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PREFACE

This volume contains 46 of the best and most popular articles
selected from The Lenkurt Demodulator during the five year period
from 1966 through 1970. The articles are grouped topically into five
sections — |, Muitiplex Technology, Il. Microwave Radio, t1l. Data
Transmission, V. General Communicationhs, and V. Solid-State
Design. An expanded table of contents is included for quick
reference to the subjects covered in each article. A detailed index is
included at the end of this volume for easy reference to any
particular subject covered in Volume 1 or Volume 2,

These articles have been reprinted without change; therefore,
occasional references may be found to articles not appearing in this
volume. Some outdated articles have been included for their
historical and tutorial value.

EDITOR
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Demodulator

Operating Standards

For Frequency Division

Multiplex Systems

Operating standards in the communications industry help to provide
ar efficient means of linking together hundreds of separate and inde-
pendent networks throughout ithe world. They are necessary to achieve
uniform perfarmance and to insure high quality transmission. This article
mentions the prominent communications agencies that have contributed
to standardization, and discusses some of the important characteristics
needed to interconnect different frequency division multiplex systems.

One of the most valuable assets
of any society is freedom of
communication. The unrestricted trans-
fer of information and ideas is vital to
promote education, commerce, business,
and government operations, and to pro-
tect the welfare and security of a free
natton.

The vast telecommunications net-
works that have been developed in the
United States and the rest of the free
world have indeed become great na-
tional resources. These networks carry
voice and telegraph messages and a
variety of other forms of communica-
tions such as data, facsimile, and tele-
vision, to almost any place in the world.
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The services provided by these net-
works must be reliable, economical, and
increasingly useful in order to advance
user satisfaction.

The enormous success of the com-
muanications industry certainly can be
attributed to continual improvements
made in the quality of service and to
the increasing efficiency of equipment
and facilities. This, of course, has re-
sulted in lower costs and has permitted
almost everyone to fulfill his essential
communications needs.

Perhaps one of the most significant
factors that has contributed to the
progress of communication systems has
been the development of universal



operating standards. To achieve total
worldwide communications, thousands
of separate networks have to be linked
together. It is extremely desirable,
therefore, that each of these networks
be able to handle the same types of
electrical signals. If it is relatively easy
to transfer signals from one system to
another, the communications services
are apt to be more economical and
eficient. In a growing and dynamic
world, it would certainly be impracti-
cal to develop communications net-
works that, because of technical differ-
ences, could not transfer messages to
adjacent systems without complicated
and expensive conversion equipment.
This would be tantamount to railroad
systems having tracks of different
gauges!

It is also very important that each
network preserve the quality of trans-
mission. This means that the perfor-
mance characteristics of these systems
must conform to a set of rules which
specify standards of operation. In an-
swer to this, many written standards
and practices have been developed
to cover not only operating prob-
lems, but almost every aspect of elec-
trical communications. These standards
provide the basis of comparing and
evaluating the performance of com-
munications systems. Although the use
of such standards often is not obliga-
tory, they are essential and are generally
recognized and accepted by the commu-
nications industry. The particular stand-
ards adopted depend, of course, on the
type of system, its intended use, and the
performance requirements necessary to
interconnect it with other systems.

Who Issues Standards?

In the United States, the most widely
used standards or performance ob-
jectives are those of the Bell System
and the Department of Defense. The
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Bell System has developed most of the
standard practices that are used by the
telephone industry to interconnect long-
haul multiplex and carrier systems in
North America. These standards are
contained in publications known as
Bell System Practices (BSP's).

For the huge worldwide Defense
Communications System (DCS), a
separate set of standards has been estab-
lished. Operation of the DCS is con-
trolled by the Defense Communications
Agency (DCA) which issues DCS
Engineering-Installation Standards to
assure uniform high-quality perfor-
mance of each segment of the system.
Where appropriate, these military
standards agree with those developed
for use by the telephone industry.

There are other agencies and or-
ganizations that play a very active role
in developing operating standards
for carrier and multiplex systems.
Prominent among these are the Com-
munication and Signal Section of the
American Association of Railroads
(AAR) and the Rural Electrification
Administration (REA) of the Depart-
ment of Agriculture. Also, the Elec-
tronics Industries Association (EIA)
has been very active in helping to
standardize the characteristics of digital
data signals that are to be transmitted
over communications systems.

Another important set of standards
used in the development of carrier tele-
phone systems is produced by an or-
ganization known as the International
Telegraph and Telephone Consultative
Committee (CCITT). This body is a
branch of the International Telecom-
munications Union (ITU), located in
Geneva, Switzerland. The ITU is an
agency of the United Nations.

The CCITT issues recommendations
for standardizing international tele-
phone and telegraph circuits. The need
for such recommendations developed
originally in Europe where many dif-
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ferent telephone administrations had to
interconnect at international borders.
Unlike other parts of the world, Europe
has many dense population centers con-
centrated in small political divisions.
Because of the relatively short distances
separating these populated areas, there
is a great amount of telephone traffic
between them. Therefore, it was neces-
sary to establish an international co-
operative organization where the na-
tions involved could get together and
agree on universal standards. Such
agreements have been very effective in
assuring that international circuits of
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Figure 1. Frequency allocation and
modulation plan, 600-channel multi-
plex system.

various national telephone administra-
tions and common carriers are com-
patible. Today, countries all over the
world who are interested in promoting
and developing international telecom-
munications networks, are represented
in the CCITT.

Frequency Allocation and
Modulation Plans

One of the most important aspects
of interconnecting frequency-division
multiplex and carrier systems is the
assignment of frequencies. Each type
of carrier and multiplex system employs



some type of modulation scheme to
shift the voice-frequency signals re-
ceived from user equipment to some
suitable line or baseband frequency
range. These schemes are referred to
as frequency allocation and modulation
plans.

Whenever two carrier systems are
connected in tandem, signals at the
interface point must conform to the
technical requirements of the receiving
system. Of course, signals at line or
baseband frequencies can be simply de-
modulated to the voice-frequency range
and then transferred to the next system.
This method, although acceptable, has
proven to be rather inefficient in many
cases. Extra equipment is needed to de-
modulate the signals and each addi-
tional modulation and demodulation
step adds distortion to the signal. What
was needed was a standard modulation
plan which would allow different car-
rier and multiplex systems to be inter-
connected directly at line or baseband
frequencies or at some intermediate
stage of modulation. This would allow
groups of channels to be transferred
between systems without the need for
extra equipment and unnecessary modu-
lation steps.

When the Bell System began de-
veloping its wideband coaxial cable
carrier system in the 1930's, consider-
able thought was given to standardiz-
ing single-sideband suppressed-carrier
multiplex terminal equipment. One of
the results of this effort was the estab-
lishment of a standard modulation plan
for groups of channels. To accomplish
this it was first necessary to standardize
the spacing of channel carriers; the Bell
System decided on a uniform spacing
of 4 kHz. This would permit all
channel carriers to be harmonically re-
lated to 4 kHz and would allow room
to improve the quality of speech trans-
mission with advances in filter design.
The next step was to formulate a basic
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modulation plan that could be used
in open-wire and multipair cable sys-
tems as well as wideband coaxial cable
systems. With 4-kHz channel spac-
ing, single-sideband suppressed-carrier
open-wire systems operating with line
frequencies above 30 kHz (this would
place such systems above the Bell Sys-
tem’s 3-channel type C carrier system)
could only handle about 12 channels.
So it was decided to establish a basic
modulation plan for 12 channels. Co-
axial cable systems (and later micro-
wave radio systems) were, of course,
not limited to 12 channels, but stand-
ard 12-channel groups could be used as
building blocks to form systems with
hundreds of channels by simply using
additional stages of modulation, Since
the practical lower frequency limit for
coaxial cable was about 60 kHz, the
standard 12-channel group was estab-
lished with a frequency range of 60 to
108 kHz.

This standard 60 to 108 kHz 12-
channel group has received wide ac-
ceptance as the basic building block
for long-haul carrier and multiplex sys-
tems, and has been adopted by CCITT
for use in international circuits and by
the DCA for use in the Defense Com-
munications System. Additionally, 2
standard 60-channel supergroup,
formed from five 60 to 108 kHz
channel groups, has been adopted for
use in wideband systems. This super-
group has a frequency range of 312 to
552 kHz.

An example of a frequency alloca-
tion and modulation plan for a2 600-
channel multiplex system is shown in
Figure 1. In the first modulation stage
for this plan, each voice-frequency in-
put signal modulates one of 12 channel
carriers spaced 4 kHz apart. The lower
sideband signals are selected to provide
the standard 60 to 108 kHz 12-channel
group. In the second modulation stage,
five 12-channel groups each modulate



Figure 2.

a separate group carrier to produce a
standard 60-channel supergroup with a
frequency range of 312 to 552 kHz. Ten
of these supergroups are needed to form
the 600-channel system.

In the final stage of modulation, nine
of the ten supergroups each modulate

a separate supergroup carrier, resulting
in line frequencies ranging from 60 to
2540 kHz. One of the supergroups
(supergroup number 2) is applied di-
rectly to the line at the 312 to 552 kHz
frequency level.

This particular 600-channel modula-
tion plan is recommended by the
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DCS and CCITT reference circuits.

CCITT and is standard for use in the
Defense Communications System. The
Bell System uses a slightly different line
frequency range for their type L wide-
band carrier and multiplex systems. In
the type L system, the modulation
plan is the same as the one described,
through supergroup 8. Supergroups 9
and 10, however, employ carriers of
1860 and 3100 kHz, respectively, re-
sulting in an upper line frequency of
2788 kHz rather than 2540 kHz.
Modulation plans can be expanded
to meet the future needs of higher
density wideband multiplex systems re-

World Radio Histo



quiring 2700 or more channels. These
expanded plans are formed by addi-
tional modulation steps using higher
order master and supermaster channel
groups. By adhering to these standard
frequency allocation and modulation
plans, it is possible to directly inter-
connect 12-channel, 60-channel, and
higher order channel groups of various
carrier and multiplex systems, without
having to first demodulate the signals
down to the voice-frequency range.

For single-sideband suppressed-car-
rier open-wire carrier systems, the
standard frequency allocation and mod-
ulation plan provides up to 12 channels.
Since open-wire systems are typically
2-wire systems, the frequencies trans-
mitted to the line must be different for
each direction of transmission. This
establishes what is known as an equiv-
alent 4-wire system, The two directions
are conveniently referred to as the east-
west direction and the west-east direc-
tion.

After the 12 voice-frequency chan-
nels have been translated to the 60 to
108 kHz group level, they are then
shifted to one of four staggered line
frequency allocations. Staggered line
frequency allocations are necessary to
overcome unacceptable crosstalk where
different systems share the same open-
wire lead. The four staggered line
groups are shown in Table 1.

This open-wire modulation plan is
used in the Bell System type ] carrier
system and is specified standard by the
DCA and CCITT.

The standard 60 to 108 kHz group
modulation plan is also used in multi-
pair cable carrier systems to provide 12
or 24 channels. The line frequencies for
cable systems are also different for each
direction of transmission. The DCA
prescribes 2 12-channel system with
line frequencies of 6 to 54 kHz for
one direction and 60 to 108 kHz for
the other direction.
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The standard 24-channel plan used
by the telephone industry requires two
basic 60 to 108 kHz 12-channel groups.
Again the line frequencies are different
for each direction of transmission.
Typically, the channels in one direction

TABLE 1.

Staggered line frequency allocations for 12-
channel open-wire carrier system.

SYSTEM

Bek o WEST-EAST EAST-WES
A SOJ-A-12 36 1o 84 ke 92 to 140 k
B S$0J-B-12 36 10 84 ke 9510 143 k
( S0J.C-12 36 to 84 ke 9310 141 k
D SOJ-D-12 36 to 84 kc 9410 142 k

are referred to as the low line group,
and have a frequency range of 36 kHz
to 132 kHz. The channels in the other
direction, called the high line group,
have a frequency range of 172 to 268
kHz.

Performance Objectives

In order to define standard perfor-
mance objectives of communications
systems, the CCITT, the United States
telephone industry, and the DCA
have established hypothetical reference
circuits. These circuits are of a specified
length and are composed of a certain
number of links. The amount of equip-
ment in each link varies depending on
whether the transmission path consists
of open wire, cable, or radio. The
reference circuits are complete trans-
mission systems interconnecting two
audio-frequency terminals. Each link
consists of a number of 4-wire, nomi-
nally 4-kHz voice-frequency circuits de-
rived from single-sideband suppressed-
carrier frequency-division multiplex



equipment using standard modulation
plans. Such hypothetical reference cir-
cuits are very useful in establishing
guidelines for the performance char-
acteristics of a communications system.

The CCITT reference circuit, Figure
2A, is 2500 kilometers (1550 statute
miles) long and consists of three tan-
dem links with interconnections made
at group and supergroup frequency
levels. In the United States, the tele-
phone industry uses a reference circuit
of 4000 miles, made up of a maximum
of seven links. However, from a per-
formance standpoint the two circuits
provide essentially the same results.

The DCS reference circuit for wide-
band systems is shown in Figure 2B.
This hypothetical circuit is 6000 nauti-
cal miles long and consists of six tan-
dem links each approximately 1000
miles long and interconnected on a 4-
wire basis at the audio-frequency level.
Each link is divided into three sections
of equal length and consists of wire or
radio facilities plus necessary repeaters
and frequency division multiplex equip-
ment.

Through the use of these hypotheti-
cal reference circuits, it is possible for
various manufacturers to develop multi-
plex equipment with uniform perfor-
mance capabilities. In addition to the
type of multiplexing and associated
frequency allocations and modulation
plans, the reference circuits are used to
define and standardize other circuit
characteristics such as noise objectives,
power levels, impedances, pilots, and
signaling in order to interconnect
groups of channels at carrier frequen-
cies.

Power level is a very important
factor which must be considered when
establishing guidelines for intercon-
necting multiplex systems. The amount
of power required at the voice-fre-

quency input and output circuits of
multiplex systems is determined by the
needs of the subscriber or user equip-
ment, or the switching center in the
communications system. In the United
States, the standard used to set the
levels for speech transmission is a 1000-
Hz test tone at a level of 0 dBm0. The
CCITT specifies an 800-Hz tone for
the same purpose.

Both the Bell System and the DCA
have standardized the input level of
speech signals at —16 dBm and the
output level at +7 dBm with a bal-
anced circuit impedance of 600 ohms.
These levels result in a net gain of
23 dB from the input of the multiplex
transmit channel to the output of the
distant multiplex receive channel. The
CCITT also recommends a voice-fre-
quency circuit impedance of 600 ohms,
but has not specified any standard
voice-frequency power levels.

Conclusion

The development of universal oper-
ating standards for carrier and multiplex
systems has certainly been a tremendous
help in advancing worldwide interna-
tional communications. Such standard-
ization has made it possible to transfer
groups of channels at carrier frequen-
cies directly from one communications
system to another. This has resulted in
communication services with greater ef-
ficiency, better quality, and lower costs.

Direct Distance Dialing in the United
States is an excellent example of what
can be achieved through the use of op-
erating standards for communications
transmission equipment. With the ad-
vent of worldwide multiple-access com-
munications satellites the need for uni-
versal standards for interconnecting
carrier and multiplex systems will cer-
tainly become more and more signifi-
cant.
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an’sunbounded desire to com-
municate has led to an
ever increasing demand for new tele-
phone circuits. A method of increasing
telephone circuits without adding
thousands of miles of wire is obviously
desirable (Figure 1). While putting
paired wires into cables serves to re-
move some of the wire from view, the
problem of continually enlarging the
number of physical circuits to satisfy
the increasing demand remains.

Multiplexing permits simultaneous
transmission of two or more signals
over the same telephone circuit and
has been one of the most valuable
developments in the telephone indus-
try since the early 1900’s. Of course,
the first multiplex carrier equipment
was expensive and only practical for
long distance circuits. As technology
improved this condition changed.

The reduction in cost of multiplex
equipment played an important role in
the expansion of carrier for short haul
transmission. One advance that made
carrier practical for short haul trans-
mission was in semiconductor technol-
ogy, resulting in high performance,
low cost transistors. The use of inte-
grated circuits also improved perfor-
mance and reliability, thereby decreas-
ing cost still further.

Carrier transmission over open wire
or cable between the central office and
a subscriber is called subscriber carrier
or station carrier. These systems pro-
vide less expensive transmission by
using the medium more effectively. An
ordinary cable pair carries one voice or
data channel. The same cable pair,
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' Subscriber carrier transmission systems economi-

cally expand existing cable capacity to meet the
demand for additional voice and data circuits.

using a station carrier system can carry
six carrier frequency derived circuits
which can be used for voice or data.

Three Types

There are three basic types of sub-
scriber carrier systems in use today.
Each is designed to satisfy specific
requirements, and each offers individ-
ual economic advantages. One class of
subscriber carrier effectively extends
the reach of the central office to
outlying areas (as much as 30 miles
away) and may carry 20 or more
channels. A second type, providing six
channels, serves to expand cable facili-
ties closer to the central office. The
third is a single-channel system specif-
ically designed to add one additional
subscriber to a cable pair easily and
inexpensively at distances under 3.5
miles (5.4 kilometers).

Although the three types have dif-
ferent uses, they have some common
advantages. All can be used with a
combination of standard gauge cables.
Minimum maintenance is possible be-
cause of the advantage of simply re-
placing defective equipment. Cable ad-
ditions can, also, be deferred and
planning flexibility provided using any
of these carrier systems.

Multi-channel systems provide even
greater service flexibility because each
channel can be used for party-line
service.

Multi-channel carrier equipment,
for relief of existing facilities, is pre-
sently most practical at about 4 miles
(6.4 kilometers) from the central of-
fice (Figure 2). Whereas presently, for



initial installation, closer than 10 miles
(16 kilometers) multi-channel equip-
ment is not always practical. Cable
must be installed initially, even when
carrier is used; therefore, the economic
trade-offs differ for initial and relief
installations.

Upgrading and Expanding

Subscriber carrier first proved suit-
able for expanding cable and wire to
rural and sparsely populated areas.
Customers in these locations were ac-
customed to multi-party service and
shared a circuit with as many as nine
neighbors. As the economy of the
established rural population changed,
demands for urban quality service in-
creased. The migration of urban work-
ers — accustomed to single or two-
party service — to rural areas has also
added pressure for improved telephone
service.

One-party service is being establish-
ed under ambitious upgrading pro-
grams. Improving service by adding
new physical circuits to remote areas,
however, is not always economically
practical. Factors, such as the need for
automatic toll ticketing and increased
copper and labor costs, also influence
the decisions of planning engineers
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Figure 1. Maze of
wires in this 1909
photograph epito-
mized telephone cir-
cuits before multi-
plex techniques were
developed.

Bell Labs RECORD

toward layout of new systems and
planning the company’s approach to
growth areas.

The general need to upgrade ser-
vice, relieve cable congestion, and pro-
vide growth margins in new develop-
ments has enhanced the addition of
carrier equipment to exchange loop
facilities. Carrier systems upgrade ex-
isting service and provide new service
in areas without spare cable pairs.
Additional benefits are realized in
planning new cable installations a-
round carrier systems.

Station carrier is also being used to
provide temporary service for such
functions as charitable and political
campaigns, conventions, county fairs,
home shows, sports events, etc. The
largest application to date has been to
provide immediate relief for a fraction
of the cost of new cable installation.
Carrier has gained recognition control-
ling new construction while meeting
customer requests for additional and
upgraded service in areas where facili-
ties are already used to capacity.

Comparison
Carrier systems used to supplement
existing physical circuits must provide

a high degree of reliability, transmis-
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level of technology, each system’s recommended operating range.

sion performance, flexibility, and
economy compared to the alternative
use of cable.

Since carrier systems operale over
physical circuits, total system reliabil-
ity is the sum of the carrier reliability
and the reliability of the physical
circuit. Designing high reliability car-
rier equipment is thus a primary re-
quirement. Although such tight qual-
ity control increases the product cost,
frequent service complaints and high
repair costs are not an acceptable
compromise. Today’s carrier systems
have been able to maintain high relia-
bility at reduced costs by using inte-
grated circuits and semiconductor de-
vices.

Transmission Performance
Transmission advantages obtained
from carrier derived circuits include
signal consistency and stability. The
quality of a carrier signal is almost
identical at any cable length. In ad-

734

dition, net losses can be carefully
controlled, and environmental con-
ditions will have little effect on the
stability of the circuits.

Long physical circuits (approxi-
mately 8 - 10 miles) contribute to
increased noise, delay distortion, and
degraded frequency response. These
are major considerations especially
when data is being transmitted. These
parameters are degraded with increas-
ing cable length. Using carrier, long
loop transmission performance is sig-
nificantly improved.

With station carrier systems such as
Lenkurt’s 82A, all carrier frequency
signals leaving the central office are
fixed at the same level. In the indivi-
dual subscriber terminal, the received
carrier level is regulated and the voice
frequency is then detected. The carrier
signal from the subscriber back to the
central office is automatically pre-
adjusted to compensate for cable loss.
Channel signal levels within a carrier



system will be different because each
channel is a different frequency and
line loss varies with frequency. How-
ever, the level of a particular channel
frequency in one system will be the
same as the level of the same channel
frequency in another system operating
over cable pairs within a common
cable sheath.

This automatic regulation reduces
far-end crosstalk between systems by
maintaining similar levels for all sys-
tems within the cable sheath, regard-
less of channel terminal location.

The automatic signal regulation
eliminates the need for manual level
adjustment and also makes it possible
to install and maintain the equipment

by personnel not familiar with elec-
tronic circuits.

Installation

Carrier systems can be added to
almost any type physical circuit —
open wire, cable (aerial and buried), or
a combination of open wire and cable
— to increase the number of circuits
available for voice and data transmis-
sion, or to reach out distances where
transmission limitations prevent the
use of voice frequency circuits.

Once preliminary engineering is
completed and a cable has been spec-
ified, carrier installation with systems
such as Lenkurt’s 82A and 83A is

routine and much faster than installa-

Figure 3. The subscriber terminal, shown here pole mounted, may be placed at
any point along the cable.
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Figure 4. Operations at the Charlotte Speedway in North Carolina, were able to
start on time, with the necessary additional telephone service provided by
Lenkurt’s 82 A Station Carrier system.

tion of additional cable. Carrier equip-
ment is installed at the same time as
the home instrument, and can be
placed at any point along the cable.
No field adjustments are needed. The
subscriber terminals and repeaters —
identical in appearance — are designed
for pole, crossarm, strand, or pedestal
mounting (Figure 3).

Flexibility

Carrier equipment is readily avail-
able making it practical to work ex-
isting cables to a 100 percent voice
frequency fill, instead of the 80 to 90
percent usually specified. Carrier
equipment can be drawn from stoek,
orinventory, and installed as quickly as
any non-carrier circuit — even when

cable pairs are available. This is an
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important feature which is sometimes
overlooked.

If carrier equipment is installed and
the anticipated growth is not realized,
the unnecessary carrier equipment can
be removed and returned to stock with
relative ease.

Short haul carrier equipment is
practical for long term use in instances
where the alternative is a long cable
with a small circuit capacity.

If, however, carriex equipment is
used as an interim measure to defer
new cable provisions, carrier advan-
tages are improved and shorter routes
or larger growth rates are warranted.
The degree of use which can be justi-
fied depends on the installed cost of a
new cable in particular localities and
on the expected return on investment.



After the addition of a new cable,
station carrier systems used as a tem-
porary means of providing additional
circuits can be moved to a new loca-
tion. There is a definite advantage in
not having to rely on precise cable
section forecasting. Instead, it is quite
sufficient to use general circuit re-
quirement forecasting for an area. Car-
rier equipment can be moved to meet
changing demands; but, cable once
laid, is fixed.

Economy

In a typical exercise to determine
cable size for a new facility, the area’s
expected five year circuit requirements
are reviewed, and possibly revised to
reflect the personal experience of local
engineers. Based on the results, a cable
size is selected. Since cable is supplied
in standard numbers of pairs, the usual
practice is to choose the next larger
size cable to ensure adequate facilities.
This method will sometimes result in
specifying cable with as many as 50
percent more pairs than are actually
necessary. This overspecification can
be costly when great distances are
involved.

Using carrier systems in planning
for maximum future requirements, the
plant engineer realistically sizes his
new cable to the nearest number of
pairs instead of the next larger size.
Extra circuits can be added with car-
rier equipment as required — reducing
both initial and annual costs.

Practical Solution

When the Charlotte Motor Speed-
way in North Carolina, moved its
administrative headquarters from
downtown Charlotte to the race track
near Harrisburg, N.C., it needed five
additional circuits at the track im-
mediately.

To install more cable facilities be-
tween the Speedway and the Concord
Telephone’s central office eight miles
away would have been a time consum-
ing project. Besides, a cable installa-
tion to provide five more circuits
would be economically unsound.

In response to the problem, Con-
cord Telephone turned to Lenkurt’s
82A Station Carrier system. The 82A,
designed to expand the capacity of a
single subscriber cable pair to six
private lines, proved to be an ideal
solution.

The 82A, an extremely adaptable
system, required no inodification to
the existing central office equipment
or telephone subsets (Figure 4). All
power for the repeaters and subscriber
equipment was received from the cen-
tral office supply, and no batteries
were required for subscriber terminal
or repeater operation.

A few days before the World 600
race, the Charlotte Motor Speedway
officials requested an additional tele-
type circuit. Using 82A, another cir-
cuit was quickly and easily provided.

Even Greater Capacity

Subscriber carrier transmission can
be an economical alternative to cable
when the annual circuit requirements
are small or where the circuit length is
quite long. If future requirements are
uncertain, carrier provides interim re-
lief, allowing time to gather reliable
data before making a major cable
addition. Carrier systems are also being
used where new cable additions would
provide a great many extra pairs that
would lie idle for several years.

Until such time as an even greater
density, lower cost transmission sys-
tem becomes practical, carrier will
continue to replace cable transmission
on shorter and shorter loops.
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The techniques of modulaticn and frequescy division mul-
tiplexing play an important role in the transmission of tele-
graph messages over voice-frequency channels. This is espe-
cinlly significant in view of the present need for more and more
channels in which to handle the increasing amount of business.
information now being transmitted over telephone networks.

This article reviews briefly the techniques used to convert
telegraph pulses to voice-frequency tones and describes several
direct-current telegraph loops in common use. Also, the voice
channe! loading effect of multiplexed te[egra rh sigrals is dis-
cussed.
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. I ‘elegraph systems provide a means
of transmitting information using

electrical pulses which conform to a
preestablished code. In earlier days, tel-
egraph messages were transmitted by
hand-operated £eys using the familiar
Morse code. Modern telegraph systems,
however, use electromechanical ma-
chines, called teleprinters, page print-
ers, or tape printers, that employ some
type of machine code.

Conventional telegraph machines use
the standard 5-level Baudot code and
normally operate at transmission speeds
of 60, 75, and 100 words per minute,
at pulse rates of 45, 57, and 75 bits per
second, respectively, A new 7-bit code
called ASCII (American Standard Code
for Information Interchange) was re-
cently developed and is expected to find
wide application in data processing sys-
tems as well as for message processing.
Telegraph systems currently using the
new ASCII code have added an eighth
bit to provide a parity check, thus mak-
ing it an 8-level code. The new 4-row
keyboard teleprinters designed to han-
dle the new code operate at a transmis-
sion speed of 100 words per minute
with a pulse rate of 110 bits per second.
These various telegraph machines pro-
vide a printed copy of the message or
a punched tape which is then used to
operate a printer.

Telegraph machine signals consist of
a sequence of current and no-current
pulses of equal length, known as mark
and space, respectively. Using the 5-
level Baudot code, for example, the
letter A is indicated by a signal of mark-
mark-space-space-space. Before these dc
telegraph signals can be transmitted
over standard voice frequency commu-
nication channels, they must be con-
verted to ac tones. There are two basic
methods used to convert the dc loop
pulses to tones suitable for transmission

COPYRIGHT © 1988 LENKURT ELECTRIC CO., INC,

over a voice-frequency multiplex chan-
nel. These are amplitude modulation,
and frequency modulation.

Inboth AM and FM telegraph multi-
plex systems, a tone oscillator, in each
transmitting channel, is used to provide
the necessary voice-frequency carrier,
Frequency division is the type of multi-
plexing ordinarily used and so the car-
rier frequency in each channel is differ-
ent.

Amplitude Modulation

Amplitude modulation methods are
historically related to direct-current
telegraphy. In dc telegraph, a battery
or other source of direct current is keyed
on and off. At the receiving end, the
signals are detected by some sort of
magnetic device. In AM, the process is
similar except that a tone oscillator is
keyed on or off to indicate mark and
space conditions and, for this reason, is
sometimes referred to as on-off modula-
tion,

This method has several disadvan-
tages. It does not use bandwidth efh-
ciently, since two sidebands of the
carrier are produced and, unlike single-
sideband voice communications meth-
ods, the carrier and one sideband cannot
be completely eliminated and still do a
satisfactory job.

Sidebands are produced when the
modulating wave causes the carrier to
change from one value or state to an-
other. In voice communications, the
modulating waveform is continuous,
thus causing modulation products (side-
bands) to be formed continuously. If
the carrier and one sideband are elim-
inated, the other sideband remains to
convey the modulating intelligence.

In telegraphy, where on-off pulses
are the modulating signal, modulation
products are formed only during the
transition from “on" to “off,” and from
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Figure 1.

Examples of the 5-level Baudot code for the letters A, H, R, and Y,

including pulse lengths for the three standard telegraph speeds. Mark pulses are
shown in color while space pulses are shown in white.

