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The Picturephone" System 

Foreword 

The first public demonstration of two-way video telephony took 
place on April 9, 1930, when representatives of the press were shown a 
system operating between the Bell Telephone Laboratories building 
at 463 West Street and A.T.&T. Co. headquarters at 195 Broadway in 
New York City.* Dr. Herbert E. Ives, then Director of Electro-Optic 
Research for Bell Laboratories, said of this event, "The latest develop-
ment to be demonstrated is that of two-way television as an adjunct 
to the telephone."1 The following day a New York City newspaper 
reported: 
"Yesterday we saw a much more highly developed form of television 

demonstrated by the Bell Telephone Laboratories. It was two-way 
television. We sat in a booth at No. 195 Broadway and conversed with 
. . . [a person in another] booth at the Bell Laboratories. .. . Each was 
visible to the other, there being no telephone mouthpiece to mar the 
image. The speech was very clear. An inoffensive blue light was shot 
across the face of the speaker from the camera's eye and picked up 

*This demonstration of a two-way system had been preceded by a demonstra-
tion of a one-way system between New York and Washington, D. C., on April 7, 
1927. 
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by other batteries around the booth. And yet this marvelous invention 
is still in the laboratory stage, according to the Bell engineers."2 
The interest in video telephony continued after Dr. Ives' demonstra-

tion, but this was a case where feasibility was demonstrated long 
before the technology became available to transform the idea into a 
practical reality. That transformation depended, as the articles in this 
issue show, on technology developed primarily during the 1960s, al-
though it was apparent late in the 1950s that the necessary technology 
was not far away. 
Dr. Ives understood clearly that his was just a demonstration of 

feasibility, but once the possibility of bringing people face-to-face in 
long distance communications had been demonstrated, it hardly seemed 
reasonable that it would not in due course be brought out of the lab-
oratory into commercial service. Nor does it seem unreasonable to 
expect that Picturephonee service will eventually become an accepted, 
normal mode of person-to-person communication and that, with its 
adjuncts, it will give us new means for communication between people 
and machines. And just as telephone service—and the network that 
grew up to provide it—changed the pattern of our lives and the conduct 
of our business, so we can expect Picturephone service and its network 
to have impacts that we can only begin to appreciate. 
This special issue of The Bell System Technical Journal describes 

Picturephone service as it exists today. As it becomes available to 
more and more people, new uses will be provided. We are already 
looking forward to methods of providing high-resolution images of 
graphic material, and to Picturephone service in color as a logical 
evolutionary step. Beyond these will be other steps to make the service 
more economical and to make the service and its network more useful. 
The articles in this issue have been written by some of the people 

responsible for making Picturephone service a reality. The issue is 
dedicated to all of the many people without whose contributions it 
would still be in the laboratory stage. 

JACK A. BAIRD 
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The Picturephone® System: 

The Network 

By IRWIN DORROS 

(Manuscript received June 8, 1970) 

A Picture phone ® network will take maximum advantage of existing 

telephone equipment. To provide service, a new videotele phone set will be 
added to a Touch-Tone® telephone installation. Video access lines (loops) 
to the serving central office will be provided using additional regular wire 
pairs, appropriately equalized. Arrangements are being provided for 
extending PBX and key telephone customer switching arrangements to 
have a Picturephone capability. Central office switching will be accomplished 
by auxiliary video switches under the control of ordinary switching machines. 
Short-haul trunks will be provided on ordinary trunk cables equipped with 
equalizers as for loops. Long-haul trunks will make use of existing and 
planned systems, with additional equipment needed only at the terminals. 
The network was designed primarily for face-to-face communications, 

but two additional services are being offered at the outset: data communi-
cations at 460.8 kb/ s and interfacing arrangements for access to a customer's 
computer. Other new services are in the offing. 

I. INTRODUCTION 

Picturephone service adds a new dimension to telephone communi-
cation—that of sight. This face-to-face communication capability will 
be realized by taking maximum advantage of the existing nationwide 
telephone network.' 
Although the advantage of more complete communication between 

people with Picturephone service is readily apparent, the switched 
Picturephone network will be useful in additional ways. (i) Simple 
graphic material, such as line drawings will be displayed and, if higher 
resolution is desired, slowly scanned images will be transmitted. (ii) 
The network will be used to communicate with a computer. High-speed 
data will be transmitted between business machines in the megabit-
per-second range. (iii) Moreover, Picturephone service will be used to 
communicate among groups of people in conference rooms or by a 
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number of individual persons at many different locations. (iv) It will 
even be used for surveillance of events at distant locations. Some of 
these additional uses will be possible at the outset of service; the rest 
will come later. There will surely be more applications, some yet to 
be thought of. 
Important as these additional uses might become, the Picturephone 

network is expected to be used predominantly for face-to-face com-
munication in much the same way as the telephone network is used 
predominantly for voice communication. Further, each of the addi-
tional uses, while important to a particular segment of the market, 
requires its own set of system parameters to match the system to the 
application best. There is no single system that will satisfy all applica-
tions of video communication, if cost-utility factors are considered. 
For these reasons, initial emphasis has been placed on designing the 
network for face-to-face performance. The other applications were 
kept in mind and those which did not seriously compromise the per-
formance of the system for face-to-face communications have been 
accommodated. 
The Picturephone network will complement the telephone network. 

That is, existing services will remain in place; telephones will continue 
to be used for setting up calls; card-dialers, speakerphones, and other 
extra telephone features will be retained; billing-recording procedures 
will not change; and customers will choose between a regular voice 
telephone call and a Picturephone call when they originate a call. This 
so-called vertical extension of existing services will take maximum 
advantage of existing equipment. 
The first customers will be from the business community. This ob-

servation has affected the physical design of the Picturephone set, 
placed special emphasis on the use of customer switching equipment, 
and guided the design of the relatively short access lines (loops) which 
connect most business customers with the serving central office. 
The articles in this issue cover the initial design of the systems of 

equipment that will provide Picturuphone service. Innovations that 
will add to the initial service capability and reduce cost are already in 
the design stage and more are being studied. Future articles in this 
Journal and elsewhere will report on new improvements as they 
emerge. 
This article presents an overview of the systems; the next article re-

ports on system parameters and how they have come about. The re-
mainder of the issue is organized by major communication system 
functions: stations, transmission, central office switching, customer 
switching, and finally, data and computer display equipment. 
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H. THE SERVICE, THE CUSTOMER, AND THE STATION 

The most important advantage of Picturephone service is that the 
user will be able to see as well as hear the person with whom he is 
talking. Moreover, to simulate as closely as possible the naturalness of 
a face-to-face conversation, the customer's hands remain free as in a 
normal conversation. This feature is provided by the addition of a 
microphone and loudspeaker. However, a telephone handset can be 
used when audio privacy is desired. 
The equipment required at the customer's location is packaged in 

four parts, three of which are shown in Fig. 1.2 The picture display 
unit contains the camera, picture tube, loudspeaker, and complex elec-
tronics to drive them. A small control pad contains the user controls 
and the microphone. These and any standard Touch-Tone telephone 
are easily accessible in front of the user. A service unit, containing 
the power supply, logic and control circuits, and transmission equal-
izing circuits, is mounted out of sight in any location up to 85 feet 
away. Normal lighting is adequate. 
The Touch-Tone telephone is used for Picturephone service because 

there are 12 symbols available rather than the 10 symbols provided by 
rotary dials. The 12th button, labeled #, in the lower right-hand cor-
ner of the Touch-Tone dial, is used to designate a Picturephone call. 
The customer simply depresses this button and then, in most cases, 
dials the number of the station he is calling. No new numbering plan 
is necessary, since the switching will recognize the symbol # and 
control the equipment to make the video connection. 
In cases where telephone company operator assistance is required 

on a Picturephone call, the symbol # is depressed before the digits 
normally used to reach the operator. The operator responds on an 
audio-only basis. An appropriate fixed image, however, will appear on 
the customer's screen. Initially, the 3CL switchboard will be equipped 
for Picturephone operator service; the Traffic Service Position System 
(TSPS) 2 will be added later. Recorded announcements, such as "no 
such number" or "your call didn't go through," will also be provided 
on an audio-only basis. 
Incoming Picturephone calls are identified by a distinctive ring 

created by a new tone ringer in the display unit. lithe customer has 
a key telephone, the key corresponding to the called line lights red to 
identify a Picturephone call and white for a voice-only call. The call 
is normally answered in the hands-free mode by operating a switch 
on the control pad. 
Normally, the Picturephone customer sits about three feet away 
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from the display unit. He sees the other person on a 5 x 5-1 inch 
(12.5 x 14.0 cm) screen. The images are displayed 30 times per sec-
ond. Each display, or frame, consisting of 251 active scanning lines, is 
divided into two fields. The odd lines are first displayed in one field 
and then the even lines are interlaced in the succeeding field. This 
technique makes best use of the one-MHz transmission bandwidth, 
as is described in detail in the article on system standards.4 
An additional provision permits the display of simple graphic ma-

terial. A mirror, built into the display unit, is flipped out in front of 
the camera lens. Graphic material is placed beneath the mirror on 
the tabletop in front of the display unit and the camera focuses on 
the plane of the table. 
Lines equipped for Picturephone service may also have voice-only 

extensions, such as a secretary's pickup. Although video calls can be 

Fig. 1—The station installation, showing three of the four components: the 
existing telephone, a display unit, and a control .pad. (The service unit is not 
shown.) 
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answered on such an extension, the caller would not see anyone until 
the call is picked up on a Picturephone set. 
Full video service can be supplied to a PBX attendant if the cus-

tomer wishes. As a further option, a fixed image, such as a company 
trademark, can be displayed to the caller while the attendant handles 
the call. In each of these situations, however, the communication sys-
tem sets up a full two-way video circuit, and hence the customer will 
be charged at Picturephone rates. 
Business communication services today range from simple direct 

lines to more complex PBX and Centrex arrangements. PBX service 
features include dial intercommunication and attendant service. In the 
case of Centrex, the service features include direct inward dialing to 
telephones and identified outward dialing. To assure continuation of 
the availability of these existing business services, new Picturephone 
key telephone units offering pickup, hold, and intercom service will 
be provided. Business customers who currently receive their telephone 
service from 701 and 757 PBXs, No. 101 ESS, or No. 5 crossbar sys-
tems, will be able to add Picturephone service and retain all of their 
major PBX and Centrex features. Picturephone service with other new 
PBX systems and with the No. 1 ESS system will be introduced at 
a later stage of the service. 

III. LOCAL AND LONG-HAUL TRANSMISSION 

The video signal leaving the Picturephone service unit of a station 
is a line-by-line electrical analog of the luminance of the scanned 
image interspersed with appropriate horizontal and vertical synchro-
nizing pulses. The higher-frequency components of the luminance sig-
nal are pre-emphasized to approximately match the expected com-
posite noise encountered in transmission. This technique improves the 
signal-to-noise ratio after de-emphasis at the distant station. The pre-

emphasized time waveform is illustrated in Fig. 2. 
Picturephone service requires no modification to the existing two-

wire telephone loop; conventional calls and the voice portion of Pic-
turephone calls use these wires. Two additional pairs of wires in 
standard telephone cables are assigned for the video signals—one pair 
for transmission in each direction. To compensate for the attenuation 
at video frequencies, equalizers are inserted at about one-mile inter-
vals along the additional pairs. The ON-OFF switch-hook signals, 
Touch-Tone dialing signals and ringing signals, as well as the voice 
portion of Picturephone calls, are all transmitted over the voice pair. 
The basic local arrangement for direct lines is shown in Fig. 3. 
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More elaborate multistation arrangements on the customer's premises 
are served by similar loop arrangements. For PBXs, such six-wire 
loop arrangements serve as PBX trunks with the voice pair used ex-
clusively for Picture phone calls. 
Similarly, trunks to distant switching offices use six wires in much 

the same fashion. For the initial years of service, the equalizers in 
loops and trunks will be of the same design. Later, new trunk equal-
izers and loop equalizers, each with increased capabilities, will be 
available. The primary improvement in the later equalizers will be the 
capability to automatically compensate for cable transmission varia-
tions due to temperature changes. This will greatly increase the dis-
tance range of analog transmission in a local area. The mileage ranges 
are given in the article on the transmission plan.5 
For transmission beyond the local area, which may initially be a 

business district but will later be an entire metropolitan area, the 
analog Picturephone signal will be encoded in digital form. This trans-
formation involves sampling at the Nyquist rate of about 2 MHz and 
then encoding the amplitudes of the differences between successive 
samples into 3-bit binary codes. The bit rate is thus about six megabits 
per second. The equipment at one terminal that encodes in one direc-
tion and decodes in the other is called a codec. 
Digital transmission is desirable because essentially all of the im-

pairment in the process occurs due to quantization errors in the coding 
and the corresponding decoding (coding noise). Impairments can be 
controlled by an appropriate choice of the coding algorithm. Once 
encoded, the digital stream is transmitted, with regeneration at ap-
propriate points in the path, in such a way that the received stream is 

CUSTOMER PREMISES 

LOCAL CENTRAL 
OFFICE 

SERVICE 
UNIT 

TELEPHONE   
SWITCH 

VIDEO 
SWITCH 

2-WIRE 
TELEPHONE 
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6- WIRE 
SUBSCRIBER 
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Fig. 3—Bathe local arrangement. 
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nearly identical to the transmitted stream regardless of the distance 
transmitted.6.7 The digit errors and the timing jitter introduced in 
transmission are controlled so as to have insignificant effect. 
A switching and transmission plan has been devised which limits a 

signal in a complete connection to a single encoding and decoding to 
avoid an accumulation of coding noise. The signal stays in analog 
form in the local area. Once encoded for longer-haul transmission, it 
stays in digital form until it reaches the local area of the called sta-
tion. Thus, the signals are switched in analog form in the local areas 
and in digital form in the long-haul plant. 
In the initial years of Picturephone service, voice and signaling in-

formation will be transmitted on conventional carrier-derived voice-
frequency channels. Later, as newly developed equipment enters the 
field, voice and signaling information will be converted to digital form 
and multiplexed together with the video signal into a composite bit 
stream. 
The basic line rate for encoded Picturephone signals, with or with-

out multiplexed voice and signaling, is 6.312 Mb/s.8 The T2 digital 
transmission line, soon to be introduced, transmits at a 6.312-Mb/s 
rate and is, in fact, the reason for selecting this particular signal en-
coding rate. The T2 line will operate up to several hundred miles 
over wire pairs equipped with regenerative repeaters. 
Digital transmission systems now being developed for a broad range 

of communications will ultimately take over the long-haul transmis-
sion of Picturephone signals. The first system to transmit digital bit 
streams for long-haul transmission will be the TD-2 microwave radio 
relay system. A pair of radio channels, one in each direction and each 
having a 20-MHz bandwidth, will be equipped to transmit 20.2-Mb/s 
streams carrying three coded Picturephone signals. Any or all of the 
ten pairs of radio channels on a TD-2 system may be so equipped. 
The L-4 coaxial cable carrier system will also be equipped to 

transmit bit streams. In this case, a 13.29-Mbis stream, carrying two 
6.312-Mb/s signals, will be transmitted in place of one of the six 
mastergroups of voice channels (600 such channels per mastergroup) 
on a pair of coaxial units in a cable. Any or all of the six mastergroups 
on a pair of coaxials may be so equipped. Thus the TD-2 and L-4 
systems, already in existence, will meet the long-haul needs of Picture-
phone channels for the first few years. 
The TD-3 system, a solid-state successor to TD-2, will also be 

capable of carrying the 20.2-Mb/s pulse stream per radio channel. The 
L-5 system, now in development, will be equipped to handle 13.29-
Mb/s pulse streams in place of a mastergroup, as in the L-4 system. 
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Higher bit rates, carrying more Picturephone signals in place of sev-
eral mastergroups, are also contemplated on L-5 for greater efficiency. 
Still later in time, other coaxial systems and a new waveguide system 
will carry Picturephone signals with still greater efficiency. 
Current research has shown good prospects for reducing the required 

bit rate from 6.312 Mb/s to significantly lower rates by taking advan-
tage of the inherent frame-to-frame redundancy.' This is a future 
prospect, however, and will not be available in the initial system. 
The picture that is finally viewed at a Picturephone station con-

tains impairments introduced by each part of the built-up connection. 
The end-to-end impairments are controlled by holding each part of 
the connection within specified limits. Each of these has been assigned 
a numerical end-to-end maximum value with a specified portion al-
located to stations, loops, trunks, etc.' 

IV. CENTRAL OFFICE SWITCHING 

At the local central office, the voice pair is connected to the existing 
telephone switch in the conventional way. The video pairs, however, 
are connected to a separate four-wire video switch which is under the 
control of the existing telephone switching machine. 
As Picturephone service is first offered, No. 5 crossbar switching 

machines will be modified to switch video calls with up to a maximum 
of 3200 line appearances and 400 trunk appearances. The capability 
of providing Picturephone service will be added to No. 1 ESS later. 
Picturephone service for customers served from step-by-step, panel, 
or No. 1 crossbar offices will be routed to a nearby No. 5 crossbar or, 
later, to a No. 1 ESS office. 
Whenever a customer dials a call, the common control equipment 

in the switching machine recognizes the digits and establishes a talk-
ing path between the lines and trunks. For voice-only calls, the existing 
two-wire telephone switch makes the connection. When the special pre-
fix, #, is dialed, indicating a Picturephone call, the talking path is es-
tablished through the two-wire telephone switch, and a path is estab-
lished simultaneously through the four-wire video switch to the trunk 
side of the switching matrix. There, the audio and video paths form a 
composite six-wire appearance. For intra-office calls, the six-wire Pic-

turephone signal returns through the switches to another line. For calls 
to a distant central office, however, the path is established over a six-
wire Picturephone trunk. The audio portion of the six-wire trunk is 
dedicated to Picturephone traffic and is never used for voice-only tele-

phone traffic. 
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What has been described above is the means for switching Picture-
phone signals in analog form. Picturephone signals will be switched in 
this way in the local serving central office. Initially, some of these 
same offices will also provide the toll switching function, also in 
analog form. The digital encoding and decoding are carried out within 
the interoffice trunks. Later, the bit streams will be switched at toll 
centers. Initially, No. 5 crossbar systems will function as the toll cen-
ters, and later, electronic toll switching machines will assume this 
function. 
There are some cases where it will be economically attractive to add 

a switch remote from the serving central office. The large business 
customer having a number of Picturephone stations located a few 
miles from the serving central office is such an example. In this case, a 
wideband remote switch (WBRS) can be provided that acts as a con-
centrator to reduce the required number of video links between the 
customer and the serving central office. Only a portion of the control 
circuitry is at the WBRS. Control circuits in the central office direct 
the switch over regular telephone pairs, which serve as the control link. 
Figure 4 illustrates the Picturephone switching hierarchy. Note that 

the toll center may switch either analog or digital signals. Actually, 
although not shown, a toll center or a primary center may be equipped 
to switch both analog and digital signals in separate switch matrices, 
with codecs in the interswitch paths. The choice is based on local 
trunking needs and economics. Figure 4 also illustrates a use of a 
WBRS and a wired-through connection at a local telephone end-
office not equipped for Picturephone switching. Although not shown, 
trunks may exist between any pair of switching offices in the diagram 
(except that the WBRS connects only to its homing office). 
An illustrative local area configuration is shown in Fig. 5. Analog 

loops and trunks are shown with local and toll analog switching. Also 
shown is how they interface with digital trunks and bit stream switch-
ing. 

V. OTHER SERVICES 

Picturephone service will provide a one-MHz switched network, 
which will be capable of providing more than "see-as-you-talk" com-
munications. Two obvious and important additional capabilities are 
being implemented from the start: digital data transmission and inter-
action with a computer. 
For initial service, the Picturephone network will transmit and re-
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ceive synchronous digital data through a data set at the station, much 
like Data-Phone® data communications service on the voice network. 
Initially, transmission of digital data is limited to  rate of 460.8 
kb/s by the coding processes in the trunks, but improvements are 
planned to extend the maximum bit rate to 1.344 Mb/s. 
The capability of interacting with a computer from a Picturephone 

set is provided by means of a special display data set, which appears 
to the computer as a voice-frequency time-sharing access line and to 
the switched network as a regular Picturephone set. The special dis-
play data set communicates with the computer in the format of a 
voiceband data set, such as those currently used in time-shared sys-
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The toll center may be either A or D. The two eases shown are illustrative. 

Fig. 4—Picturephone switching hierarchy. [  j wideband remote switch 

(WBRS); —• —• — analog or digital transmission;   analog only; 
  digital only; D = digital switch; A = analog switch.] 
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Fig. 5—Illustrative local area configurations. 

terns. The data set generates an analog video signal from Ascit-coded* 
computer information for display on the Picturephone set. The data 
set also converts the tone signals from the Touch-Tone telephone to 
Ascir code to interrogate the computer. Thus, a user can dial a regular 
Pictureephone number, reach a customer's computer, and interact using 
the user's display tube and the Touch-Tone dial with no additional 

*American National Standards Code for Information Interchange (ANS x 3.4-
1968). 
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equipment at the station location. An optional extension of this cap-
ability, using an ASCII keyboard, is under way. 
Other uses will come in time, many by customers interconnecting 

their own station arrangements. It should be made clear that although 
the Picturephone signal occupies a nominal one-MHz bandwidth, the 
switched network cannot be used to transmit arbitrary one-MHz 
signals because of power constraints, spectral distribution constraints, 
and signal processing constraints in the digital coding. The connecting 
arrangements for customer owned equipment are described in an avail-
able technical reference.1° 
One other service that should be mentioned here is multipoint con-

ferencing, involving many conferees, each at a different location. A 
Voice Operated Video Conference System (VOVCOS) is planned for 
introduction a few years after the initial service offering. In this 
system, a voice-actuated switch causes the picture of the person talking 
to be seen by all other conferees whose sets are connected to the 
special VOVCOS conference bridge. Such a system is necessary to 
extend the voice conferencing services now offered, to the Picturephone 
network, where the new question of who sees whom arises. 
Two more obvious extensions of the service are still in the active 

research stage: full color service and a high-resolution graphics cap-
ability. In the latter, high resolution will be obtained within the same 
bandwidth by sacrificing response to animation. It is expected that in 
time, these service capabilities will be added. 
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The Picturephone® System: 

Service Standards 

By T. V. CRATER 

(Manuscript received September 25, 1970) 

We describe in this paper the fundamental requirements of a visual 
telephone service. These lead to a basic physical configuration of the station 
equipment. The picture standards are chosen to provide the visual adjunct 
at no greater cost than is necessary to secure most of the possible enhancement 
of direct conversation. Transmission standards are established with the 
objective of limiting to an acceptable range the difference in quality between 
the image as viewed at the originating station and as received over the 
longest connection possible in the network. 

I. THE FUNDA MENTAL REQUIRE MENTS FOR Picture phone® SERVICE 

The previous paperl described Picturephone service as primarily 
designed for face-to-face conversation. Put very simply, we are in-
terested in improving telephone communication by making it possible 
for the two parties to see as well as hear each other. The notion of 
seeing what is going on at some distant point by means of electrical 
signals transmitted over wires is as old as the telephone itself.2 The 
early work on television was in fact directed toward a wired point-to-
point visual service. 
Although television developed as a broadcast service, it brought into 

being most of the technology necessary to make visual telephone serv-
ice technically feasible. Economically, however, the techniques devel-
oped for television are in many respects inappropriate for a face-to-
face service. The subscriber's station must be equipped with a camera, 
a receiver and voice equipment, packaged for great durability and 
safety, and manufactured initially in relatively modest quantities; this 
suggests an equipment cost several times that of a home television re-
ceiver. The subscriber needs a private two-way channel to the nearest 
switching machine, but short-distance cable systems used for television 
today are costly, especially for the initial era of very light development 

235 
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of the service. Finally, long-distance television transmission today, 
requiring usually an entire microwave radio channel and attentive 
maintenance, is prohibitively costly for a face-to-face service to 
achieve wide public acceptance. 
The key aspects of the design and implementation of a Picture phone 

system therefore pivot around questions of cost. Succeeding papers 
of this issue will describe the means chosen, in each part of the system, 
to minimize initial and maintenance costs while meeting standards of 
service. We have set those standards so that the quality will be no 
better than is really needed, particularly in the more cost-sensitive 
aspects. In doing this we have tried to ensure that the standards chosen 
are fully adequate for a face-to-face service in the foreseeable future, 
since it may be extremely costly to upgrade them later. In the begin-
ning, the usefulness of Picturephone service will be limited by its cost; 
eventually, it will be limited by its inadequacy relative to something 
else. The choice of the standards will determine the length of its era. 

1.1 The Experimental Basis for the Standards 
The subjective factors involved in establishing video standards are 

sufficiently complex that a comprehensive theory is not available. 
Thus the weighting of economic and technical factors tends at every 
step to require subjective testing as well. Moreover, a set of standards, 
once tentatively established, must be tried under realistic conditions, 
to test the overall effectiveness and utility of the service they define. 
It is consequently the author's privilege to report on the results of a 
series of studies, test programs and trials, extending over a period of a 
decade and a half, and supported by the efforts of dozens of people. 
In what follows, we attempt to abstract an outline in a logical sequence 
of the bases for the separate but interrelated choices that make up the 
standards. 
It is not possible in many cases to refer to the literature for a 

description of the test or trial alluded to, since most of the work at 
Bell Laboratories on visual telephone standards has not yet been pub-
lished. As a partial substitute, it may be helpful to review here briefly 
the major study and test programs which have contributed to these 
standards. 
The work may be considered to have started in 1954 with an investi-

gation by W. E. Kock, F. K. Becker, R. L. Miller and others of the 
possibilities of a visual adjunct consisting of a series of snapshots of 
the distant party, produced at the rate, in one realization, of one every 
two seconds.3-5  Although this approach was not pursued beyond the 
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demonstration of its technical feasibility, the work excited new interest 
in the notion of a visual adjunct to telephony. In 1956 A. D. Hall, 
with J. D. Gabbe, H. Cravis, and later M. W. Baldwin, Jr., J. E. Abate, 
the author and others, began an engineering study of the economic and 
subjective factors involved, with the objective of establishing require-
ments for station equipment. At about the same time W. T. Wintring-
ham, with R. L. Eilenberger, R. L. Miller and later R. C. Brainard, 
F. W. Mounts, E. F. Brown and others, began experiments with methods 
of efficient digital encoding of the video signal. This group also investi-
gated standards in order to characterize the signal which might be 
encoded. Their work has continued to influence standards at each step. 
By 1960 an initial service definition was available, calling for a 

0.5-MHz video signal which could be transmitted and switched at 
acceptable costs. A station instrument development was initiated by a 
group under the direction of L. A. Meacham. The resulting instrument,° 
referred to as the Mod I Picture phone station set, was installed in an 
8-station switched network as an exhibit at the New York World's 
Fair in 1964.7.9 Visitors chosen by a random-sampling procedure were 
given an opportunity to make calls between booths of the exhibit, and 
their reactions to the experience, in respect to the utility of the service 
and the appropriateness of various features of the set design, were 
elicited by means of a questionnaire. Observations were also made of 
the learning process as visitors used the equipment, to determine 
whether any human-engineering improvements were indicated. 
In 1965 Mod I sets were installed in 28 Bell Laboratories offices at 

Murray Hill and Holmdel, New Jersey, with switching and transmis-
sion equipment of preliminary design, and with telemetry equipment 
to record the duration of each phase of every call and all operations of 
electrical controls. Questionnaires were also used to determine subjec-
tive reactions. A separate trial was conducted at offices of the Union 
Carbide Corporation in New York and Chicago during the same year, 
in which 35 stations were installed and statistics of both local and 
intercity traffic were recorded.° 
On the basis of results of these trials and of continuing laboratory 

experiments and economic studies, standards for an improved station 
set, referred to as Mod II, were established in 1966. This station set, 
described in another paper in this issue,9 was tested in a trial in the 
Westinghouse Corporation's offices in New York City and Pittsburgh 
in 1969. It is also in regular experimental operation in the Murray 
Hill-Holmdel network, now expanded to include offices of the American 
Telephone and Telegraph and Western Electric Companies in New 
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York City. With modifications resulting in part from these tests, the 
Mod II set has been employed in commercial service since July 1, 1970, 
when Picturephone service was instituted in the Golden Triangle area 
of Pittsburgh, Pennsylvania. 

1.2 Basic Picture Requirements 
In view of the high cost of television transmission, it would be 

prodigal to provide the picture at broadcast television standards. The 
prospect of using fewer scanning lines and less bandwidth is very 
attractive. With good maintenance of station equipment and of wire 
transmission systems, picture quality can be kept close to the design 
objective; much of the possible quality of broadcast television is lost 
in the radio broadcast path and in poor maintenance of the home 
television receiver. The reduction of bandwidth which is possible is 
limited by a built-in human resistance to very fuzzy images and to 
images which flicker. As will be seen, a minimum bandwidth of several 
hundred kilohertz is found to be necessary. 
A large reduction of bandwidth is possible if the display of the 

image in continuous motion is abandoned. In the visual adjunct experi-
ments carried out in the years 1954 through 1956 by W. E. Kock, 
F. K. Becker, R. L. Miller and others, the picture elements were trans-
mitted over a separate telephone circuit and stored at the receiving 
end until the snapshot was complete, and then displayed while infor-
mation was accumulated for the next image. This adjunct permitted 
inspection of the other party, but the disjointed series of facial images, 
each one displayed while its successor was made, did not provide the 
enhancement of telephone conversation which occurs with full motion 
portrayal. 
We have chosen to give the system sufficient bandwidth to provide 

full motion capability, adequate, for example, for lip reading, and 
resolution sufficient for a life-like image of the face. 
Most of the visual enhancement of telephone communication re-

quires a monochrome image only; the elements of it are smiles, 
frowns, averted glances, broad grins, expressions of shock, dismay, 
amusement, or sympathy. There are however additional values in the 
naturalness of an image transmitted in color. These have not been 
deemed sufficient to justify delaying the service until problems of cost 
of the color station instrument can be resolved. They do suggest the 
consideration of transmission capacity in the light of the needs of a 
future compatible color system. 
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1.3 Basic Operational Objectives 
Since Picturephone service is to be an extension of telephone 

service, it must operate in typical telephone environments. To avoid 
duplication of equipment, visual telephone and ordinary telephone 
calls should be made from the same station instrument. To simplify 
operation as much as possible, the station address for Picturephone 
service should be the same as for telephone service, except for a prefix 
to indicate that a call is to include the visual adjunct. 
On the other hand, the user will not want to give up other special 

telephone services which he may already have. This requires that the 
applique equipment for the visual adjunct be compatible with any of 
the many types of Touch-Tone® telephone station instruments now 
in use in the Bell System. 
Telephone service should not in any way be diminished when the 

visual channel is added, and there is one respect in which it should 
be expanded. It is appropriate to supply hands-free speakerphone 
audio with Picturephone service because the handset becomes a barrier 
in the optical path and detracts from the feeling of presence. The 
handset, of course, remains available for use when privacy is impor-
tant or room noise is disturbing. The speakerphone, on the other hand, 
is available for telephone calls as well. 
In use, the subscriber should be able to make either a telephone or 

a video telephone call to another Picturephone station, or a telephone 
call to any telephone station, using in any case the same telephone 
instrument. If he elects to make a visual call, the video channel is 
provided at the beginning and is available throughout; this makes it 
possible for the system to select an available video channel and check 
to ensure that it and the called subscriber line are functioning before 
making the connection. It will not be possible to summon the video 
adjunct midway through a telephone call or drop it midway through 
a video call. Since any telephone line may become a Picturephone line, 
it may have telephone-only extensions; visual calls may be originated 
or received on these, although the picture will not be seen. 
We have discussed only the use of the service for face-to-face 

conversation. It is also suitable for the transmission of graphic infor-
mation, such as pencil sketches, diagrams, pictures and some printed 
material. The video display and broadband channel are ideal for inter-
action with a computer. The network of broadband channels will be 
useful for the transmission of data at very high speeds. These applica-
tions are described in other papers in this issue. The standards, how-
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ever, are based on the face-to-face application, and only such minor 
modifications have been permitted on behalf of other applications as 
will not significantly affect the cost of the face-to-face use. 
These elementary considerations lead to a concept of a station 

instrument which can be added to the existing telephone set, to operate 
as simply and with as little disruption of the normal telephone envi-
ronment as possible. No more transmission capacity need be provided 
than is necessary to achieve the enhancement which vision adds to 
face-to-face conversation, without visual strain, nervous strain or 
discomfort. 

II. CONFIGURATION AND PHYSICAL DI MENSIONS OF THE STATION 

EQUIP MENT 

In setting standards to obtain fully adequate visual images at mini-
mum cost, video parameters such as number of scanning lines, reso-
lution, and the allowable degree of picture impairment of each kind 
are of primary importance because they determine the costs of trans-
mission systems. These requirements must be evaluated in terms of a 
rather specific station configuration, with particular respect to viewing 
distance, picture size, and picture aspect ratio. 
To continue with the discussion of standards, we therefore look next 

at the station configuration. Given the initial requirement that the 
equipment be designed for use at the close quarters provided by a 
desk or table, there are some constraints that must be accommodated. 

2.1 Imaging the Viewer 
For the parties to the conversation to enjoy a normal visual ex-

change, they should each remain reliably in view of the other, and 
they should be able to "look each other in the eye." The first of these 
needs might be satisfied by a camera arranged to follow the user so 
as to keep him centered in the field of view. This is presently consid-
ered unattractive on technical, economic, esthetic and psychological 
grounds. Some means is therefore desirable to help the user stay in 
view. The second ideally requires that the camera be located in effect 
where the screen is, at about the bridge of the nose of the image. 
Both of these needs are quite well satisfied by putting the camera 

behind a half-silvered mirror which reflects the image of the display 
tube so it can be seen by the user.1° The result is to box in the optical 
path to the screen so that it appears to be at the far end of a short tun-
nel. In order to see the entire image, the user stays within the camera 
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field. Eye contact is also very good. A schematic diagram of such a 
station set is shown in Fig. 1; an instrument using this principle was 
constructed and tested at Bell Laboratories in 1963 by R. L. Eilen-
berger. 
This arrangement makes it quite difficult for others in the room to 

see the image. While the resulting privacy is an advantage in some 
cases, it is a source of frustration when the user wants to introduce 
a second person to the distant party, or when he wants to demonstrate 
the service to others. The mirror also requires an increase in bulk. 
For these reasons the simpler configuration shown in Fig. 2 is pre-
ferred for general use. The viewer looks directly at the screen and the 
camera is located at as small an angle from the screen as possible. 
The eye contact requirement remains a factor in dimensioning the 
instrument; this question is discussed further in the paper on the 
station set in this issue. The eventual development of a station set 
using the split optical path is by no means ruled out by the standards 
we have chosen, and such a set would have marked advantages for 
the user who wants to exclude the distractions of a busy environment. 

2.2 The Camera Field of View 

Somewhat related to the choice of the open screen is the question 
of the field of view. Since the major visual clues in conversation are 
facial expression and movements of the head, eyes, and lips, the mini-
mum bandwidth would be required for an image of the head only. 
With the open screen, the conscious effort required of the user to stay 
in so constrained a position would make him quite uncomfortable. 
Experiments conducted by J. D. Gabbe and others in 1956 and there-
after and by R. L. Eilenberger and others about the same time, 

'HALF - SILVERED 
MIRROR 

DISPLAY TUBE--

Fig. 1—Station set with coaxial display and camera optical paths—top view. 
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=11 
Fig. 2—Station set with open display. 

quickly established the desirability of the head-and-shoulders view 
with the open-screen configuration. This view not only permits a 
necessary degree of freedom of motion, but also allows the distant 
party to see some of the surrounding environment, shows additional 
visual signals such as hand and arm motions and shrugs, and provides 
an esthetically pleasing picture. Experience with the Mod I set at the 
New York World's Fair in 1964 confirmed the advantages of the 
head-and-shoulders view. 
The substantial savings in transmission cost might justify the head-

only picture in the early years of the service when costs are para-
mount. In the long term, however, the provision of the head-and-
shoulders view is considered necessary to assure the full adequacy 
of the service for normal face-to-face conversation. 

2.3 Picture Size and Viewing Distance 
The ratio of viewing distance to screen size is closely related to the 

number of scanning lines and to the horizontal resolution, and in fact 
to many other picture quality standards. This is because the user 
wants to be close enough to see all of the useful picture detail but far 
enough away to be undisturbed by the line structure and other visual 
effects due to the scanning process. In the visual telephone application 
viewing distance tends to be the independent variable, leaving picture 
size and scanning standards to be chosen in the light of the cost of 
bandwidth in transmission. 
Since Picturephone service must operate in the relatively small 

spaces in which the telephone is used, the available viewing distance 
is limited. For a desk of ordinary size, a distance greater than about 
0.9 meter is awkward. Even this is too much for many telephone 
situations. On the other hand, shorter viewing distances tend to 
degrade the image obtained by the camera, which must be located as 
near the display as practicable. Short camera ranges tend to increase 
the eye contact angle and to introduce distortion effects due to per-
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spective. A short camera range also deprives the user of leeway for 
his normal forward and backward movements. A user who leans 
forward 0.3 meter from a normal range of 0.9 meter may still transmit 
an acceptable picture, but the effect of moving from 0.6 meter to 0.3 
meter is found to be almost grotesque. 
A longer camera range also reduces the height at which the camera 

must be located, and therefore leads to a more compact set. Since the 
head is to appear near the center of the picture, the camera must 
either be located near the level of the head or be tilted upward. Tilting 
the camera tends to bring overhead lights into the picture, and if 
carried to extremes, makes walls and bookcases appear to be leaning 
backward and produces a distorted view of the face. The further 
away the camera is, the lower it can be placed and still remain within 
a given tilt-angle limitation. 
Because of these factors, confirmed by experience with the Mod I 

set, a viewing distance of 0.92 meter (36 inches) has been chosen, to 
place the instrument as far away as possible while keeping it on the 
desk or table at which the user is sitting. This standard has been re-
tained through the several trials of the two station set models. 
The choice of picture size is somewhat more complicated. A pri-

mary factor is the desirability of a compact subscriber's set. However, 
if the user's esthetic or psychological reaction is that the picture as 
seen at the design viewing distance is "too small," he may tend to 
compensate by moving forward. In experimente at Bell Laboratories in 
1958, R. L. Eilenberger found that at a viewing distance of only 0.66 
meter, a picture of about 0.013 square meter (20 square inches) was 
rejected by test subjects in favor of larger pictures. 
An upper limit to the size is imposed by the fact that the desk is 

also used for other activities. It appears however that esthetic prefer-
ences restrict picture size more than desk space might. Mr. Eilen-
berger found preferred picture heights ranging from 0.14 meter (5.5 
inches) to 0.16 meter (6.2 inches) at viewing distances from 0.66 
meter (26 inches) to 1.07 meter (42 inches). His tests used a 525-line 
picture and the height preferences obtained are therefore based on 
esthetic preferences rather than raster visibility. In tests of pictures 
with limited bandwidth made at Bell Laboratories, J. D. Gabbe and 
A. C. Bandini found that with a 245-line picture of 0.20-meter (8-inch) 
height, subjects considered a 1-meter viewing distance too close, while 
with a 0.15-meter (5î inch) picture of the same number of lines, the 
1-meter distance was entirely satisfactory. 
Optimizing the picture at minimum bandwidth leads to a similar 
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picture height. The picture height should be chosen to make the trans-
mitted information fully available to a person with normal vision. 
The viewer tends to approach the picture until the scanning structure 
becomes sufficiently obtrusive that there is no advantage in moving 
closer. If the distance at which this happens is 0.92 meter (36 inches), 
the optimum viewing range will coincide with the chosen camera range. 
It will be shown in Section III that this leads to a picture height of 
about 0.13 meter (5 inches). 
The choice of picture height cannot be entirely divorced from the 

choice of aspect ratio. Studies of preferred aspect ratio for a head-
and-shoulders view, based upon viewing the picture, were not in 
complete agreement, a 3:4 aspect ratio (width to height) being found 
in one study and about 1:1 in another. The Mod I station set used the 
3:4 ratio, with a 0.11-meter (4-3/8 inch) by 0.15-meter (5-3/4 inch) 
picture. Trials of this equipment at the New York World's Fair in 
1965, at the Union Carbide Corporation in New York and Chicago in 
1965, and at Bell Laboratories branches in Murray Hill and Holmdel, 
New Jersey, in 1965 and later, called attention to the user's problem 
of staying within the camera field of view. A choice of the 4:3 aspect 
ratio of entertainment television would solve this problem quite com-
pletely, but the bandwidth would then be increased by a factor of 16/9 
for a given resolution of the actual user image. 
These factors were compromised in the Mod II set by the choice of 

the 1.1:1 aspect ratio; this frame is more consistent with test results 
on optimum aspect ratio for viewing, provides adequate freedom for 
the user and is economical of bandwidth. At the same time, the picture 
height was reduced from 0.15 meter to the 0.13 meter mentioned 
above. This reduced the visibility of the line structure. It also reduced 
the increase in the contribution of the display tube to bulk, from 47 
percent to 10 percent, and permitted reduction of the eye contact 
angle. The Westinghouse and Bell Laboratories trial results with the 
Mod II design indicate that these dimensions are entirely satisfactory. 

2.4 Audio and Controls 
In a video telephone call, the telephone handset is not only a visual 

obstruction, concealing important parts of the face, but also burdens 
the hands, interfering with normal gesturing and the manipulation of 
objects to be displayed. For this reason a microphone and speaker are 
considered essential for every station. The handset must also be avail-
able for those occasions when privacy or background noise makes the 
speakerphone arrangement undesirable. 
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Provision for viewing oneself has been found very desirable. Use of 
this feature is typically high in the first few months as a new user, 
not yet confident in the use of other visual cues, checks frequently to 
see whether he is properly framed in the picture. To secure proper 
framing, it must be possible for the user to adjust both the azimuth 
and elevation of the camera. Provision for shutting off the outgoing 
picture is necessary for obvious reasons; it is desirable to provide an 
electronic means for this rather than require the user to obstruct the 
camera view. A means of alerting the user, while the station is being 
rung, that the call is a Picturephone call, is also desirable. 
These features imply a number of controls which is close to the 

minimum. Their realization is described in the paper on the station 
set in this issue.° 

III. OPTIMIZATION OF PICTURE PARAMETERS 

The choices to be made in selecting picture standards are so numer-
ous, and interact in so many ways with each other and with the cost 
of providing the service, that it is difficult even to propose a logical 
study sequence which would lead to a unique set of standards. We 
have already seen that the picture size cannot be established without 
some reference to the scanning standards. In what follows, the bases 
of the major choices will be outlined. 

3.1 Brightness and Field Rate 
In a sequential scanning pattern, the picture is scanned line-by-line 

from top to bottom. The resulting field of horizontal lines contains all 
of the information to be transmitted about one frame. In a two-to-one 
interlaced pattern, the picture is scanned twice, the second time be-
tween the first set of scanning lines, so that two fields are required to 
complete one frame. With either pattern, the gross visual effect of a 
field is that of a moving pulse of light, decaying in accordance with 
the characteristics of the phosphor while the scanning beam traverses 
the picture. If the field rate is too low the picture appears to flicker. 
The lowest frequency at which flicker disappears depends on several 
factors but varies approximately as the logarithm of the highlight 
luminance. Under typical television conditions the threshold of per-
ception of flicker at 50 fields per second occurs at a highlight bright-
ness of about 30 foot-lamberts, while at 60 fields per second it occurs 
at 180 foot-lamberts.11 In tests at Bell Laboratories in 1966, E. F. 
Brown found a highlight brightness of about 80 foot-lamberts to be 
preferred for Picturephone service. This would permit a field rate of 
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56 Hz under typical television conditions, but to allow for variable 
circumstances it is desirable to establish a somewhat higher field rate. 
Interference from power lines at 60 Hz and its harmonics has 

usually been a factor in the choice of field rate for any video service. 
Interference at a frequency differing from the field frequency by 10 
Hz requires about 12 dB more suppression than one differing by only 
0.5 Hz.12 Recent tests at Bell Laboratories by D. B. Robinson, Jr., 
show that if the two frequencies are very nearly equal, the suppres-
sion required may be as much as 20 dB less than at 0.5-Hz difference. 
With the advent of solid-state electronics and the development of 
improved clamping circuits, however, these results are of less sig-

nificance than formerly. 
Both fluorescent and incandescent lights have a fluctuating com-

ponent at twice the power frequency. This interacts with the camera 
to produce a flicker if the power and field frequencies are different. 
Means of mitigating this effect have not been investigated, since flicker 
at the field rate provides sufficient motivation to retain a field rate near 

60 Hz. 
To obtain 250 active lines per frame a line repetition rate somewhat 

larger than 30 X 250 is required because of the need for vertical re-
trace time. The resulting line repetition frequency is in the neighbor-
hood of 8 kHz. There is no reason why it should not be made exactly 
8 kHz, and there may be some future advantage in doing so, in the 
digital transmission plant, for example, where the sampling frequency 
for voice signals is 8 kHz. Dividing 8000 by 30 gives a number close 
to 267 for the total lines per frame, including those lost in blanking. 
To make it exactly 267 (the odd number is necessary for interlacing), 
the frame rate has been made 29.9625 Hz. 

3.2 Interlaced Versus Sequential Scanning 

Although 60 fields per second are necessary to eliminate flicker, a 
much lower rate is sufficient for motion. Indeed, under ordinary con-
ditions of room lighting and screen brightness, 30 pictures per second 
are indistinguishable from 60 if flicker is suppressed, for example, by 
displaying each picture twice.'  3 Two-to-one interlace is therefore 
suggested. By this means the bandwidth required for a given hori-
zontal resolution, vertical resolution, and field rate is reduced by 
half. However, the bandwidth saving in this case comes at the cost of 
a loss in overall subjective quality, because interlace introduces some 
undesirable visual effects. These are more noticeable in Picturephone 
service than in broadcast television because the angular subtense of 
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the spacing between lines is larger in the former at normal viewing 
range. 
If all but two of the raster lines are masked, only one is scanned in 

each field, so that a single line may be seen jumping back and forth 
at a 30-Hz rate. This effect, called interline flicker, occurs at hori-
zontal brightness boundaries in the picture material and in small areas 
of high brightness. 
If an object in the picture moves up or down at a rate such as to 

pass one scanning line every sixtieth of a second, the raster appears 
to break down into the lines of a single field, moving up or down at 
the same rate. The effect, called subjective line pairing, may be quite 
striking. In Picturephone service, object motion at just the right rate 
is unusual, although the effect can be invoked voluntarily at close 
viewing ranges by scanning the screen slowly upward or downward. 
Momentary eye motions up or down, however, can cause subjective 
line pairing to occur long enough that the alternate-line pattern 
emerges, although the apparent motion may not be seen. If the receiver 
is experimentally turned on its side so that the scanning is vertical, 
the effect is enhanced and the picture may appear to break up at 
almost every glance, apparently because involuntary horizontal eye 
movements are more frequent than vertical ones. 
The net result of these effects is to give the appearance of a some-

what "busy" or noisy picture, compared to a sequentially scanned 
picture. It is appropriate to ask whether the interlaced picture is in 
fact subjectively better than a sequential picture transmitted over the 
same bandwidth. Test results indicate that it is, but for face-to-face 
Pieturephone applications, not as much as might be expected. In a 
series of carefully designed experiments, E. F. Brown found that the 
actual bandwidth advantage was surprisingly low." He used as a 
reference an interlaced 225-line, 0.13-meter (5-inch) square picture 
at various brightness levels and determined the bandwidth required 
for a subjectively equivalent sequentially scanned picture at the same 
brightness levels. The bandwidth reduction with interlace ranged from 
37 percent at 40 foot-lamberts of highlight luminance to only 6 per-
cent at 100 foot-lamberts. At the preferred highlight luminance of 
80 foot-lamberts, the reduction under the conditions of the experi-
ment was 16 percent. 
Although the advantage is unexpectedly small, it is nonetheless 

desirable to accept it. As described in the previous paper in this issue, 
the video transmission from subscriber to central office utilizes tele-
phone wire pairs with equalized amplifiers at regular intervals. The 
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cost of this link depends largely on the number of amplifiers required, 
which in turn is closely related to the bandwidth. The possible 
advantage in sequential scanning is in long distance transmission, 
where future digital encoding systems may take advantage of the 
similarity between successive frames to economize on bit rate. These 
may require less storage with sequential scanning. However, the cost 
savings in trunks fall short of the additional cost in subscriber loops. 
We have therefore retained the interlace. 

3.3 The Optimum Raster with Interlace 
With interlaced scanning, a minimum of about 250 lines has been 

found to be necessary for adequate portrayal of the head-and-
shoulders image; about six or seven lines then portray the eyes and 
eight to ten the lips. We want to choose the line spacing so that the 
user will be able to see all of the detail easily at 0.92 meter but will 
find the scanning structure annoying at closer range. The appropriate 
angular subtense, with interlaced scanning, for the distance between 
centers of adjacent scanning lines, is found to be about 2 minutes of 
are. This leads to about 20 lines per cm at 0.9 meter, so that the 

250-line picture requires a 0.13-meter height. 
The Mod I station set, developed for experimental trials, was de-

signed to hold bandwidth to a minimum. Since the picture was rela-
tively narrow in width, the height was set at 0.15 meter (5î inches) to 
keep the overall size adequate at 0.92 meter (36 inches), but to con-
serve bandwidth the number of visible scanning lines was kept at 
about 250. The line spacing then substantially exceeded 2 minutes of 
arc. Subjective line pairing and interline flicker effects were objection-
able. With the change to the 1.1:1 aspect ratio for Mod II, and the 
reduction of the height to 0.13 meter, the angular subtense was re-
duced to slightly less than 2 minutes of arc. The resulting picture is 
more nearly optimized at the design viewing distance. 

3.4 Bandwidth and Horizontal Resolution 
With the number of visible lines fixed at about 250, the choice of 

bandwidth affects only the horizontal resolution. Since the vertical 
resolution has been optimized for the chosen viewing distance, hori-
zontal resolution better than the vertical would be to some extent 

wasted. The viewer would have to "look through" the distractions of 
the scanning pattern discussed in the previous section in order to 
observe the fine-grained horizontal detail. This effectively sets an 
upper limit on the bandwidth with 250 lines, since additional band-
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width would appropriately be spent on increasing the number of lines. 
For a horizontal resolution equal to the vertical, and a 1.1 : 1 aspect 
ratio, we need, to a first approximation, 275 picture elements in a 
scanning line, or 137.5 cycles of the highest frequency. Allowing for 
total horizontal and vertical retrace time of about 23 percent of 
scanning time, the upper band limit frequency is given by 

f  250(137.5)(1.23)(30)  1.27 MHz. 

The actual frequency for 1:1 horizontal-to-vertical resolution ratio 
is less, about 1 MHz. This is because the full vertical resolution 
corresponding to 20 lines per cm is not realized, by the ratio of the 
Kell Factor.15 
At the other extreme, it is undesirable to make the horizontal reso-

lution less than half the vertical resolution, because the overall sub-
jective sharpness of a given horizontal-vertical resolution product 
decreases when the ratio is less than 0.5 or more than 2.16 For this 
reason bandwidths less than about 0.5 MHz would also tend to be 
inefficient. 
Within this range, the value of picture resolution must be weighed 

against the cost of bandwidth in transmission. The considerations in-
volved cannot be examined here. It is perhaps worth pointing out, 
however, that in long distance digital trunks, the cost dependence on 
bandwidth is less severe than might be expected. This is because it is 
desirable for efficient digital encoding to take advantage of the cor-
relation between successive samples, by differential feedback or other 
means.17 When the bandwidth is reduced, for example from 1.0 MHz 
to 0.5 MHz, and the sampling rate with it, the more widely spaced 
samples are more nearly independent, and the sample differences are 
a larger fraction of the sample amplitudes. This requires an increase 
in the number of bits per sample to obtain the same signal-to-noise 
ratio (S/N). In addition, in the 1.0 MHz case the noise in the upper 
half of the bandwidth offers little impairment, as shown by the sub-
jective weighting curve described in the next section, whereas in the 
0.5 MHz picture most of the noise contributes to impairments. There-
fore the S/N for the 0.5 MHz systems must be higher than for the 1.0 
MHz system, for equal subjective noise impairment. The net effect is 
that the digital transmission rate with the 1.0 MHz bandwidth is 
reduced only about 25 percent with the 0.5-MHz bandwidth. 
We have chosen the 1.0-MHz bandwidth and the nominal 1:1 

resolution ratio. In return for the higher cost, the wider bandwidth 
provides assurance of resolution adequate for face-to-face service for 
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the foreseeable future. With the addition of color, for example, the 
bandwidth should still provide adequate horizontal resolution. 

3.5 Receiver Roll-Off Characteristic 
The choice of the 1-MHz bandwidth implies that the amplitude and 

phase response of analog transmission channels will be controlled 
only within that band. Since the cathode-ray tube is inherently ca-
pable of displaying signals at much higher frequencies, it is essential to 
prevent either components of the camera signal or interference at 
frequencies above 1.0 MHz from reaching the display. Although the 
high-frequency signal components could be suppressed equally well 
either at the camera or the receiver, for maximum noise and inter-
ference suppression it is desirable to put all of this "roll-off" attenu-
ation at the receiver. Figure 3 shows the circuit configuration.* 
To keep signal energy beyond 1 MHz sufficiently unnoticeable in 

the picture, we have found it sufficient if the overall frequency re-
sponse, from visual scene to receiver screen, is down 20 dB at 1 MHz, 
and more at higher frequencies. One might expect that the maximum 
resolution within the 1-MHz band would be obtained by using a 
phase-equalized sharp-cutoff filter to get 20-dB suppression at the 
band edge. Unfortunately the ringing thus produced is subjectively 
unacceptable in the picture. To obtain a rapid roll-off in frequency 
response without ringing, a filter whose impulse response is approxi-
mately a gaussian density function may be used. 
With sufficiently large delay T, a filter can be designed so that for 

values of t in the neighborhood of 7  the impulse response g(t) is 
approximated quite well by 

g(t) —   exp { —c020(t — r)2/2} .  (1) 
N/27r 

The corresponding frequency response, G(w), is given by 

G(cu) = exp (—icor — 2/2 4.  (2) 

For the present purpose the delay implied by the linear-phase term 
may be ignored. 

*As is discussed in the paper on the transmission plan in this issue," pre- and 
de-emphasis networks are included in the circuit to suppress interference within 
the band. Although these circuits are physically located in the station set, they 
may be regarded in this discussion as part of the transmission channel and 
therefore are not shown in Fig. 3. 
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Fig. 3—Circuit configuration with roll-off filter. 

To use this filter as the roll-off filter in Fig. 3 the value of 6h is to be 
chosen so that 

G(2r X 106) = 0.1G(0).  (3) 
Assume now that any roll-off in the camera due to aperture or other 
effects is compensated in the camera circuitry, and that the display is 
similarly compensated in the receiver electronics if necessary. Assume 
further that the transmission channel has unity gain and linear phase 
over the band; departures from this ideal are considered in the next 
section. Consider the response h(t) of the filter to the camera output 
signal when a vertical black-white boundary in the picture is scanned. 
This is 

h(t) — 2,_27r f exp (—colx2/2) dx.  (4) 

The received picture will therefore shade monotonically from black to 
white. However, it is not the most pleasing picture that can be trans-
mitted within a given bandwidth. A subjective improvement is obtained 
by "crispening," that is, introducing an overshoot preceding and 
following the transition." This not only shortens the actual rise time 
at the transition, but also provides an effect of greater resolution by 
increasing the contrast across the boundary. It is done by subtracting 
the second derivative of the signal from itself. Figure 4 shows the 
roll-off filter with this addition. It is convenient to represent the 
crispened signal with the expression 

s(t) = h(t) —  h"().  (5) 

With this representation the overshoot peaks are found to be at 

t 
.‘11  k (1 

=  —k  wo/  (6) 

The amount of the peak overshoot, as a fraction p of the step ampli-
tude, is given by 
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Fig. 4—Gaussian roll-off filter with erispening. 

1  1  k 
{..vk(1   exp (--  2k ) 

P  -V2R-
j:::/(1+1411/k 

exp (—u2/2) du}. (7) 

The amount of the overshoot in this representation therefore depends 
only on k. We find k to give the desired overshoot and then choose coo 
so that the frequency response S(co) corresponding to s(t) and given by 

= 1 ± k(;) exp (—c02/2J0),  (8) 

will be equal to 0.1 at 1 MHz. 
Since the crispening technique provides more gain at higher fre-

quencies within the band, it enhances noise. Nonetheless subjective 
tests carried out by E. F. Brown indicate a preference for about 12 
percent overshoot in the presence of noise.2° The effects of equalization 
error in transmission, however, make a smaller value desirable. This is 
because gain changes due to temperature variation on the telephone 
pairs used for connections to the central office tend to be greatest at 
the higher frequencies. When the cable is at a higher temperature than 
the one for which it was equalized, an additional loss increasing with 
frequency is imposed; when it is colder, there is an incremental gain 
increasing with frequency. The amount of overshoot for which the 
picture is about equally impaired with the maximum permissible high-
frequency loss and gain deviations was found in studies by M. W. 
Baldwin, Jr., and H. G. Suyderhoud at Bell Laboratories in 1967 to 

be about 4 percent. They also found this to be the amount of overshoot 
which makes the effects of high frequency response deviations most 
tolerable. 
Four percent overshoot corresponds to a value of k equal to 0.5292. 

For 20-dB attenuation at 1 MHz, the appropriate value of con is 



SERVICE STANDARDS  253 

2a-(355, 920) radians/second. The resulting time-domain response at an 
abrupt brightness boundary is shown in Fig. 5; the frequency response 
is shown in Fig. 6. This is therefore the scene-to-screen response of the 
system, exclusive of transmission channel effects. 
To allow tolerances for the design of the filter, the maximum and 

minimum overshoot values are set at 4.5 and 3.5 percent respectively. 
The corresponding values of k, when substituted into equation (7), 
give upper and lower values at each frequency within which the fre-
quency response is required to lie. The station set receiver is also re-
quired to meet the equalization requirement (echo rating) given in the 
paper on the transmission plan in this issue, as explained in the next 

section. 

IV. PICTURE TRANSMISSION STANDARDS 

The parameters given in the previous section define the quality of 
the picture seen when a station transmitter is connected to a station 
receiver through a connecting link that is free of noise, interference, 
and distortion. A complete specification of the picture quality requires 
a statement of the impairment which is permitted in transmission. 
In establishing the basic picture standards, we were free to consider 

RELATIVE SCRE
EN BRIGHTNESS
 

TIME IN MICROSECONDS 

Fig. 5—Response of display at an abrupt brightness boundary. 
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Fig. 6—Overall frequency response, visual scene to receiver screen. 
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of all other interferences which are individually too low in amplitude 
to be identifiable, produce random noise on the screen, its appearance 
depending on the average power spectrum of the noise. 
The approach taken to these analog impairments is to characterize 

them, define the method of measurement, and determine by subjective 
testing the amount of each impairment which is acceptable in a con-
nection of the maximum number of links. These amounts may then be 
allocated among the various switches and analog transmission sys-
tems as described in the 'paper on the transmission plan in this issue. 
The station transmitter and receiver also get an allocation of some 
types of impairment, as do the analog portions of the digital encoder 
and decoder. 
The basis of this subjective testing is a comment scale. With the 

7-point comment scale, for example, the subject is asked which of the 
following comments applies to the amount of a specific impairment in 
the picture he is seeing: 

(i) Not perceptible. 
(ii) Just perceptible. 
(iii) Definitely perceptible but only slight impairment to picture. 
(iv) Impairment to picture but not objectionable. 
(y) Somewhat objectionable. 
(vi) Definitely objectionable. 
(vii) Extremely objectionable. 

The subjects chosen are technical people who are not involved in 
video communications work. The resulting data are processed to esti-
mate the amount of impairment at which 95 percent of the user popu-
lation would rate the picture comment three or better. The transmis-
sion objective will be to make the overwhelming majority of circuits 
meet such a 95 percent point or better with respect to each impairment. 

4.1.1 Equalization Error and Echo Rating 
As explained in the preceding paper in this issue, the subscriber's 

connection to the central office utilizes telephone pairs with equalizers 
at intervals of the order of a mile, as do short interoffice trunks. Since 
equalization at each amplifier is not perfect, and since temperature 
changes in the cables introduce additional equalization error, depar-
tures from zero gain and linear phase occur and accumulate link by 
link. Those due to cable loss variations resulting from temperature 
changes may add systematically. As a result equalization error is 
commonly the limiting factor in baseband analog transmission, 
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Since equalization error has different subjective effects depending on 
its distribution in frequency within the band, it is desirable to define a 
figure of merit for equalization which increases monotonically with 
increasing subjective acceptability. This requires relating subjective 
impairment to particular features of the response as characterized by 
measurements. The figure of merit will be of greatest usefulness if it is 
so defined that the figure of merit for two links in tandem .can be de-
termined, or at least estimated, by combining in some way the figures 
for the two links considered separately. 
A means of doing this was originally proposed at Bell Laboratories 

in 1949 by S. Doba, Jr., in a study which was not published. A 
formulation following his approach, as elaborated recently by H. G. 
Suyderhoud and R. Piater, may be outlined as follows. 
Suppose f (t) to be the response to a unit impulse of an ideal circuit 

having zero gain and linear phase throughout the band (0, fo), and 
arbitrarily large attenuation elsewhere. The actual response h(t) of a 
given circuit to a unit impulse may be written as: 

h(1) =  C„f(t — —21) ,  (9) 

where C. is proportional to h(n/2f0). The series may be truncated at 
suitable values of n denoted by ±M. Since a small amount of overall 
time delay is not an impairment and an amplitude error may be cor-
rected at the station by automatic gain control, we may choose the time 
origin and the amplitude of h(t) so that Co = 1, C. < 1, n 1 O. Then 
the error response is given approximately by: 

h(t) = E C„f(t —  — f(t).  (10) 

M  0 

Equation (10) expresses the difference between the desired response 
to a unit impulse and the actual response as a sum of preceding and 
following "echoes" of the desired signal of amplitude C. If we think 
of the unit impulse as representing, by its amplitude, an element of the 
picture, Mt) represents the extent to which ,this element is spread) to 
the left and right in transmission. Some of the echo amplitudes may be 
negative, so that the corresponding displaced picture information un-
dergoes a change in sign. 
The impairment introduced into the picture by a single echo has been 

studied in connection with television by S. Doba, A. D. Fowler and 
H. N. Christopher,21 and P. Mertz.23 The impairment in the case of 
visual telephone images was studied by R. Piater at Bell Laboratories in 
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1969. These studies show generally that the impairment increases with 
displacement from the picture, that is, with increasing Int, as well as 
with amplitude, that ià, with the magnitudes of the coefficients C. 
This suggests weighting the echoes with coefficients W. and summing 
to determine the total power of the weighted error transient. 
To secure additional freedom in matching the weighted error to 

subjective test results, each echo may also be frequency weighted. 
Conceptually this is done by passing impulses of amplitudes WC,, 
separately through filters with impulse responses denoted by g., (t), 
and combining the responses. The resulting weighted transient is 
given by 

h,„(t) = ¡ if  W„C„g„(t — ;IT) , with C,, =- 0.  (11) 

The total error power, relative to the desired signal power, is obtained 
by squaring and integrating this signal. We get: 

where 

M  M 

P, = E E C„C„,W,,W„k„,„ ,  (12) 
- 

k— =  g.Y — 72-dg ' _ .(1 210 
m  . I  n 

(13) 

The problem of defining P, so that it increases monotonically as im-
pairment increases is therefore reduced to choosing the matrix ele-
ments A„„, = W„W„,k.,.. This must be done by analysis of the results 
of subjective tests of pictures impaired by circuits for which the values 
of C. are accurately controlled. Although a preliminary result has been 
obtained, this problem is still under investigation. The description 
above is somewhat simplified, particularly with respect to the method 
of normalizing the amplitude and of choosing the time origin. 
Since the desired received signal power, in response to a unit im-

pulse input, has been set at one unit by adjusting the received level 
so that Co = 1, the power P, represents the relative error power. The 
desired figure of merit is the level in dB of the error power relative to 
the signal power. This has come to be called the echo rating, in refer-
ence to the procedure of weighting the echoes, although this term is 
somewhat misleading since individually identifiable echoes are unusual 
in Picture phone transmission. We have: 
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ER = 10 log P4.  (14) 

The echo rating objective presently established is —26 dB. 
If the equalization errors of several links are random and indepen-

dent, the values of Pe for the links can be added to determine the 
overall error power and hence the overall echo rating. Where the 
equalization error is systematic, the square roots of the separate error 
powers must be added to determine the square root of the overall error 
power. On these bases it is possible to allocate echo rating to every an-
alog link in the network, including the station set and analog portions 
of the codec." 
The echo-rating figure of merit is designed to rate circuits in which 

the error transient associated with the transmission of a unit impulse 
(which is to say a picture element) is less than one scanning line in 
duration. Equalization error which is confined to a few kilohertz of 
bandwidth and is sufficiently severe, or which varies cyclically across 
the bandwidth, with a. period of a few kilohertz, will not be correctly 
evaluated. In the analog transmission facilities planned for Picture-
phone service there are no networks or network components which 
should generate these effects. They should therefore occur quite in-
frequently. If necessary- however the echo rating concept can in the 
future be extended to include them. 

