is illustrated in Figure 9 for a typical size cable, coaxial, and
open-wire line. For all types of lines, the attenuation increases with
frequency, with the attenuation at high frequencies increasing as the
square root of frequency. This normal attenuation characteristic
necessitates the use of some method of equalization to make the via net
loss of the system independent of the carrier frequency used for trans-
mission of the signal. It will be recalled from Chapter 3 that, in voice
frequency toll systems, some of the equalization in cable systems is
provided by means of loading coils. Extension of the loading principle
into the carrier frequency region would require the use of relatively
close spaced, low inductance coils to move the cut-off frequency of the
loaded line above the transmission band. The use of lower inductance,
however, would reduce the effectiveness of the loading in minimizing the
attenuation distortion of the line. Considerations such as these lead
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to the conclusion that this method of line treatment generally is not
practical at carrier frequencies., As a result, system equalization is
normally achieved by suitable gain-frequency shaping techniques at the
repeaters and terminals.* Various equalization methods are discussed in
a later sectione.

Another line characteristic which is frequently important is
the delay-frequency characteristic. Delay distortion (i.e., distortion
of the signal which occurs when the delay is a function of frequency) is
generally not a problem in telephone message circuits, since it produces
negligible impairment, For other types of signals - data, monochrome and
color television, and program, for example - delay as well as attenuation

*#0One exception to this occurs in the case of toll entrance and inter-
mediate cable links used in the C and J open~-wire systems. Toll
entrance cables are cable sections used to extend an open-wire line into
a city. Additional cable links are frequently required to carry the
open-wire circuit across river beds or around other obstacles, The
lengths of these toll entrance and intermediate cable links vary from
a few hundred feet to several miles, and each link must, of course, be
worked into the over-all system equalization plan. Very light loading
(together with special low-capacitance cable in the J system) is used
in C and J carrier to provide some attenuation equalization.
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equalization must be provided in the system. Whereas attenuation equali-
zation is provided at every repeater, delay equalization in AM carrier
systems is generally inserted only at the system terminals, and here it
may be applied only to the signal (or signals) being dropped at that
location. An exception to this occurs in a system such as the L which is
equipped with protection switching (i.e., an automatic switching arrange-
ment which permits substitution of a standby section of repeatered line
for a working section which, for example, may fail or require a mainte-
nance check). In this case, delay equalization is inserted at the ends of
each switching section so that when the signal is switched from the active
to the standby section, the over-all delay characteristic of the system is
left unchanged.

So far we have discussed problems associated with the nominal
line characteristics. An equally important problem is the change in line
attenuation with changes in ambient conditions. Aerial cable, for example,
has a mean temperature of 55°F in the northern United States. However,
the annual variation in temperature is expected to cause the cable tempera-
ture to vary * 55° or more. These temperature changes cause the cable re-
sistance to change, which, in turn, changes the attenuation by the order
of * 5%, (This is approximate - the actual change is a function of fre-
quency.) Smaller changes, of course, occur during the period of a day.
Buried cable is somewhat more stable, the expected annual variation in
temperature being * 20°F. Submarine cable systems, once on the ocean
floor, should see temperature variations only of the order of % 1°F, cor-
responding to an attenuation change of * 0.12%. The importance of even
so small a change as this can be more fully appreciated when it is re-
cognized that the total cable attenuation may, at high frequencies, amount
to 10,000 db or more on a long system, so a 001% change is 10 db!

The attenuation changes of open-wire line are influenced
primarily by moisture conditions, which cause variations in the shunt con-
ductance of the pairs. Although at voice frequency the change in line loss
with weather conditions, even on long systems, is usually of no importance,
at carrier frequencies increases of the order of 35% in the attenuation
can be expected during rainy weather., Sleet and ice loading produce even
larger changes, of two to four times (or more), over the normal dry at-
tenuation of the line,

This problem of attenuation change with changes in the ambient
conditions requires that some means of automatic regulation be provided
to maintain the via net loss of the system at (or close to) its assigned
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value., Several methods of regulation are described briefly in a later
section. In general, regulation in carrier systems is provided at each
repeater, so that by one means or another the repeater gain is made to
change in accordance with changes in the attenuation of the preceding
section of line,

Changes in cable temperature (or other ambient effects) will also
cause changes in the delay characteristic of the system. Fortunately, the
changes in delay are very closely given by the well-known relationship
between gain (or attenuation) and phase - the so-called minimum phase law,
This being so, delay distortion effects due to changes in ambient con-
ditions tend to be automatically eliminated by correcting the gain devi-
ation. To do this job adequately in systems where delay distortion is
particularly important (e.g., L-3 coaxial), it is necessary to design the
gain-correcting networks to follow the gain deviation curve to a freguency
about half an octave above the top transmitted frequency.

From this discussion we see that the basic function of the
carrier system repeaters is to make up for both the nominal loss of the
preceding section of line as well as to compensate for changes in that
loss. We have also seen that the two directions of transmission in a
carrier system are separated, either physically in four-wire operation,
or by frequency in equivalent four-wire, In either case this permits us
to examine either direction of transmission as though it were a separate
and distinct system. Figure 10 illustrates a typical level diagram for one
direction of transmission in a multi-repeater system. The system begins
with the terminal equipment at the transmitting toll switchboard. The
O db transmission level point is located on the 2-wire side of the voice-
frequency input to the terminal, The amplifier in the transmitting
terminal raises the level for transmission over the first section of line,
The amount by which levels are thus raised is a point to be discussed
later. Then follows a succession of alternate line sections and repeaters
until the receiving terminal is reached. Ideally, each repeater provides
Jjust enough gain to restore the signal to the level it had at the output
of the transmitting terminal, The gain at the receiving terminal is then
adjusted to deliver the signal at the receiving toll switchboard at the
proper level as determined by the via net loss at which the system is to
operate. '

How far apart can the repeaters be spaced? (We assume, in
asking this question, that if we change repeater spacing we will make the
appropriate change in amplifier gain so that repeater gain will always
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just compensate for cable loss.) This is a vital question, for the re-
peater spacing and, therefore, the number of repeaters required for a
particular installation and their complexity, will directly affect the
total cost of a carrier system facility. The repeater spacing question is
clearly tied to the question of the levels to which signals are raised by
the transmitting amplifier before launching onto the high frequency line.
We find also that it involves the question of bandwidth - how many
channels the system can carry. The next nine chapters of this volume
consider these inter-related problems in detail. Obviously, then, all we
can do in this chapter is to consider them in a very broad-brush sort of
way.