“off* to “on.” These modulation prod-
ucts are transients whose bandwidth is
a function of the keying or switching
rate. Except when a pulse is started
or ended, no moduiation products can
appear in the transmission path. Thus,
it would be impossible to continuously
transmit a steady mark or space.

The information-carrying character-
istic of an AM signal is its amplitude.
For this reason, AM is particularly vul-
nerable to impulse noise and changes
in transmission level. Impulse noise is
particularly disturbing. Noise pulses
caused by electrical storms, switching

transients, and similar disturbances, may
equal or exceed the information pulses
in amplitude and duration. Under se-
vere conditions, impulse noise may
completely obliterate an AM informa-
tion pulse.

Frequency Modulation

In FM systems, the carrier frequency
is shifted in one direction for a mark
condition and the opposite direction for
a space condition. A diode keyer in the
tuned circuit of the tone oscillator
changes the circuit resonance so as to
shift the tone back and forth between
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the two frequencies. Such frequency
shifting does not occur instantaneously,
however. The inherent resonance of the
tuned circuit causes the resulting wave-
form to change smoothly from one fre-
quency to the other. The amount of
shift is the same for both directions and
varies from about =30 to 42.5 Hz de-
pending upon the operating speed of
the telegraph equipment. This type of
modulation is also referred to as fre-
quency-shift keying (FSK).

Since the mark and space signals are
represented by different frequencies of
equal strength, amplitude variations
have no effect on the signal unless the
signal has the same or less amplitude
than the noise. This contrasts strongly
with amplitude modulation where a
mark is represented by the presence of
the carrier and a space is represented by
the absence of the carrier. Level changes
due to fading, noise, and other interfer-
ence have a strong effect on AM signals.
FM systems can tolerate level changes
of about 40 to 50 dB, and are about 12
dB less sensitive to impulse noise than
AM systems.

Bandwidth

The bandwidth required for a voice
frequency multiplex telegraph channel
depends on such things as the code
pulse rate, noise, filter attenuation to
adjacent channels, and whether or not
both sidebands ate transmitted (AM
systems). A bandwidth of 120 Hz is
usually satisfactory for 5-level code tele-
graph signals at speeds up to 100 words
per minute for both FM and double-
sideband AM systems. The usual band-
width for 8-level coded telegraph sig-
nals 1s 170 Hz.

Since the required bandwidth is
much smaller than that required for
speech signals, a normal 3-kHz voice
band can be divided by frequency divi-
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sion multiplexing into sub-bands or
channels each capable of transmitting
a telegraph signal. Approximately 18
channels can be obtained with 170 Hz
spacing, while up to 26 channels can
be obtained with 120 Hz spacing. This
means that up to 18 or 26 voice-fre-
quency multiplexed telegraph signals
can be transmitted simultaneously over
a single voice channel.

Telegraph Loops

The circuit between the telegraph
machine and the multiplex terminal is
called a loop circuit. Each telegraph
loop is made up of two legs which are
the conductors (full metallic or ground
return) between the terminal points of
the loop. In half-duplex operation, the
same loop is used for sending and re-
ceiving. However, full-duplex opera-
tion, which permits simultaneous trans-
mission in both directions, requires
both a sending and a receiving loop.

Because of differences in applications
and because of the variations in lengths,
any one of a number of circuit arrange-
ments may be employed in telegraph
loops.

Neutral Loops

One of the simplest and most direct
circuit arrangements is the reutral or
open-and-close loop, illustrated in Fig-
ure 4(A). The neutral loop requires a
battery only at the central office, and the
difference between mark and space is
determined by whether or not current
is flowing in the loop.

When the printer is sending, closing
of the printer contacts closes the loop
circuit and the current flowing in the
loop applies a potential to the multi-
plex-channel keying circuit. In the re-
ceiving direction, the carrier frequencies
are applied to a discriminator. In the
discriminator, the two frequencies that
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are used to transmit the marking and
spacing conditions are separated and
are rectified to obtain dc for operation
of the polar receiving relay. The con-
tacts of this relay open or close the re-
ceiving neutral loop to reproduce the
transmitted character at the receiving
printer.

\

Balanced Loop
While neutral loops offer the advan-
tage of simplicity, they are restricted
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Figure 2. As many
as 26 telegraph chan-
nels can be applied
to a single telephone
channel in a typical
v-f multiplex system.

to the shorter loops in which either
leakage or the distributed capacity of
the path does not severely affect the
signal. To reduce these problems a bal-
anced loop (also called effective polar
loop) may be used. An example is
shown in Figure 4(B).

A balanced loop is similar to a neu-
tral loop in that the difference between
mark and space is determined by wheth-
er or not current flows in the loop.
However, the balanced loop differs
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Figure 3. Simplified schematic diagram of telegraph multiplex terminal oper-
ating into a half-duplex neutral loop.

from the neutral loop in that a battery
potential is applied at the printer loca-
tion as well as at the central office. The
printer battery, in conjunction with the
battery potential applied to the marking
contact, applies a higher potential to
the loop. The increased potential im-
proves the rise time of the marking
pulse which tends to increase the length
of the pulse. In addition, the increase
in potential permits operation over
longer loops.

When a spacing signal is received,
application of equal potentials to both
ends of the loop discharges the line
more rapidly than simply opening the
loop, resulting in an improvement of
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the pulse shape. Adjustments can be
made in battery potentials to eliminate
bias in the loop as required for chang-
ing conditions in the loop.

Polar Loop

The most effective transmission
method commonly employed is called
polar operation. In this case equal cur-
rents of opposite polarity are used for
the marking and spacing conditions. In
addition to the two voltages, this meth-
od requires the use of a polar relay
in which the direction of current flow
in 2 winding causes the relay to oper-
ate to either the marking or spacing
position. Since printers normally oper-
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ate only from on and off signals, a relay
is usually required at the printer loca-
tion. An example of a polar loop is
shown in Figure 4(C). Where battery
potentials are the same, the loop char-
acteristics do not change between the
sending of a mark or space signal, and
if the relay is properly adjusted, the
mark and space signals are equal and
no bias is obtained.

However, because of the requirement
for two batteries, the method is not-
mally only used in transmission from
the office to the subscriber, and either
neutral or effective polar transmission
is used in transmitting from the sub-
scriber to the office.

Break Feature

In a half-duplex loop it is sometimes
necessary for the operator at the receiv-
ing printer to interrupt the sending
printer. This requirement led to the use
of an additional relay in the telegraph
loop, called the break relay, arranged
to accomplish this purpose. The receiv-
ing operator may interrupt by opening
his loop.

When the receiving loop is opened
(effective spacing condition) signals
received from the distant terminal are
applied to the local-terminal keying
circuit, but are inverted. The combina-
tion of the retransmitted signals with
the original signal causes a continuous
spacing signal condition at the sending
terminal. When this occurs, the sending
operator knows that the receiving op-
erator wishes to interrupt.

Hub Operation

In some telegraph applications, it is
occasionally desirable to connect a
number of telegraph circuits together
in such a way that telegraph signals
originating in one circuit are trans-
mitted to all other interconnecting cir-
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cuits. A method of doing this is through
a hub board. In this arrangement the
dc sides of the multiplex channels are
connected together on a high impe-
dance basis. Thus, only a small amount
of current is required.

Battery potentials of =130 volts are
required in the hub equipment unit.
The hub is supplied with a 4130 volt
potential through the hub potentiom-
eter. The hub circuitry is such that in
the normal marking condition the hub
voltage is 4 60 volts.

The changes in current that result
from one circuit sending a space signal
into the hub changes the hub potential
from 460 volts for marking to —30
volts for spacing. When applied to the
sending portion of the remaining chan-
nels, these potentials effect simultane-
ous transmission of the desired signal
condition. Three telegraph circuits are
interconnected in the simplified dia-
gram of a hub shown in Figure 5. Each
circuit is connected to a multiplex chan-
nel through a hub-equipment unit.

Hubs may be operated either half or
full duplex as with normal telegraph
loops. Like the normal telegraph loop,
it is sometimes necessary on half-duplex
hubs for a receiving operator to break
in.

Interruption is accomplished as in
the normal loop by a receiving operator
sending a spacing signal into the hub.
The circuit is arranged so that the hub
potential drops to —60 volts when two
or more machines are sending spacing
signals into the hub. This low potential
causes all machines to go to spacing,
including the original sending machine,
and the sending operator then knows
that someone wants to interrupt.

Channel Loading
When transmitting several telegraph
tones over a voice frequency channel of



a multiplex system, great care must be For this reason, a standard signal
exercised in establishing the levels at  level is usually specified for voice fre-
which the signals are applied. Multi-  quency telegraph signals transmitted

plex telegraph signals have greater av- over multiplex voice channels. This
erage power than voice signals. If the  level is conservative, and is based on
power handling capability of the multi-  the loading effect produced by the max-
plex system amplifiers is exceeded, in-  imum number of telegraph channels
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Figure6. Theoretical
maximum transmis-
sion levels for various
numbers of telegraph
tones transmitted
over a multiplex
voice channel.

PER CHANNEL TELEGRAPH LEVEL—
DB RELATIVE TO TEST TONE RMS LEVEL
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this level is high enough to provide
good service over a voice frequency
multiplex channel.

However, in applications where the
maximum telegraph channel capacity
is not used, it may be desirable to in-
crease the level of each telegraph tone
in order to improve the signal-to-noise
ratio. Thie increased level is a function
of the number of telegraph tones to be
transmitted.

In calculating the loading effect, peak
power must be used, since distortion
will occur if the peak power exceeds
the load handling capacity of the multi-
plex equipment. When telegraph sig-
nals are applied to a single voice fre-
quency channel of a multiplex system,
the permissible peak power is normally
+ 3 dBm at the zero transmission level
point. This value is assumed in the fol-
lowing discussion.

For a single telegraph channel, the
calculation of peak power is straight-
forward. A sine wave is normally as-
sumed. Peak voltage of a sine wave is
1.4 times the rms value of the wave, or
3 dB greater in power than the rms
power value, When only one telegraph
channel is involved, the level of the
telegraph tone may be equal to the level

4
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of the normal test tone, since both sig-
nals are sine waves.

As the number of telegraph channels
increases, the peak power that the com-
posite waveform may reach also in-
creases. Since there is a possibility that
this value can become quite high for a
large number of tones, a peak factor is
used. This peak factor is based on the
statistical probability that the peak pow-
er of a complex wave will almost never
add up in such a way as to exceed the
sum of the rms value of the wave and
the peak factor. For a single tone, the
peak factor is 3 dB. Peak factor in-
creases as the number of channels is
increased, reaching 2 maximum of 13
dB for approximately 20 channels.

As an example, assume that ten tele-
graph channels are to be applied to
voice frequency multiplex channel nor-
mally adjusted to 2 — 16 dBm test tone
level. In this example, peak power
should not exceed —13 dBm. Each tel-
egraph channel transmitting level must
be lower than —13 dBm by the sum
of the combined power of the ten tones
(rms power addition) and the peak
factor.

First, the combined tone level is cal-
culated by taking ten times the loga-
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rithm of the number of channels (10
log 10 = 10 dB). Adding a 12-dB
peak factor to this 10-dB level gives a
peak value 22 dB above a single chan-
nel peak. The per<hannel transmitting
power is then obtained by subtracting
the 22-dB peak level from the maxi-
mum permissible level (—13 dBm
minus 22 dB = —35 dBm). Similar
calculations may be made for different
numbers of telegraph channels. Figure
6 shows how the telegraph tone levels
must be reduced as the number of chan-
nels increases. It is important to note
that these calculations yield theoretical
maximum levels for telegraph tones
and pertain to the loading of a single
voice channel in a multiplex system.

Conclusion

The transmission facilities provided
by telephone communications systems
constitute a vast network which is ca-
pable of interconnecting locations al-
most anywhere in the world. Although
these facilities are made up in many

forms and have different types of trans-
mission media, they do have one very
important thing in common — the
standard voice frequency channel,
which has a useful bandwidth of about
3 kHz.

While this vast network of multi-
plexed telephone channels was designed
primarily to handle speech signals, the
circuits can be used to transmit other
forms of information such as telegraph.
The techniques of modulation and mul-
tiplexing provide a practical means of
converting the dc telegraph signals to
ac tones suitable for transmission over
telephone circuits.

Through the use of frequency divi-
sion multiplexing, as many as 26 nar-
row-band voice frequency telegraph
channels can be derived within a single
3 kHz telephone channel.

Such efficient use of a single tele-
phone channel is a tremendous asset in
view of the present growth of machine
communication to process business in-
formation.
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he modern telephone system

provides a pleasant and func-
tional means of communication over
literally any distance. But for the
service to be efficient and convenient,
a number of functions beyond just the
conveyance of the voice must be per-
formed.

By dialing ten digits, most sub-
scribers in the United States can call
any other telephone in the country.
Soon direct dialing all over the world
will be possible.

But before the caller gets his party,
the telephone system must somehow
alert the called party. This important
information, called ringing, begins
when the connection is made and
remains until the called party answers
or until the calling party hangs up.

The first telephones had no signal-
ing device at all, and the lines between
a number of phones were simply con-
nected together. There was no central
office or switching equipment, and
service was strictly local.

Hallo!
To attract attention the caller
shouted into the mouthpiece. One of
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Multiparty service through ringing.

exhortations was
“Hallo!”, originally an exclamation to
incite hunting dogs. With much usage,
it became ‘“Hello!”, and one of the
words contributed to our language by
the telephone industry.

Callers soon learned to strike the
mouthpiece diaphragm with a pencil
to arouse attention. But this caused
the diaphragm to become damaged,
and a hammer-like device was designed
to perform the same function.

A buzzer was added later, but its
offensive sound was not popular with
customers. This brought forth the
two-gong bell, which still exists today
as the most common form of signaling
or ringing.

At first none of these signaling
methods proved to be practical, main-
lv because they did not selectively
identify the called party. Any number
of parties could answer the phone or
even listen in.

But along came “Central’”’, a man-
ual switchboard which helped the
problem. This method of terminating
lines at jacks and interconnecting them
with patch cords still finds use in
many small telephone companies.

the common



Courtesy Astomatic Electric Co.

Figure 1. Strowger’s Automatic Switch, patented in 1891, provided automatic
party selection without the aid of an operator. This first model had two ratchet
wheels. The smaller wheel selected the tens numbers, and the larger, the ones, to
give a total of 100 combinations or 100 lines.

The magneto phone introduced
about the same time fit well into the
scheme and provided aceeptable ser-

vice even wlhen the transmission path
was a system of barbed wire fence. To
make a call, the customer would crank
the magneto to release a flag at the
central office. When the operator an-
swered, the customer would ask for
the desired number — or in most cases,

just the name of a neighbor down the
road. The operator then patched the
lines together, signaled the called
party, and announced to hoth to “‘go
ahead”.

Strowger Switch

To Almon B. Strowger, a Kansas
City undertaker, this intervention was
suspect, for he was losing valuable




business through the partiality of an
operator. Because the operator was
diverting calls to a competitor, he
reacted by inventing the first auto-
matic switch. The Strowger Automatic
System was publicized as the “girl-less,
cuss-less, out-of-order-less, wait-less
telephone™.

It accomplished automatic party
selection by means of an electro-
mechanical pawl-and-ratchet mecha-

nism that moved a wiper over a bank
of contacts, each connected to a dif-
ferent tclephone (Figure 1). The
calling telephone was permanently
attached to the wiper, and by sending
the proper number of pulses, the caller
automatically guided the wiper to the
correct contact, and as a result, the
desired phone.

At first, pushbuttons were used for
“dialing”, but were followed by the

Courtesy Automatic Electric Co.

Figure 2. Typical two-gong, straight-line ringer pictured above is used on
single-party lines where there is no need to distinguish between one ringing
frequency and another.
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rotary finger-wheel dial similar to
those used today.

As the number of customers in-
creased, party-line service was estab-
lished with many phones sharing the
same pair of wires. Now even more
selectivity was required to satisfy cus-
tomer needs. This was done by devel-
oping methods of identifying each
customer by ringing.

In the beginning special codes were
established in conjunction with the
number of cranks of a magneto. But
this did not provide full selectivity.
Two or more phones would ring, and
each customer would recognize the
code assigned to him before answering
his phone.

Later, more sophisticated methods
provided fully selective signaling for
each customer, and the job of ringing
was transferred to a specialized section
of the central office. Of the several
different schemes developed through
the years, only a few are still in general
use.

The Ringing Circuit

All schemes share the same tele-
phone ringing circuit, which is made
up of a ringing generator and inter-
rupter, a connector, and the custom-
er’s station ringing device. Their pur-
pose is to direct a ringing signal to a
desired party and to alert the party
that he is being called.

The ringing voltage is either ac or a
composite of ac and dc. The ac is
supplied by the ringing generator, and
the dc by the office battery. Types of
generators include vibrating-reed, ro-
tary, static-magnetic (sub-cycle), and
electronic tube or transistor. Each
fulfills a specific purpose in a central

office depending on its frequency and
capacity.

The first system rang the custom-
er’s bell continuously. But this was
found to be irritating, and the inter-
rupter was added. The interrupter is a
mechanical device consisting of rota-
ting cams whose peripheral lengths
control the on/off timing of the
ringing cycle. The standard interrupter
ringing cycle for single-party service is
6 seconds — a 1.2-second ring followed
by a 4.8-second period of silence. To
equalize the load capacity of the ring-
ing generator, the interrupler consists
of five ringing groups sequentially con-
nected to the generator for 1.2
seconds, or a total of 6 seconds.

In most exchanges ringing equip-
ment is part of the station signaling
rack. It usually operates continuously
except in some small offices where the
unit is on only when a call is made.

In response to digit dialing infor-
mation, the central office connector or
equivalent circuit used to complete a
call checks whether the called line is
idle. If so, a ringing voltage is applied
to the called telephone. Simulta-
neously, a ring-back tone with the
same on/off cycle as the distant end
ringing lets the caller know that the
phone is being rung. If the line is in
use, a busy tone is sent back to the
caller. Both the ring-back and busy
tones are merely a subjective means to
give the caller full control over the
telephone connection.

Ringing current to the customer’s
phone uses the same physical wire pair
or carrier-derived circuit as used for
voice transmission. Some of the earlier
systems, however, used a separate
third wire for ringing only.

755



Figure 3. The connection for the bridged ringer is across the tip and ring

transmission pair.

In order to signal a called party it is
necessary to provide a ringing device at
the customer’s premises. It normally
consiets of a two-gong mechanical
ringer.

The common two-gong mechanieal
ringer (Figure 2) is variously referred
to as a polarized, biased, or straight-line
ringer. All are the same device. Func-
tioning parts include a two-coil elec-
tromagnet, an armature supporting a
bell clapper, a bias spring, and two
gongs. The armature is held to one side
by spring tension to prevent bell tap-
ping during dialing or accidental
jarring.

One polarity of ac current causes
the clapper to oppose the bias spring
and strike one gong. The opposite
polarity aids the clapper in returning
to the other gong in the same direction
as the spring.

In series with the ringer is a capaci-
tor to prevent flow of direct current
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through the ringer coils. The capacitor
coupled with ringer inductance reso-
nates at about the ringing frequency
(nominally 16-2/3 to 66-2/3 Hz) to
increase ac current through the ringer
coils and, thus, improve efficiency.

Ringer Connections

In general use are two types of
connections for the ringer: bridged
and divided. The bridged connection
(Figure 3) has the ringer across the tip
and ring transmission pair.

Divided ringing (Figure 4), also
known as ground return ringing, uses
either the tip or ring wire to ground.
With one ringer connected tip to
ground, and another connected ring to
ground, two-party service in its
simplest form is provided. The number
of stations which may be served by
divided ringing is double that for
bridged ringing. And only one ringing
frequency (usually 20 Hz) is needed to
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provide full-selective service to two
customers over the same loop.

For multiparty service to four or
more customers, there are a number of
ringing schemes. Among the standard
techniques are frequency selective,
superimposed and coded. Frequency
selective is commonly found in In-
dependent telephone systems, whereas
superimposed (or biased) ringing is
used by the Bell System. Coded
ringing, the simplest of all three, is
employed by both.

Frequency Selective

Frequency selective, also called
multifrequency ringing, makes use of
five different frequencies to provide
five-party service with a bridged con-
nection, or ten-party service with a
divided connection (Figure 5). Single-
party and up to four-party frequency
selective service almost always uses the
bridged ringer connection.

Each station set is equipped with a
mechanically tuned ringer whose reeds
respond to a particular frequency. The
three most common sets or groups of
frequencies applied at the central
office are decimonic, harmonic, and
synchromonic (or anharmonic).

Decimonic frequencies are 20 He,
30 Hz, 40 Hz, 50 Hz, and 60 Hz
(multiples of 10 Hz). Harmonic fre-
quencies are multiples of 8-1/3 Hz:
16-2/3 Hz, 25 Hz, 33-1/3 Hz, 50 Hz,
and 66-2/3 Hz. Non-multiple, synchro-
monic frequencies are 20 Hz, 30 Hz,
42 Hz, 54 Hz, and 66 Hz,

Decimonic and harmonic fre-
quencies simplify the design of the
ringing generator. However, *‘cross-
ring” problems are sometimes en-
countered. For example, a 16-2/3-Hz
ringing signal rich in third harmonics
could give a weak ring or tinkle on a
50-Hz ringer. Additionally, power line
interference could cause cross ringing

Figure 4. Divided ringing connects the ringer between either the tip or ring wire
and ground.
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Figure 5. For ten-party frequency-selective service two sets of frequencies, either
decimonic, harmonic or synchromonic, are used with divided ringer connections.

with the 60-Hz ringer of the decimonic
frequency set.

Frequency selective ringing offers
the greatest amount of fully-selective
customer signaling. However, it does
have one shortcoming — this is the
requirement for five ringing generator
frequencies and five station ringers.

Superimposed

Superimposed ringing uses both
direct and alternating current to pro-
vide fully selective two-party bridged
ringing or four-party divided ringing
(Figure 6). The bridged connection is
not generally used, however.

With superimposed ringing two sets
of dc potentials of opposite polarities
(+ 38 to + 48 Vdc) are applied to
the tip and ring conductors for station
selection. Telephones respond to only
one of the two polarities.

Unlike frequency selective ringers,
all superimposed telephone ringers are
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the same, but in series they have a
three- or four-element, cold-cathode,
gas-filled rectifier tube rather than the
usual capacitor. For station selection
the gas tubes are polarized for a
particular polarity of ringing potential.
The gas tube will pass the signal only if
the 20-Hz ringing is superimposed on
the proper dc voltage.

Superimposed ringing requires only
a single-frequency ringing generator,
which is a distinct advantage over
frequency selective. However, it can
only supply selective signaling to four
customers.

Coded

Another form of multiparty sig-
naling is coded ringing. It is nonselec-
tive since two or more phones on a
party line are rung at the same time.
Party identification is based on the
number and duration of rings. Five
ringing codes have been established



consisting of combinations of shorts
and longs.

Coded ringing requires only a single
frequency ringing generator with the
interrupter providing the codes. It can
supply five-party service with the
bridged ringer connection or ten-party
service with the divided ringer connec-
tion. Combined with either frequency
selective or superimposed schemes, it
can provide semiselective service for
up to ten parties.

Table A compares the different ring-
ing schemes in general use, standard
ringer connections for these schemes,
the number of stations per line, and
selectivity.

Revertive Ringing

Party lines do impose some special
considerations when one customer de-
sires to call another customer on the

same line. A customer cannot make a
call in the normal manner because
once the call is initiated, the line is
made busy. The term reverting call
describes such a call on a party line,
and there are several methods of rever-
tive ringing depending on the ringer
connection, ringing scheme, and num-
ber of parties on the line.

Two of the more common types are
simultancous revertive and alternate
revertive ringing. Simultaneous rever-
tive is normally used for coded ringing
systems with either the bridged or
divided ringer connection. The central
office applies the called party’s ringing
code to the line and all ringers re-
spond. When the called party answers
his code, the ringing stops, and the
calling party then picks up his receiver.

Alternate revertive finds use in
bridged and divided frequency selec-

Figure 6. Four-party superimposed ringing uses a gas tube in series with each
ringer, and a divided connection for the ringers. Each gas tube conducts the
ringing current only if the applied superimposed dc voltage is of the correct
polarity.
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Table A.
Ringing schemes in general use.

tive and superimposed ringing
schemes. With this method the central
office alternately applies ringing to the
called party, then the calling party,
etc. When the called party answers, the
ringing stops.

TPL and TPS

For party-line systems, the central
office linefinder is common to all
circuits, but the connector has the
option of being arranged on a termi-
nal-per-line (TPL) basis or on a termi-
nal-per-station {TPS) bhasis.
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The TPL arrangement has one set
of terminals for each party line. A
final digit of the directory number
identifies each party on the line.

The TPS arvangement, on the other
hand, uses a separate set of terminals
for each station on the party line, with
unrelated directory numbers assigned
ta each customer. Generally used in
expanding localities, it makes the most
efficient use of office name codes and
aids in providing full intercepting ser-
vice. Also with TPS. a customer may
be changed to a different transmission
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pair or moved from one party line to
another without changing directory
numbers.

Ringing on Carrier Systems

With all the combinations of ringer
connections and schemes to signal
customers on a party line, il is imper-
ative that subscriber carrier systems
such as Lenkurt’s 82A, 83A, TFM and
XU systems, accurately reproduce cen-
tral office ringing. But with carrier
systems, it is nol possible to actually
send the ringing frequency, the correct
polarity, and separate the bridged or
divided connection without special cir-
cuitry. And this circuitry must adhere
to industry standards of reliability and
ease of maintenance. Therefore, it
must be straightforward and simple.

For example, the six-channel 82A
Station Carrier System responds to
ringing from the central office by
turning the carrier on and off at the
ringing frequency rate. A transistor
switch at the subscriber unit detects
the change in the carrier and applies
about 80 Vac to the customer’s ringer.

The ringing frequency applied to
the 83A Single Channel Station Carrier
System FM modulates the system’s

04-kllz carrier. At the customer’s
station the signal is demodulated and
applied as an accurate ringing signal.

Lenkurt’s TFM Carrier System, like
the 82A, turns the carrier on and off
at the ringing frequency rate. Two
in-band frequencies identify positive
or negative superimposed ringing, and
whether it is applied to the tip or ring
wire.

The XU system operates similarly
to the TFM but uses a 4-kHz out-of-
band tone. All provide the widest
flexibility without the need to make
any changes to existing central office

equipment.
Destiny

Specialized ringing schemes have
provided important benefits by

making possible the expansion of our
nationwide telephone network and by
aiding communications in general. The
industry objective of one hundred
percent single-party service in the next
ten to fifteen years should eliminate
the need for all of these special ringing
schemes. The associated equipment
will then perhaps become museum
pieces along with the old magneto
telephones and switchboards.

*
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Military communications must operate within
unique requirements — including data loading
different than CCIR and CCITT.

he impact of data and other

forms of digital transmission
on the modern communications sys-
tem is increasing steadily. The demand
for data circuits is, in fact, growing at
a greater rate than for voice channels
— especially in the military. This tug-
of-war between data and voice has for
the moment produced an interesting
but solvable problem for the military
system designer.

In the military communication net-
works, such as AUTOSEVOCOM,
AUTODIN, and AUTOVON, where
the signals are composed largely of
digital forms, the problem becomes
more complex for the system and
design engineer. The critical point re-
volves around the FDM multiplexing/
FM radio equipment, originally engi-
neered for analog voice, but now
called on to carry a higher percentage
of digital signals at higher levels than
originally designed. Because of this, a
great deal of attention is being focused
on the interrelation of data levels,
loading, and noise performance in
multichannel systems, especially those
using microwave radio relay.

Loading

Loading, or load capacity, of a
communications system may be de-
fined as the volume of traffic that can
be handled without exceeding the cal-
culated distortion or noise originally
designed into each link of the net-
work. The actual physical makeup of
the individual parts of a system deter-

764

COPYRIGHT © 1988 LENKURT ELECTRICCO. INC. @ VOL.17,NO. 7

mines the maximum load which the
end-to-end system can handle. Load
capacity, in terms of voice traffic, is
traditionally (and realistically) mea-
sured on the basis of the probable load
at the time of heaviest traffic — hence,
the telephone term, busy hour.
Multichannel systems were typi-
cally designed to carry a specified
number of voice channels during the
busy hour, and at a load value derived
from statistical evaluations. Loading
has, in the past, been based on the
equivalent load for a given number of
voice channels. The formulas give the
level of white noise that would be
necessary to simulate the loading of a
given number of channels. The equiv-
alent load (P), expressed in dBmO is:

P = —1+4log N (12-240 channels)

P = —15+101log N (more than 240
channels)
where
N is the number of channels.

Systems designed on these formulas
are adequate if they are to carry
only voice, or voice with a small
percentage of data signals at a level
higher than —15 dBmO per channel. At
—15 dBm0, voice and data can be
mixed indiscriminately with no limita-
tions.

The statistical properties of groups
of tones used for data transmission are
essentially identical to those of voice
when the numbers are large. This is



illustrated in Figure 1. If data is placed
on the system in such a manner that
the combined power of the data tones
occupying a channel does not exceed
—15 dBm0, the loading on the system
will be essentially the same whether
the channels are used for data or voice.