4.1.2 Low-Frequency Cutoff and "Tilt" Impairment 
Baseband amplifiers and the baseband portions of encoders and 

modulators are usually ac-coupled through capacitive coupling circuits. 
The impairment due to the resulting low-frequency cutoff, known as 
"tilt," accumulates approximately linearly in a connected circuit, so 
that if one link has one percent tilt and a second has two percent, the 
two together will have three percent. The tilt allowable in a maxi-
mum-length connection is therefore allocated among subscriber loops, 
switching machines and trunks on the basis of linear addition. 
The gross effects of low-frequency cutoff are removed by clamping 

the signal at the horizontal synchronizing pulses in the station re-
ceiver; tilt is the residual impairment. Suppose for example that the 
picture consists of a white rectangle against a grey background. The 
average signal voltage of the all-grey scanning lines is lower than those 
which scan the rectangle. A plot of average voltage across a line there-
fore shows rectangular pulses during the field scanning time. The 

coupling circuit transmits these pulses with the characteristic decay 
toward the average value. The result is that the baseline of the syn-
chronizing pulses wanders as shown in Fig. 7. This would produce 
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Fig. 7—Effect of low-frequency cutoff on composite video signal, before 
clamping. Simplified composite video signal (a) before low-frequency cutoff and 
(b) after low-frequency cutoff. 

shading from top to bottom in the picture, except for the clamp, which 
restores the baseline. The slope or "tilt" remains in the video during 
each line, however. Figure 8 shows the signal plotted for scanning 
above, through, and below the white rectangle, assuming the signal 
clamped at the beginning of each line. The grey value drifts downward 
when scanning through the rectangle; this means that a shadow will 
appear on either side of the white rectangle, but more visibly to the 
right of it.21 The effect is most noticeable when a white object is moved 
about in the picture. 
Tilt is defined as the decay in the response to a voltage step, meas-

ured over the first 100 microseconds, expressed in percent of the step 
height. Tests made at Bell Laboratories by W. Ohnsorg in 1969 indi-
cate that pictures transmitted over circuits with 10 percent tilt will 
be rated comment 3 or better by 95 percent of the user population. 

4.1.3 Random Noise 
Random noise interference consists of the sum of thermal noise and 

all those other interferences appearing in the signal which are at too 
low a level to be separately identified on the screen. The amplitude 
distribution is nominally gaussian within the dynamic range of the 
channel. The spectrum may vary widely depending on the charac-
teristics of the transmission systems through which the signal has 
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passed and other circumstances. The appearance depends on the spec-
trum. White noise peaks tend to be more visible than black; as a re-
sult the appearance is sometimes likened to falling snow. If the noise is 
preponderantly at low frequencies the "flakes" appear as horizontal 
streaks; at high frequencies as instantaneous white dots. 
The S/N is referred to a point at which the signal is correctly equa-

lized but has not passed through the roll-off filter in the receiver (see 
Fig. 3). It is defined as 

S/N = 20 log (p/n)  (15) 

in which p is the peak-to-peak composite signal voltage and n is the 
rms value of the noise voltage. 
The S/N at which 95 percent of the user population are expected to 

rate the picture comment three or better depends on the spectrum. The 
roll-off filter in the receiver suppresses noise at the higher frequencies, 
and at higher frequencies noise is less visible anyway. An "eye-
weighting" curve, found by M. W. Baldwin, Jr., at Bell Laboratories 
in 1967, is shown in Fig. 9; this represents the relative impairment 
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Fig. 8—Effect of low-frequency cutoff on video signal representing one scanning 
line, after clamping. 
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Fig. 9—Subjective noise weighting curve for video signal. 
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due to noise as a function of its position in the spectrum. Figure 10 
shows the total weighting when the receiver roll-off is also taken into 
account. 
The weighting curve of Fig. 10 is used in the same way as in tele-

vision practice." To determine the weighted S/N for random noise 
having a given spectrum, the noise may be passed through a filter 
whose amplitude response approximates the weighting curve of Fig. 10, 
and the weighted value of n measured with a true rms voltmeter. The 
equivalent operation may be performed numerically. The 95 percent 
point for the signal-to-weighted-noise ratio is 52 dB. For example, a 
noise flat over the 1-MHz band with S/N = 47 dB can be shown to 
have a signal-to-weighted-noise ratio of 52 dB. 

4.1.4 Switching Noise 
The use of telephone pairs for, subscriber loops and short trunks ex-

poses the video signal to the interference sources common in telephone 
switching of offices. Chief among these is switching noise. The opening 
of contacts attached to a telephone pair carrying direct current may 
produce a train of transients of large amplitude containing energy 
distributed over several MHz. The inevitable crosstalk coupling allows 
some of this energy to be transferred from telephone pairs to video 
telephone pairs in the same cable. The resulting interfering trans-
ient may reach amplitudes of the order of a volt and this together with 
its brief duration has led to the use of the term "impulse noise". The 
transient is typically fairly complex, consisting of a series of separate 
rapidly decaying oscillations. The duration of each may be 5 to 50 ps, 
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Fig. 10—Noise weighting curve, including effect of receiver roll-off. 

they may occur at intervals of 20 to 200e, and the entire train may 
last on the order of a millisecond. On the screen the appearance is 
typically that of a scattering of white dots and small blotches. 
Statistically, these transients are very infrequent. With their short 

duration they contribute very little to total random noise power in 
spite of their high amplitude. They must therefore be subject to a 
separate set of requirements. The method of objective measurement 
must be devised to be representative of their ability to impair the 
signal. 
The means used is to sample the noise on the idle channel at a 10-

MHz rate and detect and count samples of amplitude greater than a 
given threshold. Since the de content is zero the maximum count is 
5 x 106 per second. The actual count, as a fraction of the maximum, 
over a sufficiently long period, is the estimated probability P of the 
noise exceeding the threshold. 
Switching noise coupled onto a cable pair is subject to the frequency 

shaping of the equalizing amplifier at the central office. The gain 
characteristic of this amplifier is adjusted to equalize the cable section 
behind it, which may range in length from a few hundred feet to a mile 
or more. To take into account the resulting differences in switching 
noises as received at the line terminal, the noise is weighted by passing 
it through a weighting filter before making the measurement. The 
weighting which is applicable was found by R. M. Lund at Bell 
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Fig. 11—Measurement arrangement for switching noise. 

Laboratories in 1967 to be very closely the curve of Fig. 10, for random 
noise. The measurement arrangement is shown in Fig. 11. Lund found 
that noise counts at a threshold level 33 dB below the peak-to-peak 
composite signal amplitude were best correlated with subjective evalu-
ations of this impairment. 
The user may not evaluate the noise he sees over a long period. 

His attention is more likely to be drawn to switching noise when it is 
particularly bad, during an interval of the order of a minute. The 
number of samples which exceed the threshold during such a short 
interval is a random variable. 
Lund has found that the logarithm X of the number of samples 

which exceed the threshold in one minute is normally distributed, with 
mean and standard deviation related to the value of P. This may be 
combined with the probability that a user will rate the impairment 
denoted by X comment three or better, to determine the probability 
that a user chosen at random, viewing the picture during an interval 
chosen at random on a pair whose weighted threshold probability is 
P will rate it comment three or better. With P = 6 X 10--5 the com-
ment three score is 95 percent. 
Because of the difficulty of obtaining and using long-term averages in 

a changing environment, and some uncertainty resulting from basing 
noise characterizations on a very limited sample of cables and offices, 
the requirement has arbitrarily been reduced to 1.5 x 10-5, represent-
ing a comment three score of 99 percent on the basis of available data. 
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This is then the requirement on the long-term average fraction of 
weighted switching noise samples which may exceed the —33 dB thres-
hold. 

4.1.5 Single-frequency Noise and Power Hum 

The single-frequency S/N is defined as in equation (15) for random 
noise, 

S/N = 20 log (p/n)  (15) 

in which p is the peak-to-peak composite signal voltage at a point 
at which the signal is correctly equalized and before it has passed 
through the receiver roll-off characteristic, and n is the rms value of 
the sinusoidal interference. 
Single-frequency interference at low frequencies which are exact mul-

tiples of the field rate of the particular camera and receiver under test 
produces a fixed bar pattern. At low multiples the bars are horizontal. 
As the frequency of the interference is made to depart from a multi-
ple of the field rate the bars begin to move. The interference is most 
impairing when its frequency is about 10 Hz different from the field 
frequency. 
Figure 12 shows the estimated S/N at which the impairment will be 

rated comment three by 95 percent of the user population, for the 
range of power hum frequencies, as determined recently by D. B. 
Robinson, Jr., at Bell Laboratories. Robinson's studies show that fre-
quencies 10 Hz different from the field or frame harmonics continue to 
provide the locally most severe impairment throughout the band. How-
ever, these impairment maxima vary cyclically. They are about 10 dB 
more severe at multiples of the line scanning rate than at odd multiples 
of half the line rate. 
The curve of Fig. 12 was obtained using a receiver without clamping. 

The improvement due to clamping cannot be determined by taking 
into account the measured clamping effectiveness, because effects due 
to low-frequency interference remain in the picture even with perfect 
clamping, much as in the case of low-frequency roll-off. 
Figure 13 shows the envelope of maxima of the single-frequency S/N 

corresponding to comment three for the Mod II station set. This curve 
was obtained by fitting a curve to points at frequencies about 10 Hz 
different from harmonics of the field or frame frequency and near 
harmonics of the line rate. At lower frequencies the requirement is 
diminished by clamping, at higher frequencies by the roll-off filter of 
the station set and some additional eye weighting. 
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4.1.8 ar088taik 

The telephone cables used for transmission of the Picturephone video 
signal typically exhibit crosstalk coupling from one pair to another. 
The more important coupling effects are described elsewhere,25 but 
may be briefly summarized here. In "far-end" crosstalk the desired and 
undesired signals are subject to the same amplifier gain and transmis-
sion loss, except for the crosstalk coupling loss. The coupling is ran-
domly distributed along the cable. The net effect is that of a single 
capacitor coupling the transmitter in one circuit to the receiver in the 
other. "Near-end" crosstalk occurs only when both directions of trans-
mission are in the same cable sheath. The undesired signal is coupled 
through many paths, each involving a different transmission loss down 
the cable and back. The resulting frequency characteristic, aside 
from the receiving amplifier gain, is a random variation about a 4.5-
dB per octave trend line of loss decreasing with frequency, compared 
to a consistent 6-dB per octave for far-end crosstalk with no additional 
amplication involved. 
Tests conducted at Bell Laboratories in 1966 by J. H. Gentry and 

others indicated that subjective effects of the two types of crosstalk 

30 
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Fig. 12—Single-frequency interference for comment three impairment at ac-
power harmonic frequencies. 
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Fig. 13--Envelope of minima of permissible single-frequency interference. 

coupling may be equated if the loss at the 150-kHz point of the near-
end trend line, less the amplifier gain, is equal to the 150-kHz far-end 
coupling loss. Therefore the 150-kHz point is used to evaluate any 
coupling characteristic. 
Since the unwanted image has in effect been differentiated by the 

crosstalk coupling, vertical boundaries between black and white areas 
tend to be accentuated and appear as lines in the picture, moving 
horizontally. The number of times per second that the coupled image 
passes across the screen is equal to the difference between the hori-
zontal scanning frequencies of the connected and the interfering trans-
mitters. The most objectionable rate, determined by J. Orr in tests 
made at Bell Laboratories in 1969, is about 0.2 passes per second. 
At this rate, the estimated coupling loss at 150 kHz required to get a 
rating of comment three or better from 95 percent of the user popula-
tion is 45 dB, and this is therefore the requirement for any single inter-
ferer. Crosstalk also contributes to random noise, and the sum of all 
crosstalk interference, together with all other random noise sources, 
must meet the weighted random noise requirement given in Section 
4.1.3. 

4.2 Digital Transmission 
The impairment introduced by the use of digital transmission facili-

ties consists of quantization noise, pulse jitter, and the effects of 
regeneration errors in transmission. (The analog portions of the coding 
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terminals may also contribute to the impairments described in Section 
4.1.) 
Quantization noise occurs in the differential feedback encoder be-

cause the video-sample differences, whose amplitudes occupy a contin-
uum of values over the dynamic range of the signal, must each be 
assigned one of a small number of values. The resulting quantizing 
noise has an appearance similar to random noise except at vertical or 
diagonal brightness boundaries, where close examination usually 
reveals a slightly pulsating appearance.17 This "edge busyness" must 
be traded off against the random noise effect in the encoder design. It 
is difficult to quantify objectively, and the optimum encoder design is 
best obtained by visual comparison. An a priori requirement has there-
fore not been placed on quantization noise, although an allotment has 
been made for the random noise component." 
Pulse jitter is an effect in which the pulse rate is alternately speeded 

up and slifived down, accordian-like. It occurs because the regenerators 
are timed from the incoming pulse train and are therefore to some 
extent affected by the information content. Jitter may be removed to 
any desired degree by buffering and retiming the signal, and the re-
quirements therefore do not affect the basic system design. At present, 
jitter requirements have not been formulated. 
A regeneration error in transmission occurs when noise, interference, 

and overlapping adjacent pulses combine to operate the regenerator 
when no pulse was transmitted, or cause it to fail to regenerate a 
transmitted pulse. The differential feedback decoder stores the result-
ing noise pulse in its feedback loop, so that its effects may be extended 
over a substantial part of a scanning line. Since the white errors are 
more visible than the black, the subjective effect is that of an occa-
sional horizontal white streak along a scanning line. The majority of 
these are missed in observation. 
The subjective effect of pulse regeneration errors depends to some 

extent upon the encoding algorithm used. With the differential feed-
back encoder17 preliminary observations indicate that an error rate of 
10-6 would introduce negligible impairment. A requirement of 3.3 x 
10-7 can be met by the proposed network." This allows some margin 
for changes in the coding algorithm and for the possibly more stringent 
requirements of network applications other than visual telephone. 

V. SUM MARY 

The basic standards of Picture phone service have been established 
with the objective of providing the visual adjunct at no greater cost 
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than is necessary to secure most of the available enhancement of direct 
conversation, in an instrument which can be associated with an ordi-
nary telephone and used with a minimum of rearrangement of the home 
or office environment. The standards do not preclude the future appli-
cation of color or the use of the network for a wide variety of services 
other than face-to-face conversation. Transmission standards are based 
on the principle that the quality of the picture after transmission 
through the longest possible connection should not be objectionable by 
comparison with the unimpaired picture. 
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The Picturephone® System: 

2C Video Telephone Station Set 

By W. B. CAGLE, R. R. STOKES, and B. A. WRIGHT 

(Manuscript received October 14, 1970) 

7'his article describes the station set designed for use in commercial 
Picturephone® service. Coded the 2C Video Telephone Station, it consists 
of three new pieces of apparatus—the 1 A Display Unit, the JA Service 
Unit and the 72A Control Unit. We discuss details of the electrical and 
physical design. 

I. INTRODUCTION AND OBJECTIVES 

The station set is that part of the Picture phone system with which 
the customer interacts directly and is the principal basis for his reac-
tions to the service. The set should provide the video camera and 
display functions, hands-free audio facilities, and the necessary cus-
tomer controls in an attractive, easy-to-use, and economical form. 
The fundamental design requirements for the 2C Video Telephone 
Station, commonly known as the Mod II Picturephcme Set, evolved 
from laboratory and field studies as discussed in other papers in this 
issue.1.2 From these and other studies, the following general objectives 
were formulated: 

(z) The Picture phone station equipment should initially be designed 
for desk-top location and should work in conjunction with 
any standard 12-button Touch-Tone® telephone. 

(ii) The set should incorporate a built-in speakerphone with ON, 
OFF, and VOLUME controls. 

(iii) The camera and display should utilize a 1-MHz video signal 
containing 251 visible scanning lines in a two-to-one interlaced, 
30 frames per second format. 

(iv) The camera should be physically centered above the display 
tube which should provide a picture with an 11 by 10 aspect 
ratio. 

271 
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(y) The user will sit about 0.9 meters in front of the set and should 
be able to operate the major controls from this position. 

(vi) There should be controls for changing the display brightness, 
viewing the outgoing picture and shutting off the camera for 
video privacy. 

(vii) The set should contain simple means for customer control of 
the camera field of view for size, elevation and azimuth. 

(viii) The camera should automatically compensate for a wide range 
of ambient illumination covering the levels to be encountered 
in offices. 

(ix) The set should utilize local 110 V ac power and telephone 
service should not be impaired during power failure. 

(x) A convenient means for transmitting graphical material should 
be incorporated. 

The resulting station equipment designed to meet these objectives 
consists of a display unit and control unit which, together with a 
standard Touch-Tone telephone, are located on the user's desk. 
These units interface with the network through a service unit which 
can be remotely located with a cable run of 26 meters maximum 
length. 
A 55D Control Unit is also required for speakerphone operation. 

This unit is connected into the Picture phone station equipment at 
the service unit. The 55D Control Unit has more received signal 
handling capability than the 55B used with the 3A Speakerphone.8 
The lA Display Unit (Fig. 1) contains the camera and display 

tubes and associated transmitter and receiver electronics, the loud-
speaker, and the tone sounder for distinctive Picturephone call alert-
ing. While designed primarily for face-to-face communication, it 
includes a built-in capability for showing graphics placed on the desk 
in front of the set. The display unit design is discussed in detail in 
Section II of the paper. 
The 72A Control Unit (Fig. 2) contains the user controls and the 

microphone for speakerphone operation. The ON, OFF and VOLUME con-
trols are for hands-free audio operation on telephone and Picture-
phone calls. The microphone can be muted for audio privacy by hold-
ing the QUIET button depressed. The VU-SELF and PRIVACY switches 
provide for checking the transmitted picture and for shutting off the 
camera for video privacy. A distinctive horizontal bar pattern is 
transmitted when the PawAcv switch is operated. The zoom and 
HEIGHT controls allow the user to adjust the size and elevation of his 
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Fig. 1-1A Display Unit. 
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camera's field of view. The BRIG HT control permits adjustment of the 
display brightness for best subjective performance. The design of the 
control unit is described in Section III. 
The lA Service Unit (Fig. 3) contains the station power supply, 

supervisory and control logic, and the video line/loop termination, 
protection and maintenance electronics. All installer adjustments and 
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options are located in the service unit to simplify installation and 
maintenance. The service unit design is described in Section IV. 

II. DISPLAY UNIT 

2.1 General Factors 

2.1.1 Lens Considerations 
The display unit is a desk-top instrument designed to accommodate 

the heights of 99 percent of the American male and female adult popu-
lation when seated. For convenience of desk use and other reasons, a 
92-cm viewing distance has been established.2 A survey of subjects 
using the Mod I Picturephone set showed that users seldom remain at 
a fixed viewing distance, but move from a near position of 50 cm to 
a distant position of 150 cm, with an average distance of 92 cm. 
This established an object focal distance of 92 cm for the camera 
lens and permitted the display unit to be positioned beyond the cen-
tral working area of a desk. 

Fig. 2-72A Control Unit. 
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Fig. 3-1A Service Unit (cover on). 

')75 

An aperture stop of f/2.8 was selected as a compromise between 
depth of field consideration and the advantages of a small lens. The 
resulting front glass diameter of 1.65 cm is consistent with styling, 
graphics, eye contact angle, cost and size objectives. Above an illu-
mination of four foot-lamberts, an automatic iris progressively closes 
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and thereby increases the depth of field until the 50- to 150-cm range 
of user motion cited above is accommodated with an illumination of 
32 foot-lamberts. For higher light levels, the iris continues to stop 
down until a maximum design illumination of 520 foot-lamberts is 
reached. The range of illumination over which the set works exceeds 
the range of light levels recommended by the Illuminating Engineering 
Society' for office applications. 
The lens continuously views the maximum object field. Zooming is 

accomplished electrically by reducing the raster size on the camera 
target to scan a portion of the wide angle field. Similarly, adjustment 
of the effective optical axis for users of different heights is obtained 
without moving the lens by displacing the reduced raster vertically 
over the full image field height. 
Because of the method used for height adjustment, the maximum 

object field height is determined by the range of customer heights. 
Referring to Fig. 4, the 99 percentile large man seated upright meas-
ures 68.8 cm from the desk to the top of his head, while the 1 per-
centile small woman seated relaxed measured 20.4 cm from desk to 
chin. This range of 48.4 cm is supplemented with vertical margins to 
frame the subjects and allow for variations in desk-to-chair height dif-
ferences, yielding a desired vertical field height of 60.7 cm. To accom-
modate this object field height at a 92-cm viewing distance with an 
11 to 10 aspect ratio, a wide angle lens was required with a 53° 
diagonal taking angle (37° vertical taking angle). 
An inverted telephoto lens was designed to reduce the radial varia-
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Fig. 4—Human factor considerations for tube placement. 
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tion in relative illumination typically experienced in a lens due to 
cos4 losses.° The six-element lens has a paraxial transmission factor of 
approximately 80 percent with relative illumination at the wide angle 
radius falling to approximately 52 percent. In addition, the modulation 
transfer function (MTF) was shaped differently from that of a con-
ventional photographic lens to maximize the signal for frequencies 
below 1 MHz. At no point does the MTF fall below 78 percent. With 
a focal length of 16.35 ram and a magnification ratio of 1/57, the 
lens produces an image of 1.57-cm diameter, which is equal to the 
diagonal of the 1.16-cm by 1.06-cm image format on the camera 
target. 

2.1.2 Tube Placement 

The camera is located 33.4 cm above the desk and tilted 50 upwards 
for the central ray to intercept the center of the desired object field 
(42 cm above desk height) at the design viewing distance of 92 cm. 
The placement is a compromise between undue set height and exces-
sive camera tilt which would introduce perspective distortion and the 
problem of intercepting ceiling lights. 
The display tube is placed directly beneath the camera to min-

imize the eye contact angle. Because the user views the display rather 
than the camera, the transmitted picture shows the fixation point of 
the eyes displaced downward. Measurements7 show that the loss of 
eye contact is more difficult to perceive on the vertical axis than on 
the horizontal. The loss of eye contact on the vertical axis is percep-
tible at about 30 and objectionable at 12°. Fortunately, the center of 
interest in a display tube—the place where the majority of people 
prefer to position their eyes in the picture—occurs 10 percent above 
the tube center. The separation between the camera and the display 
center of interest is 9.8 cm, as determined by the tube sizes. At a 
viewing distance of 92 cm, this results in an eye contact angle of 5.8°, 
which is perceptible but acceptable. 
The Picturephone screen displays about 250 lines. To obtain satis-

factory subjective picture quality at the preferred viewing distance, 
the display tube height was set at 12.7 cm. The 11 to 10 width-to-
height aspect ratio resulted in a 14-cm-wide display. At a viewing 
distance of 92 cm, the entire display remains within the central 10° 
arc of best perceptions (16 cm wide) and permits total viewing 
without eye motion. 

This configuration provides comfortable head inclination for viewing. 
For a seated person, the typical line of sight is 15° below the horizontal 
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and the comfortable head tilt is ±15° about that line. Therefore, the 
display tube should be placed such that the top edge is below the 
horizontal eye level for the small woman and the bottom edge is less 
than 30° below the horizontal for the tall man. Within this 24.9-cm 
range, the display screen placement resulting from the aforementioned 
considerations achieved acceptable downward angles of 0.5° for the 
small woman and 23.7° for the large man. 
A simple, visor-mounted mirror on the front of the camera provides 

a capability for transmitting graphics. When the visor is manually 
lifted, as shown in Fig. 5, the lens automatically refocuses to the plane 

Fig. 5—Graphies visor in open position. 
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of the desk and a relay reverses the camera horizontal scanning to 
compensate for the optical inversion caused by the mirror. In addition, 
the camera raster is automatically centered and changed to the narrow 
angle mode to increase resolution and hold keystone distortion to 7.5 
percent. The graphics object field is slightly trapezoidal due to key-
stone distortion with a height of 15.5 cm and an average width of 
17.3 cm. 

2.1.3 Appearance Design 

The appearance design was done in close collaboration between the 
industrial design firm of Henry Dreyfuss Associates and Bell Tele-
phone Laboratories. The resulting display unit, shown in Fig. 1, con-
sists of a head assembly measuring approximately 19 cm wide, 25 cm 
high and 30 cm deep, sitting on the sloping pedestal of a ringstand. 
The aesthetic objective was to avoid a tall and bulky set, prescribed 
by the tube locations. This was approached by having the head 
apparently float on the pedestal and by exposing the desk through 
the ringstand. 
The bezel accommodates the display tube, camera lens, graphics 

mode visor, and grillwork. A loudspeaker is mounted behind the grill 
for hands-free speakerphone service. The bezel face is painted with a 
rubbery black finish which reflects less than 2 percent of the incident 
light and minimizes undesired glare. The face is framed by an accentu-
ated edge which extends beyond any projecting part of the face. This 
permits the unit to be stably set on the face for removing the housing. 
The bezel frame is chrome plated with a satin finish to complement the 
ringstand and to provide a neutral color isolation band between the 
black face and the variety of business office colors proposed for the 
rear housing: gray, white, black, green, beige and ivory. In addition, 
the frame is contoured to provide visual clues to help the user stay 
centered on camera. 
The cover is a one-piece plastic molding attached to the frame with 

concealed fasteners. The top and bottom surfaces include grills for 
vertical air flow for cooling. 
The ringstand is a satin finish, chrome plated die casting with a 

hollow-core, skewed pedestal. The cords enter the base at the desk 
level so the head can freely pan 3300 without cord drag. This arrange-
ment also allows for the base to be oriented to achieve the best drape 
of the cords over the edge of the desk. The ringstand diameter was set 
such that the outer edge serves as a document positioning aid for the 
graphics mode, and the pedestal top was located at the center of the 
ringstand to maintain this feature in any panning position. 
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2.2 Transmitter System 
The video telephone transmitter converts an optical image to a 

composite video signal for transmission over the Picturephone network. 
The transmitter system must automatically adapt to the wide range of 
illumination normally encountered in an office or home environment, 
provide the user with the desired controls over his transmitted pic-
ture, and process the signal in a manner that will allow a subjectively 
pleasing display on a Picturephone receiver. 

2.2.1 Camera Tube 
The principal component of the transmitter is an electrostatic-focus, 

magnetic deflection Silicon Diode Array Camera Tube8,9 designed 
specifically for the Picturephone application. The photosensitive target 
in this tube is not damaged by high-intensity light sources, has im-
proved sensitivity over conventional targets, and can be selectively 
scanned to achieve electronic zooming. 
Since the spectral response* of this tube peaks in the 800- to 

900-nanometer region, a Schott 2-mm KG3 filter is used to reduce 
excessive infrared response. With this filter the typical tube sensitivity 
is approximately 1750 nA per foot-candle in response to tungsten 
illumination at 2854°K and about 750 nA per foot-candle in response 
to fluorescent illumination. To compensate for the display tube 
gammat of 1.9 and achieve a subjectively pleasing picture, a correc-
tion circuit is incorporated in the transmitter video processing circuitry 
to modify the unity gamma of the camera tube to about 0.7. The 
combination lens-tube optical sensitivity is about 50 nA per foot-
lambert (incandescent) at the maximum lens aperture of f/2.8. With 
the 200 nA nominal peak-to-peak signal current at which the tube is 
operated, scenes with highlight luminances from 520 foot-lamberts to 
4 foot-lamberts can be accommodated over the f/32 to f/2.8 iris range. 
Illumination levels down to 2 foot-lamberts are accomodated by 
adding increased sensitivity in the form of electronic gain at the 
expense of signal-to-noise ratio (S/N). 
The zoom and height adjustment features are obtained by using 

the deflection circuits to vary the scanned area and position on the 
camera tube target. In the wide angle mode the transmitted video 

*Spectral response refers to the output current per unit input light energy as 
a function of wavelength. 
Gamma as used here is the slope of the transfer function curve relating the 

logarithmic optical signal and the logarithmic electrical signal (electrical to 
optical for the display tube and optical to electrical for the camera tube) 10 
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signal corresponds to a 1.16-cm by 1.06-cm scanned raster on the tube 
target. To zoom, the horizontal and vertical deflection currents are 
simultaneously reduced up to 1/1.6, yielding a raster size of 0.73 cm 
by 0.66 cm at the narrowest angle and achieving a continuously 
adjustable zoom over an area ratio of 2.5 to 1. A constant aspect ratio 
is maintained during zooming by controlling the amplitudes of the 
horizontal and vertical sawtooth generators in the deflection circuits 
from a single zoom potentiometer. The height control potentiometer 
positions the raster vertically between the extremities of the wide 
angle scan by varying the de current in the vertical deflection yoke. 
The user height and zoom potentiometers are coupled to restrict the 
height adjustment range as a function of zoomed position to remain 
within the active target area. 
The variable sean method of zooming is inexpensive to implement, 

but system performance is poorer when operating the camera tube in 
this manner because of sensitivity and resolution considerations. Tube 
sensitivity, and thus the illumination range which the set can accom-
modate, is reduced in proportion to the scanned area since less charge 
per frame is available from the target. The effects of zoom and the 
spectral content of the illumination upon set sensitivity are sum-
marized in Table I. 
Camera tube resolution is limited by the finite size of the scanning 

beam. This results in an electrical response or modulation transfer 
function which is near gaussian in shape. When the tube is operated 
in the wide angle mode, the response to an optical sinusoidal pattern 
which gives a 1-MHz temporal frequency is between 30 percent and 
50 percent (relative to the flat or low-frequency portion of the re-
sponse curve) with a mean of 38 percent. When the set is used in the 
narrow angle mode, the optical pattern must be a higher spatial fre-
quency to produce the same temporal frequency. Thus the fixed beam 
size is larger relative to the pattern it is reading. This produces a 
temporal MTF shifted in frequency and results in a 1-MHz tube 
response between 12 percent and 25 percent with a mean of 16 percent. 
To partially correct for these effects, a linear phase horizontal aperture 
correction circuit with an 8-dB gain at 1 MHz is incorporated into 
the camera preamplifier. 
The pre-aligned camera tube package is shown in the transmitter 

block diagram (Fig. 6). The circuits required for tube bias and 
deflection adjustments have been included in the camera tube package 
to allow interchanging of tube packages without set alignment. To 
facilitate this interchangeability, the set provides precision deflection 
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currents to the camera by means of ramp generators and feedback 
drive circuits which sense the current in the deflection yokes. The 
currents are set initially to within 0.2 percent and will vary no 
more than 0.8 percent with temperature and aging. The linearity of 
the two sweep currents due to initial tolerance, temperature, and 
aging will be within 0.5 percent displacement error." Adjustments 
for variations in horizontal and vertical deflection sensitivity in the 
tube are accomplished by varying the feedback error signal to the 
deflection circuits. Raster centering adjustments are implemented 
with a, dc voltage control of the deflection circuits. To eliminate a 
white border around the displayed picture, referred to as "edge effect," 
and caused by charge migration from the unscanned to scanned por-
tion of the target, about 2.6 percent of the video information on each 
side and 0.8 percent on the top and bottom of the scanned raster is 
blanked out of the transmitted signal. To eliminate vertical ringing 
bars in the video display, caused by horizontal yoke retrace signals 
coupling into the vertical yoke, the vertical yoke is center tapped and 
damped with a RC network. 
The series connected camera tube and CRT filaments are each 

operated at 8 V (1 watt) with 2 percent regulation to enhance tube 
life. When the set is idle, these heaters are each maintained at 0.8 
watts to achieve a picture in less than one second. 
Although the silicon camera tube has made it possible to provide 

the user with adequate Picturephone performance, temperature and 
time dependent spatial dark current variations in the electrostatic 
focus version of the tube limit the set life and require operation in 
ambients below 3000.9 Studies9," indicate that lower operating voltages 
will increase tube life appreciably and, consequently, a magnetic focus 

TABLE I—CAMERA SYSTEM OPTICAL SENSITIVITY 

Operational Range in Terms of Highlight 
Luminance 

Illumination Zoom Setting (foot-lamberts) 

Minimum f/2.8* Maximum 

Incandescent Wide Angle 2 4 520 
Narrow Angle 5 10 1300 

Fluorescent Wide Angle 4.7 9 . 4 1220 
Narrow Angle 11.8 23.5 3050 

• Cutover point between AGC and AIC operation. 
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tube with lower operating voltages is being designed and will be used 
in later sets. 

2.2.2 Video Circuits 

The video circuits in the Picture phone transmitter (Fig. 6) amplify, 
process and control the video signal from the camera tube, add syn-
chronization pulses to form a composite video signal and convert this 
signal to a balanced format for transmission over the analog loop. 
The Picture phone timing generator derives the six timing waveforms 

(Fig. 7) required for transmitter operation by means of a 512 kHz 
±100 ppm crystal controlled oscillator and appropriate countdown 
and logic circuitry! The 13.67-gs horizontal sweep and 750-s vertical 
drive waveforms are used to control the respective transmitter deflection 
circuits. Blanking of the camera tube beam during retrace is provided 
with the camera blanking signal which is a logical combination of the 
sweep waveforms. Horizontal timing information at the 8000-Hz 
±100 ppm line rate is obtained by combining the 8.79-gs synchroniza-
tion pulse, 19.5-gs video blanking pulse and the video signal. The 
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analyzer control (AC) signal (not shown in Fig. 7) is positive during 
the middle half of each field and is used to generate a distinctive video 
signal for the privacy mode and to gate the signal analyzer circuit 
as discussed later. 
The camera preamplifier and AGC circuit (Fig. 6) amplify the 

200-nA peak-to-peak video signal current (i.,„.1) from the camera 
tube to a voltage level of approximately 5 V peak-to-peak. At this 
level it is possible to clamp the video signal with negligible impairment. 
A low input impedance, cascode type, preamplifier input stage is 

employed to negate the effect of stray input capacitance and to achieve 
a flat 1-MHz frequency response. This amplifier employs overall feed-
back to achieve a nominal 62-dB peak-to-peak composite video signal to 
weighted-wideband-rms-noise ratio.* Weighted S/N can be char-
acterizedu by: 

S/Nl woighte , = 20 log  1.33 i   — 62 dB 

{fo [(/..,)B  /.(f)]2r2(f)W2(f) df 

where (/eq)B is the shot noise of the camera beam current, Ie,(f) is 
the equivalent preamplifier noise current referred to the amplifier in-
put, r2 (f) is the power transfer function of the station set exclusive 
of the preamplifier and W 2 (f) is a weighting function2 to account for 
the subjective effect of the human eye. With a perfect preamplifier, 
Ieg(f) equals zero and the weighted S/N would be limited to about 68 
dB by the shot noise of the camera tube beam current. A voltage-
controlled, variable-gain AGO amplifier employing a field effect 
transistor (FET) variolosser adds up to 6-dB additional gain under 
low illumination conditions at a sacrifice of 6-dB S/N performance. 
For proper insertion of the synchronization information and analysis 

of the video signal for automatic level control, it is necessary to 
re-establish the dc component of the video signal by clamping. The 
black clamp circuit is gated to sample the video signal during the 
105.5-ps interval shown in Fig. 8 to establish the darkest portion of 
the scene at a fixed de reference. This darkest portion of the signal is 
processed as black in the gamma correction circuitry and is inserted 
into the composite signal as black, or at the voltage level of the video 
blanking pulse. By setting the darkest portion of the scene to black 

*A 62-dB weighted S/N corresponds to a weighted noise power of —54 dBm 
at the output of a Picture phone transmitter when the transmitter pre-emphasis 
is removed. 
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it is possible to obtain a subjectively pleasing display and to utilize 
the full dynamic range of the transmission system independent of 
scene content. 

After clamping, the video-processing circuit combines the 19.5-us 
video blanking pulse and the 8.79-gs synchronization pulse from the 
timing generator' to form the composite video signal shown in Fig. 8. 
The amplitude of the synchronization pulse relative to porch or pedestal 
level is used for AGO control in the receiver and is thus maintained 
at a precise value of 200 ± 10 mV. In order to reduce the susceptibility 
of the video signal to radio frequency interference and crosstalk during 
transmission, the video portion of the composite signal is pre-emphasized 
by 17 dB at 1 MHz relative to 1 kHz." This amount of high-frequency 
peaking can cause clipping of large, rapid transitions in the video 
signal in the analog loop equalizers under allowable positive gain-
frequency deviations. The subjective impairment of such clipping is 
acceptable, but if this same clipping were applied to pre-emphasized 
synchronization pulses, it would impair the recovery of accurate timing 
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information at the receiver. A rather simple means is utilized to se-
lectively pre-emphasize the video signal and not the sync signal by 
integrating the pre-emphasis shaping into the sync insertion portion 
of the circuit. By introducing controlled clipping of the positive and 
negative signal excursions in the video processing circuit of the set 
(Fig. 8), the dynamic range requirement of the unbalanced-to-balance 
(II-B) converter circuit is reduced. The controlled clipping employed 
is less severe than the clipping that occurs during transmission. 

To implement the subscriber's video privacy feature, a gate cir-
cuit, under control of the user's PRIVACY switch, selects either the nor-
mal video signal or the ac signal for transmission over the video loop 
and to the receiver for self-viewing. 
The unity gain Ti-B converter circuit converts the unbalanced 

video signal from the gate circuit to a balanced signal format for 
transmission over the video pair. This circuit, which is similar to those 
used in the transmission equalizers,15 provides a precise termination of 
the video pair to minimize longitudinal-to-transverse signal conver-
sion. Conventional carbon blocks connected to the balanced pair and 
voltage limiting diodes in the output circuit of the converter protect 
this circuit against transient voltage and lightning surges. These loop 
protection and termination functions are physically located in the 
service unit while the active circuitry is in the display unit. 
The overall optical-input-to-electrical-output sinusoidal frequency 

response of the transmitter, excluding pre-emphasis, is nominally flat 
to 1 MHz. Low-frequency response is characterized by less than 0.3 
percent tilt in 100 kts to an input step voltage. By carefully controlling 
capacitor charging in the video amplification circuits during turn-on, 
a usable video signal is obtained in less than one second while still 
maintaining excellent low-frequency response. 

2.2.3 Automatic Gain-Iris Control 
In order to achieve a nearly constant video signal level over a 

260-to-1 range of illumination, the set utilizes a zero-order, saturating-
type, feedback control system. This system employs a combination iris 
and AGO amplifier (AGIO system) to achieve an advantageous trade 
off between depth-of-field and signal-to-noise performance. The iris 
and variable gain amplifier are controlled by analyzing the peak video 
signal amplitude in the middle 50 percent of the scene and the average 
amplitude over the full scene. 
The basic operation of the AGIO system can be explained with the 

aid of Fig. 9. At high illumination levels the iris is operated near the 
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upper end of its f/2.8 to f/32 range, and the gain control amplifier is 
providing a constant gain and S/N. As the light level of the scene 
decreases, the iris opens to provide more light to the camera to main-
tain a constant video signal level. The AGC-AIC crossover point 
occurs at about 4 foot-lamberts scene highlight luminance (for the 
wide angle case shown here) where the iris reaches its maximum 
opening of f/2.8. The AGC makes up for further reduction in 
illumination to 2 foot-lamberts by adding up to 6 dB of video ampli-
fication. An important feature of this combination gain-iris mode of 
operation is the continual improvement of set performance as illumi-
nation levels are increased. In the AGC range, increased illumination 
improves the signal-to-noise performance. At the 4-foot-lambert AGC-
AIC crossover point, the desired 62-dB signal-to-noise performance is 
obtained. Increased illumination decreases the iris opening to achieve 
increased depth of field rather than excess signal-to-noise performance. 
The effective depth of field is approximately 50 cm at f/2.8 and in-
creases to about 2.5 m at f/8. 
The signal analyzer circuit (Fig. 6) detects the video signal from 

the black clamp on a combination peak-average basis to obtain an 
error voltage, compares this error voltage to a precision reference 
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voltage and filters the resultant comparator output to derive a de 
voltage for control of the iris and AGC amplifier. 
The peak-average detector in the signal analyzer is arranged by 

means of the AC signal to ignore signal peaks in the top and bottom 
quarters of the scene. This reduces the loss of facial contrast that would 
occur if the video signal peaks from ceiling lights and white shirts were 
allowed to set the signal level. With a combination of peak detection 
over a portion of the scene and average detection over the whole 
scene the contrast ratio of the transmitted signal will be a function 
of the scene content. For normal scenes the detector sets the trans-
mitter video output at a nominal 0.6 V peak-to-peak. With black-on-
white graphics material, such as a typewritten page, the video output 
signal is about 0.4 V peak-to-peak. This reduced contrast lowers the 
display highlight brightness to enhance readability and reduces the 
impairment caused by transmission clipping of pre-emphasized high-
frequency graphics signals. 
An RC integrator having a three-second time constant is included at 

the output of the comparator. This filter inhibits level corrections for 
short-term scene changes that might occur when a person walks through 
the camera field of view. Since the iris is included in the AGIC feed-
back loop, a low friction, nonsticking iris design is essential to guarantee 
loop stability. With the specially designed Picturephone iris, loop sta-
bility is dominated by the three-second integrator time constant. 

2.3 Receiver System 
The receiver of the Picturephone set processes the incoming com-

posite video signal to produce a high-quality, subjectively pleasing 
optical display. This processing includes several functions: frequency 
shaping of the video information to optimize subjective display quality, 
automatic gain control (AGO) to maintain a display with nearly con-
stant contrast independent of flat gain deviations in transmission, and 
automatic phase control of the extracted timing information to achieve 
a stable display. In addition, the receiver system provides the user with 
the necessary controls over his display and derives the high voltages 
for camera and display tube operation. A functional block diagram of 
the Picturephone receiver is shown in Fig. 10. 

2.3.1 Video Circuits 

The nominal 0.56 V peak-to-peak composite video signal received 
from the output of the receiving transmission equalizer [in the service 
unit or key telephone system (KTS)] is amplified and converted to an 
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unbalanced format by the balanced-to-unbalanced (B-U) converter. 
This differential amplifier provides a common mode rejection better 
than 30 dB over the 1-MHz frequency band to minimize the effects 
of longitudinal or common mode interference signals. The view-self 
gate circuit selects, under the control of the customer, either the user's 
camera output signal or his received signal for processing and display. 
This gate circuit provides a minimum 50 dB of crosstalk rejection 
over the 1-MHz frequency band which reduces crosstalk below per-
ceptibility. 
The receiver employs a sampling type AGC system, comprised of 

a variable gain amplifier and an AGO circuit, to maintain a constant 
display over a ±5-dB range of input signal levels which can result 
from flat gain variations in transmission. This system is arranged to 
sample the synchronization pulse amplitude, relative to the "porch" 
level, in order to adjust the gain independent of the video information. 
After clamping and de-emphasis of the composite video signal, the 

AGO circuit samples this signal for 4.7 its during the "back porch" 
interval of each horizontal blanking pulse to obtain a measure of the 
voltage amplitude of the synchronization pulse. This voltage is com-
pared with a precision reference and the resulting comparator output 
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is filtered to derive a dc voltage for control of the variable gain AGO 
amplifier. An active multiplier type variable attenuator is employed 
in this amplifier to maintain the output within ±0.5 dB of the nominal 
signal over the full range of input signal variations. The AGC system 
provides the proper gain setting in less than one frame time in response 
to the full 10-dB input signal change, and can therefore accommodate 
switched conferencing systems without objectionable picture flashes. 
One of the problems that had to be overcome in the design of the 

AGC is the susceptibility to lockup in an incorrect gain setting when 
large transient input signal changes occur. For rapid increases in signal, 
the linear amplifiers saturate while for rapid signal reductions improper 
separation of the synchronization pulses from the composite signal may 
occur. Both conditions can produce false timing information and result 
in improper sampling of the video signal. With certain video signals, 
the derived sample voltage corrects the gain in the wrong direction and 
thereby produces lockup. To overcome this lockup condition, a special 
circuit senses saturation or improper timing and overrides the AGC 
action to properly correct the gain. The lockup protection circuit also 
senses the absence of an input signal and is used to control the applica-
tion of a gray raster to the display tube under this condition. 
The frequency shaping network de-emphasizes the composite video 

signal and returns the pre-emphasized transmitter signal to its nominal 
spectrum. This reduces the effects of transmission noise and inter-
ference. Additional response shaping to a prescribed2 high-frequency 
rolloff is employed in the receiver to produce a subjectively pleasing 
picture and to further mask the effect of impulse noise, radio fre-
quency interference and high frequency equalization deviations accu-
mulated during transmission. This response shaping is added by a 
crispened rolloff filter (Fig. 11, curve c). When this crispened response 
is added to the 4-dB equivalent electrical rolloff, due to CRT beam 
size, the nominal overall optics response of the station set is as shown 
in curve d of Fig. 11. This overall response shape can be electrically 
characterized in the time domain. For a step input signal, the output 
transition is symmetric with a 4 percent single pre-shoot and post-
shoot and exhibits a 10 to 90 percent rise time of 0.7 ps. The over-
shoots emphasize the picture contrast at transitions to "crispen" the 
picture and produce a more pleasing display.2 The electrical low-
frequency response of the receiver is characterized by less than 0.1 
percent tilt in 100 ps in response to a unit step input voltage. 
The balanced-to-unbalanced converter, view-self gate, AGC ampli-

fier and frequency shaping network are realized in a single hybrid 
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integrated circuit mounted on a ceramic board containing tantalum 
film capacitors and resistors.8 
After frequency shaping, the signal undergoes further processing in 

a feedback type synchronous amplifier clamp. This circuit clamps on 
the tips of the synchronization pulses to reduce the effects of system 
low-frequency rolloff and low-frequency crosstalk (power hum at 60 
Hz is reduced by 35 dB). 
The CRT driver circuit provides the video signal for the CRT grid 
(G1), brightness control and vertical retrace blanking. The G1 drive 
circuit has an adjustable gain which is matched in set manufacture 
to the tube transconductance to reduce contrast variability. User con-
trol of the display highlight brightness over a 40- to 110-foot-lambert 
range is accomplished by varying the tube cathode voltage. In the 
absence of an input signal the circuitry provides a gray raster display 
to indicate that the set is operational and to eliminate transient 
picture flashes during call setup. To protect the CRT from phosphor 
damage, the circuitry is arranged to rapidly cut off the beam when the 
set is turned off. In addition, limiting diodes are used to prevent 
circuit damage from internal tube arcing. 

2.3.2 Synchronization, Sweep and High Voltage Circuits 

The sync processing circuitry removes the timing information from 
the composite video signal, separates the horizontal and vertical 
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timing and provides stable noise insensitive synchronization pulses to 
the sweep circuits. These synchronization circuits are designed to 
provide a stable display without user adjustment over the life and 
operating extremes of the set. 
Sync separation from the video signal is obtained by amplitude 

discrimination at the midlevel of the synchronization pulses. To im-
prove the stability of timing information, separate sync amplification 
and clamping of the AGC corrected signal are employed. A Schmitt 
trigger gating circuit, which requires a 2-es sync separator output 
signal to indicate valid horizontal timing, is used to guard against 
impulse noise. A second Schmitt trigger circuit, which is arranged to 
require a 25-es signal, is used to separate the 34.18-es and 93.70-es 
vertical pulses (Fig. 7) from the horizontal pulses. A conventional 
APC voltage-controlled oscillator is used to lock on the recovered 
horizontal timing information and reduce timing jitter due to trans-
mission and coding noise. The voltage-controlled oscillator is realized 
with silicon integrated circuit chips mounted on a tantalum thin film 
substrate.8 Both the horizontal and vertical oscillators are arranged 
to free run to provide raster scanning in the absence of an input signal. 
The horizontal and vertical sweep circuits provide corrected deflec-

tion currents to the CRT yokes to compensate for the S-distortion" 
which results from the nonspherical face of the CRT. In addition, the 
five-ampere horizontal current is provided with correction to cancel 
the distortion caused by ohmic losses in the yoke. Linearity adjust-
ments are not necessary due to the utilization of precision components. 
Protection of the horizontal sweep transistor, which switches the 
five-ampere deflection current, is accomplished by arranging this 
transistor to turn off if there is a loss of timing. The display overscan 
margin is kept below five percent to increase the information content 
of the display, particularly for computer-access readouts. Aspect ratio 
error is held to less than one percent and geometric distortion does not 
exceed two percent. 
A flyback type high-voltage power supply is integrated into the 

horizontal sweep circuit to provide the required CRT and camera tube 
bias voltages. This circuit is provided with a safety interlock to dis-
able these voltages when the display unit housing is removed. The 
12 kV ultor potential is derived by rectifying the third-harmonic-
tuned flyback pulse, at the secondary of the flyback transformer, 
with a 1x2B vacuum tube diode. To maintain precise raster size and 
aspect ratio the 12 kV is regulated to within two percent by means of 
a corona discharge regulator. To reduce shock hazard, a 3 Gn resistor 
discharges the 500 pF CRT aquadag capacitance when the set is turned 
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off. Radiation measurements show that the set does not produce any 
detectable radiation above the natural background (0.02 mR/hr). 
The camera tube and CRT bias voltages are obtained by rectifica-

tion of primary voltages from the flyback transformer. The CRT 
control grid voltage is adjusted during final set alignment to match 
the CRT voltage-cutoff characteristic. 
Extreme care was taken in the design and mechanical layout of 

the high-voltage and horizontal-sweep circuits to reduce the coupling 
of these high energy circuits into the transmitter. Direct electrical 
and electromagnetic coupling was reduced by providing these circuits 
with a separate low-voltage regulator, segregating power feeds, elimi-
nating circulating currents and damping flyback pulse ringing. 

2.4 Mechanical Design 

The display unit without its cover is shown in Fig. 12. It is assem-
bled from a number of interchangeable modular subassemblies as 
shown in Fig. 13 and discussed individually below. 

2.4.1 Structural Framework 

Two aluminum castings of 360 alloy are used as the primary struc-
tural members to achieve low cost, uniform assembly and electrical 
shielding. The front casting accommodates the CRT-yoke assembly 
and aids in the shielding of the camera from the yoke fields. The 
rear casting shields the camera from the high energy sweep circuits 
and high-voltage power supply. A third nonstructural casting is used 
to encapsulate the flyback transformer. Collectively, the castings 
provide an 18-dB advantage in electrical isolation over that achieved 
with a conventional framework. This is important since the camera 
signal current is unbalanced and approximately 100 dB less than the 
CRT deflection current and the two tubes are physically adjacent 
in the display unit. 

2.4.2 High-Voltage Assembly 

The high-voltage assembly consists of the flyback transformer, 
rectifier tube, ultor voltage regulator and associated circuitry. As 
mentioned, the transformer uses a separate 360 aluminum alloy cast-
ing for ease of potting and curing. For safety, the casting is grounded 
and the 12-kV anode lead is provided with a back-up screw lock to 
prevent inadvertent disconnection. Solventless silicone resin is used 
as the potting material with silicone room temperature vulcanizing 
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(RTV) rubber coatings at the critical interfaces to achieve arc sup-
pression, corona prevention and 8-kHz noise control. 
The horizontal sweep rate of 8 kHz is in the audible range and com-

ponents in the horizontal deflection circuit produce a subjectively 
objectionable hum. This is true of the flyback transformer and several 
inductors, which have ferrite cores and expand magnetostrictively at 
the 8-kHz rate, as well as a laminated core choke and several high-
voltage capacitors which vibrate electrostatically. The problem was 
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resolved by enclosing each offending component in an oversized stiff 
case to achieve an air shunt between the noise source and case. 

2.4.3 465A Display Tube 
The packaged display tube is designed to fit into a CRT 

casting which has limited rear access to the alignment magnets and 
anode, yoke and stem leads. The tube funnel region and most of the 
stem is encapsulated with rigid polyurethane foam. This permits pre-
centering of the display tube in the foam, gives better dimensional 
control than that obtained with the glass tube envelope, allows the use 
of molded deformation wedges to compensate for tolerance build up 
when mounting, and holds the prealigned yoke in position to avoid 
slippage or subsequent misadjustment. The foam also provides two-
fold protection: to the user by reducing implosion danger and to the 
tube itself by reducing handling damage." Customer safety from 
accidental tube implosion is further improved with a safety panel 
bonded on the face with clear polyester. The panel has an etched 
surface to disperse incident light and a transmission factor of 30 per-
cent to improve contrast by having reflected light attenuated twice. 
The refractive index of the polyester was selected close to that of the 
glasses used to minimize ghost images at the interfaces. Nonbrowning 
glass was used for the tube face to resist electron bombardment 
discoloration. The anode lead is attached to the tube to minimize 
moisture, dust and safety problems. Likewise, the stem and yoke have 
flying leads which are stress relieved to minimize lead breakage. 

2.4.4 466A Camera Tube 
The camera tube is packaged in a rectangular mu-metal shield for 

interference control. An aluminum front plate assembly mounts the 
lens and iris. Effort was made to keep the camera temperature low 
since the target dark current doubles for each 9°C rise and thereby 
reduces the useful dynamic range of the tube. This was partially 
achieved by connecting the target end of the tube to the cast zinc 
bezel to take advantage of its high-thermal capacity. The gain of this 
thermal shunt is degraded by 3°C due to the need for electrical and 
vibrational isolation between the tube and bezel. The camera tempera-
ture rises exponentially during continuous operation, reaching a steady 
state value of 11°C above ambient after 5 hours. 
The camera biasing circuits have been included on two small printed 

wiring boards in the package.8 A separate metal shield to accommo-
date the video preamplifier is attached to the camera package. 
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2.4.5 /ris 

The iris, functioning as an element in the video feedback loop, 
must be stable with time. To accommodate this, an iris having no 
mechanical friction was designe e using the principles described 
below. 
Referring to Fig. 14, two phosphor-bronze cantilever arms, A and 

B, are mounted to base C and connected by a thin platinum-nickel 
wire, D. The ends of the cantilever arms form the mating halves of the 
aperture. By foreshortening the thin wire, the aims are pulled together 
to open the aperture. This is achieved without mechanical friction by 
using a taut-band suspended meter movement, E, with a double post 
actuator, F, attached to it. Since the thin wire is in equilibrium, the 
tension up and down is equal. As the actuator rotates, the wire pro-
gressively wraps around the posts without sliding, foreshortening its 
length without relative motion, hence without mechanical friction 
between parts. Worst-case accelerated life testing of 6 units resulted 
in an average of 7 million operations to failure with a worst-ease 
MTBF of 6000 hours. 
The aperture halves are shaped to provide the desired optical-elec-

trical-mechanical transfer function. When off, the iris is closed to its 
smallest stop, approximately f/32. 

UPPER 
CANTIL EVER 

PLATE, C  ARM, A 
• 

/ 

__THIN 
W IRE , D 

VARIABLE 
APERTURE 

LOWER  TAUT BAND ACTU— 

CANTIL EVER  METER ATOR, F 
ARM, B  MOVEME NT, E 

Fig. 14—Iris assembly. 
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The iris assembly is mounted to the camera plate with the aperture 
halves entering a cutout in the side of the lens. Thus the lens moves 
relative to the iris blades and is at the optimum nodal location in only 
one position. This degradation in iris location was evaluated using a 
lens design computer program and found to be an acceptable com-
promise for the advantage of permanently mounting the iris. 

2.3.6 Printed Wiring Boards 
The three major printed wiring boards average 210 square cm each 

and are made of 0.16-cm-thick G-10 glass epoxy material for strength. 
The transmitter and receiver boards are retained at four points with 
the circuit paths facing out to protect against stripping components 
when the cover is installed. 
The printed wiring boards are single sided for reliability and lower 

cost. Low-resistance straps are used where necessary to avoid double-
sided boards with plated-through holes. Wherever possible, com-
ponents are mounted vertically to achieve improved heat transfer 
and large components are secured with an RTV adhesive to prevent 
possible damage during shipment. The wiring side is coated with an 
acrylic spray finish for moisture and fungus control. 
The wiring boards are interconnected by right angle, edge mounted 

connectors. A common mounting block permits inserting a family of 
gold-plated, beryllium-copper contact members having different gauge 

wires. 

2.4.7 Shielding and Grounding 
Considerable attention was given to the mechanical design to reduce 

electrical interference to an acceptable level. Some of the steps taken 
to reduce interference have been discussed. In addition, the topograph-
ical layout utilized the available space to separate the receiver and 
transmitter circuits as much as possible. The printed wiring boards 
were laid out with special attention given to signal level progression, 
types of adjacent circuitry, parts orientation, low impedance ground 
paths, and connector land assignments. Equal care was exercised in 
the harness design to separate and shield wires which were subject 

to crosstalk. 

2.4.8 Bezel and Graphics 
The bezel is a zinc die casting to permit satin finish, chrome plating 

of the frame. The front area is painted black for glare control and 
good contrast. The bezel mounts to the CRT casting, retains the CRT 
and provides a mounting surface and graphics facility for the camera. 
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A capability for displaying graphics is obtained by lifting a spring 
loaded visor. This inserts a mirror in the optical path of the camera 
and directs the field of view to the desk top. Precise mirror orientation 
can be made in manufacture with a front adjustment. 
The use of a mirror in the graphics mode introduces an optical 

inversion which is corrected by reversing the horizontal yoke leads. 
This is initiated by a visor arm actuating a switch. Simultaneously 
the raster is centered and shifted to the narrow angle. To reduce 
electrical interference, the switch and lens actuators for refocusing in 
the graphics mode are insulated from the bezel visor. 

2.4.9 Audio 
A 6.35-cm-diameter speaker is located behind the protective grill 

on the right-hand side. This relatively small speaker has a 300-cubic-
cm back chamber to extend its low-frequency response. It is driven 
by an auxiliary audio amplifier which adds 6 dB of gain with bass 
boost frequency shaping. 
The output of the speaker introduces considerable radiated and 

mechanically coupled vibration into the structural framework, requir-
ing isolation of the camera to reduce microphonics below a percepti-

ble level in the video signal. 
The tone ringer is mounted on the rear casting and the alerting 

sound emanates from the vents on the bottom of the housing. 

2.4.10 Panning Mechanism and Manual Tilt 
The structural framework of the display unit attaches to a tilting 

mechanism for manually adjusting the elevation during initial installa-
tion over a 10° vertical range and a panning mechanism for rotating 
the head through 3300. The thrust bearing design utilizes a differential 
load near the center of gravity to reduce the torque required to rotate 
the head. The design accommodates large dimensional variation due to 
manufacturing tolerance and wear. 

2.4.11 Ringstand 
The ringstand is a satin finished, chrome plated zinc die casting 

which weighs 2.15 kg and helps lower the center of gravity of the set. 
To protect against a set being tipped over or pulled off the desk by the 
cord, the ringstand includes a dual base." The inner surface in contact 
with the desk is a material with a high coefficient of friction which 
resists slipping. However, for impacts above the center of gravity, 
this material holds and becomes an objectionable fulcrum about which 
the entire set tips. Since desk top slipping is less damaging than tip-
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ping, an overhanging edge with a low coefficient of friction is provided. 
After the set rotates through a small angle after impact, the second 
surface touches and provides slipping rather than continued tipping. 

2.4.12 Harness and Cord 
The display unit harness passes through the panning mechanism 

and the hollow core of the ringstand pedestal and terminates in a 
connector to mate with the cord. The harness can be readily replaced 
since the end connector can be pulled through the pedestal and panning 
mechanism. Since the head rotates and the ringstand is stationary, 
fatigue tests were run on the harness to determine a lacing and mount-
ing arrangement to achieve lead life beyond 100,000 panning opera-
tions. 
The interconnecting cord is color coordinated to the sets and is of a 

"V" construction with a 1.2-meter section of 26-lead cordage going to 
the control unit and a 3-meter section of 50-lead cordage going to the 
service unit. The 50-lead sections terminate in connectors and permit 
the use of B25A extension cable. The junction of the "V" construction 
enters the bottom of the ringstand to connect with the harness. To 
connect the set, the harness connector is pulled slightly from the base 
for cord insertion. Thereafter, the mated connector pair is pushed back 
into the base where it cannot open due to the pedestal width. Subse-
quently, a cover plate—designed to avoid damage to the desk—is 

attached to retain the connectors. 

2.4.13 Complete Assembly 

The complete display unit assembly weighs 11 kilograms. In final 
testing the unit successfully passed a 35 g shock test with six repetitions 
of a 6.5-millisecond sawtooth pulse in each direction of three mutually 
perpendicular planes, for a total of 36 drops. Two different tests were 
used to confirm its vibration endurance. In the first test, the unit was 
sinusoidally vibrated at 0.05 inches double amplitude from 10 to 31 Hz 
and at 2.5 g from 31 to 200 Hz at a sweep rate of approximately 4.5 
octaves per minute for 60 minutes in each of three mutually perpen-
dicular planes. In the second test, a random input of 0.04 g2/Hz (equiva-
lent to 2.75 rms g level), clipped at 3u (8.25 g rms), was applied over 
a bandwidth of 10 to 200 Hz for 20 minutes in each of three mutually 
perpendicular planes. Experience gained in actual shipment confirms the 
validity of these laboratory results. In operation, the unit functions 
satisfactorily in a relative humidity of 95 percent and reaches an average 
steady-state temperature of approximately 20°F above ambient. 
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HI. CONTROL UNIT 

3.1 General Factors 
To bring the controls and audio input closer to the customer than 

the display unit, a separate, small control unit is provided as shown 
in Fig. 2. This supplements the 12-button Touch-Tone telephone set 
which is necessary for establishing calls for regular telephone service 
and for privacy when the speakerphone feature is not desired. 
The control unit has a family resemblance to the display unit, using 

a slightly concave black face with an accentuated edge around the 
perimeter. The molded plastic cover is available in the six matching 
business office colors. A satin finish aluminum base completes the 
aesthetic parallel. The composite design achieves a low profile by the 
use of rocker switches and thumbwheel controls. 

3.2 Audio 
The AF-1 electromagnetic transmitter developed for this applica-

tion is located behind the small port on the front of the control unit. 
The microphone measures 2.2 cm in diameter and 0.89 cm in depth. 
It is suspended in a rubber isolation boot which positively seals the 
microphone input to the base while providing isolation from micro-
phonic noise above 40 Hz. The housing-to-base gap is sealed on each 
side of the microphone to avoid deleterious chamber effects. 
The microphone is flexibly connected to the audio preamplifier 

which provides frequency shaping and 75 dB of audio gain. The 
preamp shares a multipurpose wiring board, shown in Fig. 15, with 
the video controls and function switches. 

3.3 Mechanical Design 
The rocker type function switches move shorting wipers across 

commutator lands on the printed wiring board. This eliminates all 
wires, soldered connections and conventional contact adjustments, 
resulting in low cost and high reliability. The rocker switches also 
eliminate the need for lamps since the state of the switch is indicated 
by its position. The single exception is the ON/OFF switch where 
compatibility with the 3A Speakerphone' circuitry required momen-
tary makes and breaks with the subsequent need for an alerting lamp. 
To avoid inadvertently leaving the PRIVACY or VU-SELF switches in 
the operated position, mechanical linking is provided between the 
switches such that they are returned to their normal states when the 
OFF button is actuated. 
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All of the switches and potentiometers mount directly to the printed 
wiring board for alignment accuracy and the mounting cord con-
nects directly to gold plated, printed lands. For space reasons, a 
double-sided, G-10 glass epoxy board was used. The cover and base 
clamp on opposite sides of the wiring board and the complete assembly 
is held together with two screws. The complete assembly weighs 142 
grams. 

IV. SERVICE UNIT 

4.1 General Factors 

The lA Service Unit shown in Fig. 3 is the third major assembly 
required for Picturephone service. Since the customer does not interact 
with it directly, it is designed to be mounted remotely with a cable 
run up to 26 meters from the display unit. It has a stipple finished gray 
housing measuring 30 cm high, 18.1 cm wide and 15.9 cm deep, and is 
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planned for vertical installation to minimize the projected floor area 
required. Since this is the only unit connected to a 110 V power 
source, the 7.7-kg assembly mounts to a metal wall plate and has a 
fire resistant cover for safety. All adjustments and class of service 
options are located here to avoid the necessity for opening the display 
and control units during installation. 