With this restriction in mind, let us now look at some of the
factors which the system designer, and, in some cases, the engineers con-
cerned with laying out a new system, must consider in determining the
spacing of the repeaters in a particular system.

Repeater Spacing and Transmitted Levels

In an AM carrier system, as in any type of multi-repeater system,
each section of line, each repeater, and each terminal installation con-
tribute to the total impairment of the message. Frequently, the impair-
ment contribution of only one or two of these components will dominate
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in a particular system. Terminals, for example, generally add only a
small amount of noise and other disturbance in a long, multi-channel
carrier system. In all systems, however, allocations must be made to the
magnitudes of various impairments which each of the system elements is
allowed to introduce, and the system must then be designed and engineered
to meet these allocations. To derive these allocations, it is necessary
to translate channel objectives, such as those discussed in Chapter 2,
into detailed requirements on each source of impairment. As we shall see,
although the requirements allocated to the repeaters do not uniquely
determine the repeater gain and, therefore, the spacing, they do act as

a base for determining various combinations of spacing and gain from
which the system designer must select what appears to be the optimum,.

There are a number of types of impairment in an AM carrier
systems Insofar as repeater spacing and level are concerned, however,
they may usually be classified into one of the following categories:
noise, crosstalk, modulation distortion, and overload.* The contribution
of each of these factors to the total transmission impairment will increase
as the system length and, therefore, the number of sources of impairment,
increase. Let us consider these items to see how they affect repeater
spacing (therefore, repeater gain) and transmitted levels,

Among the various types of sources of noise which are important
at carrier frequencies are thermal noise, tube noise, battery noise,
contact noise, static, and corona. Most of these have been described in
Chapter 3. Some of them, like thermal and tube noise, are built into the
system. Others, like static, come from external sources, Thermal and
tube noise happen also to be amenable to calculation, for which reason
subsequent chapters use them for illustrative purposes. The other noise
sources mentioned cannot be computed; we rely on measurements for all
our knowledge of them (and hope that the measurements are adequate and
typical).

Whatever its nature and source, noise will be introduced in the
repeatered line, and result in some particular signal-to-noise ratio at
the input of the receiving terminal. Leaving compandors out of the dis-
cussion for the moment, the best we can do from the receiving terminal to
the subset is to preserve this S/N ratio without further degradation.

*%In addition to these problems, consideration must also be given to the
problem of singing, or near singing, caused by unwanted coupling between
the output and input of each repeater. As we have seen, the method of
operation frequently eliminates the major coupling paths, but other
paths that remain may assume importance if repeater gains are set too
higho
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In general, the magnitude of the noise at receiving terminal
input will be independent of the signal magnitude. We can, therefore,
improve the S/N ratio by a), launching signals from the transmitting
terminal at higher levels, and b), shortening the distance between re-
peaters so that signals never sink too near to noise magnitudes. Con-
versely, as we lengthen repeater spacing or decrease signal levels, we
worsen the S/N ratio.

All that has been said with respect to the noise within a system
applies equally well to crosstalk from other systems. These two impair-
ments can be thought of as setting a lower limit, below which our signals
in a system must not sink; they represent the floors of a tunnel through
which our signals must pass.

Intermodulation, crosstalk into other systems, and overload
represent the ceilings. They prevent us from transmitting from the
originating terminal (and from succeeding repeaters) at very high level,
They thus set an upper limit on the output level of each line repeater,
Taken together, the lowest ceiling and the highest floor govern in any
particular case - one setting the maximum level at repeater output, the
other setting the minimum level at repeater input. These two limitations
determine the maximum loss, or cable length, between adjacent repeaters,
and so govern the repeater spacing.

In concept, all this is simple enoughe. It is when we want to
be numerically precise in any particular case that we find ourselves, of
necessity, developing the sort of definitions and equations which are to
be found in the following chapters.

Effect of Compandors

How do compandors affect our conclusions? The basic idea behind
the compandor can be stated simply enoughe It is a device which, at the
receiving terminal, reduces the transmission of a channel through the re-
ceiving terminal when no signal is present on that channel., Since it is
the noise or crosstalk between signal syllables which annoys the sub-
scriber, the apparent performance of the system is greatly improved., When
signal is present, the channel equipment at the terminal provides approxi-
mately normal transmission. The receiving terminal device is called an
expandor since it increases the difference between signal and noise (or
between strong signals and weak signals). To make over-all transmission
of the signals themselves satisfactory, a corresponding compressor is
added at the transmitting terminal.* By compressing the volume range at
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%#The word "compandor™ is merely a contraction of "compressor and
expandor", of course.
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the transmitting end, we also make the signals from all talkers more
nearly equal during their transmission over the trunk. As a result, loud-
talker crosstalk into other systems is reduced, and weak talkers are trans-
mitted satisfactorily. When there is no compressor at the transmitting
terminal, weak talkers suffer more noise impairment during their trans-
mission over the high frequency line than strong ones do; compressors
decrease this relative disadvantage.

All this is very advantageous, and permits the operation of
systems which would otherwise be non-commercial, The essential nature of
our problem is unchanged, however. That is, we reduce but do not eliminate
the effects which limited us before we added compandors, and so merely
move the limits further out.

Misalignment

Throughout the above discussion, and in some of the following
chapters, it is assumed that the repeater gains just compensate for the
loss of the preceding section of cable. This design objective can be met
only approximately in practice. Let us consider briefly the effect of
departure from this objective.