Unfortunately, —15 dBmO is a
rather low level for data transmission,
especially in military applications. Re-
stricting the data power to this level
seriously affects the signal-to-noise
ratio. It is for this reason that it is
necessary to operate data at consider-
ably higher levels. typically in the
range of —8 dBm0 to —10 dBm0, and
in some instances, as high as —5 dBm0.
It is obvious that these are
considerably higher than the -—15

dBmO average power level in a voice
signal. Common data levels are shown
in Figure 2.

Another factor to consider is that
data is transmitted as a series of tones
and presents a continuous load. Of
specific interest are the levels at which
these tones are presented and the
relationship of the peak power signal
to the power of the voice signal which
it replaces. Consequently, as more and
more channels of a system are shifted
from voice to data, the total signal
power — and, hence, the loading of the
system — will increase.

System Noise
Noise in any form obscures the
signal and causes transmission errors.

Figure 1. The patterns for the two peak factors — peak to rms ratios — of data and
voice are essentially the same when the number of channels is large. However,
restricting data to low levels affects signal-to-noise ratios.
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HIGH SPEED DATA

MEDIUM SPEED DATA

TELEGRAPH SPEED DATA
12 or less

18 or less
24 or less

PHOTOTELEGRAPH (FAX)

—10 dBm0 simplex
~13 dBm0 duplex

~10 dBm0O switched
— 8 dBm0 private line
{— 5 dBmO0 occasionally)

— 8 dBm0 total power

— 8 dBm0 total power

~19.5 dBm0 each (—8.7 dBmO total)
—21.25 dBm0 each (8.7 dBm0 total)
—22.5 dBm0 each (—8.7 dBm0 total)

~10 dBm0 for FM

0 dBm0 absolute
power for DSB—-AM

Figure 2. Commonly used levels for data applied to a voice channel.

Although noise is constantly intro-
duced into the communications chan-
nel from the transmission medium and
the equipment itself, it can be over-
come by suitable design.

Actually, the amount of noise
present is not as important as the
relative strengths of the signel and the
noise — the greater the signal-to-noise
ratio, the better and clearer the trans-
mission.

Within a communication system
there are two basic types of noise: idle
noise and intermodulation noise. Idle
noise, present in the system at all
times despite the absence of modula-
tion, has accumulated a number of
other names, among them are thermal
noise and residual noise. This noise is
basically in the electronics equipment
itself and is of the random or “white
noise” type. Idle noise varies inversely
with receive input level, or signal level,
while intermodulation noise varies
with system loading.
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Intermodulation noise is the result
of nonlinearities in the equipment
through which the signal must pass,
and is a direct result of increasing the
signal load. In an FM microwave radio,
increased operating levels cause in-
creased frequency deviation. More in-
termodulation noise is the result,
although this is an effective method of
decreasing some of the idle noise.
While the highest level possible would
be desirable in increasing the signal-to-
noise ratio, a certain tradeoff must be
made. As intermodulation noise in-
creases, its effect is felt slowly at first.
Then a “break point” is reached and it
increases very rapidly. Near this level
the optimum exists.

If the fixed amount of permissible
deviation is shared by only a few
channels, the signal-to-noise ratio in
each channel will be quite good. As
the number of channels is increased,
intermodulation noise limitations de-
mand that the per-channel frequency
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deviation be reduced, with a conse-
quent increase in idle noise.

For a given system bandwidth,
loading, and RF signal level, the per-
channel deviation can be determined
which will provide the best balance
between idle noise and intermoduation
noise. Beyond this, if the loading is
increased, a different optimum devia-
tion would apply, unless some other
factor is also changed. Figure 3 illus-
trates the compromise necessary.

Effect on Equipment

Many segments of the communica-
tions network are affected by data
loading, each in its own way. In the
“hard wire” portion of the data sys-
tems — the path between the data
modem and the multiplex equipment
— the signal is at voice frequency as it
travels through office cabling, line
extensions and switches. Here, the
signal is often subjected to high
ambient noise levels, particularly the
impulse type of noise which is very
destructive to data though completely
insignificant to voice operation.

There is also a rather strong thresh-
old effect with data. Noise a few dB
below the data determining level (i.e.
mark or space) goes unnoticed. But, as
it reaches this level, the noise will
immediately result in data errors.

Most other noise, including inter-
modulation products in multichannel
systems, is random and affects both
voice and data. However, the effect of
an increase or decrease in this kind of
noise is far more dramatic on data
than on voice. For example, an in-
crease of only 1 dB in the signal-to-
noise ratio provides a theoretical ten-
fold improvement in the data error
rate. But, a 1-dB change is barely
detectible in voice transmission.

To combat this type noise, the
system designer may call for higher
levels to improve the signal-to-noise
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ratio. There is nothing to overload in
the “hard wire” region and crosstalk
into other channels is about the only
limitation on the level used for data.

Within the multiplexing process
there are several stages involved. Chan-
nels are frequency translated to create
groups, then supergroups, and then the
line signal. The multiplex is the point
where sharing of common equipment
first comes into play. It is the vital
stage at which relative values of data
and voice power must be established.

It is important to note that once
the relative values of voice and data
are established at the input to the
multiplex section, they cannot be
changed throughout the rest of the
system.

Voice vs. Data

Actually, the signal-to-noise ratio in
good, modern communications sys-
tems is usually far in excess of what is
needed for reliable voice communica-
tions. The subjective desire of the
customer for added ease and conve-
nience, rather than greater intelligi-
bility, is good cause for commercial
service to be offered with less noise.

In looking at how data loading
affects the communications system,
each segment needs to be treated
separately. One portion is that part of
the transmission system where the
signal is in the baseband form. In-
cluded are the multiplex line equip-
ment, the interconnecting cables, and
the baseband portion of the micro-
wave equipment. In this region the
inputs, output and all intervening
items are dedicated fixed circuitry.
With proper design, no limitations on
the relationship of voice and data are
imposed.

In the hard wire and multiplex
areas there are valid reasons for main-
taining a relatively high data level with
respect to voice. It is in this area that



the bulk of impulse noise exists.
Furthermore, it is not necessary to
incur any technical penalty in these
segments in order to allow data to be
handled at a higher level.

In all of these areas, the data signal
can be kept at relatively high levels,
providing the multiplex equipment is
designed for heavy power loading.

An important segment to be con-
sidered is the microwave radio system,
where some natural limitations of a
kind that do not exist in other parts of
the system come into play. The signal
is transmitted by FM, accomplishing a
bandwidth-for-noise tradeoff. But
while the medium itself does not
impose any severe bandwidth restric-
tion, a finite amount of spectrum is
available — and this can be an obvious
limitation.

The load carrying capabilities of a
particular microwave system are a
complex function of a number of
factors, including system bandwidth,
per channel deviation, RF signal level,
and others.

Most of the complexities arise in
this area, with two conditions pulling
in opposite directions. It is desirable to
keep the FM deviation high so that the
signal level is well above that of idle
noise. This is closely tied with the
need to have adequate signal even
during very deep fades. But, increasing
the deviation causes intermodulation
noise to increase.

Possible Solutions

There are several solutions available
to the systems engineer when adding
sizable percentages of data channels at

Figure 3. Idle noise is reduced in direct proportion to an increase in frequency
deviation. But beyond a certain point peculiar to the equipment, the increasing
intermodulation noise rapidly overcomes and reverses this advantage.
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higher levels. The most obvious is to
remove the equivalent number of voice
channels for each data channel accord-
ing to power load. For example, one
—5 dBm0 data channel would require
the removal of ten voice channels.
While this is surely a workable answer,
it becomes self-defeating — 30 data
channels would use up the entire
capacity of a 300-channel CCIR sys-
tem.

A related and more widely accepted
approach is to sharply limit the per-
centage of data channels and distribute
them through the system so that no
item of common equipment will be
overloaded.

Another possibility is to drop data
levels down nearer the equivalent voice
channel load and juggle the total load-
ing to provide an acceptable level of
performance.

One solution centers on equipment
design rather than operation proce-
dure, and requires a multiplexer and
radio capable of carrying higher load-
ings. This is the approach used in the
AN/UCC—4, developed and manufac-
tured by Lenkurt for the military. It
will accept data levels as high as —5
dBmO on all channels simultaneously.
This capability allows complete free-
dom in assignment of channels that
can be used for data, and almost no
restrictions as to relative voice and
data levels.

Military Loading

The Defense Communications
Agency, realizing the effect of loading
on the Defense Communications

System, recently recommended certain
revisions to the microwave standards

of DCAC 330—175—1. DCA felt these

changes were necessary to provide
improved microwave equipments and
subsystems of the DCS to support the
DCA worldwide wideband wrans-
mission improvement program.

The recommendation for loading as
suggested by DCA is:

P = —1+4log N (12-32 channels)

P = —10+10log N (32-600
channels)

The equivalent noise power for 600
channels under military loading is
+17.8 dBm0. This is considerably
above the recommended CCIR loading
level — in fact, it corresponds more
closely with the CCIR system designed
for 1850 channels. Thus, it is obvious
that the time-accepted CCIR loading
formulas no longer apply to military
systems.

Design Approach

Increasing the loading capability of
the radio to achieve the acceptance of
larger numbers of high level data sig-
nals is possible. This is the approach
taken by Lenkurt in the design of the
75C microwave radio for military ap-
plications. Together with the AN/
UCC—4 multiplexer the 75C offers a
versatile communications package.

The impact of data on communica-
tions — especially on the DCS network
— is forcing a critical look at opera-
tional standards and systems design.
Loading formulas have changed to
more accurately reflect the military
communications environment, and im-
proved transmission systems must
meet today’s needs while matching the
design criteria of the future.
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its uses.

The heart of any communica-
tions system is the transmission
medium over which the information
signals pass. The makeup of the trans-
mission medium places constraints on
the design of the terminal communica-
tions equipment, such as multiplexing
method, channel density and perfor-
mance. These mediums include simple
wire conductors, multipair cable, coax-
ia]l cable and microwave radio. Each
medium has its own peculiar applica-
tion advantages, and each plays an im-
portant role in our day-to-day com-
munications.

The evolution of the coaxial cable
in the 1920’s—a significant structural
innovation of a two-wire transmission
line—has made possible the wideband,
high-capacity communications of today.

Growth

In 1941, Bell System L1 coaxial cable
routes were established between major
metropolitan areas in the eastern United
States. By 1948, a complete transcon-
tinental coaxial cable facility was in
operation. The L1 had a capacity of
600 message channels—an enormous
amount compared to the few channels
that could be transmitted over an open
wire or multipair cable. Since micro-
wave radio was not generally in use at
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Coaxial cable transmission systems
have played an extremely important
role in the phenomenal growth of the
telephone industry in the U.S. and
abroad. This article plots the history of
the coaxial cable in communications,
and describes some of the character-
istics of the cable, the system, and

that time, the coaxial cable medium was
considered — and certainly was — the
ultimate in multichannel communica-
tions.

As television became popular and
network programming began to fill the
airwaves, the coaxial cable seemed to
be the ideal answer for conveying net-
work broadcasts between stations. Al-
though the L1 had only a 2.8-MHz
bandwidth, performance was found en-
tirely acceptable. The first TV applica-
tion of the L1 was to transmit the
Army-Navy game in 1945.

During the ensuing years the Bell
System continued to develop multiplex-
ing equipment and repeaters for more
efficient use of the coaxial transmission
line. In 1953, the L3 system went into
service with an increased capacity of
1860 message channels, or 600 message
channels and a 4.1-MHz TV signal on
the same type of cable used for the L1.

More recently foreign systems have
been developed with capacities up to
2700 message channels, and the Bell
System L4 with 3600 channels is meet-
ing the need for better utilization of
existing and newly plowed-in cable
routes in the U.S.

The coaxial cable has played an im-
portant part in long distance communi-
cations, accounting for about 25% of



long distance services crisscrossing the
country. Presently, about 13,000 miles
of coaxial cable routes exist. An addi-
tional 10,000 miles is planned for the
next five years.

The development of microwave in
the late 1940's soon tended to stem ex-
pansion of coaxial cable systems. Micro-
wave radio eliminated costly construc-
tion, right-of-way acquisition, mainte-
nance, and other problems associated
with establishing land lines. How-
ever, the relationship of microwave
and coaxial cable proved to be val-
uable, mainly because the same basic
multiplex equipment developed for co-
axial cable could also be applied to the
microwave baseband. Now, a second
look is being given to coaxial cable in
areas where allocations for microwave
frequencies are not available,

Figure 1. Typical communications co-
axial cable consists of a number of
“pipes” or “tubes” together with inter-
stitial wires and service pairs inside a
single sheath. Each pipe or tube pro-
vides one-way transmission for a large
number of message channels or a TV
signal.

Cable Construction

The communications coaxial cable
consists basically of a single wire sus-
pended in the center of a cylindrical
conductor. The wire is held in the center
of the tube by small disc-shaped dielec-
tric or nonconducting insulators spaced
closely together. Usually a number of
these “pipes” or “tubes” (see Figure 1)
are combined inside a single sheath.

Coaxial cable has a very low attenua-
tion factor coupled with extremely good
shielding from interference. In addi-
tion to its importance in the communi-
cations industry, other important uses
of coaxial cable are associated with
CATYV and ETV, radar, navigation aids,
aircraft, and test equipment.

Construction of the communications
coaxial cable differs from the other
types of cable which have the area be-
tween the inner and outer conductors
separated by solid dielectric material.
In addition, these types of cable nor-
mally have a braided copper outside
conductor instead of the rigid copper
tube, providing the needed flexibility
for their particular use.

Disc insulated coaxial lines have
much lower losses than the solid dielec-
tric lines, but are more difhcult to man-
ufacture because of the mechanical

problem of keeping the conductors con-

centricc. The communications coaxial
line with its spaced insulators ap-
proaches the ideal condition of having
air as a dielectric, and is often referred
to as air dielectric cable.

Included in the typical communica-
tions cable sheath with the coaxial tubes
are interstitial wires and a cylindrical
core containing service pairs. These
added wires ‘‘round out” the cable.
Around the cables is a layer of heavy
insulation and a lead sheath. Interstitial
wires may be used typically for v-f
order wire between attended repeater
stations, and for monitoring and con-
trol functions at unattended repeaters.
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The service pairts, if provided, may be
used as physical v-f circuits or with a
cable multiplex facility.

Coaxial tube dimensions (see Figure
2) are usually described in terms of
diameters of the inner and outer con-
ductors. For example, when dimensions
of 0.102/0.375 inches are given for a
coaxial tube, this means that the out-
side diameter of the inner conductor is
0.102 inches, and the inside diameter
of the outer conductor is 0.375 inches.
More commonly, only the outer diam-
eter is given; for example, 0.375 inches.

OUTER
CONDUCTOR i

INNER
CONDUCTOR

OUTSIDE
DIAMETER

INSIDE
DIAMETER

Figure 2. Coaxial tube dimensions are

specified by the outside diameter of the

inner conductor, and the inside diam-
eter of the outer conductor.

Cable Sizes

The first cable installations in the
U. S. were of coaxials having an outer
diameter of 0.27 inches. Later installa-
tions were 0.375 inches, and this has
become standard for long distance cir-
cuits. Other size cables in use include
2 0.290 inch foam-filled dielectric cable
used in Canada, and a “pencil gauge”
cable of 0.174 inches.

The International Telegraph and
Telephone Consultative Committee
(CCITT) has established recommenda-
tions concerning the characteristics and
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performance of coaxial cable systems
employing two standard size cables, the
pencil gauge and 0.375 inch. According
to their recommendations, the pencil
gauge systems have a maximum band-
width of about 6 MHz or 1260 voice-
frequency channels, while the 0.375
inch systems have a capacity of 12 MHz
or 2700 voice-frequency channels. Bell
System technology has effectively ex-
ceeded this limit with the 3600 chan-
nels on 0.375 inch cable provided by
the L4,

Characteristics

Electrically, what makes a coaxial
cable attractive for communications is
that it provides more conducting sur-
face area than a two-wire transmission
line and therefore suffers less resistance
losses at higher frequencies. In addi-
tion, the electromagnetic energy propa-
gation in a coaxial line is confined
within the tube and isolated from out-
side interference or crosstalk because
of its structure.

Generally, the effective bandwidth of
a coaxial cable communications system
is limited only by the required gain
needed to maintain good signal quality.
Spacing cable repeaters closer together
makes it possible to increase the effec-
tive bandwidth by providing more
amplification, and this approach has
been used to increase the capacity of
existing coaxial cable. However, eco-
nomics and transmission reliability dic-
tate certain limitations to such an
approach.

Although a coaxial line will transmit
signals down to zero frequency or dc,
the lower practical frequency limit for
communications is about 60 kHz. This
is because the coaxial line does not pro-
vide good shielding at low frequency
and because of equalization frequency
limits,

The upper frequency limit for trans-
mission in a given system is determined



by cable dimensions, cable construction,
and permissible attenuation. All three
characteristics interact in such a manner
that a compromise is usually made by
giving appropriate attention to such
factors as acceptable noise, repeater
spacing, and amplification limits. The
attenuation of a coaxial cable is given
by the formula:

1 1
f(‘a b)
A=40.1x 107°"— L4/

where:

A =attenuation in dB/1000 ft.

a = radius of inner conductor
in centimeters

b = inner radius of outer
conductor in centimeters

f=frequeney in hertz

It can be seen from the equation that
the attenuation of the cable varies di-
rectly with the square root of frequency
and inversely with the size of the cable.
Mathematically it has been proven that
the minimum attenuation per unit
length is accomplished with a ratio be-
tween the diameters of the inner and

ATTENUATION — dB/MILE

1.0 1.5 2.0 2.5 3.0
FREQUENCY — MHz

outer conductors of 3.6. With this par-
ticular ratio the impedance of a coaxial
line, ignoring the losses of the dielec-
tric, is obtained from the formula:

b
Zo =138 log o ohms

Using b/a=3.6, Zo is 77 ohms.

The insulating discs that support the
center conductor of a coaxial cable rep-
resent shunt capacitive loading for the
cable, and, therefore, lower the char-
acteristic impedance and the velocity of
propagation.

A coaxial cable having dimensions
of 0.102 inches for the diameter of the
inside conductor and 0.375 inches for
the outside conductor has an attenua-
tion of about 5.8 dB/mile at 2.5 MHz
and a characteristic impedance of 75
ohms. A coaxial cable with dimensions
of 0.047 inches and 0.174 inches has
an attenuation of about 12.8 dB/mile
at 2.5 MHz, and also a characteristic
impedance of 75 ohms. See Figure 3
for a comparison of the attenuation
versus frequency of the common types
of communications coaxial cable.

Figure 3. Response
curves compare the
attenuation versus
frequency character-
istics of the common
types of communica-
tions coaxial cable.

3.5 4.0 4.5 5.0
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The System

A communications coaxial cable sys-
tem consists of a logical arrangement
of repeater stations along the cable
route. The basic requirement is that the
cable network have uniform character-
istic impedance, low losses and reflec-
tions, and proper protection from elec-
tric fields and disturbances such as
lightning,

The original cable systems used
vacuum tube repeaters. It was therefore
mandatory that repeaters be spaced at
wide intervals to increase reliability.
With the invention of the transistor,
more reliable repeaters were designed
and power consumption was also sub-
stantially reduced. This made it pos-
sible to increase the number of repeaters
and thereby increase the usable band-
width of the coaxial cable.

A typical system usually contains
widely spaced main repeater stations
with several auxiliary stations situated
between them. Customarily, the power
feed for repeaters is through the center
conductors of the coaxial pairs in a
series loop from the main repeater sta-
tions. Hence, the maximum distance
between main repeater stations is nor-
mally limited by the maximum voltage
which can be efficiently applied to feed
power from the main repeaters to the
auxiliary repeaters. Intermediate re-
peater spacing depends on the loss of
the cable and the problem of placing

I
|
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564 — 17,548 kHz

the repeater points at accessible loca-
tions.

Temperature variations are one of the
most serious problems affecting the per-
formance of a coaxial transmission sys-
tem. Most of a coaxial system is buried
underground, lessening the variations.
Nevertheless, temperature-sensitive
regulators must be employed to com-
pensate for deviations in cable attenua-
tion caused by temperature changes.

An example of a long-haul co-
axial cable transmission system is the
Bell System L4. This system employs
three types of repeaters between main
station repeaters: basic repeaters, regu-
lating repeaters, and equalizing re-
peaters. Basic repeaters compensate for
the normal loss of approximately 2
miles of cable. This repeater spacing is
compared with 4 miles for the L3, and
about 7.5 miles for the L1. Regulating
repeaters spaced at up to 16-mile in-
tervals provide additional compensa-
tion for changes in cable loss due to
temperature variations. Equalizing re-
peaters at up to 54-mile intervals con-
tain adjustable equalizers to compensate
for random gain changes. These equal-
izers are remotely adjusted from the
main station repeaters. Main station re-
peaters are spaced at up to 160-mile
intervals. The main station repeaters
contain all the functions of the other
repeaters plus additional “mop-up”
equalizers which compensate for un-

Figure 4. The modulation scheme used with the L4 combines six 600-channel
mastergroups between 564 kHz and 17,548 kHz. Mastergroups 2 through 6 use
the upper sideband while mastergroup 1 uses the lower sideband.
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Figure 5. Up to 600 v-f channels may

be processed by office arrangement of

Lenkurt 46C Coaxial Transmission
System shown above.

equal spacing of equalizing repeaters.
These main station repeaters also sup-
ply direct current to the intermediate
repeaters.

The multiplexing scheme for the L4
(Figure 4) is the combination of six
600-channel mastergroups with a fre-
quency range of 564 kHz to 17,548
kHz. The mastergroups are separated
by guard bands to permit dropping out
any of the groups at a main station
without demodulating the others.

‘Other Uses

The growth of the domestic tele-
phone industry with each passing year
decreases the number of frequency
assignments available for microwave
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radio. For this reason increased empha-
sis is being given to the establishment
of coaxial land lines as an alternative.
Another use is in short haul cable
extensions off backbone microwave
radio routes. This particular application
proves in some instances to be more
economical than microwave.

For example, the Lenkurt 46C
Coaxial Transmission System—which
complements the Lenkurt 46A Radio
Multiplex System — provides for as
many as 600 voice channels for inter-
connection between microwave radio
installations and coaxial cable plant.
The system permits transmission on
0.174, 0.290, and 0.375 inch cables.
Repeaters along the buried cable are in
watertight cabinets installed in man-
holes.

While the system capability is 600
channels, it can be proved-in for lower
capacity systems by spacing repeaters
at greater distances. For example, a
typical system with an initial need of
60 channels on 0.174 inch cable would
require repeaters at about 10-mile in-
tervals. Expansion to 300 channels can
be achieved by inserting intermediate
repeaters at 5-mile intervals. Repeater
spacing for 600 channels is 21/ miles.
Selected repeater sites may be equipped
for dropping and adding channels ac-
cording to local needs.

The future holds growing applica-
tions for coaxial cable. For example, a
pulse code modulation (PCM) system
now under development at Bell Labora-
tories will carry 3600 to 4000 channels
over coaxial cable. The digital trans-
mission system, designated T4, will
operate at 281 megabits per second and
will be employed on long-haul toll cir-
cuits. Its commercial use is expected by
the early 1970’s.
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Undersea telephone cable presents problems
which have no parallel on dry land.

dry land telephone cable sys-

tem is relatively uncompli-
cated. [t requires cable, of course, and
uses repeaters energized by power
sources available along the cable route.
Whether above or below the ground,
the system can be easily maintained
because it is accessible.

When it comes to an undersea cable
system, power and maintenance are
not quite so simple. Power is not avail-
able four miles or even a few hundred
feet below the ocean surface. Repair
and maintenance services are hard to
perform in a marine environment.

Yet power, maintenance, and the
ocean environment are problems
which designers of undersea cable have
had to cope with and master.

Power for the water-isolated repea-
ters must come from land based
sources. It must travel through the
cable to distant repeaters. But the
amount of power available is limited
by the size of the cable which is itself
limited by manufacturing and cable
laying techniques.

Because power is fed from the
shore end of the cable, it is a precious
commodity. It must be carefully con-
served. Each repeater — each power
user—must be constructed to draw a
minimum of power while producing
maximum results.

In every phase of the design and
construction of an undersea system
reliability plays an important part.
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Again the isolation of an undersea sys-
tem presents a unique challenge. For
all practical purposes repeater mainte-
nance is out of the question. Recover-
ing a submerged cable takes hours and
sometimes days.

As a result designers make every
effort to use components which have
low failure rates. Twenty years or
mnore without a system failure is nor-
mal. To meet such a goal designers
require components which have well
documented use histories. This cau-
tious approach has meant highly reli-
able undersea cable systems.

In addition the undersea cable itself
must be strong enough to withstand
pressures up to 12,000 pounds per
square inch, The cable must also be
light and pliable enough to withstand
the high tensions of being lowered
from an unsteady cable ship in the
open sea.

The challenges of power, environ-
ment and reliability were met over a
number of years. They are challenges
peculiar to telephone cables—a johnny-
come-lately to the world of undersea
cable.

History

The first transatlantic cable, laid in
1858, was a telegraph link between the
Old and New Worlds. It lasted approxi-
mately 20 days, carried 732 messages
and allegedly saved the British govern-
ment 50,000 pounds. It also took six-
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Figure 1. Armored cable shown in A was used in the SB system. B and C show
armorless cable developed by the British Post Office (B) and American Telephone
and Telegraph (C). All three cables measure 1-1/4 inches in diameter.
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teen and a half hours to pass a 99
word message from Queen Victoria to
President Buchanan—a long time for
any woman, let alone a queen, to wait.

The next cable went down in 1866.
This one lasted. In fact it lasted so well
that the next major change to trans-
atlantic communications did not come
until 1927. In that year radio tele-
phone bridged the Atlantic.

It was not until 1956 that the first
transatlantic telephone cable con-
nected Scotland with Newfoundland.
Actually Alexander Graham Bell had
tried without success to complete a
transatlantic telephone call over exist-
ing telegraph circuits in 1879. At that
time not enough was understood
about bandwidth and attenuation to
appreciate the reasons for Bell’s
failure.

Today the reasons are well known.
Commercial telephone transmission re-
quires much greater bandwidth than
does telegraph. The greater bandwidth,
in turn, requires higher frequencies
vhich means more attenuation.

Only short undersea telephone sys-
tems were possible using telegraph
cable technology. In the 1920’ short
systems to Havana and the Catalina
Islands were laid from the United

Capacity
{3 kHz Channels)

Figure 2. A compari-
son of three undersea
cable systems devel-
oped by the American
Telephone and Tele-
graph Company, show-
ing growth of under-
sea cable capabilities.

Top Frequency
On Cable
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States mainland. Similar short systems
connected the British Isles with the
continent. ’

Breakthrough

But these systems could not have
evolved into the three and four thou-
sand mile undersea systems which
exist today without the introduction
of the submerged repeater. The British
Post Office developed the first sub-
merged repeater and put it into service
in 1943. The American Telephone and
Telegraph Company laid the first deep
water repeater in 1950 between Key
West and Havana.

The full story of undersea cable is
not limited to the repeater—as signifi-
cant as it is—or to modern communi-
cations technology. An undersea tele-
phone cable system must also conform
to recommendations and requirements
of oceanographers and seamen.

A system, for instance, must be laid
along a path as free as possible from
deep trenches and jagged undersea
mnountains. It must be laid smoothly,
steadily and at a reasonable speed. It
must be resistant to the corrosive
effects of water and boring of marine
animals. Taken as a whole the system
must be strong enough to support four
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or five miles of its own weight in
water.

The system which has evolved con-
sists of coaxial cable, repeaters and
equalizers. At the shore end are special
terminals for multiplexing signals and
supplying power, and fault location
equipment. It is a fully comple
mentary system, each part having been
built specifically for undersea use.

The Cable

The first deep water telephone
cable was similar to its telegraph
counterpart. The only appreciable dif-
ference was a concentric return con-
ductor added to form a coaxial
structure.

The cable had a copper center wire
surrounded by three thin copper tapes
as its electrical member. A solid di-
electric separated the center wire from
a helix of six copper tapes. The solid
dielectric—made of polyethylene—was
necessary because of the high water
pressure on the ocean bottom. Around
these electrical members were several
layers of protective and strengthening
materials.

Telegraph cable did not use copper
tapes but usually had strands of cop-
per wire. Both cables were armored by
wire rope and were further protected
by tar, linseed oil and pitch.

The important difference between
the telephone and telegraph systems
was, of course, the repeater. Telegraph
systems had operated for years with-
out them, but telephone systems could
not get along without periodic boosts
from repeaters.

Even within the telephone commu-
nity the undersea repeater made an
important difference. In fact the use
of different repeaters turned the first
transatlantic system into two systems.

The first transatlantic telephone
cable system — in spite of being two
systems — was a triumph of inter-
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national cooperation. It was the result
of coordination between governments

Qzﬂ private businesses in at least three

countries.

The final venture included the
active participation of the American
Telephone and Telegraph Company,
the British Post Office and the Ca-
nadian Overseas Telecommunications
Corporation. The Americans and
British were responsible fog planning
and laying the system.

Stiff or Soft

The project was divided into a deep
water section—the American sphere—
and a shallow water section which the
British controlled. In both sections
deep waler repeaters were used, but in
the interest of reliability and to avoid
laying problems at sea, all concerned
agreed that an American developed
repeater should be used in the deep
water section,

The American repeater had two ad-
vantages. It had a longer history of
successful deep water operation, and it
was a flexible repeater. To an extent
the repeater behaved like a section of
armored cable twisting with the ten-
sions experienced during laying.