4.2 Circuitry 

4.2.1 Functional Description 
The service unit contains the power circuits which convert the 

subscriber's local 110 V to several well regulated de voltages of lower 
potential for use in the set; control circuits which detect and process 
the audio and video supervision signals to control the display unit; 
and a transmission equalizer15 which adds frequency shaped gain to 
correct for the insertion loss of the receiving video pair. A functional 
block diagram of a service unit as arranged for a non-key telephone 
installation is shown in Fig. 16. 
The basic system plan for station supervision of the video telephone 

involves the use of normal off-hook and ringing derived from the audio 
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Fig. 16—Service unit block diagram (for single line arrangement). 
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pair and a video supervision signal (VSS) derived from the receiving 

video pair. An off-hook and ringing detector and a VSS detector sense 
the audio and video supervision signals to provide ring, off-hook and 
video indications to the set logic. The logic circuitry combines these 
input signals and the main station switchhook indication to derive 
three control signals required for set operation. The distinctive video 
alerting signal (DVA) controls a tone ringer oscillator which drives 
the sounder in the display unit for audible alerting on video calls. A 
turn-on-set (TOS) signal activates the low-voltage regulators in the 
service unit which power the circuits in the display and control units. 
The loop-back (LB) signal controls the maintenance loop-back circuit 
which provides an equalized loop-back of the video pairs to the central 
office for maintenance purposes and also connects together the balanced 
input and output of the display unit when the set is idle. 

4.2.2 Control Circuits 

The circuits required for proper logical control of the display unit 
are: the off-hook and ringing detector, VSS detector, loop-back circuit 
and the service unit logic circuitry. 
The off-hook and ringing detectors consists of a high input impe-

dance differential amplifier which bridges the audio pair and two 
separate detector circuits. This amplifier responds to voltage changes 
at its input and provides the detectors with complementary outputs 
which follow the input voltage changes. The ringing detector reshapes 
the ringing signal to provide a square wave logic signal (R) that 
follows the 20-Hz ringing. The off-hook detector is arranged to pro-
vide a de output indication (P) under low voltage input conditions to 
the amplifier and thus indicates the switchhook status of both the main 
station and audio extensions. Low pass filtering is used to eliminate 
response due to the ringing signal. A 60-ms minimum time delay in the 
off-hook to on-hook indication is included to guard against response 
to transient excitation of the audio pair. 
A VSS detector, which is included as part of the transmission 

equalizer, samples the VSS or the video signal on the receive pair 
at an unbalanced equalized point in the equalizer. The 8-kHz content 
of this signal is filtered and rectified to derive a logic signal (V). The 
detector has a Q of 40 and a response threshold to a sinusoidal input 
signal of 10 mV rms. Although this detector will respond to all video 
signals as well as VSS, the system arrangements never rely on using the 
video signal in place of VSS for control of the set. 

Station logic is summarized in the state diagram (Fig. 17) which 
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LOGIC INPUTS  
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OR VIDEO 
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MAIN STATION 

P = OFF HOOK ANY 
STATION 

STATION STATES 

AND Vi = IDLE 

-I: AND R= ALERT 

P AND V = LOCKUP 

M AND L = ON 

(L) 

Fig. 17—Picturephone logic state diagram. 

gives the relationship between the P, M, R, and V logic inputs and 
the ON, ALERT, LOCKUP, and IDLE station states. The detailed inter-
action of the station and the switching system during calling procedures 
is outlined in Ref. 19. Since the VSS signal is never maintained after 
the called party answers, the set logic must supply memory of a video 
call. This memory or video lockup state (L) is implemented with a 
set-reset type flip-flop which is set by the simultaneous occurrence 
of any audio or video party off-hook (P) and video supervision (V). 
The station set remains in the lockup state until all audio and video 
stations on the video line are on-hook (É) and there is no V indication 
(V), at which time the flip-flop is reset and the set is returned to the 
idle state. At any time during lockup the video circuitry may be turned 
on when the main video station goes off-hook (M). 
During the idle state the tone ringer may be activated with the 

ringing logic signal (R) which contains the 20-Hz interruption to 
properly modulate the tone ringer circuits. The 60-ms delay in the 
off-hook to on-hook transition delays the enabling of the tone ringer 
upon return to idle (L). This avoids ring tap which would otherwise 
occur because of extraneous response of the ringing detector to the 
on-hook indication. The volume of the tone ringer may be adjusted 
by the installer to one of three levels to accommodate customer prefer-
ence and room acoustics. 
The maintenance loop-back is on during the idle state and removed 

during lockup. The loop-back is not replaced prior to entering the 
idle state because of the possibility of a calling party receiving his 
own picture through the called party's loop-back. Loop-back is im-
plemented with a relay circuit. The switching systems are arranged to 
perform a continuity test through the station loop-back prior to 
setting up a video call. During a local power failure the continuity 
test will fail because of the unpowered equalizer, and therefore call 
completion and video charging are inhibited. A Picture phone sub-
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scriber's normal telephone service is not interrupted by such a power 
failure although the speakerphone is inoperative. 
The service unit circuitry arrangements just described are com-

patible with single-line video service and will allow the connection of 
one video unit and the normal complement of audio extensions. Service 
requirements for multivideo pickup of a single video line and/or multi-
line access by a single station are accommodated with a video KTS.2° 
In a station set which operates behind a KTS, the service unit is 

equipped with different plug-in circuit boards to provide a simplified 
arrangement (Fig. 18). The audio and video supervision detection, 
logic and loop-back functions are removed from the service unit and 
the transmission equalizer is replaced by a passive build-out network. 
Set turn-on is controlled directly from the KTS by the TOS lead 
which, as before, activates the low voltage regulators. The DVA signal 
is standard KTS ringing applied to the tone ringer via a balanced 
ringing pair when distinctive alerting is required. An indication of a 
loss of station set power is provided to the KTS by means of the PF 
control lead. In such an event the KTS cancels call completions by 
arranging for continuity loop-back test failure as was done in the 
single video-line arrangements. The build-out network is selected at 
the time of set installation from one of four possible networks so as to 
achieve a nearly constant electrical transmission loss between the KTS 
and the station. This loss is pre-equalized in the KTS equalizer.12 
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Fig. 18—Service unit block diagram (for key telephone arrangement). 
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4.2.3 Power Circuits 

The primary power supplies for the station set are located in the 
service unit and convert the subscriber's 110 V local ac power to low 
voltages for display unit operation. This location insures customer 
safety, since 110 V wiring to the subscriber's display unit is not required, 
and convenient installation, since it is generally possible to find an 
existing power outlet within a 26-meter cable run to the display unit. 
To achieve the well regulated voltages required for the video circuits 
over the 24 V range of line voltage variations, a ferro-resonant power 
supply is used. The service unit has been submitted to Underwriters' 
Laboratories for listing. 
A pair of series-type voltage regulators derive the more precise 

voltages required for video circuit operation from the ±24 V ferro-
resonant power supply. Solid-state low-power on-off switching of the 
video units by the set logic is accomplished in the regulators by con-
trolling the base current in the series regulating transistors. By per-
forming more precise regulation in the service unit it is possible to 
reduce overall display unit power dissipation which is 4 watts in standby 
and 40 watts in service. The service unit dissipates 21 watts in standby 
and 35 watts in service. 
Pair assignment, in the 50-pair interconnecting cable between the 

service unit and display unit was made to reduce transmit-to-receive 
video crosstalk and audio-to-video crosstalk. This assignment in-
cludes separate power feeds and grounds for the receiver and trans-
mitter circuits. Pair quantity in the power feeds is allocated to main-
tain one-volt regulation at the display unit over all interconnecting 
cable length variations. Inadvertent disconnection of the interconnect-
ing cable or a loss of either service unit fuse is sensed by a relay 
circuit in the service unit which automatically switches off all de 
power. This inhibits the successful completion of the continuity loop-
back test and thereby signals the switching system to cancel the com-
pletion of calls under these conditions. 

4.3 Mechanical Design 
The primary framework for the service unit is a one-piece U-shaped 

structural member made of 0.236-cm, cold-rolled steel with a zinc-
chromate finish. Mounting tabs, ventilation scoops, stiffening ribs, 
printed wiring board mounting posts and miscellaneous sub-bracketry 
are formed from the principal part to provide a simple, low-cost 
assembly. Structural integrity is maintained by bridging the center 
with a spacer and the open ends at top and bottom with braces. The 
3.6-kg ferro-resonant transformer and other large components of the 
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power supply are mounted on the stiff center section of the U-channel 
to resist deformation under shock loading. In manufacture, the power 
supply is wired as shown in Fig. 19 using 300 V test, flame-retardant 
wire. 
The ±24 V secondary voltages are brought to a central printed 

wiring board, CP-1, for distribution. OP-1 physically mounts on the 
open end of the U-channel and interconnects the right, central and 
left zones. Consequently, all terminations are performed on OP-1 
for signal as well as power distribution. The board includes a 50-pin 
female connector for the display unit cord, a 21 screw connection field 
to accommodate the loop and speakerphone leads, two fuses, test 
points and screw lifters. On the left side of OP-i, the gold-plated con-
nector land accommodate either the FW-1 circuit pack for key telephone 
installations or the FW-2 circuit pack for single-line installations. 
The right-side lands accommodate the 939-type cable equalizer or 
appropriate 877-type pad-out networks, depending on the installation. 
This approach to circuit interconnection utilizes the physical arrange-
ment to lower cost and increase reliability by reducing connectors 
and harnesses. The assembly without cover is shown in Fig. 20. With 
any complement of boards, all terminals, fuses, screw lifters, adjust-
ments and test points are available from the front. 
The cover is made of 25 percent glass-filled polyester which meets 

the fire-resistant codes. All labels are molded in. The cover has venting 
to accommodate the heat dissipating circuitry. Under maximum power 
dissipation, the temperature rise is 25°C above room ambient. 

V. CONCLUSION 

The 20 Video Telephone Station is now in production by Western 
Electric Company and is being used in initial Picture phone service. As 
manufacturing and field experience accumulates, normal engineering 
improvements will be made to reduce cost and improve reliability. 
Different versions of station equipment will be required in the future 
as Picture phone service grows, such as designs for residential applica-
tions, conference rooms, and public booths. In addition, future designs 
may incorporate slow-scan techniques for better graphics transmission, 
and eventually color Picturephone sets will become a practical possi-
bility. 

VI. ACKNO WLEDGMENTS 

The design of the Picture phone set has been a collaborative effort of 
many colleagues whose contributions are gratefully acknowledged. 



310  THE BELL SYSTEM TECHNICAL JOURNAL, FEBRUARY  1971 



STATION SET 

Fig. 20-1A Service Unit (less cover). 
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The Piciurephone® System: 

Station Set Components 

By A. M. GORDON and J. B. SINGLETON 

(Manuscript received October 27, 1970) 

The development of the Picturephone® station set required the special 
design of many new electronic components. These include new camera and 
display tubes for opto-electro conversion, 18 integrated circuits using both 
silicon and tantalum technologies, and several additional discrete devices. 
This article reviews the development of these custom designed electronic 
components. 

I. INTRODUCTION 

The Picturephone station seti is one of the most sophisticated items 
of station equipment ever provided a Bell System customer for 
switched two-way communications. In concept, the Picturephone 
station set resembles a commercial closed circuit transmitter and 
receiver. However, the operating conditions are markedly different 

and impose special requirements on many of the components. To pro-
vide the optical to electrical conversion in the transmitter and the 
inverse in the receiver, as well as the audio and control functions, 
requires over 900 electrical components in the station set. These range 
from simple passive discrete resistors to the silicon diode array camera 
tube which contains over 500,000 diodes in its approximately 0.2 
square inch active target area. 
Combinations of hybrid integrated circuits utilizing both silicon 

and tantalum technologies, silicon monolithic circuits, discrete solid-
state devices, and discrete passive components are incorporated on the 
various circuit boards. Additional components consist of the camera 
and display tubes and two active non-solid-state devices which are 
used in the high-voltage power supply. The active components used 
in the display, control, and service units are shown in Fig. 1. 
To develop the complex station set circuitry in an orderly fashion, 

it was necessary to decide early in the design which portions of the 
circuitry were to be realized in integrated form. Some circuits re-
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quired the precision tuning available with tantalum thin-film tech-
nology and were designed using hybrid integrated circuits. Other cir-
cuits were uneconomical in size and/or cost to be built in discrete form 
and their designs were realized in monolithic silicon form. In still 
other circuits it was found that though they could be realized in 
discrete form, it would be advantageous to utilize the matched char-
acteristics available on silicon chips. Thus integrated circuit designs 
were used where it made best technical'or economic sense to use them. 
Out of this design effort, undertaken jointly by the Systems Develop-
ment and Device groups, 33 silicon integrated circuits (SIC) of 18 
different designs evolved for Picture phone station set use. The most 
widely used SIC is the building block circuit which is used in seven 
different applications. 
A simplified block diagram of the Picture phone station set is shown 

in Figs. 2, 3, and 4. Those circuits which utilize hybrid and monolithic 
integrated circuits are marked accordingly. 
Several discrete components were custom designed to operate under 

the special conditions found in the Picture phone station set. Included 

Fig. 1—Station set active components. 
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in this category are bipolar transistors, junction field effect transistors, 
a packaged display tube and a completely interchangeable packaged 
camera tube. This article will highlight, those devices which were cus-
tom designed and existing devices which required special characteriza-
tion for use in the station set. 

11. CA MERA TUBE 

Several unique properties are required of a camera tube for use in 

Picturephone service:2-4  Life and reliability must be consistent with 
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Bell System standards. The camera tube must operate in environments 
where there are bright lights and high temperatures. It must withstand 
mechanical shock and have the ability to react rapidly when called 
upon. In meeting these objectives, the required power must be kept to 
a minimum and the manufacturing cost must be sufficiently low to 
justify use in Picturephone service. 
These requirements are fulfilled in the design of the Picturephone 

camera tube. Unlike previous camera tubes which use an amorphous 
substance as the photoconducting element, this design uses an array of 
diodes (--,525,000 in the scanned area) on a single crystal slice of sili-
con. This approach results in a target shown in Fig. 5 having the fol-
lowing advantages compared to an amorphous target: 

(i) It is not damaged by any reasonable light source. 
(ii) Sensitivity is improved by a factor of at least 3 to 1. 
(iii) It allows the scan size to be electronically changed without 

adverse effects. 
(iv) It possesses a long life. 

Figure 6 shows the camera-tube structure which has been designed 
to hold the silicon target so that it will withstand mechanical shock 
in excess of 50 G and will be maintained at the temperature of the 
station set front panel. The electron gun and beam focusing electrodes 
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are assembled by brazing the metallic parts to a high alumina ceramic. 
Halide-free hard glass is used for the envelope and seals are made 
directly between glass and metal. This technique contrasts with that 
used in most similar devices, in which a soft metal seal (such as 
indium) forms an intermediate layer between glass and metal. An 
advantage of the direct seal between glass and metal is that high 
processing temperatures can be used which enhance long cathode life. 
The cathode has been designed to match the long life expected of 

the silicon target. A thin layer of nickel is used to coat the electron 
emissive cathode particles so that the resulting cathode can be oper-
ated at a lower temperature for a given current. Use of this coating 
technique along with the proper nickel base alloy provides a cathode 
with greater than five-year life expectancy. 
Manufacturing techniques and facilities have been designed to en-

hance reliability. Targets are processed and tubes assembled within 
laminar flow work benches which are installed within a room fed with 
filtered air. Assembly operators are garbed in a manner to minimize 
contamination of the work area. Final tube exhaust is carried out on 
an oil-free high vacuum station, with ultimate pressure at the time 
of tube pinch off of about 2 X 10-8 torr. 
The physical design philosophy used in the station set has been to 

provide all units in modular form. Manufacture of the camera tube 
follows this concept. The required circuits are mounted within the 
camera package at the tube manufacturing plant. They include deflec-
tion coils, magnetic shielding, preadjustments for deflection currents, 

Fig. 5—Camera tube target. 
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raster centering and all tube electrode voltages as shown in Fig. 7. 
Adjustment of the camera tube will not be necessary when it is mounted 
in the station set. 
The camera tube operates at a peak signal current of 225 nA and 

has a maximum signal output in excess of 300 nA. At room tempera-
ture the dark signal current is about 10 nA. For incandescent light the 
average sensitivity is 175 nA per 0.1 footcandle. Operation of the set 
begins almost instantly when a call is initiated or answered; this per-
formance is attained by maintaining the tube at 90 percent of its 
operating heater voltage during standby periods. 

III. DISPLAY TUBE 

Requirements on the display tube are also somewhat more stringent 
than would be found in normal commercial applications. In addi-
tion to providing long, unattended life, and shock resistance, the 

Fig. 7—Assembled camera tube. 
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potential hazard of the envelope imploding must be considered for 
personnel protection. Implosion protection is provided by applying a 
laminated safety panel over the exposed face of the tube. Additional 
implosion protection is provided for the funnel portion of the tube 
by completely encapsulating it in a polyurethane jacket. Since the 
cured polyurethane material adheres to the glass envelope, it pre-
vents collapse of the funnel upon fracture of the display tube. 
The display tube is manufactured with a non-browning glass 

envelope. This insures that long-term bombardment of the glass by 
the high-voltage electron beam will not result in a glass color change 
which might alter the spectral quality of the emitted light. Conven-
tional settling techniques are used to deposit a white phosphor. To 
increase radiated light and to protect the phosphor layer from ion 
damage, the bulb is then aluminized. 
Assembly of the electron gun consisting of stainless steel parts is 

performed on laminar flow benches. Cathode techniques, as described 
for the camera tube, have been used to maximize life capability. To 
further extend operating life the average cathode current is held to a 
minimum. 
In keeping with the modular concept, the Picture phone display tube 

package shown in Fig. 8 contains the deflection yoke and centering 
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Fig. 8—Close-up view of display tube. 
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components. The entire package is assembled at the tube manufactur-
ing plant. To improve picture contrast in very bright ambient light, the 
laminated face plate which is applied over the front of the tube for 
implosion protection incorporates a 30 percent light transmission filter. 
With this face plate, less than 9 percent of the incident room light is 
combined with the video display, yet the highlight brightness can ex-
ceed 100 foot lamberts. Finally, the entire assembly shown in Fig. 9 is 
encapsulated in the previously mentioned polyurethane jacket. This 
technique, in addition to providing protection from flying glass in the 
event of an implosion of the bulb, also establishes a firm and repro-
ducible mechanical outline for mounting within the station set. The 
finished unit provides a package of considerable physical strength and 
replacement of a display tube requires only adjustment of raster size 
and centering. 

Fig. 9—Assembled display tube. 
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IV. Picture phone TI MING GENERATOR 

Locked 2 : 1 interlace and all the timing functions required for trans-
mitter operation are provided by the Picturephone timing generator. 
This circuit consists of a crystal controlled oscillator and five resistor-
transistor logic (RTL) circuits mounted on a one-square-inch ceramic 
interconnection board as shown in Fig. 10. In addition to the 376 
transistors, 2 diodes, and 535 resistors which are contained in the six 
beam-leaded chips, the circuit uses an externally mounted crystal to 
maintain a stability of better than ±100 ppm for all timing intervals. 
This precision allows the pull-in range of the receiver automatic phase 
control (APC) circuit to be reduced and permits a substantial reduction 
in the capacity and cost of the "elastic store" used in the digital coding 
system. A 12-cell store is used in the present coding system a as com-
pared to the 30-cell store used in the previous design. 
The timing functions provided include the following: 

(i) Horizontal and vertical sweep triggers. These are used for 
initiating retrace of the beam in the camera. 
(ii)  Camera blanking. This provides cut off of the camera beam 

during retrace. 
(iii)  Video blanking. This permits disabling of the linear signal-

processing chain during the nonvideo intervals. 
(iv)  Sync insertion. This is the composite sync signal that will be 

mixed with the video information for transmission. 
(v)  Signal analyzer control. This output is used to examine the 

center half of the picture for light intensity of the scene for setting 
the automatic gain and iris control (AGIC) of the camera. A distinct 
pattern which is transmitted when a subscriber goes into the "Privacy" 
mode is also derived from this signal. 

Figure 11 shows the relationship between these various timing 
waveforms (except the signal analyzer control) and the transmitted 
composite video. The timing generator derives these timing functions 
from the crystal controlled oscillator operating at 512 kHz and digital 
countdown circuitry. 8-kHz horizontal and 59.925-Hz vertical signals 
are generated by judicious interconnection of the output signals from 
the various stages of the countdown circuitry. 
A block diagram of the timing generator is shown in Fig. 12. The 

two-stage counter and the first four-stage counter divide the 512-kHz 
oscillator frequency down to the 8-kHz horizontal line rate. A 16-kHz 
signal from the first four-stage counter is used to drive the second 
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four-stage counter. By means of recycling techniques, the second and 
third four-stage counters divide down to the 59.925-Hz field rate. 
Various timing intervals available from the intermediate stages of the 
countdown circuitry are used in the mixing circuits to derive the 
timing wave forms shown in Fig. 11. The precision of all these signals 
is derived from the inherent stability of the 512-kHz oscillator. 
Low power (1-2 mW/gate), high packing density (85 mils2/ 

gate) and high immunity to power supply variations (2-3 volts) 
and temperature variations (0-65°C) were the design considerations 
for the logic circuits. The oscillator circuit was designed around 
minimum crystal requirements and provides a square wave output 
with low sensitivity to power supply variations (4-10 volts) and 
temperature variations (0-65°C). No external capacitors, inductors or 
manufacturing adjustments are required for oscillator operation. 
The total circuit has been realized on six beam-leaded silicon 

nitride passivated junction isolated chips which are: 

(i) Crystal controlled oscillator and output buffer circuit 
(ii) Two-stage counter and mixing circuit. 

Fig. 10—Picturephone timing generator board. 
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iv, y) Four-stage counter circuits. 
(vi) Recycling and output circuit. 

4.1 Crystal Controlled Oscillator and Output Buffer Circuit 

The crystal oscillator circuit provides the fundamental 512-kHz 
frequency for the timing generator. Its output consists of a symmetrical 
square wave suitable for driving the integrated logic circuits which 
count down to the horizontal line and vertical field rates. The oscillator 
frequency typically deviates from the nominal less than 40 ppm for all 
causes, including manufacturing tolerances of the amplifier circuit and 
crystal, a 40°C temperature range, and power supply voltage variations 
of ±40 percent. 
In addition to the oscillator circuit, buffer transistors for five of the 

logic outputs are incorporated on the same integrated circuit chip. A 
total of 13 transistors, 2 diodes, and 24 resistors are contained on the 
54 x 54 mil chip which constitutes this silicon integrated circuit. The 
total resistance is 43 ki/ and the power dissipation is about 70 mW. 
The crystal unit consists of a rectangular DT cut quartz plate with 

dimensions of 0.350 by 0.140 inches and a thickness of 9 mils. It reso-
nates in a width shear mode which provides a better temperature 
coefficient than that obtained with square, face shear resonators. Two 
header wires are attached to the nodal points at the center of the 
major surfaces of the plate and brought down to a TO-5 header base. 
Encapsulation of the crystal is achieved by cold welding a 0.6 inch 
high metal can to the header. 

FIRST 

4 - STAGE 
COUNTER 

SECOND 
4-STAGE 

COUNTER 

2-STAGE 

COUNTER  AND 
MIXING CIRCUIT 

THIRD 
4-STAGE 

COUNTER 

RECYCLING 
AND  OUTPUT 

CIRCUIT 

CRYSTAL CONTROLLED 
OSCILLATOR AND OUTPUT 

BUFFER CIRCUIT 

CAMERA BLANKING 

HORIZONTAL SWEEP TRIGGER 

VERTICAL SWEEP TRIGGER 

VIDEO BLANKING 

SYNC  INSERTION 

SIGNAL ANALYZER CONTROL 

Fig. 12—Block diagram of the Picturephone timing generator. 



Ii 

3 

20 0  - 

180  

lo  

190  

50  

4 0  

STATION SET COMPONENTS 

19 

22 

20 

16 0 

15  14  13 
1 
11 

VCC' 

N // 

GATE 
IDENTITY 

R1 

327 

12 Vce —e V5vo\.,--- -0   

— o 2 
 o9 

  8 

 06 

Fig. 13—Logic diagram of two-stage counter and mixing circuit. 

10 

4.2 Two-Stage Counter and Mixing Circuit 
RTL is used in this circuit to derive several logic functions includ-

ing dividing the input 512-kHz square wave signal by 2 and 4. The 
horizontal sweep trigger and video blanking signals are also supplied 

by this circuit. 
As shown in Fig. 13, this circuit contains 30 logic gates composed of 

58 transistors and 80 resistors on a 54 X 54 mil chip. Nominal power 
dissipation at 2.5 V is 50 mW. Each gate was individually designed 
for fanout to utilize minimum resistor values (therefore low area) 
for a given power consumption. 

4.3 Four-Stage Counter 
Three four-stage counter circuits are used in the timing generator. 

Each chip has 38 logic gates containing 79 transistors and 111 resistors. 
RTL is used to divide the input square wave signal by 2, 4, 8 and 16. 
Provision is made for stuffing pulses to control recycling and for 
gating various state outputs. Nominal power dissipation for the 62 x 
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62 mil chip is 60 mW at 2.5 V. A photograph and logic diagram of 
the circuit are shown in Figs. 14 and 15. 

4.4 Recycling and Output Circuit 

Several functions including camera blanking, signal analyzer con-
trol, vertical sweep trigger and the sync insertion signal are derived 
in this logic circuit. The camera blanking output drives external cir-
cuitry directly whereas the other signals drive the output buffer cir-
cuits. As shown in Fig. 16, this RTL circuit contains 36 gates composed 
of 68 transistors and 98 resistors on a 62 x 62 mil chip. Nominal 
power dissipation at 2.5 V is 60 mW. 

V. RECEIVER VIDEO PROCESSOR 

In the block diagram of the Picture phone station set receiver (Fig. 
3), the receiver video processor circuit is enclosed by a dashed line. 

Fig. 14—Four-stage counter. 
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This hybrid integrated circuit (HIC) performs these functions in the 
receiver of the Picturephone station set: (i) balanced-to-unbalanced 
conversion (balun), (ii) video switching, (iii) AGC (voltage-controlled 
attenuation), and (iv) frequency shaping (bandwidth control and sig-
nal crispening). 
A photograph of this HIC is shown in Fig. 17. Two beam-leaded 

silicon integrated circuits, mounted on a ceramic board which includes 
tantalum thin-film capacitors and resistors on one substrate constitute 
the total circuit. The balun, video switch, and variable gain stage are 
integrated on one monolithic silicon chip. Eleven transistors and 11 
biasing resistors are incorporated in the second chip as part of the 
frequency shaping filter. The resistors and capacitors which control the 
frequency response are on the thin-film substrate. 
At the subscriber's premises the analog video signal is received on 

a balanced twisted pair transmission line.° Picturephone signals are 
transmitted in a balanced manner to increase immunity from inter-
ference signals. Conversion to an unbalanced signal is performed in 
the first stage of the video processor by a differential amplifier. 

Fig. 17—Video processor board. 
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The video switch allows the user to view either the outgoing or 
incoming picture. He selects the mode of operation with his control 
unit. 
Variable attenuation is provided in the last stage of the first SIC. 

An attenuation range of more than 12 dB is achieved by utilizing the 
logarithmic ratio of current to voltage in transistors. Total harmonic 
distortion is less than five percent over the attenuation range for a 
two-volt peak-to-peak input signal. The three functions have been 
designed into a 64 x 64 mil beam-leaded junction isolated silicon chip. 
It contains 24 transistors, 9 diodes and 54 resistors totaling 147 ko 
and dissipates 160 mW. 
An active roll-off filter is used to limit bandwidth and reduce trans-

mission noise. This consists of a six-pole Thomson filter which ap-
proximates the ideal linear phase characteristic of a gaussian filter.7 
The crispening circuit accentuates contrast transitions in the displayed 
picture, which give the effect of an extended bandwidth. Emitter-
followers and biasing resistors which isolate the filter stages are on the 
second SIC. The resistors and capacitors which control the response are 
of tantalum composition on a ceramic substrate. Final values for the 
tantalum-film resistors are determined by running a successive-
approximation computer program for each production circuit. In effect, 
each production filter is resynthesized before the chips are bonded 
down to insure that the particular silicon-tantalum combination is 
capable of meeting performance requirements. The resistors are then 
trimmed to the values determined by the computer and finally the sili-
con chips are bonded to the substrate and the completed assembly is 
measured. The frequency response characteristic of the filter is shown 
in Fig. 18. The maximum allowable error is -±0.5 dB over the fre-
quency range of 0.1 to 1.1 MHz. 
In addition to the transistors and biasing resistors for the filter, the 

second SIC contains metallization paths which interconnect some of 
the beams to provide crossovers for the external circuit. 

VI. VOLTAGE CONTROLLED OSCILLATOR 

A voltage controlled oscillator (VCO) which is synchronized with 
the incoming horizontal signal provides the drive for the receiver hori-
zontal sweep and high voltage supply. An automatic phase control 
CAPO) circuit is employed to reduce jitter and provide immunity from 
noise pulses. The circuit is in hybrid integrated form on a 0.6 square 
inch ceramic substrate containing tantalum resistors, 2 silicon chips 
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and a tantalum RC network fabricated on glass for adjusting the 
oscillator timing intervals. A photograph of this circuit is shown in 
Fig. 19. 
Figure 20 shows the VCO circuit diagram including the integrated 

and discrete components. Basically, the VCO consists of an oscillator 
under the control of an APC circuit. This oscillator is composed of 
one SIC and a tantalum thin-film resistor-capacitor network and 
functions as a temperature compensated astable multivibrator. A 42 x 

Fig. 19—Voltage controlled oscillator. 
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42 mil beam-leaded junction isolated chip containing 8 transistors, 5 
diodes, and 10 resistors totaling 39 ka constitute this SIC. Nominal 
power dissipation is 70 mW. 
A sawtooth type phase comparator is used in the APC circuit to 

derive a control voltage from the phase difference between the incom-
ing horizontal sync signal and the horizontal signal derived in the 
receiver oscillator. The control voltage developed in the phase lag filter 
is near ground potential and can be used directly to control the oscil-
lator but with the penalty of affecting the time constants of the oscil-
lator. By introducing the level shifter shown in Fig. 20, in which the 
resistive elements are in tantalum thin-film form, the effects of inter-
connecting the discrete and integrated circuits are buffered out. Es-
sentially unity gain for the control voltage and a dc shift of approxi-
mately +5 volts is achieved with the level shifter. A matched pair 
of transistors is used for the two active elements of the level shifter to 
take advantage of their matched VBE 's and temperature characteristics. 

In manufacture, the oscillator RC network and the resistors for the 
level shifter are trim anodized to value, except for RIG and R40 . These 
two elements are adjusted after the two silicon chips and the glass 
sandwich containing the tantalum components for the oscillator are 
mounted on the ceramic interconnection board which also contains 
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the resistors for the level shifter. R40 is trim anodized to provide a 
19.5-jas (±1 percent) timing interval and RIG is trim anodized to 
provide an 8050-Hz (±0.5 percent) repetition rate. Both inputs of the 
level shifter are terminated in separate 23.7-ka resistors to ground 
while these adjustments are made. In normal operation, the control 
voltage will experience very small deviations. The sensitivity of the 
oscillator is such that a change in control voltage of ±0.1 volt results 
in a change in frequency of approximately ±80 Hz. 

VII. OFF-HOOK AND RING DETECTOR 

This circuit, shown in Fig. 21, is bridged across the balanced tele-
phone line to detect an off-hook condition and to detect ringing. When-
ever a video call is received, the output from the ring detector is com-
bined logically with other signals to activate a ringing signal generator. 
The circuit is included in the service unit for station sets used with 
non-key telephones; for key telephones this function is performed in 
the common key equipment. Thin-film technology is used because the 
comparator circuit requires careful balancing to detect the trans-
verse signals and provide good common mode rejection. A well bal-
anced amplifier is achieved by trim anodizing tantalum nitride thin-
film resistors to -±.1 percent in combination with a matched pair of 
transistors. 

The resistor values required range from 200  to 121 ka a ratio of 
1 : 605. Design considerations for the low value resistors differ from 
those of the high value resistors. However, by appropriate selection of 
line widths and sheet resistivity, it is possible to fabricate all resistors 
from a single uniform tantalum nitride film. Because two 121-ka resis-
tors are required, a final sheet resistance of 100 a per square and 5 mil 
wide paths were chosen to keep the required surface area as small as 
possible. Thirty mil wide paths were chosen for the 200-e resistors to 
provide an effective area for anodization. Once the final sheet resistance 
had been chosen as 100 a per square, the initial sheet resistance re-
quired for the sputtered tantalum nitride material was calculated to be 
approximately 5012 per square. This allowed for a large enough anodizing 
voltage to provide the benefit of oxide protection and an adequate 
trimming range. Individual resistors for all 15 circuit modules on a sub-
strate are trim anodized to ±1 percent in the absence of the SICs. 
The 15 circuits are then separated, the integrated circuits are appliquéd, 
and the completed modules tested. Figure 22 shows a 0.8-square-inch 
completed circuit with lead frames attached. 
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VIII. OPERATIONAL AMPLIFIERS 

8.1 High Output Voltage Suring Operational Amplifiers 

Three operational amplifiers were designed to meet the frequency 
response and output voltage swing requirements for eight applications 
in the Picture phone station set. All three codes have a beam-leaded 
silicon chip of the same basic design bonded to a 16 lead dual-in-line 
ceramic substrate. Three different test specifications are utilized to 
reflect the various requirements for the eight applications. 
The basic circuit is designed with optional Darlington inputs and 

operates from ±8.0-volt power supplies. In one operational amplifier, 
the Darlington inputs are externally connected to provide high input 
impedance ( > 1 MR), low bias current, and low offset current ( < 20 nAdc) . 
These characteristics are needed for applications in both the camera 
horizontal and vertical sweep circuits. In addition, this operational 
amplifier provides a minimum output drive current of 10 mA into a 
600-R load for the vertical sweep circuit. 
Another version of the operational amplifier is used in the receiver 

video and sync amplifier circuits and in the camera video amplifier. In 
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Fig. 21—Off-hook and ring detector schematic. 
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Fig. 22—Off-hook and ring detector comparator. 
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order to achieve a stable, flat (to ±0.1 dB) frequency response beyond 
1 MHz with a 12-volt peak-to-peak output swing, the non-Darlington 
input connections are used. Additionally, both this and the previous 
version of this operational amplifier provide a low offset voltage 
(< 3 mVdc). 
The third version of this operational amplifier is used in the audio 

portion of the Picture phone station set. Two of these operational am-
plifiers are used in the audio preamplifier and one in the auxiliary 
amplifier for the speech circuit. The non-Darlington inputs are used to 
insure high open loop gain (typically 82 dB). Noise voltage with C-
message weighting is less than —114 dBV. 
All of these operational amplifiers are fabricated using junction isola-

tion and beam-lead, sealed junction technology on a 46 X 46 mil chip 

with 16 beam leads. Each chip has 14 npn transistors and 14 resistors 
totaling 64.2 kn. A picture of the chip is shown in Fig. 23. 

8.2 General Purpose Operational Amplifier 

This operational amplifier was designed for general Bell System use. 
As used in the Picturephone station set, it serves as a voltage compara-
tor in the transmitter automatic gain and iris control (AGIC) circuit. 
The amplifier is mounted in a dual-in-line package (DIP) and as a 
voltage comparator has a closed loop gain of 32 dB. Pertinent proper-
ties of this device which are required for application in the AGIC 
circuit are: 
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Input bias current 
Power supply voltages 
Common mode input voltage 
Output swing 

<2.2 µA, 
• ±12V, 
> 4.5 V, 
±10 V. 

To increase the positive output swing capability and insure full 
closure of the iris (when required), the output stage is bypassed. This 
is accomplished by tying several leads together via the metallization 
on the ceramic portion of the DIP. Bypassing the output stage also 
reduces the power dissipation on the chip from 290 mW to 240 mW. 

IX. BUILDING BLOCK SIC 

To meet the need for multiple matched transistors in the station set 
circuitry, a building block SIC was developed. This SIC con-

Fig. 23—High output voltage swing operational amplifier. 
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sists of six transistors connected in the following fashion: Two of the 
transistors are connected as a Darlington pair, two transistors are 
connected as a cascode pair and the elements of two transistors are 
brought out separately. This SIC is used in seven station set circuits: 

(z) camera pre-amp, 
(ii) transmitter sweep circuits, 
(iii) receiver video clamp, 
(iv) receiver sync clamp-AGC lock up protection, 
(v) receiver AGC comparator, 
(vb.) receiver AGC comparator—video clamp, and 
(vii) receiver vertical sync. 

Beam-lead sealed junction technology is used to fabricate this circuit 
which is supplied in a DIP. 

X. AUDIO PO WER AMPLIFIER 

An audio power amplifier SIC was designed for use as the station set 
speaker driver. This circuit consists of a differential input stage, 
level shifter, and power output stage capable of outputs in the I watt 
range. Internal feedback resistors are used to set the gain of the am-
plifier but this can be adjusted with an external resistor. The high 
swing output stage operates in class AB and utilizes matched high 
power interdigitated transistors capable of peak currents of 500 mA. 
Approximately 9 mA of quiescent current flows in the entire am-
plifier. 
Sealed junction technology is used to fabricate this SIC on a 64 

X 68 mil chip. Five large area high power interdigitated transistors, 
three medium power transistors, seven low power transistors, and 13 
resistors totaling 44.8 ka constitute the circuitry. A photograph of this 
chip is shown in Fig. 24. The chip is mounted in a 10-lead TO-55 type 
header with a molybdenum heat spreader. When mounted in the station 
set a heat sink is attached to aid in heat dissipation. 

XI. VOLTAGE REGULATOR 

A precision hybrid integrated voltage regulator was specifically 
designed for the Picturephone station set. Three of these integrated 
circuits are used in each station set; two on the receiver circuit board 
and one on the transmitter circuit board. Essentially all the linear 
and synchronization circuits on the receiver circuit board utilize the 
--L8 volts provided by its two integrated regulators. This includes the 
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following circuits: balun-video gate—AGO, roll-off filter and crispening 
circuit, video display amplifier and clamp, timing amplifier and clamp, 
vertical and horizontal synchronization circuits, AGO comparator, 
AGO sampling circuit, AGO lock-up protection circuit, sync separator 
and the sync gate. The regulator on the transmitter circuit board pro-
vides +8 volts to the gamma correction, pre-emphasis, sync insertion, 
vertical and horizontal sweep drive, and crystal oscillator circuits, and 
to the camera tube and display tube filaments. 
A schematic of the regulator SIC is shown in Fig. 25. Basically it 

consists of a reference diode (D4), an error amplifier (Q4-Q5), and an 
output stage (Q1-Q2). Currents of approximately 0.5 mA each are 
provided to terminals 2 and 10 from external circuitry. Since the out-
put current of this SIC is rated at 30 mA, an external medium 
power transistor is utilized with each one to achieve the desired higher 
output current needed in the Picturephone station set. By inserting the 
output device within the feedback loop of the error amplifier, the 
regulating properties of the SIC are maintained. 
To assure almost instant operation of the Picture phone station set 

Fig. 24—Audio power amplifier. 
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when a call is initiated or answered, the filament voltages of the 
camera and display tubes are maintained at 90 percent of their op-
erating voltages during standby periods. This is achieved by supply-
ing a positive control signal (during standby) to terminal 4 of the 
SIC used on the transmitter board. 
During manufacture, the output voltage is set to 8 volts ±-1 percent 

for simultaneous worst-case conditions of line, load, and temperature 
variations. The output impedance is less than 1.5 û, the ripple attenua-
tion is greater than 23 dB, and the output noise (10 Hz to 10 MHz) 
is less than 0.15 mV rms over the operating temperature range of 100 
— 65°C. 
The precise output voltage is achieved by matching a monolithic 

integrated circuit chip to a discrete reference diode. Both devices are 
eutectic bonded to a molybdenum platform in a 10 lead TO-55 pack-
age. The molybdenum platform insures temperature matching of the 
reference diode and the monolithic SIC. Both the reference diode 
and the SIC utilize standard nitride sealed junction and beam-lead 
technologies. 



342  THE BELL SYSTE M TECHNICAL JOURNAL, FEBRUARY  1971 

XII. QUAD "NAND" GATE 

The off-hook and ring detector used with non-key telephones was 
described earlier. Its outputs drive logic circuits which activate the 
proper equipment. To perform these logic functions, two flip-flops, 
one three-input "NAND" gate, one two-input "NAND" gate and two 
inverters are required. Using "NAND" type logic, these functions are 
obtained very efficiently with two identical SICs without any external 

components. 
The SICs used are one of a family of diode transistor logic (DTL) 

units developed for the 810A PBX to provide positive logic "NAND" 
functions. It is especially suitable for use in the Picturephone station 
set because of the following properties. 

(1) It has a high de noise margin because of its relatively high 
switching threshold of 1.8 volts. 

(ii) It operates at relatively slow speed with a propagation delay 
of 0.5 gs. This makes the unit less sensitive to high frequency 
noise pulses. 

This SIC is a 54 x 54 mil beam-leaded junction isolated chip 
mounted on a ceramic substrate (0.625 inches x 0.35 inches 
substrate with 16 external leads). When used to its full capability, it 
provides three two-input and one expandable three-input gate each 
having a maximum fan out of five. Figure 26 shows the logic diagram 
and basic gate schematics for this SIC. As used in the Picture-
phone station set with a 4.7-volt power supply, the unit dissipates 

110 mW. 
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Fig. 26—Quad "NAND" gate logic and schematic of gate. 
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XIII. DISCRETE DEVICES 

Most of the more than 200 discrete solid-state devices in the station 
set are general purpose Bell System units originally designed for 
other projects. In addition, several new discrete devices were required 
to meet special operating conditions in the Picturephone station set. 
These will be described in this section. 

13.1 Power Transistor 

In order to hold size variations to a minimum, the horizontal sweep 
circuit of the receiver requires about 1.0 ampere from a well regulated 
18-volt supply. An npn transistor with the following properties is 
required for the output stage of the regulator: 

With I. = 1A,  hFE  _>_• 50; 
and T, = 25°C,  VeE (SAT) <0.80 V, 

VcE (SUS) k 20V; 
Power Dissipation  5 watts. 

A power transistor was designed to meet these requirements. It 
consists of a planar silicon chip with 700 mils of emitter perimeter 
and 3,300 square mils of base-emitter junction area. The device is 
housed in a TO-32 package which has a junction to case thermal re-
sistance of 2°C per watt. This provides a power capability consid-
erably in excess of that required for this application. 
An epitaxial silicon layer was not used in the design of this device 

to avoid potential secondary breakdown problems. A value of re-
sistivity was chosen to allow the current gain and sustain voltage re-
quirements to both be satisfied. To improve reliability, an in-process 
power screen for two hours is performed to remove early failures 
caused by hot spots. Reliability tests on screened product indicate 
that failure rates of less than 10 FITS may be expected for this de-
vice as used in the Picture phone station set. 

13.2 Medium Power Silicon pnp Transistor 

Both the horizontal sweep circuit in the transmitter and the vertical 
sweep circuit in the receiver employ push-pull output circuits for 
driving their respective yokes. Each output stage requires a comple-
mentary pair of medium power devices. Existing Bell System transis-
tors were found to be satisfactory for the npn applications. A medium 
power device was designed for the pnp applications and utilizes a 
planar epitaxial structure with silicon nitride protection and beam-lead 
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metallurgy contacts. The transistor chip is mounted in a TO-38 pack-
age which has a junction to case thermal resistance of' 6.5°C per watt. 
Basically this transistor is an enlarged version of an existing low-power 
npn transistor designed to meet higher current and power dissipation 
requirements. 

13.3 High-Voltage Silicon Transistor 
The station set display tube is driven with the video signal applied 

to its grid. Two pnp transistors with their collectors tied together 
constitute the driver stage. One transistor provides the video signal 
under normal conditions and the second device, in the absence of an 
incoming signal, provides a gray raster signal to the receiver. For this 
application, the transistors must meet the following end-of-life re-
quirements: 

BVc.0 90 V at T = 0 to 65°C, 
hrE  k 20 at 0.1  I. :g 5 mA and VcE  10V, 
h,.  20 at I. of 0.1 raA and 6 mA at 1 MHz, 
JOBO < 100 nA at VcE  = 5 V, 
VcE (SAT) <0.5 V, 
Ceb < 3 pF at Vcg  = 5 V, 
Power dissipation—less than 180 mW peak power 

and 130 mW normal power. 

The device developed for these applications utilizes the basic struc-
ture of an existing low-power npn transistor. By making appropriate 
changes in the impurity profile, the high-voltage characteristics and 
low-current gain capability were achieved. A 6-mil-thick wafer with 10 
fl-cm resistivity was used for the starting material. This planar epi-
taxial silicon transistor uses beam-lead metallurgy contacts and silicon 
nitride protection. Initially, the devices were provided in TO-18 pack-
ages, but later units have been encapsulated in plastic similar to the 
TO-2 package. 

19.4 Field Effect Transistor 

An n-channel silicon planar epitaxial junction field effect transistor 
(JFET) is used as a shunt variolosser in the transmitter AGIO cir-
cuitry. The signal from the integrated voltage comparator is applied 
to both the iris and the gate of the JFET. Under high-light condi-
tions the signal from the comparator circuit decreases the bias 
on the iris control which in turn closes the iris. Simultaneously this 
signal maintains the JFET in its saturation region and provides mini-
mum gain in the video amplifier. As the scene luminance is decreased, 
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the iris opens to its widest position. For further reductions in scene 
luminance, the JFET comes out of its saturation region and serves as 
a higher shunt resistor for the amplifier input so as to provide up to 
6 dB of additional gain. 
This JFET is mechanically the same and electrically similar to a 

JFET developed for use in the N2 and N3 Carrier Systems. For this 
Picturephone application, the device meets tighter requirements on 
pinch off voltage, R5,  and saturation drain current. 
An additional JFET is used in the camera tube preamplifier circuit 

and satisfies the requirements of low noise, high-input impedance and 
low capacitance needed for this application. Except for specifications 
on Vos IBBB  and gm , these devices are also similar to units developed 
for the N2 and N3 Carrier Systems. 

XIV. PURCHASED DEVICES 

Several devices used in the receiver horizontal sweep circuit and 
high-voltage supply are not manufactured by Western Electric Com-
pany. These devices are purchased from various suppliers to meet 
Western Electric specifications. Although these devices are similar to 
units manufactured by these suppliers for the industrial market, the 
specifications reflect electrical parameters and reliability consistent 
with Bell System standards. These devices are discussed below. 

14.1 Sweep Transistor 

This device is a high-voltage germanium alloy pnp power transistor 
which is housed in a TO-3 package and has a junction to case thermal 
resistance of 1.5°C per watt. It is used for two applications in the 
receiver horizontal sweep circuit as shown in Fig. 27. In one applica-
tion (Q1), the device serves as a switch to reverse the sweep current in 
the horizontal yoke. When the transistor is turned off, the flyback pulse 
of 250 volts appears across the device and the primary winding of the 
high-voltage transformer which develops the ultor voltage. To insure 
against excess power dissipation in the transistor at the start of the 
flyback pulse, the transistor must turn off quickly. The current gain and 
saturation voltage limits were imposed by worst-case operating con-
ditions. 
Pertinent end-of-life requirements are given below: 

10E8  < —24 mA at VcE  = —310V, 
VcE (SAT) G —0.5V at Ic = —8A and IB =  
hFE  > 20 at Ic = —8A and VcE = 0.75V, 
top? < 0.75 iS for Ici = —8A, IBI = —0.4A, and IB2 = 0.5A. 
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Fig. 27—Receiver horizontal sweep and high-voltage supply. 
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In the second application (Q2), the device serves as a switch in the 
linearity correction circuit. A one-ampere current pulse is conducted 
by the device during the horizontal retrace interval. Requirements 
imposed by this application are readily met by the specifications 
listed above. 

14.2 Electron Tube Diode 
The flyback pulse that appears on the primary of the high-voltage 

transformer (Ti) shown in Fig. 27 is stepped up to 16 kV (open-
circuit) on the secondary winding. This pulse is then rectified to de-
velop the de ultor voltage for the display tube. Rectification is per-
formed by a miniature filamentary high-voltage electron tube diode 
(V1). Filament power for the tube is provided by a single winding on 
the secondary of the transformer. Since the tube has a directly heated 
cathode, the filament is maintained at the de cathode voltage. An elec-
tron tube rather than a solid-state device was chosen for this applica-
tion because of the faster switching time, lower cost, and adequate 
reliability provided by the tube. 

14.3 Corona Regulator 
The display tube picture has a requirement of ±1 percent on hori-

zontal size and aspect ratio. Since the raster size is inversely propor-
tional to the square root of the ultor voltage, this potential must 
possess a stability of -±-2 percent. This stability was achieved by em-
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ploying a gas filled high-voltage regulator (V2) as shown in the cir-
cuitry of Fig. 27. 
As shown in Fig. 28, the tube consists of a cylindrical metal shell 
(cathode) with a projecting ceramic insulator which is capped with 
a metal terminal (anode) designed for plug-in connection with a mat-
ing receptacle. The breakdown voltage of the device is controlled by 
the internal gas pressure. For voltages below breakdown, no current 
flows. If the voltage is slightly above the breakdown voltage, consid-
erable undesirable noise is generated as current starts to flow. Also, 
voltage spikes referred to as "pips" can occur. As used in the Picture-
phone station set, the tube must draw greater than 25 iLA to get be-
yond this noise region. A series resistor is employed to prevent the 
tube from reaching its glow discharge region (> 1000 ILA) due either 
to supply voltage transients or pips. 

In the station set, the tube is operated in the corona mode of dis-
charge with a current range of 25 itA to 200 1.4A. The higher current 
occurs for a dark displayed picture and the lower current occurs for a 
bright picture. For this range of current, the voltage variation is at 
most 250 volts. The breakdown voltage of the tube at 75 ¡LA is specified 
as 12.0 ± 0.3 kV. During manufacture of a station set, the regulator 
tube is installed and the horizontal size and aspect ratios are set within 
specifications by adjusting their respective controls. As the displayed 
picture brightness is varied the regulator tube maintains the size and 
aspect ratio within tolerance. 

XV. PASSIVE COMPONENTS 

Although solid-state technology has been utilized throughout the 

Fig. 28—Corona regulator. 
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station set design, a substantial number (over 650) of discrete passive 
elements are employed. 
Because of size and cost considerations, the use of inductors has been 

kept to a minimum. Resistors and capacitors are either coded Western 
Electric components or are obtained from other suppliers under Western 
Electric specification. Two types of resistors are of special interest. The 
first is a 3000 1111-2 high voltage ±5 percent metal oxide film resistor. 
By shunting it across the 12-kV ultor supply, it serves as a bleeder 
resistor to remove the charge from the ultor supply after the set is 
turned off. 
The second type is the tantalum resistors constituting over half 

of the discrete resistors used in the station set. Each consists of a 
tantalum nitride film of appropriate thickness and geometric pattern 
sputtered on the embossed face of an alkaline earth porcelain substrate. 
The substrate dimensions are 0.35 inches by 0.10 inches plus two ex-
ternal leads. These resistors are rated at watt at 70°C and  watt at 
40°C and are available with ±3 percent and ±1 percent tolerances. 
Because of their small size, low cost, and good stability ( < 1 percent 
change in resistance after 20 years), they provide an excellent means 
for obtaining accurate signal levels. 

XVI. CONCLUSIONS 

Development of the Picturephone station set has required the design 
of a considerable number of state of the art solid-state and electron-
tube devices to meet critical performance and cost objectives. Where 
available, satisfactory existing devices were used. Integrated circuits 
were used judiciously to take full advantage of their attributes. 

XVII. ACKNO WLEDGMENTS 

Developing components on schedule for the station set has been a 
demanding task which has required the closest type of cooperation 
between Systems Development and Device Development areas. The 
number of people involved in both areas has been large and we ac-
knowledge their dedication and cooperation in making the Picture-
phone station set possible. 
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The Picture phone® System: 

Transmission Plan 

By H. E. BROWN 

(Manuscript received October 1, 1970) 

An important step in preparing for a nationwide, switched,video telephone 
service is the formulation of a transmission plan for the video and audio 
portion of the network. The transmission plan described in this paper 
features digital transmission for the long-haul portion of the network and 
analog transmission for the local portion, close to the customer. The per-
formance of each of the components of the network, that is, station equip-
ment, local loops, trunks and switches, is discussed for the network as it is 
expected to be configured initially and as it might evolve through the 1970s. 

I. INTRODUCTION 

The signal standards and performance objectives for the overall 
system discussed in previous papers1.2 were arrived at through a series 
of subjective tests and system studies which indicated that the re-
sultant picture quality would be acceptable to the user. Given the 
end-to-end transmission objectives, the intent in formulating a trans-
mission plan for the network is to strike a balance between the cost 
and performance of each of the components: the station equipment, 
loops, local switching and trunking, and long-haul switching and trunk-
ing. Impairments are allocated to each of these components such that 
the overall cost of the service is minimized, taking into account that 
the loop connecting the station equipment to the local central office is 
normally dedicated to a single customer, whereas the switching equip-
ment and trunks are shared by hundreds or perhaps thousands of cus-
tomers. 

II. NETWORK CONFIGURATION 

An orderly description of the transmission plan starts with the 
switching hierarchy,1,3  which will closely resemble that of the tele-
phone network. The ultimate number of switching levels in the hier-

351 
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archy will depend on the relative cost of switching and transmission 
equipment and the number of subscribers connected to the network. As 
the network grows and the traffic between various switching nodes 
increases, high usage or direct trunks will be used. In what follows, the 
hierarchy is described as it is expected to develop in the mid-to-late 
seventies. Differences between it and the network in the initial years of 
service are noted where appropriate. 
A call may be viewed as encountering three major pieces of the 

network: the digital portion and two local analog areas, one at each 
end of a connection (Fig. 1) . For the initial years, the digital portion 
will consist strictly of transmission facilities, i.e., switching of the 
video or audio signal in digital form (bitstream switching) is not 
envisioned. Decoding and recoding to switch the video signal in analog 
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form is not permitted since the noise that would result from multiple 
encodings and decodings of the signal would exceed the noise alloca-
tion discussed in Section 3.3. Because the noise introduced by multiple 
encodings and decodings exceeds the amount allocated, a network plan 
has been formulated which uses bitstream switches rather than analog 
switches for the long-haul portion of the network. The plan requires 
that the video signal, once it has been encoded, be transmitted and 
switched in digital form until it reaches a point where it can be de-
coded and delivered to its final destination point over analog facilities. 
Initially, the audio channel, which contains the voice, signaling and 
supervision information, will be transmitted as a separate signal over 
any one of a number of facilities already capable of transmitting these 
signals. In the mid-1970s, with the advent of bit,stream switches, the 
audio channel is expected to be encoded and multiplexed with the 
encoded video signal to produce a composite digital signal. 
Digital transmission over analog and digital facilities is attractive 

for long-haul transmission of the video and audio signals for several 
reasons :4 (i) Virtually all of the impairment in the transmission link 
occurs in the terminal equipment as the signal is converted from analog 
to digital and from digital to analog.' Very little impairment is intro-
duced in the transmission path; hence, the performance of the digital 
portion of the network is essentially independent of distance. (ii) 
Digital facilities now being developed are expected to compete econom-
ically with analog facilities for voice service and be significantly 
cheaper for Picture phone service since the video signal requires the 
equivalent capacity of fewer voice channels on the digital facilities.4 
(iii) Although a bit rate of 6.312 Mb/s will be used initially for 
transmitting the video information in digital form, the potential exists 
to reduce the bit rate by a factor of from two to four. A reduction 
of this magnitude appears possible through the use of redundancy-
removal techniques during encoding which take advantage of the simi-
larity between successive lines or frames of video information.6,7  
The interface between the analog and digital portions of the network 

is through an A/D converter called a codec (for coder-decoder) .5 
The initial service codee samples the incoming analog video signal at 
the Nyquist rate of about two mega-samples/s and encodes the ampli-
tudes of the differences between successive samples into three-bit 
binary codes. The resultant bit rate, including miscellaneous bits for 
framing and maintenance, is 6.312 Mb/s. This rate is the same as that 
of the T2 digital repeatered line.4.8 
The T2 line, which utilizes wire pairs equipped with regenerative 
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repeaters, is a digital facility designed for distances up to several 
hundred miles. Its major application in the Picturephone network 
will be as feeders between the bitstream switches planned to be intro-
duced in future years and the long-haul facilities, and as short-haul 
trunks where the distance exceeds that permitted for analog transmis-
sion. 
In the initial years, two systems will be available for transmitting 

the digitalized Picturephone signal over long-haul facilities. The first 
utilizes the TD-2 microwave radio relay system.9 Terminal equipment, 
designated M2R, multiplexes three 6.312-Mb/s coded Picturephone 
signals into a 20.2-Mb/s bitstream. Each 20.2-Mb/s bitstream is trans-
mitted over a single radio channel. There is one channel for each 
direction of transmission. The second system will make use of the L-4 
coaxial cable carrier system.1° In this system, L Mastergroup Digital 
(LMD) terminal equipment multiplexes two 6.312-Mb/s coded Pic-
turephone signals into a 13.29-Mb/s bitstream suitable for transmis-
sion over any one of the six mastergroups on a L-4 coaxial unit in a 
cable. Thus, one pair of comdals will be capable of transmitting 12 
two-way Picturephone signals. In both systems, digital regeneration 
will be required—about every 400 miles along the route for the TD-2 
system and about every 300 miles for the L-4 system. 
The local analog area (LAA) is defined as that portion of the net-

work which is wholly interconnectable by analog facilities (Fig. 1). 
It comprises the customer's station set, loop, end office, toll center,*11 
short-haul trunks and codee. Figure 1 illustrates two ways in which 
the codee may be used. In the LAA on the left of Fig. 1, the codeo 
is between the toll center and the next higher level in the hierarchy. 
In the two LAAs on the right of Fig. 1, the codee is between the end 
office and the toll center, in which case the toll center would utilize 
a bitstream switch. Other alternatives are possible; for example, the 
codee could be part of a digital high-usage trunk group to an office 
in a distant LAA. Figure 2 shows illustrative local area configurations. 
In the early years of service, to keep the cost of the local area 

equipment low, maximum use of existing plant will be made. This 
avoids the placement of expensive new cable plant for the exclusive 
use of Picturephone service. Further, the use of existing plant avoids 
the long lead time required to order and install new cable plant and 
gives the telephone companies the ability to respond rapidly to new 
service requests. For the loop and most short-haul trunks, this implies 
baseband video transmission on paired cable, the same type cable that 

*In future years, the toll center could be a bitstream switch and would be 
considered part of the digital portion of the network. 
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Fig. 2—Illustrative local area configurations. 

is used for providing telephone service, with equalizers placed at 
regular intervals along the cable.12 
Initially, the equalizers designed for the loops will also be used for 

local trunks. These equalizers can be used on underground cable of 
any gauge from 16 to 26 gauge. Aerial cable is not permitted with 
this design for two reasons. First, diurnal changes in the temperature 
of aerial cable result in excessive gain and phase deviations from 
flat gain and linear phase versus frequency. Second, the signal level 
on the cable is not high enough to override interference from broadcast 
radio stations. 
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The use of the loop equalizer for trunks in the initial years has 
several advantages. Among them is the ability of the equalizer to 
handle many gauges which gives the engineer planning the local analog 
area the ability to pick from the available cabltç\the one that best 
fits his needs. This is of prime importance in the initial years when, 
on underground cable, the lack of temperature equalization will limit 
trunk lengths to only a few miles on 22-gauge cable,12 the prevalent 
gauge in the trunk network. The ability to use 16-gauge cable on the 
other hand, permits trunk lengths several times those possible with 
22 gauge. Another advantage is that engineering, installation, and 
maintenance personnel encounter only one basic design of cable equal-
izer. This equipment permits development of a modestly sized serving 
area of about six miles in diameter.* 
Extensive expansion of the service is planned and is expected to be 

made possible by the availability of a second generation of loop and 
trunk equalizers for local area transmission. These equalizers will 
take advantage of automatic temperature compensation and increased 
dynamic range, enabling analog transmission on aerial and under-
ground cable over an area up to about 46 miles in diameter.t 
This second generation of equalizers for loops will employ different 

designs than those for trunks for several reasons. One is that the al-
location of impairments to the loop is such that short loops will not 
require automatic temperature compensation. This avoids the costs 
involved in providing and maintaining the more complex equipment 
associated with automatic temperature compensation. Another is that 
the cost of the trunks is shared among many users; hence, more 
sophisticated circuitry, capable of a higher level of performance, is 
justified. Second generation trunks will employ equalizers spaced at 
intervals up to 6 kft, with automatic temperature compensation in 
every equalizer, regardless of the length of the trunk. 

III. ALLOCATION OF VIDEO IMPAIRMENTS 

The previous sections briefly outlined the switching hierarchy for 
the Picture phone network and the role of the transmission facilities 
that will be used to interconnect the switching machines. Planning 
a network and allocating impairments to its individual components 
require that the network be reviewed as it might ultimately be con-
figured. Thus, a description of a mature network has been included 

* One mile for each loop and four miles of analog trunking. 
t Three miles for each loop and up to about 40 miles of analog trunking. 
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in Section II. In the early years, the network will have fewer switch-
ing levels, not all the serving areas will be interconnected, loops and 
trunks will be short and the customers, for the most part, will be 
concentrated with fairly low density in the downtown areas of major 
cities. Initially, only analog switching machines will be available. The 
allocation of impairments discussed in the sections to follow is con-
sistent with the network as it is expected to develop initially and as 
it is expected to be ultimately configured. It recognizes that future 
generations of equipment will have expanded capability for trans-
mitting Picture phone signals at baseband on paired cable. Also, it 
recognizes that coding of Picturephone signals at bit rates less than 
6.312 Mb/s is probable in the future and should have considerable 
impact on the cost of long-haul transmission. 
The allocation of impairments, as given here, represents a snapshot 

in time of the best balance between the cost and performance of each 
of the components of the network. These allocations are continually 
being reviewed as experience is gained and advances are made in 
technology. 
The end-to-end transmission objectives for the video portion of 

the Picture phone network are discussed in a companion article.2 These 
objectives were allocated to the components of the network in such 
a way as to insure that they will seldom be exceeded (no more than one 
percent of the connections) even on the longest connection. This is 
accomplished by first establishing the configuration of the longest con-
nection and then apportioning the end-to-end objective to each 
component. 
The impairments of interest may be divided into two categories: 

those associated with the digital portion of the network and those 
associated with the analog portion of the network (Fig. 1). 
The digital portion of the network will be considered first. The 

maximum length connection in this portion is assumed to consist of 
4500 miles of digital transmission facilities and ten passes through 
bitstream switches. This permits eight bitstream switches in tandem, 
with two passes through two of them for operator-handled calls. Thus, 
the network is configured in a hierarchical manner with a readiness to 
offer intercity service when and where required to meet the demand. 
Digital transmission can affect the quality of the video signal by 

introducing errors and timing jitter. Errors are introduced at regenera-
tion points along the transmission path where noise, interference from 
pulses in adjacent time slots, and deviations in the pulse positions 
combine to cause the regenerators to falsely reproduce the informa-



358  THE BELL SYSTEM TECHNICAL JOURNAL, FEBRUARY 1971 

tion in particular pulse slots. Timing jitter occurs when the time 
between adjacent pulse positions is altered due to imperfect timing 
recovery in the regenerators.13 
The plan for the digital portion of the network assumes the availa-

bility of digital channels between all of the major cities in the mid 
and late 1970s. These digital channels are being designed to transmit a 
number of different signals in addition to Picturephone signals: for 
example, voice, data and television. Since Picturephone signals are not 
controlling in the establishment of objectives for these digital channels, 
room is left to allocate some of the overall impairment allowed for 
Picturephone service to the bitstream switches. The error rate alloca-
tion for the digital portion of the Picturephone network is shown in 
Table I. The error rate is allocated to two classes of transmission 
facilities, short- and long-haul, and to the bitstream switching ma-
chines. In a companion paper,2 it is given that an error rate of 10-° 

TABLE I—ERROR RATE ALLOCATION FOR THE DIGITAL PORTION OF THE 
NETWORK 

Transmission Facilities 

Contributor Distance (Miles) Error Rate Percent* 

Long-haul facilities 4000 2.6 X 10-7 95 
Short-haul facilities 500 0.4 X 10-7 95 

Switching Machines7.7 

Error Rate % of Connections 

3 X 10-° 
3 X 10-7 

95 
99.95 

* The distribution of error rate for a set of transmission facilities is to be considered 
in two dimensions: percent of time during which a given facility exceeds the stated 
error rate, and percent of all facilities which exceed, on a long-term average basis, 
the stated error rate. The former is a function of the likelihood of coincidence of 
additive, generally time-variant, impairments. The latter is a function of design 
variations, not generally time variant. In general, short-haul facilities are more 
subject to design variations; hence, the allocation can be interpreted as percent-of-
facilities. Long-haul facilities are more likely to experience time related effects; 
therefore, the allocation can be interpreted as percent-of-time. 
7 Each machine. 
7 Error rate on a long-term average for a given connection. The major variation 

in the error-rate performance of the switch is expected to be caused by differences 
in path length through the switch and the susceptibility of a particular path to 
crosstalk interference. 
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appears to introduce negligible impairment on a Picturephone con-
nection. The allocations of Table I are considered adequate to assure 
that virtually 100 percent of calls of reasonable duration will never 
experience an error rate greater than 10-6. Further review of the rela-
tion between Picture phone error-rate requirements and digital trans-
mission and switching error-rate objectives is expected as experience 
with digital Picture phone connections is gained. The actual error-rate 
performance of a connection will depend on the number of bitstream 
switches and the mix and length of long-haul and short-haul facilities. 
A requirement for jitter has not been established at this time. Cir-

cuits for removing a nominal amount of jitter are being built into the 
long-haul systems and the resulting jitter control is expected to be 
more than adequate. Should field experience indicate the need for 
additional de-jitterizing, it will be possible to add the additional cir-
cuitry to these systems without affecting the basic design. 
The connection on which the allocation for the analog portion of 

the network is based (maximum connection) is shown in Fig. 3. The 
maximum analog connection at each end of a Picture phone connection 
consists of the codec, two analog switching machines, three trunk 
spans, a loop and a station set. In the maximum connection, the loop 
consists of a wideband remote switch (WBRS), customer switching 
equipment and interconnecting transmission facilities. The WBRS con-
centrates the video facilities, reducing the number of video transmis-
sion links between it and the Picture phone end office. Where a number 
of customers are served from a telephone end office that is not a Pic-
ture phone end office, it is generally economical to place a WBRS in 
the telephone end office. Where a sufficient number of stations are 
physically close to each other, it is economical to place the WBRS 
closer to the stations. 
The allocation is on the basis of an equal amount for each half of 

the connection. Six passes through analog switching offices are assumed 
in the maximum length connection; this includes the four indicated in 
Fig. 3 and two more to account for operator calls, which require two 
passes through a switching office. The second generation trunk facili-
ties are being designed to allow up to three 36-kft spans at each end 
of a connection. The rules for engineering the trunking network permit 
the three spans to be used in a variety of ways as shown in Fig. 2. 
The allocation of the analog impairments is summarized in Table 

II and Fig. 4 and discussed below. The discussion focuses on the 
components of the network which have a major impact on the al-
location. 
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A further sub-allocation of transmission impairments to the compo-
nents of the loop is given in Table III. Figure 3 shows five different 
loop-serving configurations. As in the case of the analog network, the 
connection with the maximum number of components is used to 
sub-allocate the impairments. The controlling configuration is the 
station behind a key telephone system (KTS),14 behind a private 
branch exchange (PBX) 15, " or a VVBRS. 