Misalignment is defined as the cumulative departure from the
ideal transmission in successive repeater sections (i.e., departure from
the repeater gain equalling cable loss). The effects of misalignment can
be appreciated from the following definitions:

a) Negative misalignment: Negative misalignment is present

when the cable loss in each section exceeds the repeater

gain, so that the signals become progressively smaller as

they are transmitted from repeater to repeater. As a re-

sult, the effects of random noise (thermal, tube, etc.)

become increasingly important., On the other hand, modu-

lation distortion and crosstalk into other systems is re-

duced since each repeater handles a smaller signal.

b) Positive misalignment: Positive misalignment is present

when repeater gains exceed cable losses, so that the

signals become progressively stronger as they are trans-

mitted from repeater to repeater. Modulation distortion

and crosstalk into other systems therefore increases, and
the signals more nearly approach the system overload point.
The ratio of signal-to-random noise is, of course, improved,

These definitions illustrate rather clearly the concept of the
"floor™ and "ceiling" limits between which the signals must be carried. .
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It can be shown that for either type of misalignment the net effect is
likely to be a penalty in the signal-to-interference ratio. Generally in
a string of repeater sections, one tries to make the misalignment random.
If it is, the penalty to the system will be smaller than if the misalign-
ment is systematic. Methods for computing the effects of misalignment are
discussed in Chapter 1ll, The amount of misalignment in a system will
depend on the equalization and regulation performance. Let us take a look
at these problems now,
Equaligation
The basic problem of equalization is to compensate for the loss
versus frequency characteristic of the line. The requirement on "flatness™"
of transmission depends on the amount of misalignment penalty the system
can stand. Low transmission levels increase the degradation produced by
thermal noise and crosstalk, high levels increase modulation noise, cross-
talk into lower level channels, and may overload repeaters. In addition
to these factors which recuire that the transmission level be kept within
certain limits everywhere along the line, the overall transmission from
terminal to terminal must be kept within certain limits to meet trans-
mission requirements such as via net loss, delay distortion, and flatness.
Equalization methods vary from system to system. In general,
loss equalization is provided at each repeater. One method, used in the
K and J systems, for example, is to use an amplifier which has flat gain
across the band and to insert shaping networks ahead of the amplifier so
that the over-all transmission compensates for the line loss characteristic.
Another method, as used in the L3 system, is to provide part of the equali-
zation by shaping the gain-frequency characteristic of the repeater ampli-
fier. Either method will generally impose signal-to-noise penalties on
at least some of the channels, so that part of the problem of system
design is to chose an equalization plan that appears best suited to the

particular system.

In addition to basic equalization at each repeater, most systems
include "mop-up" equalizers located at some of the repeater points along
the line (usually at main stations, or dropping points). Mop-up equalizers
are versatile, manually adjusted equalizers which permit compensation for
imperfect equalization (i.e., misalignment) that has occurred previously
in the system. Among other things, mop-up equalization corrects for manu-
facturing deviations from the design value for the wire circuit and the
repeaters,
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The over-all equalization problem of any system involves such a
large number of wvariables that no unified approach has been devised for
its solution. Again, experience with previous systems frequently serves
as a valuable starting point., Chapter 14 discusses the problem of equali-
zation in more detail, as well as our next topic, regulation,

Regulation

Regulation compensates for changes in the loss of the trans-
mission system with time. It can be thought of as a kind of automatic
system enualization. There are two basic types of regulators:

a) Non-feedback regulators: In this type of regulator, some-
thing is measured which serves as an indication of system gain (loss), and
a gain regulating network is adjusted accordingly. An example of such a
regulator is the thermistor regulator used at some of the L3 repeaters.
The thermistor is buried in the ground adjacent to the repeater. Measure-

ment of its resistance change with temperature serves as an accurate
measure of the corresponding change in attenuation of the preceeding
section of cable, The thermistor, as part of a simple resistance network,
can therefore be used to adjust the gain of the repeater as the ground
temperature varies., The non-feedback regulator has the advantage of being
simple, reliable, and relatively cheap. Its biggest disadvantage is that
it is not self-checking. Whatever residual error it leaves is passed
along to the next repeater. If the error is systematic it will accumulate
in direct proportion to the number of repeater sections traversed. Herein
lies the advantage of the second type of regulator, the feedback regulator:

b) Feedback regulators: In a feedback regulator the trans-
mission is measured continuously by comparing a pilot signal with a
reference. The difference, or error, is used to actuate a gain control in
the repeater until the system is in a state of equilibrium as determined
by the feedback around the control loop. An example is in the K2 system
in which a pilot tone is used to control the current through a thermistor
in a regulating network, which in turn adjusts the gain of the repeater,
An example of how this type of regulator circuit prevents errors from
accumulating in the system is given in Chapter 14, A problem associated
with this type of regulator circuit is that of gain enhancement. Gain
enhancement refers to the ratio of output pilot variation to input pilot
variation, and frequently becomes a problem when, for example, the input
pilot amplitude is varying at some frequency at which the feedback loop
provides a small gain, rather than loss. The variation in amplitude is
then enhanced as the pilot is transmitted through the system. This
problem is also discussed in detail in Chapter 14,
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The type of regulation system chosen for the system will depend
largely on the type of signals to be transmitted and general economic
considerations. In general, we can expect to use relatively simple
equalization and regulation methods on a short-haul telephone message
type system. As the system length increases, and the problem of mis-
alignment becomes more serious, the complexity of the equalization and
regulation plan will increase. Additional requirements are imposed when
we then attempt transmitting TV, data, and other signals more sensitive
to impairment than message.

Conclusions

We have ranged over a large number of subjects in this chapter.
As we have seen, there are generally a number of ways to solve the various
problems we encounter. We can transmit single or double sideband (etc.);
we can reduce the crosstalk by using two cables, or by using compandors
(etc.); we can use physical or equivalent four-wire transmission - at
every point we have multiple options, and we can find an example of each
option being used somewhere in the plant todaye.