The British repeater was a rigid
instrument which could not conform
to a cable’s twisting. At mid-ocean
depths, where several miles of cable
stretch under tension between ship
and ocean bottom, the rigid repeater
resisted the tensions placed on an
armored cable. Such resistance causes
damaging kinks and loops in the cable.

Both the British and Americans
agreed that the risk of kinking was too
great to try the British repeater in
deep water laying operations. In ad-
dition the participants felt that a flex-
ible repeater system could be handled
and stowed aboard ship more easily
and economically than could a rigid
repeater system.
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Ironically, the rigid repcater had a
higher capacity than the flexible re-
peater. lts size did not impose the
severe component limitations placed
on the flexible repeater. As a result the
rigid repeater system was able to ac-
commodate 60 two-way voice chan-
nels on a single cable.

Even more ironic: the Americans
were forced to lay two cables in the
more difficult decp ocean section of
the route because of the limited ca-
pacity of their repeater. The deep
water system was a physical four-wire
systemn using two cables of thirty-six
4-kHz voice channels each. Each cable
carried voice transmissions in one di-
rection through a string of 51 re-
peaters approximately 44.5 miles
apart.

The cable itself was manufactured
in lengths of about 200 miles, called
blocks. During the laying of each
block transmission measurements were
made and analyzed aboard the cable
ship. From the analysis the cable was
equalized to correct for deviations in
the cable arising from manufacture,
temperature, depth and pressure.

Different types of cable were used
in the system but the differences were
physical rather than clectrical. In shal-
low water up to 1300 feet, cables
designated cither type A or B were
used. Both types had more protective
and strength members than did the
deep water, type D) cable.

The heavier outer jacket in cable
types A and B was necessary because
of the frequent natural and man made
disturbances which occur in shallow
water. The type 1) cable did not need
as much protective material hecause
the deep ocean hottoin is more serene.

Growth and Expansion
Since the first transatlantic systemn
others have followed. There are now
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six coaxial cables spanning the Atlan-
tic. Two cross the Pacific. Currently
under construction is a system which
will link Cape Town, South Africa and
Lisbon, Portugal.

With  this growth have come
changes. The system used in the decp
water section of the first transatlantic
cable—dubbed the SB cable system—has
been altered and has itself given way
to radically different cable systems.

Originally the SI3 system had thirty-
six 4-kHz voice channels. To optimize
the usc of these channels TASI (Time
Assignment Speech Interpolation) was
applied.

TASI made it possible to switch un-
used speech channels to a talker within
milliseconds and switch away again to
another user when the first talker
stopped to listen. In effect TASI
doubled the number of speech chan-
nels available.

In 1959 a new modulation scheme,
called double modulation, was intro-
duced to the SB system which reduced
the 4-kllz voice channel to a 3-kllz
channel. With double modulation it
was possible to obtain 48 voice chan-
nels in the same frequency range that
had carried 30 voice channels.

To cram the additional 12 voice
channels into the system the band
edges of adjacent channels had to be
put 100 or 200 1lz apart, depending
on the channel. This was much closer
than the 800 Hz used for the 4-kilz
channels. To support the closer chan-
nels much sharper cut-off filters were
required. This made it possible to use
95 percent of the gross frequency
band available.

Development of TASI and the
slicing of frequencies are achievements
which have no parallel in land cable
systems. The developments do fit in
with continuous efforts by undersea
system designers to knock down for-
midable obstacles—inaccessibility, lack
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Figure 3. Cable engine used aboard C.S. Long Lines. The engine is designed to
run at payout speeds compatible with ship speeds of 8 knots.

of power sources, the ocean environ-
ment, system capacity.

Armorless Cable

Another obstacle fell in 1961 when
the English and Canadians teamed up
to lay a second transatlantic telephone
system. They used rigid repeaters in
their entire system and added some-
thing new—armorless cable.

The armorless cable systeni brought
its own circle of improvements starting
with the eable core diameter. It in-
creased from a 0.62 inch diameter to a
full inch.

The overall diameter of the new
cable was the same as the old, but the
larger core gave the new cable 2/3 the
attenuation of the old. Its expanded
core made it possible to increase the
line voltage from 2000 volts to 4000
volts which made it possible to put
more repeaters on the system.

Finally, armorless cable made lay-
ing the rigid repeater easier. With the
increased core size, the strength men-
ber could be put inside the central
conductor. Placing the strength mem-
ber there minimized torque tension
coupling, thereby preventing  the
twisting and stretching characteristic
of armored cable.

Reducing the tension had further
advantages. With armorless cable it was
possible to get a more consistent and
predictable sca bottom performance.
The risk of kinking caused by mne-
chanical discontinuities at the rigid
repeater decreased.

The cable itself used reverse lay
strands—strands wrapped together in
one direction enclosed by other
strands wrapped in the opposite di-
rection—for their center strength mem-
ber. The reverse lay overcame internal
torque.
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The strength member was enclosed
in a copper conductor surrounded by
polyethylene. Around the poly-
ethylene was a spiral of aluminum tape
and around it a cover of overlapping
turns of aluminum foil.

Armorless American Style

In 1963 a United States to England
system went into operation also using
armorless cable. It was American Tele-
phone and Telegraph’s SD cable sys-
tem which used cable developed in the
United States. It had a single lay
strength member surrounded by a
copper inner conductor. A poly-
ethylene dielectric separated the inner
and outer conductors.

Both the American and the English
armorless cable were sealed in a thick
polyethylene jacket. The resulting ar-
morless cable was not as strong as
armored cable, but because the newer
cable was lighter, it retained the same
strength-to-weight ratio.

The SD system employs rigid re-
peaters. These repeaters, like the flex-
ible repeaters, contain a feedback
amplifier which gives the system a
wider frequency response with less
distortion.

A common unit amplifies both di-
rections of transmission by the use of
directional filters. With the increased
room in the rigid repeaters parallel
amplifiers can be included which give
added protection against failure.

Rigid Repeater

The SD system repeater is con-
siderably more complex than the flex-
ible repeater. It contains 205 com-
ponents—about 3 times the number
used in the earlier SB repeater. The
new system carries 138 3-kHz chan-
nels in each direction. (It originally
carried 128 voice channels.) The chan-
nels are derived by conventional fre-
quency division multiplex.
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Pilots in each group modulator are
used for monitoring, equalization ad-
justments and automatic switching.
Both the low band (108-504 kHz) and
the high band (660-1052 kHz) have
order wire channels. One of these
channels is split so that it can be used
for voice and teleprinter exchange.

The completed system has 182 re-
peaters, spaced every 23 miles. An
equalizer follows every tenth repeater.

The repeater is made up of five
sections with amplifiers and direc-
tional filters in the center three sec-
tions. Power separation filters which
separate the power and information
signals are at each end of the repeater.

Both the power separation filters
and the directional filters create
spurious feedback around the ampli-
fier. This makes it necessary to use
two transformer-regulated, symmetri-
cal paths to cancel the unwanted
signals.

The majority of the electrical com-
ponents used in the SD repeater are
similar to those in the earlier SB re-
peater. To fill new needs several new
types of components were introduced
but only after extensive testing. In all
cases, each component and the whole
repeater had to meet the reliability re-
quirement of the earlier system—20
years of continuous operation.

The 500 pound repeater and hous-
ing are subjected to some 1700 tests.
One test can find holes so tiny it
would take 26 years to get a thimble
of gas through them. The repeater is
50 inches long and 13 inches in
diameter.

At the input and output, gas tubes
protect the repeater against high volt-
age surges. The entire systemn — cable,
repeaters and equalizers — requires
11,000 volts fed from 5500 volt power
supplies at each end of the 4000 mile
cable. The system draws 389 milli-
amperes of current.
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Figure 4. End view of cable engine as repeater enters engine. Insert shows how
tracks grip a piece of cable. When repeater goes through, the flexible tracks

separate to give the necessary clearance.

Special Ship

With the rigid repeaters and armor-
less cable came another development
in undersea cable technology—a new
cable laying ship, C.S. Long Lines,
specially built for the American Tele-
phone and Telegraph Company. The
ship incorporated several innovations
in cable handling.

Historically, cable laying has re-
volved around the circular drum. To
use the drum, cable had to be bent
around the drum’s diameter. Some-
times this meant winding the cable
around the drum several times.

While this was less a problem for
armorless cable than for armored
cable, it was a considerable problem
for the rigid repeater. Complicating
this was the requirement to lay cable
and repeaters continuously at high
speeds.

To avoid bending the repeaters a
special cable engine with flexible,
tractor-like tracks was developed and
installed aboard Long Lines. The
cable, repeaters or equalizers were fed
between two of the tracks and pulled
along by V-shaped blocks which grip-
ped them at four points.

The engine was only one develop-
ment. In place of a sheave with a di-
ameter greater than 7 feet—required
for rigid repeaters — a chute was
molded into the stern of the ship’s
hull. The chute made it possible to pay
out the cable and repeaters with a
minimum of bending stresses.

At the bow of Long Lines a cable
repair and recovery system was in-
stalled. The installation was a little
more conventional, using large, wide
drums which permit the passage of a
rigid repeater at slow speeds.
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On the Bottom

The first undersea cables were laid
along existing shipping routes without
much concern for the condition of the
ocean bottom. Today a sizable amount
of preliminary survey work is done to
determine the best eable route. ldeal-
ly, such a route should avoid decp
ocean trenches and steep grades, stay
clear of centers of carthquake ac-
tivity and the rough mountain ranges
on the ocean bottom.

During the installation of one of
the Pacific cable systems, oceanogra-
phers had to chart vast mountain
ranges, deep trenches, thousands of
volcanic seamounts and scores of live
volcanoes in order to find an accept-
able route for the cable.

While planning a section near
Guam, it took six passes over the
Magellan Seamount to find a safe
passage. At the Marianas Trench (al-
most 6 miles deep) occanographers
searched for and found a natural
bridge for the cable four miles down.

Remarkably it has been the forces
of natur¢ and man that have caused
the most cable damage. Earthquakes
and landslides are believed to have cut
and washed away lengthy sections of
cable. Other breaks have been caused
by ship’s anchors or trawlers dragging
their nets.

In one study of recovered tele-
graph cable, it was found that 36
cables had suffered {rom trawler dam-
age, 12 from corrosion, and 5 from

COURTESY AT &T

Figure 5. Stern of C.S. Long Lines showing special chute to accommodate rigid
repeaters. Most cable laying innovations incorporated in the ship’s design were
pioneered by the American Telephone and Telegraph Company.
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chafing. Four more had either de-
teriorated, been crushed or had tele-
graph repeater failures and three had
armor pinches or tension breaks from
a ship’s anchor.

Most cable damage happens in shal-
low arcas where the cable is not pro-
tected by several hundred feet of deep
water. With this in mind, the American
Telephone and Telegraph Company
has begun to bury shallow water sec-
tions of cables.

Coming Up

The next generation of undersea
cable will differ somewhat from the
SD system. The new SF system will
use diffused germanium transistors and
a cable diameter of 1.75 inches.

Electrically the SF system is a
direct successor of the SD. The cable
construction remains the same. The
repeater will be rigid but will contain
only 161 components—44 less than the
SD but 94 more than the SB system.

It does have definite advantages. [ts
720 voice channels is one of them.
Another is that a 4000 mile system
will need only 3500 volts fed from
each shore terminal and will draw 136
milliamperes of current.

The system will operate at higher
frequencies than its predecessors—564
kHz to 5884 kHz—which will mean
putting the repeaters closer together.
In the new system there will be re-
peaters every 10 miles. Equalizers will
still come every 200 miles.
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Why Bother?

With the advent of satellites it
might seem impertinent to talk about
expanding undersea telephone capac-
ity. Even in their infancy satellites can
provide bandwidths which are just
barely possible with the most ad-
vanced undersea systems.

But to look at the satellite as an
immediate replacement for undersea
cable systens is to overlook the virtues
of each.

Satellites usually carry several re-
peaters in parallel, thereby avoiding
complete system failures caused by the
loss of a single repeater. In addition
the termninal points in a satellite sys-
tem can be changed, making it possi-
ble to re-route traffic when necessary.
Being able to switch from one termi-
nal to another gives the satellite sys-
tem a flexibility which undersea cable
systems do not have.

But undersea systems do not re-
guire the large, expensive terminals
satellite systems do. In fact their fixed
terminal points make undersea systems
ideal for daily, well established inter-
national telephone scrvice. Finally the
ocean floor does not limit the number
of undersea cables as much as does the
area available for synchronous satellite
orbits.

In the final analysis the two sys-
tems are complementary. With the
growth of international communica-
tions both cable and satellites will have
to share that growth.
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The constant search for betfer communications
at lower cost has led the telephone industry to a
radically different method of transmitting speech
information. This method, using binary digital pulses
rather than conventional analog signals, provides
high quality transmission and has proven to be
very economical in short-haul carrier systems.
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s
to the present time, tele-

 communications has
been accomplished almost entirely with
an analog electrical carrier wave which
1s varied continuously in proportion to
the speech signals. Such systems have
always been haunted by noise and
crosstalk.

In recent years, the telephone indus-
try has shown great interest in a method
of coding speech information into digi-
tal electrical pulses. Unlike analog sig-
nals, these pulses, after becoming dis-
torted by noise during transmission,
can be completely regenerated at re-
peaters along the transmission path and
at the receive station.

In the nineteenth century there were
many attempts to code speech and
music into digital electrical signals for
transmission, using the techniques em-
ployed in telegraphy. Unfortunately,
early experimenters did not have the
mathematical tools provided by what is
now termed information theory and
were denied success because their cod-
ing schemes were too simple and did
not convey enough information. Before
they were able to advance their coding
techniques, Alexander Graham Bell
successfully transmitted speech using
an analog electrical signal. The success
of Bell's experiment was so imme-
diately overwhelming that an immense
telephone communications industry rev-
olutionized around analog speech trans-
mission.

Because of the outstanding success
of analog transmission techniques, such
as frequency division multiplexing
(FDM), many years passed before
serious attention was given to other
methods of transmitting speech sig-
nals. However, with the ever-present
problems of noise and crosstalk and the
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rising complexity and cost of electrical
filters and other devices found in fre-
quency division systems, it was certainly
natural for engineers to search for
more practical and efficient transmission
methods. One of the most significant
methods under investigation has been
time division multiplexing.

It was demonstrated experimentally
even before the development of FDM
that time division techniques could be
used to transmit many speech messages
simultaneously over the same circuit.
But such techniques could not be put
into practical use at the time because of
the limitations of mechanical devices
for high-speed switching. The inven-
tion of the vacuum tube and the electric
wave filter made frequency division
multiplexing much more attractive for
use in telephone transmission systems.
However, researchers continued to in-
vestigate time division methods.

The first useful time division multi-
plex systems were developed in the
early 1930's. In these systems a number
of circuits share a common transmission
path but at separate time intervals.
Time division systems employ some
type of pulse modulation, in contrast
to the more familiar amplitude and
frequency (AM and FM) techniques
used in FDM.

The most popular type of pulse
modulation has been pulse amplitude.
In pulse amplitude modulation
(PAM), a continuous signal, such as
speech, is represented by a series of
pulses called samples. The amplitude
of each sample is directly proportional
to the instantaneous amplitude of the
continuous signal at the time of samp-
ling. Since the amplitudes of the
samples are continuously variable, the
problems of cumulative noise and dis-
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Figure 1. Example of time division

multiplexing using pulse amplitude

modulation. A pulse amplitude sam-

ple is placed on the line as each chan-
nel is sampled in turn.

tortion associated with analog signals
are present in pulse amplitude modu-
lation systems.

In 1937, Alec H. Reeves, then a
member of the International Telephone
and Telegraph Corporation Laboratory
in Paris, resolved that the problems of
cumulative noise and distortion could
not be overcome in pulse modulation

systems using pulses of varying ampli-
tude. This prompted him to review the
early idea of transmitting speech using
coded pulses of constant amplitude,
similar to those used in telegraphy. His
investigation resulted in the invention
of a radically different approach to
transmitting speech signals. In 1938,
Reeves patented his invention which
became known as puise code modula-
tion. Unfortunately, the development
of practical pulse code modulation sys-
tems had to await the arrival of high-
speed solid-state switching devices,
which occurred after World War II.

Pulse code modulation involves
transforming continuously variable
speech signals into a series of digitally
coded pulses and then reversing the
process to recover the original analog
signals. This procedure can be carried
out in three successive operations.

The first operation is to sample the
speech signals at a suitable rate and to
measure the amplitude of the signal at
the time of sampling. This operation is
equivalent to pulse amplitude modula-
tion (PAM). Next, the voltage am-
plitude of each sample, which may as-
sume any value within the speech
range, is assigned to the nearest value
of a set of discrete voltages. This pro-
cess is known as guantizingand is equiv-
alent 1n mathematics to rounding off to
the nearest whole number or integer.
The final step is to code each discrete
amplitude value into binary digital
form, similar to coding the letters of
the alphabet for telegraphy. Now a
series of binary coded digital pulses
can be used to carry the message over
a transmission line. These binary pulses
are in fixed and predetermined time
positions and only the presence or ab-
sence of a pulse determines the infor-
mation content of the signal. Since the
precise magnitude of the pulses, is no
longer critical, the problems of cumu-
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Figure 2. Simplified time division multiplex PCM system.

lative distortion and noise associated
with pulses of varying amplitude are
greatly reduced.

Sampling

It has been proven mathematically
that if a continuous electrical signal is
sampled at regular intervals at a rate
of at least twice the highest significant
signal frequency, then the samples con-
tain all of the information of the origi-
nal signal. This principle is known as
the sampling theorem. A continuous
signal waveform, therefore, can be
represented completely if at least two
amplitude samples are transmitted for
every cycle of the highest significant
signal frequency.

In PCM systems designed for speech
signals, a sampling rate of 8000 Hz, or
one sample every 125 microseconds
(1/8000 second), is ordinarily used.
This sampling rate is sufficient since
the bandpass of ordinary speech or
telephone channels has an upper cutoff
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frequency below 4000 Hz. The 125
microsecond interval between samples
of one voice channel can be allocated
to other voice channels by means of
time division multiplexing.

The number of channels that can be
time division multiplexed using an
8000-Hz sampling rate depends, of
course, on the duration of the time slot
assigned to each sample — the shorter
the duration, the greater the number of
channels. In practice, the duration of
the samples depends upon the opera-
tion and characteristics of a physical
circuit. Thus, the number of time divi-
sion channels is limited by the perfor-
mance requirements and capabilities of
a particular transmission system.

Quantizing

As previously stated, sampling a
continuous speech signal at regular in-
tervals results in a series of pulses
whose voltage amplitudes are propor-
tional to the level of the signal at the
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time of sampling. The amplitudes
might be any of an infinite number of
values within the intensity range of
speech. The usual intensity range en-
countered in telephone systems is about
60 dB, or a voltage ratio of 1000 to 1.

After sampling, the next step in the
PCM process is to divide or quantize
the 60-dB intensity range into incre-
ments or amplitude levels to permit
binary digital coding. These discrete
levels, known as quantum steps, are
used to represent any level within the
speech range. This is accomplished by
using the quantum step nearest to the
actual amplitude value of the pulse
sample. For example, an actual ampli-
tude sample with a value of say 8.24,
would be represented by quantum step
8. A sample value of 8.61 would be
represented by quantum step 9, and so
on.

Since the quantum step only approxi-
mates the actual value, there is always
some error. The maximum error is equal
to one-half the size of the quantum
step. In speech signals, such errors are
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random and cause what is usually re-
ferred to as guantizing error or noise.
Quantizing noise is the major source of
signal distortion in PCM systems. The
degree of quantizing noise is mainly
a function of the number of quantum
steps used—the more quantum steps,
the less the quantizing noise. However,
increasing the number of quantum steps
increases the bandwidth required to
transmit the coded signals.

It is, of course, necessary that the
quantizing process detect all of the
positive and negative amplitude levels
within the dynamic speech range. Ex-
periments have shown that approxi-
mately 2048 wniform-size quantum
steps are required to cover the speech
range and to provide sufficient signal
fidelity. An excessively large band-
width is required to transmit the coded
line signals representing such a large
number of uniform quantum steps.

One way of reducing the number
of quantum steps without sacrificing
quality is to make the size of the quan-
tum steps non-uniform, thereby taking



advantage of the statistical distribution
of speech amplitudes. Most of the in-
formation in speech signals is con-
centrated at low amplitude levels. If the
quantum steps are all equal in size, then
low level or weak signals suffer the
greatest amount of quantizing error.
Therefore, small quantum steps are
needed more at the low amplitude
levels than at the higher levels. If very
small quantum steps are assigned where
most of the speech information is con-
centrated, that is at low amplitude
levels, and larger steps assigned to the
rest of the amplitude range, then the
total number of steps required can be
greatly reduced. Varying the size of the
quantum steps requires sophisticated
coding techniques which are presently
under development.

Another method is to compress the
amplitude range of the pulse samples
before uniform quantization and then
to expand the range back to normal at
the receiving end of the circuit. This
technique, called instantaneous com-

BINARY
QUANTUM CODE
STEPS GROUPS
/ 127 [RERENE
126 1111110
125 1111101
- 124 1111100
mZ
gg 123 1rriont
R 122 1111010
w i
Qs 121 1111001
(o]
jU
%E a4 7 0000111
<
w < 6 0000110
0 m
48 5 0000101
ow
e 4 0000100
3 000001 |
2 0000010
1 0000001
= -

pression and expansion, or compand-
ing, achieves the same results as varying
the size of the quantum steps. Instan-
taneous companding, which must be
very fast-acting to respond to the short
pulse samples, should not be confused
with the slower-acting syllabic com-
panding technique used in certain ana-
log telephone circuits — although the
principles are the same. The syllabic
compandor responds to the envelope of
analog speech signals directly while the
instantaneous compandor responds to
PAM samples of the analog signals.
Signal compression modifies the
normal distribution of speech ampli-
tudes by imparting more gain to weak
signals than to strong signals. In typi-
cal applications, the technique reduces
the amplitude ratio from 1000 to 1 to
63 to 1. Using a certain compression
characteristic that reduces the speech
range from about 60 dB to about 36
dB, and one that varies logarithmically
with signal amplitude, the number of
quantum steps can be reduced from
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Figure 4. Signal compression using
typical logarithmic compression char-
acteristic.

2048 to 128 while maintaining the
same quantizing noise performance.
Signal compression using a typical log-
arithmic compression characteristic is
shown in Figure 4.

Coding

The final step in the PCM process is
to code the quantum steps into digital
form. If each quantum step is num-
bered in decimal form, then some type
of digital code can be developed to
represent each of the numbers. Ordi-
narily, a binary code is used that con-
sists of a combination or code group
of binary I's and O's, each group repre-
senting a decimal number. Once the
code is established, a series of on-off
binary pulses, representing the code
groups, can be used for transmission.

The number of quantum steps that
can be represented with a binary code
is 27, where n is the number of binary
digits, or bits, required in each code
- group. Thus, a 5-bit code is required
for 32 (or 2%) quantum steps, while a
7-bit code is needed for 128 (27) steps.
In systems using a 7-bit code, the

speech -amplitude range is normally
divided into 127 quantum steps; step
64 is zero reference, with 63 steps posi-
tive and 63 steps negative.

The bandwidth required to transmit
digital pulses is directly proportional to
the number of bits in the code group.
A code representing 2048 uniform
quantum steps would have required 11
bits per code group (2!' — 2048).
Compressing the amplitude range of
the sample pulses before quantization,
therefore, reduces the number of bits
per code group required for quality
speech transmission from 11 to 7.

With a 7-bit code, the first bit posi-
tion has a value of 28 = 64, the second
has a value of 25 = 32, and so on. The
value of all seven positions is shown
in the following table.

Bit Position | 1 2|13|4|5)|6|7

sl (2 B 5 B S 122 (i

Value

64 |32(16| 8| 4| 2|1

Typically, the coded line signal con-
sists of a train of pulses in which bi-
nary I's are represented by positive or
negative pulses and binary O’s are rep-
resented by spaces (or no-pulses). A
binary | in any of the bit positions
means that the value of the position is
to be summed. A binary O in any of
the positions means that the value of
the position is 20t to be summed. As an
example, the pulse train and code group
representing quantum decimal step
number 100 would be:

Bit 4

Value

S 0 I zia 41s5i6!7
e 4 I
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Present Applications

One of the most outstanding fea-
tures of PCM systems is that the coded
line pulses can be regenerated at re-
peater stations. Since only the presence
or absence of a pulse determines the
message, the line signal can be com-
pletely renewed each time it passes
through a repeater. This allows a high
signal-to-noise ratio to be maintained
through a long string of repeaters, thus
overcoming most of the problems of
cumulative noise which characterize
analog transmission systems.

Unfortunately, the advantages of
PCM are obtained at the expense of in-
creased bandwidth. For example, the
bandwidth of a voice channel in a PCM
system using an 8000-hertz sample rate
and a 7-bit code would be approxi-
mately 56 kHz compared to 4 kHz re-

quired for a single-sideband sup-
pressed-carrier FDM system.

In typical long-haul high density
transmission systems, especially micro-
wave radio systems, the availability of
bandwidth is usually very critical. Pres-
ently, PCM does not provide sufficient
economical or technical improvements
over analog techniques to justify its use
in these long-haul systems. But the same
is ot true in short-haul cable transmis-
sion systems. There have been contin-
uing efforts by the telephone industry to
shorten the cconomical prove-in dis-
tance of multichannel carrier systems
since they were introduced into the
short-haul cable plant. The tremendous
population growth around urban areas
has greatly increased the need for low
cost carrier systems in short-haul inter-
office trunks. This need has stimulated
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In the 24-channel T1 carrier system, 125 microsecond sampling interval

or frame is divided into 193 time slots — 168 slots for speech, 24 slots for super-
visory signaling, and 1 slot for synchronization.
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interest in PCM systems for use in
telephone exchange cable trunks rang-
ing in lengths from about 6 to 50
miles.

In 1962, the Bell System began pro-
duction of a 24-channel PCM carrier
system called the T1. Installation of T1
carrier systems in Bell's exchange plant
marked the first large-scale use of time
division multiplexing in commercial
telephony.

The T1 carrier system was designed
primarily for use with two non-loaded
22-gauge cable pairs in exchange area
trunks. One cable pair is required for
each direction of transmission. Regen-
erative repeaters, used with the T1 sys-
tem, are spaced at intervals of about
6000 feet. This interval corresponds to
the spacing of Western Electric's H-88
load coils on 22-gauge cable pairs.
Since the load coils must be removed
when the line is to be used for PCM
operation, it is convenient to replace
them with a regenerative repeater.

Each voice-frequency input channel
in the T1 is sampled once every 125
microseconds or 8000 times per second.
The variable amplitude pulses result-
ing from the sampling process are then
compressed and quantized into one of
127 quantum steps coded into 7-digit
binary code groups. An eighth digit or
bit is added to the code group for each

pulse repetition fre-
quency and there is
no dc component.

of the energy is con-

BIPOLAR
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channel sample and is used to carry
supervisory signaling information.

The time slots which make up one
125-microsecond period constitute
what is called a frame. An additional
bit time slot is added to each frame for
use in synchronizing the two system
terminals. This makes a total of 193
time slots per frame (24 channels x 8
bits per code group + 1 synchronizing
slot). Multiplying the 193 time slots
times the 8000 hertz sampling rate pro-
vides an output pulse train with a
maximum bit rate of 1,544,000 bits per
second.

The binary coded pulses transmitted
to the cable pair have a fifty percent
duty cycle, which means the width of
the pulses is one-half the time slot al-
located to each pulse. Bipolar transmis-
sion is used with successive pulses, rep-
resenting binary I's, alternating in po-
larity. Figure 5 illustrates a pulse train
representing one frame.

There are several advantages of the
bipolar pulse pattern over straight bi-
nary or unipolar transmission. As
shown in Figure 6, most of the energy
of bipolar signals is concentrated at fre-
quencies of about half the pulse repeti-
tion frequency. Accordingly, there is
much less energy coupled into other
systems in the same transmission cable
because of increased crosstalk coupling
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Figure 7. One of the most outstanding features of PCM systems is that the binary
coded digital line pulses can be regenerated at repeaters and at the receiver station.

loss. Also, bipolar pulses do not have a
dc component, thus permitting simple
transformer coupling at repeaters. The
unique alternating pulse pattern can
also be used for error detection since
errors tend to violate the pattern.

As the line signals travel along the
cable pairs the pulses become distorted
by the usual signal impairments such
as noise and attenuation. When the
pulses reach a repeater, they are re-
timed and reshaped so that a new un-
distorted pulse is produced for each
pulse received. At the receive terminal
the line pulses are again reconstructed
before they are fed into the receiver
detection and decoding equipment. The
PCM coding process is reversed in the
receiver in order to recover the original
continuous speech signal. The contin-
uous signal at the output of the PCM
receiver should be a replica of the
original signal, except for some distor-
tion resulting from quantization.

However, noise troubles, like energy,
seem to be conserved and only changed
from one form to another. So it is with
pulse code modulation. Although noise
in PCM systems does not accumulate, it
does prevent the perfect timing of re-
generated pulses and shows up as jitter
on the retransmitted pulse train. Suc-
cessful practical solutions to this timing
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problem are the key to successful PCM
cable carrier transmission.

Conclusions

New digital technology promises
much more than just carrying out the
tasks of transmission systems developed
in the past. PCM systems will eventually
handle all of the transmission functions
of today’s frequency division multiplex
systems more efficiently and more
economically. The development of digi-
tal techniques will enable different
types of services such as voice and fac-
simile to be treated alike in transmis-
sion systems. Once the various types of
analog signals are formed into digital
signals they are all similar.