LOCAL 
TRUNKING 
NETWORK 

LOOP 

—STATION 
SET 

PBX, 

TRUNKS 

KTS  KTS 

DIGITAL PORTION 
THE NETWORK 

WIDEBAND REMOTE 
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( W BRS 
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Fig. 3—Local analog area. 

. Z.st 
SAME AS 

LEFT SIDE OF 
HIERARCHY 

TOLL CENTER 
(CLASS 4) 

PICTUREPHONE  
END OFFICE 
(CLASS 5) 

TELEPHONE 
END OFFICE 

111  CODEC 

Echo rating,2,17 .18 random noise, crosstalk and flat gain have been 
allocated on a statistical basis. A mean and standard deviation for the 
performance of each of the components of the analog network is speci-
fied, and the performance of the maximum connection is estimated by 
summing* the distributions for each of the components. The alloca-
tion is on the basis that 99 percent of the maximum connections should 
meet the objectives specified in Ref. 2. The 95 percent point on the 

*Power summation of log normal distributions for echo rating, random noise 
and crosstalk except that, in the initial years, echo rating is allocated on a 
voltage basis (see Section 3.2). 
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Fig. 4—Single frequency interference objective. 

performance distribution for each of the components has significance 
in that it is the point used during the design stage to specify the 
minimum level of performance which should be achieved in essentially 
all situations. 

3.1 Video Transmission Level Plan 
The objectives for random noise, self crosstalk, worst-disturber 

crosstalk, impulse noise, power hum and single frequency interference 

o 
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Fig. 5—Noise weighting curve (including de-emphasis, roll-off and eye weighting). 
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are referenced to a point in the system designated as the Zero Picture-
phone Transmission Level Point (0 PTLP). This reference point, 
O PTLP, is defined as the output of the central office loop equalizer in 
the direction of transmission from the station set to the central, office. 
In the initial years of service (when first generation equalizers will be 
used), 0 PTLP will also appear at other points in the system, as indi-
cated in Fig. 6. The level .plan for the latter years of service (second 
generation equalizers) has not been established. Consideration is being 
given to increasing the transmission level of certain of the equalizers 
in the loop and trunk to gain immunity from interference from carrier 
systems and broadcast radio stations. The level plan for the latter 
years of service is expected to retain 0 PTLP at the output of the equal-
izers facing the PBX and central office switches. 
The nominal signal characteristics at the 0 PTLP are covered in 

more detail in Ref. 19. 
To decrease the susceptibility of the video signal to interference 

during transmission over the Picturephone network, the video signal is 
pre-emphasized before it enters the network and de-emphasized after 
passing through the network. Since the end-to-end objectives in Ref. 
2 are referred to the input to a reference station set receiver which 
does not contain a de-emphasis filter, the objectives2 must be adjusted 
before they can be allocated. Appendix A contains a discussion of the 
pre-emphasis plan, how it is implemented, the advantages of this 
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Fig. 6—Transmission level plan (initial service). 
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form of signal shaping and the technique for adjusting the objectives 
in Ref. 2 to account for de-emphasis. 

3.2 Echo Rating 
Echo rating (ER) is a technique for evaluating the effects of gain 

and phase deviations, from nominal, of a video communications chan-
nel. It is applicable to the portion of the frequency spectrum from 
about 20 kHz to 1000 kHz. Gain and phase deviations below the line 
frequency are governed by the objective for tilt which is covered later 
in this paper. There is no requirement at present for line time distor-
tion (around the 8-kHz region). 
Echo rating plays a very important role in the establishment of the 

transmission plan for the local analog area where the video signal, 
in analog form, is susceptible to gain and phase deviations introduced 
during transmission. The following are illustrations of the extent to 
which ER controls the gain and phase characteristic of a video channel. 
The first example, Fig. 7, illustrates, as a function of cable length, 

the echo rating of a number of types of cable normally found in the 
local analog area. In this figure, it is assumed that neither the trans-
mission loss nor the phase of the cable is equalized. To illustrate the 
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use of the figure, assume the unequalized cable is allocated the entire 
end-to-end echo-rating objective of —26 dB; then, a cross-country 
connection could have no more than about 1200 feet of unequalized 
cable in the analog portion of the connection. This includes, for 
example, cable on the customer's premises and path-length variation 
through analog switching offices. 
In the next example, Fig. 8, it is assumed that a length of cable is 

perfectly equalized at some nominal value of cable temperature but that 
the cable temperature is allowed to vary from nominal without an appro-
priate change in equalizer characteristic from that at nominal tempera-
ture. For example, assume 18 kft of 26-gauge cable pairs subjected to 
a temperature variation of ±25°F from nominal. This results in an 
equalized length times unequalized temperature change of 18 X 25 or 
450 kft F°. Entering the abscissa of Fig. 8 at 450 gives an echo rating 
of —26 dB for 26-gauge cable pairs. 
The next three examples illustrate the effect of one or more bridge 

taps* on echo rating. The assumption is made that the cable is per-
fectly equalized without bridge taps. The bridge tap is then added, 
causing distortion in the gain and phase characteristics of the cable. 
The cable is assumed to be 26 gauge. Figure 9a shows the echo rating 
of a single bridge tap as a function of its length. Note that the echo 
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Fig. 8—Effect of change in cable temperature on echo rating. 

*A bridge tap, as used here, is a wire pair (bridged pair) one end of which 
is connected across the transmission pair. The distant end of the bridged pair is 
considered to be unterminated. 
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rating of a single bridge tap decreases 8 dB with each doubling of its 
length until the bridge tap is about 100 feet long. The reason for this 
is that bridge taps under 100 feet in length produce a similar loss 
characteristic that smoothly increases with frequency and results in a 
single close-in echo in the picture, appearing to the viewer as a loss of 
resolution. Bridge taps longer than 100 feet produce a ripple in the 
video band which may be represented as a multiplicity of echoes in 
the video picture, each echo having a different time delay from the 
main signal and, hence, producing a different subjective effect.2 
Figure 9b shows the echo rating of a set of bridge taps of equal 

length connected in parallel at the same point in the equalized cable. 
Although the number of bridge taps in the set is an integer, the points 
representing the echo rating have been connected to simplify the figure. 
For multiple bridge taps, each less than 100 feet, the echo rating of the 
set of multiple taps decreases about 8 dB for each doubling of the num-
ber of bridge taps in the set. 
Figure 9e illustrates yet another point regarding bridge taps. This 

figure is derived from Figs. 9a and 9b and illustrates the echo rating 
of a set of parallel bridge taps as a function of their cumulative 
length. Note that, as long as each bridge tap in the set is less than 
about 100 feet in length, the echo rating of the set is essentially de-
pendent only on the total cumulative length of the bridge taps in 
the set. 
These examples illustrate how lengths of cable, temperature varia-

tions and bridge taps, which are of little importance in the telephone 
network, are significant in the design of the Picturephone network. 
Two echo-rating allocations are given for the loop and trunk spans 

in Table II. The numbers in parentheses apply to the initial service 
period when static equalizers without automatic temperature com-
pensation are available. Note that they are significantly more stringent 
than those which apply to the period beyond initial service. The reason 
is that the echo-rating performance of the initial service loops and 
trunk spans will be controlled primarily by phase distortion and by 
the effects of temperature variation, both of which accumulate linearly 
with distance. Since the seasons of the year and, hence, the extremes 
of the temperature range occur roughly simultaneously in all parts 
of the country, the impairments introduced into the various network 
components by changes in temperature will tend to add in phase. 
Thus, for the initial few years, the impairments in the loops and 
trunks have been assumed to add together on a voltage basis, resulting 
in an echo-rating allocation of —27 dB. This is then added to the rest 
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of the network (-33 dB) on a power basis to meet an end-to-end 
performance objective of —26 dB. For service after the initial period, 
all components are assumed to add on a power basis. 
The loop is given the major portion of the allocation since its cost is 

quite sensitive to the echo-rating allocation and not shared by many 
customers. 
The allocation to the switching office results in a controlled floor 

plan to minimize the distance between equipment bays and, hence, 
minimize transmission loss variability.20 
The allocation to the trunk span is considerably less than that given 

to the loop since the cost of the trunk span is shared among many 
customers. 
The remaining allocations are essentially determined by practical 

limitations in equipment design and are not affected significantly by 
system-design tradeoffs. The allocation to the station set reflects the 
challenges associated with installing and maintaining equipment on 
the customer's premises. The allocation to the codee is intended as a 
control on the accuracy of its input and output filters. The WBRS 
has a more stringent allocation than the central office switch because 
it has fewer switching stages and is smaller in size, subjecting the 
video signal to less path loss variation. 
An allocation plan, such as is outlined above, which fixes the per-

formance of each of the components of the network, has many ad-
vantages in that it results in fixed maintenance limits, uniform engi-
neering procedures and a minimum of record keeping for the operating 
companies. For the initial years, however, it is recognized that a more 
flexible allocation plan, which permits tradeoffs of the allocation 
between loops and trunks where appropriate, will permit a larger local 
serving area. For example, in serving areas where no analog trunking 
exists, it is permissible for the loops to assume the allocation for half 
of the end-to-end connection. In the early years, this permits a 50-
percent increase in loop lengths. As the network grows and the chal-
lenges of administering and maintaining the network increase, the 
need for such flexibility must be carefully studied and balanced 
against the administrative and maintenance complications. 
Since echo rating is a major factor in local area planning and, hence, 

a strong factor in the determination of the cost of local service, the 
end-to-end objective and the allocations are under constant review. 

3.3 Random Noise 
The random-noise objective is split into two parts: one for the 

codee and the other for the remaining components of the network. The 
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codee allocation is based on the experimental performance of the codee 
described in a companion paper.5 The allocation to the remaining 
portion of the network is such that it adds only a nominal amount 
to the codec noise. 
The transmitting portion of the station set automatically corrects 

for a wide range of lighting levels.19 For brightly lighted subjects, the 
aperture of the iris is reduced to prevent excessive light from hitting 
the target. For dimly lighted subjects, the iris is opened to its extreme 
position, and the gain at the camera output is increased to maintain 
the proper signal level at the station set output. Noise generated at 
the camera target and in the preamplifier at the output of the target 
is enhanced by the additional gain that is inserted at low light levels. 
The allocation given to the station set is one which is met for normal 
room lighting and is exceeded for very low light levels. However, the 
effect of low light levels on overall noise is minimal, since the noise 
performance of the network is dominated by the codee. 
Noise in baseband loops and trunks is primarily introduced through 

crosstalk from other transmission systems in the same cable.21 These 
systems may be carrying voice, data or Picturephone signals. A major 
source of noise in the trunks is expected to be interference from Ti 
lines, which are used extensively in metropolitan areas where Picture-
phone baseband equalizers will find their major application. Since 
both Ti and the baseband equalizer system for Picturephone trunks 
will vie for newly placed cable plant, the noise allocation to the trunk 
span must be great enough to permit compatibility of the two systems 
in the same cable. 

3.4 Self-Crosstalk 
Self-crosstalk is the interference due to the coupling between the two 

directions of transmission of a connection. The major portion of the 
allocation is given to the station set and to the baseband loops and trunk 
spans. The low signal levels present in the station set at the camera 
output make it extremely difficult and expensive to insure a high 
self-crosstalk loss. Even with the allocation shown, extensive shield-
ing and very careful design are required. The apportionment between 
loops and trunk spans reflects the fact that it is more difficult to 
achieve separation between the two directions of transmission in the 
loop, where the number of pairs in loop cables is often less than that 
in trunk cables and the pairs are frequently reassigned to provide 
service to new customers. In the loop, particularly in the portion on the 
customer's premises, care must be taken in the selection of cables, 
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since the two directions of transmission will generally be in the same 
small cable where physical separation is impractical. 
The suballocation within the loop (Table III) illustrates this by 

giving a significant portion of the allocation to the transmission facili-
ties. The remaining allocations reflect the expected performance of the 
switching equipment. The self-crosstalk objective is being reviewed; 
hence, the listed allocations are subject to change. 

3.6 Worst-Disturber Crosstalk 

Intersystem crosstalk is, in general, controlled by the noise require-
ment discussed in Section 3.3. On the other hand, interference from one 
Picture phone signal to another is controlled by worst-disturber cross-
talk. Worst-disturber crosstalk occurs when one particular interferer 
dominates over all others and appears as a distinctive pattern on a 
display tube. Therefore, a more stringent objective than that set in 
Section 3.3 is required. This objective is not allocated since the prob-
ability is very low that the same interferer will dominate in more than 
one component of the network. 

8.6 Impulse Noise 

The impulse-noise allocation given here is based on experience 
gained through a number of trials of Picturephone service. It is ex-
pected that the various components of the network will not experience 
difficulty meeting these objectives. 

3.7 Flat Gain Variation 

The station-set receiver is designed to accept a signal from the network 
provided that the signal level is not greater than 5 dB above or 7dB be-
low the nominal design signal level. An automatic gain control circuit in 
the station set receiver' corrects the signal level to meet the end-to-end 
objectives of ±0.5 dB from camera to display. The major source of gain 
variation is in the loop, where temperature variations are expected to be 
controlling. On underground cable, maximum deviations of gain due to 
changes in temperature tend to occur simultaneously with the highest 
temperature occurring in the summer and the lowest in the winter. To 
control the gain performance at the extremes of the seasonal swings, 
the mean of the loop allocation has been specified at two points, mid-
summer and mid-winter. The specification of the objective in this 
manner may turn out to be unduly severe for aerial cable, since the 
diurnal variations are more random and the regulating system in later 
designs will tend to further randomize the effects of temperature. 
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3.8 Low-Frequency Roll-Off (Tilt) 
The tilt objective makes uneconomical the use of transformers in 

the network. Without transformers, powering of the intermediate 
equalizers in the loop and trunk systems becomes a major challenge to 
permit powering over the cable pair and at the same time provide an 
acceptable termination to the cable pair to maintain good tilt and 
echo rating performance. Consequently, these systems are given a large 
portion of the allocation. The loop receives the largest portion of the 
allocation because of its greater impact on system cost. 

3.9 Single Frequency Interference 
The end-to-end objective is given in Fig. 4. This objective is not 

allocated to the components of the network, since it is unlikely that ex-
actly the same tone will appear in more than one component of the net-
work (except for power hum; see Section 3.10). Multiple single fre-
quency tones tend to appear as noise and are controlled by the random 
noise objective given in Section 3.3. The single frequency interference 
objective has its greatest impact in the loop, where aerial cables are 
particularly susceptible to interference from broadcast radio stations. 
Trunk spans can be exposed to single frequency interference from 

voice band signaling tones and carrier pilots, but the crosstalk loss 
between cable pairs at these frequencies is expected to give sufficient 
protection. 

3.10 Power Hum 
The overall requirement at each frequency is obtained from Fig. 4 

and is then allocated to each portion of the network. Power hum is 
allocated, since it is quite likely that this interference will be ex-
perienced in various places throughout the network. The major source 
of power hum is anticipated in the loops, where aerial cables are quite 
susceptible to power line pickup. Analog trunks are also susceptible, 
but to a lesser degree, since the cables will generally be in underground 
conduit. Experience in trials of Picture phone service indicates that 
power hum will not be a major problem. 

IV. AUDIO TRANSMISSION PLAN 

4.1 General Features 
4.1.1 Introduction 
In the initial years of Picturephone service, the audio channel, 

which is used for transmitting voice, signaling and supervision infor-
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mation, will utilize the same facilities as those presently used in the 
DDD network. Beginning with the introduction of bitstream switch-
ing in the mid-1970s, the information in the audio channel is expected 
to be encoded at the point in the hierarchy where the video signal 
is encoded. The encoded audio signal would then be multiplexed with 
the digitalized video signal to form a composite 6.312-Mb/s bitstream 
which would be transmitted and switched in digital form in the digital 
portion of the network. 
The telephone loop facility presently used to connect to the nation-

wide DDD network will also be used as the audio channel for 
Picturephone calls. The loop transmission plan is identical to that 
used for providing telephone service. 
The audio channel associated with Picturephone trunks between 

local offices (direct trunks) is used only for Picturephone calls but is 
being designed according to the same transmission plan as that used 
for direct DDD trunks. 
Trunks between Picturephone end offices and toll offices (toll-

connecting trunks) and between toll offices (intertoll trunks) will be 
dedicated to Picturephone use and will follow a transmission plan 
specifically designed for Picturephone service. The switching and 
transmission of audio signals in digital format on a built-up connection 
necessitates that all transmission loss be inserted in the analog por-
tion of the network. This plan represents a significant departure from 
the via net loss (VNL) plan used in the DDD network, wherein every 
trunk is assigned a specific loss according to its physical length. Thus, 
in the toll portion of the Picturephone network, the loss is essentially 
independent of distance and number of trunks in the connection. This 
approach is compatible with bitstream switching, is simple and hence 
easier to administer and maintain, is lower in cost, and has better 
performance than a plan based on VNL design which would require 
decoding and encoding of the audio signal at every toll-switching 
point. 
This section is devoted to a discussion of the transmission plan for 

this, the toll portion of the audio part of the Picturephone network. 

4.1.2 Objectives and Assumptions 
The primary objective for the quality of audio transmission on 

Picturephone calls is to provide a level of performance equal to or 
better than that of the DDD telephone network. To see how this is 
accomplished, it is first necessary to explore some of the basic features 
of the transmission plan and how they affect audio quality. The 
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transmission plan assumes digital transmission and bitstream switch-
ing of the audio signal at Class 3 and higher switching centers, and 
at Class 4 offices when economically attractive. The plan also assumes 
that Picturephone service is primarily a handsfree service, i.e., 
speakerphones will be used on most Picturephone calls; but at the 
same time, the plan recognizes that acceptable performance must be 
provided when a handset is used. 
The transmission of the audio information in digital form over 

the same facility as is used for the video information avoids the 
cost associated with a separate audio facility and, because digital 
transmission is used, results in essentially noise-free transmission, 
independent of distance. Further, the administration of the composite 
video-audio trunk is simplified. 
Switching the voice information in digital form avoids degrading 

effects from reflections which result from impedance irregularities. 
The common control equipment in local telephone switching machines, 
such as No. 5 crossbar, which employ two-wire switching of the voice 
information on DDD calls, is used to control the operation of the 
four-wire video switch for both the local and toll portion of the 
Picturephone hierarchy. Bitstream switching avoids the need for 
decoding the voice signal, passing it through a hybrid, switching it on 
a two-wire basis at each office in the hierarchy and encoding it for 
transmission between switching points. Thus, impedance mismatches 
at the point of conversion to two-wire are avoided, eliminating the 
associated costs of controlling the reflections that otherwise would 
result. The avoidance of echoes from reflections in the audio path at 
the bitstream switches also permits the digital transmission facilities 
to be operated at zero loss. A nominal loss which is required in the 
toll network to insure gain stability, to control echoes on calls involv-
ing handsets, and to control noise originating in the trunk facilities is 
inserted in the toll-connecting trunks. This approach results in 
essentially a fixed transmission loss between local switching offices, in-
dependent of the number of trunks in the connection or the length 
of the trunks. Where both the toll-connecting and intertoll trunks are 
switched through bitstream switches, the loss objective from local 
office to local office is 6 dB. Where the connection involves analog toll-
connecting trunks or stations served directly from toll offices, a differ-
ent loss is incorporated to reflect the resultant differences in suscepti-
bility to echoes and to provide adequate singing margins. These 
differences are covered in more detail later in the paper. In addition 
to avoiding reflections in the audio path, bitstream switching avbids 
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the accumulation of coding noise that would otherwise result from 
frequent encoding and decoding of the voice signal. 
The use of speakerphone on most Picturephone calls has a signifi-

cant effect on the transmission path since either the speakerphone 
transmitter or receiver at each end has an extra 15 dB of voice-
switched loss Mserted: 22  this essentially eliminates audio echo as an 
impairment when both ends of a connection are using a speakerphone. 
The voice-switched loss is also present in the receive path when a 
talker is using a speakerphone and the listener is using a handset. 

4.1.3 Development of the Picturephone Audio Transmission Plan 
The following sections describe the audio transmission loss plan 

designed for Picturephone service. First, the fixed end-office-to-end-
office (E0-to-E0) loss requirements for a connection with all toll 
switching in the bitstream format are established. The choice of lose 
is shown to be based on several performance criteria. Next, this 
analysis is extended to the combined analog/digital toll switching 
environment to determine the loss design for trunks which are 
switched in analog format at the Class 4 office. The design is struc-
tured on a set of constraints for audio switching and a set of perform-
ance and maintenance guidelines consistent with satisfying the overall 
audio transmission requirements. Finally, the E0-to-E0 losses are 
tabulated for various types of connections. 

4.2 Audio Transmission Loss Plan (Bitstream Toll Switching) 
4.2.1 Transmission Considerations 
The audio performance of the network was evaluated from four 

points of view: gain stability, echo, received volume and received noise. 
To accomplish this, certain assumptions are made regarding the ex-

TABLE IV—ASSUMED VALUES OF AUDIO TRANSMISSION PARAMETERS 

Mean 

Talker volume-speakerphone 
(originating end office) 

Talker volume-handset 
(originating end office) 

Loop loss (1300 Hz) 
Noise (all digital trunks) 
Noise (VF trunks-0 to 8 miles) 
Loop return loss (speakerphone) 
Loop return lose (handset) 
Acoustic coupling 
(at speakerphone terminals) 

—17 VII 

—16.3 VII 
4.8 dB 
23 dBrne0 
10 dBrnc0 
13 dB 
11 dB 

10 dB 

5.0 dB 

6.4 dB 
1.8 dB 
3.0 dB 
7.0 dB 
2.0 dB 
2.2 dB 

2.0 dB 
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pected performance of the network. These are shown in Table IV. 
Under these assumptions, a minimum loss of 6 dB is required 

between local Picturephone switching end offices to insure adequate 
gain stability on four-wire facilities and to avoid a near singing condi-
tion which would produce a hollowness in the speech quality. Another 
factor which motivates in the direction of high transmission loss is 
the desire to minimize the need for echo suppressors. The use of echo 
suppressors on a facility increases the cost of the facility and intro-
duces an impairment by permitting voice signals to pass in only one 
direction at a time. The allowable round-trip delay of a connection 
for which suppressors are not required increases as loss is added to 
the echo path." 
The upper bound on the amount of loss in the network is set by two 

factors: (i) contrast in the received volume between local area Picture-
phone calls and local DDD calls, and (ii) the absolute level of re-
ceived volume. Since all the loss in the network must be inserted in 
the signal path where the signal is in analog format, the loss is present 
in all connections, whether they are part of a local call or part of a 
long distance call. This may be compared to the DDD network, where 
the loss is distributed throughout the network. This difference in ad-
ministering the loss gives rise to the possibility of a higher loss on 
local Picturephone calls than on local DDD calls. Hence, the contrast 
between them must be considered. Where a speakerphone is involved 
at the receiving end, it is possible to compensate for a portion of the 
connection loss by adjusting the gain in the receiving path of the 
speakerphone, thereby reducing contrast and maintaining adequate 
volume. Compensating for loss in this manner, however, results in an 
increase in speakerphone received noise and the amount of loss in the 
speakerphone that must be switched in and out as users alternately 
talk and listen. 
Since the received volume on calls involving a handset at the receiv-

ing end cannot be adjusted, as in the case of a speakerphone, calls 
involving a handset control the upper bound on the amount of loss that 
can be inserted. 
In balancing the above factors to arrive at a value for the transmis-

sion loss of the network, four talker/listener situations were consid-
ered: (I) speakerphone talking to speakerphone, (2) speakerphone 
talking to handset, (3) handset talking to speakerphone, and (4) 
handset talking to handset. 
Figure 10 illustrates the effect of transmission loss on the number 

of calls that will be judged good or better with respect to received 
volume at the indicated transmission loss when the receiving end is 
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Fig. 10—Received volume performance as a function of the transmission loes. 

a handset (Cases 2 and 4 above). When the receiving end is a speaker-
phone (Cases 1 and 3), as will be the case for a majority (estimated 
at 95 percent) of the calls, the volume control permits the customer to 
adjust the received volume to his preferred level. Hence all Case 1 
and 3 calls will be judged good or better. The received volume grade 
of service23.24 averaged over all calls can be calculated by assuming a 
fixed transmission loss (as will be the case when all toll offices are bit-
stream switches) and weighting the performance of the two classes of 
calls by their probability of occurrence. For example, with a 6-dB E0-
to-EO transmission loss, the grade of service is (0.95) (100) + (0.05) 
(95) ; hence 99.75 percent of the calls will be rated good or better. This 
may be compared with the objective for the DDD network of 95 
percent good or better25 (dotted line on Fig. 10). 

4.2.2 Echo Performance 

Assuming that a 6-dB E0-to-E0 loss is acceptable with respect to 
received volume, it remains to examine the resultant echo perform-
ance. Figure 11 illustrates the echo performance when the E0-to-E0 

transmission loss is 6 dB. For round-trip delays of 30 to 40 ms, the 
maximum amount of delay expected on intraregional* calls, the re-

' Regional areas for Picture phone calling are defined as analogous to those for 
telephone calling, in that a region "centers" on a high-level switching point called 
a regional center. However, Picturephone calling regions may not necessarily 
coincide with telephone calling regions. 
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Fig. 11—Echo performance as a function of the round-trip delay. 

sultant quality is rated good or better by about 90 percent of the 
observers for Case 3 and 4 calls. The echo performance for Case 1 
and 2 calls will always be acceptable because of the switched loss in 
the speakerphone. This quality of service, taken over all cases, was 
judged acceptable and a value of 36 ms was chosen as the maximum 
value of round-trip delay that could be permitted without echo sup-
pressors. This plan may be compared with the DDD requirement that 
echo suppression be used on all connections with a round-trip delay 
greater than 45 ms.28 The difference results from the lower (fixed) 
E0-to-E0 loss in the Picture phone network. 

The following rules for the Picturephone network resulted: 

(i) Echo suppressors are used on all interregional final trunks inter-
connecting the highest class offices in different regions. 

(ii) Echo supppessors are also required on all interregional high-usage 
trunks having circuit lengths greater than: 
(a) 1800 miles (25 ms*) between two Class 4 offices and, 
(b) 1000 miles (15 ms*) for all other interregional high-usage 
trunks. 

4.2.3 Noise Performance 
An important feature of the audio plan for the network with 

bitstream switching at all toll offices results from the fact that all the 
loss is inserted at the receiving end of the connection. This results in 
maximum suppression of noise (in the absence of speech) originating 

*Round-trip delay. 
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in the trunk facilities. The manner in which this loss is inserted is 
discussed in Section 4.3. 

4.2.4 Summary of Performance 
Table V summarizes the expected performance of the network for 

the four cases under consideration. The column headed noise/volume 
gives the performance when both noise and volume are considered 
together. Note that the results are the same as when only volume is 
considered, indicating that the expected noise level is low enough not 
to affect the quality. The majority of the calls (those involving 
speakerphones at both ends of the connection) should have adequate 
received volume and be reasonably free from echo and noise. 

TABLE V—AUDIO PLAN—TRANSMISSION PERFORMANCE 

Talker/listener 

Assumed 
% of Con-
nections 

% of Calls Rated Good or Better 

Volume Noise/Volume Echo 

Speakerphone/speakerphone 
Speakerphone/handset } 
Handset/speakerphone 
Handset/handset 

95% 

5% 

100% 
95% 
100% 
95% 

100% 
95% 
100% 
95% 

100% 
100% 
88%*.t 
91%* 

* Percent of customers who will be satisfied at the maximum unprotected round-
trip delay of 36 ms. Where the round-trip delay exceeds 36 ms, echo suppression will 
be used. Since these cases represent only a small percentage of the connections and 
most connections will have a round-trip delay less than 36 ms, the actual percentage 
of total customers who will be satisfied is greater than that shown. 
t In this case, the echo occurs through two paths, impedance mismatches and 

acoustical feedback from speaker to microphone. 

4.3 Transmission Loss Plan (Combined Analog and Bitstream Toll 
Switching) 
The previous loss plan and discussion of performance assumed that 

the toll-connecting trunks (TOT) and intertoll trunks (ITT) are 
switched through bitstream switches at the toll offices, Class 4 and 
higher, with analog switching only at the Class 5 office. This will not 
always be the case, since in the initial years, analog switching of the 
video as well as the voice at Class 4 offices and stations served directly 
by analog Class 4 offices will be commonplace. This section describes 
the ways in which portions of the Picturephone network might evolve 
over the years. Such a description is a necessary prelude to a discus-
sion of the way in which the audio loss plan is implemented, 
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Fig. 12—Audio transmission in the analog-only video network. (Notes: X, 
Picturephone station;  , analog transmission facility; ATCT, analog toll-
connecting trunk; AITT, analog intertoll trunk; 4T,5T, telephone switch at 
Picturephone Class 4,5 offices.) 

4.3.1 Evolution of the Analog 'Digital Picturephone Network 

4.3.1.1 Audio Transmission in the Analog-Only Video Network. Figure 12 
illustrates possible configurations of the network prior to the introduc-
tion of bitstream switching. The 4T and 5T designations represent the 
telephone switches at the Picturephone Class 4 and 5 office respectively 
which switch the Picturephone audio channel and control the switching 
of the video signals through associated video switches. The trunk 
designation A in ATCT and AITT signifies that both ends of the 
trunk terminate in analog switches. 
4.3.1.2. Audio Transmission in the Combined Analog and Digital 
Picturephone Hierarchy. When bitstream switching is introduced, 
additional alternatives for structuring the network become available 
as shown in Fig. 13. The Class 4 video switch may be a bitstream switch, 
an analog switch or a combination analog/bitstream switch, as indicated. 
Intertoll trunks may be digital (DITT) or, when one or both ends 
terminate in analog Class 4s, analog/digital (AID ITT) or analog 
(AITT) respectively. Toll-connecting trunks may be analog (ATCT) or 
analog/digital (AID TCT) as indicated. 

4.3.2 Audio Loss Plan for Class 4 Analog Switching 

4.3.2.1 Objectives. The loss plan to be discussed is predicated on pro-
viding 6 dB of E0-to-E0 loss when all toll switching is via bitstream 
switches (see Section 4.2). When analog switched trunks are used, their 
loss design is such that the performance of any combination of analog 
and digital trunks is consistent with that of digitally switched trunks 
in terms of echo protection and volume. Furthermore, from an adminis-
trative standpoint, it is desirable to have uniform loss in the two direc-
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Fig. 13—Audio transmission in the combined analog and digital Picturephone 
hierarchy. (Notes:  , analog transmission facility;  digital trans-
mission facility; ATCT, analog toll-connecting trunk; A/D TCT, toll-connect-
ing trunk, terminating analog at 5T, digital other end; AITT, analog intertoll 
trunk; A/D ITT, intertoll trunk, terminating analog, one end, digital, other end; 
DITT, digital intertoll trunk; 3D,4D, Class 3,4 bitstream switching offices; 4T,5T, 
telephone switch at Picturephone Class 4,5 offices.) 

tions of transmission and uniform loss pads for all trunk terminations. 
For maintenance reasons, it is desirable to provide uniform test levels 
at maintenance points, independent of trunk type (A, A/D or D), and 
to provide maintenance procedures consistent with DDD practices. 
4.3.2.2 Constraints. In developing the loss plan, the following con-

straints for switching and transmission of the audio channel are invoked: 

(i) When the video signal is transmitted digitally, the voice is also 
transmitted digitally. (Prior to bitstream switching, the audio 
will use separate facilities.) 

(ii) When the switching office is a pure bitstream switching office, 
the audio channel is switched through the bitstream switch. 

(iii) When the switching office is a combination office (switches both 
analog and digital signals), the audio channel is switched in: 

(a) Digital form when both trunks to be switched together 
terminate in digital form in the office, e.g., A/D TCT — 
DITT, A/D TCT — A/D TCT, DITT — DITT. 

(b) Analog form when either or both of the trunks to be switched 
together terminate in analog form at the office, e.g., 
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ATCT — ATCT, ATCT — AITT, ATCT — A/D TCT, 
ATCT — DITT. 

(c) Analog form when the cell terminates to a station directly 
served by the office. 

4.3.2.3 Loss Plan. Application of these constraints leads to an overall 
E0-to-E0 loss plan illustrated in Fig. 14 (the loss values are discussed 
below). Note that this figure is essentially a more detailed version of 
Fig. 13 with identical connections, and that the connections of Fig. 12 
are a subset of those of Fig. 14. Hence, Fig. 14 illustrates the various 
connections that may occur—and the performance of which must be 
considered—in the analog/digital Picture phone hierarchy. To aid 
tracing these connections, offices and stations have been identified by 
a circled reference letter. 

4.3.3 Loss Value 

The actual values of the losses shown are based on the following 
performance and maintenance objectives: 
(i) For standardization of levels at maintenance test points: 
(a) Assuming that the level at the transmitting side of the 
Class 5T switch is 0 TLP, the level at the input to the carrier 
(CXR) or line terminal (TERM) in the 5T office should 
be —16 TLP. 

(b) Assuming that the level at the transmitting side of the Class 4 
and higher switches is —2 TLP, the level at the input to 
the carrier (CXR) or line terminal (TERM) in the same 
office should be —16 TLP. 

Note that (a) and (b) above determine the amount of loss in the 
transmission path from the switch to the CXR or TERM at 
e offices. 

(id) As noted in Section 4.2, the,loss for any A/D TCT — A/D TCT 
connection is 6 dB. 

(iii) Intertoll connections involving ATCTs should have 1 dB of 
additional loss over that for a pure digital connection for each 
Class 4T office involved in the connection. Thus, an ATCT --
ITT — AID TCT should have 7 dB of loss and an ATCT — 
ITT — ATCT should have 8 dB of loss. This additional loss 
protects against the reflections due to impedance mismatches 
at the 4T office. 

(iv) A station at a 4T is, from the point of view of echo performance, 
equivalent to a station at a 5T which connects to a 4D via an 
A/D TCT. Hence, a connection involving a station at a 4T 



TRANSMISSION PLAN  383 

LEE-" 
LI 



384  THE BELL SYSTEM TECHNICAL JOURNAL, FEBRUARY 1971 

should have the same loss as that indicated in the corresponding 
row or column under A/D TCT. 

(y) Testing and administrative procedures at the Class 4 office 
should be uniform for all TCTs. 

With these objectives taken together, it is possible to derive the loss 
to be provided at the transmitting and receiving end of each trunk 
shown in Fig. 14. This is accomplished in Appendix B. The loss values 
shown consist of two parts: hybrid loss (4 dB) and pad loss. For example, 
the 16-dB loss value at the Class 5 office transmit end employs a 12-dB 
pad in conjunction with the hybrid. 
One minor disadvantage resulting from the set of loss values thus 

derived is that the loss from the Class 4 office to the Class 5 office 
differs between ATCTs and A/D TCTs. This nonuniformity in admin-
istration and testing is a necessary compromise to achieve the specified 
E0-to-E0 losses. 

4.3.4 Connection Losses 

4.3.4.1 Connections Using Intel*,11 Trunks. The losses for various 
connections throughout the network are given in Table VI. Note that 
these losses are consistent with the performance objectives of Sec-
tion 4.3-3. Included in the table is a listing of typical paths for each 
type of connection with reference letters keyed to offices and stations 
of Fig. 14. 
4.3.4.2 Connections Not Using Intertoll Trunks. With the loss plan 

for connections using intertoll trunks established and appropriate loss 
values assigned to trunks, it remains to examine the losses found on 
connections not involving intertoll trunks. This is done in Table VII, 
again including representative paths for each type of connection as 
represented by the offices and stations of Fig. 14. Note that, with the 
exception of A/D TCT — A/D TCT connections, all involve analog 
switching at the Class 4 office. Since no ITTs are involved, the round-
trip delay is short enough to eliminate echo as a performance criterion; 
hence, no loss must be added to these connections to guard against 
reflections. An exception to this is the case of a long A/D TCT used as 
an inter-regional high-usage or direct trunk; the echo on such a trunk 
will be controlled by echo suppressors. 
Note that the table does not have symmetry across the diagonal as 

does the table for connections involving intertoll trunks. For A/D 
TCT-ATCT connections, this asymmetry results from the difference 
in loss from the Class 4 to the Class 5 office for the two types of 
TCTs, ATCT and A/D TCT, as noted in Section 4.3.3. Similarly, 
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TABLE VII—E0-mo-E0 AUDIO TRANSMISSION Loss 
(For calls not involving intertoll trunks) 

Transmission Loss dB 

From/To ATCT A/D TCT Station at 4T 

ATCT 6 7 3 

A/D TCT 6 6 5 

Station at 4T 3 6 

Connection Path (refer to Fig. 14) 

ATCT A/D TCT Station at 4T 

ATCT C — X —C C —XX* —B C —X —L 

A/D TCT B — X —B B —X (rei )*X —L 

Station at 4T L —X —M 

* Refer to footnotes of Table VI. 

asymmetry exists on calls involving stations at 4Ts connected to A/D 
TCTs due to the difference in loss in the two directions of the A/D 
TCT when switched analog at the Class 4 office. 
A connection between stations served by the same Class 4T office 

is classified as an intraoffice call and, therefore, has zero trunk loss 
assigned. 

4.3.5 Junctor Trunks 
Connections at a combined analog/digital Class 4 office—e.g., 

office X of Fig. 14—between (i) an ATCT or a station at the 4T, and 
(ii) an A/D TCT or a DITI' result in two passes of the audio signal 
through the 4T network. These passes corPespond to the video passes 
through the wideband analog and bitstream switches. Associated with 
the video codeo which interfaces these two video-switching paths is 
a codee junctor trunk at the 4T network (denoted by "J" in Fig. 14). 
The purpose of this trunk is to set up the appropriate audio paths 
through the 4T network and to provide the control for the switching 
of the video. A switchable pad is provided at the junctor trunk for 
connections terminating to a station at the 4T (see Appendix B). 
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V. REMARKS 

The allocation of impairments and the resultant network transmis-
sion plan described here for the Picturephone network are the result 
of many system studies to evaluate and compare alternative plans. 
Studies of system tradeoffs between performance, cost and features 
were carried on throughout the planning stage with compromises made, 
where necessary, to produce a viable plan. The plan has now passed 
through the study stage and the design stage and is being implemented 
in the field.* The network transmission plan has a certain uniqueness 
associated with it. Never before has a network of this magnitude (a 
nationwide, switched, broadband network with a projected growth 
up to one million stations in ten years) been planned so thoroughly. 
It covers the evolution of the network from one station set to over 
a million sets, from local service in one city to network service nation-
wide, from today's technology to tomorrow's technology. 
It is inevitable that there will be revisions as new ideas are gen-

erated, motivated by the continuing drive to expand the utility of the 
service and the network, to improve the transmission quality of the 
network and to reduce its cost. 
Color Picturephone service, higher resolution graphics and full 

voice-video conferencing are challenges now, but they also will be-
come a reality. Means for more efficiently transmitting such broadband 
signals in the local area and across the country are being studied for 
possible inclusion in the transmission plan. Although the task of 
planning a network is never finished, the plan described here is 
believed to be a big first step. 
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Fig. 15—Station set receiver rolloff—without de-emphasis. 

APPENDIX A 

Signal Shaping 

Certain of the end-to-end performance objectives (random noise, 
self crosstalk, worst-disturber crosstalk, impulse noise, power hum 
and single frequency) as given in a companion paper2 are referenced 
to the peak-to-peak signal voltage at the input to a reference sta-
tion set with a roll-off filter characteristic as shown in Fig. 15. The 
objectives as allocated in this paper are referenced to 0 PTLP, which 
differs from the reference point used in Ref. 2, both in frequency 
shaping and in level. 
The translation to 0 PTLP is made by first adding the shaping 

introduced by the de-emphasis network in the 20 station set (see Fig. 

2  4  6  8 10  20  40  60  100  200  400 600  1000 

FREQUENCY IN kHz 

Fig. 16—De-emphasis characteristic. 
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16) to the weighting curve given in Ref. 2. This results in the weighting 
curve in Fig. 5 which is used for the allocations in this paper. Next, the 
interference power, (Pi), in dBm into 100n at O PTLP is calculated 
from the objectives in Ref. 2, which are given in terms of S/N = 20 
log (Peak-Peak Signal Voltage/RMS Interference Voltage). It may be 
shown that the interference power, (Pi) , in dBm at 0 PTLP is 

P, (dBm0) = 10 — S/N -F 20 log (Peak-Peak Signal Voltage). 

For this calculation, the nominal peak-peak signal voltage at 0 PTLP 
is assumed to be 0.8 volts.19 The interference power, in dBm, at 0 PTLP 
is then equal to 

Pi (dBm0) = +8 — S/N. 

Pre-emphasis is used in the station-set transmitter to enhance the 
signal-to-interference ratio in the network. De-emphasis is used in the 
station-set receiver to restore the signal to its original form. The 
actual pre-emphasis frequency characteristic chosen tends to equalize 
the susceptibility of the video signal to various types of noise as the 
signal is transmitted over analog facilities. 
A number of factors enter into the consideration of an optimum 

pre-emphasis frequency characteristic. They are: the level of each 
of the interfering signals, the actual Picture phone signal level at the 
point where it combines with the interference, the band roll-off filter-
ing in the station-set receiver and finally, the transmission perform-
ance objectives which take into account, subjectively, the eye's relative 
sensitivity to interference in various portions of the frequency band. 
The significant sources of interference are power hum (60 Hz, 120 

Hz, 180 Hz), broadcast radio, carrier systems (Ti digital system, 
subscriber carrier, N carrier) , other Picture phone channels and im-
pulse noise from central office switching machines and other nearby 
equipment. 
The video signal level is lowest and most susceptible to interference 

at the input to a baseband equalizer equalizing a maximum length 
cable section.12 At this point, the video signal has passed through a loss 
characteristic similar to that shown in Fig. 17. To equalize this loss 
characteristic and achieve an insertion loss that is flat with frequency, 
the equalizer adds 42 dB of high frequency gain relative to that at 
low frequencies. Since the interference passes through the same equa-
lizer, it also receives enhanced gain at the high frequencies. This makes 
the video signal susceptible to interference at the high end of the 
frequency band. Offsetting this is the frequency roll-off in the sta-
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Fig. 17—Cable lose versus frequency-6000 feet of 26-gauge pulp. 

tion-set receiver which adds 20 dB of attenuation at the high end of 
the frequency band relative to low frequencies. 
The transmission objectives reflect the viewer's relative sensitivity 

to the various types of interference. Generally, the viewer is more 
sensitive to low-frequency interference than high-frequency inter-
ference, more to interference which is moving across the screen than 
to interference which is stationary and more to interference that 
produces a definite pattern on the screen than to interference that is 
random, such as noise. 
The net effect of weighing all these factors was to establish the need 

for additional suppression at frequencies in the band above 100 kHz 
to overcome interference from broadcast radio, Ti carrier and impulse 
noise; hence, the need for pre-emphasis in this portion of the frequency 
band. Subjective tests showed that the peaks of a pre-emphasized video 
signal (high-frequency pre-emphasis only) could be clipped appreciably 
without noticeably impairing the video signal. The worst clipping 

TABLE Viii—INTERFERENCE SUPPRESSION BY PRE/DE-EMPHASIS 

Interference  Suppression (dB) 

Impulse Noise 
Ti Carrier 
Radio Frequencies 
Sync Pulse Crosstalk 
Power Hum 

6 dB 
13 dB 

12 to 15 dB 
11 dB 
—2 dB 
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occurs on large, rapid black-to-white or white-to-black transitions 
when the transmission path is in a state of positive misalignment (a 
condition where the gain-frequency characteristic deviates from nom-
inal in the gain direction). The impairment appears as a softening of 
the clipped edge transitions. This softening offsets the harshness which 
occurs when the transmission path has a positive misalignment that 
increases smoothly with frequency, such as occurs when the cables used 
for analog transmission are at minimum temperature. 
In summary, pre-emphasis has several advantages. It decreases 

susceptibility to high-frequency interference without any appreciable 
loss of low-frequency noise margin* and without any increase in dy-
namic range. An indication of the magnitude of the improvement is 
given in Table VIII. The amount of suppression for impulse noise was 
determined from subjective tests with actual impulse noise. For the 
other sources, the amount of suppression is calculated from Fig. 16. 
The manner in which pre-emphasis is introduced into the signal 

path is worth noting. The pre-emphasis shaping is applied only to the 
video signal; the sync pulse is not pre-emphasized." This has two 
significant advantages over pre-emphasizing the composite video 
signal. First, the sync pulse is not exposed to the distortion associated 
with clipping, leaving the sync pulse undistorted for use in timing 
recovery and automatic gain control in the codeo and station-set re-
ceiver. Second, inter-system crosstalk from the sync pulse of the 
interfering system into the interfered system is suppressed by the 
de-emphasis network. 
The manner in which the clipping is introduced is also worth noting. 

The signal peaks generated by the pre-emphasis network are partially 
clipped in the station-set transmitter" at a level such that negligible 
impairment is introduced into the video signal. Clipping in the station 
set prevents excessive signal levels from entering the cable plant and 
coupling to other pairs. The equalizers in the network clip at 1.5-volts 
peak above average referred to 0 PTLP. If the gain characteristic of 
the transmission channel is at its nominal value, the additional clip-
ping introduced by the equalizers is not detectable on most scenes. 
If the gain of the channel is greater than nominal, additional clipping 
occurs in the analog equalizers, with the amount of clipping dependent 
on the amount of positive gain and the shape of the gain as a function 
of frequency. Noticeable clipping occurs only in graphic scenes, where 

*The video signal level was decreased 2 dB over that which would be possible 
if de-emphasis were not used. 
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rapid black/white transitions are common, but only when the channel 
is in a condition of substantial positive misalignment. 

APPENDIX B 

Derivation of Audio Loss Values 

In this appendix the audio plan loss values shown in Fig. 14 are 
derived. The derivation is based on the performance and maintenance 
objectives of Section 4.3.3, 

B.1 Transmit Losses 
To meet objective (ia) (see Section 4.3.3), the loss value between 

the 5T switch and the carrier input (for ATCT) or line terminal (for 
A/D TCT) is 16 dB, consisting of the 4-dB hybrid loss and a 12-dB 
pad. Similarly, to meet objective (ib), the loss value between the 4T 
switch and carrier or line terminal inputs is 14 dB (hybrid plus 10 
dB pad). 

B.2 Receive Loss—AID TCT at Class 5 
The line terminal to line terminal gain is 23 dB, similar to standard 

carrier systems. In order to provide the overall loss of 6 dB [objec-
tive (ii) ], with the transmit loss fixed at 16 dB, the receive loss must 
be 13 dB (16 + 13 — 23 = 6), consisting of the hybrid loss plus a 
9-dB pad. 

B.3 Receive Loss—All Intertoll Trunks 
Consider objective (iv). A connection terminating at a station at the 

4T includes a 2-dB switched pad at the 4T*, thereby providing the 
proper loss from the 4T via the distant A/D TCT to the distant 5T 
(2 + 14 — 23 + 13 = 6). This leads to a loss of 11 dB on the receive 
side of the intertoll trunk so that the overall loss remains at 6 dB 
(16— 23 + 11 + 2 = 6) in the connection from the distant 5T to the 
station at the 4T. Note that this also provides the required loss for 
a connection between stations at separate 4Ts (2 + 14 — 23 + 11 + 
2 = 6). 

B.4 Receive Loss—ATCTs 

Consider objective  The 7-dB connection loss going from the 
A/D TCT via ITT to the ATCT is achieved by providing a 12-dB 

*The 2-dB value is also justified in that it is a standard pad configuration 
and easily administered. 
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receive loss at the Class 5 end of the ATCT, taking into consideration 
the ITT receive loss computed in Section B.3 and the 23-dB gain of 
the carrier system (16 — 23 + 11 + 14 — 23 + 12 = 7). Similarly, 
it is found that the ATCT receive loss at the Class 4 must be 10 dB 
(16 — 23 + 10 + 14 — 23 + 13 = 7) to meet the objective in the 
ATCT-ITT-A/D TCT direction. Note that the 8-dB loss for an 
ATCT-ITT-ATCT connection is also achieved (16 — 23 + 10 + 14 — 
23 + 11 + 14 — 23 + 12 = 8). Again, the 12-dB and 10-dB losses 
consist of the 4-dB hybrid loss and 8-dB and 6-dB pads respectively. 

B.s Receive Loss—AID TCT at Class 5 
To achieve objective (y), this loss is chosen to be the same as the 

receive loss of the ATCT, viz., 10 dB. This results in unequal losses in 
the two directions of transmission when a A/D TCT terminates analog 
at a Class 4 and leads to the asymmetry for some of the connections 
in Table VII. 

B.8 Pad Control 
To provide the required loss for connections between a DITT or 

A/DTCT and a station at the 4T, codec junctor trunks are equipped 
with switchable 2-dB pads. The pad is "in" when the termination is 
to a station, otherwise the pad is "out." 
To provide a loss equal to that for the DITT connection described 

above, an AITT or A/D ITT which can connect to a station at the 
4T is equipped with a switchable 2-dB pad which is "in" when the 
connection is to a station at the 4T. 
When an ATCT connects directly to a station at a 4T (i.e., no ITT 

is involved) , switchable pads are not used, resulting in lower loss than 
the preceding connections. Echo is not a problem on this type of a 
connection since the ATCT is distance limited by video transmission 
constraints. In contrast to this, the digital facilities may provide 
service to an end office at a great distance. The greater delay, together 
with the degrading effect on return loss of two passes through the 4T 
switch to connect to a station, requires the added echo protection 
afforded by the 2-dB pad. 
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The Picturephone® System: 

Baseband Video Transmission on Loops 
and Short-Haul Trunks 

By J. M. BROWN 

(Manuscript received September 25, 1970) 

Local Picturephonee service will be provided using present telephone 
cable facilities. Three cable pairs are required for each Picturephone call, 
one for audio and two for video transmission. Underground cables will be 
used extensively and aerial facilities to a limited extent. A cable equalizer 
will provide shaped gain to compensate for cable loss from 5 Hz to 1 MHz. 
This article discusses the plan for providing baseband video transmission 
on paired cable facilities, the cable equalizer design features, the important 
rules for engineering the video transmission system, and the maintenance 
features. 

I. INTRODUCTION 

For Picture phone service, baseband video signals are being trans-
mitted on customer loops and short-haul interoffice trunks along routes 
similar to the ones used for present telephone service. It is economically 
attractive to use ordinary pairs of wires in the existing cables for video 
transmission. One pair is used for each direction of video transmission 
in addition to the pair used for the audio signal. 
The basic element needed to provide video transmission is a cable 

equalizer, which provides shaped gain to compensate for cable loss. 
Present designs which are the subject of this paper are intended pri-
marily for underground 22-, 24-, and 26-gauge paper pulp-insulated 
conductors. Underground cables are preferred since they are subject 
to less temperature variation and interference than aerial cables. 
Future systems now being designed will have temperature regulation 
and higher transmission levels, permitting the use of longer under-
ground loops and trunks and the use of aerial facilities. 

395 
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II. LOCAL VIDEO TRANSMISSION SYSTEM 

The typical baseband video transmission system of Fig. 1 shows 
two Picturephone station sets interconnected by means of Picturephone 
loop and trunk facilities and two video switching offices. The audio 
portion of the Picturephone system is not shown nor discussed in this 
paper. Fixed shaped gain cable equalizers, designated with an "F" in 
Fig. 1, are used in the outgoing direction of transmission from switch-
ing offices to equalize for the carefully controlled office cabling and 
switching loss. Adjustable shaped gain cable equalizers, designated 
with an "arrow" in Fig. 1, compensate for a wide range of cable losses. 
The cable equalizer associated with the station set is mounted within 
the station set service unit as discussed in Ref. 1. 

The video switching office transmission plan is shown in greater 
detail in Fig. 2. The video loop and trunk pairs are brought into the 
office through the main distributing frame (MDF) to the incoming 
and outgoing cable equalizers and then to the wideband distributing 
frame (WBDF) which is used for switch load balancing purposes. 
While loops connect to both the horizontal (H) and vertical (V) con-
nections on the MDF in order to provide flexibility, trunks connect to 
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Fig. 2—Video switching office transmission plan. 

only the verticals on the MDF since trunk rearrangements are not 
normally required. The cable length from the central office cable 
equalizers (COCE) to the WBDF is electrically built out to 350 ± 50 
feet of 24-gauge cabling by means of the block labeled (BO). The loop 
transmission path from the WBDF through the three-stage video 
switching matrix to the trunk circuit is carefully controlled to 160 ± 40 
feet. Likewise the trunk cabling from the WBDF to the trunk circuit is 
also carefully controlled to 160 ± 10 feet. Consequently, the trans-
mission loss from the incoming loop cable equalizers through the central 
office to the outgoing loop or trunk cable equalizers is equivalent to 
the sum of (350  160 -I- 160 + 350) or 1020 feet of cabling. This 
central office transmission loss is compensated by the fixed shaped gain 
outgoing central office cable equalizer designated with an "F". The 
video switching office is: discussed in more detail in Ref. 2. 
Other situations, shown in Fig. 3, which require the use of cable 

equalizers include video transmission through customer located switch-
ing equipment, such as Wideband Remote Switches (WBRS) ,2 Key 
Telephone Systems (KTS) ,3 or Private Branch Exchanges (PBX) 4. 
For video lines from zero to approximately 400 feet of 24-gauge cable 
between the station set and the KTS, passive station set build out 
networks (BO) are used instead of cable equalizers in order to build 
out these lines to a fixed amount of shaped loss. For the direction of 
transmission from the station set toward the KTS, this loss is post 
equalized by the KTS cable equalizer on the central office side of the 
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KTS designated F1. The KTS cable equalizer on the central office side 
of the KTS designated with an arrow provides fixed pre-equalization 
for this built out KTS line loss for transmission from the KTS to the 
station set as well as adjustable equalization for the preceding loop 
cable section. For station sets beyond the range of the station set 
buildout networks, a station set cable equalizer and an additional KTS 
cable equalizer are required, as shown in Fig. 3. 
A cable equalizer is required on all video loops and trunks coming 
into a PBX. Since PBX switching and transmission loss is negligible, 
no cable equalizers are required on outgoing loops and trunks. 
A WBRS may also be used between the video switching office and 

the Picturephone station set. A WBRS is an extension of the video 
switching office and under its direct control but remotely located on 
the customer's premises or in another switching office not equipped 
for video switching. It is used to reduce video transmission costs by 
concentrating a number of loops into a lesser number of trunks con-
nected to the controlling video switching office. The video transmission 
plan for a WBRS is essentially the same as for a PBX. 
A customer's serving central office for telephone service may not be 

the same office used for switching his video calls, particularly in the 
early years of Picturephone service. These serving central offices may 
contain intermediate cable equalizers (ICE) or WBRSs which are 
used for the video portion of a Picturephone call. The facility which 
interconnects the serving central office with the video switching office 
is engineered to video trunk standards5 in a manner similar to that 
used for baseband video trunks interconnecting two video switching 
offices. Such planning allows a graceful growth pattern; serving central 
office video equipment may progress from ICE to WBRS, and then 
ultimately the office may become a video switching office itself. 
Loop transmission facilities are used to interconnect a PBX or 

WBRS on a customer's premises with a video switching office and are 
called trunks, although they are engineered5 as a loop. All other trans-
mission facilities not already specifically discussed (see Fig. 3) are 
engineered as loop facilities. Details of the engineering of the loop and 
trunk video transmission system are discussed in Section VI. 

III. CABLE EQUALIZER DESIGN OBJECTIVES 

The cable equalizer was designed to compensate primarily for the 
loss of 22-, 24- and 26-gauge pulp-insulated cable pairs, or mixtures 
thereof. The maximum cable equalizer gain was limited to 54 dB at 
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1 MHz. The criterion which was used to determine this maximum 
allowable equalizer gain was that the near-end crosstalk loss of the 
cable should be greater than cable equalizer gain by 14 dB for 99.9 
percent of the installations. Consequently, the equalized cable section 
length is limited to approximately 6 kilofeet (kft) of 26-gauge cable 
and 8 kft of 22-gauge cable. This limit on cable section lengths is 
discussed more completely in Section 6.3. 
The number of cable sections that may be cascaded to form one loop 

is, in practice, limited to from one to four sections due to the effects of 
changing cable insertion loss caused by changing ambient temperatures. 
In order to determine individual cable section design objectives such 
as tilt and random noise performance5 from the loop objectives, it was 
assumed that a maximum of four cable sections comprise a loop. 
Powering capabilities and maintenance features were also planned on 
this basis. 
The equalization objective was to compensate for the insertion loss 

of a cable section to within ±0.1 dB from essentially de to 500 kHz, 
with the limits increasing to ±0.3 dB at 1 MHz. The amplitude re-
sponse at the low frequency end of the band is determined by the loop 
tilt objective.6 The tilt objective controls the amount by which a de 
signal may change over a given interval of time when passed through 
an ac coupled facility. This requirement controls the allowed change in 
brightness of one horizontal scan line caused by the Picturephone 
transmission system itself. For a loop tilt objective of 1.5 percent 
per 100 Ms and a four-section loop with five cable equalizers, each cable 
equalizer must satisfy a tilt requirement of 0.3 percent. We assume 
that only one RC low frequency coupling network is dominant. This 
assumption requires an RC time constant of at least 33 ms or a cable 
equalizer frequency response which is 3 dB down at 4.8 Hz. 
The sinusoidal signal-handling objective for the cable equalizers 

was set at a nominal 0.75 V peak over the 1-MHz frequency band 
with a 6-dB margin against overload. The 6-dB margin allows for 
system misalignment and for changing cable insertion loss due to 
changing ambient temperature. The cable equalizer gain stability ob-
jective for a —40°F to +140°F temperature environment was set at 
±0.2 dB at 1 kHz and  0.3 dB at 1 MHz. The cable equalizers were 
also required to withstand lightning surges which are limited to 600 V 
by carbon block protectors. 
The presence of large longitudinal signals on video pairs, prin-

cipally 60-Hz signals, may overload the cable equalizer input network 
or reverse bias the Zener diode used to generate the cable equalizer 
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powering voltage. The cable equalizer was required to tolerate a 
10-mA peak longitudinal current and present a longitudinal impedance 
of 100 ohms at the input (equivalent to 1-V peak at the input) and 
25 ohms at the output of a locally powered cable equalizer. The cor-
responding maximum open circuit longitudinal pair voltage that can 
be tolerated is approximately 2-V peak per mile for 26-gauge cable 
and 1-V peak per mile for 22-gauge cable. For the underground 
facilities that are comtemplated for the early years of Picture phone 
service, it is unlikely that longitudinal signals will exceed this level. 
The weighted random noise objective5 is —65 dBV* across a 100-

ohm termination at the system zero Picturephone transmission level 
point (0 PTLP) for a loop. This noice objective includes cable 
equalizer noise and random interference from other systems coupled 
by means of cable crosstalk paths. The noise objective per loop due 
to only cable equalizers was set at —80 dBV, allowing a 15-dB margin 
for noise from other sources. Assuming four equalized cable sections 
per loop, the weighted noise objective per cable equalizer becomes 
—86 dBV. Combining the weighted noise characteristic5 with the cable 
equalizer gain characteristic yields a frequency response with 13 dB 
of gain which is 3 dB down at 4.8 Hz and 500 kHz. The theoretical 
noise performance of an ideal noiseless cable equalizer with this indi-
cated weighted frequency characteristic is —114 dBV. Hence, the cable 
equalizer noise figure objective is 28 dB. 
The longitudinal balance (common mode rejection) of the cable 

equalizer input networkt should be somewhat better than the longi-
tudinal balance obtained from paired cable facilities so that cable 
facility performance is limiting. A longitudinal disturbance on one 
pair in a cable may be coupled to a Picture phone pair through the 
longitudinal-to-longitudinal near-end crosstalk path (with loss LLL ) 
and then converted to an unwanted transverse signal because of the 
finite balance of the input network. Even if the input network balance 
were infinite, an unwanted transverse signal is produced by coupling 
through the longitudinal-to-transverse near-end crosstalk path (with 
loss Lm .) of the cable itself. Consequently the input network balance 
(BALin) is given by equation (1) ; a 10-dB margin has been in-
cluded to insure that cable balance is controlling at least 95 percent 
of the time. 

BALin = LLT  LLL  + 10 dB.  (1) 

*In this paper, dBV is defined as dB with respect to 1 V rms. 
t Longitudinal Balance (dB) = Transverse Gain (dB) — Longitudinal Gain (dB). 
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Equation (1) was used to determine the input network balance 
objective from 30 kHz to 1 MHz and is shown as part of Fig. 4. 
For the frequency range from 600 Hz to 30 kHz, the single fre-

quency interference (SFI) requirement5 of —65 dBV at system 0 PTLP 
was used to determine the input network balance objective. If the 
maximum longitudinal signal (LS) present at the input of the cable 
equalizer is —10 dBV* and the maximum cable equalizer gain G is 
10 dB for the 600 kHz to 30 kHz frequency range, then the input 
network balanced should be 65 dB as given by equation (2). 