When all the choices have somehow been made, however, we find
that our floor-ceiling limitations begin to bind as soon as we try to get
the most we can for our money. The basic problem is obvious in one sense
but perhaps somewhat vague in another. To make it less vague, and to be
specific as engineers, we ought to consider quantitatively some of the
problems we have talked about so far. If we are to stay within reasonable
bounds, we had better limit our problem, however, With this in mind, we
consider in the next chapters an example which meets these specifications -
optimizing a long-haul single sideband system which is free from the cross-
talk restraint.
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N1 System | AB25,190
O System AB25,200
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TABLE I
J 0 T CARRIER SYSTEMS
Long-Haul Short-Haul
42 K2 Ll 3 cs MIA N oN1 ON2 9 £

Line Facility O.W, Cable Coax. Coax. O.W, 0.W. Cable 0.W. 0.W. or Cable
Method of Operation (1 (2) (2) (2) (1) (1) (2) (1) (1)
Terminals A A A A cs5 M N 0 ] 0 P
Channels 12 12 600 1860 3 5 12 20 2L 16 L
Sidebands 1 1 1 1 1 2 2 1 1 1 2
Transmitted Carrier No No No No No Yes Yes Reduced Reduced Reduced Yes
Frequency Allocation (kc)

Lowest Trans. Freq. 36 12 64 308 5 150 36 Lo 36 2 9

Highest Trans. Freq. 140 60 3096 8320 30 420 268 264 268 156 99
System Length (miles)

Minimum 125 75 75 75 60 10 15 15

Maximum 4000 4000 4,000 4,000 1000 50 200 150
Approx. Repeater Spacing (miles)(3) 30 17 8 L 150 (6) 8 50 (7)
Approx. Repeater Gain (db)(h)

Lowest Fregq. 10 43 8 8 12 (6) L6 4 (7)

Highest Freq. 20 6L 56 45 22 L8 17
Frogging No No No 800 miles No No Each Repeater Each Repeater No
Compandors Nol5)  No No No No No Yes Yes Yes
Nominal Transmission Level (db) +17 +9 -10 +18

'at Repeater Output) (8)
Pilots Yes Yes Yes Yes Yes No No No Yes
Approx. Regulation Range (db) 50 16 26 8 32 10 45 12

at each Repeater
NOTES:

(1) Equivalent L-wire.

(2) Physical 4-wire.

(3) Sleet-area spacing given for 0 .W. systems.

(4) Repeater gain for 0.W. systems assumes dry
104 mil 8-inch spaced line.

(5) Compandors are sometimes added for
crosstalk and noise control, but are
not part of the system terminals.

(6) System consists of terminals only;
line loss between termminals is not
to exceed 47 db.

(7) Line loss between

repeaters not to exceed 25 db; maximum

of 4 repeaters in tandem. (Tentative)
(8) Pilot transmitted from remote terminal.

Entries which are omitted call for more detailed consideration

than can be given here.
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Chapter 6
SYSTEM LAYQUT TERMINOLOGY

Definitions are given for terminology to be used
in subsequent discussions of single-sideband amplitude-modu-
lation telephone message systems.

In earlier chapters, we examined the environment in which trans-
mission systems must operate, and the message channel objectives which in
large part govern their design. In the immediately preceding chapter, we
discussed, in broad general terms, some of the AM system problems which
arise when we try to meet these objectives. In the following eight
chapters, we shall discuss, quantitatively and in detail, the factors af-
fecting the design and performance of long cable systems carrying single
sideband, AM, telephone message signals. We shall confine the discussion
to systems such as coaxial or submarine cable in which crosstalk (except
that caused by intermodulation) can be ignored. We do this for reasons
of simplicity - we are trying, in this text, to illustrate a method of
approach which is applicable to all transmission system problems, and a
simple illustration will best serve our purposes.

The first step in designing any transmission system is to lay
out a mathematical framework which relates the performance of the
components, and the ways in which imperfections accumulate in long
syétems, to the signal-to-noise objectives of the system. It should -be
emphasized that there is no unique system for a particular job, even
when we have narrowed our inquiry down to ssb AM message systems. For
example, one can trade repeater spacing for bandwidth, or one can allow
greater or less margin against aging or performance uncertainties,
Initially, therefore, preliminary calculations are made on a number of
systems that seem likely to meet the requirements. Extrapolation from
some earlier system having a basic design similar to the one under
consideration may be helpful in selecting a good starting point. As
the study continues, the field narrows and uncertainties are "firmed
up”, Finally, a system evolves that appears to be the best compromise
between a large number of factors, including economics, relative
feasibility and schedules.

6-1
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The purposes of the preliminary calculations are several:

a) They provide a means for comparing the relative merits
and costs of different system layouts.

b) They provide a quick answer to overall feasibility
questions,

¢) They point out areas where uncertain estimates must

be "firmed up" by further study, and thus guide the

allocation of development effort.
d) They set up a framework wherein design changes or re-

finements may be introduced or evaluated.

One usually starts the study by making an estimate of the im-
portant performance parameters, These are used to compute maximum al-
lowable repeater spacings for bandwidths within the range of interest,

In such preliminary computations one usually makes only very rough ap-
proximations for the effects of terminals, equalizing equipment, and other
more or less subsidiary transmission equipment, which effects are small com-
pared to the effect of the long repeatered line itself. (It must not be for-
gotten, however, that the form of the signal, i.e., single sideband AM,

and the level at which it appears on the line is determined by the hard-
ware in the terminals.) As the system design and development proceeds, the
computations are refined, both by the inclusion of effects ignored

during the first round, and by the use of more accurate values for
performance parameters as they become available. In fact, the whole
framework may have to be shifted because it is found that an important
source of imperfection has been overlooked, and another, which was

thought to be governing, has turned out to be negligible,

Layout and Terminology

To facilitate computations, a hierarchy of terminology has
become established. It has grown through the years and, although it
is the result of considerable thought and experience, it is not a
unique terminology nor necessarily the best. As a result, it changes
as old terms are deposed or modified and new ones are developed. The
remainder of this chapter will be devoted to definitions of this
terminology, with particular emphasis on the single side-band AM
cable type of telephone system, although some of the quantities de-
fined will be used in later discussion of FM radio relay systems.
The meaning of these definitions will become more clear as they are
used in subsequent chapters.
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Figure 6-1 illustrates some of the symbols which have been
found useful in analyzing one direction of transmission in a carrier
transmission systeme.