The new PCM cable carrier systems
must carry on the tradition of the tele-
phone industry. They must be used with
the telephone plant that exists today,
complete with its inheritance of old
cables and switching systems produced
by many different manufacturers.

In addition to operating over exist-
ing cable systems, there are already
means to interconnect FDM systems
with PCM networks using a device
called an encoder-decoder or codec.
Network television in color will also
be handled. Such high density systems

will require line transmission rates



close to 300 megabits per second. Also,
the use of a technique called puise stuff-
ing synchronization will permit adding
and dropping systems by digital means,
and provide an easy method of inter-
connecting PCM systems.

High density PCM systems will use
thousands of transistors in circuit con-
figurations where switching times may
be as fast as a fraction of a nanosecond.
In the future, the use of integrated cir-
cuits instead of discrete components
promises great economies as well as ex-
cellent reliability.

PCM systems are not without prob-
lems. Long chains of repeaters in tan-
dem challenge the ingenuity of engi-
neers to produce reliable repeaters at
economical prices. The T1 system, for
example, may use 50 repeaters in tan-
dem for a 50 mile link. Further prob-
lems arise because PCM requires so
much bandwidth. Bandwidth is readily
available on cable but is not easily ob-
tained from the available microwave
spectrum. This fact ensures that single
sideband frequency division multiplex
will be around for a long time. PCM
systems are also vulnerable to impulse
noise which may prohibit their use in
situations where cable plant and switch-
ing machines are not up to modern
standards. In such situations present
day FDM cable carrier systems, which
do not exhibit the noise threshold char-
acteristics of PCM, may do a better job.
Also, cables already carrying FDM

carrier systems will have to be filled out
with the same type of systems since it
is presently not possible to mix T1
and FDM systems in the same cable.

Although the T1 carrier system was
developed primarily for the transmis-
sion of analog information in the form
of processed voice signals, its re-
peatered line is a very fine high-speed
digital transmission facility. Techniques
have been developed to use these digi-
tal transmission systems to handle up
to eight 50-kilobit data channels or two
250-kilobit data channels.

Pulse code modulation systems pro-
vide better handling of telephone su-
pervisory signaling than the usual in-
band methods used with FDM systems.
The systems employ time division sig-
naling methods which are very econom-
ical and avoid the problems of speech
simulation or talkdown inherent in in-
band signaling systems.

Some small switching machines em-
ploy time separation instead of the
familiar space separation techniques
used for so many years by electrome-
chanical machines. Digital transmission
is used with these time separation
switching machines, and it is only a
short technical step to join digital
transmission and switching into an
integrated communications system. It
seems likely that in the 1970’s inte-
grated electronic switching and PCM
transmission systems will be operating
both in the United States and Europe.
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he first serious interest in

time division multiplexing
came about 1930. Early experiments
centered around pulse amplitude mod-
ulation, but noise and crosstalk were
serious problems.

The invention of pulse code mod-
ulation (PCM) occurred in 1937,
However, it was so basically different
from the contemporary concept of
telecommunications that its impor-
tance was not widely understood or
appreciated. And even if it had been,
the components necessary to accom-
plish the complex processes of samp-
ling, quantizing, and coding were not
available. PCM had to wait for tran-
sistors, integrated circuits, and a better
knowledge of digital devices.

Frequency division multiplex
(FDM) has served the telephone in-
dustry well for many years, but eco-
nomic factors have kept engineers on
the search for more practical and effi-
cient transmission methods. As interest
was renewed in digital communication,
the advantages of PCM over FDM be-
came apparent.

Solid State Economy

The economics of solid state tech-
nology point to PCM as the trans-
mission method of the future. To the
telephone company, this is another
means of holding the line against
constantly increasing costs; to the
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. ...aunique family of digital transmission
‘ systems for voice, video, or data.

telephone user, it is another step to-
ward more efficient and complete
communications service,

With transistors as a working tool,
and integrated circuits a promise for
the future, Bell Telephone Labora-
tories readied their first ’CM systems
in the 1950’s. The first working system
in the United States was installed in
1962. Today there are about a half-
million channels in service.

Bell will necessarily establish the
systemn parameters for PCM perfor-
mance, and as in commonly the case,
independent manufacturers and users
will find it convenient to refer to Bell
nomenclature in describing their own
systems.

(To avoid confusion, Bell termin-
ology will be used here rather than
Lenkurt equipment types.)

Time multiplexing PCM systems
have been designated as T carrier in
the Bell System. The first generation,
now in service, is the T1. Future sys-
tems will expand the T family from
Tl to T4. Along with these progres-
sions will come refinements in channel
banks and increased available service.

The T1 system can consist of either
a D1 channel bank of 24 channels, a
D2 channel bank of 96 channels, or
several choices of data banks.

The D1 channel bank now in ser-
vice provides 24 two-way channels on
two exchange grade cable pairs, one



for each direction of transmission.
These may be in the samne cable, or in
separate cables.

Repeatered Line

Regenerative repeaters are spaced
along the cable about every 6000 feet.
Because information on a PCM sys
tem is transmitted in the form of bi-
nary pulses, the repeater need only
recognize the presence or absence of a
pulse to regenerate a clean, new pulse.
Because of the lower signal-to-noise
ratio required with regenerative sys-

Figure 1. Lenkurt’s 24 channel PCM
system, the 91A, exhibits space saving
design offered by TDM technology.

tems relative to FDM systems, large
amounts of noise, interference, and
distortion can be tolerated.

While noise and distortion do not
accumulate along a PCM cable as they
do with FDM repeaters, it’s not a case
of getting something for nothing. The
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noise appears in a different form,
showing up as a jitter on the retrans-
mitted pulse train. If allowed to ac-
cumulate, this jitter can prevent per-
fect retiming of pulses. Hence, special
jitter-reducing circuits are needed for
long haul PCM transmission systems.

Jitter is not a serious problem in
the T1, which is intended for use in
systems less than 100 miles in length.
But the long haul, high density systems
which will someday span the nation
must be equipped to handle it.

Time Separation

The translation of an analog signal
into PCM begins by switching sequen-
tially from one channel to another at
a rapid rate. ach channel occupies the
transmission line for a fraction of the
total timme. Conversations are stacked
in time rather than in frequency as in
FDM systems, and the method is called
time division multiplexing. By syn-
chronizing the sampling rate at the
receive end, each channel may be re-
created in its original form.

If periodic samples of a waveform
are taken often enough, the waveform
can be perfcctly reconstructed at the
end terminal. The necessary sampling
rate is just twice that of the highest
frequency to be transmitted. Therc-
fore, if 4000 Hz is the highest fre-
quency on a telephone channel, samn-
ples taken at the rate of 8000 per
second will precisely and exactly
duplicate the telephone conversation.
This is the sampling rate used in the
T1, althongh in practice the channel

bandwidth is 200-3400 [1z.

PCM Coding

Three successive operations are
needed to transform the analog speech
signal into the series of digitally
coded pulses of PCM,

The first operation is to sample the
speech signal at a suitable rate (8000



Hz) and measure the amplitude of the
signal. This results in a train of pulses
roughly analogous to the original
waveform.

Next, the amplitude of each sam-
ple is compared to a scale of discrete
values and assigned the closest value.
This rounding off process is called
quantizing. Each pulse, now with its
discrete value, is then coded into
binary form. These binary pulses are
what appear on the transmission line.

A 7-digit binary code is used in
telephone PCM. That is, each sampled
pulse is coded into a combination of
seven pulses representing one of 127
different discrete values. To each code
group an eighth digit or bit is added
for signaling.

Each of the 24 channels in a T1
system is sampled within a 125-micro-
second period (1/8000 second), called
a frame. To each frame an additional
bit is added for synchronization of
end terminals.

D1
LENKURT
9001A

T1 REPEATERED
LINE (LENKURT

Eight bits per channel, times 24
channels, plus the synchronizing
pulse, brings the total time slots
needed per frame to 193. The re-
sulting line bit rate, with 8000-Hz
sampling, is 1,544,000 bits per second.

(A more complete analysis of the
PCM coding process is found in the
November 1966 Demodulator.)

The bandwidth required for the T1
system is about 1.5 MHz, or one cycle
per bit. This is obviously much more
than is needed to transmit 24 chan-
nels over an FDM system. On cable,
the bandwidth is readily available, but
the advisability of PCM on most micro-
wave applications is clearly limited.

The most significant reason more
bandwidth is not available to FDM
systems on cable is the difficulty of
designing wideband amplifiers with
sufficiently flat response. In the digital
PCM system, where each channel uses
the entire system bandwidth and is
separated from other channels by time,

T2 REPEATERED
LINE (LENKURT

9101A): 24 CHAN-
NELS OR EQUIVA-

9201A); 96 CHAN-
NELS FROM M~12
MULTIPLEXER OR
PICTUREPHONE AT
6.3 Mb/s ON TWO
CABLE PAIRS.

LENT FROM EITHER
D1, D2, OR DATA
BANK AT 1.5 Mb/s
ON TWO CABLE
PAIRS.

Figure 2. PCM systems, expanding from T1 to T4, will mix voice and oth
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non-uniform attenuation of the trans-
mission path is not a particular prob-
lem. The end terminal, and each re-
peater along the cable, need only
register the presence or absence of
pulses to successfully accomplish com-
munication.

T Carrier Family

The overall concept of the T carrier
family is illustrated in Figure 2. Be-
ginning with the short haul exchange
carrier T1 system now in service, the
family expands into a transcontinental
system capable of carrying voice, data,
and television signals simultaneously.

As the network grows, four Tl
signals will be combined into a 6.3
Mb/s stream called the T2. Seven T2
signals will be combined into a 46
Mb/s group, sometimes referred to as
the T3 section although it is not
intended for transmission. The final
step in the planned T carrier system
will be when six 46 Mb/s signals are

TRANS-
MITTED): 672 CHAN-
NELS FROM M—23
MULTIPLEXER OR

PCM CODED SIGNALS

FROM FDM MASTER

GROUP, OR TV, AT
NS 46 Mb/s.

multiplexed, forming the T4 signal at
281 Mb/s.

D2 Channel Bank

The first outgrowth of the Tl
system will be contained in the channel
bank equipment. By combining the
common equipment of four 24-channel
groups (D1 channel banks) into a 96-
channel system, considerable savings in
cost and size are promised, along with
increased noise performance.

The result is the D2 channel bank.
The transmission format is exactly
the same as the D1, with each 24-
channel group operating over a sepa-
rate T1 repeatered line. However, some
noise improvement is gained by mak-
ing the eighth digit in each group do
double duty. In the D1, this bit is
committed to signaling information.
But in the D2 the eighth digit will
carry VF information most of the
time — only occasionally will it be
“borrowed” for signaling.

T4 REPEATERED
LINE: 4032 CHAN-
NELS FROM M-34
MULTIPLEXER AT
282 Mb/s ON
COAXIAL CABLE.

rvices using time division multiplex. Many T1 systems are now operating.
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Current technology will not allow
D1 and D2 channel banks to work
end to end, but an interface between
the two is theoretically possible.

The T1 system, although primarily
developed for the transmission of
voice, is ideally suited to the increas-
ing data market. Various data banks
now being developed will provide ser-
vice at 50 kb/s, 250 kb/s, or 500 kb/s
over the T1 repeatered line. When it is
realized that 64 kb/s is the rate used
for each voice channel, the hundreds-
of-kilobit rates are not surprising.

T2 System

The intermediate speed T2 system
will provide 96 channels at roughly
four times the T1 speed, or 6.3 Mb/s,
A multiplexer, called the M-12 by
Bell, will bring together T1 pulse
streams from either four D1 channel
banks or a single D2 channel bank,
retime them, and then transmit them
to the T2 repeatered line. Two cable
pairs are used, and present planning
calls for a system extending out to 500
miles using a more complex repeater.

Bell’s Picturephone will also oper-
ate at T2 bit rates and could be an
alternate use of the system.

The next step in the T carrier
hierarchy was originally named the
T3 system. But this is no longer con-
sidered a necessary step in the logical
growth of transmission systems and
is now planned to be only a conve-
nient way of gathering groups of sig-
nals together within one office.

At this point the M-23 multiplexer
will combine seven T2 signals into a
46 Mb/s stream capable of carrying the

equivalent of 672 voice channels.

T4 System
Finally, six M-23 signals will be
accepted by the M-34 multiplexer to

produce a total of 4032 channels in
the T4 system at 281 Mb/s.
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By its nature, a PCM system can
accept almost any mixture of voice,
data, or in the T4, television. Once
the intelligence has been digitally
coded, the pulses are exactly the same,
The repeatered line equipment or the
multiplexers themselves are no longer
concerned with the type of infor-
mation being transmitted. Likewise,
there is virtually no interaction among
the various signals,

Experimental systems operating at
Bell Laboratories indicate that tele-
vision signals with 10 Mb/s sampling
and a 9-digit code group will produce
acceptable picture quality. The total
output of the TV encoder at 92 Mb/s
will be divided into two 46 Mb/s
streams for entrance to the M-34
multiplexer

Another encoder planned for the
T4 system will convert an entire FDM
master group of 600 voice channels
to PCM. The master group will be
sampled at 6 Mb/s, and will be trans-
mitted with 9-bit quality. The output
of this encoder will also be 46 Mb/s to
match the standard M-34 input.

The planned T4 system is unique
not only when compared to FDM sys-
tems, but to other members of its own
PCM family. Because of its design
function as a long haul carrier, the T4
must satisfy many special conditions.
It should be capable of operating over
any distance carrying several thousand
telephone calls, several television sig-
nals, numerous wideband data signals,
or mixtures of all.

To this end, coaxial tubes will be
used to attain bandwidths sufficient
for the 281 Mb/ssignals. And at the toll
office, T4 equipment will be called on
to provide a number of more critical
duties than were earlier systems.

A new code, for instance, has been
devised to eliminate a number of
limitations inherent in such a long sys-
tem. A three-level code (minus, zero,



or plus pulses) will replace the two-
level bipolar code (pulse, no pulse)
used in the T1. The new code, called
paired selected ternary (PST), prim-
arily conserves bandwidth by adding
additional information capability with
the same signal-to-noise ratio. PST
provides a strong timing signal for
repeaters by eliminating long series of
zeros, and as in other bipolar PCM
transmission, avoids a dc component
in the signal and permits errors to be
monitored on the repeatered line.

Pulse Stuffing

If the coded pulses of a single
channel are to be extracted from over
4000 channels in a 281 Mb/s stream,
some method of synchronizing T4
terminals must be available.

In the relatively short T1 system
where all pulses originate at the same
point and terminate together, the
pulse stream itself is satisfactory to
lock terminal timing clocks together.
But with more complex systems having
terminals thousands of miles apart,
this is not practical.

Ideally, the various channel banks
and coders feeding into the T4 net-
work should be allowed to operate on
their own clocks, which will vary

slightly from the normal frequency.

One approach being studied at Bell
Labs which will allow this independent
action is called pulse stuffing. At cer-
tain intervals an extra time slot is
“stuffed” into the digital stream. Be-
cause the presence of stuffed pulses
is indicated by other coding on the
line, these extra pulses are ignored at
the receive end. But during trans-
mission they have allowed the incom-
ing signals to get onto the line even
though their individual synchroniza-
tion does not exactly agree. In a way,
the stuffed pulses are a buffer between
frames of different channel banks. The
end terminal is capable of separating
these frames and re-creating the syn-
chronization necessary for that par-
ticular group of channels.

The basic elements for the imple-
mentation of systems beyond the T1
exist — some in operating systems,
some in the laboratory. Introduction
of the D2 channel bank is inminent,
and the T2 transmission system prob-
ably is only several years away.

An experimental high-speed sys-
tem, operating at 224 Mb/s, has been
in operation at Bell Labs for over a
year. But the T4 system as outlined
must still be considered just a concept.

(The April issue of the Demodulator will discuss several additional facets
of pulse code modulation, including data capabilities, the repeatered line,
fault location at repeater sites, and PCM switching.)
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he entire concept of trans-

mitting voice, television, or
other analog information using a string
of digital pulses — PCM — is unique.
Beyond the initial treatment of the
signal, so different in itself from fre-
quency division multiplexing, there are
many other significant and exciting
factors which increase the telephone
industry’s responsiveness to this new
technology.

The data carrying capabilities of
PCM, for example, are startlingly high
— for a reason. The span concepts of
signal routing and repeatered lines
themselves are dependent on digital
transmission. And the possibility of
direct PCM switching, without return-
ing the signal to audio frequencies, is
perhaps one of the strongest potentials
of all.

Data Transmission

While PCM systems are designed
especially for voice transmission, their
digital format makes them particularly
good carriers of data.

Relatively slow speed data, as would
normally occupy no more than one
voice channel, will be handled through
an existing data modem such as the
Lenkurt 26C. While this type of data set
is designed to condition data signals for
FDM transmission, and therefore has a
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tonal output, it can work into the
T1 system. The data modem output is
sampled by the PCM terminal the same
as with a voice signal.

For higher speeds, special data
modems must work directly into the
repeatered line and in some cases be
able to coordinate with D1 channel
banks. Several data banks will be
available to meet specific needs and
will allow data speeds on the T1 line
from 50 to 500 kb/s.

The economy of using the PCM line
for data is clear. A 50 kb/s data signal
displaces 12 voice channels on an FDM
system, but takes only three channels
on the TI repeatered line. And even
this efficiency is allowing for data that
is not in synchronization with the line
rates. If the incoming data rates
precisely match the bit rates on the
line — 1.5 Mb/s for the T1 — these
synchronous signals can be transmitted
on a bit-by-bit basis.

However, when asynchronous data
must be handled, additional treatment
of the information is necessary. Three
T1 carrier bits are required for each
data bit. The first transmitted bit
indicates a data transition has oc-
curred. The second bit carries infor-
mation on the length of the data bit.
The final bit relays the direction of the
transition — that is, plus or minus.



Therefore, every time a data bit is
received, three suceessive T1 bits are
needed to transmit the information.
The mixture of voice and data
signals on a T1 line is not without its
own unique problems. The usual
8-digit “word” used to transmit voice
is not a natural format for data. For
example, if one-half the line bit rate is
to be used for data, it seems logical
that every other bit transmitted should
be allocated to data. In the 8-digit
grouping used for voice, this is im-
possible. But when data is the only

TILINE  NO,OFDATA  MAX.DATA
LOADING CHANNELS RATE
18 8 64 kb/s
14 4 128 kb/s
12 2 256 kb/s
n 1 512 kb/s

Figure 1. Using alternate bits on T1
results in proportionate data loading.

service provided on the line, the most
efficient method is to use evenly dis-
tributed data bits.

The Western Electric TIWB—1 and
T1WB—2 wideband data banks derive
data channels in this way, using the
appropriate number of alternating bits.
Only simple timing changes are neces-
sary to accomplish a variety of data
speeds. If the data bank clock is
arranged to put a data signal into every
eighth bit on a T1 carrier, this channel
will have a maximum capability of 64
kb/s. However, this will be standard-
ized as a 50 kb/s channel to match
other transmission requirements.
Other possible data speeds arrived at in
this way are listed in Figure 1.

The TIWB—1 has several possible
arrangements depending on the data
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traffic needs between specific termi-
nals, The TIWB—2 is basically a con-
densed version, more economical
where only 250 kb/s data is trans-
mitted. Other combinations are listed

in Figure 2.
Voice With Data

In many cases it will be desirable to
mix voice and data on the same line.
Since their formats do not coordinate,
some conversion will be necessary.

It is possible, for example, to re-
time the 8-bit word of the standard
PCM voice signal to fit into alternate
data bits. Or, the reverse can be
accomplished by transforming the data
stream into 8-bit words. This has been
done in a third data bank, the
TIWB-—3. It will multiplex up to four
data channels, using the remaining
space for voice transmission. Possible
combinations of data and voice are
listed in Figure 3.

The T1WB—3 operates in synchron-
ization with the D1 channel bank.
Framing bits and the line bit stream
for voice channels originate in the D1
and are received and retransmitted
into the T1 line by the TIWB-3. In
the data bank, a timing network clears
pulses from selected voice channels
and leaves them clear for data signals.

An additional task must be per-
formed by the data bank in translating
the data to the 8-bit format. This is
accomplished by storing the data bits
and rearranging them into a time
sequence proper for the preempted
voice channels. The data bits are com-
bined with the retransmitted voice bits
and the total digital stream is sent over
the T1 line.

Although the data bits occupy the
space of a voice channel in the
TIWB-3, they are not directly affec-
ted by the 8-bit format: the organiza-
tion of information in the data word



bears no relationship to the channel
word.

Complementing the three wideband
data banks is a single channel modem
for speeds up to 500 kb/s. The
TIWM-1 will provide _more eco-
nomical service when there is reason-
able assurance that additional wide-
band channels will not be required.
The modem could be operated at the
customer’s location over a dedicated
repeatered line.

Span Concept

The very nature of a digital trans-
mission system allows a new way of
looking at the line and the signal it
carries between offices. In PCM ter-
minology, a series of regenerative re-
peaters from one office bay to another
is called a “span line™,

Using the span concept, it is possi-
ble to provide spare lines and fault
location on an individual span line
basis. And administration for assign-
ment, maintenance, and powering
becomes easier. Any span line is just
like the next and direct substitution is
possible.

In an analog FIDM system, losses in
the line, at terminals, and in repeater
equipment are all cumulative. There-
fore, the routing of calls and the
design of alternate routes are restricted
to some maximum attenuation. The
span concept offers some relief from
this historic problem. Taking advan-
tage of the new technology, it be-
comes much less important for trunk
routing to be along the shortest dis-
tance between terminals.

In practice, span lines between two
central offices may be in different
cable sheaths and may even follow
different geographical routes. But they
are indistinguishable in use and in
design. The span line is a known
quantity to be used as needed, but

814

WIDEBAND BANK CHANNEL ARRANGEMENTS

8 CHANNEL — 50 kb/s

= 4 CHANNEL — 50 kb/s
Vet 1 CHANNEL — 250 kb/s
2 CHANNEL — 250 kb/s

TIWB-2 2 CHANNEL — 250 kb/s

Figure 2. Wideband data banks offer a
variety of channel options.

which remains an independent entity
in the system of which it is a part.
With the PCM system that main-
tains its four-wire nature throughout, a
standard loss of about 3 dB can be
obtained irrespective of the number of
span lines used to complete the route.
In the T1 system, span lines may be
connected in tandem to a limit of
something less than 100 miles.

Fault Location

When trouble occurs in the re-
peatered line, another unique feature
of the PCM system — fault location —
makes it possible to identify the exact
trouble spot from the central office.
First the fault span is taken out of
service by patching. A spare span is
easily substituted. Then a fault lo-
cating test set is used to find the
defective repeater.

WIDEBAND BANK CHANNEL ARRANGEMENTS

1 CHANNEL — 50 kb/s
21 CHANNELS VOICE

2 CHANNELS ~ 50 kb/s

S 18 CHANNELS VOICE

3 0R 4 CHANNELS — 50 kb/s
12 CHANNELS VOICE

Figure 3. Versatile TIWB—3 mixes
voice and data channels.



The fault locating scheme of the T1
system uses twelve different audio
frequencies and an equal number of
matching single-frequency filters —
one for each repeater site. The audio
frequencies are generated in the test
set and introduced to the repeatered
line as a set of digital pulses. These
pulses, which appear as errors to the
repeater, actually have within them an
audio component (Fig. 4).

The frequency selective filter
bridged across the output of each
repeater will pick off a specific tone
intended to test that repeater. The
audio component is looped back to a

may be used and the interrogation
capacity doubled.

PCM Switching

In its normal operation the regen-
erative repeater looks at an incoming
signal train and literally recreates new
pulses in the same sequence as they
were originally transmitted. If, instead,
the repeater could store the pulses
momentarily, and then regenerate
them in a different order, a form of
switching could be accomplished. For
instance, pulses originally representing
channel 4 might be regenerated in the
time slot allocated to channel 7.

Figure 4. The audio component in the fault locating signal is caused by grouping
“error” bits to create one of 12 frequencies.

“fault locating pair” which returns the
signal to the testing office. There it
can be analyzed and the proper perfor-
mance of the repeater determined.

In this way a technician working at
the exchange can test each repeater in
the span without leaving the office.
The frequency used determines which
repeater housing is being tested; the
cable pair selected will determine
which repeater within the housing is
under scrutiny. The 12 frequencies
available make it possible to test 12
different repeater locations, or a total
of 300 repeaters if the housings each
contain 25 repeaters. If more than this
number must be tested from a single
office, an additional fault locating pair

Taken one step further, the device
might connect channel 4 pulses from
one system to channel 7 slots in
another system. This could be used as
a trunk switch operating in the PCM
mnode, without changing information
to audio frequency just for the pur-
pose of switching. Such a method of
switching could have a decided eco-
nomic effect on the PCM systems of
the future as well as offering some
interesting possibilities in plant plan-
ning and design.

There are presently three basic
types of exchange switching: manual,
electromechanical, and electronic. The
electromechanical switch operates in
response to the dial pulsing of the



Figure 5. The dis-
tance between termi-
nals, used in figuring
prove-in economics,
could be lengthened

ELECTROMECHANICAL
SWITCH

PCM SWITCH

considerably with
PCM switching.

subscriber’s telephone and is the most
common method. Operating at 10
digits per second, the systemn has been
adequate for most applications.

But Direct Distance Dialing within
the United States — and soon global
dialing — places tighter restrictions on
the signaling time available. Tone dial-
ing will help, and the installation of
advanced crosshar switching machines
offers some relief. But a variation of
electronic switching now in operation
at several locations lends itself directly
to application with PCM switching.

In PCM transmission, the signaling
information is contained within the
pulse train and therefore arrives at the
exchange at the rapid microsecond
rate of the PCM signal itself. If elec-
tronic switching devices were available
to match this speed, all functions could
be carried out in phenomenal time. It
has been estimated that the entire
process of switching might be accom-
plished in about 100 milliseconds.

Direct PCM switching could offer
much more than speed. If signals did
not have to be demodulated for
switching, considerable economic gain
as well as improved signal quality
could be achieved. Terminal equip-

S;

EXCHANGE
PCM TERMINAL
SPAN DISTANCE
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ment contributes a large percentage of
total system cost. And most degrada-
tion in the system takes place at the
terminals where signals must be trans-
formed from one form to another. The
use of PCM switching could reduce the
number of terminal units required.

Prove-in Distance

System planning dictates that the
transmission engineer must consider
prove-in distances when adding new
equipment, especially carrier systems.
The cost of carrier equipment versus
physical cable, for example, must be
compared for a given system. Gen-
erally it is less expensive to use phys-
ical cable for short distances and
carrier equipment for longer routes.

Consider an exchange system (Fig.
S5A) linked by PCM and using electro-
mechanical switching at the hub. PCM
terminals are required at both ends of
the span between the switch and the
exchange. Therefore, this span dis-
tance must be equal to or more than
the prove-in distance if the system is
to be economical.

By introducing a PCM switch at the
tandem exchange, two terminals are
eliminated and the longer span dis-



tance between the two far terminals
becomes the criteria for prove-in
judgment (Fig. 5B).

Two benefits to the operating
company become obvious — half as
many terminals must be supplied, and
many more short-haul exchange routes
become eligible for PCM.

In most telephone companies ap-
proximately 70 percent of all trunk
lines are 10 miles long or less. If the
prove-in distance is greater than 10
miles for a typical system, then 70
percent of the facilitites cannot be
profitably used with PCM. But PCM
switching could effectively double the
trunk lengths and produce a sizable
increase in the number of trunks avail-
able for PCM transmission.

Switch and Delay

The elementary switching function
is to detect a new call, absorb signaling
information, and set up a path through
the exchange to the outgoing system.
In PCM switching, routing would in-
volve not only finding a clear circuit
leaving the exchange in the proper
direction, but would also necessitate
matching in time of the two channels.

After the information has been
switched out of an incoming pulse
train, a finite amount of delay would
be necessary to fit the signal into the
proper time slot of the outgoing cir-
cuit. Preference would be given to
switching situations where the in-
coming call could go out on the same
channel, thus requiring no delay.
Fixed delay lines would provide the
proper delay for moving pulses into
the time slots of any of the other 23
channels.

Fitting nicely into the span con-
cept, PCM switching could increase the
company’s ability to give the customer

substantially uniform quality com-
munication regardless of the distance
and the number of switching stages
involved.

PCM Compatibility

The nationwide telephone network
— giant machine that it is — must grow
and change while it continues to oper-
ate. Any new technology, such as
PCM, must work with existing facili-
ties. This means that PCM transmission
must be carried out over present cable
and work through the exchange as it is
today. The first PCM systems of the
T1 class have been introduced in just
that way.

If PCM switching is adopted, it will
be added to the existing system. It is
possible — perhaps even economically
advisable — that the PCM switching
will be called on to work with FDM
systems. Local converters could
change FDM audio signals to PCM and
back again for the purpose of switch-
ing. These converter units would be
relatively simple devices, free of com-
plicated synchronization problems in
that both ends of the conversion
would be made in the same office.

Conceivably, PCM techniques could
be extended to the subscriber level.
This would not only open the way to
increased wideband service available at
the home and office, but have a strong
effect on PCM switching, making pos-
sible a complete integrated telephone
network.