= LS — SFI ± G  (2) 

For the low frequency range from 60 Hz to 600 Hz, the input net-
work balance should be such that a 60-Hz longitudinal signal at 
—3 dBV, the maximum tolerable longitudinal signal, should result in 
a transverse signal no greater than the —38 dBV power hum re-
quirement5 for a loop facility. Assuming a cable equalizer low fre-
quency gain of 10 dB, the input network balance at 60 Hz should 
be 45 dB. The composite balance objective for the input network is 
shown in Fig. 4. 
The balance objective for the balanced output network of the cable 

equalizer is important to prevent coupling of a video signal from one 
video pair to another or to another type of transmission system. Any 
unbalance of the output network allows transverse signals to be con-
verted to longitudinal signals and then coupled to other pairs via 
the longitudinal-to-transverse near-end crosstalk path with loss LIT . 
Even if the output network balance were infinite, a transverse 
signal on one pair would cause a transverse signal on another pair 
via the transverse-to-transverse near-end crosstalk path with loss LTT . 
Consequently the balance of the output network should be greater 
than LTT LLT plus a 10-dB margin, resulting in a 20-dB balance 
objective for the output network for most of the frequency band of 
interest. 
Output network balance objectives more stringent than the 20-dB 

balance discussed above are required for remotely powered inter-
mediate cable equalizers which are floating with respect to earth 
ground. The feedback path around a floating cable equalizer, shown 
in Fig. 5, is one of two possiible feedback paths which involves the 

* Most of the longitudinal signal tolerance of the cable equalizer should be 
reserved for 60-Hz type pickup, and harmonics thereof. Hence it is reasonable 
to require that all other types of longitudinal interference on cable pairs are at 
least 7 dB down from the 1 V peak longitudinal signal tolerance level, or —10 
dBV or less. 
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balance of input and output networks and the longitudinal cable 
impedance which is referenced to earth ground. Analysis of these two 
feedback paths yields essentially the same balance requirements for 
the output networks; hence, only the situation shown in Fig. 5 will 
be discussed here. 
Because of the finite balance of the output network, a transverse 

signal at the cable equalizer output is converted to a longitudinal 
signal with loss BALont  and is coupled to the input of the cable 
equalizer through the longitudinal cable impedance at the input and 
output of the cable equalizers. This longitudinal signal is then con-
verted to a transverse signal by the unbalance of the input network 
with an additional loss BALin and then amplified by up to 54 dB, 
the maximum cable equalizer gain at 1 MHz. Consequently, BALout + 
BALI,, should be significantly greater than 54 dB at 1 MHz. If the 
input network balance is 50 dB at 1 MHz, then the output network 
balance should be much greater than 54 — 50 or 4 dB. The output net-
work balance requirement was chosen as 40 dB over the 1-MHz band 
of interest primarily because this amount of balance is readily 
achievable, as indicated in the next section, and provides ample 
attenuation to suppress the unwanted feedback. 

IV. CABLE EQUALIZER DESIGN 

The cable equalizer consists basically of an input network, a static 
equalizer, and an output network as shown in Fig. 6. 
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Fig. 5—Feedback path around a simplex powered cable equalizer with finite 
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The input network is a high impedance differential amplifier which 
converts the incoming balanced signal to the unbalanced mode for 
equalization. This network is capacitively coupled to the cable and 
provides a fixed center tapped 100-ohm resistive termination to the 
cable. This 100-ohm termination was chosen because the characteristic 
impedance of pulp cable pairs is approximately 100 ohms above 
100 kHz. It is this coupling network which primarily determines the 
4.8-Hz 3-dB corner frequency of the cable equalizer. A flat gain 
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adjustment is provided with a —6 dB to +10 dB gain range. The 
worst-case longitudinal balance (common mode rejection) of the input 
network essentially meets the balance objectives as outlined in the 
previous section and shown in Fig. 7. 
The output network is a de coupled, unity gain, differential power 

amplifier which converts the unbalanced static equalizer output signal 
to the balanced mode for transmission on the cable. It provides a fixed 
center tapped 100-ohm resistive termination to the cable. It requires 
60 mA of de bias current to produce a signal handling capability of 
1.5 volts peak above average into a 100-ohm load. The typical longi-
tudinal balance of the output network exceeds the 40-dB balance re-
quirement from de to 1 MHz as shown in Fig. 8. 
The static equalizer is basically a shaped gain amplifier that com-

pensates for the high frequency loss in the transmission line. The de-
sired gain shape is achieved by combining the currents from six 
parallel paths by means of an operational amplifier. The magnitude of 
the current through five of the paths is controlled by five potentiom-
eters, giving a high degree of flexibility in compensating for a wide 
variety of cable loss shapes. Each potentiometer is identified with its 
respective adjustment frequency, and each potentiometer drives a 
network whose critical frequencies occur in the vicinity of its adjust-
ment frequency. These critical frequencies were chosen as 23 kHz, 
70 kHz, 200 kHz, 500 kHz, and 900 kHz. The critical frequencies 
increase and the impedance levels decrease for successive paths, 
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Fig. 7—Worst-case input network balance characteristic. 
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thereby providing greater gain at higher frequencies. Greater gain 
slopes are achieved at the higher frequencies by providing a cascade 
of RC networks. 
In designing the six parallel paths that form the heart of the static 

equalizer, it is important to guarantee that this overall adjustable 
network is a minimum-phase network for any expected potentiometer 
setting in order to provide the proper phase equalization. A sufficient 
condition is that no two parallel paths shall have a phase difference 
of 180° or greater in their output currents at any frequency. This suf-
ficient condition is easily satisfied by the adjustable network. 
The adjustable static equalizer has a gain range of from 0 to 23 dB 

at 1 MHz. Not shown in Fig. 6 are two additional cascaded stages of 
fixed shaped gain with critical frequencies in the 200-kHz to 1-MHz 
frequency range which may be added by screw switches, one for 
medium length loops and both for long loops. They provide additional 
gain of 7 dB and 14 dB at 1 MHz respectively, and lesser amounts 
at lower frequencies. The use of these screw options reduces the range 
of shaped gain required for the adjustable static equalizer and helps 
in obtaining the steep (on the order of 18 dB/octave) gain versus 
frequency slope required for long cable sections at high frequencies. 
It would be difficult to achieve an 18 dB/octave slope entirely from 
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the adjustable network and still meet the sufficient condition for 

minimum phase. 
The pole and zero locations for the individual parallel paths within 

the adjustable static equalizer and the two fixed shaped gain networks 
were first determined roughly by laboratory experimentation so that 
the equalizer would perform properly for any cable length up to the 
maximum length for both 22- and 26-gauge pulp cable. The performance 
criteria were gain range at the five test frequencies and closeness of fit 
between test frequencies. After the static equalizer configuration was 
determined experimentally, the optimum adjustment frequencies and 
network values were determined by computer simulation. By this 
process it was found that five potentiometers were required within 
the adjustable static equalizer in order to achieve the equalization 
design objective for a section of cable of ±0.1 dB up to 500 kHz and 
increasing to ±0.3 dB at 1 MHz. 
Thus, by means of five potentiometers and two screw options within 

the static equalizer and the 10 dB of adjustable flat gain associated 
with the input network, gains from 0 to 10 dB at low frequencies and 
0 dB to 54 dB at 1 MHz are achieved, sufficient to equalize up to 
about 6 kft of 26-gauge pulp cable and 8 kft of 22-gauge cable. 
Also included in the static equalizer is a 3-pole low-pass Butter-

worth filter which attenuates out-of-band frequencies but has a negli-
gible effect on the amplitude response up to 1 MHz. This filter helps 
prevent system oscillations in the vicinity of 1.3 to 2.0 MHz due to 
cable near-end crosstalk, as discussed in Section 6.3. 
Alignment is accomplished by transmitting six frequencies, one at 

a time, over the section of cable to be equalized. A low frequency tone 
at 1 kHz is used to adjust the flat gain of the input network and five 
tones (from 23 kHz to 900 kHz) are used to adjust the five potentiom-
eters within the static equalizer to obtain an equalized cable section 
frequency response flat to 1 MHz and approximately 3 dB down at 
4.8 Hz and 1.3 MHz. The five static equalizer adjustments are not 
completely independent, however, and it is necessary to cycle through 
the alignment frequencies about six times to obtain an alignment 
accuracy of better than 0.05 dB at the alignment frequencies. This 
accuracy of 0.05 dB is readily achievable and was chosen so that the 
misalignment caused by potentiometer maladjustment is small com-
pared to the total facility misalignment error caused by such things as 
cable equalizer gain drift due to ambient temperature changes, the 
absolute accuracy of the test instruments used during alignment, and 
the effects of temperature changes on cable insertion loss. 
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The amplitude and phase response of an equalized 6-kft section of 
26-gauge pulp cable is shown in Fig. 9. The asterisks in Fig. 9 indi-
cate the alignment frequencies. The error in the amplitude response is 
less than 0.1 dB up to 600 kHz and less than 0.2 dB up to 1 MHz. The 
phase distortion of Fig. 9 is due principally to the sharp cutoff 
above 1 MHz of an equalized cable section. The time delay distortion 
is about 75 na at 600 kHz and 150 ns at 800 kHz. As an example of 
the significance of this amount of time delay distortion, a cascade 
of two to three such sections of cable, i.e., 15 kft of 26-gauge, uses 
the entire loop echo rating allocation as discussed in Section 6.2 and 
Ref. 5. A later version of the cable equalizer will have less time-delay 
distortion. 
Other characteristics of the cable equalizer include a measured 

weighted noise of —90 dBV corresponding to a noise figure of 24 dB 
which exceeds the objective discussed in Section III by 4 dB. The 
overload performance of a typical cable equalizer is plotted in Fig. 10 
for peak sinusoidal signal amplitude versus the signal-to-harmonic 
distortion ratio (S/H.D.). For a 0.75-V peak sinusoid which is the 
nominal transmission level for the cable equalizer and is 6 dB below 
the clipping level, the S/FI.D. is 55 dB. 
The cable equalizer was designed for a —40°F to +140°F tem-

perature environment. Since the cable equalizer does not contain tem-
perature regulation, the temperature environment for cable itself is 
restricted to the considerably narrower limits for underground or 
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buried cables of about 30°F to 80°F. The effect of changing tempera-
ture on the gain of a typical cable equalizer at 1 kHz and 900 kHz is 
shown in Fig. 11. The effect of temperature change at other fre-
quencies between 1 kHz and 900 kHz tends to lie within these two 
curves. Gain changes are less than the objective of 0.2 dB at 1 kHz 
and 0.3 at 900 kHz over this temperature range. For a restricted 
temperature range of 30°F to 120°F, gain changes are within 0.1 
dB at all frequencies. 
Preliminary studies of reliability indicate a mean-time-to-failure of 

40 years for a one-way cable equalizer. For a loop shown in Fig. 1 
which includes a two-way central office cable equalizer, a two-way 
intermediate cable equalizer, a one-way station set cable equalizer, 
and associated power supplies, the mean-time-to-loop-failure is ap-
proximately seven years. 
A one-way cable equalizer which mounts in a PBX, a WBRS, a 

central office, and in a manhole consists of two printed wiring cards 
6" wide by 7" long that are sandwiched together so that all com-
ponents are toward the interior of the sandwich and the printed wiring 
is exterior as shown in Fig. 12. The resulting packages mount on 1h" 
centers. Each one-way cable equalizer consists of 40 transistors, 13 
diodes, 40 varistors used primarily for lightning protection, 120 re-
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sistors, 40 capacitors, two inductors, and six potentiometers. Cable 
equalizers for Key Systems are similar electrically and physically 
(7.5" wide, 5" long, and 1.5" thick). For station sets, the cable 
equalizer is also similar electrically, but all components are mounted 
on one printed wiring card 5.5" wide and 10.5" long. A typical central 
office bay with cable equalizers is shown in Fig. 13. 

V. PO WERING AND LIGHTNING PROTECTION 

Each one-way cable equalizer requires approximately ..k ampere at 
—24 volts or approximately 3 watts. It may be locally powered or, 
for the case of ICEs, it may also be simplex powered from the central 
office or a customer located WBRS. ICEs in manhole apparatus cases 
may be simplex powered only; ICEs between a PBX and a KTS or 
station set may be locally powered only. A simplex powered loop is 
shown in Fig. 14. 
A +130-volt battery potential is applied through a current regulator 
(CR) to the center tap of the incoming central office loop or trunk 
cable equalizer input network and then to the cable pair (this cable 
equalizer is powered from the local regulated —24 V supply). Power-
ing current travels over the transmission pair in the direction opposite 
that of video transmission. At the next equalizer location, the power-
ing current is routed through the center tap of the output network, 
used to power that cable equalizer, and then applied to the next cable 
section through the center tap of the input network. 
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Fig. 11—Typical measured cable equalizer gain variation with temperature. 
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At the last intermediate cable equalizer, the powering current is 
looped back from one video pair to the other, used to power the re-
maining loop cable equalizers, returned to the central office where it 
powers the outgoing central office equalizer, and then returned to 
ground, —48 V, or —130 V, depending on the number of ICEs and 
the length and gauge of the loop facility. Up to three intermediate 
cable equalizers may be powered in series. 
Table I tabulates the simplex powering limitations in terms of 

cable gauge and length from the central office to the last intermediate 
cable equalizer. The total loop length consists of the simplex powered 
section plus the last section which is not simplex powered. The final 
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loop configuration must simultaneously satisfy three separate condi-
tions: simplex powering limitations shown in Table I, cable equalizer 
spacing as dictated by engineering considerations discussed in Sec-
tion 6.3, and maximum loop or trunk length limitations as dictated 
by the allowed transmission impairments as discussed in Section 6.2. 

Fig. 13—Central office cable equalizer bay. 
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Cable equalizer powering and lightning protection features are 
shown in Fig. 15 for a simplex powered cable equalizer. A similar 
arrangement is used for local powering from —24 V. A Zener diode 
connected between the center tapped 100-ohm input and output ter-
minating resistors is used to generate the 14.5 V required to power 
the cable equalizer circuitry. A total of 20 varistor diodes at the input 
and 20 at the output are used to provide low voltage lightning pro-
tection at the cable equalizer input and output. Twenty diodes are 
required in order to prevent unwanted conduction by de bias voltages 
and ac video signals. Standard carbon blocks or gas tubes are used 
for high voltage lightning protection. 

VI. ENGINEERING T HE TRANS MISSION SYSTE M 

Picture phone service will be provided using present telephone cable 
facilities for transmitting baseband video signals on customer loops 
and short-haul interoffice trunks. These facilities have been installed 
over the years primarily for an economical and flexible voice-frequency 
communications network. Planning, engineering, installation, and ad-
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ministrative considerations different from those for voice grade service 
are required for Pi£turephone service because of the more stringent 
transmission requirements. 

8.1 General Cable Facility Considerations 
The cables recommended for baseband video transmission are buried 

or underground 22-, 24-, and 26-gauge pulp-insulated 0.083 pF/mile 
cable, which are subject to less temperature variation and radio fre-
quency interference than aerial cables. While not a preferred type, 
19-gauge pulp-insulated 0.083 SF/mile cable may also be used. Cables 
of the unit type construction are preferred because of superior cross-
talk properties. Cable sections placed prior to 1940 are to be avoided, 
if possible, since higher attenuation and impedance irregularities may 
result from paraffin filled splices, plugging compound, and lower insu-
lation resistance at splice joints. If necessary 19-, 22-, 24-, and 26-
gauge 0.083 pF/mile plastic insulated cables (PIC) may also be used. 
In those few cases requiring cable facilities so long that they cannot 

be served on the above indicated cable pairs, 16-gauge cable used for 
commercial TV transmission may also be used to provide Picturephone 
service. 
Mixtures of the above cable gauges with the same capacitance char-

acteristic are permitted in a video telephone facility. Cable equalizers 
are not required for isolation purposes at the gauge change interface. 
All load coils and build-out capacitors must be removed from cable 

pairs used for video telephone service. Any bridge tap in excess of 
100 feet must be removed; in addition, the sum of all bridged taps on 
a loop or analog trunk should not exceed 200 feet. 
Tests at Bell Laboratories have indicated that video cable pairs 

without at least 15 mA of dc current flowing must have soldered or 

TABLE I—SIMPLEX-POWERING LIMITATION 

Gauge Maximum Distance in kft to 
Last Simplex Powered ICE 

26 
24 
22 
19 
16 

One ICE (+130V)  Two ICES  Three ICES 
GND J  (±130V)  (130V) 

6  11  9 
10  18  14 
16  29  23 
32  58  46 
64  117  92 
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Fig. 15— Powering and lightning protection. 

crimped splices in order to guarantee low-resistance joints. Hand 
twisted splices tend to form high-resistance joints in time without dc 
current or without high ac potentials such as 20-Hz ringing signals. 
For video telephone pairs, soldered joints or crimped splices are re-
quired in most instances, i.e., for those facilities without simplex-
powered intermediate cable equalizers (ICEs) and the last section 

of those simplex-powered ICEs. 
Wideband data systems and carrier systems such as Ti, T2, and N 

cannot be transmitted in the same unit, complement, or splicing group 
with video telephone pairs. When unit integrity is maintained, Pic-
turephone pairs may be in units adjacent to such facilities only if the 
direction of transmission is the same. Regardless of the direction of 
transmission, Picturephone pairs may be in units nonadjacent to such 
facilities. Where unit integrity is not maintained, separate sheaths 
are required to separate Picture phone circuits from the above systems. 
Thermal noise and impulse noise are expected to be within the 

acceptable levels as outlined in Ref. 5. Radio frequency interference 
(RFI) from commercial radio broadcast stations is also expected to 
be within acceptable levels for single frequency interference5 on under-
ground or buried facilities providing that all branch pairs entering a 
sheath containing Picture phone circuits are likewise underground or 
buried. Aerial pairs for video circuits are permitted for distances up 
to 500 feet only if there is a continuous, unbroken sheath on the aerial 
portion and if the aerial portion is approximately one mile or more 
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from a radio station broadcasting antenna. In addition, branch pairs 
entering a sheath containing video telephone circuits must satisfy the 
aerial cable rule to a distance of 6 kft from the branch point. These 
aerial cable restrictions will be relaxed for future systems having 
higher transmission levels. 
Unbalanced private line circuits widely used for dc telegraph, 

burglar alarms, and clock synchronization may act like antennas and 
bring RFI into cables with video telephone circuits. Consequently 
these unbalanced circuits should not be in the same unit with Picture-
phone circuits, assuming unit integrity. If unit integrity is not main-
tained, the unbalanced circuits should not be in the same sheath with 
Picturephone circuits. 
Also because of RFI, no more than 200 feet of unshielded inside 

wiring, not contained in metal pipe or building raceway, may be used 
in a reinforced concrete or structural steel building which itself pro-
vides shielding. In buildings not providing shielding, such as wooden 
structures, all inside wiring cable should be shielded. 

6.2 Loop and Trunk Lengths 
Baseband video loop and trunk lengths are presently limited by 

two dominant factors, phase distortion discussed previously and the 
effects of temperature on cable insertion loss as shown in Fig. 16 for 
typical 22- and 26-gauge pulp cable pairs. To evaluate the effect of 
these transmission impairments, a technique known as "echo rating"° 
is employed. 
The echo rating for the effects of temperature change on cable inser-

tion loss can be expressed by equation (3), where echo rating (ER) is 
in dB, the magnitude of temperature change (T) in degrees Fahren-
heit, cable length (L) in kilofeet*, and the subscript on (L) repre-
senting cable gauge. 

ER T = —79  20 log10 

• [T• L24  L22  19  IS 1,2. T• —i.4  T- -4 T• L  —6 L ]• (3) 

Similarly, equation (4) shows the echo rating result due to phase 
distortion as a function of cable gauge and length. 

L24  L22  L1  L191 
ER. = —45 A- 20 log10 (1/6)[L26 —  ° 5 • (4) 1.2  1.5  2.25   

*Equations (3) and (4) are for pulp insulated pairs for 19- through 26-gauge 
cables and plastic insulation for 16-gauge cables:  • 
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The combined effect of these two impairments is such that the 
individually computed echo ratings add together on a power basis as 

shown by equation (5). 

4, 
E RTOTAL =  E R4, +  10 log. [1 + log  (ERT _ER)] . (5) 

10 

As an example, assume a total facility length of 15 kft of 26-gauge 
pulp cable installed at mean temperature and hence subjected to a 
25°F temperature change. Computations show that 

ERT = —27.5 dB, 

ER4, = —37 dB, 

E RTOTAL  — 27 dB. 

The end-to-end Picturephone system echo rating objective5 is —26 
dB with —27 dB allocated to baseband transmission on loops and 
trunks and —33 dB allocated to all other system impairments such as 

switching, station sets, and codecs. Consequently, the 15 kft of 26-
gauge cable installed at mean temperature uses the entire transmis-
sion echo rating allocation of —27 dB. 
Since the effects of phase distortion and changing cable insertion 

loss due to changing temperature on echo rating are the same for 
loops and trunks, loop and trunk echo rating impairments add together 
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Fig. 16—Typical measured effects of temperature on cable attenuation for a 
25°F temperature change. 
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on a voltage (correlated) basis. The transmission impairment alloca-
tion for echo rating is divided so that approximately one-third is allo-
cated to each of the two loops and to the sum of the baseband trunks 
in an entire end-to-end Picturephone connection. Based on an echo 
rating' of —27 dB, each loop and the sum of all trunks are designed to 
meet a —37 dB echo rating. The resulting loop and trunk half-
connection* lengths are tabulated in Tables II and III as a function 

TABLE II—DESIGN LENGTH OF LONGEST LOOP* 

Length in kftt 
For Given Temperature Variation 

From Time of Alignment: 

Gauge 

50°F 
(No temp. 
realignment 
1 visit) 

25°F 
(Recommended; 
mean temp. 
2 visits) 

12.5°F 
(Seasonal 
4 visits/yr) 

2.5°F 
(No temp. 
variation 
1 visit) 

26 
24 
22 
19 
16 

2.7 (11)§ 
3.7 (8) 
9.7 (3) 
14  (2) 
20  (1) 

5.1 (6) 
6.9 (4) 
16  (2) 
24  (1) 
37 

8.8 (3) 
12  (2) 
21  (1) 
31 
58 

15 
18 
24 
35 
78 

* For present cable equalizer designs only. 
t Lengths must be reduced by 10 percent per splice in cable sections placed prior 

to 1940. 
: Alignment procedure based on 50°F maximum temperature variation assumed 

for underground cable. 
I Number in parentheses is the percentage reduction in length required per 100 

feet of aerial cable, up to a maximum of 500 feet. 

of gauge and temperature variation. For example, to meet a loop 
echo rating of —37 dB, loops are limited to 5.1 kft of 26-gauge pulp 
cable or 16 kft of 22-gauge cable, assuming mean temperature align-
ment, i.e., a 25°F temperature change on underground facilities. A 
trunk half-connection is limited to 10 kft of 22-gauge cable, assuming 
quarterly alignment to minimize temperature effects, i.e., 12.5°F tem-
perature change on underground facilities. These allowed lengths will 
be increased significantly by the use of a later version of the cable 
equalizer with less phase distortion and with temperature regulation, 
i.e., from 5.1 to 15 kft for 26-gauge loops and from 10 kft to 100 kft 
for 22-gauge trunk half connections. 

*Each end-to-end Picture phone connection is allowed two loops and two trunk 
half-connections. Each trunk half-connection has an echo rating of —43 dB. 
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TABLE III—DESIGN LENGTH OF LONGEST TRUNK HALF-CONNECTION* 

Length in kftt 
For Given Temperature Variation 

From Time of Alignment: 

Gauge 

50°F 
(No temp. 
realignment 
1 visit) 

25°F 
(Mean 
temp. 
2 visits) 

12.5°F 
(Recommended; 
seasonal 
4 visits/yr) 

2.5°F 
(No temp. 
variation 
1 visit) 

26 
24 
22 
19 
16 

1.3 (22)1 
1.8(17) 
4.8 (6) 
7.2 (4) 
10  (3) 

2.5 (12) 
3.5(8) 
7.9 (3) 
12  (2) 
19  (1) 

4.4 (6) 
5.8(4) 
10  (2) 
15  (1) 
29 

7.5 
9.1 
12 
18 
39 

* For present cable equalizer designs only. 
t Lengths must be reduced by 20 percent per splice in cable sections placed prior to 

1940. Lengths are reduced 30 percent if baseband on TD-2 is used as one trunk 
facility. 
: Alignment procedure based on 50°F maximum temperature variation assumed 

for underground cable. 
Number in parentheses is the percentage reduction in length required per 100 

feet of aerial cable, up to a maximum of 500 feet. 

6.3 Cable Equalizer Spacing 
Cable equalizer spacing, as opposed to total loop length discussed 

above, is limited by the crosstalk properties of the cable. When cable 
equalizers for both directions of transmission are installed at the 
same physical location, there is some possibility that the output of one 
can feed into the input of the other via cable near-end crosstalk 
(NEXT) paths and cause "singing." This is, of course, most likely to 
occur at the higher frequencies where equalizer gain must be high and 
crosstalk loss is low. This crosstalk situation is shown in Fig. 17 for 
two loops connected to the same video switching office by cable pairs 
within one cable sheath. The arrows indicate near-end crosstalk paths 
coupling the output of one cable equalizer to the input of another. 
The magnitude of the crosstalk problem is a function of crosstalk loss 
and cable equalizer gain and, hence, cable equalizer spacings. 
As shown in Fig. 17, two loops, each with one ICE, have four pos-

sible NEXT paths, any one of which may cause "singing." For the 
maximum length loops with three ICEs, eight such paths exist. If 
the system objective is a 14-dB margin against oscillation 99 percent 
of the time at 1 MHz, then each of the eight paths should have this 
14-dB margin approximately (1 — 0.01/8) or 99.875 percent of the 
time. An approximation is made here that one and only one of the 
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eight possible crosstalk paths dominates for the worst case of only 
a 14-dB margin against oscillation. The exact analysis of this situa-
tion, which is discussed in Ref. 7 and considers the sum of all eight 
paths taken together, yields essentially the same result. 
Assuming a log normal NEXT distribution, this 99.875 percent 

represents the 3rr point on the distribution. For single unit operation, 
the NEXT crosstalk distribution has a mean of 74 dB and a standard 
deviation of 8.8 dB. Consequently, the 99.875 percent point on the 
NEXT distribution is 74 — 27 dB or 47 dB of loss. Subtracting 14 
dB for margin against oscillation gives a maximum equalizer gain of 
33 dB at 1 MHz. Similar considerations for adjacent unit operation 
give a maximum equalizer gain of approximately 54 dB at 1 MHz. 
Consequently, the maximum cable equalizer spacings may be from 
3.6 to 5.8 kft for 26-gauge cable pairs or from 4.9 to 8.0 kft for 
22-gauge cable, depending on which cable pairs are used, i.e., whether 
the pairs for the opposite direction of video transmission are in the 
same unit or adjacent units. Special circumstances, like high impulse 
noise levels coupled through NEXT paths from audio pairs to video 
pairs, may dictate shorter spacings. 
A tabulation of the maximum equalizer spacing for opposite direc-

tions of video transmission in the same unit and separate units is 
shown in Table IV for various cable gauges. Since cable NEXT loss 
is limiting for same unit and adjacent unit operation, one would 
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Fig. 17—Effect of cable near-end crosstalk on cable equalizer spacing. 
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TABLE IV—MAXIMUM LOOP EQUALIZER SPACINGS* 

Opposite Directions of Video Transmission in: 

Gauge 
Same unit 
(kft) 

Separate unit 
(kft) 

26 
24 
22 
19 
16 

3.6 
4.1 
4.9 
7.3 

5.8 
6.7 
8.0 
12 
27 

* If steam pipes should parallel a route, reduce spacings by 7 percent; if layer-
type cable, reduce by 15 percent. 

normally expect that if nonadjacent units or separate sheaths were 
used, a greater equalizer spacing would be possible. However, avail-
able cable equalizer gain as discussed in Section IV limits equalizer 
spacings to the same numbers derived on the basis of adjacent unit 
NEXT for 19-, 22-, 24- and 26-gauge pulp cables. For 16-gauge cable, 
which consists of individually shielded pairs, cable equalizer spacing is 
limited by the maximum equalizer gain capability and not by cross-
talk considerations. 

6.4 Pair Selection and Installation of Cable Equalizers 
For the first step in providing video pairs for Picture phone service, 

it is recommended that entire cable units or complements be chosen, 
using assignment and cable records, in accordance with the video 
transmission engineering rules discussed in Section 6.1. Because of 
the complexity involved in selecting and conditioning video pairs, it 
is not economically feasible to select just one pair at a time as the 
demand arises, but rather entire complements in anticipation of Pic-
turephone demand. Reserving pair complements for Picture phone serv-
ice does not mean that these pairs can be used only for video, but 
that the temporary use of these reserved pairs for other systems must 
be compatible with the engineering rules. The choice of a cable route 
to provide Picture phone service may not be the shortest route; the 
economics may be such that the total cost of the shortest route, includ-
ing cable plus conditioning may exceed the total cost of a longer route 
which requires less conditioning. 
The selected complements must then be "conditioned" for video 

transmission. Conditioning includes, for example, cable rearrangements 
necessary to remove incompatible systems, such as T or N carrier, 
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from the chosen complements and the removal of all load coils, build 
out capacitors, and excessively long bridged taps from pairs selected 
for video transmission. 
It is necessary to verify the pair acceptability by performing meas-

urements on at least a representative sample of pairs within a com-
plement. The standard tests used for telephone service are performed 
first and include de tests for insulation resistance and foreign EMF. 
Additionally, low frequency longitudinal and transverse noise tests are 
made. These noise tests are important to insure that the levels of 60-Hz 
pickup and harmonics thereof do not exceed the allowable levels as 
discussed in Section III and Ref. 5. 
The last step in determining the pair acceptability is to determine 

whether unrecorded bridged-taps, load coils, and other sources of 
impairments are present. The presence of such impairments is most 
easily determined by equalizing the selected cable pairs by means of 
a cable equalizer packaged within a portable test set. Gross transmis-
sion impariments result in the inability to align a cable section at 
the six alignment frequencies. The presence of a load coil which essen-
tially inhibits transmission above 4 kHz is one example of a gross 
impairment. Less severe impairments may permit the equalization of 
a cable section at the six frequencies but still result in unacceptable 
performance because of ripples in the amplitude response between 
alignment frequencies. Bridged-taps, build-out capacitors, and parafin 
splices may cause these ripples in the amplitude response. The presence 
of such ripples is determined by making a swept frequency measure-
ment between the highest alignment frequencies of 500 kHz and 900 
kHz. 
If cable pairs chosen for video transmission do not pass the pair 

suitability tests outlined above, either alternate pairs are chosen or 
the source of impairment must be located and corrected. To locate a 
source of ripple impairment, a commercially available pulse echo test 
set is used to measure the time delay between the main transmitted 
pulse and the returned echo and hence the distance to the impairment. 
Because of the loss of cable pairs at frequencies up to 1 MHz, pulse 
eel-10 tests may have to be made from both ends of the cable pairs. 
After choosing the pairs for video transmission, conditioning them, 
and verifying their acceptability, the cable equalizers are then 
installed and aligned. Prior to placing the equalizers in their respective 
housings along the video pairs, the various screw switch settings and 
plug-in networks are chosen and set. Then the potentiometers are 
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adjusted with the cable equalizers in place and working. The test 
set shown in Fig. 13 is used to align the cable equalizers. The recom-
mended method of alignment requires a craftsman with a test set 
simultaneously at each cable equalizer location along a video pair. 
An order wire allows voice communication among the various locations. 

VII. MAINTENANCE FEATURES 

Prior to the completion of a Picture phone call, a continuity test is 
performed by the video switching office on video loops.2.8 A 12-kHz 
signal is transmitted from the switching office and is returned to the 
office via a loopback within the station set, PBX, or KTS. This loop-
back is removed by an off-hook condition at the station set and by 
the detection of a sync signal transmitted from the switching office 
to the station set, PBX, or KTS. 
The quality of loop equalization may be checked using the loopback 

feature. Broadband test signals transmitted from the test centerg at 
a switching office are returned to the office via the loopback, thereby 
allowing the quality of video transmission to be determined for both 
directions of transmission in tandem. Such a test cannot isolate 
troubles to one of the two video pairs or to a particular section of 
cable. 
A fault locating network (FL1 and FL2 of Fig. 18) contained in 

the central office and intermediate cable equalizers allows the selective 
interrogation from the central office of a particular cable equalizer in 
order to determine if catastrophic cable equalizer failure has occurred. 

INTER MEDIATE 
CABLE EQUALIZER 

INTER ME DIAT E 
CABLE EQUALIZER 

TRANSMISSION MEDIA 

Fig. 18—Fault location. 

CENTRAL OFF ICE 
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The fault locating network in the outgoing cable equalizers contains 
a filter tuned to one of four audio frequencies in the range from 500 
Hz to 1000 Hz, which allows the selective interrogation of a particular 
cable equalizer. A Schmitt trigger is actuated if the filter output is of 
sufficient amplitude. The complementary incoming cable equalizer 
contains a bistable multivibrator which is triggered by every other 
pulse obtained from the differentiated output of the Schmitt trigger. 
The multivibrator output, a square wave of frequency one half the 
interrogating frequency, is then transmitted back to the central office 
on the incoming video pair. Detection of this half frequency signal at 
the central office indicates that a particular section of the loop has no 
gross impairment at low frequency. This test cannot be used to detect 
a degradation of the high frequency amplitude response. 
If the de current flowing in the video pairs for powering intermedi-

ate cable equalizers is interrupted, the fault-locating network will be 
inoperative. But it is possible to localize the failure to a particular 
section by removing the central office cable equalizers and applying 
a 48-volt supply as shown in Fig. 19. This causes de current to flow 
in the direction opposite to that of the loop powering current. The 
reverse voltage across the two video pairs at an equalizer causes a 
diode to conduct current from one video pair to the other through a 
resistor. The amount of loop current flowing gives an indication of the 

INTERMEDIATE 
CABLE EQUALIZER  CABLE EQUALIZER 

INTERMEDIATE 
CENTRAL OFFICE 

THROUGH  -48V 

CONNECTION 
CARDS 

o 

Fig. 19—Arrangement for locating open circuits in the video path. 
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number of bridging resistors and hence the number of "good" sections 
by counting toward the station set from the central office. This test 
will provide no useful information if only one conductor of the video 
pair is open since this de test current can still flow, causing additional 
resistors to be bridged across the video pairs which indicate "good" 
sections. In addition, this test for locating open circuits may not be 
used if ICEs are locally powered. 

VIII. SUM MARY 

A means for providing baseband video transmission on customer 
loops and on short haul trunks using present telephone cable facilities 
has been described. A cable equalizer which provides adjustable shaped 
gain up to a maximum of 54 dB at 1 MHz is required approximately 
every mile. Special procedures will be required to condition the tele-
phone pairs for video transmission. 
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The Picture phones System: 

Crosstalk Considerations in the 
Transmission of Analog Signals 

on Paired Cable 

By B. J. BUNIN, R. B. HIRSCH, and R. E. OLSEN 

(Manuscript received October 2, 1970) 

Crosstalk is an important consideration in the transmission of analog 
baseband Picturephonee signals on paired cable. Crosstalk due to the 
worst disturbing Pictnrephone signal can cause a distinctive visible inter-
ference pattern. Crosstalk interference from other Picturephone and wide-
band systems, such as Ti and T2 digital lines, contributes to random 
noise. In addition, feedback via crosstalk coupling may cause spurious 
oscillation of cable equalizers. Methods are determined to control these 
impairments by placing restrictions on equalizer spacing and cable pair 
assignment. 

I. INTRODUCTION 

Exchange cable pairs will provide the medium for transmission of 
the analog baseband Picture phone signal over subscriber loops and 
most local trunks.' The unwanted coupling of energy, or crosstalk, be-
tween pairs within a cable places important limitations on the engi-
neering of these equalized transmission lines. 

1.1 Types of Impairments 
Three types of impairments in the Picture phone signal which can 

occur in the presence of crosstalk are considered in this article. They 
are listed in Table I along with the source of the impairment. Near-
end and far-end crosstalk coupling paths are shown in Fig. 1.2 

1.1.1 Worst-Disturber Interference 

The first impairment is caused by interference from the single most 
prominent Pic turephone interfering signal among all those present, 
and is called worst-disturber interference. The signal from the worst 

427 
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disturber, when passed through a crosstalk coupling path, will ap-
pear differentiated and superimposed on the desired signal. Since the 
two signals are not synchronized, the interference will drift across the 
screen when the desired signal is displayed. For example, if the sync 
pulses are the most detrimental part of an interfering Picturephone 
signal, the interference will appear as two vertical lines, one black and 
one white, drifting across the screen. 

1.1.2 Random Noise Interference 
Even if no signal is visible as a worst disturber, each of the inter-

fering Picturephone signals will contribute unwanted energy to the 
desired signal. This energy must be considered as a contribution to 
the overall system random noise, which is the second impairment 
whose effects are studied. The interfering signals do not necessarily 
have to be of the Picturephone type, but could be of any wideband 
system. In this article we consider crosstalk coupling of noise from 
Picturephone, Ti line, and T2 line signals. Interference from the 
digital systems is studied on trunk facilities only, since carrier sys-
tems are not usually present on subscriber loop cable. 
Additional sources of interference, such as N carrier systems exist, 

but are not considered in this article. Furthermore, the effect of inter-
ference on other systems, caused by the coupling of energy from Pic-
turephone signals, and subsequent limitations on this energy are not 
discussed here. 

1.1.3 Equalizer Singing 
Finally, we investigate a third impairment due to crosstalk, referred 

to as singing. Singing, or spurious oscillation, can occur around the 

TABLE I—IMPAIRMENTS DUE To CROSSTALK 

Impairment Source of Impairment 

(i) Worst disturber Interference from oppositely-directed 
Picturephone signals via NEXT* 

(ii) Random noise Interference from Picturephone signals 
via NEXT and FEXT* 
Interference from Ti and T2 signals via 
NEXT and FEXT 

(iii) Equalizer singing Feedback around two oppositely directed 
equalizers via the two NEXT paths 
coupling them 

* NEXT and FEXT stand for near-end and far-end crosstalk, respectively. 
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path formed by two oppositely-directed Picturephou equalizers and 
the two near-end crosstalk paths coupling the output of one equalizer 
to the input of the other, as shown in Fig. 1. 

1.2 Measures to Control the Effects of Crosstalk 

The effects of near-end crosstalk can be mitigated by reducing 
equalizer spacing and thus the required equalizer gain. The signal-to-
interference ratio is then increased by the amount the equalizer gain 
is reduced. If the required spacing becomes too small to be economical, 
additional near-end crosstalk loss can be realized by segregating the 
opposite directions of transmission into separate cable units. Further 
reductions in interference may be achieved by limiting the number of 
interfering systems. 
Equal-level far-end crosstalk is independent of equalizer spacing. 

This interference can be reduced, however, by limiting the overall line 
length, and by placing restrictions on the number of interfering sys-
tems, and on their placement within the cable sheath. 

II. RESULTS AND CONCLUSIONS 

We present methods of analyzing the effects of crosstalk which can 
be used in writing engineering rules. The worst-disturber impairment 
is analyzed in Section IV by finding the probability that the minimum 
pair-to-pair crosstalk coupling loss is less than the requirement. Ran-
dom noise interference is computed in Section V by passing the inter-
fering spectra through several shaping filters and then integrating the 
output to find the total effective interfering power. The probability 
of singing, or of being close enough to singing to affect echo rating, is 
computed by a Monte Carlo technique in Section VI. 
As an example of the use of these methods, they are applied to find 

the allowable equalizer spacings using the requirements and assump-
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TABLE II—LIMITS ON EQUALIZER SPACING 

Type and Source of 
Impairment 

Coupling 
Path 

Allowable Loop 
Equalizer 

Spacing (kf t) 
(26-gauge pulp cable) 

Allowable 
Trunk Equalizer 
Spacing (kft)* 

(22-gauge pulp cable) 

Within- 
Unit 

Adjacent- 
Unit 

Within- 
Unit 

Adjacent-
Unit 

(i) Worst disturber NEXT 4.6 >6,0 >6.0 >6.0 

(ii) Random noise 
(a) Picture-
phone NEXT >6.0 >6,0 3.6 >6.0 
signals FEXT t >6.0 >6.0 6.0 >6.0 

(b) Ti signals NEXT o 4.7 
FEXTt 0.3 >6.0 

(e) T2 signals NEXT 2.7 >6.0 
FEXTt 4.3 >6.0 

(iii) Singing NEXT 3.6 5.8 4.4 >6.0 

* This applies to the trunk equalizer now being developed. 
t Interference coupled through the FEXT path limits overall length but is inde-

pendent of equalizer spacing. The spacings are listed for consistency and are based 
on allowable overall length divided into 4 and 6 equal sections for loops and trunk 
spans respectively. 

tions stated in Section III. The results are given in Table II for the 
indicated source and crosstalk coupling path. The figures for trunks 
are for. the trunk facilities being developed, not for the equalizers to 
be used initially.i The limitations differ somewhat between the two. 
Other design considerations restrict equalizer spacings to 6 kft on 
the assumed transmission media. Therefore, spacings beyond this value 
are not given in the table. 
The controlling impairment for loops is singing or near-singing and 

that for trunks is random noise interference from Ti lines. Thus for 
both loops and trunks the desire to keep the number of equalizers to 
a minimum by using long equalizer spacings is offset by the necessity 
to limit equalizer gain to reduce the effects of near-end crosstalk. The 
details of the allowable spacings are given below. 
Loop equalizers may be spaced 5.8 kft apart on 26-gauge cable if 

opposite directions of transmission are in separate cable units. When 
opposite directions of transmission must be placed in the same cable 
unit, 3.6 kft separation is possible with acceptable probability of deg-
radation in the gain and phase characteristics due to near-singing. 
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To obtain 6-kft trunk equalizer spacing on 22-gauge cable, opposite 
directions of Picturephone transmission must be in separate cable 
units and there may be no Ti or T2 systems in any cable unit contain-
ing Picturephone systems. In addition, opposite directions of Ti and 
Picturephone transmission must be in non-adjacent units. Equalizer 
spacing of 4.7 kft may be obtained if opposite directions of Ti and 
Picturephone transmission are in adjacent units. If opposite directions 
of Picturephone transmission must be placed in the same cable unit, 
interference due to random noise may be controlled by maintaining 
an equalizer spacing no greater than 3.6 kft. In order to achieve this 
spacing of within-unit and oppositely directed trunk equalizers, it is 
important to control Ti and T2 interference by keeping Picturephone 
lines and the digital (Ti and T2) lines in separate cable units. 

HI. ASSUMPTIONS OF THE ANALYSIS 

3.1 Cable Characteristics 

Pulp-insulated cable of unit-type construction is assumed to be the 
medium over which analog Picturephone signals are transmitted. The 
900-pair cable of this type is made up of eighteen 50-pair cable units, 
as shown in Fig. 2. Adjacent and alternate units are indicated on the 
figure. The loss characteristics of 26- and 22-gauge pulp-insulated 
cable pairs, which are assumed in this study to be the facilities for 
loop and trunk transmission respectively, are given in Fig. 3. Experi-
mentally obtained crosstalk data for 22-gauge pulp-insulated cable 
are given in Table III. 3 The same values of coupling loss are used for 
26-gauge cable. The loss, in dB, of both near-end and far-end cross-
talk coupling is assumed to be normally distributed to 3.5cr with 
means that decrease with frequency at 4.5 and 6.0 dB/octave, respec-

-: >ALTERNATE-UNIT 
/.  SEPARATION 

«L̀e• ADJACENT-UNIT 
SEPARATION 

Fig. 2—Construction of unit-type cable. 
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Fig. 3—Loss versus frequency of pulp-insulated cable pairs. 

tively.4 The standard deviation of the distribution is assumed to be 
independent of frequency. 

3.2 Requirements 

The requirements given by H. E. Brown5 result from subjectively 
determined limits allocated among the various segments of the circuit 
that make up the complete connection. The equal-level crosstalk 
loss which allows the interference from the worst-disturbing signal to 
be noticeable but not objectionable is 45 dB at 150 kHz.° This applies 
to both loops and trunks as well as to all other parts of the end-to-
end transmission path. The requirement for random noise on loops is 
given as a distribution with mean of —61.6 dBm and a standard de-
viation of 4.0 dB. Although Brown further allocates the loop noise 
requirement among the systems that may compose a loop, the loop 
facility here is assumed to be a direct connection between central of-
fice and subscriber and is therefore allocated the entire requirement. 
On trunks the mean and standard deviation per span* are specified 
as —64.6 dBm and 4.0 dB respectively. The minimum singing margin 
(see Appendix B) required to insure that an equalized line has an ac-
ceptably small probability of singing is given as 10 dB with proba-
bility of 0.99. 

3.3 Equivalent Number of Disturbers 
The detrimental effects of near-end crosstalk occur primarily at 

equalizer locations. Therefore the equivalent number of disturbers 

*Defined in Fig. 2 of Ref. 5. 
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(nq) that must be considered is equal to the number of interfering 
signals at each equalizer location, n, multiplied by the number of 
equalizer sections, q. 
Equal-level far-end crosstalk coupling is computed for the overall 

line length since its effects are independent of equalizer spacing. The 
number of equivalent disturbers is therefore equal to n, the number of 
actual disturbers. 
In the computations that follow, it is assumed that a disturbed pair 

in a given 50-pair cable unit may be subjected to at most n = 25 op-
positely-directed, within-unit disturbers at any one equalizer location. 
It is further assumed that loops and trunk spans will be composed of 
at most q = 4 and 6 equalizer sections, respectively. If all pairs within 
a cable unit are transmitting in the same direction, interference on 
any disturbed pair, due to the effects of far-end crosstalk, is calculated 
assuming n = 49 within-unit disturbers. When disturbing and dis-
turbed pairs are in adjacent cable units, the interference is that com-
puted from n = 50 disturbers. All computations assume that the 
equalizers of the disturbing and disturbed circuits are located at the 
same point. 

3.4 Traffic Activity 
A traffic activity factor, defined as the percentage of pairs active of 

those equipped for Picture phone transmission, is assumed for loops 
and trunks. The factor for loops is chosen to be 0.1 whereas that used 
for trunks is conservatively taken as 1.0. 

IV. WORST-DISTURBER INTERFERENCE 

The analysis of worst-disturber interference is given in Appendix 
A. It is shown that the equalizer spacing is dependent upon the sub-

TABLE III— CROSSTALK COUPLING LOSS AT 1 MHz FOR 22- GAUGE 
PULP-INSULATED CABLE 

Pair Separation 
Near-End 
(>1000 ft) 

Far-End 
(1000 ft) 

Within-unit 
Adjacent-unit 
Alternate-unit 

Mean 
(dB) 

Std. Dey. 
(dB) 

Mean 
(dB) 

Std. Dey. 
(dB) 

74 
93 
105 

8.8 
6.7 
6.7 

78 
94 
103 

12 
11 
11 
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jective effect of this interference, the number of equivalent disturbers, 
and the traffc activity. 
The equal-level loss required to make this type of interference defi-

nitely noticeable but not objectionable, denoted by LREQ  , has been 
subjectively determined to be 45 dB at 150 kHz (Section 3.2). As is 
shown in Fig. 4, a disturbing signal coupled through the near-end 
crosstalk path is subject to the gain of the equalizer of the disturbed 
circuit. Denoting this gain in dB by G, the required cable crosstalk 
coupling loss, C, , is equal to (LREQ + G) dB at 150 kHz. 
Knowing the cumulative probability distribution of the pair-to-pair 

crosstalk loss, Fx(x), the following result (derived in Appendix A) 
can be obtained. 
Assume that in a cable made up of q equalizer sections, there are n 

possible interferers and n possible disturbed circuits, each of which is 
active with probability p. Then the probability that the minimum 
pair-to-pair loss between the n interferers and a disturbed circuit 
chosen at random is less than the required C4 is given by 

= 1 — [1 — (1 — a)p]  (1) 

where 
a = [1 — Fx(Ce)]"  (2) 

and F„, is the distribution of the minimum pair-to-pair loss. 
This relation is used to obtain the curves of Fig. 5, where the prob-

ability of exceeding the requirement on loops is given as a function of 
equalizer spacing. The equivalent number of disturbers is treated as a 
parameter. If a criterion is chosen that limits the probability of exceeding 
the worst-disturber requirement to 5 percent, and the number of 
within-unit equivalent disturbers is assumed to be 25 X 4 = 100, the 
maximum equalizer spacing is found to be 4.6 kft. 
Worst-disturber interference is not a problem on trunks even for 

the maximum trunk equalizer spacing of 6 kft. This follows since the 
gain of the trunk equalizer for 22-gauge cable is less than that supplied 
on the same length 26-gauge loop, and therefore a smaller coupling 
loss, C, is required. 

C2= LRECI ± G 

Fig. 4—Crosstalk loss, C2 required to meet the worst-disturber requirement, LIM • 
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Fig. 5—Probability of exceeding the worst-disturber requirement on loops due 
to within-unit, near-end crosstalk. 

V. RANDO M NOISE INTERFERENCE 

Even when the effects of crosstalk are not evident as a distinct pat-
tern produced by a worst disturber, as discussed in Section IV, wide-
band systems operating within the cable contribute unwanted energy 
through crosstalk coupling paths to a Picturephone circuit. This en-
ergy must be taken into account, and is treated here as random noise. 
The effects of random noise on equalizer spacing and pair place-

ment are described in the following sections. The models used to de-
termine the received noise power due to near-end and far-end cross-
talk coupling of Picture phone, Ti line, and T2 line signals are shown 
in Figs. 6a and 6b respectively. The equalizer gain is not included in 
Fig. 6b because in the far-end crosstalk case, the disturbing signal is 
exposed to cable loss equal to the gain supplied by the equalizer of the 
disturbed line. As shown, the interfering source is coupled through a 
crosstalk path, assumed to be that described in Section III. The Pic-
turephowe equalizer gain (included in the near-end case only) is as-
sumed to match the loss, at nominal temperature, of a given length 
of 26- or 22-gauge pulp cable. Deemphasis is used to provide increased 
immunity to high frequency interference5 and noise weighting is in-
cluded to account for subjective weighting of noise by the human eye. 
The characteristic of station set roll-off, used to enhance picture 
quality, attenuates the received signal at the high end of the band 
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and, therefore, must be included. The characteristics of noise weight-
ing plus roll-off, and deemphasis are shown in Fig. 7. 
From Fig. 6a the mean noise power at any frequency due to inter-

ference coupled through the near-end path is given by 

N(f) = SWX(f)G(f) D(f)W(f)R(f)  (3) 

where S(f) is the interfering power spectrum, X (f) the mean cross-
talk loss function, G(f) the equalizer gain, and D (f), W (f) and R(f) 
the deemphasis, noise weighting, and station set roll-off characteristics 
respectively. The expression for noise coupled through the far-end 
crosstalk path is the same, except for the gain factor, G(f), which is 
not included. Numerical integration of equation (3) yields the mean 
noise power on the disturbed pair due to one disturber. The amplitude 
distribution of N(f) is based on the lognormal distribution of cross-
talk loss, and is therefore also normal in dB. The probability distribu-
tion of the noise power accumulated from nq equivalent disturbers is 
found by convolving the lognormal distribution nq times.7 The noise 
power exceeded with some given probability can then be determined. 
The noise produced through far-end crosstalk coupling is calculated 

by first finding the far-end crosstalk loss distribution for the total 
loop or trunk span length of interest and then applying the model of 
Fig. 6b. The noise due to n. actual disturbers is determined by con-
volving the amplitude distribution of the noise generated by a single 

disturber n times. 

5.1 Interference From Picturephone Signals 
Results are naturally dependent upon the source of the interference, 

the Picturephone signal. In this study the preemphasized Picturephone 
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Fig. 6—Model used to compute random noise interference coupled through 
(a) the near-end crosstalk path and (b) the far-end crosstalk path. 
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Fig. 7—Gain-frequency characteristics of noise weighting plus station set roll-
off, and deemphasis network. 

spectral envelope is assumed flat to a frequency of 15 kHz, and de-
creasing at a 6 dB/octave rate thereafter. The spectrum is scaled to 
produce a total signal power of 0 dBm. 
Only the video information portion of the Picture phone signal is 

preemphasized while the synchronizing pulses, the dominant part of 
the signal, remain unaltered. The spectral envelope of the preempha-
sized and unpreemphasized signals are therefore very much the same. 

5.1.1 Picturephone Interference on Loops 

The mean noise power due to Picture phone interference on loops is 
given as a function of equalizer spacing in Fig. 8. The average num-
ber of equivalent within-unit disturbers is shown as a parameter. The 
exact number of equivalent disturbers cannot be specified since each 
disturbed pair is assumed active with probability p. The average num-
ber is equal to nqp where n and q are as previously defined and p is 
the traffic activity factor, equal to 0.1 in the loop case. 
Using the requirement (Section 3.2) that the mean noise power on 

loops should not exceed —61.6 dBm and considering the effect of 100 
equivalent disturbers, it is seen that the noise produced is within that 
allowed even for equalizer spacing of greater than 6 kft. If it is pos-
sible to restrict each cable unit to carry only one direction of trans-
mission, the noise produced on a given disturbed pair is primarily 
due to the effects of within-unit far-end crosstalk coupling. This noise 
is well within the requirement and results in no limitation on total 
loop length. 
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5.1.2 Picturephone Interference on Trunks 
With the availability of the trunk facilities under development, 

trunks will be limited to 22-gauge pulp-insulated cable and trunk 
spans will be composed of a maximum of six equalizer sections of at 
most six kft each. The 22-gauge cable has less loss than 26-gauge and 
therefore with identical equalizer spacing requires less gain. Hence 
22-gauge trunks have some advantage relative to 26-gauge loops in 
near-enc.! crosstalk coupling. The advantage, however, is reduced by 
the 'increased activity on trunks (a traffic activity factor of 1.0 is 
assumed). 
The allowable trunk equalizer spacings are derived using the as-

sumption that one of the several sources of noise (Picturephone, Ti, 
T2) dominates and may, therefore, be allocated the entire trunk span 
noise objective. If, in engineering a trunk span, it is found that the 
total noise from two or more sources exceeds the requirement and 
that the contribution from each of the sources is comparable, the 
noise power allocated to the span will have to be further allocated 
among the sources of noise, and the equalizer spacings or the number 
of disturbers reduced so that the total noiser produced is within that 
permitted. 
Figure 9 shows the mean within-unit near-end crosstalk noise power 

as a function of trunk equalizer spacing with the equivalent number 
of disturbers, nq, a parameter. As shown, with 150 equivalent dis-
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Fig. 8—Mean noise power on loops due to Picturephone interference coupled 
via within-unit, near-end crosstalk. 
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Fig. 9—Mean noise power on trunk spans due to Picturephone interference 
coupled via within-unit, near-end crosstalk. 

turbers, the noise produced is within the requirement of —64.6 dBm 
only if the equalizer spacing is limited to 3.6 kft. The crosstalk ad-
vantage derived with adjacent-unit separation of opposite directions 
of transmission is sufficient to control the interference created by near-
end crosstalk coupling of Picturephone signals and therefore allow 
maximum equalizer spacings. The noise on a trunk span of a given 
overall length, due to n, actual disturbers coupled through the within-
unit far-end crosstalk path is shown in Fig. 10. With the maximum 
of 49 actual disturbers the noise produced on a 36-kft trunk span just 
meets the requirement. 

5.2 Interference from Digital Carrier Systems 

Concern has been raised over the possibility of degradation of the 
Picturephone signal by noise crosstalked from the digital Ti and T2 
lines. This is possible since Ti is found largely in urban areas and 
often on 22-gauge cable, the same environment and medium in which 
Picturephone analog trunks will initially be installed.8 Although T2 
signals will initially be transmitted on a specially constructed low 
capacitance cable, it is planned that future T2 designs will allow 
transmission over 22-gauge pulp cable.° The study of interference on 
Picturephone lines caused by T2, located within the same 22-gauge 
pulp cable sheath, is therefore included. 
Compatibility with Ti carrier is of particular concern because of 

its widespread use and, as shown in Fig. 11, the fact that the maxi-
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Fig. 10—Mean noise power on trunk spans due to Picturephone interference 
coupled via within-unit, far-end crosstalk. 

mum energy of the typical Ti spectrum falls at 772 kHz, well within 
the Picturephone band. The 0 to 1 MHz portion of the typical T2 
spectrum is also shown in Fig. 11. The noise produced by crosstalk of 
these digital signals on the Picturephone line is computed by again 
using the models of Fig. 6. 
The mean noise power due to within-unit near-end and far-end 

crosstalk of Ti into Picturephone lines is given in Figs. 12 and 13 
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Fig. 11—Spectra of typical Ti and T2 signals. 
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respectively. As shown in Fig. 12, the noise generated by 150 equiva-
lent disturbers coupled through the near-end path would not meet the 
requirement even if no equalizer were used and no gain employed. 
Similarly, Fig. 13 shows that the noise produced by 49 actual dis-
turbers coupled through the within-unit, far-end path is within the 
requirement only if the total trunk span length is limited to 1.5 kft. 
Although adjacent-unit separation of opposite directions of Ti and 
Picturephone transmission provides some advantage, it is not sufficient 
to allow 6-kft equalizer spacing. As shown in Fig. 14, 300 equivalent 
adjacent-unit Ti disturbers (see Section 3.3) coupled through the 
near-end crosstalk path yield a noise power within the requirement 
only if the equalizer spacing is limited to 4.7 kft. If full 6-kft spac-
ing is desired, non-adjacent-unit separation (see Fig. 2) of opposite 
directions of Ti and Picturephone transmission is required. The curves 
of Fig. 15, however, indicate that adjacent-unit separation of like 
directions of Ti and Picturephone transmission is sufficient to control 
interference from 50 disturbers coupled through the far-end path and 
hence allow maximum total trunk span length. 
Figures 16 and 17 present the mean noise power generated by cross-

talk of T2 signals. Again assuming 150 equivalent disturbers coupled 
through the within-unit near-end path, it is seen from Fig. 16 that 
the resulting noise power is within that allowed when equalizer spac-
ing is limited to 2.7 kft. Total trunk span length must be limited to 
26 kft, as indicated in Fig. 17, if the noise produced by 49 actual dis-
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turbers coupled through the within-unit far-end path is to be within 
that required. Interference from T2 signals can be controlled and 
6-kft equalizer spacing and 36-kft trunk span length obtained if T2 
and Picture phone signals are restricted to separate cable units. 

VI. SINGING OF BASEBAND EQUALIZERS 

6.1 The Feedback Mechanism 
The problem of providing an adequate singing margin for Picture-

phone equalizers is aggravated by the fact that cable loss must be 
equalized beyond the 1-MHz signal bandwidth. This must be done so 
the inband phase nonlinearity associated with the gain roll-off is 
small enough to meet the echo rating requirements.1,5 The higher the 
frequency to which the cable is equalized, the more linear the inband 
phase can be made. However, this also makes the equalizer more 
likely to oscillate because the equalizer gain increases, while the cross-
talk loss decreases with frequency. Thus equalized Picturephone lines 
may provide acceptable crosstalk loss in the 1-MHz signal band-
width, while allowing the equalizer gain and the loss at the tail of 
the crosstalk loss distribution to be comparable beyond 1 MHz. This 
allows the possibility of singing. 
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Fig. 13—Mean noise power due to Ti interference coupled via within-unit, 
far-end crosstalk. 
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Fig. 14—Mean noise power due to Ti interference coupled via adjacent-unit, 
near-end crosstalk. 

Figure 18 shows the mean NEXT loss and the gains of the loop and 
the trunk equalizers versus frequency. The significant parameter as 
far as singing is concerned is the difference between the crosstalk loss 
and the equalizer gain, denoted CR, the average of which is also plotted. 

This difference is half the average loss of the feedback loop around a 
pair of oppositely-directed equalizers. Since the crosstalk loss is random, 
the gain of the feedback loop is random. Thus, a pair of equalizers 
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Fig. 16—Mean noise power due to T2 interference coupled via within-unit, 
near-end crosstalk. 

could sing if the loss around the feedback path happened to be less 
than one when the phase was a multiple of 27r. Consider, for example, 
the probability that a single pair of oppositely-directed, 6-kft, 26-
gauge loop equalizers, when installed in the same unit of a pulp cable 
picked at random, will have loop gain greater than unity at 1.3 MHz. 
It is equal to the probability that a normal random variable of mean 

2 X CR1.3 MIla = 2 X 16 = 32 dB and standard deviation W-2" X 8.8 
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(Table III) =12.4 dB is less than 0 dB, which is 0.5 percent. The 
possibility of singing can be decreased by reducing the equalizer spacing. 
Increasing the crosstalk loss has the same effect on the probability of 
singing and, in fact, the possibility of singing via NEXT can be elimi-
nated by placing the opposite directions of transmission in different 
cables. Two-cable operation may not always be practical, however, 
especially on loops. In addition, singing would still be possible with 
two-cable operation via near-end-near-end-interaction crosstalk (NE-
NE-IXT), as shown in Fig. 19. However, NEXT is the limiting singing 
path in single-cable operation so NE-NE-IXT will not be considered 
further. In two-cable operation, the equalizers are limited by their 
available gain rather than singing considerations. 
Thus far we have considered feedback around a single 2-way 

equalizer. However, in a cable with many parallel equalized lines, 
each with several intermediate equalizers in tandem, there are a 
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multitude of feedback paths. The feedback path for each equalizer 
includes all the oppositely-directed equalizers at a site, thus increas-
ing the loop gain. Furthermore, a single feedback loop can include 
two separate equalizer sites. Two of the many possible paths are 
shown in Fig. 19. 
The two directions of a Picturephcm£ equalized line will be looped 

back on themselves through low-loss connections in several situa-
tions. For example, when a person calls his neighbor, one direction of 
one line may be looped through the zero-loss switching office to the 
opposite direction of the other line in the same cable as shown in Fig. 
20. Such loop-backs act, in effect, like additional low-loss crosstalk 
paths and thus increase the probability of singing. 

82 Method of Calculation of Singing Margin 

A random variable called the singing margin, defined in Appendix 
B, allows one to estimate how close an equalized line is to singing. 
In order to calculate the distribution of the singing margin when there 
are several equalized lines in a single cable, a matrix formulation of 
the effects of near-end crosstalk is also presented in Appendix B. 
This model, which allows one to calculate the singing margin taking 
into account all near-end singing paths, has been implemented in a 
computer program. The program is used as part of a Monte Carlo pro-
cedure to calculate the distribution of the singing margin. The cross-
talk is simulated by pseudo-random variables with lognormal ampli-
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- -

Fig. 19—Some possible singing paths. 
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Fig. 20—Loopback of a line through a switching machine. 

tude density and uniform phase density. The effect of this crosstalk 
on the through transmission of an equalized line with specified pa-
rameters is calculated on a computer many times, each with new 
crosstalk samples. This Monte Carlo procedure allows one to estimate 
the probability that a line is close to singing and to determine the 
effects of various parameters of the line on this probability. 

8.3 Limitations Necessary to Avoid Singing 

6.3.1 Required Singing Margin 
The criterion used to insure that an equalized line has an acceptably 

small probability of singing is to require its singing margin to be at 
least 10 dB with probability 0.99. The small probability of exceeding 
the limit is used because singing is a severe degradation. The 10-dB 
value for the limit is adopted for computational convenience, as de-
scribed in Appendix B. The method of analysis and the criteria of 
acceptability described here are somewhat different from those men-
tioned in Ref. 1. The results of these two approaches are quite simi-
lar however. Through the use of the computer program this 10-dB 

requirement can be translated into a requirement on the minimum 
CR, i.e. the minimum difference between the mean crosstalk loss and 
the repeater gain. As shown in Fig. 21, the required CR in dB is 
proportional to the logarithms of the number of intermediate equal-
izers in tandem and the number of systems in the cable. Once the 
required CR has been determined, it can be translated into a require-
ment on equalizer spacing for the type crosstalk being encountered. 
Since singing paths can traverse a switching office, one must consider 
the possibility of singing for an entire connection. 
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The difference between crosstalk loss and equalizer gain must also 
be limited inband, in order to avoid degradation of a line's echo rating 
due to gain and phase deviations caused by feedback via crosstalk. 
As a guideline, the inband difference should, at all frequencies, ex-
ceed the minimum difference required for singing protection by 10 
dB for loops and 15 dB for trunk spans. These limits are roughly 
those at which a line's echo rating would begin to be degraded. Either 
the inband difference or the singing requirement can be the limiting 
one, depending mostly on the gain roll-off characteristic of the equal-
izer in question. 

6.3.2  Trunk Equalizer Spacing 
For 25 within-unit trunk spans, each with five intermediate equal-

izers in tandem, the required CR, found from Fig. 21, is about 31.5 
dB. From Fig. 18, the trunk equalizer CR at the worst frequency is 
about 19 dB for 6-kft spacing. By scaling the equalizer gain, we find 
that the spacing would have to be reduced to 4.4 kft to raise the CR 
to the required level. The same method applied to 50 adjacent-unit 
trunk spans indicates that there is adequate singing margin with 6-kft 
equalizer spacing because of the increased crosstalk loss between ad-
jacent units. 
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Another possible singing situation is with the maximum of six 
analog trunk spans connected in tandem. This could result in 35 inter-
mediate equalizers. Assuming that only one system would be in paral-
lel over the entire length of such a connection, it can be seen from 
Fig. 21 that the required CR is again about 31.5 dB. Hence, the equal-
izer spacings derived above, 4.4 kft for within-unit operation and 6 
kft for adjacent-unit operation, will provide an adequate singing 
margin for this connection also. 
Because the gain roll-off occurs so far out of band, the singing re-

quirements are dominant over the inband requirements. 