REPESTEEX .
PERFORMANCE .
R TRANSLATIONS:
OUTPUT STAGE  —————— C o :
GRID: | '
Mg » Mg, Ep | '
| [‘———'GOL ———————————— 1
| | |
| |
kq L |
| \\ ¥
| TRANS. RCVNG. | ~al
ZERO | TERM. TERM. ZERO
LEVEL LEVEL.
SYSTEM
REPEATER REQUIREMENTS:
SECTION s, ° 8 28 38
Ny LOSS o PEAT
THER REPEATER
EQUIVALENT PARAMETERS:

NOISE PERFORMANCE G,, F, NF

Identification of Transmission System Design
and Performance Parameters

Figure 6-1

In Figure 6-1 the signals appear at zero level as physically-
separated telephone messages. Each message is modulated up into the
carrier frequency spectrum by an AM modulator., We shall assume the use
of single sideband suppressed carrier modulators, although some systems
use other modulation arrangements. The signals are stacked frequency-
wise and combined to produce a high-frequency signal composed of message
sidebands at 4 kc intervals. This signal is transmitted through the cable
and the repeaters and appears at the output. Here each signal is separated
by frequency-selective filters and demodulated to produce physically
separated messages at zero level. The filters, modulators, and demodu-
lators are part of the terminal equipment and have been discussed in
previous chapters. We will confine our discussion here to the high fre=-
cuency line, ignoring any contribution of the terminals to the system
noise performance. However, certain relationships between the voice
signal (at zero level) and its carrier frequency sideband, as well as
other signal properties, must be known. These properties and relation-
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ships will be covered in Chapter 12 where it will be seen that most of the
statistical properties of the voice signal will apply directly to the
carrier frequency sideband.

The important terms and symbols used to determine the system

performance are listed below,.

a

[«N
o’
<

dbn

.

As shown in Figure 6-1, ™" is the number of repeaters operating
in one direction of the system. This is one of the important
parameters in the system design since the number of repeaters,
which implies the repeater spacing, has an important effect

on the signal-to-interference performance and on cost.

The original formal definition of the decibel is ™10 log pl/pz",
where p, and p, are in watts. It follows that the relation-
ship can be used to compare voltages across, or currents
through, equal impedances by taking "20 log" of the voltage
or current ratio., It is also a convenient general practice
to speak of voltage or current gains in "db", ignoring the
fact that the voltages being compared may exist across dif-
ferent impedances., In this course we shall go further
(though not beyond the bounds of common practice) and use

the "db" as a mere computational device, like logarithms
themselves. However, each term measured in db will be multi-
plied or divided by suitable constants in order to make it
dimensionless.

The term dbv is defined by the equation

- e (volts)
dbv 20 log10 —Er(volts)

where € = 1 volt., The dbv, therefore, is a dimentionless
way of specifying voltage relative to a reference voltage of
one volt (rms, peak, or peak-to-peak are all used, in various
contexts).

Similarly, as shown below, dbm is a dimensionless way of
expressing power relative to one milliwatt,

dbm = 10 log __p:_(milliwatts)
P (milliwatts)

where p = 1 mw.
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dba: (These have been defined in the preceding chapter.

IEEE}: It is suggested that they be reviewed.

LS: The total attenuation in decibels between the end-points of
- the system is represented by "LS". In preliminary calcula-
tions, the top frequency loss (being the highest loss) is
frequently taken as the value of LS. (In the final design

the losses of filters and equalizers aré included in Ls;

and the loss-frequency characteristics of the filters, the
equalizers, and the medium must be taken into account.) For
example, in the frequency range of interest, the loss in
decibels of coaxial cable varies very nearly as the square
root of frequency. If the loss is 2 db per mile at one mega-
cycle, it will be 4 db per mile at four megacycles. The
characteristic impedance of this type of cable is almost
purely resistive in the band of interest.

The insertion gain of the amplifier in db, measured between
impedances equal to the cable characteristic impedance, is
represented by "GA"‘ Ambiguity often exists in the use of the
terms "amplifier" and "repeater". A repeater includes power
separation filters and sometimes equalizers. The amplifier
gain must compensate for the losses of these passive compon-
ents of a repeater as well as the loss of the cable. For the
purposes of computing GA’ the filters and equalizers are
assumed not to modify the cable impedances. The amplifier
and repeater gains are frequently taken as equal in early
computations because passive component losses are temporarily
neglected.

|52
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This is a term used to specify the random noise generated at one
repeater. It is the noise power which one would have to apply at

the input of a noisless amplifier of equal gain to get the noise
observed at the output of the real amplifier when it is isolated
from the rest of the system (but properly terminated). It is ex-
pressed in terms of noise power (in dbm) in a 3 kc band centered
around the frequency of interest, "f", and is equal to the noise
which the repeater delivers to the following cable section (in dbm

in a 3 kc band centered at f) minus the insertion gain of the
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amplifier (in db at f). The determination of NR is covered in
Chapter 7.

ES: The total random noise allowed at the output of the system is de-
signated "NS". It is expressed in dbm in a 3 k¢ band at zero
transmission level. Here by random noise we mean the noise which
would be measured at system output with no signals applied to the
system - i.e., NS does not include '"moise" arising from inter-
modulation,

C: One of the important parameters in signal-to-interference analyses

is the magnitude of signals transmitted., The magnitudes of tele=-
phone signals are usually defined (in statistical terms) at the
transmitting toll switchboard, zero level. For reasons to be dis=-
cussed in detail in a later chapter, it is often convenient to
analyze system performance in terms of voltages at the grid of the
output stage of the amplifier of a typical line repeater. "C" is
a dimensionless conversion factor to tie these two points together,
output grid to zero level. It may be defined as follows: Given a
one volt rms sine wave from grid to cathode of the output stage of
a line amplifier, the corresponding signal power at the zero db
transmission level point is by definition C dbm. That is,

dbv (grid) + C = dbm (zero level). (6-1)

C may be a function of carrier frequency; in the initial
stages of design, it is often assumed to be flat with frequency. It
may be carefully shaped in the later, more refined stages.

If dimensions bother one, one may make C dimensionless (withe-
out changing anything we have said) by writing it:

B/ R

C = 10 lo Po/Pq = 10 lo
® Te /5,02 =S

(o]
(eg/E'g)2

e 2

where P = Tg" is the power in mw at zero level, eg is the
o

rms voltage, at the output grid,
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g

p, = g— = 1 mw.,
o

and e_ =1 v.