Perhaps only with the eventual in-
stallation of the transcontinental T4
coaxial system will an entirely new
PCM facility be established. But it too
will have to coexist with other sys-
tems, accepting PCM-coded FDM
supergroups, and pulse streams from

other PCM systems, the T1 and T2.

e — . —
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The following is the essential text of a talk given by Mr. R. F. White, a
senior staff engineer at Lenkurt Electric Co., Inc., at the International
Conference on Communications held in San Francisco in June, 1970.
Because of the outstanding clarity of the discussion, and because the
article is of general interest to communication systems users, it is
being printed here for the benefit of all Demodulator readers.

n recent years the objectives
for total reliability in mi-
crowave communications systems have
become rather staggering. One ex-
ample is the Bell System’s stated ob-
jective of 99.98% overall reliability on
a 4,000 mile system, which breaks
down to an allowable per hop outage
of about 25 seconds per year. Users of
high reliability industrial systems are
also talking about average per-hop
reliabilities in the order of 99.9999%,
or about 30 seconds per year, for their
long-haul microwave systems.

This discussion is mainly concerned
with the ways in which such micro-
wave system reliabilities are being de-
scribed, specified, and calculated, and
with some apparent problems in some
of the methods commonly used.

The microwave industry has long
been accustomed to making estimates
and calculations of outages due to
propagation, using empirical or semi-
empirical methods.

The results are usually stated either
as a per hop annual outage, or as per
hop reliability in percent. And it is
interesting to note that calculations
using these empirical methods indicate
that by the use of suitable path engi-
neering and diversity, it is possible to
achieve propagation reliabilities in the
above mentioned range.

Calculation methods for estimating
the probable reliability of a microwave
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hop with respect to equipment outages
have also come into the picture in
recent years, using the principles and
practices developed by reliability engi-
neering experts in other fields.

It has also become fairly common
practice to express the calculated
equipment reliability results for micro-
wave systems in terms similar to those
used to describe propagation reliability
in percent as the term is commonly
used by microwave engineers, or as a
per hop ‘“availability.” (The latter
term as used in reliability engineering
is the ratio, over the period of interest,
of the innage time to the total time.)

A natural extension of this practice
is to add the per hop annual outages
for equipment and for propagation
together to get an overall outage to be
used as a reliability “figure of merit”
for the hop.

This discussion will attempt to
show that none of these parameters
—per hop annual outage, per hop
reliability in percent, or per hop avail-
ability — provides an adequate descrip-
tion of the equipment reliability per-
formance in the case of ultra-reliable
systems. It follows, of course, that if
this is so, the “overall total reliability”
concept and figures of merit are
equally unsatisfactory.

Microwave equipment avaiiability
or outage calculations always rest in
the end on two basic concepts: the



“mean time between failures” (MTBF)
and the “mean time to restore”
(MTTR). The relationship between the
two determines the outage ratio.
(MTTR will be assumed to include
notification time, travel time, diag-
nosis time, as well as the actual time to
repair or replace the failed item. Thus,
in this paper, it represents the actual
average length of outage associated
with a failure event.)

In high-reliability systems the rela-
tionships become quite simple, as
shown in Figure 1.

The “innage ratio” is the term
called “availability ” by reliability engi-
neers. Multiplied by 100 to convert it
to percent, it is the “reliability” as
used by microwave engineers.

Figure 2 shows how these param-
eters might look in a more or less
typical non-redundant microwave hop.

The 5,000 hour figure in the de-
nominator is an assumed value for the
MTBF of all the equipment of a
non-redundant microwave hop; it
would correspond to an average of
roughly two failures per year, and
since the hop is non-redundant, each
would be an actual outage.

A value of 5 hours is assumed for
the MTTR, and as stated above, this is
taken to mean all the time from the
instant of failure until the equipment
is restored and back in service.

These assumed values were chosen
primarily for mathematical ease and
are not intended to represent any
actual system. This applies to any
other values used.

What happens with a fully redun-
dant configuration? Here, for simplic-
ity, it is assumed that the non-
redundant equipment is simply dupli-
cated and that a perfect automatic
sensing and switching system is pro-
vided. An MTBF of 5,000 hours for
each side of the redundant configura-
tion and an MTTR of five hours for

any equipment failure are also
assumed. Note, however, that in the
redundant system, a single or one-side
equipment failure will not cause an
actual system outage. Only two simul-
taneously existing failures, one on
each side, can do this.

One further assumption is made in
Figure 3, that failures on the two sides
are totally random and independent.

NON-REDUNDANT

REDUNDANT
WITH ASSUMFPTIONS
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These mathematics illustrate that,
given these assumplions, the average
time between outages (actual system
failures) on this hop would be 570
years.

Continuing with the same redun-
dant example, Figure 4 gives the equa-
tion for calculating the outage ratio,
Ured, for the redundant hop, and the
actual calculation for this example.

This now represents a compleled
calculation which says, given all these
assumptions, the equipment reliability
characteristic for this hop can be
described as 32 seconds of outage per
year.

But, this figure of 32-seconds-per-
year average oulage is only a mathe-
matical abstraction. Since an oulage is
by its very nature indivisible, there can
only be, in any given year, either no
outage at all, or an outage which,
under the assumplions used, must be
very much longer (5 hours per failure
evenl in this model). Neither of these
condilions —no outage or 5 hours
outage— has any real relation lo an
annual outage of 32 seconds, and
consequently the 32-second figure isa
very inadequate way of describing this
situation.

Figure 5 re-emphasizes the point
that whenever the expected outage
(MTTR) associated with a failure event
is relatively large, the occurrence of
such failure events must be extremely
rare (MTBF very large)—if ultra-high
reliabilily is to be achieved.

In real life microwave systems there
are constraints imposed by the fact
that the sytems (at least the long-haul
ones where ultra-reliability is most
urgently needed) involve unattended
repeater slations spread over rather
considerable geographic areas, and
often in relatively inaccessible loca-
tions. This makes it rather unrealistic
to assume that the average restoration
time, even under favorable conditions,
will be less than 1 or 2 hours. Travel
time alone will often be greater than
this, particularly for failures at isolated
points occurring at night or on week-
ends. In fact, the mathematically con-
venient assumption of 5 hours may be
overly optimistic.

A restoration time measured in
hours must be accompanied by equiva-
lent MTBF’ measured in millions of
hours (hundreds of years) in order to
show calculated reliability in this range

of 99.9999% per hop.

REDUNDANT — WITH ASSUMPTIONS
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MTBF MUST BE ONE MILLION
TIMES THE MTTR!

This, coupled with the fact that it is
impossible to have a fractional failure
in a real system but only integral ones,
is the real crux of the problem being
discussed.

It has been shown how our example
of a redundant hop could calculate out
to an average per-hop annual outage of
32 seconds due te equipment. But it
must be recognized that in a real
system this is a meaningless value
which cannot exist except by a wildly
unlikely set of coincidences. Even if

the analysis and the assumed param-
eters and conditions were precisely
correct, the hop would have to be
operated for at least 570 years in order
to get even a minimum test, and in
that time we get 509 years with zero
outage and one year —which could be
anywhere along the line— with 5-hours
outage. Thus, “annual outage” is quite
meaningless, and even the availability
or reliability parameters would be
meaningful only for the average per-
formance over something like 10,000
years, or 10,000 hops.

The situation is quite different with
respect to propagation outages and the
kind of difference is shown in Figure
6. Here, a simple propagation situation
has been made up which also leads to
the same annual outage.

The propagation outages shown are
based on a simple assumption of a
diversity path with a 40-dB fade
margin, Rayleigh fading on each side,
and a diversity improvement factor of
about 100. Under these assumptions,
each side of the diversity would have a
reliability of about 99.99% or about
53 minutes of outage per year, con-
sisting of perhaps 1,000 individual hits
averaging on the order of 3 seconds

PROPAGATION EQUIPMENT
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each. The diversity improvement fac-
tor of 100 to | would lead to about 20
simultaneous hits per year, that is, 20
actual outages, each averaging about
1.5 seconds in length.

The 20 or so simultaneous hits,
giving a total annual outage of about
30 seconds, constitute enough events
to provide a reasonably adequate sta-
tistical population over a year, so that
results expressed in this way are quite
meaningful and can be related to real-
life systems.

But the situation is quite different
in the equipment column, in which
there are about 2 one-side failures per
year, and about 1/570th of an actual
outage per year, so that the annual
outage is 1/570th of 18,000 seconds,
or about 30 seconds.

The difference in scale and sample
size between the two situations is
about 10,000 to 1, and it is clear that,
despite the fact that in both cases
there is a calculated annual outage of
30 seconds, the two types ol outage
are in fact totally and radically dif-
ferent in nature and cannot be usefully

combined or treated in a similar
fashion.
Twenty outages per year, each

averaging less than two seconds, and
one outage of several hours occurring
only once every live or six centuries
simply have nothing in common with
each other.

The point is that in such ultra-
reliable cases, the propagation reli-
ability and equipment reliability of
microwave hops must be treated and
described separately.

Annual outage remains good
way to describe the propagation reli-
ability. Availability, or reliability in
percent, is equally good. It would be
uselul, however, to include information
about the number of events and their
average duration, the annual outage
being the product of the two.

a
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For equipment reliability, two
alternative metliods seemn to have some
merit, though neither is entirely satis-
factory.

One is simply to state the equiva-
lent system MTBF as a parameter. In
the case of ultra-reliable systems this is
usually the redundant MTBF. Prefera-
bly the MTBF in hours should be
divided by 8760 and the result stated
in years, since il is easier to relate to
the real world. A statement that the
MIBF of a microwave hop is 570
years is likely to arouse some skepti-
cism on the part of engineers familiar
with electronic equipment; whereas, a
statement that it is 5,000,000 hours
might not have the same impact.

A second possibility would be to
use this equivalent redundant MTBF
to calculate the probability that the
hop will operate without failure for a
period of a year, using the standard
reliability formula as given in Figure 7.

The expression R(t) gives the reli-
ability finction in the nomenclature
used by reliability engineers; that is,
the probability that the device under
consideration will operate without fail-
ure for a time t.

Summing up, the equipment reli-
ability calculations, in situations of
this type, are really saving that there is
a very high probability that the outage
due to equipment in any year will be
zero, but if such an outage does occur,
it will be very long (comparatively)
and will probably use up the allocated
outage time for hundreds, perhaps
thousands of years.

This poses the very serious problem
that if —as is very likely to happen—
equipment reliability prognostications,
showing average per-hop outages of
seconds, or even a few minutes, per
year, somehow get turned into specifi-
cation requirements (rather than just
calculations or estimates), the supplier
is faced with the awesome realization



that the only way he can meet such a
specification at all, over any time
period of interest —even the entire life
of the equipment in some cases— is to
have zero outages due to equipment.

Another serious —though perhaps
less apparent— problem is that there is
no evident way to make any realistic
evaluation of the relative worth of
simply changing the odds that there
will or will not be an outage. For
example, suppose one has a hop with a
predicted probability of one outage
every 100 years. How much would it
be worth to reduce the outage prob-
ability to one every 600 years? In
cither case any outage in a year, or
even over the life of the equipment, is
highly unlikely, and in either case, if
an outage does occur, its length will be
the same— the X hours it takes to
repair and restore the equipment.

The limitation discussed here is a
basic one which does not depend at all

on the validity of the assumptions or
the calculations. It results simply from
three things: microwave systems dis-
tributed over wide geographical areas;
repeater stations (and often terminals
as well) operated on an unattended
basis; and outages due to equipment
failure (unlike those due to propaga-
tion) requiring human intervention to
restore and consequently, in general,
requiring a rather large block of outage
time associated with any outage event.

Regardless of the means used to
describe it, there seems to be a param-
eter, with respect to equipment out-
ages, which describes a situation that
cannot exist in the real world, cannot
be measured, and to which it is diffi-
cult to assign any economic or
monetary value.

A further consideration is that the
models customarily used in making
equipment MTBF calculations con-
sider only those outages or failures
caused by chance, random failure of
individual components for which no
cause can be determined, and thus
exclude most of the failures which
occur in real systems— for example,
failures due to human error in the
design, the manufacture, the installa-
tion, the operation, and the main-
tenance areas; ‘‘early” or burn-in
failures; wear-out failures; or unusual
stress situations affecting both sides of
a redundant system. Therefore, it is
apparent that such a priori equipment
reliability calculations should be treat-
ed with considerable caution.
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Microwave radio systems are playing an
extremely important role in the expansion
and modernization of fixed communications
facilities. The load handling capacity of
microwave communications systems has
been steadily increasing during the past ten

he increased usage of mi-
trowave radio systems has
high premium on relia-
1t outages involving per-
haps hundreds of communications cir-
cuits — especially those carrying vital
messages and real-time data, The great
importance placed on reliability has
brought about several methods of pro-
tecting microwave systems against the
possibility of interruptions in service.

Loss of primary power, equipment
failure, and multiple path (multipath)
fading are the three most serious events
which can interrupt service on micro-
wave radio communications systems.
Primary power failures are counteracted
by auxiliary sources of electric power
standing by ready to assume the load.
High quality components and complete
“hot standby™ systems that switch into
service automatically if the primary sys-
tem fails are used to protect against
equipment failures.

The most troublesome event to guard
against is multipath fading. This elu-
sive and random phenomenon unpre-
dictably drops the signal level at the
receiver of microwave radio systems.
Multipath fades occur mostly at night,
are frequency selective, and pass very
swiftly. They are caused by reflected or
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years. This improved capability has made
them increasingly useful for telephone
traffic, broadcast audio and television, tele-
photos, and in meeting the rising demand
for digital data communications.

refracted energy arriving at the re-
ceiver out of phase with the direct
beam.

Multipath Fading

Microwave radio beams exhibit many
properties of light — they travel in
relatively straight lines, are reflected by
large flat surfaces, and are refracted by
atmospheric conditions. During normal
conditions, temperature, humidity and
pressure in the lower atmosphere de-
crease almost linearly with increased al-
titude. This produces a corresponding
linear decrease in the refractive index
of the atmosphere. The velocity of mi-
crowaves traveling through the atmos-
phere increases as the refractive index
decreases. As the wavefront passes
through a normal atmosphere, the in-
creased velocities at the top of the
wavefront cause the microwave beam
to bend slightly downward in a rela-
tively uniform curve. This curve is
about one-fourth the curvature of the
carth.

Unfortunately, normal atmospheric
conditions do not always prevail. Ir-
regularities in the atmosphere cause
energy components of a microwave
beam to be reflected or refracted up-
wards or downwards instead of follow-



Figure 1. The velocity of microwaves
traveling through the atmosphere in-
creases as the refractive index of the
air decreases. The increased velocities
at the top of the wavefront cause the
microwave beam to bend.

ing the normal slightly curved path to
the receiving antenna. As a result, two
or more separate wave components may
travel to the receiver over slightly dif-
ferent paths. These components will be
somewhat out of phase with each other
because of the difference in the length
of the path each has traveled. Also, at
each point of reflection a 180° phase
shift normally occurs.

If two equal signal components
travel paths that are different by a
wavelength, and one signal component
has been reflected, they will arrive at
the receiver 180° out of phase. Since
the signal energy at the receiver is the
vector sum of the wave components,
the resultant strength of the two signal

components will be zero. It is interest-
ing to note that the wavelength of a
6000-MHz carrier is only about two
inches. Thus, a one inch difference in
the path traveled by two equal signal
components (without a reflection) will
cause total energy cancellation.
Normally, the information content
of a microwave carrier is not disturbed
by multipath fading. Differences in
path length due to atmospheric refrac-
tion and reflection usually vary from a
fraction of an inch to perhaps six or
seven feet. Such differences cause many
opportunities for severe phase separa-
tion of carrier wave components at
microwave frequencies. However, such
differences in path lengths are only a
fraction of the wavelength of the in-
formation-bearing or modulating com-
ponent of the microwave carrier, For
example, the highest frequency in the
baseband modulating signal of a typical
600-channel multiplex system is less
than 3 MHz. A 3-MHz signal has a
wavelength of about 328 feet. Path
length variations of six feet represent a
phase difference of only about 6.6 de-
grees between two 3-MHz components
— not enough to cause significant sig-
nal distortion. The main problem is to
ensure that enough microwave energy
reaches the antenna so that the signal
can be detected properly in the receiver.
Some multipath fades reduce the
signal strength only a few dB, but deep
fades may cause it to drop more than

Figure 2. In a normal atmo-

sphere, microwaves beams bend

slightly downward in a relatively
uniform curve.
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40 dB. As already mentioned, multi-
path fading occurs randomly. Lord
Rayleigh showed that random phase
cancellations occur in a predictable
manner and follow the probability dis-
tribution shown in the curve of Figure
3. This curve indicates the probability
of microwave fades of various depths.
For example, fades of 35 dB or more
from the median signal level are shown
to occur 0.02% of the time. In a year
this would amount to about an hour and
45 minutes during which transmission
would be interrupted. This might seem
like a relatively short period of time,
but it could represent thousands of
short term outages. Large numbers of
short outages are extremely objection-
able when transmititng high speed data.
It should be emphasized that the
Rayleigh distribution applies only to
the time when multipath fading is oc-
curing. Also, this method of predicting
the probability of fades is not precise,
but is an expedient that can be used to
estimate the propagation reliability of
a particular system based upon a certain
fade margin. The fade margin is the
difference in dB between the practical
noise threshold (or FM improvement
threshold) and the median receiver in-
put signal level selected for the system.
Propagation reliability is simply the
percentage of time that the receive sig-
nal is above the noise threshold point
of the receiver. The fade margin re-
quired to meet propagation reliability
objectives, determined by actual field
tests and economic considerations, is a
function of output power, receiver in-
put power, antenna gain, and wave-
guide and free space losses. Typically,
fade margins for line-of-sight micro-
wave radio systems operating in the 6-
GHz band range from about 30 to 40
dB, usually providing propagation re-
liabilities greater than 99.9 percent.
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Enginecring a microwave linc-of-
sight path with a fade margin that will
assure almost 100 percent propagation
reliability can be very costly. The ex-
pense of shorter hops, with larger an-
tennas, reflectors, and towers needed to
obtain extra power to offset deep fades
places an cconomic limit on such an
approach.

A more practical approach has been
to use diversity reception — a means of
reducing the effects of multipath fad-
ing. Three types of diversity reception
commonly used in radio systems are
polarization, space, and frequency.
Polarization diversity has been useful in
lower frequency radio systems that use
sky waves, but it has not provided any
significant advantage in line-of-sight
microwave systems.

Space and Frequency Diversity

In space diversity, two or more re-
ceiving antennas intercept signals from
the same transmitter. The receiving an-
tennas are usually separated vertically
on the same tower, providing separate
direct paths from the transmitter. It is
highly unlikely that signals traveling
over vertically separated line-of-sight
paths will incur deep fades simulta-
neously because of the vertical charac-
teristic of the phenomenon. Thus, a suf-
ficiently strong signal should usually be
present at one of the receivers. The
amount of vertical separation required
for the receiving antennas may range
from a few fcet to over 80 feet.

A minimum of one transmitter and
two receivers with separate antennas are
required at the terminals of a space di-
versity system. However, a hot-standby
transmitter may be required to protect
against equipment failures. Since only
one frequency is needed, this type of
diversity reception is especially useful
in conserving frequency allocations.
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Frequency diversity has been the
most popular type of diversity recep-
tion where the use of two or more fre-
quencies in one system is permitted.
Since multipath fades are frequency
selective, microwave signals sufficiently
different in frequency are not likely
to fade simultaneously due to the dif-
ferent wavelengths of the signals.

This type of diversity reception re-
quires two or more transmitters, each
operating at a different frequency, and
two or more receivers, generally using
the same antenna. The completely re-
dundant system also provides an im-
provement in overall equipment relia-
bility. Like space diversity, a sufficiently
strong signal should usually be present
at one of the receivers. Normally, the
frequencies selected for this type of di-
versity reception are within the same
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band allocation. For maximum propa-
gation reliability, the frequencies
should be separated by about 5 percent
of the lower frequency. In practice, it
is seldom possible to obtain more than
about 2 or 3 percent separation because
of limited frequency allocations within
the band. An extension of frequency
diversity, called cross-band diversity, is
sometimes permitted using frequencies
in different bands (e.g., 6 and 12
GHz).

In any type of space or frequency
diversity system some sort of combining
technique is used at the receive termi-
nal to process the diversity signals.
Three forms of combining in use are
variable gain, equal gain, and optimal
switching. Combining can be accom-
plished at the baseband level (post de-
tection combining) or at the interme-



diate frequency level (predetection
combining). Post detection combining
is the most commonly used method.

Variable Gain Combining

In variable gain combining, the sig-
nals from two diversity receivers are
amplified then added together to form
a combined output. The amount of am-
plification each signal receives depends
on the signal-to-noise ratio. The signal
with the highest signal-to-noise ratio
receives the largest gain and thus pro-
vides a larger portion of the baseband
output. The two signals add together on
a voltage basis (20 log) while noise in
the two circuits is random and tends to
add on a power basis (10 log). When
the signal-to-noise ratios of the two
signals are equal, the signal-to-noise
ratio of the combined output, theoreti-
cally, will be 3 dB better than that of
either receiver.

'R}
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Figure 6 is a simplified diagram of
a typical variable gain combiner circuit
that combines the output signals from
two diversity receivers. The signals
from each receiver are at a fixed level
and are adjusted so that they are equal
both in magnitude and phase. The fil-
tering and sensing unit bridged onto
each receiver leg monitors the channel.
A pilot monitor signal and a noise
monitor signal (proportional to the
noise sensed in the channel) are fed
from each receiver leg into a control
unit. The control unit continuously
compares the noise voltages in the two
legs and feeds a gain control signal
to the two variable amplifiers. The con-
trol signal adjusts the gain of each
amplifier (upward or downward) in
accordance with the so-called ratio-
squared principle. For this reason, this
type of device is often called a ratio-
squared combiner.
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Figure 4. Two types of diversity reception commonly used in line-of-sight micro-
wave systems are frequency diversity and space diversity.
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Figure 5. Some method of combining

the multiple signals is required at the

recetve terminal of a diversity system.

Three forms of combining in use are

variable gain, equal gain, and optimal
switching.

If the signal-to-noise ratio in both
receiver legs is equal, the gains in the
two amplifiers will be equal and each
receiver will be contributing the same
amount of signal to the baseband cir-
cuit. If the signal in one receiver fades,
decreasing the signal-to-noise ratio, the
gain of the variable amplifier in that
leg will drop by a corresponding
amount, while the gain in the other
amplifier will be increased. Ideally, the
amount of gain changes in the two am-
plifiers should provide an optimum
signal-to-noise ratio for the combined

output and maintain the signal at ex-
actly the normal level.

If the continuity pilot in one leg
disappears, the gain of the amplifier in
that leg will be driven to zero while the
gain of the other amplifier will be in-
creased to keep the baseband signal at
its normal level. The squelch or mute
relays in each receiver leg are con-
trolled by the noise monitor signal
from each filtering and sensing device.
When the noise in a leg reaches a set
level, usually about 49 to 52 dBao0, the
switch will open, disconnecting the
noisy receiver from the combiner cir-
cuit. If the noise in both receiver legs
reaches the set level at the same time,
both circuits will be disconnected and
there will be no output signal.

One of the disadvantages of the var-
table gain combiner is the gain varia-
tions it introduces into the system. Sta-
bilizing a variable gain amplifier is far
more difficult than stabilizing the gain
of the fixed amplifiers in other parts of
the system. Consequently, this type of
combiner is inherently a source of un-
stable gains, a feature not found in the
other types of combiners.

Also, variable amplifiers are a source
of intermodulation noise, In wideband,
high density microwave systems inter-
modulation noise can be a serious prob-
lem. To overcome this problem the
combiner output signal level usually
must be lower than the standard output
levels established for microwave sys-
tems. In such cases, additional amplifi-
cation has to be provided after the com-
biner. Redundant amplifiers with failure
sensing devices may be required in
this circuit to maintain a satisfactory
degree of equipment reliability. All of
the additional active devices used in this
type of combiner tend to lower the
overall equipment reliability of the
microwave system.
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Equal Gain and Optimal
Switching Combining

In equal gain combining, the two
signal voltages and the noise power add
together in the same manner as in the
variable gain combiner. The signal ap-
plied to the baseband circuit, therefore,
is the sum of the two receiver signals.
When the signal-to-noise ratios of the
two separate signals are equal, the sig-
nal-to-noise ratio of the combined out-
put theoretically will be 3 dB better. As
long as the two ratios remain within
several decibels of each other, there
will be a noise improvement in the
combined output. However, the signal-
to-noise ratio of the combined output
can never be more than 6 dB better than
the signal-to-noise ratio of the worst re-
ceiver channel. Consequently, this type
of combining cannot overcome tremend-
ous increases in noise from a re-
ceiver during a very deep fade. The
device used to achieve equal gain
combining is often called a /linear-
adder combiner.

Optimal switching combining is not
actually a combining technique, al-
though it is generally classified as such.
In this type of system an automatic
switching device monitors continuity

pilots and noise levels from both re-
ceivers, determines which signal is best,
and connects that receiver to the base-
band circuit. The receiver with the
weaker signal is disconnected from the
baseband circuit.

A very practical and reliable method
that has been successfully used is a
combination of the optimal switching
and equal gain techniques. In this type
of system, when one of the diversity
signals fades too far below normal, its
receiver is disconnected from the com-
biner circuit and only the good signal
from the other receiver is applied to
the baseband circuit.

Figure 7 is a simplified diagram of a
typical combiner circuit using the com-
bination optimal-switching and equal-
gain technique.

This circuit, like the ratio-squared
combiner circuit, contains a filtering
and sensing device bridged across each
receiver leg. Also, the receiver output
signals are at a fixed level and are ad-
justed to be equal in magnitude and
phase. However, the fixed levels are
typically set at about —15 dBm com-
pared to a lower level of about —32
dBm used in ratio-squared systems.

Under normal conditions, half the
signal voltage in each receiver leg is
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dropped across a resistive network
while the other two halves are combined
in phase and applied to the baseband
circuit. Because the two signal voltages
are in phase, they add directly to pro-
duce an output signal voltage equal to
that in each recciver leg. As stated pre-
viously, the two signals add together
on a voltage basis (20 log) while the
random noise tends to add on a power
basis (10 log).

The comparator and control unit
continuously monitars and compares
the noise voltages in the two receiver
legs. As long as the two voltages are
within 5 to 6 dB of each other, the
combiner is kept in the combined con-
dition. If one signal fades to the point
that the noise voltage becomes about 6
dB greater than that in the other leg, the
receiver circuit will be automatically dis-
connected. At the same time, the full
signal voltage from the other receiver
will be connected to the baseband cit-
cuit. The switching time is usually very
fast, about 1 to 2 microseconds, to pre-
vent any level or phase changes. The cir-
cuit will remain in this wncombined
condition as long as the noise differen-
tial persists. The same switching action
will occur if the pilot in one of the re-
ceiver legs is lost.

The squelch or noise muting circuit
used in the equal-gain optimal-switch-
ing type of combiner operates similarly
to the one described for the ratio-
squared combiner. However, there is no
need for extra relays or switches since
the function can be performed by the
faster-acting solid-state noise differen-
tial switches.

Variable gain combining provides a
slight advantage over the combination
equal-gain optimal-switching type, with
respect to receiver front end thermal
noise, when the two diversity signals
are unequal by a few dB. However,
under usual signal conditions front end
thermal noise is seldom the controlling
noise problem in line-of-sight systems.

Standby Diversity

Frequency diversity systems require
twice as much transmitting and re-
ceiving equipment as an unprotected
system. In large systems, where many
radio channels link the same locations,
the cost of duplicate equipment for
each channel may be prohibitive. Also,
there may not be adequate space for all
the extra equipment, or the signals
might occupy such a large portion of
the available frequency band that di-
versity reception is not feasible,
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In such situations it has become prac-
tical to use a standby radio channel that
is shared by perhaps three or more
working channels. The standby channel
and the working channels each require
a separate frequency assignment. This
standby arrangement reduces the cost of
providing frequency diversity recep-
tion for each channel thereby conserv-
ing frequency allocations. Standby di-
versity, which cannot be used in space
diversity systems, provides what is re-
ferred to as one-for-two protection,
one-for-three protection, two-for-six
protection, and so on. The first quantity
refers to the number of standby chan-
nels and the second to the number of
working channels. One-for-three pro-
tection, for example, means that one
channel is providing standby protection
for three operating channels. If one of
the operating channels fails, or if its
signal fades or contains excessive noise,
a sensing mechanism at the receiver
switches the signal from the failed

CARRIER

Figure 8.

channel to the standby channel with
little or no interruption in service.

This type of diversity reception has
become practical through the develop-
ment of high-speed solid-state logic and
switching circuits that automatically
control the transfer of channels, usually
on some priority basis. Channel switch-
ing can be accomplished at the micro-
wave, intermediate frequency (IF), or
baseband signal level, and many types
of switching and priority arrangements
have been developed to meet the needs
of different applications.

Figure 8 illustrates a typical one-for-
three protection arrangement. In this
arrangement, channel B is operating in
frequency diversity with channel A,
while at the same time providing hot
standby protection for channels C and
D. Channel A would normally be carry-
ing higher priority trafic and would
have the controlling use of channel
B. Thus, if channel A fails and is
switched out of service, channels C and

CARRIER

CARRIER

Block diagram of typical standby diversity protection system. Channel

B operates in frequency diversity with channel A, while providing backup for
channels C and D in the event of a failure.
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D will not be protected by channel B
until channel A ts restored. If channel A
is operating, and channel C or D fails,
channel B will switch from its frequency
diversity arrangement with channel A to
support the failed channel. However, if
channel A should also fail, channel B
will drop channel C or D and restore
service to higher priority channel A.