6.3.3 Loop Equalizer Spacing 
The controlling limitation on loop equalizer spacing is due to the 

possibility of connecting two lines in the same cable through an office 
switch. Such loopbacks change the functional dependence of CR on 
the numbers of systems and equalizers from that shown in Fig. 21. 
Thus, new computations including the effects of a loopback were made 
to determine the required CR on loops. 
For adjacent unit operation on the maximum length line composed 

of three intermediate equalizers with 6-kft spacing, the singing margin 
is adequate even with two lines looped back. To provide singing pro-
tection for within-unit operation, the equalizer spacing must be re-
duced to 4.2 kft. Since the singing margin with a loopback is very 
insensitive to the number of systems, this suffices for 25 systems also, 
the maximum number possible. However, this reduction to 4.2-kft 
spacing only provides adequate singing protection; it does not give 
adequate protection against echo rating degradation. To do this, the 
equalizer spacing must further be reduced to about 3.6 kft. This in-
creases the one percent point of the distribution of the singing 
margin at 1 MHz to 20 dB for two systems looped back through a 
switching office. Out-of-band loss in the office equalizers could in-
crease the minimum spacing required by singing limitations from 4.2 
kft to perhaps 4.4 kft, the limit with no loopback. Such loss cannot 
be used inband, however, so it cannot affect the 3.6-kft limit due to 
echo rating protection. This limit can be increased only by improv-
ing the crosstalk separation. 
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APPENDIX A 

Worst-Disturber Interference 

A.1 Characteristics of Worst-Disturber Interference 
When a Picture phone signal is coupled via a crosstalk path into 

another cable pair, it is approximately differentiated. Sharp transi-
tions in the interfering signal appear as spikes in the disturbed pair. 
In particular, the sync pulses at the end of each scan line of the video 
signal represent step functions displaced by the horizontal blanking 
time. Differentiating both step functions results in two delta func-
tions, one positive and one negative, in the disturbed video signal. 
Hence each scan line in the disturbed signal will have a positive and 
negative delta function superimposed upon it. When displayed, the 
interference will manifest itself as a white vertical line and a black 
vertical line. Since the oscillators generating the interfering and dis-
turbed signals will not be at precisely the same frequency, the inter-
ference pattern will drift across the raster of the displayed disturbed 
signal. The loss required to render this interference just perceptible is 
denoted by LREQ  and is equal to 45 dB at 150 kHz. (See Section 3.2). 

A.2 Minimum Pair-to-Pair Loss Distribution for n Interfering Signals 
Let Fx(x) be the pair-to-pair coupling loss distribution between 

one interferer and one disturbed signal. We are interested in obtain-
ing the distribution of the minimum loss when there are n interferers, 
F,„(x) . Let the probability density corresponding to F (x) be f x (x) . 
Then the probability that a pair-to-pair loss is in the interval (x, 
+ dx) is fx(x) dx. For a given disturbed pair, the probability that a 
given coupling loss is in this interval and all other losses are greater 
is given by 

p (x) = [Í(x) dx][l — F x(x)j n-1.  (4) 

Since there are n possible disturbing pairs, the probability that the 
coupling loss between the given disturbed pair and any disturbing 
pair is in the interval (x, x + dx) and all other coupling losses are 
greater, is the sum of n terms of the form (4), or 
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np(x) = n[f(x) dx][1 — F(x)J''.  (5) 

The associated distribution function, Ft,, (x), is the integral of equa-
tion (5) or 

F ,,(x) = 1 — [1 — F x(x)]".  (6) 

Since the given disturbed pair is equally likely to be any of the n 
possible disturbed pairs, this is the required result. 

A.3 Effect of Repeater Spacing 

We have denoted the required loss as LREQ  at a frequency of fi, 
Hertz. Suppose at this frequency the repeater gain is G dB. The gain 
G depends on the length of cable that the repeater must equalize. To 
meet the requirement, the cable crosstalk loss must be, as shown in 
Fig. 4, equal to LREQ  + G. Equation (6) can be used to calculate the 
probability that the coupling loss between a disturbed pair and the 
worst single interferer is less than LREQ  + G. 

A.4 Cable Activity, and the Effect of Several Disturbers 

With n two-way systems operating in a cable, there are n inter-
ferers and n disturbed circuits. Assume that during the busy hour each 
system initiates p erlangs of traffic. If there is a negligible probability 
of blocking, this can be interpreted by stating that the probability 
that a given system is in operation is p. The probability that j sys-
tems are in operation is then 

P(i) = C71)' (1 — p) "  (7) 

where 

C7 = n!/(n — j)!j!  (8) 

is the binomial coefficient. 
If the cable is made up of q equalizer sections, then when one inter-

ferer is active, the disturbed circuit is subjected to q interferences. 
Hence with j interferers active over the cable of q sections, the mini-
mum pair-to-pair loss distribution becomes, from (6), 

F„,(x) = 1 — [1 — Fx(x)]".  (9) 

Combining equations (4) and (6) according to the law of condi-
tional probabilities gives 

Prob (L < 1) = E P(j)11 - [1 - Fx(Cd el (10) 
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where Prob (L < CI) is the probability that the crosstalk loss L is 
less than the required Cg . 
This can be written in closed form by using the binomial expansion 

to give 

Prob (L < C,) = F'„(C,) = 1 — [1 — (1 — a)pl"  (11) 

where 

a = [1 — Fx(Ct)r• 

APPENDIX B 

Calculation of Singing Margin 

(12) 

B.I Criterion for Near-Singing Condition 

There are many near-end crosstalk paths between equalized lines 
in a cable. Since the closed paths thus formed around a single equal-
izer may be considered as many positive feedback loops, a single 
open-loop gain, including crosstalk, is not defined. Hence such quanti-
ties as gain or phase margin are not appropriate. The criterion 
adopted as an indication of closeness to singing is the deviation from 
unity of the normalized closed loop gain in the presence of crosstalk, 
denoted Gn exp (jo9). The normalizing gain is that in the absence of 
crosstalk. The larger the magnitude of the gain change due to cross-
talk, the closer the line is to singing. We shall define the log of this 
quantity to be the singing margin, i.e., 

SM = —20 log I Gn exp (0) — 1 I.  (13) 

A plot of the singing margin versus the loop gain is shown for three 
types of feedback configurations in Fig. 22. When there is no feed-
back, SM = +09 ; singing corresponds to SM = —co. Near the point 
where singing occurs, the singing margin changes very rapidly. Note 
that SM = 0, contrary to intuition, does not indicate singing in this 
context. 
Note, also, that the singing margin of an equalized line is a random 

variable, since it depends on crosstalk losses which are themselves 
random variables. Thus, we cannot guarantee that a line will not sing; 
we can only insure that its chances of singing are below some value. 
Another important fact about the singing margin is that it is a func-
tion of frequency. In order that a line not sing, its margin must be 
greater than —00 for all frequencies. 
Computing such an overall probability by combining the probabili-
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Fig. 22—Singing margin versus loop gain for several feedback configurations. 

ties computed at many frequencies using a Monte Carlo technique is 
time-consuming and inaccurate. Instead, it can be shown that it is 
reasonable to assume that the overall probability of singing is less 
than one percent if the one percent point of the distribution of sing-
ing margin is at least 10 dB at the worst frequency. 

B.2 Calculation of the Singing Margin 

B.2.1 Only One Intermediate Equalizer 

We are interested in the singing margin of an equalized line in a 
cable containing n identical, 2-way equalized lines. Let ce(b, e), a 
complex number, denote the near-end crosstalk voltage transfer func-
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tion from point b of system k to point c of system j. Let /4(0, also 
complex, represent the Fourier transform of the voltage at point b of 
system j. Then the voltage due to crosstalk from point b to point o in 
a particular system, say r, is the sum of all the voltages at point b 
times the crosstalk gain between each of them and point b of system 
r, i.e., 

vr(c) =  (14) 

We can simultaneously write the equations for all the voltages at 
point b due to crosstalk from point a by utilizing matrix notation. 
Let V(b) be a column matrix of n elements, the kth of which is vk(b). 
Let C(b, c) be an n X n matrix, the element of its jth row and kth 
column being c,k(b, c) . Then 

V(c) = C(b, c)V (b)  (15) 

Referring to Fig. 23, what we are interested in is a relationship of 
the form 

V(b) = T(a, b)V (a) ,  (16) 

where T(a, b) is an n X n matrix which relates ,the input and output 
voltages, including all the effects of feedback via near-end crosstalk 

V(a)- 

/(a) 

VI (a) 

v2( a) 

(b) 

> v,(b) 

vn (a) 

V(d)- v2 (d 

v(d)  <  

V2 (C 

Fig. 23—Vector notation for crosstalk. 
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paths and the oppositely directed equalizers. Without crosstalk, 

T(a, b) = gal = qI,  (17) 

where g is the equalizer gain, a is the cable gain, q is the overall gain 
of an equalizer section, and I is the identity matrix. (Throughout this 
appendix it should be understood that the quantities involved are 
functions of frequency, although this functional dependence is not 
made explicit.) 
To find T in the presence of crosstalk, referring to Fig. 23, note that 

V(b) = gIV(a) -F gIC(d, a)gIC(b, c)V (b).  (18) 

Rearranging and factoring out V(b) gives 

V(b) = q[I — g2C(d, a)C(b, c)1'V(a),  (19) 

where the exponent indicates the inverse of the matrix. Thus, in the 
presence of feedback, 

T(a, b) = q[I — g2C(d, a)C(b, c)r.  (20) 

If we are interested in the output of the kth system, v,(b), due only to 
an input to that system, v,,(a), it is given by 

vk(b) = tkk(a, b) vk(a)  (21) 

where tk,(a, b) is the kth diagonal element of T(a, b). In other words, 
the diagonal elements of the n X n matrix T are the transfer functions 
of the individual equalized lines, including the effects of feedback via 
near-end crosstalk paths and oppositely directed equalizers. 

B.2.2 Several Intermediate Equalizers in Tandem 

When one considers a cable containing n two-way equalized lines, 
each having m intermediate equalizers in tandem, the problem of 
calculating the singing margin becomes even more complicated because 
feedback paths are possible between the equalizers in tandem. There 
are 2mn2 possible near-end crosstalk paths in such a configuration. 
These form a total of 1.n2m(m + 1) partially-overlapping, closed loops. 
Let us find an expression for T(0, m) = T(m), the n X n matrix 

relating the inputs and outputs for one direction of the equalized lines 
in a cable containing n two-way systems, each with m intermediate 
equalizers in tandem. The crosstalk matrices C„(k) and Cd(k) apply to 
the locations and in the directions shown in Fig. 24. We must solve the 
following set of equations which apply to that figure: 
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V(k) = qV(k — 1) + g2C„(k) f q'-k Cd(i)V(i),  k = 1, 2, • • • m. (22) 

Define 

P(k) = [I — gQ(k)Cd(k)ri ;  (23) 

Q(k) = q2P(k — 1)Q(k — 1) ± gC„(k),  k = 2, 3, • • m;  (24) 

Q(1) = gC„(1).  (25) 

Then, beginning with the equation for V(1), we find 

II — gQ(1)Cd(1)1V(1) = qV(0)  gQ(1) E q-1 Cd(i)V(i)  (26) 
i-2 

whence 

V(1) =- qP(1)V(0)  qgP(1)Q(1)  q'2C,,(i)V(i).  (27) 

Now, substituting this expression for V(1) into the equation for V(2), 
we get 

V(2) = q2P(1)V(0)  q2gP(1)Q(1)  q'-2Ca(i)V(i) 

g2C„(2) E q.-2 CAV(1); (28) 

[I — gQ(2)Cd(2)]V(2) =- q2P(1)V(0)  gQ(2) E  q'2C,i(i)V(i); 

V(2) = q2P(2)P(1)V(0)  gqP(2)Q(2) E  q"Cd(i)V(i).  (29) 

This expression for V(2) is now substituted into the equation for 
V(3). The process can be continued until we get 

V(m) = qmP(m — 1) • • • P(1)V(0) 

g[q213(m — 1)Q(m — 1) ± gC„(m)1Ca(m)V(m); 

V(0) 

itu(1) 

V(2)  

I Cd (2) 

•  • • 

(30) 

V(m-)  \  V(m)   

fi  0  \ 
/  \  /  \ 

1 
ku(m-i) ‘ICd(m-I) iCu(m)  ICd(m) 
I  1  1  1 

\ II  \ 0   

Fig. 24—Vector line of n parallel systems each with m intermediate equalizers 
in tandem. 
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V(m) = rP(m)P(m — 1) • • • P(1)V(0). 

Hence 

(31) 

T(m) = q"P(m)P(m — 1) • • • P(1),  (32) 

where q- is the gain of the overall equalized line. This gives a formula 
for calculating the transfer functions, including the effects of feedback 
via near-end crosstalk through equalizers transmitting in the opposite 
direction, of each of n systems with m intermediate equalizers in 
tandem. This allows calculation of the normalized gain, from which 
the singing margin is calculated by equation (13). 

B.2.3 Loopbacks 
Occasionally a two-way equalized line is looped around at a ter-

minal, i.e., the output of an incoming line is connected to the input of 
the outgoing line in the same cable, as shown in Fig. 20. This can be 
handled by simply setting the crosstalk matrices at these locations 
equal to identity matrices times the gain of the loopback. 
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The Picturephone® System: 

Digital Encoding of the Video Signal 

By J. B. MILLARD and H. I. MAUNSELL 

(Manuscript received September 4, 1970) 

We describe in this paper the theory and implementation of a differ-
ential pulse code modulation system that is employed in the Picturephonee 
network. Established and original coding techniques have been combined 
to allow transmission of a coded one-megahertz analog signal over a 6.312-
megabit-per-second digital channel. 

I. INTRODUCTION 

Pulse code modulation (PCM) is used for processing of analog sig-
nals for digital transmission. Quantizing noise and increased band-
width are the penalties for the noise immunity inherent in digital 
transmission systems. 
Differential systems' such as delta modulation2-4  and the more gen-

eral differential pulse code modulation (DPCM) have been investi-
gated because of the ability to shape the spectrum of the noise and to 
take advantage of the sample-to-sample correlation in the signal. In 
a series of papers in 1952, B. M. Oliver,5 E. R. Kretzmer5 and C. W. 
Harrison7 considered the use of linear prediction for "decorrelation" of 
video signals. In 1956 W. F. Schreibers performed entropy measure-
ments on television signals to determine the predominant redundancies 
present. In 1958 R. E. Graham8 demonstrated by computer simulation 
the feasibility of using 3-bit DPCM for the television transmission of 
still black and white pictures. More recently J. B. O'Neal, Jr.; 
has analyzed delta modulation" and DPCM" for the transmission 

of video signals. The noise structure of DPCM systems in slope over-
load has been investigated by E. N. Protonotarios.12 Subjective evalu-
ations have been recorded by R. C. Brainard." These studies have led 
the way for the application of DPCM to Picturephone transmission. 

II. DIGITAL PROCESSING OF THE VIDEO SIGNAL 

2.1 Pulse Code Modulation 

The conventional method of digital processing of analog signals is 
PCM. The signal, s (t) , is sampled, s (nT) , quantized to discrete levels, 
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s,(nT) , and encoded, Z (nT /N) , in a binary form for transmission at 
the digital line rate (see Fig. 1). 
The main source of impairment in the decoded and filtered signal 

is noise introduced at the quantizer. 

n„(nT) = s(nT) — sa(nT).  (1) 

This quantizing noise takes the form of background noise of a gen-
erally random nature. In addition, as the number of bits per sample is 
reduced, the background noise level rises, and contouring patterns 
appear in the video picture. 

2.2 Predictive Feedback Systems 
Independent processing of each sample is assumed for PCM systems. 

For signal sources having statistical properties like those of white noise, 
zero sample-to-sample correlation, this is appropriate. However, most 
video signals are highly correlated not only from sample-to-sample 
but from line-to-line and from frame-to-frame as well. 
In predictive quantizing systems the value of the signal is predicted 
(predictor P) at each sampling instant from its recorded past history 
(Store) and only the difference, e(nT), between the signal sample and 
its predicted value, sp(nT) , is quantized, e,(nT) , and transmitted (see 
Fig. 2). 
The Picturephone signal has a 1-MHz bandwidth with an 8-kHz 

line rate. There are 271 lines per field with a 2:1 interlace. Table I 
shows the minimum amount of storage required (transmitter and re-
ceiver) for various feedback systems assuming that information for use 
in the predictor, P, is stored with an accuracy of eight bits per sample. 
The costs and complexities of systems containing large stores 

weighed heavily against the use of frame-to-frame correlation" at the 
time the design of a codec for the Picturephone network was begun. 
The work of O'Neal on television signals, whose line-to-line sta-
tistics are much the same as those of Picturephone signals, demon-

s(t) s(nT)   sci(nT) N -err 
CODER 

z(nT/N) 

z(nT/N) N-BIT 
DECODER 

(nT) LOW 
PASS 
FILTER 

%(t) 

Fig. 1—Pulse code modulation (PUM) system. 
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Fig. 2—Predictive quantizing system. 

strated that only about a 2-dB gain in signal-to-noise ratio (S/N) 
could be achieved using linear prediction if horizontal and vertical 
correlations were approximately equal. Somewhat less could be 
achieved with a 2:1 interlace format. The design effort was therefore 
focused on sample-to-sample decorrelation procedures. 
For sample-to-sample predictive systems, the store takes the form of 

a weighted tapped delay line (T is the sampling interval) with the 
weights, al, to be determined by the statistics of the signal (see Fig. 3) .* 

sp(nT) = E a; (e.[(n — '07] -I-  — i)71 I  (2) 

where the ct, ; i = 1, 2, • • • , satisfy the equations 

R01 = aiRii  a2R2; ± • • • ± a1Rei 

and Rii is the correlation function, 

Rii = Els[(n — i)1]8[(n —  (4) 
Measurements° have shown that, for samples taken on the same 

line, television signals have an autocorrelation function which is very 
nearly Laplacean.t 

(3) 

*The assumption here is that the quantizer makes very little difference in the 
statistical properties of the error signal, an assumption which becomes more 
nearly correct as the number of quantizing levels is increased. Note that an 
exact analysis is impossible using linear prediction techniques with the non-
linear quantizer in the network. 
t As with all statistical properties, care should be exercised in interpreting this 

result. Although a typical subject on the average will exhibit this type of cor-
relation, there are likely to be regions of the picture where much less sample-to-
sample correlation is present. 
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TABLE I— FRAME STORAGE REQUIRED FOR 

VARIOUS PREDICTIVE SYSTEMS 

Frame Correlation Predictor 
Line Correlation Predictor 
Sample Correlation Predictor 

1,084,000 bits 
4,000 bits 
16 bits 

R.(r)  exp (—a I T I).  (5) 

For this type of source, the optimum solution to minimize the mean 
square error between input and output (predicted signal) is one where 
all the ai = 0 except al.." This means that only the previous sample 
is effective in decorrelating the signal. The predictive feedback coder 
then takes the form shown in Fig. 4. A measure of the validity of the 
assumptions and the effectiveness of the decorrelation process is the 
amount of correlation removed from the video signal and the amount 
remaining in the error signal. The adjacent sample correlation co-
efficient 

s(t)  5(nT)  e (nT) 

sp(nT) 

z(nT/k) 
K- BIT 
DECODER 

eg(nT) 

K- BIT 
CODER 

sp(nT, 

ni/k) 

LOW  S(t)   
PA SS 
FILTER 

Fig. 3—Sample-to-sample predictive quantizing system using a tapped delay 
line. 
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Fig. 4—One-tap predictive quantizing coder. 

E {s(t)s(t  T))  
Pe  E{s(t)} 

was calculated from sample statistics and found to be 0.93 for the still 
picture "Rosalie" as referred to in Section 2.6. The adjacent sample 
correlation coefficient 
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(6) 

E lecr[nT]e.[(n — 1)T])  
P. —  E fe:(nT)1  (7) 

for the same picture is 0.4407 as calculated from laboratory data for 
the three-bit DPCM coder using the quantizer of Fig. 5. This shows 
that considerable redundancy has been removed from the signal but 
that some sample-to-sample correlation remains. 

2.3 Quantizing Noise 

To demonstrate that the noise introduced in predictive feedback 
systems can be determined by analyzing the error at the quantizer 
itself, consider the one-tap system of Fig. 4. The quantizing error QE 
is given by 

QE = eq(nT) — e(nT)  (8) 

where 

e(nT)  s(nT) — g(nT),  (9) 

e.(nT) = y(nT) — g(nT),  (10) 

y (nT) = g[(n  1)T] .  (11) 

Substituting equations (9), (10) and (11) into (8) gives 

QE = s(nT) — g[(n -I- 1)T]  (12) 

which is the system error in transmitting the signal in the absence of 
any channel errors. The system noise can therefore be determined 
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directly from the characteristic of the error signal and a knowledge of 
the quantizer. The manner in which the quantizing noise manifests 
itself as picture impairments will be discussed in later sections. 

2.4 Differential Pulse Code Modulation 
Consider the single tap predictive feedback system shown in Fig. 4. 

The feedback signal, â (nT), is given by 

e(nT) = E e.[(n — i)T].  (13) 

If a loss factor A' < 1 is introduced into the delay section then equation 
(13) is modified to give 

e(nT) =  ifiieg[(n — i)T].  (14) 

Past history is weighted giving greater importance to the more recent 
samples. In practice, the feedback network in the Picturephone codee 
is replaced by an analog network which consists of an integrator, F, 
with leak (see Fig. 6) ; 

225 

105 

45 

-105 

-225 

F(8) —   
+ a ' 

1  1  1  
-165  -75 -30  30  75  165 

e(nT) 

Fig. 5—Three-bit DPCM quantizer characteristic. 

(15) 
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Fig. 6—DPCM system with feedback integrator. 

where the p [equation (14)1 and a [equation (15)1 are related in 
the following manner: 

exp (—a T).  (16) 

A system organized in this fashion is a DPCM system. A differ-
ential system very nearly transmits the differences between successive 
samples rather than the samples themselves. The receiver accumulates 
the received difference and reconstructs an approximation to the 
original waveform. The presence of a quantizer provides the potential 
for an accumulation of systematic quantizing error. The feedback loop 
around the quantizer prevents this accumulation. 
The feedback network used in the Picturephone coder has a 27s 

time constant. For subjective effect the time constant was made as 
large as possible without unduly magnifying the effects of transmission 
errors on the viewed picture. This is discussed further in Section 2.8. 

2.5 Subjective Considerations and Noise Shaping 

In DPCM, the subjective effect of a video observer can be taken 
into account and the spectrum of the noise shaped accordingly. As 
Graham points out,° the "concept of predictive quantizing as a truly 
perceptual coding technique" is one "in which the primary object is 
not necessarily accurate prediction all or almost all of the time, which 
frequently is impossible, but only accurate prediction in those signal 
regions where the observer perception is high." It is known° that the 
eye is more tolerant of noise located at black-white interfaces than in 
flat regions of the picture. Interfaces are characterized by large values 
of the difference signal and flat regions by small values. It is therefore 

possible to use companding on the difference signal to locate the noise 
in region of the picture where that noise is least objectionable. 
Companding is accomplished through the use of a nonlinear quan-

tizing characteristic providing a fine structure and a high S/N for 
low level difference signals (flat regions) and a coarse structure with 
its lower S/N for large difference signals (interfaces). The nonlinear 
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characteristic used in the Picture phone codec is shown in Fig. 5. The 
choice of this particular set of step sizes will be discussed in a later 
section. 
Because of the subjective aspects of rating picture quality, S/N is 

not a sufficient measure of system performance. However, it is useful 
to compare the theoretical S/N performances of PCM and DPCM. 
Based on some simplifying assumptions* O'Neal" has shown that for 
the optimum one tap predictive filter the S/N improvement for DPCM 
over PCM is related to the sample-to-sample correlation of the signal, 
R8 (T), in the following manner. 

S/N IMPROVEMENT = 10 log [  1 1 — /ea)]  (17) 

For video signals with only a moderate amount of detail this results 
in an improvement of approximately 12 dB which is equivalent to two 
bits of quantizing information per sample. 

2.6 Signal Impairments 
DPCM systems are subject to a unique set of subjective impair-

ments. Among these are overload noise, granular noise, contouring and 
edge busyness, all resulting from the quantizing process (see Section 
2.3) but different in appearance to the observer. 
Unlike PCM systems which are amplitude limited, DPCM systems 

overload on slope. If the sample-to-sample difference is greater than 
the largest quantizer step, then the system is said to be in slope over-
load. A system exhibiting slope overload effectively reduces the hori-
zontal resolution of the scene being processed. 
In low detail regions of the picture, the noise power is determined 

by the rather fine quantizing structure designed for small differences. 
This is termed the granular noise region. Figure 7 shows a typical 
video waveform having an overload region and a granular noise region. 
In the Pieturephone codee the small step is 15 mV and the large 

step is 225 mV on a full scale video signal of ±750 mV (cf. Fig. 5). The 
resolution error for any brightness change is plus or minus one-half of 
a small step. The slope handling capability of the codee is 450 mV per gis. 

*The assumptions 
the error signal can 

(i4) the quantizer is 
probability of overlo 

on which the theory is based are that (i) the distribution of 
be approximated by the Laplace density function: 

P (e) =  § e x P  s I), 

optimized to the statistics of the error signal and (iii) the 
ad is small. 
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Fig. 7—Illustrated video waveform and DPCM response showing an overload 
region and a granular noise region. 

Figure 8 shows a typical picture ("Rosalie") uncoded, (see Fig. 8a), 
and exhibiting slope overload after three bit encoding (see Fig. 8b). 
This is most noticeable as smearing on the ear ring (white-to-black 
interface). 
If the small steps are too large, the strong correlation between the 

quantizing noise and the signal can lead to visible patterns that are 
subjectively objectionable. In flat regions of the picture (zero sample-
to-sample difference), the DPCM feedback loop oscillates using alter-
nately positive and negative small steps. The integrator leak breaks 
up this pattern and if the leak time constant is too small, leak con-
touring can occur. This is illustrated for two different values of video 
level in Fig. 9. The dashed component of the signal is the leak contour. 
Even in the absence of leak, contouring patterns can occur in sloping 

regions of the video signal. A slope which slightly exceeds (falls short 
of) the ability of a particular step size to follow it will require periodic 
correction, through the use of the next larger (smaller) step. If this 
waveform is repeated through several lines (strong vertical correla-
tion in the picture) and if the differences between the adjacent steps 
in question are too large, a visible contour pattern will result. Figure 
10 demonstrates this effect. 
Figure 11 is a photograph of an oscilloscope trace showing a leak 

contouring pattern. A well-designed three bit codec does not produce 
visible contours. This picture resulted from changing the leak time 
constant from 27 its to 5 »s. 
The requirements for minimizing the preceding impairments are in 

conflict, given a fixed number of steps in the quantizer. Granular noise 
requirements specify a fine quantizing structure. Slope overload and 
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(b) 

Fig. 8—(a) Analog Picturephone signal "Rosalie." (b) Photograph of 3-bit 
DPCM encoded Picture phone signal "Rosalie." Exhibit of slope overload. 

hence horizontal resolution requirements specify a large outer step. 
Contouring and, as will be shown below, edge busyness, can both be 
reduced through the use of a uniform spacing of the steps. Quantizer 
design is therefore a matter of finding the proper compromise among 
the subjective effects of the various impairments. 

2.7 Synchronization and Edge Busyness 

Since the system was designed to concentrate the noise in the high 
frequencies corresponding to the interfaces or edges in the picture, the 
resulting degradation becomes a limiting factor. Quantizing noise at 
slightly nonvertical edges takes the form of "stairsteps." This is due 
to the discrete nature of the sampling process. If in going from frame-
to-frame in a still picture there are changes in the response of the 

D.C. LEVEL ,DCPM RESPONSE 

(1) 

(2) 

Fig. 9—Illustration of leak contouring patterns. 
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DPCM loop, it follows that the edge noise will shift. This gives rise 
to the degradation known as edge busyness. 
Considerable improvement is realized by phase locking the sampling 

clock in the coder to the line rate of the video source. This ensures 
that each sample is taken in the same horizontal position from line-
to-line and from frame-to-frame. Edge busyness is also a function of 
noise, quantizer characteristic, threshold tolerances and past history 
due to the memory in the feedback loop. It follows that synchroniza-
tion will substantially improve picture quality but will not eliminate 
edge busyness completely. Figure 12 illustrates a busy edge pattern 

Fig. 11—Photograph of oscilloscope trace of leak contouring in the 3-bit DPCM 
encoded Picturephone signal "Gray Scale" (5ps leak time constant). 
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Fig. 12—Illustration of edge busyness. 

caused by differences in past history and in clock phase. Figure 13 is 
a photograph of an oscilloscope trace showing a "busy edge." The dif-
ferent paths taken in making the black-to-white transition are clearly 
visible in this multiple trace picture. 
Of the above factors, the quantizing structure and the leak time 

constant are under the control of the designer. Since edge busyness 
results from the variability in the selection of the set of steps to ap-
proximate the input ramp voltage it follows that minimizing the hori-
zontal difference between the two responses will minimize the edge 
busyness in a mean square sense. The horizontal differences are mini-
mized by making the differences between adj acent steps as small as 
possible. This would be accomplished through the use of a uniform 
quantizer. However, the existence of the other impairments with their 
conflicting requirements makes the use of a uniform quantizer im-
practical as stated above. 

2.8 Effects of Channel Noise 
Since differential encoding removes redundancy in the signal source 

it provides for more efficient transmission of information. However, 
the removal of redundancy from a signal will in general, make the 
signal more susceptible to channel noise.*15,16  
For DPCM systems the degradation due to digit errors takes the 

form of horizontal streaks in the picture. Each streak originates at a 
decoded sample difference which is incorrect due to a transmission 

*Since the transmission is in digital form, the susceptibility is to bit errors in 
the channel. 
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error. Decoder memory causes the effect of a channel error to propa-
gate through successive reconstructed samples for a period of time 
determined by the leak time constant. The visible effect is therefore 
lessened by using an integrator with a small leak time constant. The 
creation of leak contour patterns is a lower bound for reduction in the 
size of the leak time constant. 

III. CIRCUIT DESIGN 

Figure 14 is a block diagram of the overall circuit. The transmitting 
and receiving circuits are each made up of three major parts, the 
analog interface, the digital interface and the DPCM coder or decoder 
circuits. 
The input signal may be a pre-emphasized 1-MHz video signal such 

as that sent from one Picturephone station set to another or it may 
be a 460.8 kb/s binary data signal sharing the same facilities. Level 
variations as large as --h6 dB about the nominal level are acceptable 
and will be corrected to within ±-0.1 dB before coding. 
The digital signals are B6ZS signals of the proper format for trans-

mission on a T2 facility." The circuits are matched to a 100-ohm 
balanced line and sufficient equalization is provided in the decoder to 
compensate for a 22-gauge cable pair of up to 2000 feet. 

ad The Transmitting Portion Analog Interface 

All input signals, video or data, pass through common input circuits 
(Fig. 15), which provide 40 dB of longitudinal suppression and which 

Fig. 13—Picture of oscilloscope trace of edge busyness in 3-bit DPCM encoded 
Picturephone signal "Rosalie." 
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drive a phase-linear 6-pole low-pass filter with a gaussian roll-off 6 
dB down at frequency f = 1 MHz, 

Filter loss = 20 logy, exp (0.69f) dB.  (18) 

After filtering, the signal is processed in one of three ways. Picture 
signals, which are recognized by the 8-krIz sync format, must be de-
emphasized's in order to obtain a normal video waveform, similar to 
that at the output of a Picturephone camera tube and suitable for cod-
ing with a DPCM coder; the de-emphasis circuits have the inverse 
characteristics of the pre-emphasis circuits used in the station set. 

10(jf + 0.1)  
jf + 1 

De-emphasis loss = 20 login dB,  (19) 

where fis the frequency in MHz. 
The signal is then clamped and passed through automatic gain con-

trol (AGC) circuits which maintain a constant 0.375-volt sync-tip to 
back-porch voltage; thus at the input to the DPCM coder the video 
signal has a nominal level of 1.5 volts peak-to-peak. Binary data are 
controlled by a separate suitable AGO circuit with 7.2 dB less gain 
which adjusts the nominal level to the coder to be 0.9 volts peak-to-
peak. Low-level signals, specifically the 12-kHz tone used for testing 
the channel continuity, pass through fixed gain circuitry. Information 
as to the presence and nature of the received signal is multiplexed 
onto the output bit stream to control functions at the decoder that are 
complementary to those in the coder. 
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Fig. 14—Codee terminals. 
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Fig. 15—Block diagram of the transmitting circuit. 

The basic clock frequency for the coder circuits, 6.048 MHz, is an 
exact multiple of three times the Picture phone line frequency, 8 kHz, 
(it is the 252nd harmonic). This allows the sampling clock to be syn-
chronized to the Picturephone line rate so that the rectangular video 
picture is sampled with a uniform grid. This 6.048-MHz frequency is 
generated by the voltage controlled oscillator (VCO) in a phase-
locked loop and is divided by three to obtain the 3-phase 2.016-MHz 
sampling clock that drives the actual coder. The 6.048-MHz frequency 
is counted down by a factor of 12 in the digital store addressing cir-
cuits and the resulting frequency is counted down by an additional 
factor of 63 to obtain an 8-kHz square wave. This signal is one input 
to a phase comparator whose other input comes from the sync separa-
tor within the video clamp circuits; the output of the phase com-
parator is used to control the frequency of the VCO. In the absence 
of external noise, any individual sample of the picture is made at the 
same temporal point along the same line with an accuracy of less than 
ten nanoseconds, a figure that corresponds to less than 0.001 inches 
displacement across a Picturephone display tube. This synchroniza-
tion process minimizes the busy edge effects. The clock is not syn-
chronized to the data signals. 

3.2 The DPCM Coder 

The differential pulse code modulator circuits that are used in the 
codec are shown in Fig. 16. At each sampling instant of time the video 
input is compared directly against the decoded video output signal 
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last transmitted. The output of the difference amplifier is connected 
in parallel to the inputs of seven threshold detectors set to 0, ±2 percent, 
±5 percent and ±11 percent of the nominal 1.5 volt peak-to-peak 
video input signal (cf. Fig. 5). The cyclic coded outputs of these de-
tectors are the output of the coder and are taken to the digital-to-analog 
circuit shown in the lower half of the circuit of Fig. 16 whose logic, 
gating, summation, integration and amplification circuits produce a 
decoded video signal that is a close replica of the original input signal. 
The various circuit functions of the digital-to-analog circuitry are kept 
separate to avoid undesirable voltage interactions and the duty cycle 
is set at 33 percent to avoid similar trouble in the time domain. The 
required (nonlinear) conapanding characteristic is achieved by making 
the current sources appropriate for output voltage changes, e.(nT) of 
magnitude ±1 percent, ±3 percent, ±7 percent, or ± 15 percent of 
the peak-to-peak quantizer input video signal (cf. Fig. 5). 
Low-speed data signals" are coded in exactly the same manner as 

video signals. However the magnitude of the data signals is such that 
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the largest step size is exactly 25 percent of the total peak-to-peak 
excursions. This ensures that each binary transition can be coded within 
four sampling intervals, a time interval that is slightly less than the 
period of 460.8 kb/s data. Between binary transitions extensive use is 
made of the smallest steps whose magnitude is only ±1.7 percent of 
the binary peak-to-peak signal. 

3.3 The Transmitting Portion Digital Interface 

After conversion to a serial bit stream, the coder output bit stream 
passes through a digital store (see Fig. 15), with a capacity of four 
3-bit words each of which occupies a fixed position within the memory. 
The information is not taken out of the store at the steady 6.048 MHz 
rate but at a 6.312 MHz rate that is sometimes interrupted so that the 
bit stream can be framed. The framing process must allow the inclu-
sion of three signaling elements and must make adjustments for small 
variations in the frequency of the sampling clock which is synchronized 
to the video horizontal scanning frequency. The three signaling ele-
ments are transmitted as zeros except when 

BZ = 1, if a signal is detected at the coder input, or 
PD = 1, if a video signal is being coded, or 
RF = 1, where RF is a store framing signal. 

There are two types of 108-bit words R and S where 
{ (Bit 1 = 1), (Bit 33 = 1), (Bit 65 = 1), (Bit 92 = BZ)) E R, 

and 
{ (Bit 1 = 0), (Bit 33 = 0), (Bit 65 = 0), 

(Bit 76 = PD), (Bit 92 -= RF) E S, 

and in each case all other bits or elements of the word carry DPCM 
information. The number of information bits is different for the two 
words and which word is sent is determined by monitoring the relative 
phases of the elastic store write and read addressing. 
The output bit stream passes through a one-cell scrambler to re-

move any preponderance of l's or O's and is converted to B6ZS format 
for transmission on the T2 line. The scrambling is performed by 
delaying the output through a one-cell shift register, the input of 
which is the modulo-2 sum (exclusive-OR function) of the input and 
the output of the shift register. 

3.4 The Receiving Portion Digital Interface 

After clock recovery in a T2 receiver the unipolar signal is re-
covered from the B6ZS input signal and is descrambled to yield the 
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I08-bit words clocked at a 6.312-MHz rate (see Fig. 17). The de-
scrambler contains a one-cell shift register the input and output of 
which are applied as inputs to an exclusive-OR logic circuit to derive 
the output data stream. The bit stream is passed through a 12-cell 
store using a write clock that is obtained by analysis of the 108-bit 
words and which clock only DPCM information bits into the store. 
The signaling bits are recovered and the digital store framing informa-
tion is used to ensure that the four 3-bit words are placed in the de-
coder digital store in the same position that they were taken out of 
the coder digital store. 
A jitter-free regenerated clock is needed for reading data from the 

store and for use in the series-to-parallel converter and the decoder; 
the 6.048-MHz VCO clock is locked to the incoming signal by means 
of a phase-lock loop which includes the divide-by-12 circuits used for 
addressing the digital store. After passing through the digital store, 
the bit stream is processed in a serial-to-parallel converter which pro-
vides the required inputs for the DPCM decoder. 

3.5  The DPCM Decoder and Output Interface 

The decoder consists of a digital-to-analog circuit exactly the same 
as that used in the coder and shown in the lower portion of the circuit 
in Fig. 16. Since the circuits at the two ends of the digital transmis-
sion system are of identical design, an accurate representation of the 
input signal is assured. Although not shown in the figure, a resistive 
leak is provided across the integrator capacitor in each circuit; the 
leak is necessary to ensure decay of the effects of digital errors and 
mistracking and a time constant value of 27 microseconds is used. 
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Fig. 18—The codee shelf. 
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At the output of the decoder, data mode signals are adjusted to the 
correct level and then passed to the balanced amplifier that drives the 
100-ohm line. For video signals some additional processing of the video 
signal is necessary after pre-emphasis because the station set de 
restorer would be adversely affected by the quantizing noise at the tips 
of the sync pulses which might cause low-frequency beats in the Pic-
turephone clamp circuits.2° Accordingly a circuit is included that at-
tenuates the high frequency quantizing noise during the occurrence of 
sync pulses. 

3.8 Equipment Design. 
The circuits for the two-way codee terminal are placed on 21 printed 

circuit packs located in a 7-inch-high shelf as shown in Fig. 18. Four 
of the cards carry the circuits that do the actual coding and decoding 
of the video signal, two of eight test cards provide power and alarm 
circuitry and the remaining cards provide the interface and synchro-
nization circuits. 

IV. EVALUATION 

Many codees have been built and tested; six were in service on the 
TD-2 radio relay route between New York and Pittsburgh for a 
6-month period in 1969. Even with the additional noise introduced by 
the route, a subjective evaluation of the quantizing noise showed less 
than 1 dB of degradation in the field. 
After the trial some changes were made in the design used in the 
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first service model codees to provide more flexible usage and to con-
form to new Picture phone standards. Circuits were added to the input 
and output interfaces to allow 460.8 kb/s data to be processed, to ac-
tivate the appropriate signal paths and to distinguish between video 
and data signals. The new Picture phone set employs crystal controlled 
frequency standards allowing the use of the small buffer stores and 
the simple phase-lock loops that have been described above. The sync 
format has also been changed. However, no fundamental change was 
made to the coding algorithm or to the digital interface. Work is con-
tinuing to seek improved coding techniques for use in the Picture-
phone network. 
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The Picture phone® System: 

A Digital Transmission System 
for TD-2 Radio 

By C. W. BRODERICK 

(Manuscript received September 2, 1970) 

A terminal for transmitting digital signals over TD-2 microwave radio 
relay routes has been designed and evaluated in a recent field trial. This 
paper details some of the radio system characteristics which influenced 
the design, describes the major features of the terminal, and reports the 
trial results. The terminal will be used in the toll network to provide inter-
city Picturephone® trunks and data circuits. 

I. INTRODUCTION 

The TD-2 Radio Relay System is the major trunk carrier system 
in the Bell transcontinental network, interconnecting every major 
metropolitan center in the United States.1 Therefore, as digital trans-
mission grows, it is natural to consider how TD-2 might be used to 
distribute these signals. 
A terminal that applies the digital bit stream to TD-2 has been 

designed to transmit at a rate of 20.2 megabits per second (Mb/s) 
using a four-level, 10.1-megabaud pulse format to modulate standard 
TD-2 terminal equipment. The input is arranged to accept up to 
three 6.312-Mb/s bipolar streams from such sources as Picture phone 
coders and data sets. Design features include the use of pulse stuffing 
for multiplex synchronization, dedicated pulses for timing recovery, 
a transversal filter for optimizing the received eye pattern and the 
use of self-synchronizing scramblers for testing.2,3 The signal is regen-
erated at baseband about every 400 miles to limit the accumulation 
of unequalizable pulse distortion. 
A number of digital terminals have been constructed and tested in 

conjunction with the New York-Pittsburgh Picture phone product trial. 
Test results on this 450-mile trial route, using one regenerator station, 
have indicated that performance of better than one error in 101° bits, 

481 
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in the absence of significant fading, has been realized. The error rate 
increases to about one error in 106 bits when the received signal on 
any radio hop fades to the point where transmission is switched auto-
matically to a protection radio frequency channel. 

TD-2 MICRO WAVE SYSTEM 

The TD-2 microwave radio system has been described previously.1 
It operates in the 3,700- to 4,200-MHz band, with the 20-MHz-wide 
channels spaced 20 MHz apart. The system employs frequency modu-
lation of an IF carrier centered at 70 MHz, prior to conversion to the 
microwave spectrum. The baseband frequency response is constant to 
within 0.5 dB to about 5 MHz for a 300-mile system. 
The reliability of the radio channel is maintained to a high degree 

through the availability of automatic switching to standby protection 
channels in the event of a signal-to-noise ratio (S/N) below minimum 
requirements.* 

III. DESIGN CONSIDERATIONS 

It was desired to use the existing TD-2 microwave equipment includ-
ing the 3A FM terminals and to make the digitally modulated micro-
wave channel compatible with regular analog message and television 
signals on adjacent microwave channels.6,6 This makes it possible to 
use the existing TD-2 nationwide network in providing Picturephone 
toll trunking and digital data circuits and it imposes the following 
signal constraints: 
(i) The baseband signal must not interfere with the radio protection 

switching system which uses a 7-MHz pilot tone and a 9-MHz noise 
slot. This is accomplished by using a baseband transmitter filter whose 
cutoff frequency is below 9 MHz. 
(ii) The IF signal spectrum must not interfere with the noise slot 

frequency or the top message frequency of the adjacent channel. This 
limits the peak frequency deviation. 
(iii) The limiting S/N is determined by the protection switching 

system initiator setting used for analog message service. 
(iv) The digital signal must be regenerated to limit the unequaliz-

able baseband distortion encountered in RF transmission. 
The coded Picture phone signal has a 6.312-Mb/s rate.7 This rate was 

chosen to match a standard line rate which is evolving as part of the 
Bell System's digital transmission network and which will be used by 
the T2 digital line. The digital transmission system capacity there-
fore was chosen in increments of this 6.312-Mb/s rate. 
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The initial use of the terminals, in support of the Picture phone 
product trial between New York and Pittsburgh required an error 
rate of < 10-6. A plot of the required S/N for fixed error rates and of 
the available S/N due to the above restrictions, both as a function of 
the system bit rate, is shown in Fig. 1. The available S/N is calculated 
at the fading threshold of the radio protection switching system. To 
meet the signal constraints above, the peak frequency deviation and 
therefore the available S/N must decrease as the system bit rate 
increases. 
The digital signal eye pattern distortion increases with increasing 

system bit rate due to the sharper rolloff in the baseband filtering. 
Therefore, the required S/N for constant error rate increases as the 
system bit rate increases. From the intersection of the required S/N 
curve and the available S/N curve, it can be seen that the system 
capacity is about 21 megabits for an error probability of 10-6 at the 
fading threshold of the radio protection switching system. The digital 
terminal input therefore was set at three 6.312-Mb/s lines. The system 
parameters are specified in Table I. 
The controlling signal constraint at the intersection in Fig. 1 is IF 

signal spectral overlap onto the noise slot frequency of the adjacent 
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Fig. 1—Available S/N and required S/N for constant probability of error, P., 
versus system bit rate. 
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channel. This is a form of near-end adjacent channel interference 
involving a receiver at a center frequency 20 MHz away from a trans-
mitter. The interference path includes the side-to-side coupling of 
adjacent horn reflector antennas and the loss in waveguide runs from 
transmitter to antenna and antenna to receiver. The coupling loss is 
typically about 100 dB which results in a reduction of fade margin 
equal to 0.8 dB. In some circumstances siting difficulties lead to coupl-
ing losses that are several dB smaller, and therefore a further reduc-
tion in fade margin.8 

IV. TERMINALS 

4.1 Transmitting Terminal 
A simplified block diagram of the transmitting terminal is shown 

in Fig. 2 with typical waveforms. The digital transmitter accepts 
three 6.312-Mb/s pulse streams in parallel and multiplexes them into 
a single serial pulse stream. 

TABLE I—DIGITAL TRANSMISSION SYSTEM PARAMETERS 

1. Transmitting Digital Terminal 

Input Three 6.312-Mb/s lines in bipolar 
format 

Output 10.1-megabaud, 4-level signal band 
limited to 7.5 MHz at —15.7 dBm 
on 124 11 balanced pair 

2. Receiving Digital Terminal 

Input 10.1-megabaud, 4-level signal at 
+0.4 dBm on 124 it balanced pair 

Peak baseband signal-to-rms noise 
ratio (worst case) at detector input 

27 dB (includes effect of receiver 
filter) 

Output Three 6.312 Mb/s lines in bipolar 
format 

Error rate: 10-'° nominal; 10-6 at 
protection switching point 

3. TD-2 Microwave Radio 

RMS carrier-to-noise ratio at pro-
tection switching point (37.5-dB 
fade) 

96 dB/Hz 

99% power bandwidth for digital 
modulation 

12 MHz 
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Fig. 2—Digital transmission over microwave radio transmitting terminal. 

The output of the digital transmitter is a 10.1-megabaud, four-
level signal which is made up of information pulses, framing pulses, 
and synchronization pulses. This composite signal is then shaped by 
the baseband filter into the signal which will deviate the FM trans-
mitter. The output spectrum of the FM transmitter, centered around 
70 MHz, is shown in a simplified form. 

4.2 Receiving Terminals 
At the receiving terminal, the digital signal is recovered from the 

FM terminal receiver at baseband, filtered, equalized and demulti-
plexed into three 6.312-Mb/s signals. A simplified block diagram of 
the receiving terminal, together with its appropriate waveforms, is 
shown in Fig. 3. The functional operation of the receiver is essentially 
the inverse of the transmitter. 

4.3 Filters 
The overall shaping and filtering of the four-level, 10.1-megabaud 

baseband signal is obtained by splitting the baseband filtering and 
locating a portion of it in the transmitting terminal to band limit the 
signal and the remainder in the receiving terminal to limit noise. 
The combined transmission characteristic of the baseband filters pro-
duces a pulse with a raised cosine spectrum which has a high tolerance 
to interference.9 
The transmitter baseband filter characteristic is given by 



486  THE BELL SYSTEM TECHNICAL JOURNAL, FEBRUARY  1971 

H(f) — 

ir//fn 
If I 5- fan — 1. ; (irf/fa) ' 

irf/fa ,ns (Ir f — (fan —  
sin (TI/fil) ---  f.  ' 

fan — f. < If I < fan + f. • 
The receiver baseband filter characteristic is given by 

{ 

H(f) = cosrw f — (1.13/2 —   
L4  f. 

1,  II I 5_ fan — 1. ; 

where fB = 10.1 MHz. 
For the 50 percent rolloff filter used in these terminals, f‘e equals 

fB/4 . The xfsin x term in the transmitter filter characteristic is a cor-
rection for the spectrum of the square-wave input. 

V. BASIC FUNCTIONS —TRANS MITTER 

1B/2 — f. < If I <13/2 + f. ; 

The digital transmitter block of Fig. 2 is shown in expanded block 
diagram form in Fig. 4. The functions of bit stream synchronization, 
multiplexing, and modulation shown in Fig. 4 are described below. 
To time multiplex the three independent 6.312-Mb/s inputs, each 

input must be synchronized to the same clock frequency. This is ac-
complished by the method of pulse stuffing. Each input is written 
into a separate eight-cell elastic store under the control of an input 
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Fig. 3—Digital transmission over microwave radio receiving terminal. 
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Fig. 4—Block diagram of digital transmitter. 

BAL OUT/ 
TO FM 

TRANSMITTER 

clock derived from the average frequency of the respective input 
signal. The input frequency is 6.312 MHz ±30 ppm which is a tol-
erance of about ±190 Hz. The reading function for each synchronizer 
is performed by one of three read clocks generated in the pulse stuffing 
control. Each of these read clocks over a long period of time has exactly 
the same number of clock pulses as there are information pulses written 
into the storage cells of the associated elastic store. Furthermore, 
each read clock has been blanked appropriately to allow the insertion 
of the framing and synchronizing pulses. Sixteen bits out of every 
256-bit frame are allocated for these purposes. The nominal pulse 
stuffing rate is 500 stuff pulses per second. This rate is variable from a 
minimum of zero to a maximum rate of one stuff every 12 frames. The 
actual synchronization is performed by the pulse stuffing control through 
the monitoring of stuff requests generated by nearly empty elastic stores. 
These stuff requests reach the pulse stuffing control via the multiplex. 
All of the periodic waveforms required to perform the functions of 
synchronizing, multiplexing and modulating are generated in the 
transmitter common control. The basic system clock frequency is 
20.2 MHz ± 30 ppm and is generated by the 20.2-MHz crystal oscillator. 
The multiplex accepts the three properly synchronized information 
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pulse streams with their associated stuff request pulses. It also receives 
the required periodic waveforms from the pulse stuffing control and 
the transmitter common control and time multiplexes them together 
with the information pulses and stuff pulses into a 20.2-Mb/s binary 
stream. Included in this stream are the necessary control signals to 
allow the receiver to remove the added stuff pulses. 
The final digital operation in the chain is to modulate the 20.2-Mb/s 

binary signal to a four-level, 10.1-megabaud signal. This takes place 
in two steps. The 20.2-Mb/s binary signal is first converted into two 
parallel 10.1-Mb/s binary streams which are then converted into a 
single, four-level 10.1-megabaud signal. A simplified schematic dia-
gram of the modulator is shown in Fig. 5. The serial bit pairs, B1B2, 
are mapped to pairs of parallel bits, D1/D2, through the functions; 

D1 = B1 
and 

D, = B, 0 B2 

The parallel bit pairs then control the emitter-coupled transistors 
which route the proper amount of current from the current generators 
into the load resistor to produce the four-level output signal. 
The digital signal format at the binary output of the multiplex and 

the corresponding four-level signal out of the modulator are illustrated 
in Fig. 6. The contents of one frame are shown, including dedicated 

SERIAL-TO-PARALLEL  DIGITAL-TO-ANALOG 
CONVERTER  CONVERTER 

BIN 

CBIT 

FLIP 
FLOP 

20 M !Vs 
INPUT 

H  FLIP 
  FLOP 

Cbauci 

 5, 
FLIP 
FLOP D2 

 D2 
FLIP 
FLOP 

+V 
OUTPUT 

10 M baud 
4-LEVEL 

•• 

52 

1 
Fig. 5—Modulator. CBAUD = 10.1-MHz baud clock; CHIT = 202-MHz bit clock; 

BIN, BIN  = 20.2-Mb/s binary bit stream and its complement; Di = Bi; D2 = 
BI G B 2. 
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Fig. 6—Pulse format of digital signal. 
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framing pulses, stuff sync pulses, stuff pulses, and information pulses. 
The stuff sync pulses of 12 successive frames make up a triply redun-
dant word which indicates to the receiver when and where stuff pulses 
are inserted for each of the three information channels. From the 
modulator, the signal passes through the transmitting filter, which 
restricts the baseband frequencies and provides the desired pulse shap-
ing, and then to an FM transmitter through an unbalanced-to-bal-
anced amplifier. 

VI. BASIC FUNCTIONS —RECEIVER 

The digital receiver block of Fig. 3 is shown in expanded block 
diagram form in Fig. 7. At the digital receiver, the four-level, 10.1-
megabaud signal, from the FM receiver, is converted to an unbalanced 
signal and then passes first through the receiver baseband filter and 
into the transversal filter. The baseband filter, together with the filter 
in the transmitting terminal, provides optimum shaping of the base-
band response characteristic. The transversal filter simplified schematic 
is shown in Fig. 8. The input signal passes through a 12-section tapped 
delay line. The gain of each tap, except for the center tap, is manually 
adjustable so that the output signal So (t) is given by 

S0(t) = «IË KS (t — nr), 
ts -6 
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where 

K. = 1,  —1 < K„ < +1 

and 

Si (t — nr) 

is the input signal at the nth tap. 
Adjustment of the tap gains, K„, compensates for the nonfading 

distortion encountered by the signal in transmission over the radio 
channels. The equalized output signal drives the digital section of 
the receiver. 
The operation of the receiver is, in general, the inverse of the trans-

mitter. The receiver converts the 10.1-megabaud, four-level input signal 
into three 6.312-Mb/s pulse streams by first demodulating the signal 
into a 20.2-Mb/s binary data stream, and then separating and adjust-
ing the timing of, or desynchronizing, the three individual output 
signals. 
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Demodulation is accomplished through the AGO/DC restoration, 
timing recovery, demodulator, frame detector, and receiver common 
control circuitry. The AGC/DC restoration circuit reduces the effect 
of input signal level variations and assures that the signal is at the 
proper de level. 
The timing recovery circuit produces 10.1-MHz sinewave outputs 

which are synchronous with the 10.1-megabaud input signal. Timing is 
initially recovered using the complete signal. However, when the re-
ceiver is in frame, only selected zero crossings of the dedicated fram-
ing pulses (Fig. 6) are used. This results in a more stable recovered 
clock because the dedicated pulses always have the same pattern. This 
clock is converted to 20.2 MHz by the frequency doubler circuitry. 
The demodulator converts the 10.1-megabaud, four-level signal into 

a 20.2-Mbis binary data stream. A simplified schematic is shown in 
Fig. 9. The 10.1-MHz sample clock is converted into a narrow strobe 
pulse of about 15-ns width that operates the sample-and-hold flip-flops 
at the output of the threshold detectors. There are three threshold 
detectors, each of which consists of two stages of emitter-coupled tran-
sistor pairs. High-speed silicon transistors (ft = 4 GHz) are used in the 
last stage to minimize errors caused by timing inaccuracies. The out-
puts of the sample-and-hold flip-flops are converted logically in the 
parallel-to-serial converter to a 20.2-Mbis binary data stream. 
The relative phase of the 10.1-MHz sample clock and the 10.1-

megabaud signal is adjustable to permit sampling to occur at the 
minimum distortion point of the eye pattern. 
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The frame detector is used to establish proper framing of the receiver 
common control. When the framing pulses are in the demodulator 
sample-and-hold circuit, a fixed pattern appears at the frame detector. 
To establish initial framing when the system is put into service, or 
to reinitiate framing when an outage occurs, the dedicated pulse pat-
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tern must be detected correctly in two successive signal frames. The 
master counter in the receiver common control will then be automat-
ically set to its proper phase with respect to the input signal stream. 
In the absence of errors in the incoming four-level pulse stream, the 
in-frame condition is achieved in no more than 25 microseconds. Once 
the in-frame condition is established, the time of occurrence of the 
dedicated pulse pattern as seen by the frame detector is compared with 
the time of occurrence of a frame sync pulse from the receiver com-
mon control. If they are in phase, a signal appears on the in-frame 
gate lead to the timing recovery. If they are not in phase during four 
successive signal frames, a frame reset pulse resets the common control 
and continues to reset until the correct framing pattern is noted again 
in two successive frames. In addition, when an error occurs in the 
framing pulses, a signal is sent to the framing pulse error monitor. 
The framing pulse error monitor keeps track of the rate of errors 

of the framing pulses. When the framing pulse error rate is equivalent 
to a data error rate less than one in 106 bits, performance is consid-
ered acceptable. When the equivalent error rate becomes greater than 
one in 106 bits, an alarm is activated as described in Section 10.2. 
Circuits used for separating and adjusting the timing of the three 

channels are the pulse stuffing control, receiver common control, and 
three sets of desynchronizers each set consisting of an elastic store, 
voltage-controlled oscillator, and binary-to-bipolar converter. 
The purpose of the pulse stuffing control in the receiver is to provide 

the three write clock (WC) signals, each clock having pulses cor-
responding to a different information channel. In addition, the pulse 
stuffing control determines when a channel has an added stuff pulse 
to be ignored. Information as to whether a stuff has occurred is con-
tained in two dedicated "Sync" bits of the 20.2-Mb/s binary data 
stream. When the presence of a stuff pulse is indicated by the sync 
bits, the appropriate pulse of the output clock is blanked in the time 
slot where the stuff pulse has been inserted by the digital transmitter. 
Only one channel will have been stuffed in any single frame. 
Data is written into the elastic store of desynchronizer channel No. 

1 by WC1. Thus only those bits belonging to channel No. 1 get into 
this elastic store. The data is then read from the elastic store by the 
smoothed read clock generated by the voltage-controlled oscillator. 
This is a crystal controlled oscillator, the frequency of which is locked 
to the average frequency of WC1. The smoothed binary data stream 
out of the elastic store is finally converted back to bipolar format. 
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VII. ERROR-RATE MEASUREMENT 

To measure the system error performance, a pseudo-random word 
generator called a scrambler is used with a complementary descrambler. 
As shown in Fig. 10, the scrambler consists of a 15-stage shift register 
with feedback connections that cause it to generate a word of 32,767 
bits in length when the input is "O." The descrambler has the same 
basic configuration and performs the inverse function, i.e., when the 
descrambler input is the 32,767-bit word, the output of the descram-
bler is "0." Errors in the 32,767-bit word will cause a pulse to appear 
at the descrambler output. 
The frequency of operation of the scrambler-descrambler combina-

tion is determined by the clock frequency that is supplied to it. To 
test the overall system error rate, a 20.2-MHz clock with appropriate 
blanking is used and the scrambler output drives the transmitter 
multiplex. The receiver demodulator drives the descrambler and the 
output of the descrambler is monitored to measure the error rate. To 
test a single 6.312-Mb/s channel, an appropriately blanked 6.312-

2 

(a) 

 ..OUT 

'MODULO-2" 
ADDER 

3 4 5 6 7 8 9 10 11 12 13 14 15 

CLOCK 

(b) 

Fig. 10—Word generator: (a) scrambler, and (b) descrambler. 
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MHz clock is used and the scrambler replaces the elastic store in the 
channel being tested. The receiver elastic store in the same channel 
is replaced by the descrambler and the output of the descrambler is 
monitored to measure the single-channel error rate. Since this last 
test does not check the pulse-stuffing operation in the channel being 
tested, a third test mode, which uses a scrambler driven by an 
asynchronous 6.312-MHz clock, is used. The output of this test source 
drives a single 6.312-Mb/s channel, replacing the normal input. The 
descrambler in the receiver is used in the binary-to-bipolar converter 
position. In this way the pulse stuffing operation of a single 6.312-Mb/s 
channel can be tested. 

VIM. DISCUSSION OF FIELD TEST RESULTS 

A Picture phone product trial was conducted between New York and 
Pittsburgh from February 1969 to August 1969. As part of the product 
trial, digital terminals were installed at New York and at Pittsburgh 
with a digital regenerator at Alma, New York. The digital terminals 
were in operation from July 1968 to August 1969 and during the first 
6 months of this period, before the product trial started, error-rate 
measurements were made. Data accumulated during the test period 
have indicated that the performance has exceeded the original de-
sign objectives. Error performance over several periods of two to 
three days has indicated an error rate of 10-'' to 10-n. Over 99.5 
percent of the 10-second samples recorded were error free during a 
total of over 200 hours of measuring time. Among the small percentage 
of samples containing errors, about 90 percent contained five or less 
binary digit errors, which corresponds to an error rate of less than 
10--7 errors per bit. 
A plot of actual error-rate results on the radio circuit between 

Pittsburgh and New York, obtained by injecting equivalent noise at 
baseband in the digital receiver to simulate a fading condition, is 
shown in Fig. 11. The center curve is the overall circuit with the 
regenerator in at Alma and equalized for overall optimum performance. 
The other curve shows the performance when the regenerator at Alma 
was bypassed. No change in equalization was made between the two 
conditions. 
A photograph of an actual eye pattern is shown in Fig. 12. The eye 

closure due to intersymbol interference is clearly evident. 
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IX. PHYSICAL DESIGN ASPECTS 

9.1 General Description 
The digital terminal shelf includes a digital transmitter and re-

ceiver and is shown in Fig. 13. It is constructed of three 17.8-cm-high 
(7-inch) aluminum castings and is designed for relay rack-type mount-
ing on standard 58-cm-wide (23-inch) duct type bays. Plug-in printed 

--)1 30 ns  — 

1<-- --too ns---->1 
Fig. 12—Eye pattern. 
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Fig. 13—Digital terminal shelf. 
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circuit boards with a nominal size of 16.5 cm by 27.9 cm (6.5 inches by 
11 inches) mounted with horizontal spacings in multiples of 2.16 cm 
(0.85 inches) are used for individual circuits. 

9.2 Maintenance Considerations 

Monitor jacks for the diagnosis of trouble and routine servicing are 
provided on the test and alarm panel. Manual switching of a failed 
digital terminal shelf is provided for at terminal locations. A failed 
digital regenerator may be bypassed at IF using a 223B switch. 
Use of plug-in circuit packs permits quick repair of a shelf. 

X. PO WER AND ALARM ARRANGEMENTS 

10.1 Power Supplies 
Three dc voltages are required for the operation of digital trans-

mitters, receivers, and regenerators. They are +12V, —12V, and —5.2V. 
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An ac distribution panel located at the top of the bay feeds each power 
supply. To prevent the interruption of service resulting from the failure 
of a power supply, two supplies are provided for each voltage. They 
are wired in parallel via a diode bridge as shown in Fig. 14. A failed 
power supply unit may be replaced without disrupting service. 

10.2 Alarm Arrangements 
All alarm conditions register as a major alarm on the office alarm 

system. The bay alarm on the test and alarm panel is transferred to 
either a "DIG CKT" or an appropriate "PWR" alarm indication 
when the "ACO RST" button on the panel is operated. 
A "PWR" alarm indication results from an overvoltage turn off 

of a de supply or from the tripping of a power supply circuit breaker 
on the ac distribution panel. 
A "DIG CKT" alarm indication is further subdivided into a major 

alarm or a minor alarm by an indication on the appropriate fuse and 
alarm circuit pack. A major alarm results when the signal error rate is 
greater than 10-3 error/bit or from a blown fuse in the fuse and alarm 
circuit pack. A minor alarm results when the signal error rate is 
greater than 10-6 error/bit. 

XI. CONCLUSION 

A four-level, 10.1-megabaud digital transmission system consisting 
of a digital terminal transmitter, a digital regenerator and a digital 
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terminal receiver capable of transmitting digital signals at a rate of 
20.2 million bits per second over the TD-2 microwave system has been 
built and has undergone a successful field trial. An interim physical 
design permits early availability to the operating companies. 
Operating over a radio route maintained under standard plant 

maintenance procedures, an error probability of the order of 10-" 
error/bit has been realized. Experience on this route indicates the 
compatibility of a broadband digital system with other analog systems 
on the same radio route. 
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The Picturephone® System: 

Mastergroup Digital Transmission 
on Modern Coaxial Systems 

By J. F. GUNN, J. S. RONNE, and D. C. WELLER 

(Manuscript received September 4, 1970) 

We describe in this paper a system currently under development that 
will adapt the L-4, and later the L-5, coaxial system for digital transmission 
in mastergroup bands. The terminal equipment will combine two 6.312 
Mbls digital signals and, hence, two Picturephone® signals in digital 
form for transmission on the coaxial systems along with analog message 
channels in other mastergroups. The overall system includes regenerative 
repeaters at intervals of not more than 300 miles to realize the error rate 
objective of 2.6 X 10-7 , or better, for distances up to 4000 miles. 