(e e)
C = 20 log -2 :g
(eg eo)

This form of C is useful for computing distortion effects.
While signal-to-interference analyses for an electron tube system
are most readily made in terms of output grid voltages, trans-
mission measurements in an operating system are most conveniently
made at the output of a repeater. For such measurements to be
meaningful, the gain or loss between repeater output and zero
level must be known. This gain or loss is, in general, a vari-
able with frequency and is a design parameter closely related to
"C" defined above. The power gain in db from repeater output to
zero level is "GOL" as shown in Figure 6-1. If the system is to
operate between zero level points, as in Figure 6-1, a loss of
"GOL" db must precede the high frequency line, and the trans-
mission level at repeater output is -GOL db.
The factor "Q" is the conversion of voltage at the output grid
to power at repeater output. Given one volt rms from output
grid to cathode of a repeater, the corresponding power delivered
to the following cable section is, by definition, "Q" dbm.
Therefore, in db:

C = Q+ Gy, (6=2)

This is equal to the maximum rms sine wave voltage that can be im-
pressed between the output grid and cathode without causing the
amplifier to overload, and is expressed in db with respect to one
rms volt. What constitutes overload is discussed in Chapter 9.
When a system is designed to transmit a given number of channels,
the statistical properties of the signal at zero level can be

used to compute a peak signal voltage that will be exceeded only

a small percentage of the time. For practical purposes this is
the maximum voltage we must be prepared to transmit. It can be
related to the magnitude of an equivalent sine wave signal at
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zero level, These relationships will be discussed in Chapter 12
The equivalent single frequency signal power which the system
must be designed to carry without overloading is designated by
"PS". It is specified in db with respect to one milliwatt
(dbm) at zero level,

M2,M3: These quantities express the non-linearity of the ?ircu%t of
a single repeater, without feedback. They are defined in terms
of the last tube of the repeater.

e ) e, e
M, = 20 log 2£/° _ oo 1og( 2£°) (6=3)
2 2 /=2 ( 2 )
ef e ef

where © = 1 volt is used to make the expression dimensionless; and
"ep'" is the rms value, in volts, of the sine wave signal, of fre-
ocuency f, measured from grid to cathode of the output stage of the
repeater. The term "ezf" is the rms value, in volts, of the second
harmonic grid-to-cathode signal which, applied to a distortionless
but otherwise identical output stage, would produce the observed
(or calculated) second harmonic distortion at repeater outpute.

With corresponding definitions of terms,
(eqp 8°)
M, = 20 log —2im—r (6-4)

Below overload, M2 and M3 are not functions of the signal level
for devices which obey the power series law.

F: The feedback |1-pB| in db. One of the principal reasons for using
negative feedback is that unwanted modulation products due to non-
linear input-output characteristics are suppressed. The amount of
suppression for second order modulation products is given by F,
Third order modulation products are not suppressed quite as much
(see Kpy below). In a given design, "F" may be essentially flat
or it may have a frequency characteristic; however, unless other-
wise stated, "F" will be assumed to be flat.

KF: Third order modulation is produced in a feedback amplifier
even if the tubes' input-output characteristics have a third
order term whose coefficient is zero., This is because fedback
second order modulation combines with the fundamentals to
produce third order products. The effective reduction of
third order modulation is less, therefore, than the full
amount of the feedback by some number of db which we shall
define as KF’ An evaluation of "KF" is given in Chapter 13.
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M,p,M,pt From the above definitions it follows that, in terms of equiva-
2R’ 3R
lent voltages at the grid of the output stage, the modulation
coefficients of a single feedback repeater are

Myp = M, - F db (6-5)
MBR = M3 - F+Kp db
M,yay,M,a: These terms represent the system requirements on second
252738 P
and third order modulation. They are defined, respec-
tively, as the maximum allowable ratios (in db) of second
and the third harmonic power to fundamental powe? at zero
level when the fundamental is one milliwatt at zero level.*
H System modulation performance, defined in Chapter 8 in the

same way as the corresponding requirements (e.g., MZS)'

Ap’AN’AZM’A3M: These will be used to signify margins on load carrying

capacity, random noise, and modulation - the number of db by
which the system could be degraded from assumed performance and
still meet requirements. The proper choice of margin magnitudes
for critical performance characteristics is one of the most
difficult decisions the system designer is faced with

be considered in more detail later.

It is important to distinguish NS, PS, MZS’ MBS’ and the mar-
gins from the rest of the symbols. The terms NS, PS, MZS’ and M3S are
reguirements placed on the transmission, as measured at a zero level
point at system output. The margins are safety factors added to the
recuirements to allow for variations in transmission with temperature,
age, etc. The remainder of the terms describe the performance char-
acteristics of the particular transmission system. The quality of trans-
mission as computed from these terms should meet or exceed the requirements
plus the margins.

These definitions will be used in the following chapters in
which the performance to requirement relationships needed in laying
out a system will be developed. In developing these relationships, we
shall assume that both repeater performance and system requirements are
known. Subseoquent chapters will, in turn, discuss how system requirements
are derived, and then how estimates of repeater performance can be made.

*Third harmonic being evaluated as if it added in phase from repeater to
repeater in the same way that dominant third order products do, as
discussed in Chapter 8.






Chapter 7
RANDOM NOISE

In theory, every element, every piece of wire, indeed, every
electron, is a source of random noise. Fortunately, the problem of
computing random noise is made manageable because most noise sources
are negligible in themselves or because they are small compared to
others in the environment in which they are located. The well known
importance of tube noise in the first stage of an amplifier is a good
example. Even though the later stages are equally noisy in an absolute
sense, they are usually negligible compared to first stage noise
because of the amplification of first stage noise and signal before
the noises from the other stages are added.

Among the different types of sources of noise are thermal
agitation, tube noise, battery noise, contact noise, corona effects, and
certain atmospheric and switching disturbances., Thermal and tube noise
sources are frequently of great importance and, furthermore, can be
evaluated fairly precisely by analytic means. Some detailed consider-
ation of these is therefore warranted.

Thermal Noise From Repeaters

Consider the circuit of Figure 7-1 in terms of the components
of a high-frequency line as discussed in the previous chapter. Let
the black box be a line repeater, of unspecified input impedance, and
let RA be the resistive termination which the repeater sees as it looks
back into the preceding cable section, assumed to be infinitely long.
Let RB be the load presented to the repeater by the following cable
section. Normally, for all practical purposes, RA = RB.