In another type of arrangement, the
standby channel might be used to carry
low-priority traffic, instead of operating
in frequency diversity, while providing
protection for perhaps three other chan-
nels carrying higher priority traffic.
When an equipment failure or exces-
sive fade occurs on one of the regular
channels, the standby channel will drop
its low-priority traffic and support the
failed channel, While the standby chan-
nel is supporting a failed channel, the
other regular channels are, of course,
unprotected.

Conclusions

Frequency diversity systems have a
significant advantage over hot standby
or space diversity systems since any of
the duplicate parallel channels can be
completely tested while in service. Also,
space diversity systems require addi-
tional waveguide runs and more com-
plex antenna arrangements which, of
course, increases their cost. However,
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frequency diversity operation 1s pro-
hibited in many applications because of
the amount of congestion within the
allocated frequency band. In these sit-
uations the choice of protection systems
is limited to hot standby or space di-
versity arrangements.

The choice of combining techniques
used at the receive terminal in diversity
systems depends, to a great extent, on
the operating characteristics of the par-
ticular microwave radio system. Tropo-
spheric scatter microwave systems, for
example, are usually characterized by
continuous fast fading, low signal
levels, low fade margin, and relatively
high receiver front end thermal noise.
Under these conditions, the ratio-
squared combiner generally provides the
best noise improvement.

The same is not necessarily true,
however, in line-of-sight microwave
systems. These systems are characterized
by rclatively high signal levels, high
fade margins, normally low receiver
front end thermal noise, and only oc-
casional periods of fading. Under aver-
age conditions, intermodulation and in-
trinsic noise usually are a greater prob-
lem in these systems than front end
thermal noise. For this type of noise, the
equal-optimal gain-switching combiner
provides the best combiner noise im-
provement.
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Electromagnetic wave propaga-

tion depends on a number of
varying factors. Each of these factors
can cause radical changes in the recep-
tion of a radio signal.

The sun, the earth’s terrain, the
weather all work their peculiar influ-
ences. The sun, for instance, has a direct
effect on the ion concentration of the
ionosphere. The jonosphere in turn re-
fracts radio waves.

How a particular signal is affected
by sun, terrain or weather depends on
its path through the atmosphere. Three
such paths have been identified and
designated as sky, ground and space
waves.

Ground waves, as the name implies,
hug the ground. Sky waves travel to the
upper atmosphere where the ionosphere
refracts them back to earth. Space waves
propagate through the atmosphere just
above the ground. They usually travel in
straight lines.

At any given frequency only one or
at most two of these waves are useful.
The others are either attenuated or lost
when they are not bent back to earth.

Point-to-point microwave systems
rely on space wave propagation. As
space waves they are supposed to follow

COPYRIGHT © 19 LENKURT ELECTRIC CO., INC

. wave jnterference
caused by atmospheric
discontinuities means
trouble for space waves.

straight lines. Occasionally, however,
they do not because as electromagnetic
waves they are susceptible to atmo-
spheric bending from diffraction, reflec-
tion and refraction.

The Bends

A diffracted wave bends around
corners because the edges of the wave
tend to fill the areas masked by ob-
stacles. A reflected wave bends because
it encounters a reflecting medium. A re-
fracted wave bends because its speed
changes. Of the three, reflection and
refraction pose the biggest problems in
microwave transmission.

Radio waves can be reflected from
a smooth surface just as light can. The
amount of reflection depends on the
angle of incidence or the approach
angle and the reflective quality of the
material doing the reflecting. At low
angle reflection the wave undergoes a
180° phase shift.

Figure 1 shows an electromagnetic
wave at the point of reflection. If there
had not been an obstruction, the wave
front would have continued to a'b.
The reflecting surface caused a change
of direction which resulted in the wave
front acb. As the wave front continues
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Figure 1.
undergoes a change of direction and
usually a change of phase at reflection.

An electromagnetic wave

to arrive at the reflecting surface, it is
redirected and its phase shifted 180°.

The third type of wave bending, re-
fraction, is the least predictable. It is
directly related to the condition of the
atmosphere and as such also has some
influence on the reflection of a radio
wave.

Density changes which affect the
speed of an electromagnetic wave cause
refraction. To describe this effect an in-
dex of refraction—the ratio of the
speed of light in a vacuum to the speed
of light in another medium—was con-
ceived.

The index was originally developed
to analyze light rays, but because both
light and radio waves are electromag-
netic, the principle applies to radio
waves as well. The speed of light, or for
the purposes of this discussion the
speed of a radio wave, decreases as the
density of the medium of propagation
increases. This relationship of density
and speed is an important one.

As a radio wave moves obliquely be-
tween two differing densities (Figure
2), its change in speed alters its direc-

tion. If the wave enters a more dense
area, the forward part of the wavefront
slows, causing it to lag behind its upper
portion. This uneven increase in speed
across the wavefront forces the wave to
pivot around its slower end just as a
marching line of soldiers does when
turning.

Atmospheric Alterations

If there were no atmosphere—there-
fore no density changes—a radiated
signal would proceed in a straight line.
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Figure 2. An electromagnetic wave is

refracted when it encounters a medium

of different density. The resulting

speed change usually causes a change
in direction.

But there is an atmosphere which can
refract waves and therefore alter their
relationship with the earth.

A single microwave beam, for in-
stance, might follow a number of avail-
able paths. One might bring it down to
the earth, another bend it away, or still
another might lead it in a curve roughly
equivalent to the curvature of the earth.

In a standard atmosphere where den-
sity decreases with height, the prevail-
ing tendency of a space wave is to curve
but at a slightly slower rate than the



curvature of the earth. Unfortunately,
the atmosphere does not always con-
form to a standard density pattern.

Figure 3 illustrates various atmo-
spheric profiles each of which will
change the propagation path of a space
wave. The graphs use a modified refrac-
tive index, M, defined in units which
relate the curvature of a microwave
beam to the curvature of the earth. The
value of M at a given altitude depends
not only on the index of refraction at
that altitude but also on the ratio of that
altitude to the radius of the earth.

Figure 3A shows a slope which is
standard for most of the earth. When
the slope of the M curve is greater than
normal but not negative, the tropo-
spheric condition is known as super-
standard (earth flattening), hence the
radio horizon distance is increased.
When the slope of the M curve is less
than normal, the tropospheric con-
dition is known as substandard (earth
bulging).

Figures 3B and 3C show two profiles
which indicate an atmospheric inver-
sion. In both cases a space wave signal
will be trapped at the elbow of the

curve, This produces a condition known
as ducting which can confine a signal to
one height. When this happens, a signal
caught in an unfavorably located duct
can be at least partially blocked. An un-
favorably located duct is one not at the
same height as the receiving antenna.

K and the Earth

The need to correlate the conditions
of the atmosphere and the curvature of
a radio signal has led to the definition of
an equivalent earth radius factor K. This
factor compensates for apparent varia-
tions in the curvature of the earth
caused when an electromagnetic wave
bends. In effect the earth is flattened,
bulged or depressed by the condition of
the earth’s atmosphere.

In a standard atmosphere K equals
4/3 of the curvature of the earth. With
a standard atmosphere the earth does
not fall away from a microwave beam
in as short a distance as would be ex-
pected. The beam has a curvature less
than that of the earth.

The earth appears to become increas-
ingly flat as the value of K increases.
When K equals infinity the earth ap-

Figure 3. Typical M profiles showing atmospheric conditions. Profiles B and C
indicate an inversion which can cause ducting. Each profile has associated with
it different propagation characteristics.
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Figure 4. The equiv-
alent earth radius
factor K shows the

TRUE
EARTH

pears to a microwave beam to be per-
fectly flat. In effect, when K is at in-
finity, the microwave beam curves at
exactly the same rate as the earth.

If the value of K becomes less than
one, the curvature of the beam becomes
negative. The beam itself curves in a
direction opposite to that of the earth.

To the beam the earth appears to
bulge. The effect of bulging is to put
obstacles in the way of the transmission
path.

The earth’s actual surface also has an
influence on the atmosphere. Over cer-
tain kinds of térrain the influence is
negligible but over others it is especially
significant.

The atmosphere over flat lands or
water, for instance, is subject to tem-
perature inversions which can cause
ducting. Atmospheric turbulence in
mountainous areas causes mixing which
aids space wave transmission.

The earth’s terrain also affects the
propagation of microwaves by causing
or preventing reflections. Reflections
from a rough surface are usually no
problem because the incident and reflec-
tive angles are quite random. A rela-
tively smooth surface, however, can re-
flect signals toward the receiving an-
tenna.

path of a microwave
beam relative to the
surface of the earth.
(For the purpose of
tllustrating this, the
earth’s curvature is
exaggerated.)

Transmission Paths

Both reflection and refraction occa-
stonally complicate transmission paths.
In itself this is not a problem. The
problem arises because a radio signal is
not the neat little beam depicted in
most diagrams. In reality radio signals
spread as they advance, becoming not
just one beam but, theoretically, an in-
finite number of them (Figure 5).

Each component of the wave, travel-
ing its own unique path, is subject to
different reflections and refractions.
Some components do not reach the re-
ceiving antenna at all. Of those that
do, there can be both principal and
secondary wave components.

One convenient definition of these
components hinges on the paths they
follow. The principal component is the
direct or unobstructed component and
any reflected component of the wave.
Secondary components are those which
travel multiple paths through the atmo-
sphere.

At any instant the signal strength at
the receiving antenna is the vector sum
of its components. Combinations of the
principal and secondary components
produce phase interference—one cause
of multipath fading.
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Two components of a wave can cause
a 6 dB increase in signal strength or a
complete null. The degree and char-
acter of interference depends on the
amplitude and phase difference of the
two components.

The exact nature of a cancellation or
reinforcement varies with the circum-
stances. Components 180° out of phase
experience a degree of cancellation di-
rectly related to amplitude. On the other
hand components of the same ampli-
tude experience a degree of interference
dependent on phase differences.

There are examples of multipath fad-
ing which appear to be the result of
more than two interfering waves. In-
vestigations have led to the assumption
that very deep multipath fading often
results from the coincident arrival of a
signal weakened by its reflected compo-
nent and a secondary wave.

Solutions

Although multipath fading is quite
random, there are ways to compensate
for it. The least subtle and most obvious
solution is to provide extra signal
strength—increased by an amount
known as the fade margin. This has the
effect of increasing the amount of fad-
ing a signal can withstand before it be-
comes unusable.

A fade margin figure for a typical
6-GHz path is 30-40 dB. When the
signal path is over a good reflecting sur-
face such as water, additional fade mar-
gin must normally be provided.

Fade margin can be obtained in four
ways. The first is to increase antenna
gain by making the antenna larger. The
second is to reduce the distance between
antennas. The third and fourth are
either to increase the transmitter power
output or decrease the receiver noise
figure. The effects of these adjustments
vary widely and are often limited by
expense or location.
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Another solution to multipath fading
is the use of diversity systems. Three
methods have been tested and two are
known to have been put into practical
operation on microwave systems. Both
frequency diversity and space diversity
can reduce the amount of outage time
due to deep multipath fading on most
microwave systems.

The third method is polarization di-
versity. It requires two synchronized
radios transmitting the same informa-
tion on the same frequency but at dif-
ferent polarizations. The method has
been useful in lower frequency radio

Figure5. Radio signals spread as they

travel through the atmosphere. In ef-

fect the signal becomes many beams

each subject to the atmosphere’s in-
fluence.

systems using sky waves, but with space
waves both polarizations have been
found to fade simultaneously.

Frequency Diversity

Frequency diversity systems require
at least two separate transmitters and
two receivers operating on different fre-
quencies. Normally it is not necessary
to have a separate antenna for each
transmitter and receiver. The receivers
are connected to a diversity combiner
which adds the two received signals to
form a usable, combined output.
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Figure 6. With fre-
quency diversity two
wavelengths travel
the same refracted

path (b) but will not

have the same inter-

fering effect on the
direct wave (a).

Most frequency diversity systems
have frequency separations of 2-5 per-
cent of the lower frequency. This sep-
aration keeps the frequencies within the
same band. Some systems use frequen-
cies from two microwave bands, for ex-
ample 6 and 12 GHz, thereby obtaining
much greater separation. This latter
method is called crossband diversity.

The effectiveness of frequency di-
versity depends on the wavelength dif-
ferences of the frequencies in use. Fad-
ing occurs when the components of a
signal interfere in such a way as to
cause cancellation. Interference depends
on the relationship of direct, reflected
and secondary waves. With signals hav-
ing Jifferent wavelengths but following
the same paths, it is unlikely that they
will cause simultaneous deep fades.

When considering any given path
over which both frequencies must
travel, it is easy to see why interference

will not occur simultaneously on both
frequencies. For each frequency there
may be a number of different paths, but
neither frequency can follow one path
to the exclusion of the other frequency.
When the wavelength of one frequency
travels a distance which causes interfer-
ence with the direct component of that
frequency, the wavelength of the other
frequency—traveling the same distance
—will not have been delayed enough in
its travels to interfere to the same ex-
tent with the direct component of its
frequency.

As a solution to multipath fading,
frequency diversity is simple and use-
ful. The redundant arrangement of
transmitters and receivers gives the sys-
tem two complete electrical paths. This
is a good hedge against equipment fail-
ures and an advantage when perform-
ing checks where service cannot be in-
terrupted.

Figure 7. With space
diversity the same
wavelengths travel
different refracted
paths (b and b’) but

~

will not have the

same interfering ef-

fect on the direct
waves (a and d’).
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Figure8. Anunlim-

ited number of Fres-

nel zones surround

the direct beam.

Here zones 1 through
4 are shown.

WAVE
| :

Space Diversity

In a typical space diversity system one
signal is transmitted to two vertically
spaced receiving antennas. At the re-
ceiving station the two signals are
combined.

A space diversity system requires only
one transmitter and two receivers, al-

though most systems have a second

transmitter in hot standby. In addition,
a system must have at least two receiv-
ing antennas in order to provide the
required vertical spacing. Each antenna
must have its own waveguide.

Normally the additional antenna
means a stronger if not separate antenna
tower. In all probability the tower will
also have to be taller in order to insure
adequate vertical separation.

Unlike frequency diversity, which
relies on wavelength differences, space
diversity relies on path length differ-
ences. The working concept behind a
space diversity system is that compo-
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nents of the same signal traveling dif-
ferent paths will not have the same in-
terference points. The same wavelength
is intérfered with differently at two ver-
tically separated points because it travels
different length paths to the antenna.
Space diversity is the best protection
against multipath fading if microwave
frequencies are scarce. Although it does
not have the advantage of two com-
plete electrical paths, it avoids the prob-
lem of obtaining two frequencies for
the same transmission path.
Interestingly, there is a growing con-
troversy as to how the spacing between
antennas should be determined. There
are two schools of thought on the sub-
ject and, appropriately, they are diverse.
One approach is based on the as-
sumption that multipath fading in-
volves a complex interaction from more
than one source of interference. This
makes it difficult to calculate optimum
antenna spacings on anything other




than a statistical basis. As a result spac-
ings are usually selected which are as
wide as possible (based on the empiri-
cal conclusion that improvement would
probably increase with separation) con-
sidering tower heights and other me-
chanical factors.

The other approach uses discrete, cal-
culated spacings to combat simple two
path, reflected component interference.
It relies on a known vertical pattern of
signal strength consisting of alternating
nulls and maxima.

Fresnel Zones

Analysis of this pattern has shown
that interference depends on the vertical
distance between the direct component
and a reflecting surface. The relation-
ship is conveniently defined by Fresnel
zones.

These zones form a series of concen-
tric circles around the direct or shortest
path between transmitter and receiver.
The positions of the zones are wave-
length dependent. Each zone contains
wave components traveling paths no
more than half a wavelength different
in length. Two paths passing through
corresponding points in adjacent zones
will differ in length by half a wave-
length.

Fresnel zones, of which there are an
unlimited number surrounding a path,
are numbered from the center out. Paths
through the first Fresnel zone vary in
length from the direct path by as much
as half a wavelength. Paths through the
second zone vary between half and one
wavelength, those through the third by
one to one and a half and so on. Each
zone number represents an increase of
half a wavelength in path length.

Figure 8 illustrates how the Fresnel
zones surround the direct path. Each
successive zone passes wave components
which travel half wavelength differ-
ences. These zones can be used to deter-
mine where out-of-phase paths occur.
Transmission engineers normally refer
to paths passing through even zones as
having components which cancel and
those passing through odd zones as
having components which reinforce the
direct wave.

A knowledge of Fresnel zones is use-
ful when planning a transmission path
over reflecting surfaces. Because even
Fresnel zones contain wave components
which cancel the direct component, sur-
faces which reflect even zone compo-
nents should be avoided. Logically the
vertical distance between a direct com-
ponent and a reflecting surface should

Figure 9. Reflected
waves can interfere
with direct waves. A
distance, d, between
reflecting point and
direct wave equal to
an odd Fresnel zone
radius can cause re-
inforcement. If d
equals an even zone
radius, the two waves
can cancel.
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Figure 10. Fresnel
zones around two di-
rect waves can co-
incide. A reflection at
zones 6 and 8 in A
would cause cancel-
lation. To overcome
this other direct
waves must be
chosen to obtain the
pattern in B. This is
done by changing the
position of at least
one of the antennas.
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be less than the radius of an even Fres-
nel zone.

Figure 9 shows the direct and re-
flected components of a wave. If the
reflecting point is so located that com-
ponents tn an even zone are reflected,
there will be a cancellation of the direct
wave. It is for this reason that trans-
mission paths are engineered to avoid
reflections at even Fresnel zones.

On a transmission path receiving an-
tennas are spaced to intercept two di-
rect components. By calculating the re-
flecting points based on an expected
value of K, it is possible to determine
which direct components and which an-
tenna heights are best suited to take ad-
vantage of the Fresnel zones.

Using the Zones

A rudimentary approach to calculated
antenna spacings is to locate one an-
tenna to receive waves reflected at an
odd Fresnel zone for standard atmo-
spheric conditions. The other antenna
is then placed to receive those reflected
at an adjacent even zone.

If the equivalent earth radius factor
changes, the height of the direct wave
changes. The positions of the Fresnel
zones relative to the earth also change.

Unless there is a radical change in
K, the antennas will continue to inter-
cept reflections from adjacent Iresnel
zones. As K increases, however, it is
possible that reflection will occur at ad-
jacent even or odd I'resnel zones.



This can happen because higher
numbered Fresnel zones are closer to-
gether. This means that the Fresnel
zones around two direct components
creep up on each other (Figure 10).
Eventually an even zone associated with
one component can coincide with an
even zone of another component. For
instance, zone 8 might' coincide with
zone 6 on another direct component.
When this happens at a reflecting point,
there will be simultaneous nulls or
maxima on both antennas.

To avoid this, antenna positions are
sometimes fixed by determining or as-
suming the maximum possible value of
K for the transmission path. With this
method the distance between direct
paths is chosen so that coincidence be-
tween even Iiresnel zones will not occur
at any reflecting points. There is some
inefficiency in this system when K is at
its normal value but this does not re-
duce the diversity effect.

The theory underlying the calculated
approach is that reflections from lo-
catable sources are the major contrib-
uters to multipath fading. On overland
paths this is not always true. It is quite
possible to have no reflections or to have
two or more of them.

Studies of deep fading microwave
signals have been made using paths
with low coefficients of reflection. In
spite of the low reflectivity, two, three,
and sometimes more signal components
were found. This discovery led to the
belief that ground based reflection is
not the only cause of multipath fading.

In Sum

Several years ago Lenkurt engineers,
as well as other engineers, determined
that diversity improvement would prob-
ably increase as vertical antenna separa-
tion increased. They concluded that in
the 6-GHz band a spacing on the order
of 30 to 40 feet offered a reasonable
trade off between diversity improve-
ment and tower height. Tield experi-
ence with many systems has shown that
space diversity engineered in this fash-
ion provides extremely good protection
against fading of the multipath type,
whatever its source.

Based on these results space diversity
appears to be an effective protection
against multipath fading. It takes into
account the disruptive influences of at-
mospheric reflection and refraction. In
fact at times it capitalizes on these phe-
nomena to obtain stronger signals than
would be expected.

Whether the biggest fading damage
is done by a reflecting surface or a
refracting atmosphere depends on the
specific path. It seems that over most
microwave paths there is more multi-
path fading from atmospheric refrac-
tion than from reflection.

In either case space diversity or fre-
quency diversity can protect against fad-
ing. Frequency diversity uses two fre-
quencies and hence two wavelengths
traveling over the same path. Space
diversity uses two path lengths to send
the same wavelength to the receiver. In
both cases the different lengths prevent
identical interference.
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Radio-reflective surfaces offer design engineers
an efficient and relatively inexpensive alternative

to some path redirection problems.

off reflective surfaces in
much the same way light is reflected
by a mirror, radio reflectors can be
thought of as radio mirrors.

In actual practice, the use of radio
mirrors is dictated essentially by topo-
graphical conditions where the rugged-
ness of intervening terrain either
makes a direct path impossible or
requires that the antenna towers be
extremely high.

Because radio waves bounce

Generally, speaking, radio mirrors
fall into two categories — reflectors
and passive repeaters. Those used in
periscope antenna applications — rec-
tangles, ellipticals, or “flyswatters”
(Figure 1) are referred to as reflectors.
The large “billboards”, usually found
on isolated hilltops, and certain
“back-to-back™ parabolic reflector ar-
rangements are both classified as pas-
sive repeaters. (Figure 2).

In order to determine the relative
advantages of one antenna reflector
arrangement over another it is conve-
nient to refer to some standard of
measurement. In the case of micro-
wave antennas, performance is mea-
sured in gain and expressed in decibels

(dB). Using the isotropic antenna as a
standard point of reference it is com-
mon practice to speak of an antenna’s
performance as the gain improvement
(in dB) over what could be expected
of an isotropic antenna.

An isotropic antenna would theo-
retically radiate or receive energy
equally in all directions. (Figure 3). (A
completely spherical radiation pattern
is not really possible.) If an antenna
could focus all its radiant energy into
one-half a sphere, its gain (over iso-
tropic) would be defined as 3 dB, since
all the radiated energy would be con-
centrated in half the sphere and twice
as much would appear on any given
area of the half-sphere. Therefore, gain
is 10 log 2 = 3 dB. Common beams run
as small as 1 to 2 degrees and provide
gains in the area of 40 dB.

The primary function of a good
microwave antenna is to focus its
radiant energy into the most concen-
trated and efficient beam possible.

Reflectors

All periscope antenna systems re-
quire a reflector of some kind to
redirect the transmitted beam from
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Figure 2. Passive repeaters are of two basic types: the “billboard™ (4), so
labelled because of its appearance, and the parabolic “back-to-back” passive (B)
which uses two standard antenna dishes directly joined by a short length of

waveguide.

the parabolic antenna to some distance
receiver.

In most cases these reflectors are in
close proximity to the transmitter-
tower complex. There are some excep-
tions and because there is no absolute
dividing line between what constitutes
a periscope reflector and a passive
repeater it is generally held that any
system in which there is more than a
few hundred feet of horizontal separa-
tion between reflector and illumina-
ting dish is a passive repeater — not a
periscope reflector.
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The decision to use a periscope
antenna arrangement is dependent on
several considerations. Economic
studies reveal that when the waveguide
run to the parabolic antenna ap-
proaches distances of 150 feet and
beyond, it is usually less expensive to
use the periscope arrangement and
beam the signal from the ground to
the reflector atop the tower.

Tower height is not, however, the
only consideration. Periscope antenna
systems typically have somewhat
higher side lobes and somewhat poorer
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Figure 3. Energy radiation is theoretically assumed to radiate isotropically in all
directions (B). Parabolic antennas are used to focus radiant energy into a
directional beam (A) which has an obviously high amplitude gain over the

hypathetical isotropic antenna.

discrimination patterns for radiation
or reception at angles off the main
beam than do direct-radiating antennas
with comparable gains. They thus have
a greater likelihood of creating inter-
ference to or receiving interference
from other microwave systems opera-
ting in the same geographical area.
This characteristic is probably the
most negative aspect of periscope an-
tennas. In areas of heavy microwave
congestion it may be sufficiently im-
portant to preclude the use of peri-
scope antenna systems, even though

they might be advantageous from
other points ef view.

Another problem with the peri-
scope setup is the “sneaking™ of the
signal from the illuminating dish to the
distant receiver. (Figure 4). This by-
passing of the reflector can occur
when the direct path is not effectively
blocked and allows a certain amount
of the signal to reach the receiver
ahead of the reflected main beam. This
“sneaking™ can produce troublesome
noise levels requiring corrective engi-
neering. In some instances, it has been
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Figure 4. In situations where the path is not effectively obstructed, the signal may
sneak from the illuminating dish, directly to the distant receiver. This bypassing
of the reflector causes noise at the receiver. Shielding is used to control this

problem.

necessary to place metal shields on the
path sides of the illuminating dish in
much the same manner blinders are
used on race horses.

The periscope system has wide
usage. Although the efficiency does
not change with different frequencies,
periscope application can nevertheless
be more expensive at the lower fre-
quencies (2 and 4 GHz) because the
required dish sizes for these wave
lengths are much larger.

One unique advantage of a properly
laid-out periscope arrangement is the
possible gain improvement over what
can be expected from the parabolic
antenna alone. This complex matter

was clearly described in the July 1963
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issue of the DEMODULATOR. By
way of recapping, it is sufficient to say
that the reflector’s size, shape and its
distance from the parabolic antenna
can make it possible to reflect only
first zone energy (Figure 6). When
only first zone energy is reflected, the
possibility of phase cancellation
(caused by simultaneous reflection of
the out-of-phase second zone energy)
is almost completely eliminated. This
arrangement produces sharper beams
at distant points while giving net gains
of from 2 to 3 dB for reflectors with
flat faces.

Additional gain can be achieved by
curving the face of the reflector to the
approximate shape of a section of a



paraboloid with the illuminating dish
at its focus. (Figure 5) Actual practice
has provided substantial evidence that
a properly curved reflector can pro-
duce as much as 4 to 6 dB more gain
than a flat uncurved reflector in the
same application. This gain improve-
ment results from the fact that the
phase relationships of the various por-
tions of a reflected beam are deter-
mined by the relative points at which
the wavefront is intercepted by the
reflective surface. It can be shown that
because of this curving some of the
second zone (out-of-phase) energy can
be converted to in-phase energy there-
by actually boosting the gain beyond
anything possible with a flat reflector.

Passive Repeaters
Erecting an active radio relay sta-
tion where inaccessibility and severe

weather changes can inflate construc-
tion and maintenance costs beyond
desirable limits is a situation every
engineer tries to avoid. This is precise-
ly the kind of problem the engineer
can resolve by using a passive repeater.

The two general types of passive
repeaters in common use are shown in
Figure 2. One consists of two para-
bolic antennas connected back-to-back
through a short length of waveguide.
Because the size requirements and the
associated cost, this type of passive is
rarely used except for very short paths
where small dishes are sufficient. The
efficiency of this arrangement is ap-
proximately 30% compared to a 98%
efficiency rating for the “billboard”.

“Billboard™ passives range in size
from 4’ x 6’ single panels to 40’ x 60’
connected panels. The reflective sur-
faces are generally made of aluminum

Figure 5. To calculate
the curve of a periscope
reflector (B), it is con-
venient to consider the
illuminating dish (4) as
the focal point of the
parabola represented by
CC!. The reflector (B)
may simply be consi-
dered a solid segment
of the imaginary para-
bolic shell.
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ILLUMINATING DISH
(GROUND LEVEL}

Figure 6. Microwave slgnals are transmitted in concentric bands of energy (fresnel
zones). Each zone is 180° out-of-phase with its adjacent zone. All even numbered
zones are in phase with each other and out-of-phase with all odd numbered zones.
The 2nd zone energy which is picked up by a flat reflector (4) will tend to cancel
it equivalent in first zone energy. By using a curved periscope reflector which
extends into the 2nd energy zone it is possible to actually convert the
out-of-phase 2nd zone energy to an in-phase relationship with the first zone
improving the overall gain.
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which has been treated to prevent
corrosion. As a rule of thumb, face
flatness should be within 1/8 the
transmitted wavelength, It has been
determined that the reflective surface
of the passive must be flat to within
1/8” for 11-GHz transmissions, 1/4”
for 6 GHz, and 3/4” for 2 GHz.

Once the existence of an obstruc-
tion makes it fairly certain that a
passive must be used, it is then neces-
sary to calculate the most efficient site
available, The efficiency of any micro-
wave path arrangement using a passive
repeater has an inverse relationship to
the product of the path distances.

Because of this it is obvious that
any arrangement which reduces this
product will improve the overall signal
strength, It logically follows that those
arrangements which place the passive
nearest either of the path ends are
therefore the most desirable. An addi-
tional benefit to this kind of site
locating is the fact that the required
surface area of the passive decreases as
the distance to the path-end is short-
ened.

Some mention should be made of
the fact that while certain topographi-
cal conditions appear to be well suited
for passive repeater sites they may
actually not be desirable at all. This
has sometimes proved to be the case in
heavily timbered areas immediately
surrounding sites of small passive re-
peaters. Depending on their relation-
ship to the passive and the signal
beam, trees can produce serious inter-
path noise problems. This is also the
situation which is occasionally created
by unwittingly placing a small passive
in front of a rock wall or bluff. For
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these reasons it is advisable to deter-
mine passive sites only after acquiring
a thorough awareness of the particular
terrain involved. Once the most realis-
tic sites have been selected it is then
possible to estimate their relative effi-
ciencies.