I. INTRODUCTION 

The introduction of intercity Picturephone service will stimulate 
growth in the amount of digital information requiring transmission 
over long distances. It is important to provide for this growth and for 
the increasing capacity required for high-speed data in an evolutionary 
manner. This has motivated the development of terminal equipment 
to adapt existing microwave radio" and analog coaxial facilities for 
the transmission of digital signals. 
The L-4 coaxial line is an excellent medium for an efficient hybrid 

transmission system.2 A high signal-to-noise ratio (S/N), excellent 
linearity, and well-defined and stable transmission characteristics 
make it very attractive for multilevel pulse transmission. A master-
group band provides a convenient subdivision for frequency multi-
plexing high-speed digital and analog signals. The mastergroup band 
has a bandwidth of 2.52 MHz and conventionally provides for 600 
frequency division multiplexed voice channels. A mastergroup band 
is also capable of carrying two time-division multiplexed 6.312-Mb/s 
signals and, thus, can handle two digitalized Picturephone signals. It 
is planned that the digital mastergroup signals will be transmitted over 
the L-5 coaxial system that is currently under development. 

501 
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The maximum digital capacity of an L-4 route employing master-
group digital equipment is equivalent to 108 digital Picture phone 
trunks. (Each of the six mastergroups per coaxial tube could carry 
two 6.312-Mb/s signals, and there are nine working two-way tube 
pairs per line, the remaining pair being reserved for protection.) The 
mastergroup digital capacity of the new L-5 system, employing a new 
22-tube coaxial line and transmitting 15 mastergroups per tube, is 
300 digital Pieturephone trunks. 
The L-mastergroup digital system, together with the microwave 

radio system, will provide the Bell System the long-haul, digital ca-
pacity it will need in the early 1970s. Digital signals can be routed to 
any of the metropolitan areas served by L-4 and L-5 coaxial cable 
routes. 
The terminal equipment being developed to adapt L-mastergroup 

bands for digital transmission is the subject of this paper. The equip-
ment employs the techniques of time division multiplexing, digital 
processing, vestigial sideband modulation, adaptive equalization, ana-
log-to-digital conversion and digital regeneration. 

II. DESIGN OBJECTIVES 

Design objectives have been established to ensure performance com-
patibility with the evolving digital hierarchy and with the L-4 and 
L-5 Coaxial Systems. The bit rate should be sufficient to accom-
modate an integral number of 6.312-Mb/s signals. The error rate for 
a 4000-mile mastergroup digital connection should not exceed 2.6 x 
10-7 errors-per-bit more than 5 percent of the time.8 The timing jitter 
of 6.312-Mb/s digital signals delivered from receiving mastergroup 
digital terminals should be no greater than that presented to the cor-
responding transmitting terminal. In addition, a mastergroup digital 
signal should not degrade the coaxial system noise performance estab-
lished by the analog mastergroups. The digital equipment should be 
compatible with the standard blocking, branching, and frogging rules 
of the coaxial system and should also be compatible with standard 
facility switching, restoration, alarm, and maintenance procedures. 
Thus, the means should be provided for in-service monitoring of the 
digital facility that allows for quick identification and correction of 
trouble conditions. 

III. SIGNAL FORMAT 

The class IV partial-response signaling format4.8 exhibits a number 
of characteristics that make it well suited for use in the L-Master-
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group Digital (LMD) System. Foremost is the power distribution as 
a function of frequency of the baseband signal which has nulls at de 
and at a frequency equal to one-half the symbol rate. These nulls 
permit the transmission of both a carrier pilot and a timing pilot along 
with the signal, which greatly facilitates coherent demodulation and 
accurate timing of the received signal. Since the power distribution 
rolls off gradually near the band edges, the signal is less sensitive to 
the severe edge-of-band phase distortion introduced by the channel 
filters located in the LMD terminal. 
The partial-response signaling rate can be nearly twice the band-

width of the channel since satisfactory performance is not dependent 
upon the provision of a large (50 or 100 percent) excess bandwidth for 
roll-off (Nyquist) shaping as is often the case for a full-response for-
mat. Indeed, satisfactory performance has been obtained in partial-
response digital transmission systems with no roll-off band. 
The partial-response coding format has the further advantage that 

violations in the code can be monitored after the received signal has 
been sampled. The number of violations in the random data signal 
that occur per unit time provides a measure of the error performance 
for the system.6 Coding of the signal in the LMD System is admin-
istered in a way that allows the error performance of each regenerative 
repeater section to be monitored independently. In this way, a trouble 
condition in any one of the repeater sections can be easily isolated to 
the appropriate section. The violation detector is also used in a control 
loop to correct for errors in the sampling time. 

IV. INFORMATION RATE 

The probability of error per bit for an n-level, class IV partial re-
sponse signal, transmitted over a channel with optimum raised-cosine 
shaping and no intersymbol interference is 

2 1 n \I 3P,   
Ply — (log, NMI.  N 2)te( 2(N 2 _ 1) E0 

where 

Q(x) = ç= f exP  

P. = channel signal power, 
P„ = channel noise power in the Nyquist band, 

log2 N = number of bits conveyed per pulse, and 
n = 2N — 1 = number of coded levels transmitted. 
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The usual assumption has been made that only errors caused by gaus-
sian noise which produce transitions to levels adjacent to the trans-
mitted level need be considered. Thus, with Gray coding, the bit error 
rate will be 1/log2N times the symbol error rate as indicated in the 

expression for Piv 
The LMD signal must be digitally 'regenerated in order to prevent 

noise and other forms of distortion from accumulating over a 4000-
mile L-4 or L-5 system and becoming too great to permit efficient use 
of the mastergroup bandwidth. Because of their size and complexity, 
the regenerative repeaters must be located only at L-carrier main-
stations. In a 4000-mile system, there will be approximately 16 LMD 
repeaters having a maximum separation of 300 miles (two mainstation 
sections). 
The noise power falling within the Nyquist band at the input to a 

regenerative repeater, WN(L) is given by 

W(L) = W — 88 ± log (BN/Bm) — 10 log (LdL) 

where 

W = expected noise power in 4000 miles of L4 (40 dBrnc0), 
B, = Nyquist bandwidth (2.215 MHz), 
BM = message channel bandwidth (3 kHz), 
L. = maximum LMD System circuit length (4000 miles), and 
L = repeater spacing  300 miles). 

By substitution, the worst-case noise power at the repeater is —30 

dBm0. 
The distribution of voltage for 600-message channels, after modula-

tion into a mastergroup band, is approximately gaussian.7 The voltage 
distribution for a mastergroup digital signal is bounded, and random-
izing of the digital signal ensures that the peak power level in a master-
group band is well controlled. With these considerations in mind, the 
power level of a mastergroup digital signal has been set equal to the 
average of a message mastergroup, or Ps = +11 dBm0. This is a con-
servative choice intended to ensure that a mastergroup digital signal 
contribute no greater interrnodulation noise than a message master-
group. This establishes the worst-case S/N of the digital signal at the 
input to a digital repeater at 41 dB. 
The 2.6 X 10-1 error rate objective for a 4000-mile connection cor-

responds to an error rate of approximately 2 x 10-8 per repeater sec-
tion. The S/N that is required to just achieve 2 x 10-8 error perform-
ance can be computed for a 15-level partial response signal from the 
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expression for Ply and is approximately 31 dB. The 10-dB difference 
between the computed signal-to-noise requirement and the 41-dB ratio 
expected is the margin that may be allocated to impairments arising 
from channel imperfections such as amplitude and phase distortion, 
timing jitter, signal-level variations, quadrature distortion, and im-
perfect multilevel to binary conversion. Thus, the 15-level class IV 
Partial response signal combines adequate margin for transmission im-
pairments with good bandwidth efficiency. The pulse rate has been set 
at 4.43 megabauds which results in a bit rate of 13.29 Mb/s. The LMD 
System can conveniently handle two 6.312-Mb/s signals plus addi-
tional capacity for multiplex framing, bit synchronization and mis-
cellaneous control signals. 

V. L- MASTERGROUP DIGITAL CHANNEL 

The LMD equipment required to adapt the L-4 or L-5 Carrier Sys-
tem for transmission of mastergroup bandwidth digital signals is 
located only at mainstations. This arrangement not only facilitates 
maintenance but readily permits the multiplexing of both digital mas-
tergroups and message mastergroups in the same cable. A block dia-
gram of a typical digital channel is given in Fig. 1. The terminal digi-
tally multiplexes two 6.312-Mb/s signals and modulates the combined 
signal into one of the L-4 mastergroup bands. At intervals up to 300 
miles, the repeaters demodulate the line frequency signal to baseband 
where it is digitally regenerated and modulated back into an appro-
priate mastergroup band. 
Figure 2 is a block diagram of the terminal and associated multiplex 

equipment. In the figure, the Combiners, the Terminal and the M2L 
are separated because in the actual equipment they are seperate for 
maintenance reasons. The M2L time multiplexes (and demultiplexes) 
two 6.312-Mb/s signals. In the LMD Terminal, the digital processor 
maps the binary signal into 4-bit partial-response encoded words and 
presents them to the binary-to-multilevel converter at a rate of 4.43 
megabauds. The binary-to-multilevel and multilevel-to-binary con-
verters translate the 4-bit words to and from the 15-level, PAM for-
mat. The adaptive equalizer in the receiver provides mop-up equaliza-
tion on a continuous basis. It corrects for residual amplitude and phase 
distortion in the terminal networks and also compensates for time 
varying distortion in the repeatered line, coherent demodulators, and 
timing recovery circuits. A set of modulators and demodulators 
(modems) is used to frequency multiplex up to six LMD signals for 
application to the coaxial transmission system. Thus, message con-



506  THE BELL SYSTEM TECHNICAL JOURNAL, FEBRUARY  1971 



F 

LMD TERMINALS
 

MASTERGROUP DIGITAL TRANSMISSION 

I-

I-.) 0 0 

a  • -,-
z 

zW  2 ccU  

/- -1 0 

2lo 

2 l-
ei D 
u 

0 - 
L) L) 

o 

I I III 

2.215-MHz P 

TRANSMIT 

1 

Ui 
> 
Ui    

In 

o 
o 
2 

I I 

0 CC 
Zui 
- > 
0 

cc 

•• •11 

111 
X 

- 
N 

01 

ri 



508  THE BELL SYSTEM TECHNICAL JOURNAL, FEBRUARY  1971 

veying mastergroups and digital mastergroups can be combined in any 

convenient assignment. 
An LMD regenerative repeater consists of terminals connected at 

the 13.29-Mb/s interface as indicated in Fig. 3. (The M2L is not 
required in the repeater.) The repeater demodulates the signal to base-
band, converts the 15-level signal to a regenerated 13.29 Mb/s, two-
level signal. This basic pulse stream is then converted into a new 15-
level signal and modulated into an appropriate mastergroup band. The 
repeater need not modulate the signal into the same mastergroup band 
that supplied the input. Thus, a repeater can interconnect any two 
mastergroups so that frequency frogging can be employed to accom-
modate the standard L-4 or L-5 blocking, branching, and frogging 
rules. 
The functions and major design features of each of the basic blocks 

of equipment will be examined in more detail in the following para-
graphs. 

VI. M2L TI ME DIVISION M ULTIPLEXER 

The time division multiplexer combines two 6.312-Mb/s signals into 
a single binary stream at 13.29 Mb/s. The multiplexing operation is 
complicated by the fact that the two 6.312-Mb/s streams are not 
always exactly at their nominal speed. The technique known as pulse 
stuffing8 is used to buffer against rate variations in an adaptive man-
ner. The 13.29-MHz terminal clock supplies more time slots per unit 
time than required by the input signals (Fig. 4). Pulses that convey 
no information are inserted into a number of these extra time slots on 
an optional basis, depending on deviations of the incoming signals 
from the nominal 6.312 Mb/s. The remaining extra time slots are used 
to convey control signals to the receiver so that it can delete the extra 
pulses and separate the two signals in synchronization with the trans-
mitter. 

VII. DIGITAL PROCESSOR 

The digital processor is designed to perform two basic functions: 
(i) randomize the digital information to prevent discrete frequencies 
from appearing in the transmitted signal above specified levels, and 
(ii) encode the signal to achieve the desired spectral nulls in such a 
way as to prevent error propagation at the receiver. 
A block diagram of the digital processor is given in Fig. 5. The 

serial-to-parallel converter groups the randomized 13.29-Mb/s binary 
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126 TIME SLOTS 

21 TIME SLOTS 

• • • CI 102111112 1111121 • • • 1111121 C111112111112111112 • •I i C 101 112 1 • • • 

II, 12 - DATA PULSES FOR CHANNELS 1 AND 2 . 

01,02 - OPTIONAL PULSES ( STUFFED OR DATA) FOR CHANNELS 1 AND 2. 

C - CONTROL PULSES 

Fig. 4—In the time division line format, pulses are time multiplexed with data 
pulses into every 21st time slot. After six control pulses have been transmitted, 
an optional pulse is provided for stuffing in one of the data channels if required. 
Stuffing rday take place in the other data channel following the next 126 time 
slot sequence. 

stream into 3-bit words. Each of the 23 = 8 possible words is uniquely 
associated with an integer in the range 0 to 7, according to a Gray code. 
The Gray code ensures that a single level error made at the receiver 
in estimating the transmitted level will result in only a single bit er-
ror. The integer generated in the nth time slot is represented by the 
symbol D.. 
The encoded sequence, {B.}, is obtained from the original sequence, 

(D.), by applying a pair of operations given by the following equa-
tions: 

SCRAMBLER 

BINARY SIGNAL 
13.29 MD/S  4.43 MEGABAUDS 

SERIAL-TO-
PARALLEL 
CONVERTER 

PARTIAL 
RESPONSE 
CODER 

BINARY -TO-
MULTILEVEL 
CONVERTER 

DESCRAMBLER 

PARALLEL-
TO-SERIAL 
CONVERTER 

DIGITAL PROCESSOR 

PARTIAL 
RESPONSE 
DECODER 

15-LEVEL SIGNAL 

MULTILEVEL-
TO - BINARY 
CONVERTER 

BINARY - 
MULTI LEVELH  
CONVERTERS 

Fig. 5—The digital processing and binary-multilevel conversions indicated 
perform the digital-analog translations. 
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= (D. + An_2) modulo 8, 

B n =  A n-2 • 

By substitution, the overall relation becomes 

= (D„  A„...2) mod 8 — A n-2 • 

If (D. + A._2)  7, then 

Br, = D,.. 

If (D. + An_2) > 7, then 

(3) 

= D,. — 8. 

It follows that the symbols, B,., can assume any one of the 15 integer 
values in the range —7 to +7. The operation in equation (2) has the 
transfer function, 1 — exp (—j42rfT), which has the desired zeroes at 
de and the Nyquist frequency, (1/2T) = 2.215 MHz. The operation 
in equation (1) takes account of the intersymbol dependence estab-
lished by equation (2) so that the decoding operation of the receiver 
is independent of previously generated symbols, 

D„ = (B„) modulo 8.  (4) 

The operation in equation (3) is performed by the digital processor 
using binary elements. The output of the processor is a sequence of 
4-bit binary words which represent the symbols B.. 
The digital processor includes a modulo-scrambler to randomize 

the digital signal sufficiently to suppress single tones. Discrete fre-
quencies in the LMD signal can be generated by repetitive sequences 
of input data. Picturephone signals, for example, will have concentra-
tions of power at multiples of frame rate, line rate, and sampling rate, 
plus lines in the spectrum due to periodic components in the original 
video. Single frequency tones arising from an LMD terminal or re-
peater and falling out-of-band in adjacent message channels should 
not exceed —72 dBm0 in order to be inaudible. If complete protection 
against all pathological digital sequences were attempted, the out-of-
band suppression requirements of the transmitting filters would have 
to be excessive. It is important to minimize these suppression require-
ments since they strongly influence the in-band phase distortion. Single 
tones higher than —14 dBm0 can cause intelligible crosstalk if their 
frequencies fall at or near multiples of 4 kHz. Intermodulation of a 
message signal with such a tone may appear as undistorted speech in 
another channel. 
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VIII. BINARY-TO-MULTILEVEL CONVERTER 

The binary-to-multilevel converter generates a voltage pulse that 
can achieve any one of 15 equally spaced levels for each 4-bit word 
delivered by the digital processor. As shown in Fig. 6, a weighted cur-
rent gating circuit is used to perform this function. The multilevel sig-
nal is the input to the modem. 

IX. MODEM 

Since the partial response signal format is generated in the digital 
processor, the channel networks must be designed to minimize inter-
symbol interference by satisfying the Nyquist criterion as closely as 
possible.° The amount of bandwidth that is available for the digital 
signal is somewhat greater than the 2.52 MHz allocated for each ana-
log mastergroup because of the guard space that has been provided be-
tween mastergroups. This guard space was originally provided in the 
message mastergroup multiplex for the skirts of the separation filters.° 
The corresponding skirts of the LMD separation filters can be used to 
shape the vestigial and roll-off regions of the digital signal. Although, 
in principle, vestigial and roll-off bands are not required for the partial 
response signal, they serve several purposes: (i) substantially improve 

+V 

FROM 
DIGITAL - 

PROCESSOR 

-v 

TO 
MODEM 

Fig. 6—The binary-to-multilevel converter receives the partial-response en-
coded signal from the digital processor on four leads and converts it to a 15-level 
signal for modulation into the appropriate mastergroup band. 
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network realizability over single sideband, no roll-off networks; (ii) 
permit gentle filter shaping which will minimize in-band amplitude 
and phase distortion; (iii) provide somewhat wider "eyes" which are 
less subject to timing jitter distortion; and (iv) reduce signal over-
shoot and corresponding LMD circuit linearity requirements, espe-
cially important in the M/B converter. 
The analog portion of the LMD terminal contains two steps of 

modulation for all but mastergroup 2 (MG-2) as indicated in Figs. 2 
and 7. The 4.43-megabaud, 15-level, partial response signal is first 
modulated into the MG-2 band. The second step of modulation trans-
lates the MG-2 signal into one of the other L-4 mastergroup bands. 
This modulation system has the advantage that all in-band signal 
shaping and most of the out-of-band discrimination is provided by the 
networks associated with the first step of modulation, and hence, this 
difficult job of network design has to be done only once. New synthesis 
techniques were developed to optimize the filter designs on the basis of 
a digital mean-square error criterion.10 Mastergroup 2 was selected for 
the first step of modulation because it is surrounded by the narrowest 
guardbands and, therefore, requires the smallest vestigial and roll-off 
bandwidths. One further advantage of the two-step modulation tech-
nique is that MG-1 can be included in the basic system plan. Two 
steps of modulation are required for MG 1 to prevent signal leak from 
impairing performance since the baseband spectrum overlaps the MG-1 
frequency band. 
The first step of modulation utilizes vestigial sideband modulation 

with coherent detection. The second step of modulation is a potential 
source of additional frequency offset that could increase the phase 
error in the coherent detector. A new carrier recovery circuit has been 
developed for the LMD terminal, however, which significantly reduces 
the frequency offset without requiring more stable oscillators. A block 
diagram of the new circuit is given in Fig. 8, together with the equa-
tions that illustrate its operation. 

X. ADAPTIVE EQUALIZER 

An adaptive equalizer receives the bandlimited signal from the 
demodulator and filters it to minimize intersymbol interference. This 
type of equalizer incorporates a tapped delay line and electronically 
controlled tap attenuators, as indicated in Fig. 9. 
The transfer function for the equalizer is given by 

HEU) = [  C, exp (— j2rfkT)] exp (— j2rIKT). 
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Fig. 8—The carrier recovery circuit as it applies to MG-3 is shown. 

The factor in brackets shows the equalizer to be a finite dimension 
Fourier series synthesizer in the frequency domain. The equalizer is 
set to approximate the inverse of that portion of the overall channel 
characteristic that contributes intersymbol interference. The state of 
the Fourier coefficients, Ck , is continuously updated to compensate for 
changes in channel characteristics. This adaptive control is based on 
an algorithm which uses statistical estimates of the sampled pulse 
response of the equalizer as control information.11 
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DISTORTED 
15-LEVEL 
SIGNAL 

TAPPED DELAY LINE 

•  •  • 

ELECTRONIC TAP 
ATTENUATORS 

•  •  • 

•  •  • 

DIGITAL CONTROL LOGIC 

MULTILEVEL 
TO BINARY 
CONVERTER 

.-4111-•••-•• 

Fig. 9—The adaptive equalizer receives the band-limited signal from the 
demodulator and filters it to minimize intersymbol interference. 

XI. M ULTILEVEL-TO-BINARY CONVERTER 

The multilevel-to-binary (M/B) converter utilizes the folder-slicer 
techniquel2 to convert the received baseband signal to 6-bit words as 
indicated in Fig. 10. The signal is first sampled every T seconds and 
the sample held long enough for the conversion to the binary word to 
take place. Each folder is essentially a full-wave rectifier. A total of six 
slicing and five folding operations are used to generate a six-bit word. 
The first four digits represent the quantized amplitude of the sample 

ANALOG  SAMPLE 
AND 

INPUT HOLD 

TIMING   
INPUT 

DELAY 

•• •••, 1 FOLDER 

SLICER 

-e - F.C7E Tt 

SLICER SLICER 

REGISTER 

FOLDER F1 

SLICER 

DIGIT 1  DIGIT 2  DIGIT 3  DIGIT 6 

Fig. 10—The multilevel-to-binary converter samples the received 15-level 
signal at those points in time for which intersymbol interference has been mini-
mized by the adaptive equalizer. Each sample is then represented as a six-bit 
binary word. The first four bits indicate the quantized amplitude of the sample 
while the fifth and sixth are used to detect and correct errors in signal level, 
slicing threshold, and sampling time. 
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while the fifth is used to detect errors in signal level and slicing thresh-
old. When there are no errors in level or threshold, the output of the 
fifth slicer will be essentially random. When either one or both pa-
rameters are in error, the sense and type of error can be obtained by 
an appropriate logical combination of the outputs from the first five 
digits of the M/B converter. The sixth digit provides a measure of 
distortion at the sampling instants by indicating the percentage of the 
symbols whose levels deviate from nominal by more than 25 percent. 
This measure is used as an indication of the quality of transmission 
and in optimizing adjustments of such parameters as carrier phase 
and sampling time; it is also used in a control loop to make fine adjust-
ments in the sampling time automatically as described below. 

XII. VIOLATION DETECTOR AND TIMING CONTROL CIRCUIT 

The following constraint is derived from equation (2) for the se-
quence, {B„,}, generated in the transmitter: 

EBm+21 5 7 — A m-2  • 

When errors occur in transmission, the above constraint is violated, 
and the violation-detector indicates an error. 
Figure 11 illustrates the error detector in block form.° The circuit 

alternately operates on the sequence of odd and even numbered re-
ceived pulses, B,„ . During each pulse interval, the detector supplies an 
estimate of the received multilevel pulse to the first adder which up-
dates the running sums during alternate pulse intervals. The viola-

RECEIVED 
MULTILEVEL 
SIGNAL 

DETECTOR ADDER DELAY 

VIOLATION 
MON TOR 

H  ADDER 

- I DELAY 

- 1 DELAY 

H  
0, OR -1 

ERROR 
OUTPUT 

Fig. Il—The violation monitor provides a continuous indication of the error-
rate performance of the repeater section. 
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tion monitor inspects these sums for violations of the correlation con-
straint. When a violation is noted, an error indication is given, and 
the running sum is reset. This ensures that a single error does not 
yield multiple violations. 
If the error performance of a repeater section becomes poorer than 

one error in 104 bits, the error detector will trigger a major alarm. 
Since the error performance of each repeater section can be monitored 
independently, trouble conditions can be easily isolated to the appro-
priate section. 
This violation detector is also used in a control loop to correct for 

errors in the sampling time. A block diagram is given in Fig. 12. A 
2.215-MHz timing pilot is combined with the baseband digital signal 
at the transmitting terminal and is used in the receiver to synchronize 
a 13.29-MHz clock oscillator which generates the various timing sig-
nals needed to synchronize the M/B converter, digital processor, etc. 
The timing recovery automatic phase control (APC) loop does not 
have to maintain absolute control of the timing phase since an addi-
tional timing control circuit, in conjunction with the violation detec-
tor, is used to set the phase of the timing signal in the neighborhood of 
the optimum sampling phase. The timing control circuit operates 
whenever the error detector indicates the error performance has de-
graded below a specified threshold. In this way, the sampling time is 
maintained at approximately the correct value. An additional timing 
control circuit continually adjusts the timing to the optimum point 
by use of the sixth bit output on the M/B converter. Since the sixth 
bit is a measure of distortion, the timing can be automatically ad-
justed to minimize this parameter. 

XII/. SUM MARY 

The L-mastergroup digital system will adapt modern coaxial sys-
tems for digital transmission on a per-mastergroup basis. Thus, both 
analog and digital mastergroups will be transmitted on a coaxial sys-
tem simultaneously. Each LMD channel will carry two 6.312-Mb/s 
digital signals and, hence, two Picturephone signals. These channels 
are expected to provide a large part of the long-haul transmission 
capacity required for Picturephane service, providing low error rate 
performance for distances as great as 4000 miles. In the near future, 
additional equipment will permit the time multiplexing of many slower 
speed digital signals into high-speed bit streams for transmission over 
the LMD channels. 
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The Picturephone® System: 

Switching Plan 

By J. F. URICH 

(Manuscript received October 5, 1970) 

This paper develops the switching plan for Picturephone® service from 
a statement of the service operating procedures. The signaling plan is 
presented in detail. The switching plan provides the framework for the 
detailed switching papers which follow. 

L INTRODUCTION 

A prime objective of Picturephone service is to make it a natural 
extension of present telephone service. The switching plan gives ex-
plicit definition to this objective while permitting extensive use of the 
portion of the switching plant that performs functions common to 
both services. Where economies dictate that the Picturephone network 
depart from the telephone network, the switching plan provides the 
means. 
The technical aspects of switching and transmitting a video signal 

are treated in other articles in this issue. This paper deals primarily 
with the service as seen by the customer, and about those engineering 
factors which then follow from the service definition. 

II. OPERATING PROCEDURES 

The operating procedures for Picturephone service form a set of 
self-consistent rules which define it as a vertical extension of tele-
phone service. From these procedures, requirements are generated for 
the switching hardware to provide the customer, local, and toll switch-
ing for the service. These procedures are as follows: 

(2) Picturephone and telephone calls are placed and received on 
common station equipment. 

(ix) The telephone loop carries Picturephone audio. 
(iii) The telephone line is busy when a Picturephone call is in 

progress and vice versa. 
(iv) Picturephone and telephone numbers are the same. 

521 
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(s) Picturephone service will only be provided with Touch-Tone® 
calling. 

(vi) Picturephone calls are placed by keying a Picturephone service 
indicator followed by the telephone number. 

(vii) The Picturephone service indicator is the twelfth Touch-Tone 
combination (# button). 

(viii) Picturephone calls placed to non-Picturephone numbers will 
not be allowed to complete on any basis. Such calls will be 
routed to a suitable announcement. 

(ix) A Picturephone call can be originated on any standard Touch-
Tone telephone set having access to the audio portion of a 
Picturephone loop. 

(x) A Picturephone call can be answered on any telephone having 
access to the audio portion of a Picturephone loop, e.g., bridged 
telephone. 

(xi) A Picturephone station can always pick up (with video) a 
Picturephone call previously answered on a telephone. 

(xii) Switchhook supervision on Picturephone calls is maintained 
over the audio connection. 

(xiii) The switched video and audio Picturephone service connection 
is provided at called party answer and throughout the duration 
of the call. 

(xiv) Charge timing for customer dialed Picturephone calls is based 
upon audio supervision, beginning at called party answer and 
terminating upon disconnect. 

(xv) A distinctive alerting signal is provided during ringing to 
distinguish incoming Picturephone calls from telephone calls. 

(xvi) The associated switching equipment will provide signaling to 
energize the video circuits in a Picturephone station. On out-
going calls the station is energized in response to the Picture-
phone indicator (#) keyed by the caller; on incoming calls the 
station is energized when the customer answers at the Picture-
phone station. 

(xvii) Picturephone service should not restrict any telephone service 
available to the associated telephone line. 

2.1 Discussion 
These 17 operating procedures determine the numbering, dialing, 

and charging plans for the service. Procedures (i) through (iv) say 
that the customer has one line and one number used in common for 
both telephone and Picturephone calling. For telephone calls only 
the audio portion of the loop is used; for Picturephone calls, both 
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audio and video portions are used. The normal telephone numbering, 
based upon a three-digit area code followed by a three-digit office 
code and four-digit station number, uniquely identifies each customer. 
Destination routing can be employed within the Picturephone hier-
archy just as it is used in the telephone hierarchy. 
Procedures (y) through (vii) describe the customer dialing plan. 

Prefixing any telephone call with the # indicator signifies a Picture-
phone call. Item (xvi) further adds that the switching system will 
respond by turning on the video circuitry in the caller's station as a 
visual attending function. When the station is energized, a gray raster 
appears on the screen. With key telephone services a red lamp is 
lighted as well. 
Pçocedures (ix) through (xii) recognize the boss-secretary relation-

ship in a business communications environment. The boss may have 
Picturephone service while the secretary has only a telephone. She 
may still place and answer Picturephone calls on his line. 
Procedures (xii) through (xiv) cover the supervision and charge 

timing of Picturephone calls. The plan calls for "immediate video." 
That is, the caller declares his intention -during the dialing of the 
call. If the # prefix is dialed, Picturephone trunks, composed of audio 
and video transmission facilities, are selected for routing the call to 
the terminating office. If the call is answered, be it from a Picture-
phone station or from a bridged telephone-only instrument, Pic-
turephone charging commences immediately. Under the "immediate 
video" discipline, standard telephone signaling and charge recording 
systems can be employed on the audio portion of the network with 
little modification. As a safeguard against erroneously dialed Picture-
phone calls resulting in improper charges, item (viii) requires that 
the switching systems block Picturephone calls which cannot, per se, 
provide the visual capability. In the Picturephone network, this screen-
ing function will be performed as close to the originating office as the 
routing plan will allow. In addition, the terminating Picturephone 
office will screen the terminating line for Picturephone service capa-
bility before ringing. If the call cannot be completed, a recorded 
audio announcement will inform the Caller and suggest that the call 
be placed again without the # prefix—a subtle benefit of the "one 
number" procedure. 
Procedures (xv) and (xvi) recognize that in integrating Picture-

phone service and telephone service, some additional customer line 
signaling is required. A single additional signal, Video Supervisory 
Signal (VSS), is sufficient to perform these functions. This will be 
described in more detail in Section IV. 
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Finally, procedure (xvii.) recognizes that Picturephone is an ad-
junct to telephone service, not a replacement for it. A single exception 
has been made to this rule. Picturephone service will not be provided 
on multiparty telephone lines, an exception not deemed to be a 
serious restriction to the usefulness of the new service. 

III. T HE ANALOG SWITCHING HIERARC HY 

The Picturephone system description discusses the reasons for em-
ploying both baseband analog and digitally-encoded video transmis-
sion in the network.1 The allocation of video impairments allows for 
a five-level switching hierarchy, excluding customer switching sys-
tems.2 The top three levels of this hierarchy will always switch the 
Picturephone signal in its digitally encoded form. 
Figure 1 depicts the switching hierarchy from the Class 4 office down 

to the Picturephone station.2 As a rule, the machines in this portion 
of the hierarchy switch the video signal in its baseband analog form. 
Class 5, or local Picturephone switching offices are selected telephone 
central offices in key business wire centers throughout the country. 
Initially only No. 5 crossbar switching entities can be modified to 
function as Picturephone central offices.' The capability to use No. 1 
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Fig. 1—The lower two levels of the Picturephone hierarchy illustrate the 
switching-trunking plan. 
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ESS as a local Picturephone switching entity will be included as the 
service develops. 
The Class 5 Picturephone office terminates the audio and video pairs 

of individual Picturephone lines, Picturephone trunks from PBXs, and 
two-way Picturephone trunks to the Class 4 Picturephone office. All 
Picturephone lines and trunks require three appearances on the switch-
ing machine—one for audio and one for each direction of video. The 
two-wire audio appearance of a Picturephone line is used in common 
for Picturephone and telephone calls from the customer. All Picture-
phone trunks, however, are dedicated to Picturephone service only. 
The audio part of a six-wire Picturephone trunk is never used for a 
telephone call. Thus, for individual line customers, the Class 5 office 
serves as a point of departure between the telephone and the Picture-
phone networks. To the customer the two services are closely inte-
grated. Beyond the Class 5 office the Picturephone transmission-switch-
ing network is engineered independent of the telephone hierarchy. 
Picturephone tandem/toll offices are physically located in telephone 
switching offices, but there is not 1:1 correspondence between the func-
tion of the switching machine in the Picturephone and telephone hier-
archies. Because of the different ratio of switching and transmission 
costs between the two services, and the large disparity in traffic vol-
ume in the early years, it is expected that the Picturephone network 
will employ more final routing and fewer direct trunk groups than the 
telephone network. In essence, above the Class 5 office the Picture-
phone network is a wideband communication network overlayed on 
the nationwide telephone network. Routes, right of way, transmission 
facilities, switching control, and buildings are shared; but network 
engineering is different. 

3.1 Customer Switching Consideration' 

Just as the Class 5 Picturephone office splits Picturephone and tele-
phone traffic into two networks for its customers, the customer switch-
ing systems (PBX and Centrex CU) accomplish the same split for 
their customers. Trunks leaving a Picturephone equipped PBX are 
segregated into a Picturephone group and the normal telephone 
groups. These separate trunk groups can even home on two dif-
ferent Class 5 offices (one being Picturephone service equipped of 
course) without numbering plan ambiguity. In many cases, large busi-
ness customers with Picturephone service will be able to retain their 
listed telephone directory number even though their local Class 5 of-
fice is not equipped for Picturephone switching. 
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3.2 Operator Services' 
Picturephone service operator services are directly analogous to op-

erator services provided on telephone. The Picturephone service as-
sistance operator, however, must control the video as well as the audio 
part of the contact. Picturephone service customers request assistance 
by dialing #0. The call is routed using Picturephone trunks to Picture-
phone operator trunk circuits which are generally terminated on a 
Class 4 Picturephone switching office. Audio-only facilities link the 
switching machine to operator positions on standard No. 3 switch-
boards. On the switchboards, each Picturephone answering jack is 
paired with an outgoing Picturephone jack over which the operator can 
extend the call by dialing back into the class 4 machine. The video 
portion of the call is not extended from the switching machine to the 
switchboard although the operator can control it by means of a key 
on her cord circuit. 
In lieu of the customer seeing the assistance operator during the 

contact, a fixed video image is transmitted to the customer from the 

switching machine. 
The other service and assistance codes applicable to telephone serv-

ice, e.g., 411 for Directory Assistance and 611 for Repair Service, do 
not have specific Picturephone service counterparts. Calls to obtain 
these services will follow regular telephone procedures in order to allow 
calls about Picturephone service to be placed from non-Picturephone 
stations. So, for example, customer dialed calls to #411 are blocked 
and the customer is instructed to dial the call without the # prefix. 
The intention in blocking such calls is to avoid having the customer 
expect to receive a video response and then provide him audio only. 
If, in the future, Picturephone counterparts to these services become 

desirable, they can be provided. 

IV. THE SIGNALING PLAN 

4.1 General Considerations 
As described in the Operating Procedures in Section I, all call con-

trol supervision and address signaling for both lines and trunks is 
carried on the audio portion of the Picturephone facilities. Standard 
telephone supervision and addressing systems can therefore be used 
for Picturephone service without modification. The opportunity was 
taken, however, to reduce to a minimum the number of different sys-
tems employed for signaling in the Picturephone system, in order to 
save development effort. For example, Touch-Tone calling is stan-
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dard for all Picturephone customers. All interoffice trunks employ 
E&M lead supervision and multifrequency address signaling on the 
audio path.° Because Picturephone trunks are never used for non-Pic-
turephone calls, there is no necessity to carry the Picturerphone service 
indicator past the originating office. The trunk class of service conveys 
this information. 

4.2 Video Continuity Testing' 
Charge recording in the Picturephone network is based entirely 

upon supervisory signals on the audio path. In order to verify that a 
usable video transmission path is provided on every billed call, an 
integrity test is made of the entire video connection from station to 
station on every network call. 
This video continuity test is performed link-by-link as the call is 

set up. Every analog loop and trunk, when it is idle, has its video 
transmit path connected to its video receive path through a "loop 
around." When the circuit is to be used in a Picturephone call, the 
switching office selecting or controlling the circuit connects a 12 kilo-
hertz sine wave oscillator to the video transmit pair and a tuned re-
ceiver to the receiver pair. The continuity test tone is looped back at 
the distant end of the circuit, and the receiver checks the returned 
tone level. Satisfactory completion of this test is required before the 
call set up procedure can proceed. Failure of the test on a Picture-
phone trunk results in the switching office selecting another trunk and 
trying again to complete the call. Because all Picturephone trunks are 
two-way—that is, they can be seized from the switching office at either 
end—loop arounds are required at each end. To prevent singing on 
idle trunks, 3 dB of attenuation is contained in each loop around cir-
cuit. The customer end of video loops do not require attenuation in 
their loop around circuit, so the test tone is returned at nominally the 
same level as transmitted. 
On Picturephone interoffice trunks, the loop around at the outgoing 

end of the trunk is removed upon seizure of the circuit. At the incom-
ing end the loop around is removed when multifrequency addressing 
commences on the audio path, which will only happen if the continuity 
test is satisfied. Thus, no additional control signaling is required for 
loop-around control on analog Picturephone trunks. Loop-around con-
trol on Picturephone loops does however impose some additional cus-
tomer line signaling requirements over and above that employed in 
telephone service. 
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4.3 Customer line Signaling for Picturephone Service 
Operating Procedures (xv) and (xvi) refer to the requirements that 

Picturephone switching offices provide a means for distinctively alert-
ing a Picturephone station to an incoming Picturephone call (alerting 
function) and control the video turn-on of both calling and called 
Picturephone sets (attending function). Section 4.2 described the neces-
sity for loop-around control on Picturephone loops. Accomplishing 
these three functions requires a degree of interaction between the 
switching office and the loop terminating equipment at the station not 
necessary in telephone service.8 One additional customer line signal ap-
plied at the switching office is sufficient to provide this interaction. This 
signal is called Video Supervisory Signal (VSS). 

4.3.1 Additional Signaling Constraints 

The signaling plan required to accomplish alerting, attending, and 
loop around control must also satisfy the following operational re-
quirements: 

(z) It should be possible for maintenance personnel at a switching 
machine location to perform tests on the video portion of a 
Picturephone loop (i.e. through a distant loop around) without 
alerting the customer. 

(ii) A Picturephone customer should never be allowed to inadvert-
ently see himself through a continuity test loop around. 

(iii) First-order failures—that is, a single signal-generator failure 
in a switching office—should not result in an unsatisfactory call. 

4.3.2 The Signaling Logic Design 
The new customer line signal required is VSS. This is a video signal 

composed of vertical and horizontal sync pulses with a fixed bright-
ness level instead of picture information. VSS generators are provided 
at all switching offices. Notice, however, that a Picturephone set trans-
mitting video also generates VSS; e.g., VSS is a subset of the set of 
all video signals. 
At the Picturephone loop terminating equipment (a Picturephone 

service unit or a Key Telephone System line circuit) the following 
binary information is available: 

L = Audio loop off hook. Voltage present and current flowing.* 

*In general the logic circuitry in the Picturephone station has metallic access 
only to the switchhook of the main telephone. The on hook-off hook state of 
bridged telephone extensions on the audio loop must be deduced from the state 
of the loop. 
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L' = Audio loop on hook. Voltage present and no current flowing. 
All telephones are on hook. 

M = Main station off hook. Derived from switchhook contacts of 
the main telephone set.* 

M' = Main station on hook. 
V = VSS present on the incoming video pair. 
V' = VSS not present. 
R = 20-Hz ringing present on the audio loop. 
R' = 20-Hz ringing not present. 

Figure 2 shows the sequential state diagram of the Picturephone 
loop terminating logic package. 

Fig. 2—The sequential state diagram of the Picturephone station logic illus-
trates the switching-station interaction. 

Five logic states are defined in order to control three binary outputs. 
The outputs to be controlled are: 

e = video circuitry energized, camera and receiver on; 
e' =- video circuitry off; 
t = video loop around in; 

video loop around out; 
t = tone ringer sounded; and 
t' = tone ringer silent. 

In the IDLE state the video circuitry is off (e'), the loop around in 
(£), and the tone ringer silent (t'). On an originating call the main 
station or an extension goes off hook, receives dial tone, and dials. 
The set remains IDLE. The switching equipment performs a con-

* Note that the L and M variables are not independent. State JIM is impos-
sible. 
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tinuity test, and then returns a burst of VSS. The combination LV 
causes a transition to LOCK UP. If the call is being originated by the 
main station, a transition to ON occurs immediately. In LOCK UP 
and ON the loop around is out, and the set is energized or not en-
ergized respectively. Notice that as long as any telephone is off hook, 
the main station can go on and off hook repeatedly and the video 
circuitry will turn off and on. The set will not return to IDLE until 
all stations on loop are on hook. The transition to IDLE takes place 
directly if L'Y' occurs, or via GUARD if L'y occurs first. The 
GUARD state prevents the distant party from seeing himself through 
a loop around in this station in the case of a called party disconnect. 
On an incoming Picture phone call, the set is necessarily in the IDLE 

state. This switching equipment tests video continuity and then ap-
plies VSS prior to starting 20-Hz ringing. This causes a transition to 
PRIME. Note that a test man at the switching machine can perform 
loop-around transmission tests of frequency versus gain, or can apply 
and view video test patterns without alerting the customer. The video 
circuitry in the station cannot be energized, however, unless the sta-
tion is off hook. When 20-Hz ringing is applied by the switching ma-
chine, the tone ringer is sounded (ALERT) keyed on and off by the 
20 Hz as long as VSS is present. When the called party answers and 
VSS is present, the set goes to LOCK UP and then to ON as in the 
previous example. On terminating Picture phone calls, the switching 
machines apply VSS towards the station prior to ringing and con-
tinuously until an answer signal is received over the audio path. Notice 
the fail-safe feature that even if one VSS generator fails to operate 
on a call, the calling station (if transmitting video) will turn on the 
called station or vice versa. 
Figure 3 shows the entire sequence of an interoffice Pieturephone 

call between two individual stations. This serves to illustrate the entire 
switching process, and summarize the switching system plan. 

V. CONCLUSIONS 

The switching plan for Picturephone service is the definition of a 
numbering, dialing, charging, and hierarchical plan for the new video-
telephone service. It provides a service well integrated with telephone 
communications from an operational viewpoint, while allowing the in-
cremental use of that sizeable portion of switching systems logical 
hardware not particularly sensitive to the communications medium. 
With this plan, switching development effort was minimized, focusing 
on those aspects of the service which make it different from telephone 

service. 
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Fig. 3—The complete sequence of events in an interoffice Picturephone call. 
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The Picturephone® System: 

Central Office Switching 

By P. N. BURGESS and J. E. STICKEL 

(Manuscript received September 30, 1970) 

Central office switching of Picturephone® calls required the design of an 
automated network capable of switching large numbers of wideband signals 
on an analog basis. We describe in this paper the development of a switching 
plan that allows for the interconnection of many customers to many trunks 
and at the same time stays within acceptable transmission limits. We also 
give an explanation of the transmission constraints on the physical design 

of the central office network. 

I. INTRODUCTION 

Although devices have been developed to switch megahertz band-
width signals, they have been limited to a small number of inputs and 
outputs. Also, the logical controls for these devices have been relatively 
simple. The development described in this article is the first auto-
mated, large-scale switching system designed to switch large numbers 
of wideband signals on an analog basis. We discuss the network and 
controls added to the No. 5 crossbar switching system that enable an 
existing switching system to process calls from Picturephone stations 

as well as telephones. 

1.1 Design Philosophy 

Picturephone service is intended to be an extension of basic tele-
phone service rather than a separate communication package. This 
fact has important implications in all of the Bell System, particularly 
in the design of switching systems. As such, the wideband switching 
system developed for Picturephone service utilizes the existing tele-
phone plant as much as possible. Clearly this design method is 
reasonable from an economic standpoint since a large number of 
existing telephone switching functions—registration of dial digits, 
charging, call supervision, signaling—are also needed for Picturephone 
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switching. This philosophy also implies a natural extension of the 
standard numbering plan; therefore, a Picturephone customer can 
receive both Picturephone and telephone calls on the same number. 
The only difference between dialing a Picturephone call and a tele-
phone call is that the dialed digits for a Picturephone call will be 
prefixed with the 12th Touch-Tone® button designated (#).1 
The No. 5 crossbar system was chosen the switching machine to 

provide initial service for Picturephone customers. That system is 
widely available throughout most of the major metropolitan areas in 
the United States. It is organized on a common control basis and, 
because of its inherent flexibility, can add new services such as Picture-
phone calling. Future developments will provide this capability in 
electronic switching systems. 

1.2 Application 
The system to be described is capable of serving as a local switching 

system by handling Picturephone calls to and from (i) individual 
lines, (ii) centrex lines, (iii) PBX switching systems modified for 
Picturephone service, and (iv) Bell System operators. The cen-
trex lines, either terminated directly in the central office (centrex CO) 
or on an associated PBX (centrex CU), will be able to receive direct-
in-dialed (DID) calls, to originate automatically-identified-outward-
dialed (AIOD) calls, and to key four- or five-digit intercom calls. 
Transfer features for centrex CO customers will be provided in a later 
development. 
In addition, the system will serve as a toll and tandem machine 

by switching calls between Picturephone interoffice trunks on an 
analog basis. 

IL SWITCHING PLAN FOR NO. 5 CROSSBAR 

2.1 Central Office Switching Network 
The switching plan is influenced by the electrical interface with 

the Picturephone set. This interface is presented over three pairs 
of wires: one for the bi-directional audio signals, and the other 
two for the video transmit and receive signals. The audio pair is 
switched by the existing No. 5 crossbar two-wire network, while the 
video pairs are switched by a new four-wire network, essentially in 
parallel with the audio network (see Fig. 1). For control purposes, this 
new switching network, called the wideband link (WBL), is associated 
with the two-wire network in a definite manner. On the line side of the 
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Fig. 1—Switching plan. (WBRS = wideband remote switch; WBRSSC = wide-
band remote switch signal control.) 

network, the Picture phone station's audio appearance on the two-wire 
network is associated directly on a one-for-one basis with the video 
appearance on the WBL. Whenever the Picturephone station is in-
volved in a Picture phone call, one path is switched through the audio 
network to the audio appearance, and another is switched through the 
WBL to the associated video appearance. If a Picture phone station 
is involved in a telephone call, only the audio portion is switched 
through the office. 
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On the trunk side of the network, the same association principle 
holds such that every audio trunk with an appearance on the two-wire 
network has an associated video trunk with an appearance on the 
WBL. Interoffice Picturephone calls are switched via video trunks and 
their two-wire counterpart. The control is arranged so that these audio 
trunks are never used for telephone calls. 
With this switching plan, the probability of a Picturephone call 

being blocked is greater than or equal to that of a telephone call since 
a Picturephone call is routed through two switching networks rather 
than one. Although the two networks are not stochastically indepen-
dent, the dependence is small because the switched channels are 
selected independently. In particular, if PA and Pv are the probabil-
ities of a particular input being blocked in the audio and video net-
work, respectively, and Pp is the probability that a Picturephone call 
is blocked through this office, then 

Pp = 1— (1— PA)(1 — Pv), 

= 1 — (1 — PA — Pv  PAPv), 

= PA + PV(1 — PA). 
Since 

PA «1, Pp  PA + Pv • 

The probability of a Picturephone call being blocked should not be 
significantly above the blocking probability of a telephone call. Hence, 
Pv should be significantly smaller than PI, and the WBL should be 
nearly nonblocking. 
The above requirements have been satisfied by using a three-stage 

network which has nearly all the expected blocking in the first stage. 
Since the second and third stages approximate a Clos nonblocking 
network2, the blocking is nearly zero through these stages. By allowing 
concentration in the first stage of up to 8:1, the telephone company 
has the flexibility of controlling the blocking in the network by line 
reassignment. The network can be provided with a minimum of 100 
trunk terminations and is expandable, in 100-trunk termination incre-
ments, to the 400-termination size. Market studies have indicated that, 
for the early years of service, a network with 400 trunk terminals is 
adequate. For each of the four sizes, a 4:1 or 8:1 line concentration 
ratio is available. The network topology is shown in Fig. 2, and 
described below where N = 1, 2, 3, or 4. 
The first stage consists of lON wideband line links, each line link 

having ten outputs and 40 or 80 inputs for a maximum of 3200 lines. 
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The second stage, the wideband junctor link stage, consists of 10 
junctor switch groups, each group having 10N inputs and 10N outputs. 
The third stage, the wideband trunk link stage, consists of lON 
groups, each having ten inputs and ten outputs. The packaging of this 
equipment and its impact on the central office floor plan as it affects 
the transmission characteristics is explained in Section III. 
The ten outputs (horizontals) of a line link are spread over the 

ten junctor switch groups. The outputs (horizontals) from a junctor 
switch group are spread uniformly over the wideband trunk groups. 
This network configuration provides ten paths between any input and 
any output. 

2.2 Remote Switching Network 

A prime candidate for early Picturephone service is the centrex 
business customer. While he will eventually be making many calls to 
other customers as the national Picture phone network grows, he will 
initially be making a large percentage of calls within the community 
of interest on his own company premises. If the WBL were the only 
switching network provided in the switching plan, every call between 
two stations within the customer group (i.e., intercom calls) would 
involve two sets of transmission facilities between the customer and 
the central office. By providing a switching network at the customer's 
premises, the wideband portion of intercom calls can be switched 
entirely at the customer's location, thus reducing the transmission 
facilities needed by the customer for this type of call. The wideband 
remote switch (WBRS) was designed to meet this need. It is arranged 
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to switch just the video signals, and most of the control* of the WBRS 
is in the central office. The audio for each station is still switched at 
the central office implying that no modifications are necessary for the 
existing audio facilities already provided by centrex CO arrangements. 
As a consequence of providing the WBRS near the customers, a re-
duced number of transmission links are provided between the central 
office and the output of the WBRS. Therefore, the WBRS can also 
function as a switching concentrator for Picturephone centrex cus-
tomers. 
The WBRS is arranged as a single stage crossbar network with 80 

inputs and 20 outputs. The inputs accept the video transmit and 
receive pairs from the Picturephone station and the outputs either 
connect directly to the WBL so as to provide video links to the rest 
of the Picturephone network or connect to intra-remote switch trunks. 
These trunks complete the switched video connection on Picturephone 
intercom calls. 

III. TRANS MISSION CONSTRAINTS ON PHYSICAL DESIGN 

The problems of crosstalk, impulse noise, insertion loss, and echoes 
in a large scale 1-MHz bandwidth switching network presented an 
unusual challenge to the switching system designers. In addition to 
providing a satisfactory transmission path, this network had to be 
practical from a manufacturing, installation and maintenance stand-
point. This section is devoted to a discussion of how these constraints 
influenced the resulting physical configuration of the network. 
Figure 3 shows the wideband network in terms of the actual appa-

ratus utilized in switching the Picturephone call. Each line link con-
sists of two or four 20-vertical, ten-level, six-wire crossbar switches, 
each 341 in. x  in. The junctor switch groups each have up to eight 
crossbar switches, like those in the line link, and each trunk switch 
group has one ten-vertical, ten-level, six-wire crossbar switch, 20-k in. 
0.-¡ in. Regardless of the method of equipment packaging, the dis-

tance through the wideband network is an appreciable part of the 
Picturephone signal's wavelength and the transmission characteristics 
of the switching network must be considered. To control these trans-
mission characteristics, the wideband network was designed within the 
constraints imposed by an overall transmission level plan for analog 
facilities. 

* "Control" is used in the broad sense: it includes registration of dialed digits 
and translation of information as well as electrical control of the network. 
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D 

3.1 Level Plan 
The overall level plan states that the output of any cable equalizer 

must be at the same transmission level. This reference point, Zero 
Picturephone Transmission Level Point (0 PTLP) is defined as the 
output of the central office loop equalizer in the direction of transmis-
sion from the station set to the central office. Beginning at the station 
set equalizer, shown in the overall level plan, Fig. 4, each subsequent 
equalizer compensates for its preceding transmission path and its out-
put is adjusted to be at 0 PTLP. As long as the signal degradation in 
this preceding path is reasonably constant and predictable, the equal-
izers need to have only fixed gain and phase characteristics (fixed 
equalizer). 
The Picturephone switching network level plan for No. 5 crossbar, 

shown in Fig. 5, must satisfy the same transmission requirements as 
the overall level plan. This plan was particularly difficult to implement 
within the central office since any of the maximum 3200 Picturephone 
lines could connect to any of the 400 wideband trunks. This meant 
that the variation in transmission degradation among the paths 
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through the wideband network had to be within the tolerance allowed 
in 0 PTLP. To accomplish this, additional transmission constraints 
were imposed internal to the central office. These constraints still allow 
fixed equalizers (rather than dynamic equalizers) to be utilized. In 
addition, traffic balancing of both Picturephone lines and trunks is 
required. The level plan and traffic balancing requirements are satis-
fied by the use of a wideband distributing frame (WBDF) located a 
fixed electrical distance between the cable equalizers and the switching 
equipment. To allow traffic reassignment without equalizer readjust-
ment, the input (Si) and output (S3) levels at the WBDF are fixed. 

3.1.1 Transmission Cable Length Restrictions on Wicleband Network 

Starting at any of the cable equalizers shown in Fig. 5, the effective 
distance to the WBDF is fixed so that the transmission loss is constant 
and equal to the loss of 350 feet of cable. This distance, chosen because 
of the anticipated size of cable equalizers and expected central office 
space availability, represents the longest cable run from an equalizer 
to the WBDF. For equalizers closer to the WBDF, the 350-foot path 
may be a combination of cable buildouts (BO) and actual cable. The 
level of 81 is therefore equal to 0 PTLP minus the transmission loss 
of 350 feet of cable. The distance from the WBDF through the switching 
network and back to the WBDF is 320 feet with an allowable variation 
of ±50 feet. This nominal distance and variation was chosen after a 
study of trade-offs was made, considering the following: 

(i) Cost and practical limits of gain and phase compensation in the 
fixed equalizers. 

(ii) Central office space availability for the wideband network. 
(iii) Minimum cable distances possible through a network that has a 

maximum of 280 crossbar switches. 
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This total distance was split into two 160-foot sections, one with a 
±40-foot variation, and the other with a ±10-foot variation. The level 
S2 at the wideband trunk is 81 minus 160 feet of central office cable. 
The (*) shown in Fig. 5 is used to identify the additional shaped loss 
contribution by the switching network over that of cable alone. The 
shaping is equal to the difference between 1020 feet of cable and a 
nominal path through the wideband switching network. The shaping 
is primarily contributed by the loss of the multiple cables (bridge taps) 
on the wideband junctor link. If uncompensated, the shaping would 
result in video echoes (ghosts) on the Picture phone screen. The method 
used to make these cables as short and uniform as possible is explained 

in Section 3.2. 
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Since the network must switch intraoffice and operator calls, the 
trunks must be at the transmission midpoint, level S2, to satisfy the 
level plan. Figure 5 summarizes the levels in terms of effective loss of 
central office cable from 0 PTLP. 
The wideband line link (WBLL) appearance of two-way and operator 

trunks passes through the WBDF and a tandem cable equalizer to 
reestablish 0 PTLP before it enters the wideband network. These 
appearances terminate directly on the WBDF to take advantage of 
the traffic assignment flexibility offered. 

3.1.2 Transmission Restrictions Due to Video Impairments 

In addition to the distance restrictions imposed on the central office 
equipment to satisfy the level plan, a limit on the magnitude of the 
video impairments—echo, random noise, impulse noise, crosstalk, and 
power hum—is required to stay within the allowable overall loss al-
locations.3 Each of these impairments has a particular effect on the 
physical design of the wideband network. 
For instance, a cable equalizer compensates for some average fre-

quency response and the echo rating impairment of any other path will 
depend on how it deviates from this average response. Echoes in the 
switching office, as explained earlier, are caused primarily by the multi-
pling of cables necessary to interconnect the various junctor switch 
groups. Figure 6 shows echo rating3 as a function of the number and 
length of bridge taps. The shaded region of this figure shows the allow-
able echo rating of the switching office as a function of only unequal-
ized bridge taps, and assumes perfect equalization of both central 
office cable and switches. Since the allocation of echo is based on 
an average path, it is necessary to keep the number of bridge taps 
along the path constant, as short as possible, and at a fixed distance 
from the cable equalizers. 
Noise impairments result from energy in the paths that control 

relays and crossbar switches being induced into the video pairs, and 
from wide electrical current fluctuations in the battery and ground 
feeders coupling through the framework onto the video paths. To 
stay within the noise allocations, all video cables are separated by at 
least two inches from control cables when they run parallel to each 
other on a frame and are run at 900 to each other where the 2" mini-
mum spacing cannot be maintained. Also, contact protection devices 
(series Re circuits) are connected between ground and the video 
switch control leads in order to reduce the effect of high energy trans-
ients. Battery and ground feeders for the wideband network are 
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Fig. 6—Echo rating for unequalized bridge tape. 

electrically isolated from the audio switching equipment thereby 
preventing the wide current fluctuations on the audio frames from 
coupling onto the video frames. Also, all wideband frames in each wide-
band frame line are interconnected with large copper buses and these 
buses interconnect at the main aisle to reduce as far as practicable the 
variation between frame potentials. 
Crosstalk is caused by energy in the video transmit pairs coupling 

into its receive pairs (self crosstalk), or by energy in the transmit and 
receive pairs of one customer coupling into the transmit and receive 
pairs of the adjacent customer on the wideband link crossbar switches 
(worst disturber crosstalk), Fig. 7. While crosstalk cannot be defined 
exclusively in terms of dB per inch of cable separation, it was found 
from laboratory measurements that, by applying the following rules to 
the wideband equipment, the crosstalk allocations can be met. 

(i) Twisted pair wiring with varying twist lengths must be used for 
all transmission leads. 

(ii) The fourth wire on each level of every crossbar switch must be 
electrically grounded. This ground plane tends to electrically 
isolate the two directions of transmission on the switch. 
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(iii) Transmit and receive leads between switching frames must run 
in separate cables. This prevents transmission paths of different 
energy levels from being run adjacent for an appreciable dis-
tance. 

Power hum impairments are relatively minor in the central office; 
therefore, the only precautionary step taken is to electrically isolate 
new appliance outlets from audio frameworks where these outlets are 
used to supply ac power to video equipment. 

3.2 Physical Design of the Wideband Network 

The wideband network had to satisfy the level plan, stay within the 
video impairments allotted to it, and grow easily from the 100-trunk 
termination size to the maximum 400-trunk termination size network. 
A plan that reserves floor space in the central office for two facing 
lineups of wideband frames, each approximately 23 feet long, and 
controls the distance to the surrounding wideband frames satisfied 
these criteria. This plan with typical frame locations is shown in Fig. 
8. 
The WBLL frames are designed to have five of the wideband line 

links shown in Fig. 3 mounted on a basic frame, each with a maximum 
concentration of 4: 1. A supplementary line link frame provides for 
the additional 4: 1 concentration and is interconnected to its associated 
basic frame by a short cable connected between the switch horizontals. 
The WBLL frames grow uniformly in the controlled part of the floor 
plan as the office requirements for line terminations dictate. The con-
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trol exercised in this part of the floor plan is that a WBLL frame can 
be placed anywhere in the office, provided the sum of the interframe 
cabling from the WBDF to a WBLL frame and from this WBLL 

frame to a wideband junctor link frame (WBJL) is equal to 74 feet. 
This allows the distance from an office equalizer to a WBJL multiple 
point (star point) to be constant for any path, except for intraframe 
wiring variations. The 74-foot cable length dimension provides for 
reasonable office layout flexibility and is within the limits of the level 
plan. 
The WBJL frames are part of the fixed floor plan. This arrangement 

allows for the rigid control of: the length and number of bridge taps; 
the distance from the cable equalizers to a star point; and the trans-
mission path distance through the wideband network. A star point 
is located on each basic WBJL frame and is used to interconnect the 
verticals of the junctor switches as the office grows from the 100-output 
to the 400-output size. In the maximum size office the three interframe 
multiple cables range from 12 to 18 feet. Cable equalizers are adjusted 
to compensate for the average loss of these cables. Level variations 
from the average and not the actual loss of the bridge taps must be 
within the echo rating allocation for the switching network. As the 
office grows, capacitors that simulate the loss of these multiple cables 
are removed. Thus the cable equalizers do not have to be adjusted as 
the office grows. 
The connection of the horizontal multiple between the junctor switch 

groups is made at the wideband trunk link frame. This ensures that 
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the length of the bridge tap caused by this multiple will have little 
variation regardless of the path chosen. A more direct connection of 
this bridge tap could have been made; however, the cable equalizers 
could not in this case compensate for the variation in loss among the 
paths. 
The wideband trunk link (WBTL) frames are the other frames in 

the fixed floor plan. The interframe cable distances between the WBJL 
frames and the WBTL frames are fixed so that compensation for the 
bridge taps can be accomplished and the length restrictions imposed 
by the level plan can be satisfied. The WBTL and wideband trunks 
are mounted on the same double bay frame. The trunk link switches 
are mounted in one bay and the wideband trunks in the other. Con-
nection between the horizontals of the WBTL switches and the trunks 
is made through an intraframe cable that terminates on a terminal strip 
in the middle of the WB trunk bay. This also provides flexibility for 
the addition of new features. The trunks can be assigned to switch 
horizontals by loose wire cross-connections made on the front of the 
bay. This technique of cabling reduces path length variation and is 
the final step in satisfying the level plan. 
By applying the rules listed in Section 3.1.2 and by utilizing the 

fixed and controlled floor plan, both the video impairment allocations 
for the central office and the level plan are satisfied. 

3.3 Wideband Network Simulation 
A hardware simulation of the overall switching network was de-

veloped to determine the realizability of the plan; the simulation was 
not intended to characterize a typical Picturephone switching office. 
The simulated network was arranged so that initially it represented a 
best case wideband network from a transmission standpoint without 
concern for optimizing the cost or flexibility. The network was then 
modified in steps to minimize cost and maximize physical flexibility. 
The test plan for the simulation was to determine if the best case 

network would satisfy the transmission requirements; if it could not, 
then testing would stop and a reevaluation of the overall transmission 
plan would be made. The best case network was satisfactory and the 
simulated network was modified to incorporate the standard manufac-
turing and installation techniques that allow the network to be phys-
ically practical. 
Virtually every modification of the simulation network uncovered 

a different transmission degradation that was close to the switching 



CENTRAL OFFICE SWITCHING  547 

office allocation. As the tests progressed, design changes were made to 
lower these degradations until the cost trade-offs dictated that no 
further improvements could be made. As a result, the standard service 
designs represent a balance of satisfactory transmission with reason-
able cost and physical flexibility. 