Pz PI
R BLACK BOX R
A A
(REPEATER) Re R,
E Ga E

Thermal Noise in a Resistor

Figure 7-1
7=1
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Before considering noise, let us pause for a moment to
review the definition of insertion gain. Suppose that there is a
voltage E in series with Ry, and that the black box is removed so
that RA and RB are strapped together. Let the power delivered to
Rp under these circumstances be P;. Now with the black box in cir-
cuit, let the power delivered to RB be P2, caused by the signal
source E. The ratio of P, to Py, in db, is the insertion gain (call
it GA) of the black box. Note that we have not assumed that the in-
put or output impedances seen looking into the black box have any
particular value. They may be open or short circuits, or equal to
the cable impedances - their value is immaterial to the definition
of insertion gain.

Consider now RA as a noise source. Theory tells us that
it will produce noise as if it had in series with it an open circuit
noise voltage

EN = L,KTBRA volts, rms (7=1)

where "K" is Boltzmann's constant, 1.38 x lO'23 joules per degree
Kelvin, "T" is the temperature in degrees Kelvin, "B" is the band-
width in cycles per second and "RA" is in ohms.

If RA were connected to an equal but noiseless resistor
(e.c., RB) it would therefore deliver a power of

Py = (1/2 Ey)® /By = KIB watts (7-2)

Since our main concern is with the noise generated in a telephone
message band occupying a narrow (3 kc) slot in a wide carrier fre-
quency spectrum, let us solve for PN in terms of a 3 kc band; we find

Py = 1.24 x 1077 watts = -139 dbm, in 3000 cycles, 27°C  (7-3)

For the condition that R, = Rp, (but note we still place no restric-
tions on the input and output impedances of the black box) we see that
PN is analogous to the power Pl defined in our discussion of insertion
gain above. The noise power delivered to the following cable section
by a single repeater must therefore be (PN + GA) dbm assuming that the
repeater contains no noise sources. In the terminology of the preceding
chapter, Py is the minimum possible value of Nge.
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It might be pointed out that we do not know the noise power
delivered by RA to the unknown input impedance, Zin of the black boxe.
In the special case Zin = RA’ the power delivered is, of course, PN.
In practice this may often be the case, but it is not one of our
assumptions.

This method of specifying noise produced by a single re-
peater, in terms of an input generator and the insertion gain, is
convenient when we want to vary the amplifier gain, as we shall when
we vary repeater spacinge. Usually, of course, the repeater itself will
contain noise sources - for example, tube noise. We can take such
internal sources into account by using the concept of noise figure.

Noise Figure

The concept of noise figure is essentially a very simple one:
the noise figure of any black box is the difference, in db, between
two powers - one, the noise power which the black box would deliver to the

load impedance if the only noise source were the resistive component of the
generator impedance; the other, the noise power actually delivered to
the load impedance. For the general case, when the load and generator
impedances are not equal, and other definitions of gain are substituted
for the Minsertion gain" concept, careful definitions of such quantities
as M"available noise power" are needed., In the simple cases which we
shall consider, these complications do not appear.

Noise figure will, in general, be a function of frequency.
Suppose, for example, that we have a wide band amplifier of flat inser-
tion gain - say 30 db at all in-band frequencies - and that in a 3 kc
slot at mid-band we find the noise delivered to the load to be -107 dbm.
The noise figure at this frequency is then 2 db, since if the generator
were the only source we would expect -109 dbm. At some other frequency,
say upper band edge, we might find -105 dbm per 3 kc, corresponding
to a noise figure of 4 db. Such variations of noise figure with fre-
quency will normally occur because of the fact that even flat amplifiers
will, in general, contain frequency sensitive networks. The term "spot
noise figure" is sometimes employed to emphasize that the evaluation of
noise figure must be made in a narrow slot around the frequency of
interest.

The effect of internal noise sources within our black box can
therefore be taken into account by saying that the noise delivered to the
load will be Np + G,, where Np= -139 dbm + NF (for the usual 3 kc band),
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the noise figure. NR is thus a fictitious input noise source, which
would result in the actual noise output if the repeater or black
box were noiseless,

IDEAL
TUBE

™

W/

PHYSICAL TUBE GRID
CATHODE CAPACITY
NETWORK (PARASITIC)

O
~7

Equivalent Tube Noise Resistance
Figure 7-2

Tube Noise

Electron tubes, particularly those used in the first stages
of the amplifiers, are a second important source of random noise. It
is not possible to predict or compute tube noise with nearly the
accuracy that is obtained in the case of thermal noise computations.
Where accuracy is required, measurements must be used. However, when
comparisons of one tube type with another are desired or when only
approximate answers are required, computations are adequate. We find
that the noise component of the plate current has the magnitude which
we would compute for the circuit of Figure 7-2, where RTN is a fictitious
resistor, producing a noise voltage as giver by Equation 7-1. The value
of Rpy in ohms is given by the formula

I I
RTN=I§[2§;5+20§% ) (7-4)

where,
I = Current, in amperes (plate, screen or
cathode according to subscript.)
By = Transconductance in mhose.
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The preceding, expression for tube noise is fairly accurate
for carrier frequencies where the little-understood 1/F noise, pre-
dominant at very low frequencies, has become negligible.

The importance of tube noise in the over-all random noise
performance of an amplifier is dependent on the relative magnitudes
of tube and thermal noise measured at a common reference point. This
relationship is dependent on the type of tube used and the amount of
gain between the point where thermal noise is generated (the input
to the repeater) and the first stage. In many cases where the gain
of the input network varies markedly over the band of interest, ther-
mal noise will dominate in one part of the band and tube noise in an-
other. The computation of the consequent net increase in NR is dis-
cussed in Chapter 13,

Effect of Terminations

In order to avoid interaction effects between cable impedance
and amplifiers, it is often desirable to design the amplifier so that
it matches the cable impedances. (Such interaction effects would
result in a ripply gain-frequency characteristic). The value of NR
will be affected differently depending on the method used to get the
desired input impedance.