Fields — Near and Far

One practical approach to deter-
mining antenna-reflector efficiency in-
volves the calculated value of 1/K:

1K =2 g1
4a’
Where:
X = the wavelength in feet
d' = the path length in feet
a = the effective area of the

passive repeater

When the value of 1/K is 2.5 or less,
a near field condition exists. Once
having determined a near-field condi-
tion it is then possible to decide the
proper method to use in calculating
the gain or loss of the proposed path
arrangement.

If the passive is found to be in the
far field, its gains and those of the end
antennas are independent and the
two-way gain of the passive repeater
can be calculated by the following
formula:

Gain in dB = 20 log 4:2/’ cos
Where:
& = 1/2 the horizontal included

angle
N = wavelength in feet
A = area in square feet



To find the net loss between the
two end points, it is only necessary to
calculate the two path attenuations,
add them together, then subtract from
the result the two-way gain of the
passive and the gains of the end
antennas.

However, if the passive is found to
be in the near field of either antenna
then antenna and reflector gains are no
longer independent but react with
each other in such a way that the net
gain would be reduced. In this case the
above methods cannot be used, since
they give overly optimistic results.

One way to evaluate gain where the
passive is in the near-field is to con-
sider the antenna and the nearby
passive as a periscope antenna system.
In this case a correction factor is
calculated and applied to the gain of
the antenna to obtain the net gain of
the periscope combination. In these
situations, the “path” is only taken to

be the distance from the periscope
reflector (passive in this case) to the
far end — the distance between the
antenna and reflector within this peri-
scope arrangement is disregarded.

Double Passive Repeaters

If the passive repeater location is
behind or off to one side of the near
end path, so that the included angle
between the two paths at the repeater
does not exceed about 120°, a single
billboard reflector is most efficient.
One reason the angle of the passive to
the path should not exceed 120° is
that the surface dimension require-
ments increase unrealistically beyond
this angle. If, however, the passive
location is more or less along the line
between the two end points, it is
possible to use a double passive instal-
lation. (Figure 7).

Such an arrangement, in which two
closely spaced billboards are so situa-

Figure 7. Double passive used to beam signal over a ridge.
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Figure 8. An example of a “billboard”
passive living up to its name.

ted, can provide the desired beam
displacement with only slightly less
gain than a single reflector — it is also
true that twice as much billboard
surface is required.

Reflections

The basic fact that microwave radio
transmission is line-of-sight has im-
posed rather restrictive limitations on
the methods microwave engineers can
use in getting signals from one place to
another. These limitations, like so
many others, only serve to stimulate
deeper investigations and more imagi-
native solutions to the problems which
arise.

Although the use of radio mirrors
in microwave path engineering is not a
new development, it is indeed an

excellent example of how imagination
has provided a simple solution to a
complex problem — both in terms of
cost and performance. When viewed as
simple components, these radio reflec-
tors may be considered the only tool
at the engineer’s disposal whose effi-
ciency approaches 100%.

It is important to point out that
there is a wide distinction between
reflective efficiency and overall path
efficiency. Without exception, the re-
flective efficiency of periscope reflec-
tors and passive repeaters is very close
to 100%. Path efficiency is, however, a
rather complex matter to determine
and requires calculating whether or
not a passive is in the near field or the
far field. Additional figuring is then
required to weigh the two-way an-
tenna and passive repeater gains
against the total path attenuation. To
complicate matters further, in the case
of periscope arrangements, it is custo-
mary to think of the reflector as
simply an extension of the parabolic
antenna and not a reflector as such.

These various approaches which ex-
perience has shown to be quite relia-
ble, make it somewhat difficult to
assess with a blanket statement the
path efficiency of reflectors and pas-
sive repeaters, because it varies consi-
derably with each application. It can
be said without reservation, that the
development of reflectors and passive
repeaters has greatly increased the
number of path engineering alterna-
tives while measurably reducing instal-
lation and maintenance costs.
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Master antenna systems are serving an increasing
number of American communities, providing tele-
vision reception where before there was none. By ex-
tending the viewing area of both commercial and
educational television stations, these small networks
of coaxial cable and microwave radio have collectively
established a new and sizeable industry.

This article discusses the operation of these sys-

tems, and related items of interest in the field of edu-
cational television.
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he establishment of the television
industry in the United States
brought with it new concepts of enter-
tainment, news, and education, adding
immediacy and depth. At the moment
there are over 700 television stations in
this country (Figure 2), and over 100
construction permits have been granted
by the Federal Communications Com-
mission to establish new stations.
Simultaneously with the growth of
television — and almost unnoticed dut-
ing its early years — cable Tv systems
appeared, stretching Tv coverage into
otherwise poor signal areas. cATv, for
Community Antenna Television, is now
a sizeable industry of its own serving
close to two million U.S. homes. Sim-
ilar systems also are developing in other
countries, including Canada, Mexico
and Great Britain,

A Beginning

CATV is essentially a master antenna
service for receiving television signals
and distributing them to home receivers.
When the first television stations went
on the air in the late 1940's, it was
found that signals in outlying areas
were not always powerful enough for
satisfactory reception. Potential TV
viewers were either too far from the
broadcasting station, or were in a sha-
dow area behind a nearby mountain or
other obstruction. Even the construction
of costly roof-top antennas was not
always successful.

The first meager steps toward the
new CATV industry were made by local
citizens joining forces to construct mas-
ter antennas on nearby hilltops. The
signal was carried down the hill by
standard TV lead-in wire strung from
tree top to fence post to pole, and in-
terrupted regularly with unsophisticated
booster amplifiers. The results were not
always ideal. The first commercial in-
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Figure 1. High gain Yagi antennas, one

for each television station, receive off-

the-air signals to be relayed through
CATV system.

stallations, with better antennas and
coaxial cable came in 1950, Soon equip-
ment manufacturers were entering the
field with specially designed caTv re-
ceivers, cable amplifiers and other com-
ponents. When greater distances sep-
arated the Tv station from the com-
munity, microwave radio replaced long
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coaxial cables as the most economical
method of insuring good Tv reception.

CATV Today

Today, approximately 1600 CATV
systems are in operation, another thou-
sand have the go-ahead from local fran-
chising agencies, and over two thousand
are pending approval. However, it
should be understood that not all of
these will be built immediately or even
in the near future. Some predict about
100 new systems for 1966, increasing
to a total of about 2600 by the end of
1970. Only one state does not have at

VHF | unF | ToTAL
COMMERCIAL 186 101 587
EDUCATIONAL | 66 | 49 115
TOTAL | 552 | 150 702

Figure 2. Numerical breakdown of TV
stations now on the air.

least one operating system, but even
there applications for service have been
filed. Some larger states have hundreds
of independent systems.

CATV systems vary greatly in size and
capability, from small operations carry-
ing as few as two channels, to advanced
and more elaborately equipped facilities
bringing as many as 12 TV channels and
a number of FM radio signals to the
subscriber. The average subscriber re-
ceives five stations, while less than one
percent get 10 or more channels. Four
percent receive only two channels. Soon
equipment advances may make it pos-
sible for a CATV system to carry 20 or
more channels. Small operations may
have only a hundred or so subscribers,
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while the largest in the United States
serves nearly 20,000.

In its early years, CATV served the
small population centers scattered some
distance from television stations, More
recently, however, CATv has been
brought to the doorsteps and even into
the parlors of major cities like New
York, Los Angeles, and San Francisco.
Tall buildings, natural obstructions, air-
planes, and other such factors will de-
grade television signals from even near-
by stations. The advent of color televi-
sion also has increased the need for
high-grade signals for satisfactory pic-
ture reproduction.

In addition to providing improved
TV reception, CATV frequently includes
bonus services placed on otherwise un-
used channels. An example is weather
information from a camera continu-
ously scanning temperature, wind, and
other gauges. Another service allows
home viewers to read the latest news
as it is typed on news-wire machines.

At least one operator has gone furth-
er than that, setting up television-like
studios to provide news, discussions,
speeches, children’s programs, and even
live sports events. Equipment includes
mobile units, video tape recorders, and
professional studio consoles. Commer-
cial background music also may be
supplied by cATv, using already in-
stalled cables to carry recorded music to
business concerns.

The CATV Signal

The first need of a CATV system —
like the home receiver — is a good sig-
nal from the broadcast station. In some
countries, broadcasters will provide a
direct program feed from the station.
But American CATV operators pick up
television signals "off the air” with spe-
cialized receiving equipment. High gain
antennas, typically of Yagi design, are



situated on a mountain peak or other
advantageous point in the terrain. These
antennas are selective, narrow band
devices, most efficient at only one fre-
quency or channel. Therefore, a sepa-
rate antenna is usually installed for each
channel to be received. Ideally, TV sig-
nals at the antenna site should have a
minimum strength of 50 microvolts
per meter.

Special receivers detect the Tv signals,
convert UHF to VHF if necessary, and
amplify them to suitable levels for
transmission. This portion of the caTv
system is known as the “head end”
equipment. If the signals are to be fed
directly into a cable trunk line, stand-
ard VHF television frequencies are used.
However, if a local VHF station is car-
ried on the cable, interference will usu-
ally result between the direct signal
from the transmitter and the signal on
the cable. In such cases it is necessary
to translate this station's programs to
a different channel prior to distribution.

When distant Tv stations are to be
carried, it is often more practical to use
microwave radio links over sometimes
as much as hundreds of miles to reach

Figure 3. Television
spectrum. Upper
sideband of video,
plus audio carrier
make up composite
signal.
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distribution trunk cables. For the head
end equipment to feed a microwave
system, incoming TV signals first must
be demodulated to more usable frequen-
cies. That is, the carrier frequency must
be removed, leaving only pure video
information in the range from 10 Hz
to 4.2 MHz (Figure 3) with the audio
on a subcarrier at 4.5 MHz. This is
called a composite signal, and may be
used to directly modulate the micro-
wave radio. It is also possible to sep-
arate the video and audio signals at
this point and place the sound signal
on a higher frequency program channel.

The output of the microwave radio
is transmitted by highly directive para-
bolic antennas to receiving stations 20
or 30 miles away. Then the signal may
be retransmitted to another repeater,
or fed into more head end equipment
for cable distribution.

The Federal Communications Com-
mission regulates all radio frequency
allocations, and recently created a new
Community Antenna Relay Service
(cArs) for exclusive use by all catv
operations. The band is from 12700 to
12950 MHz.

SOUND
CARRIER




Figure 4. Lenkurt 76TV microwave radio in typical installation. Repeater stations
(inset) receive and retransmit signals.

Approximately 25 percent of the
cATV systems in the United States use
microwave radio, the typical system re-
quiring two or three hops to bring the
signal to the cable distribution point.

Picture Distortion

The transmission of television, espe-
cially color television, by microwave in-
cludes a number of critical problems.
Distortion, poor frequency response,
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and other transmission irregularities all
tend to degrade the quality of the final
picture image. Of particular importance
is the extreme sensitivity of television
signals to non-linear phase shift. Ideally,
the entire system should be free of non-
linear phase shift from almost zero fre-
quency to at least 4.5 MHz (to cover
the bandwidth of a video signal). In
practice, this is difficult if not impos-
sible to achieve, Components in the
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Figure 5. CATV system picks up signals outside the reach of home antennas; may
use microwave radio to relay them to cable distribution point. Utility poles carry
coaxial cables through residential areas.

system delay some frequencies more
than others, distorting the waveform.
Although delay distortion of speech or
music is not readily detected by the ear,
similar distortion of a television signal
is very noticeable and grossly affects the
quality of reproduction.

Color television is particularly vul-
nerable to differential phase and differ-
ential gain. The color appearing on the
screen is determined by the exact phase
relationship between two signals, the
color burst and the color subcartier. An
unintentional shift in phase results in
a different hue of color. Similarly,
change in amplitude of the signal deter-
mines the saturation or richness of the
color. (For additional discussions of
these areas see the Demodulator, Feb-
ruary, 1962; October, 1963; November,
1963; January, 1965).

Delay distortion is directly related to
the bandpass characteristics of the en-
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tire transmission system, including head
end equipment, microwave links, and
cable facilities. System design must pro-
vide for a very wide bandwidth free
from irregularities well beyond the
actual frequency limits of the television
signal itself. For example, the Lenkurt
76TV microwave system (Figure 4),
designed specifically for television trans-
mission, has a frequency response of
+0.5 dB from 20 Hz to 5.5 MHz.
Subjective testing has shown that
phasing errors of 5° or more will be
detected by the viewer as a change in
hue. Likewise, he will find a 2 dB
change in color saturation objection-
able. In the 76TV, differential phase is
less than 0.5° per terminal, while dif-
ferential gain is held to 0.2 dB at up
to 90 percent of applied picture loading.
Ultimately, the signals must be fed
into the cable trunk line for distribu-
tion to home Tv sets. In a system not



using microwave, this occurs immedi-
ately after the signals are received by
the master antenna. With microwave,
more head end equipment is found at
the final radio hop. Here, signals must
be brought to proper levels, remodu-
lated to VHF frequencies, combined, and
fed into the main trunk lines (Figure

5).
Cable System

The trunk line is the basic carrier of
the CATV system and is never tapped
to feed individual subscribers. At the
intervals along the trunk line are a num-
ber of repeater amplifiers (Figure 6)
to compensate for signal loss. These are
usually less than a mile apart. Bridg-
ing amplifiers divert the signals onto
feeder, or distribution lines.

Customer “‘tapoff” units (Figure 7)
are placed along the feeder cables.
These cause a slight disturbance on the

‘

DISTRIBUTION *

line and therefore a limited number —
usually 30 to 40 — are allowed on one
line. Extender amplifiers, spaced about
every 600 to 700 feet, are used to
boost the signal along the feeder line.
From the tapoffs come the house drops
leading to the subscriber’s Tv set. How-
ever, before a connection can be made,
the cable impedance of 75 ohms must
be matched to the 300 ohm input im-
pedance of the set through a matching
transformer, placed on or near the back
of the set,

Troposcatter

CATV operators in other countries
have added their own variations to the
methods of signal transmission. In Can-
ada, for example, military-developed
techniques of troposcatter are being
used in some systems spanning rugged
terrain. Dependent on the ability of the
troposphere to diffuse or scatter a por-
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tion of a high frequency signal well
beyond the horizon, tropo systems send
VHF tclevision skipping over distances
from 100 to 500 miles (Figure 8). Sta-
tionary tropo antennas may include a
tower-supported wire mesh reflector 50
to 60 feet high, almost 300 feet wide,
stretching in a parabolic curve around
the antenna fixture mounted on the head

end amplifiers. Economy is the prime
justification for the technique — both
the home receivers and the transmission
wire are less expensive.

In the British system, head end equip-
ment supplies approximately 40 watts
of video power to the trunk lines, which
may be up to 6000 yards long. Feeder
lines may branch off the trunk lines for

Figure 6. CATYV sig-
nals pass through
trunk - line and ex-
tender amplifiers be-
fore reaching the
home recetver.

end building. These antennas are highly
directional, and have good ability to
reject co-channel and adjacent channel
interference.

British CATV

In Great Britain CATV is called "wired
broadcast” or “‘communal aerial sys-
tem”, and uses two different methods of
signal transmission, One system is es-
sentially the same as that used in the
United States, relaying signals at stand-
ard VHF TV frequencies directly to the
receiver, Another popular technique is
an outgrowth of the older “wired radio”
system. This radio relay system was
basically a public address system sup-
plying audio directly to speakers in the
home. The television version transmits
unmodulated video signals (3-10 MHz)
over twisted wire pairs to TV receivers
built without the customary r-f front-
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distances up to about 2000 yards. It has
been found that four video signals with
their accompanying audio, and four ad-
ditional radio channels may be carried
on two twisted pair (four wires) in a
shielded cable.

Educational TV

Sharing some of the problems, and
related in many ways to CATV are the
three overlapping areas of educational
television (ETV), instructional televi-
sion (I1TV), and closed circuit television
(ccTv).

ETV is generally meant to include
non-commercial broadcast stations, both
VHF and UHF. ITV refers to pro-
gram.content rather than facilities, and
relates directly to formal education.
ccrv describes the transmission of tele-
vision by cable or microwave to a pre-
determined audience, as opposed to

.



public broadcast. Additionally, our ref-
erence here is primarily to the use of
ccTv in education.

There are four general types of li-
censees operating educational television
stations: (1) universities, (2) public
school systems, (3) statewide ETV com-
missions, and (4) non-profit “commu-
nity” corporations. More than half the
ETV stations in the country fall into the
first two categories, being directly re-
sponsible to educational institutions.
Likewise, a statewide commission’s
prime interest is usually with the school
systems of the state. And while the
community stations may have no direct
connection with schools, they usually
carry a regular schedule of instructional
programs.

The average ETV station broadcasts 5
or 6 days a week, 10 to 11 hours a day.
Programs are divided almost equally
between classroom instruction and more
general programming planned for home
viewing by all age groups. Instructional
material more likely will be seen during
the normal school hours, with more

general programs in the early evening,
and informative discussions or enter-
tainment features for adult viewing in
the late evening.

At this time there are 115 ETV sta-
tions on the air, with another 65 under
construction or with applications pend-
ing. Currently more than half of the
ETV stations are on VHF frequencies
(channels 2-13), but most reserved al-
locations for the future are in the UHF
band (channels 14-83).

In the School

Closed circuit television is utilized
by many schools to make more advan-
tageous use of teachers and instructional
material. There are about 800 cctv
installations in this country, split almost
equally between elementary and secon-
dary schools, and colleges and univer-
sities. These may operate within one
school, delivering lectures or demon-
strations to other buildings, or between
various schools in a district, Within a
single school, coaxial cable easily con-
nects the cameras and studio equipment

e -
e

Figure 7. Tapoff

units connect house

drops to feeder lines,

and are designed to

prevent interfering

signals from reenter-
ing cable.



Figure 8. Troposcatter at television [frequencies

spans long distances in some CATV systems.

to other viewing locations, sometimes
with three or four programs on a single
cable. Longer runs between separate
schools can also be practical, using tele-
phone company cables on a leased basis.

An increasing trend in ITV is the use
of microwave radio. The Fcc has allo-
cated 31 channels in the 2500 to 2690
MHz band for use by educational in-
stitutions. Some districts use these chan-
nels as direct links between two schools.
Others operate a central transmitter
beaming programs in several directions
at once, much like a standard broadcast
station, to be received off the air at
various schools within the district.

ITV systems also operate point-to-
point microwave relays on two higher
frequency bands. The primary alloca-
idon is in the 12200 to 12700 MH:z
band. However, the Fcc will consider
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applications on a case-by-case basis for
the 6575 to 6875 MHz band when the
operator can show that it is not tech-
nically feasible to use the higher fre-
quency.

Frequently cATvV systems will carry
ETV programs, thereby greatly extend-
ing the range of the station. These may
even be piped into the schools, hospitals,
or other such facilities in distant towns
for little or no charge. In many cases
CATV operators also will allow two ETV
stations to share programming over a
spare microwave channel.

Networks

Many states have already installed
widespread microwave networks con-
necting educational institutions hun-
dreds of miles apart. Similarly, moves
have been made to connect large num-



bers of ETvV broadcast stations into
educational networks. And many CATV
systems are beginning to resemble small
networks. It is possible that someday
a combination of these efforts will bring
to this country a “fourth” major tele-
vision network joining the best educa-
tional and cultural programs in all parts
of the nation. Moreover, a fifth net-
work, with commercial UHF stations
linked from one end of the country to
the other, is being considered.

There are also other possibilities for
bringing educational and cultural pro-
grams to larger audiences. One quite
successful experiment has been under-
taken by Purdue University, transmitt-
ing previously video taped programs
from specially equipped airplanes cir-
cling 23,000 feet over Indiana. Daily,
over a half-million students in six states
(a total of 127,000 square miles) re-
ceive courses ranging from elementary
to college-level subjects.

From the beginning, telephone com-
panies have been involved with caTv
systems, allowing cables to be strung on
their utility poles. More recently, tele-
phone companies have supplied cable
transmission channels for CATV systems
and instructional Tv operations on a
lease or tariff basis. And now many
operating companies are expressing in-

terest in becoming CATV operators them-
selves.

The Future

In the next few years both caTv and
educationa] television undoubtedly will
experience many changes. Advancing
techniques will allow for greater num-
bers of channels to be carried over mic-
rowave and cable facilities, bringing
even more programs into homes and
schools across the nation. Satellite tech-
nology may add a new dimension with
the possibility of broadcasting directly
to schools —or even home receivers
— anywhere in the nation.

In the United States close to 98 per-
cent of the homes have at least one tele-
vision set. Three percent of these homes
are served by caTv. Educational pro-
gramming is now available to an esti-
mated 130 million people—another 10
million to be added this year with 14
new ETV stations. In addition, instruc-
tional television today reaches two out
of three of the nation’s 50 million stu-
dents.

As new networks link one station or
relay system to another and new opera-
tions spring up, a continually expanding
measure of entertainment and educa-
tion will be easily available to the tele-
vision public.
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Complicated voice and data loading
requires special equations
to calculate actual capacity.

Microwave communication

systems, like most systems
built for use in a constantly expanding
consumer market, seem to reach their
maximum capacily before they
should. Even when extra capacity has
been painstakingly engineered into a
system, it is not at all uncommon to
find that even this additional capacity
has been consumed earlier than antic-
ipated.

As an FM-FDM (microwave-
multiplex) system expands to its maxi-
mum capacity, problems arise as more
circuits or services are required. In
general, these systems consist of
several microwave hops in tandem
between the end points of the system,
with spur or sideleg hops often branch-
ing from the intermediate points.

When is a System Overloaded?

In complex systems it is possible to
have portions of the system operating
at or near the overload point while the
other portions are carrying much
lighter loads. In determining an over-
load, it is only necessary to consider
the single most heavily loaded micro-
wave hop.

In an FM system there are several
interrelated factors which limit maxi-
mum capacity. An overload exists
when one or more of the following
limits has been exceeded:

1) All of the available or usable base-
band spectrum is in use.

2) The point at which total baseband
signal power (system loading) if
increased would cause unaccepta-
ble performance.
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3) System usage is such that any in-
crease in either the top baseband
frequency or the system loading
would cause emission bandwidth
to exceed that legally allowed for
the particular frequency band.

In FM systems, the first two of
these limits often have some degree of
elasticity. The third, however, is a legal
limitation which cannot be exceeded
without legal violation. Perhaps the
best approach is to evaluate the nature
of the emission, its limitations, a
method by which it can be calculated,
and how it is affected by various
parameters of the microwave system.

Legal Limitations of Capacity

The allowable maximum bandwidth
(necessary or occupied, whichever is
greater) for microwave systems under
the Industrial Radio Services is estab-
lished in Paragraph 91.111 of the
Federal Communications Commission
rules. It is:

8 MHz in the 1850-1990 MHz band

800 kHz in the 2130-2150 and
2180-2200 MHz bands

10 MHz in the 6575-6875 MHz band

20 MHz in the 12,200-12,700 MHz
band

Paragraph 2.202 of the FCC rules
defines the various emission character-
istics and provides formulas for calcu-
lating the ““necessary bandwidth.”

The type of service and the allow-
able bandwidth for a particular service
is formalized in an “emission designa-
tor,” which includes first the band-
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width in kHz, then a letter indicating
the type of modulation (F for fre-
quency modulated systems), then a
code number indicating the type of
transmission (usually “9” for compos-
ite transmission in case of FM systems
with FDM multiplex). Thus the emis-
sion designators for the bands listed
above would be 8000F9, 800F9,
10000F9 and 20000F9 respectively.

The formula given by FCC for
calculating the necessary bandwidth of
an F9 transmission is:

The value of M for a particular
system is easily established.! It is
simply the frequency of the top mod-
ulating channel applied to the base-

Electronics Industries Association (EIA) has
submitted to FCC a proposal that a peak factor
of 11.5 dB be used instead of the 13 dB which
has been customary, and that a value of 1.0 be
used for the factor K for the present. The result
of these changes would reduce the calculated
values of 2 DK by approximately 8%. This
would allow a slight increase in channel capac-
ity for the same necessary bandwidth.
Industry’s interpretation is that M should pre-
perly be taken as the frequency of the top
information-bearing channel in the system, and
that a sinusoidal continuity pilot located above
the baseband should not be considered to be
the “top modulation frequency” and should be
excluded from the determination of M.

band. The value of D, however, is
somewhat more elusive since the com-
posite load applied to the baseband is
a varying and complex quantity whose
peak value can only be described
statistically. The value of K is, as
stated, very close to 1.0.

The multiplex used, except for
systems of very low density, is almost
exclusively of the single-sideband sup-
pressed-carrier type (SSBSC).

Studies on operating systems have
led to the following equations for
calculating the rms (root mean square)
value of white noise power, simulating
the equivalent busy hour load of a
given number of voice channels multi-
plexed into a baseband by SSBSC
techniques (Fig. 1).

These
CCITT and CCIR, are almost univer-
sally accepted as a basis for the design
and testing of multi-channel micro-
wave systems and provide a basis for
calculating peak deviation (Factor D in
equation (A)).

equations, originated by

Calculating D for Voice Systems
The starting point for the calcula-
tion of D (peak deviation) is the
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Figure 1. This graph,
based on equations
(A) and (B), shows
the busy hour load
(in dBm0) for the
various number of
voice channels used
in a particular sys-
tem.

known per-channel rms deviation and
the known power of its signal. The
per-channel deviation is a basic FM
system parameter frequently chosen as
200 kHz rms. The baseband power of
the test tone producing this deviation
is 0 dBmO rms.

The parenthetieal expressions in (B)
and (C), called the “noise loading
ratio”, express the dB ratio between
the rms power of a white noise load
whose peaks are equal to the peak
values of the complex baseband signal
during the busy hour, and the rms
power of a test tone.

The peak value of white noise
power is a statistical parameter with
no specific value, but is commonly
taken as 13 dB above the rms power.
The use of two different equations for
calculating the white noise load equiv-
alent reflects the fact that the peak to
rms factor of the complex signal from
a number of voice channels is rela-
tively constant at 13 dB for systems
with more than 200 channels, but is
variable and somewhat higher for
systems with fewer channels (Fig. 2).

Deviation in an FM system has the
dimension of voltage. Consequently,
the effect of changes in deviation can
be calculated as a 20 log function of
changes in load power.

The following equations can be
used to calculate the peak deviation
for a multichannel SSBSC voice sys-
tem:
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Example A:

A 300 channel radio system could
typically have a 200 kHz per channel
-19.77

rms deviation.
(4.47) 200)(log™ %7 )

(4.47) (200) (log ™' .4885)
(4.47) (200) (3.08)
2753 kHz

D

Equation (A) can be used to calcu-
late B}, noting that M = 1300 kHz (top
channel of a 300 kHz system) and
taking 0.9 for K. B, = 2 x 1300 + 2x
2753 x 0.9 = 7555 kHz

For standard SSBSC multiplex con-
figurations of 120 channels to about

World Radio Histo



960 channels, the frequency of the top
channel in an N-channel system can be
very closely approximated as (4.13 N
+ 60) kHz. By using this approxima-
tion for M, taking K as 0.9, and
substituting the appropriate values of
D from (D) and (E) respectively, the
following equations for By, in terms of
N and d can be derived. (It should be
emphasized that they apply only to
systems used primarily for voice):

(F)
Bp= 120+ 8.26N + 1.43d N °5

(N is 240 or more)

(G)
Bp= 120+8.26N + 7.17d N °2

(N is 120 to 240)

These equations provide insight in-
to the complicated way the necessary
bandwidth varies as a function of the
number of channels and per channel
deviation in voice operation.

The equations permit calculation of
any one of the three variables (B, N,
and d) provided the other two are
known, and can be used to determine
what combinations of number of chan-
nels and per channel deviation can be
used without exceeding a specific
value of By,.

Example B:

A typical microwave system in the
6 GHz industrial band has the limita-
tion of 10000F9 emission. (From Ex-
ample A, it is clear that there will be
no problem with a 300 channel system
using 200 klz per channel deviation.)

But suppose 600 channels are de-
sired in the same bandwidth.

What per channel deviation will
allow staying within 10000F9?

By substituting 1000 for By, and
600 for N in (F) it can be easily
calculated that the deviation must be
reduced to 140 kHz.

If d is left at 200 kHz per channel,
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it can be shown that N cannot exceed
about 430 channels if By is not to
exceed 10000 kHz.

Thus seven complete supergroups,
or 420 channels, can be accommo-
dated on a system using 200 kHz per
channel deviation, within the 10000
kHz bandwidth limitation, but eight
supergroups create an overload.

Calculating Voice and Data

Present day systems have a signifi-
cant percentage of the derived SSBSC
channels devoted to the transmission
of systems of submultiplexed tones
carrying data or telegraph. The num-
ber of tones of this type in an SSBSC
channel can vary from one to 25 or
more. Their power represents a rela-
tively constant rms load to the base-
band, since the tones are on continu-
ously. When the total number of indi-
vidual data signals on the system ex-
ceeds about 15, the peak to rms factor
for their complex summation ap-
proaches that of white noise.

If the levels chosen for each data or
telegraph circuit are such that the total
rms power of their tones submulti-
plexed in any SSBSC channel is 15
dBm0, the data loading per SSBSC
channel will be the same as if it had
been used for voice. In this case these
equations can be used to calculate
deviation and bandwidth.

The common practice of putting
data at a somewhat higher level means
the loading due to the number of
channels devoted to data will be much
greater than if they had been devoted
to voice. This also means greater over-
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