[
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{ _c |

Zc
d *R 2 Oamp Zc €out
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| o _ i
I 2 I

|

[ |
l«—INPUT COUPLING___;, REMAINDER OF
NETWORK AMPLIFIER ™

|
1
|
|

Effect of Repeater Termination
on Noise Performance

Figure 7-3

Consider Figure 7-3. The Zc impedances represent the pre-
ceding and following cable. The amplifier is divided into two parts
at the input to the first stage, so that the Si network is the input
coupling network, (usually a step-up transformer) and GAMP the re-
mainder of the amplifier. The insertion gain of the amplifier, GA’
is to be kept constant. The resistive component of the high-side
impedance is given by RH, and P is the open circuit high side
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voltage. If e, is a signal voltage, then, in db:

e
12 -
ei 20 log - (7-5)

G (7-6)

A=20vlog=r;-g—me-;z
Suppose that in the reference case, with no termination,*
we have designed the transformer or input coupling network for high
gain, thus making RH as high as physical limitations permit, and
that we have two important noise sources: a cable noise generator
at the e position, and a tube noise generator which we can assume
to be on the amplifier side of terminal 1. The cable noise can
equally well be considered as originating in RH’ since for our
present purposes RH and ey, constitute a valid equivalent circuit
for the combination of input coupling network and cable. The ques-
tion is how the output noise (NR + GA) will be affected by modifying
the input network to make zin approximately equal to Zc’ (Since Zc
is predominately resistive, it will be satisfactory to consider that
we want to make R; =R l.

Illustrative Example - Brute Force Termination

One method is to connect a resistor Rc across the input, or
a resistor RH on the high-side, of the input coupling network. If we
put such a termination within the ei network, we find that:

a) Bi is decreased by 6 db. Since the coupling network was
already designed for maximum gain, we cannot get this gain
back by increasing turns ratio or any other change in the
network,¥%

b) eAMP must therefore be increased by 6 db to maintain Gy
constant. '

c) Ry will have half the value it had in the unterminated case,
and hence the equivalent noise generator associated with it
will be 3 db less than in the unterminated case.

d) At the output, the noise originally present in the untermin-
ated case will be increased as follows: noise due to the tube
will be 6 db greater, since the equivalent generator

*Since the input impedance of the © p box will usually be high, this
means that‘Zin will be a high impeégnce.

**Limitations of this sort on designs of physical networks are familiar
from network design courses; they are briefly reviewed in Chapter 13.
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is unchanged but eAMP is 6 db greater. "Cable noise™ will
be 3 db greater, since the generator (RH) is decreased 3 db
and the following gain (GA) is increased 6 db.

e) The spot noise figure has therefore been degraded somewhere
between 3 and 6 db depending on whether cable or tube noise
dominates at the frequency in question.

Hybrid Termination

Another method of termination is to connect the low-side of
the coupling network as a hybrid; this decreases Bi by 3 db, and leaves
RH unchanged, again taking the unterminated case as a reference. eAMP
must then be increased by only 3 db, and since neither RH or the tube
noise generator is changed, the spot noise figure at all frequencies

is degraded by 3 db, regardless of which source is dominant.

Other Termination Methods

The above two methods of getting good input impedance do not
exhaust the list, of course. Some of the other alternatives, such as
using shunt feedback to obtain the terminating impedance, are usually
of academic interest in carrier systems where feedback design is dic-
tated by the necessity to suppress intermodulation. Others, such as
bridge structures, are useful in certain cases; hybrid feedback connec-
tions, in particular, appear to offer signal-to-noise advantages over
purely passive-structure methods. A complete examination of these alter-
natives would be outside our scope,.

Since providing terminations degrades the noise figure, each
system design must include an evaluation of the need for terminations,
weighing the degradation involved against the penalties associated with
the interaction effects which would otherwise be present.

Other Sources of Noise
When noise sources other than thermal or tube noise are
believed to be important, allowances must be made for them in one

way or another. Power hum, battery noise, and contact noise are seldom
important or controlling in transmission system design although occa-
sionally they must be considered in connection with specific problems.

Atmospheric noise is frequently important in the design of
open wire systems. Methods of analyzing such phenomena and making
appropriate allowances will not be reviewed here since such noise is
seldom controlling in broad band coaxial systems, our primary interest
here.
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In the design of systems where high voltages are involved,
as in a coaxial cable system, the possibility of corona must be
guarded against. The noise associated with corona can be so disturbing
that its complete prevention is necessary.

Frequency Distribution of Random Noise

Random noise of the type under discussion here is usually
"white" noise, noise which is distributed evenly over the whole fre-
cuency spectrum at the point where it is generated. The character-
istics of transmission systems modify this flat distribution to give
distributions of noise which are other than flat when considered with
respect to the signals transmitted. Since we are concerned with signal-
to-noise ratios, points in the system where the signals are flat with
frequency are convenient reference points for measurement or computa-
tion. Hence, in telephone systems the transmitting toll switchboard
is frequently made the reference point., We shall see later that the
output grid of a line repeater is also often a convenient reference
point for signal-to-noise calculations. As the amplifier circuit is
developed and its output circuit characteristics become known, the

noise distribution may be computed in terms of output grid values as
ERN = NR + GA - Q dbw, (7=7)

where GA and Q are defined in Chapter 6. ERN is the voltage from
grid to cathode of the output stage (expressed in db with respect
to one rms volt) due to random noise in a 3000 cycle band at any

frequency.

Addition of Noise, Multi-Repeatered System

In preliminary calculations leading to the design of a system,
we assume the system to be ideal in the sense that the gains of all
repeaters are identical and that these gains exactly compensate for the
losses of the immediately preceding cable section., Hence the gain of
each repeater section is unity or zero db. This is equally true of
transmission from the output grid of one repeater to the output grid of
the next. Therefore, the grid voltage due to noise generated in one
repeater will be transmitted to the grid of the next repeater where its
value will be the same as that at the first repeater. At the last re=-
peater, there will be "m" such voltages, one from each of the ™"
repeaters. These voltages, corresponding to noise power, a random




RANDOM NOISE 7=9

phase phenomenon, will add at random. Hence, the total noise voltage
will be v+n times larger than the voltage from one repeater. The total
random noise may be expressed as a voltage at the grid of 