IV. CALL PROCESSING 

4.1 Control Elements 
As indicated earlier, the designs for Picturephone service use as 

much of the telephone plant as possible. This is particularly true with 
the call processing elements in the No. 5 crossbar system. Nonetheless, 
additional control functions and circuitry are needed. The following 
paragraphs describe some of these additional controls. 
The network control for the WBL is provided by additional circuitry 

in completing markers 0 and 1. Only one completing marker out of 
the possible 12 is needed to handle the expected Picturephone traffic; 
for reliability, a second is modified for Picturephone service. The 
markers gain access to the WBL through new connectors. In order 
to establish the association between line appearances on the audio and 
video networks, a wideband line control circuit is provided. This cir-
cuit translates the audio line equipment location into a corresponding 
video line equipment location and provides access by the marker to 
the corresponding video appearance on the WBL. Wideband trunk 
circuits provide access by the marker to the video transmission paths 
and control the state of the video paths based on signals from the 
associated audio trunk. 
In order to transmit and receive control signals to and from the 

WBRS, a wideband remote switch signal control (WBRSSC) circuit 
is provided. To conserve cable pairs between the central offce and 
WBRS, the WBRSSC circuit encodes much of the information it 
receives. The signals transmitted from the central office are received 
by sensitive mercury contact relays and decoded to operate control 
relays and the select and hold magnets of the crossbar switches. The dc 
signals are passed over approximately 30 pairs of wires. (While a data 
link was considered as a way of transmitting these signals, it did not 
prove economical because of the short distances involved—centrex CO 
customers are rarely more than a few miles from the central office— 
and the relatively small number of signals required.) 
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4.2 Special Signals for Picturephone Call Processing' 

4.2.1 Video Supervisory Signal 

Since a Picturephone station can originate and receive both tele-
phone and Picturephone calls, it is unnecessary (and wasteful of 
power) to turn the set on every time the station is used. Hence, it 
would be useful to enable the set on Picturephone calls only. Also, it is 
desirable to trigger the set to give a distinctive ring on incoming 
Picturephone calls. To provide both of these features, a special signal 
is sent to both calling and called Picturephone sets when a Picture-
phone call is being established. The signal, called the video supervisory 
signal (VSS) 1, consists of the standard horizontal and vertical sync 
pulses of the video signal format with a constant "gray level" voltage 
between these pulses. VSS is coupled from a new signal source to the 
outgoing video pair via the wideband trunk circuits. The new VSS 
supply source uses the timing and logic integrated circuit substrate 
originally designed for the Picturephone set. 

4.2.2 Video Continuity Signal 
Because charging and supervision for Picturephone calls is controlled 

on the audio path, a test is required on every call to assure the in-
tegrity of the video path. To provide this assurance, a video continuity 
test is made while the marker is processing the call. The test is ac-
complished by using a 12-kHz sine wave generator and detector per 
marker and by employing "loop-backs"—switched connections be-
tween the video transmit pair and receive pair—at the interoffice 
wideband trunk circuits and at the Picturephone station set. The 
marker makes the test by applying a tone through the wideband trunk 
circuit onto the outgoing video pair. The signal is looped back at the 
distant point (the next trunk or the station set) and is returned on the 
incoming video pair where it is detected by the marker and checked to 
determine its amplitude level. The signal level must fall within a 
specified "window"-8.2 dB wide when checking to the station, 2.6 dB 
wide when checking to a distant trunk—before proceeding with call 
setup. Section 4.3 presents a more detailed discussion of how this signal 
is used. 
The chosen frequency and level detection scheme does provide a 

reasonable check for those problems and equalizer misadjustments 
that are expected to be encountered most frequently. It could reason-
ably be argued that a single frequency signal does not provide a 
thorough check of the entire megahertz bandwidth. However, other 
signals such as those which are higher in frequency or which have 
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wide bandwidths are too expensive to generate and detect relative to 
their usefulness for facility checking. 

4.3 Interaction of Controls and Signals 
As a way of describing how the various control elements and signals 

interact, a typical call is described that originates from a customer 
associated with a WBRS and terminates in a distant office. 
When the customer at the Picturephone station originates a call 

by going off-hook, a dial tone marker in the No. 5 office connects the 
audio pair of the station set to a Touch-Tone originating register in 
the usual manner. When the register returns dial tone to the customer, 
the customer keys the desired number, prefixed with the "#" button 
if he intends the call to be a Picturephone call or without the prefix 
if the call is a standard telephone call. If the "t" is not keyed, the 
register bids for a completing marker and the call is handled in the 
usual fashion. If the prefix is keyed, the register bids only for complet-
ing markers 0 and 1, the only markers arranged to complete Picture-
phone calls. (The other markers are made to appear busy to this reg-
ister on this call.) The register passes the keyed number, a signal to 
indicate that the "#" was keyed, and other information about the 
calling line to the marker. With this information, the marker interro-
gates the wideband line control circuit to determine whether the custo-
mer requesting a Picturephone call is in fact entitled to Picturephone 
service and whether the video appearance of the line is terminated at 
the central office or at the remote switch. 
Using the called number, the marker tests the busy-idle status 

of Picturephone trunks to the desired destination and then chooses one 
of the idle trunks. Since this call is from a station with a WBRS ap-
pearance, the marker must also select an idle video link between the 
remote location and central office. This selection process is performed 
through the WBRSSC circuit via the wideband network connectors. 
Once the trunk is selected, the marker looks for idle channels through 
both the audio and video networks. 
While in the process of selecting idle channels, the marker per-

forms a continuity test over the trunk video transmission facilities. If 
the test is unsuccessful, a marker makes a second trial to set the call 
to a different trunk and then (if again unsuccessful) returns reorder 
tone over the audio facilities to the calling customer. If the test is 
successful, all crosspoints of the selected audio and video channels 
through the networks are closed except for the crosspoints of the 
WBRS and the audio and video line link stages. (While the end 
points of the network are logically associated as discussed in Section 
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2.1, it should be noted that the channels through each network are 
chosen independently and concurrently. Hence, the WBL is not a 
slaved network.) 
When the crosspoints have closed, the marker applies a "false cross 

and ground" (FCG) check on both the audio and video channels. The 
audio test is the same as that now used in regular telephone service. 
The new video test checks that, within the network, none of the follow-
ing conditions exists: 

(i) A false de ground on any one of the four transmission leads. 
(ii) A false dc signal path between the transmit and receive portions 

of the channel being set up. 
(iii) A false de signal path between the channel being set up and a 

channel in use. 

Upon completion of the FCG test, the marker operates the remaining 
crosspoints and applies a continuity test toward the 0-dB loopback at 
the station set. A failure at this point will result in a reorder tone 
being applied from the audio trunk to the calling customer. 
With a successful test, the marker signals the outgoing trunk to 

apply a 100-millisecond burst of VSS toward the calling set and then 
releases from this call. (The VSS signal is applied only as a burst since 
it is comtemplated that future wideband intercept announcements, 
which inform the calling customer of some problem in setting the call, 
may include a video scene as well. Hence, the video scene would not 
be viewed by the calling customer if VSS were applied continuously.) 
The usual address and supervisory information is passed over the audio 
trunk to the next office. 
At the terminating office, similar actions occur, but with a few 

differences. For example, the continuity check is made only to the 
subscriber since the incoming trunk has already been checked by the 
preceding office. In addition, VSS is applied continuously toward the 
called station, starting at least 100 milliseconds before ringing begins. 
The combination of VSS and the ringing signal causes the station set to 
give a distinctive ring and triggers the set into a state that will turn 
it on when the customer answers. The video path is cut through when 
the called party answers, and charging for the call begins. 

V. ADDITIONAL FEATURES 

5.1 Operator Services 
Operator assistance is provided for the Picture phone customers on 

special calls such as person-to-person, collect, and credit card calls. 
This assistance is provided by operators working at switchboards, called 
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301., boards. Trunk circuits connect the No. 5 Picturephone office and 
the 30L boards to provide the operator assistance. While the central 
office still switches a parallel audio and video path to these trunks for 
eventual cut-through to the calling and called Picturephone customers, 
only the audio signals are passed between the central office trunk and 
the 30L board. This arrangement allows the operator to be located 
remotely from the central office without requiring Picture phone trans-
mission facilities to the operator. 
The operator can assist in two types of calls. The first, a dial zero 

call, is one in which the customer calls the operator by keying "# + 0" 
and the operator extends this call to the called customer. A dial zero 
trunk from the No. 5 office is used for this type of traffic. The second 
type, a delayed call, is one in which the operator calls both the calling 
and called customers. The operator uses a delayed call trunk from the 
No. 5 office. 
The primary difference between a customer controlled call and an 

operator controlled call is video cut-through. In particular, when a 
customer dials his own toll call, the video path is cut-through when 
the called party answers. On operator calls, however, the video path 
is kept under key control by the operator. 

5.2 Maintenance Features 
In addition to the extensive testing arrangements already provided 

in the maintenance center of No. 5 crossbar, a number of unique 
arrangements have been provided for additional maintenance capa-
bility for Picturephone service. 4 A discussion of some of them follows. 

6.2.1 Video Make-Busy 

With the additional complexity of the video transmission facilities, 
a feature that prevents a Picturephone customer from originating or 
receiving Picturephone calls but allows him to have telephone com-
munications is a useful maintenance tool. This feature, a video make-
busy capability, is implemented with magnetically latching relays 
provided on a one per Picturephone line basis. With the relay operated, 
only telephone calls and Picturephone test calls can be connected to 
the line. The state of the relay can be changed by the 15A local test 
desk5 or by the master test control (MTC) circuit in the switching 
maintenance center. 

5.2.2 WBRS Test Arrangements 
If a craftsman is working with a WBRS as part of a trouble-tracing 

procedure or routine testing, he should not have to call a switchman 
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at the central office to set up test calls; he should be able to make the 
tests himself. To give him this capability, a portable circuit was de-
signed to work into a trunk test register circuit at the central office. 
With this portable set, the craftsman can set a number of switches 
and keys that indicate the called number, type of test, various test 
conditions, etc. The information, in the form of up to 30 digits, is 
outpulsed to the register using multifrequency (MF) signals. When 
the information is stored in the register, the register bids for a marker 
in much the same manner as the MTC circuit. As such, it can simu-
late a number of controls provided by the MTC. 
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Many customers for Picturephone® service will likely be business and 
industrial enterprises, having PBX, centrex, or key telephone service. This 
paper discusses switching systems for business customers, and describes 
how Picturephone service will be added as a natural extension of telephone 
service. This paper also serves as an introduction to the detailed papers 
which describe each of the customer switching system Picturephone 
arrangements. 

I. INTRODUCTION 

Customer switching systems furnish service to Bell System custo-
mers in every business category. Such systems range in size from only 
two or three telephones up to many thousands of extension telephones. 
Because of the potential value of face-to-face communications to busi-
ness customers, facilities have been made available so that they can 
subscribe to Picturephone service as part of customer switching system 
service. 
The customer switching category includes several basic types of 

service. One type, known as Private Branch Exchange (PBX) service, 
is obtained from switching equipment located on the customer's 
premises. It permits connections to be set up quickly between the 
telephone users at the same business location, without the need for con-
necting to, and switching through, a central office. PBX systems also 
permit the customer's employees to place and receive calls to and 
from the central office via switches which provide a form of concen-
tration when fewer central office paths are needed than customer 
stations. In PBX service, all calls from the central office, and some to 
the central office, are completed with the aid of the customer's opera-
tor, or attendant, who provides many useful services such as accepting 
calls for the concern and directing them to particular employees, 
aiding in the placing of outgoing calls, and screening them when 

553 
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desired by the customer. Figure 1 shows a modern attendant's posi-
tion arranged to handle Picturephone service. 
Small customer switching complexes which do not require attendant 

aids to the extent desired in PBX service are very numerous. Key 
Telephone Systems (KTS) are used to meet such customer require-
ments. 
A third type of customer switching service, centrex, is a, variation 

on PBX service which has been made available in the past decade. 
With one form of centrex service, called centrex-CU, stations are 
served by PBX-type equipment (on the customer's premises), and 
calls can be directly dialed to any other telephone in the exchange and 
toll network with the identity of the calling station recorded at the ex-
change or toll switching office when required for charging purposes. 
Also, incoming calls can be directly dialed to the station without 
attendant assistance. However, the attendant is still retained in cen-
trex service to handle calls directed to the main number of the business 
concern or to render assistance on calls that need to be transferred 
or require other special attention. An equipment variation, generally 
known as centrex-CO, accomplishes essentially the same service by 
switching features included in the central office switching equipment. 

H. COM MON OBJECTIVES AND PRINCIPLES 

In adding Picturephone service to customer switching systems the 
objective has been to make the new service appear to the customer as 
a natural extension of telephone service, i.e., to provide means so that 
the action required by station users or attendants to initiate, receive, 
or extend Picturephone calls is compatible with the operation per-
formed on ordinary telephone calls. In line with this objective, custo-
mer switching systems with Picturephone service have been designed 
to be consistent with general system principles.1.2 These include the 
ability to use common station equipment and common telephone num-
bers for both telephone and Picturephone calls, with the Picturephone 
switching function brought into play through the use of the identifying 
# prefix generated by the 12th button of a Touch-Tone® station set. 
Included also in the Picturephone customer switching system designs 
is a distinctive signal on incoming calls, created by a new tone ringer 
at PBX, centrex and key telephone stations and also by a distinctive 
lamp signal on key telephone stations. 
As is the case with non-Picturephone customer switching systems, 

answer supervision is returned by the attendant or station, whoever 
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Fig. I—A modern PBX or centrex attendant position, arranged to handle 
Picturephone service. 

answers first, and this causes charging to begin and persist throughout 
the call at Picturephone rates. Incoming Picturephone calls in centrex 
service are prevented from being directly completed to non-Picture-
phone stations in order to avoid unwanted charges. However a PBX 
or centrex attendant can complete Picturephone calls to a non-Picture-
phone station, if desired. Similarly, customer initiated transfers from 
a Picturephone to a non-Picturephone station are possible. 
When Picturephone service is furnished by centrex switching equip-

ment on the customer's premises, that equipment must be arranged for 
automatic identified outward dialing (AIOD) and must home on à 
central office equipped with local automatic message accounting 
(LAMA) equipment. In a similar manner, when centrex service is 
derived from central office equipment, the central office must be 
equipped with LAMA. The use of automatic station identification and 
LAMA is required since it is not planned at present to route Picture-
phone calls via a centralized automatic message accounting (CAMA) 
office either for operator identification or automatic charge recording., 
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in. SWITCHING SYSTEMS 

Since there are a number of standard systems that provide customer 
switching service, it was necessary first to decide upon those systems 
that should be arranged for Picturephone service, and the general man-
ner of incorporating the video capability in them. Systems were chosen 
on the basis of having the most potential use for Picturephone service, 
considering both present and future customers. The manner of adapt-
ing them—or the question of adapting them at all —became a function 
of the nature of the system and the economics of accomplishing the 
functions. In this connection it should be noted that no attempt has 
been made to provide facilities to serve all stations of large customer 
installations, since it was judged that these customers would not elect, 
at least initially, to subscribe to the service for all of their employees. 
Picturephone service has been adapted to the 701 step-by-step PBX 

system which presently provides PBX and centrex service to a large 
number of Bell System customers. To minimize modifications of 
existing 701 PBX systems, an auxiliary switching arrangement, the 
850A PBXs has been developed which is automatically called into 
use to handle both audio and video components of the Picturephone 
traffic generated by, or destined for, stations obtaining regular tele-
phone service from the 701 PBX. 
The 757 PBX system represents one of the Bell System's newer 

packaged crossbar PBX systems which can furnish PBX and centrex 
service. Since its use has been steadily growing, it too has been made 
capable of furnishing Picturephone service. Designs have been con-
solidated, and the 850A auxiliary switching arrangement designed for 
the 701 PBX is also capable of functioning in a similar manner with 

the 757 PBX. 
Picturephone service capability has also been added to the No. 101 

Electronic Switching System (ESS), presently the Bell System's most 
versatile customer switching system with respect to range of customer 
sizes and variety of service features. As described in a companion 
article, any one of the family of switch units comprising this system 
can be arranged to provide Picturephone service.4 For this system, the 
video component of the service is handled through the use of a wide-
band switch unit controlled, via the audio switch unit, by the stored 
program information in the control unit. 
The No. 5 crossbar system has been arranged so that Picturephone 

service capability can be made available to centrex-CO lines. An op-
tional wideband remote switch controlled from the Picturephone 
central office can be used on the customer's premises.4 As discussed 
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in Ref. 5, not all centrex features will be available on Picture phone 
calls until a later development. The No. 1 ESS will also be arranged 
for the service at a later date. 
It was found that Picture phone service for KTS customers could 

be more economically provided with a new system rather than by mod-
ifying existing systems. Accordingly the 1P2 system has been devel-
oped for use where Picturephone key telephone service is desired.° The 
1P2 system can also be used as a separate entity to furnish Picture-
phone service to PBX and centrex stations when their number does 
not justify modifying the major system. 
Figure 2 illustrates the general method of adding video switching 

to the systems just discussed. 

Mr. PBX/CENTREX CUS TOMER OPERATING FEATURES 

4.1 General 

In developing customer operating features for PBX and centrex 
Picture phone service, a basic precept has been that the video features 
in the different PBX and centrex systems be consistent with each 
other and coordinate with the "service package" concept currently 
underlying the PBX and centrex marketing philosophy. The latter 
means that each of the features in the current telephone service array 
will have, to the extent possible, a companion video feature, and these 
features will be optionally available in groups, or individually, to 
complement the regular telephone service packages or individual op-
tions, respectively. 
Technologically, the video features are of interest primarily with 

respect to whether they are station user oriented or attendant oriented 
(in which case they generally affect the station user also). Accord-
ingly, the features will be discussed from these viewpoints. 

4.2 PBX and Centrex Station Features 

The basic communication functions available to a station user 
are: communication with another inside station and communication 
with someone outside. With Picture phone service, video capability 
will be present on directly dialed inside and outside calls in a straight-
forward simple manner. PBX and centrex systems are designed so 
that the digits dialed to identify the station, either on an inside call 
or when called from outside, can be the same whether the call is made 
on a telephone basis or on a Picture phone basis,* except that on a 

* If a separate system is used to provide Pieturephone only service, a common 
number for Pieturephone and telephone service is, of course, not possible. 
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Picturephone call the station number must be preceded by the identi-
fying # prefix. If the station number is preceded by the # prefix but 
the call is for a non-Picturephone station, it will be routed to a re-
corded announcement to avoid unwanted charges. If the Picturephone 
station to which the call is directed is in a hunting group with other 
Picturephone and telephone stations, the Picturephone call will hunt 
over only the Picturephone lines in the group. A Picturephone line will 
appear busy to the system for subsequent Picturephone and telephone 
calls if it is in use on either type of call. 
PBX and centrex station features involving transfer functions of 

one kind or another result in some interesting video service features. 
Present systems can accomplish a number of variations of the transfer 
function, each variation being somewhat differently named depending 
upon the point in the call at which the function occurs, and the details 
of the function. Not all systems are capable of all variations. In gen-
eral, the transfer function can occur (i) before the call is answered, 
(ii) at the instant of answer, or (iii) while the call is in process. 
Table I shows a tabulation of calls in these categories, together with a 
brief description of the telephone service and the video counterpart. 

4.3 Attendant Features 
The ability to have an operator, or attendant, assist in the handling 

of calls is fundamental to PBX and centrex service and perhaps is one 
of the most important features. An attendant is an employee of the 
customer and, as such, functions as a "telephone receptionist" portray-
ing her company's image. In the development of Picturephone service 
for PBX and centrex customers, provision has been made so that this 
concept can be enhanced where desired by the customer through the 
use of video telephony for the attendant. 
It was decided to provide attendant service only with consoles such 

as the one shown in Fig. 1 since they not only represent the modern 
trend, but the alternative—cord switchboards—would be unnecessarily 
cumbersome to implement and operate. However, for those existing 
installations where cord switchboards prevail, the service can be im-
plemented through the use of an auxiliary console for handling Pic-
turephone calls only. 
With respect to console operation, the objectives have been (i) that 

the attendant perform the same relative functions on Picturephone 
calls as on telephone calls handled at present standard consoles, and 
(ii) that the video operating procedures be identical with, or natural 
extensions of, the standard telephone operating procedures. The 



560 THE BELL SYSTEM TECHNICAL JOURNAL, FEBRUARY  1971 

Picturephone 
Counterpart 

Incoming dire
ct inward dia
led 

Picturephone 
calls transfe
rred 

to attendant 
if station is
 busy or 

does not answ
er. Route 

Picturephone 
calls to anot
her 

or night stat
ion if video 
equipped, 

otherwise rou
te to recorde
d 

announcement.
 

Only video-eq
uipped statio
n can 

pick-up 
Picturephone 

call. 

Not activated
 for 

Picturephone 
service. Transfer can 
be made to vi
deo or 

non-video sta
tion. 

Same. If othe
r party is vi
deo, 

visual commun
ication can b
e made. 

Added station
 can be video
-equipped 

or not. If vi
deo, the stat
ion ini-

tiating the a
dd-on has vis
ual com-

munication wi
th outside pa
rty. 

Telephone Ser
vice 

Incoming dire
ct inward dia
led calls 

transferred t
o attendant i
f station 

is busy or do
es not answer
. 

Station pre-s
ets system to
 route 

incoming call
s to another 
station. 

System pre-se
t to route in
coming 

calls to nigh
t station. 

A call for a 
station in a 
group can be 

answered by a
nother in the
 group 

by dialing sp
ecial code. 

Stations can 
pick-up incom
ing trunk 

calls by dial
ing special c
ode. 

Called statio
n can transfe
r incoming 

trunk call to
 another stat
ion.t 

Outside party
 can be held 
while 

station calls
 another insi
de party.t 

Station can a
dd another in
side party 

to call from 
outside after
 the 

"consultation
 hold" phase.
t 

Function* 

Call forwardi
ng— 
busy line Call forwardi
ng— don't answer Call forwardi
ng 

Night service
 Call pick-up Trunk answer 
from any station Call transfer
— 
individual Consultation 
hold 

Add-on 

e t 
e Elt 
8 
le CD 

L  

F4 Transfer occu
rs at
 answer 

E 
o .9, 
C.) 

o g 

E-4 



CUSTO MER SWITCHING SYSTEMS  561 

principal extension of the service occurs when the attendant is 
equipped with a Picturephone set which permits her to see and be seen. 
New communication procedures will be recognized to result from this 

added capability. This occurs because during the establishment of 
connections, the attendant is "in the middle" of communications be-
tween inside and outside parties, a process which involves accepting 
voice instructions from one of the parties, taking action to advance the 
call—an action which sometimes involves communication with the 
other party, returning sometimes to communicate with the originating 
party and, in some calls, communicating at the same time with both 
parties. Under these conditions of communication, a question arises as 
to who should see whom. 
Simulation was resorted to in order to demonstrate and develop 

processes which intuitively appeared logical. With a few exceptions, 
the general rule evolved was that the video connection should follow 
the audio connection; that is, the parties that hear each other should 
also see each other. Where the attendant is involved with both calling 
and called parties at the same time, the video path to the attendant 
is not completed. Figure 3 shows "who sees whom" sequences during 
the process of some typical attendant operations. 
It will be noted from the illustrations on Fig. 3 that another new 

feature has been introduced in the process of providing video service 
for the attendant. This is the capability to transmit a stationary image 
to video telephone parties outside the customer group when no live 
picture would otherwise be transmitted. These stationary images will 
represent patterns or concepts devised by the customer, and will be 
changeable by the customer. The images are generated by a video-
image generator (VIG) and the capability can be provided at the 
customer's option. 
In order to take care of different situations that can be encountered 

with various PBX and centrex systems, three modes have been devel-
oped for interconnecting the attendant console with the switching 
system. In the first, Picturephone calls can be diverted to a separate 
console as was previously mentioned for installations with dial auxil-
iary cord switchboards. In the second mode, Picturephone calls appear 
on specific pick-up keys on the same console that contains keys as-
sociated with telephone inputs. These methods are used with the 701/ 
757 PBX approach and with the No. 5 crossbar system. In the third 
mode, used with the No. 101 ESS, both telephone and Picturephone 
calls are directed to common pick-up keys on the console. In each of 
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these modes of operation, uniform call handling methods have been 
worked out which achieve the basic operating objectives. 

V. KEY TELEPHONE SYSTEM FEATURES 

5.1 General 

The common system principles enumerated in Section II also under-
lie the Picturephone features of KTSs. However, specific service fea-
tures of these systems differ from PBX and centrex service because of 
differences in the switching approach. 
The KTSs provide service similar to PBX services insofar as they 

permit (i) controlled switching access between stations and lines to 
the central office (or to a PBX) and (ii) intercommunication with 
other stations of the customer group without the need for switching 
through the central office. Their operating features differ largely be-
cause of the difference in line access methods and the use of separate 
switching entities for the outside and inside functions stated in (i) 
and (ii) . 
The 1P2 KTS6 developed for Picturephone service operates with 

standard key telephone sets and provides the basic communication 
features of systems used for audio-only service. Modifications and 
improvements have been made as dictated by the nature of the video 
technology. 

5.2 Line Access Features 

With conventional audio KTSs, one or more PBX or central office 
lines appear on keys at a telephone, and the station user obtains ac-
cess to a line by operating a particular key. The lines may also be 
accessed by other key telephones, thus making it possible to connect 
more than one telephone, individually or at the same time, to a line. 
The station user may operate a hold key at the telephone to hold a 
call on a particular line and permit picking up another line. 
When KTSs are arranged for Picturephone service, the same gen-

eral capabilities for accessing one or more lines at one or more stations 
are present. However, to avoid video interference when more than one 
station is bridged to a line, only one video path is enabled at a time. 
Audio paths can still be bridged. 
Line access arrangements have been developed in accordance with 

the above which contain improved features to enhance the value of 
the service to the customer. For example, where key telephone service 
is used by a customer having a secretary, the customer may wish to 
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have a Picturephone set without providing one for his secretary, but 
at the same time will want her to continue her usual practice of answer-
ing and sometimes initiating calls for him. The Picturephone KTS line 
access design provides for this by giving both stations audio access to 
the line, with video access only to the principal's Picturephone set. 
The secretary can then answer and initiate Picturephone calls on an 
audio basis and turn them over to the principal when desired who can 
continue on a Picturephone basis. To initiate a call, the secretary's 
telephone must, of course, be equipped for Touch-Tone calling in 
order to key the necessary prefix. 
If a Picturephone set is provided for the secretary, she may enjoy 

full Picturephone service except that when both telephones are on the 
line at the same time, only one Picturephone set will be connected. 
The system is arranged to give preference to the principal's station. 
This type of service can be extended to two or more Picturephone 
lines and to more than two stations. 
Another service variation allows a number of principal stations to 

share one or more lines. As in the previous concept, each principal 
might have a Picturephone set with a telephone set only for a secretary 
or other subordinate; although as before, the subordinate could also 
have a Picturephone set. With this service, when any one group (i.e., 
principal and subordinate) is using a line, access is denied to all other 
groups and the associated line lamp is lighted at the stations of the 
other groups. A line in use can be transferred from one group to 
another by placing it on hold and, through some separate means, such 
as an intercom, directing the other group to pick it up. With this serv-
ice, incoming calls can be caused to ring and flash at a station user 
designated to act as attendant who, after answering the call, can 
place it on hold and, in a manner similar to the group transfer de-
scribed above, can direct the proper station to pick it up. 

5.3 Intercom Service 
Intercommunication between Picturephone stations is obtained by 

a separate switching entity. Station access to the intercom system is 
via a separate button on the key telephone set. Two intercom arrange-
ments have been developed. One, accessible to ten stations, allows one 
Picturephone conversation at a time; the other, of larger capacity, 
provides access for up to 27 stations and up to three conversations can 
be held at the same time. 
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5.4 Add-On Service 
Another party can be added to a Picturephone call that has been 

set up via the line access or intercom facility, in a manner generally 
similar to audio-only key telephone service. For example, an intercom 
call can be added to a central office call, or to a PBX call; or a PBX 
call can be added to another PBX call or to a central office call. When 
the calls are conferenced, the audio lines are bridged; but as in PBX 
service, the question of "who sees whom" arises. Since the station 
user originating the "add-on" has primary control of switching via the 
keys on his telephone set, the system has been arranged so that he can 
view and be viewed by the station associated with the particular access 
button depressed at his station. If he wishes, he may switch the video 
path from one to the other of the connected stations by depressing the 
associated access button. 

VI. SU M MARY 

This article discusses customer switching systems, their services and 
their features, with emphasis on how Picturephone service will be 
added to provide a useful and natural extension of telephone service. 
Customers served by video-augmented systems can provide for their 
employees the opportunity to conduct visual business communications 
with each other and with outside associates. These opportunities gen-
erally will be present on all communications normally provided by 
PBX, centrex and Key Telephone Systems. 
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The Picturephone® System: 

Key Telephone Systems 

By A. DASKALAKIS 

(Manuscript received October 21, 1970) 

Initially, Picturephone® service will consist to a large extent of key 
telephone systems (KT S) that will permit subscribers to have multiline 
access to Picturephone Central Office or Private Branch Exchange (PBX) 
lines as well as to Picturephone intercoms. Add-on-conference capability 
will also be available. In this paper, Picturephone KT S operation, logic 
and control, and physical characteristics are described. 

I. INTRODUCTION 

A key telephone system (KTS) is a customer-controlled switching 
system which permits use of a station set for more than one Central 
Office, Private Branch Exchange (PBX) or intercom line by switching 
from one line to another. Generally speaking, customers can signal 
from one station to another, transfer calls between stations, hold a 
call on one line while talking on another, and converse between sta-
tions without making use of a Central Office (CO) or PBX line.' 
Picturephone service adds a new dimension to key systems in that now 
video as well as audio switching must take place to connect one Pic-
turephone station set to a number of Picturephone CO or PBX lines or 
intercoms. 
Five key system services will be offered for Picturephone service:2 

two Central Office or PBX line services, two intercom services and one 
add-on-conference service. The line services will permit (i) boss/ 
secretary access to one Picturephone CO or PBX line,* and (ii) 
shared access of one line by a number of boss/secretary groups. The 
first of these services is referred to as single-group line service while 
the second is referred to as multigroup line service. The intercom 
services will consist of (i) a single-link Picturephone intercom that 

*Hereafter referred to as "Line." 
567 



568  THE BELL SYSTEM TECHNICAL JOURNAL, FEBRUARY  1971 

will provide dial service for up to ten stations on one audio/video 
link and (ii) a multilink Picturephone intercom that will provide 
service for a maximum of 27 stations on three audio/video links. Add-
on-conferencing will be available between two lines or one line and one 
intercom station. 
A Touch-Tone® telephone set and a speakerphone are an inherent 

part of the Picturephone station3 and these may be used for normal 
telephone calling. Picturephone service is provided as an adjunct to 
regular telephone service, the only restriction being the provision for 
Touch-Tone signaling. Key system line services interface with the 
serving Central Office or PBX over three cable pairs: one pair for 
audio communications and two pairs for video. 
From a subscriber's point of view, calls can be placed either on a 

video or audio basis in all of the key services mentioned simply by 
preceding (or not) the called number with the # digit. Incoming 
Picturephone calls are distinguished by a tone ringer (bell for tele-
phone) and a red line lamp (white for telephone). Normal key system 
lamp flashing rates are used to indicate hold, ringing and busy. A 
single red and white lamp assembly is used under each line button for 
visual alerting. 

II. KEY TELEPHONE LINE SERVICES 

2.1 General 
Single Group service is intended to serve boss/secretary arrange-

ments and permits simultaneous audio access to both stations. How-
ever, video access is provided on a hierarchical basis and if both 
boss and secretary are off-hook on the same line, only the boss will 
have a video connection. Multigroup line service allows a number of 
boss/secretary groups to share one Picturephone line. The first station 
within a group to seize the line will lock out all other groups. 

2.2 Single Group Service 
The block diagram in Fig. 1 shows a typical key system line installa-

tion. A single line picked up by a boss and a secretary is shown; how-
ever, additional lines may be connected to a station by adding a line 
circuit, a video switch and a video cable equalizer4 per line. 
To illustrate the operation of this service, incoming and outgoing 

video calls will be described. Telephone calls follow standard KTS 
practice and will therefore not be discussed. On an incoming Picture-
phone call, the CO or PBX applies the Video Supervisory Signal 
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(VSS) to the incoming video pair at least 100 ms before applying 
ringing to the audio pair. After detecting VSS and within the 100-ms 
interval, the cable equalizer switches the line circuit into the video 
mode. When ringing is detected by the line circuit, a distinctive ring 
(tone ringer) and a flashing red lamp alert the station user. When the 
call is answered, ringing is retired, the red lamp goes steady and the 
video switch extends the video and turn-on-set signal to the called 
Picture phone station. If the call is placed on hold, the line circuit pro-
vides a winking red lamp to the telephone set. The video switch is 
released in the hold state resulting in a blank screen to both parties. 
Upon re-entering the connection, video as well as audio communica-
tions may be continued. 
When a station is placed off-hook to originate a Picture phone call, 

the line circuit lights the corresponding white lamp in the set. The 
# button is depressed followed by the telephone number of the 
called station. When the CO or PBX detects that a video call has been 
dialed, a burst of VSS is sent to the video cable equalizer. The equa-
lizer commands the line circuit into the video mode; the line circuit in 
turn switches the lamp in the telephone set from steady white to steady 
red. The system goes idle when all stations are on-hook. 
A video loopback5 is provided between the transmit and receive 
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pairs of the line at the cable equalizer circuit. This loopback is con-
nected when the system is idle and is removed when the line circuit is 
in the video mode and a station is off-hook. Once removed, the loop-
back will not be reconnected until the system is idle, i.e., VSS not being 
received and all stations on-hook. This logic allows a video signal to 
be transmitted through the customer loop for transmission testing.6, 7 
It also prevents a person from seeing himself if the person to whom he 
is talking goes on-hook. In the event of a power failure, either at the 
line circuit, the cable equalizer, or the station set, loopback is removed 
to prevent the CO or PBX from completing video calls to that line. 

2.3 Multigroup Service 
Multigroup Picturephone line service was designed to provide 

shared-line service to a number of boss/secretary groups. The multi-
group system as shown in Fig. 2 utilizes a line circuit, a cable equalizer, 
and a common control and lockout circuit. It shows boss/secretary 
groups one through nine sharing one Picturephone line. In this illustra-
tion, secretaries have video access; however, audio-only service may 
be provided for secretaries. When any one group (station) is using the 
line, access is denied to all other groups (stations) . Any Picturephone 
group that inadvertently goes off-hook on a line that is in use will 
receive a busy tone. Possession of the line can be transferred to another 
group by placing the line on hold and through external signaling 
means, directing another group to pick up the line. Multigroup equip-
ment arrangements will allow up to nine Picturephone groups to share 
a single line. 
If the secretary within a group is equipped with a Picturephone 

station, single-group rules apply. That is, the customer must choose a 
hierarchical video order for the two Picturephone stations but both 
stations within the group have audio access. 
Incoming and outgoing calls, insofar as distinctive audible and 

visual signaling and call completion are concerned, are handled the 
same way as in single-group Picturephone service with one exception. 
That is, on incoming calls one group (station) will usually be desig-
nated as the attendant group and all incoming calls will ring and flash 
at the attendant location. During ringing, the lamp associated with 
each line is lighted steady at all nonattendant stations. If a non-
attendant station goes off-hook during ringing, it will receive a busy 
tone. When the attendant determines the station to which the calling 
party wishes to be connected, she may place the incoming call on hold 
and, through external signaling means, advise the proper station to 
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pick up the line. When the alerted station picks up, the call will be 
transferred to that station and the attendant as well as all other groups 
will be locked out. 
An optional Direct Station Selection (DSS) arrangement can be 

provided for the attendant to advise a station of an incoming Picture-
phone call. With this arrangement, the attendant operates the proper 
DSS button which activates a flashing red lamp and audible tone 
ringer signal associated with the Picturephone line to be picked up by 
that station. As above, when the station picks up, the call will be 
transferred and the attendant will be locked out. 
An application of Multigroup service is given in Fig. 3. It shows 

three boss/secretary groups sharing two Picturephone lines (secretaries 
are audio only). A button appearance per line is required at each 
station. If the principal user of group 1 is off-hook on a line, the lamp 
associated with the line in use will light steady at each station ap-
pearance in all three groups. If either a group 2 or group 3 station goes 
off-hook on the same line, that station will receive a busy tone. If the 
secretary in group 1 goes off-hook, she will get audio access to that 
Picturephone line. 

III. REY TELEPHONE INTERCOM SERVICES 

3.1 General 
Two types of Picturephone intercom services will be offered to 

handle customer switching needs: single link and multilink service. 
Single link service is intended for the small user and will accommodate 
a maximum of ten stations. Multilink intercom service is aimed at the 
larger user and will serve a maximum of 27 stations on a maximum of 
three links. All basic key telephone features are provided on each of the 
two systems; i.e., pickup, hold, lamps, audible signals, add-on-con-
ference, etc. 
Intercom service is entirely separate from the type of line service 

chosen. For example, stations having access to the single link intercom 
can have either single-group or multigroup Picturephone line service 
or telephone-only line service. A button appearance is required at each 
station that has access to an intercom. 

3.2 Single-Link Intercom Service 

This service provides private intercommunicating on a # plus 
one-digit dialing basis among a group of ten or less stations, some or all 
of which are equipped for Picturephone service. Single-link intercom 
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service is provided by the units shown in Fig. 4, consisting of a station 
circuit per station, common control to allow access to one station and 
exclude all others, tone and lamp control and Touch-Tone dial receiv-
ing equipment. 
The origination and termination of calls follow the procedures de-

scribed for line services insofar as dialing and station alerting are 
concerned. If a call is in progress, the intercom line lamp will light 
steady at all stations having intercom access. If a station goes off-hook 
while a call is in progress, that station will receive busy tone. 
The basic core of the single-link Picture phone intercom is the 1A2 

dial selective intercom (audio only) presently available to the field. 
Video switching, lockout, and other video features have been added to 
result in a complete Picturephone intercom system. The features of 
the single-link intercom are privacy, system busy tone, hold, boss/ 
secretary bridging of one intercom line appearance, station hunting 
from a primary to a secondary when the primary is busy on another 
line, and add-on conferencing. Rotary dial sets for audio-only stations 
are permitted. 
When a station is placed off-hook to originate a call, the station and 

common control circuits are seized, preventing other stations from 
originating a call on the intercom. The station is connected to a battery 
feed circuit and to the terminated video path. The calling station re-
ceives dial tone and all stations receive a steady white lamp signal. If 
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KEY SYSTEM 

the # digit is dialed, indicating a Picturephone call is being placed, 
the lamps change to steady red. 
Upon completion of dialing, the common control circuit makes a 

busy test of the called party. If the called party is busy on another 
line, busy tone is returned to the calling station; if the called party is 
idle, ringing is applied. When the called station answers, the called 
display unit is turned ON, the video paths are connected together in 
proper transmitter-to-receiver fashion, and the ringer is retired. The 
system remains in the busy state until the last station is placed on-
hook. 
On an established intercom call, one of the talking parties may 

choose to answer an incoming call on a line while the other intercom 
party remains off-hook. After answering the incoming call, he may 
then return to the intercom as long as the other party remains off-hook. 
Therefore, intercom users are provided a means for holding an inter-
com call. 
Boss/secretary bridging of one intercom line appearance and sta-

tion hunting from a primary to a secondary when the primary is 
busy on another line are audio key system features and will not be 
covered here. The optional feature of add-on-conference, which is 
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available with the single-link Picturephone intercom, is discussed in 
Section IV. 

3.3 Multilink Intercom Service 

This system is intended to fill the intercommunication needs of 
customers who range in size from those who can be served by the ten-
station single-link Picturephone intercom to those who require a 
Picturephone PBX but do not require full PBX features.8 The multi-
link intercom is a common control system designed to provide com-
munications to a maximum of 27 stations. It features complete privacy, 
serves telephone as well as Picturephone equipped stations, and can be 
equipped for either two or three intercommunicating links. Standard 
key system features such as hold, boss/secretary bridging of one inter-
com line, and station hunting from a primary to a secondary when the 
primary is busy on another line are provided on an optional basis. CO 
or PBX lines can be connected to provide audio add-on and video 
transfer into the intercom. 

3.3.1 System Organization 

Figure 5 is a block diagram of the multilink system. It consists of a 
system control and register, up to three link circuits, a switch matrix, 
and a station circuit for each station. 
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Fig. 5—Multilink Picturephone intercom. 
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The register contains the bulk of the system logic and consists of a 
Touch-Tone receiver, a selector circuit and a logic circuit for con-
trolling the system. The link circuit performs the functions of call 
supervision and selective signaling. The station circuit connects the 
stations to the system and controls the functions of video, lamp and 
ringer switching. The switch matrix connects selected stations to a link 
circuit and locks out all other stations. 

3.3.2 System Operation 

3.3.2.1 Telephone Calls. Referring to Fig. 5, when a station goes off-
hook, the register is seized and prevents other stations from originating 
a call at this time. The register identifies the calling station and also 
enables an idle link. The enabled link causes the operation of the matrix 
crosspoint associated with the calling party. At this point, the calling 
party's tip and ring leads are connected to the enabled link circuit 
through the matrix circuit. Tones (dial tone, ringback, station busy and 
permanent signal) are transmitted by the link to the connected station. 
The link circuit supplies loop current, detects rotary dial pulses and 
repeats dial pulses to the register. If Touch-Tone dialing is involved, as 
is required to originate Picturephone calls, the tones are capacitively 
coupled to the register. 
Upon completion of dialing, the register makes a busy test of the 

called party. If the called party is busy, busy tone will be returned to 
the calling party. If the called party is idle, the crosspoint associated 
with the called station and the enabled link will be operated. The 
register will be released from the enabled link making it available to 
handlé another call. Ringing and ringback tone will now be applied by 
the link circuit. After the called station answers, the link will remain in 
the busy state until the last station is placed on-hook. 
3.3.2.2 Picturephone Calls.  Picturephone calls are originated in the 

same fashion as telephone calls with the additional requirement of 
preceding the called number with the # digit. The register detects 
the digit and signals the link which in turn sets the station circuit into 
the Picturephone mode (i.e., red lamp, tone ringer). The viewing path 
through the switch matrix is controlled by each station circuit in such 
a way as to connect the transmitters and receivers of the calling and 
called parties in a transmitter-receiver combination in both directions. 
When both the calling and called parties have been connected to the 
switch matrix, the link circuit must prevent additional stations from 
being added in a Picturephone mode to the existing two-party call. 
Third and fourth parties can be added, audio only, to an existing call 
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by two methods to be discussed: i.e., DSS and register recall. The 
intercom call can be placed on hold which results in a distinctive winking 
red lamp to the user. 
3.3.2.3 Direct Station Selection (DSS). The DSS feature may be 

used to call a Picturephone intercom station by going off-hook, dialing 
the # digit followed by a depression of the DSS key associated with 
the called party. In addition, after a two-party call has been set up, 
either party may add stations to the call using the DSS feature (up to 
four parties total because of audio transmission restrictions). The third 
and fourth parties will be added as audio-only participants as previously 
noted. A DSS key is required for each specific station that a user wishes 
to signal directly. 
When a user depresses a DSS key, the link involved is re-enabled 

thereby connecting it to the register for the called party busy test. If 
the called party is idle, its crosspoint becomes operated, the station 
circuit is switched into the ringing mode and ringback tone is trans-
mitted to the parties already connected to the switch matrix. If the 
party is busy, station busy tone is returned to the calling party(s). 
Station status tones (busy, ringback, etc.) are retired by a second 
depression of the DSS key. 
3.3.2.4 Register Recall. After a call has been established on a given 

link, either party, if equipped with a register recall button, may add 
stations to the call by depressing the register recall key (up to four 
parties total). In much the same way as in DSS, the involved link is 
re-enabled and connected to the register. In this instance, however, the 
register returns dial tone to the calling station. Dialing and the result-
ing status tones then occur as for a normal dialed call. The first two 
parties will have a video connection; the third and fourth parties will be 
brought in as audio-only participants. Station status tones (busy, ring-
back, etc.) may be retired by a second depression of the register recall 
key. 
3.3.2.5 PBX or CO Line Add-On Transfer. Each PBX or CO line 

that is capable of being switched into the intercom may be connected 
to any one of the three system links. Assume a two-party intercom 
Picturephone call has been established and that one of the intercom 
stations wishes to add a CO party. The controlling intercom party 
would first place the intercom call on hold. He would next access a CO 
line and dial the desired party. When the CO party answers, the con-
trolling station depresses the add-on key associated with the involved 
line which in turn causes the CO line audio pair to be bridged across the 
loop of the link in use. The controlling intercom station may then select 
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the party he wishes to view by depressing either the line or intercom 
key. The controlling party is seen by the party associated with the 
depressed key; however, the third party receives a blank screen. All 
three parties have continuous audio. Upon hang-up of either intercom 
station, the video from the added-on line is transferred to the re-
maining party. 
3.3.2.6 Paging. The purpose of this feature is to provide an intercom 

user microphone access to a customer-provided public address system. 
The paging control circuit replaces a station circuit and, therefore, is 
represented by the station code it replaces. The circuit is the interface 
betWeen the intercom and a customer-provided loudspeaker paging 
circuit. The paging control circuit automatically answers upon being 
dialed and disconnects when the intercom station disconnects (calling 
party control). 
3.3.2.7 Attendant Operation. An attendant position may be provided 
and has the same appearance in the system as a normal station circuit. 
It may or may not be equipped for Picturephone service as desired by 
the customer. The position would normally be assigned the station 
code "0" but is not restricted to this code. If a system user does not 
have access to a PBX or CO line (audio or video) and an attendant 
position is equipped, the attendant can provide the intercom station 
access to an outside line. 

IV. ADD-ON-CONFERENCE SERVICE 

The add-on-conference feature is provided for single-group and multi-
group line users as well as for single-link intercom subscribers. Con-
ferencing is provided between: 

(i) 2 PBX lines, 
(ii) 1 PBX or CO line and a single-link intercom line, and 
(iii) 1 CO line and 1 PBX line. 

The Picturephone multilink intercom provides a similar feature 
called PBX or CO line add-on transfer which has previously been 
discussed in Section 3.3.2.5. 
Assume that a two-party Picturephone call has been established 

on a PBX line and that one of the parties wishes to add an intercom 
station. The controlling party would first place the PBX call on hold. 
He would then access the intercom and dial the desired party. When 
the intercom party answers, the controlling station would depress his 
add-on-conference key which would in turn cause the intercom audio 
pair to be bridged across the PBX line in use. The controlling station 
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would choose the desired video connection by depressing the line button 
associated with the station to which he wishes to be connected. He 
would see that station and that station would see him. The controlling 
station can switch from one line to another by depressing the appro-
priate line button. The station which is not seeing anyone is in turn not 
being seen by anyone. At the completion of the conference, the con-
trolling party may continue to talk to either of the parties when the 
third party hangs up or he may drop both parties by hanging up him-
self. 

V. POWER 

Seven potentials are used in the circuitry of the Picturephone key 
telephone services: 

Potential  Uses 
—24 Volts Talk  Talking Battery 

Cable Equalizers 
—24 Volts Signal  Switching Circuitry 
+10 Volts  Red Picturephone Lamps 
—10 Volts  White Audio Lamps 
10 Volt AC  Interrupter Motor 
18 Volt AC  Buzzers 
117 Volt, 30 Hz  Ringing Supply 

The DC potentials are obtained from solid-state diode rectifiers 
supplied with alternating current from a single core, multiwinding 
transformer, connected to commercial 60-Hertz single-phase power. 
Ringing power is provided by a 30-Hertz subharmonic oscillator 
operating on commerical ac power. 
Reserve power arrangements have not been made for the Picture-

phone key telephone services; however, in the event of a power failure, 
telephone service will be functional. Outgoing telephone calls may be 
made in the usual way. Incoming telephone calls will cause line ringing 
to be applied to the main station of each line; however, lamp signals 
will not be available. 

VI. EQUIPMENT ARRANGEMENTS 

The Picturephone key telephone circuits consist of solid-state ele-
ments, miniature flat spring relays and assorted components assembled 
on circuit packs which plug into equipment units that in turn are wired 
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together into one assmbly. The wired and factory-tested units are 
connected at the time of installation by plug-in cables and quick-
connect wall-mounted connector blocks. These plug-in modular de-
sign features minimize the time spent on the subscriber's premises for 
installation and maintenance. 
Two types of equipment units will be available to house the Picture-

phone key equipments: a wall-mounted key service unit (KSU) will 
accommodate the small installations, whereas floor-mounted 7-foot 
frames will handle the larger installations and the multilink intercom 
system. Using dedicated connectors, the KSU shown in Fig. 6 may be 
equipped with the following Picturephone services: 

(i) Two single-group Picturephone lines, each picked up by a 
Picturephone station, or 

(ii) One single-group line picked up by a Picturephone station plus 
a six-station single-link intercom, or 

(iii) One ten-station single-link intercom. 

The KSU shown in Fig. 6 measures 27 inches high by 16 inches wide 
by 12 inches deep and is equipped with one single-group line and a 
six-station single-link intercom. 
Figure 7 shows the arrangements available in the frame-mounted 

equipment arrangement. Each of the top three carriers provides for: 
(i) single-group service for two Picturephone lines picked up by one 
station or one Picturephone line picked up by one station, and (ii) 
add-on conferencing. The fourth carrier provides the same service as 
the KSU. A total of eight single-group Picturephone lines may there-
fore be accommodated on this frame. Connecting cables are used to 
complete the connections from the frame to connecting blocks mounted 
to the wall. The frame shown in Fig. 7 measures 7 feet high by 24 
inches wide and has carriers 1 and 4 equipped with circuit packs. 
Multigroup Picturephone line service is provided by a seven-foot 

frame similar to the one shown in Fig. 7 except it is arranged to ac-
commodate a total of six Picturephone lines. The top two carriers are 
wired to provide four lines of single-group Picturephone service. The 
bottom two carriers furnish service for one multigroup Picturephone 
line each. Each multigroup carrier is arranged so that shared service 
can be offered for up to nine Picturephone groups (stations). 
Basic multilink intercom service will be provided on a seven-foot 

frame to accommodate a maximum of 27 stations and a maximum of 
three links. 
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Fig. 6—Key service unit equipped with one Picturephone single-group line 
and a six-station intercom. 

8.1 Plug-in Circuit Pack Physical Characteristics 

Two sizes of circuit packs are used in the Picturephone KTS: one is 
3.5 inches high by 5.5 inches deep and the other 7.5 inches high by 
5.5 inches deep. Figure 8 shows typical examples of the two types of 
packs. 
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The double-sided etched epoxy-clad metal boards are gold-plated 
with either 40 or 80 contacts depending on the size of the circuit pack. 
The highest component on any of the circuit packs is 1.25 inches with 
spacing between circuit packs held to 1.5 inches. 

-CONNECTIONS 

- POWER 
SUPPLIES 

CARRIER 1 

CARRIER 2 

CARRIER 3 

CARRIER 4 

Fig. 7—Frame-mounted equipment arrangement. 
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6.2 Apparatus Mountings 

The circuit packs plug into die-cast aluminum apparatus mountings 
consisting of trays that are 23 inches wide. The card guide castings 
on the top and bottom of the tray have slots on 1.5 inch centers to 
accept the circuit packs. A connector mounts into slots at the rear of 
the casting to mate with the circuit pack plug. This connector is ar-
ranged for up to three levels of wire wrapping. 

6.3 Wiring and Cabling 

The equipment within each apparatus mounting is wired to accept 
the full complement of circuit packs and is tested before shipment to 
the field. The various equipment features and options are implemented 
by inserting or removing a circuit pack or by replacing one circuit 
pack code by another in dedicated slots. 
Only two cable pairs of standard inside wiring cable are required 

to carry the video signal between a Picturephone station set and the 
Picturephcrne key equipment regardless of the number of Picturephone 
lines or intercoms associated with the Picturephone station. This is 
possible because all the video switching functions take place at the 
Picturephone key equipment location. Audio connections associated 
with the Picturephone lines and intercoms, such as tip and ring, are 
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made using the standard key telephone system wiring plan. Pair as-
signment within the cable was made to reduce video self-crosstalk.7 
The cable length between a Picturephone station and the Picture-

phone key equipment is restricted to a maximum of approximately 400 
feet of 24-gauge cable. Beyond this distance, video equalizers' are 
required in order to satisfy overall transmission objectives.7 If the 
cable length exceeds 1000 feet of 24 gauge, additional circuits are re-
quired to extend the control and lamp functions to the Picturephone 
station. The key systems described herein and illustrated in Figs. 1-5 
are restricted to cable lengths of up to approximately 400 feet. Cir-
cuits and equipment arrangements to extend the cable length to beyond 
1000 feet are currently under development. 
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The Picturephone® System: 

The 850A PBX 

By H. P. ANDERSON 

(Manuscript received September 21, 1970) 

In this paper we describe the system organization, operation, and 
apparatus of the 850A PBX, a Picturephone® Switching System. The 
objectives of the 850A PBX in the Bell System Picturephone service plan 
and the design. approach taken are discussed. 

I. INTRODUCTION 

1.1 General 

For business people, person-to-person conversation is the most 
complete means of communicating; therefore, the first major users of 
Picturephone service are likely to be business persons. 
Switching systems such as a Private Branch Exchange (PBX), or 

a key telephone arrangement are an integral part of most business 
communications set-ups. To obtain full utilization of the existing 
telephone network, Picturephone service is to be added as an integral 
part of telephone service; therefore, Picturephone service must be 
added to these systems serving the business community.' The 850A 
PBX has been designed to provide Picturephone service to customers 
served by 701B or 757A electromechanical PBXs. 

1.2 Objectives 

The objective of the 850A PBX is to provide Picturephone service 
on 701B and 757A types of electromechanical PBXs, step-by-step 
(SXS) and crossbar (X-bar) respectively, with a common machine. 
In addition, the 850A PBX is to provide the same services on Picture-
phone service that the customer has on telephone; therefore, the 850A 
provides Picturephone service on all the Communications Service 
Packages, series 100, 200, 300 and centrex (CU) I and II. 
Flexibility of the 850A in working with either SXS or X-bar PBXs 

is achieved by using the 850A in parallel with the existing customer 
telephone switching system. In the 850A Picturephone telephone sys-

585 
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tern, normal telephone calls generated at a Picturephone station are 
switched to and carried by the telephone switching equipment; all 
Picturephone traffic (including the audio) is processed by the 850A. 
Because of this parallel operation, the 850A performs the same 
switching functions required by a voice PBX, and it has the additional 
circuits required for video switching and transmission. Since the 850A 
is a complete PBX, it can be modified to operate as a stand-alone 
Picturephone PBX, i.e., provide only Picturephone service to a cus-
tomer if he so desires. 
The 850A PBX is a solid-state machine utilizing a building-block 

equipment arrangement which allows for easy growth from 16 to 89 
Picturephone lines. Growable switching networks are obtained by the 
use of plug-in ferreed packages. Special maintenance features include 
in-service checks such as guaranteeing a good loop to a Picturephone 
station, before connection and ringing on incoming calls. 
The 850A trunk circuits have been designed to operate over PBX 

loop ranges up to 2000 ohms and ,are compatible with Unigauge Cen-
tral Office (CO) lines. Allocation of impairments on the video trans-
mission of the 850A are given in Ref. 2. The 850A has video equalizers 
on the receive pair from each station and each CO line. A Key Tele-
phone System (KTS) equalizer is used in the attendant video loop, 
this equalizer is used to provide video loopback independent of the 
optional attendant display set. 
To achieve low manufacturing costs, the logic and circuit pack sizes 

were chosen to be the same as a high production PBX—the 800A.3 
The utilization of this system with the major electromechanical 

PBXs and the similarity of the apparatus with other electronic PBXs 
allow uniformity of manufacture, installation, and maintenance. 

II. SYSTEM DESCRIPTION 

2.1 General System Arrangement 
A block diagram of the Picturephone PBX system is shown in 

Fig. 1. 
Picturephone station equipment' consists of a 12-button Touch-

Tone® telephone, a display unit, and a control unit. The 12-button 
Touch-Tone telephone is required for Picturephone service. The 
Picturephone service user initiates a video call by pressing the 12th 
button designated #, and then "dials" the regular telephone number 
of the person he is calling. A normal voice-only call is originated in 
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the usual manner by dialing the number without the # prefix. An 
incoming Picturephone call is characterized by a distinctive ring cre-
ated by a tone ringer. 
In the initial phase of Picturephone service, only the No. 5 crossbar 

central office will be modified to switch video calls; this capability will 
also be provided by the No. 1 Electronic Switching System (ESS) in 
the future. Picturephone service customers served by other types of 
telephone central offices such as panel, SXS, etc., will have their 
Picturephone facilities routed to the nearest No. 5 or No. 1 ESS 
office modified for Picturephone service. 
No modifications are required on the existing 2-wire voice loops 

that connect a customer's telephone to the on-premise switching 
equipment. The ON-OFF switchhook signals, Touch-Tone dialing 
signals, and the voice portion of Picturephone calls are transmitted 
over the voice pair. In addition, two pairs of wires in the standard 
telephone cables are assigned for the transmission of the video portion 
of the call, one pair for the transmission in each direction. Video 
equalizers5 are inserted at approximately one-mile intervals between 
the PBX and the central office. A Picturephone call to the local central 
office is established over a dedicated six-wire Picturephone trunk. At 
the local central office, the voice pair is connected to the existing 
telephone switch in the conventional way. The video quad is con-
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nected to a separate four-wire switch which is controlled by the tele-
phone switching system; the audio pair of this six-wire trunk is never 

used for voice-only traffic. 
All the peripheral equipment and systems to the 850A are discussed 

in detail in other articles in this issue. 

2.1.1 System Operation 
To illustrate the operation of the system shown in Fig. I, when a 

call is initiated by an "off-hook," the two-wire audio loop is con-
nected to the register circuit of the 850A and to a line finder or register 
in the associated PBX, causing dial-tone to be returned to the station 
user. The detection of the first "dialed" character as an # by the 
850A register causes this system to dismiss the regular PBX and to 
apply a busy indication to the line appearance in the telephone 
system. Outgoing Picturephone calls are carried over the dedicated 
six-wire trunk and processed by the central office (the central office 
does not require a # signal in this case since this equipment can only 
be seized by a Picturephone call). Alternatively, if the called number 
is not prefixed by #, the 850A register releases itself and applies a 
busy indication on the 850A line appearance. The call will then be 
handled as a normal voice-only telephone call in the usual manner by 
the associated PBX. A regular Direct-Outward-Dialed (DOD) tele-
phone call initiated by a Picturephone station, after processing by the 
associated PBX, will be connected via the regular audio trunk to the 
serving telephone central office. 
850A Picturephone lines can also be voice-only extensions equipped 

with either a Touch-Tone or a rotary dial to provide such services as 
secretary's pickup. A video call can be answered on such an extension; 
however, in this case, the caller will have a blank screen until the 
call is picked up by a Picturephone set. Rotary dial extensions can 
only initiate telephone calls but can transfer a Picturephone call to 
another Picturephone line by calling the attendant who, in turn, will 

effect the transfer. 
Options which are selected by the customer include attendant 

video capability and a Video-Image-Generator (VIG) which transmits 
a fixed image to the calling party while the attendant processes 

his call. 

2.2 Comm on Control 
The 850A PBX is a solid-state wired-logic, common control switch-

ing system, the block diagram of which is shown in Fig. 2. 
The common control is an asynchronous circuit with the exception 
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of the line-scanner portion which is clocked at a 10 kHz rate. The 
common control provides the necessary logic for establishing connec-
tions between Picturephone service circuits through the Picturephone 
switching network. 
A "service circuit," such as a line circuit, trunk, register, etc., bids for 

the common control which determines the mode of operation necessary 
to provide service to this circuit. After identifying the requesting 
circuit, the common control locks out all other requests until the 
initial request has been satisfied. The common control examines the 
available data from the requesting circuit, marks it on the switching 
network, and determines what other service circuits, if any, are needed 
to satisfy the request. An idle circuit of the type requested is selected 
and also marked on the network. With the two marks on the opposite 
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sides of the network, the common control enables the network control 
which establishes the connection. The common control then resets and 
is ready to receive the next request. 
The common control is normally in the idle state. From the idle 

state, the common control can enter four different functional modes 
to serve requests. These modes in order of service preference are: 
read-register (RR), line-dial tone (LDT), camp-on readout (CORO), 
and attendant-trunk release (ATR). A preference order is assigned 
to the functional modes in case of simultaneous requests. During the 
handling of multiple calls, the most important type of request is 
served first. 
The read-register mode is requested by a register when its contents 
are ready for readout. Readout occurs when the register has the 
complete number of digits (3 or 4), or a recognizable 1-, 2-, or 3-digit 
code, or if the register has timed out. The RR mode involves the con-
necting of the calling circuit to the called circuit. 
Line-dial tone mode is requested by circuits that require a register 

connection. Scanning is required because of multiple circuits request-
ing service at the same time. These requests include: stations going 
off-hook, DID trunk seizures by the central office, call-transfer-
individual, dial-conference, and attendant trunk seizures. During the 
LDT mode, requesting circuits are connected to a register through the 
switching network. 
The Camp-On feature is standard with PBX series 200 and 300 and 

optional with Centrex I and II. Therefore, the camp-on mode is pro-
vided only when it is required, and is requested by the camp-on 
circuit periodically when there is a number stored in one of the three 
camp-on stores. The CORO mode checks the state of the stored line, 
and if idle, connects the camped-on trunk to that line. 
Attendant-trunk release mode is requested by the attendant trunk 

when the attendant releases from the trunk and both sides of the 
trunk are connected to other circuits through the switching network. 
The function of the ATR mode is to release the attendant trunk from 
the connection and to establish a new network connection directly 
between the two circuits previously connected to the attendant trunk. 
In addition to providing the logic for the connection of service 

circuits, the common control performs other functions associated 
with Picture phone calls. 
One of these additional functions is related to the identity of a 

Picture phone station. All Picture phone stations in the system must be 
assigned to the same hundreds group of numbers; this hundreds group 
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is variable from system to system. Any video call to a number not 
in this hundreds group, e.g., a telephone number or a vacant code, 
is routed to an intercept-recorded announcement. A listed-directory 
number (LDN) option is provided which allows the LDN for a 
Centrex-CU System to be in a different hundreds group. 
The common control ascertains the class-of-service of a particular 

Picture phone line. Each Picture phone station may be assigned to any 
one of six classes of service. These classes are: CO nonrestricted, dial-
conference nonrestricted; CO nonrestricted, dial-conference restricted; 
CO toll-diverted, dial-conference nonrestricted; CO toll-diverted, dial-
conference restricted; CO restricted, dial-conference nonrestricted; CO 
restricted, dial-conference restricted. One additional class-of-service is 
provided for use by Data-Phonea stations. This data class-of-service 
is limited to Data-Phone stations and is always dial-conference re-
stricted. 
Common control also determines when a video-continuity test 
(VCT) should be made on an established connection. Tithe video 
path does not pass this test, the common control will cause the calling 
party to be routed to an intercept-recorded announcement; this is the 
same intercept that is used for calls to vacant codes and the wrong 
hundreds group. 
Station hunting is also controlled by the common control. Picture-

phone stations may be arranged for one-way or two-way hunting as 
required to be consistent with the telephone PBX. 

The common control is arranged for automatic reset under cer-
tain abnormal conditions. If any operation takes longer than an ex-
pected amount of time, the common control resets. If the common 
control fails to reset, or the network relays fail to return to normal, 
a major alarm signal is sent to the Fuse, Alarm, and Emergency 
Transfer Circuit, resulting in the transfer of all Picture phone lines 
not in use at the time to the existing telephone switching system, 
thus providing at least telephone communications. 

2.3 Register 
Dial Pulse and Touch-Tone phone reception is accomplished in the 

850A by the register circuit. Connections to the register are made 
through the switching network. Line-side circuits are connected to 
trunk-side terminations of registers, and trunk-side circuits are con-
nected to line-side register terminations. The register functions to 
receive dial pulses or Touch-Tone phone signals from either line-side 
or trunk-side circuits; after receiving the entire number, the register 
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signals the common control. The information in the register is then 
used, under the direction of the common control, to complete the re-
quired connections within the PBX. In the event that the called 
station or trunk is busy (including the busy-tone trunk, if provided), 
the register returns busy tone to the calling party. Upon connection 
of the register, the tip, ring, sleeve and "P-detect" leads are cut 
through to the calling line. This connection grounds the sleeve lead 
which operates the cutoff (CO) relay in the line circuit. The operation 
of the CO relay connects a tip, ring and sleeve lead to the associated 
electromechanical PBX which appears to this PBX as an origination. 
The voice PBX after finding the line returns dial tone to the station. 
If the first character "dialed" is the Picturephone prefix, #, the regis-
ter detects this signal. Detection of the # causes the register to place 
a signal on the "P-detect" lead which in turn opens the tip and ring 
and grounds the sleeve lead to the electromechanical PBX. Grounding 
of the sleeve lead is done to provide the proper busy indication for 
incoming telephone calls to this station. The "P-detect" signal also 
allows the connection of the battery feed and supervision circuits of 
the 850A to the line; the Picture phone call can then proceed. If the 
register detects that the first character "dialed" is not the #, it places 
a ground on the sleeve lead of the 850A and then releases from the 
connection. The call in this latter case will be processed as a telephone 
call by the associated PBX. In the event the 850A is modified as a 
stand-alone Picture phone System, the register returns dial-tone if 
the first character "dialed" is not a #. If telephone stations are 
connected to a stand-alone 850, voice calls must be preceded by #. 
The register is arranged to detect the # and to receive a three- or 

four-diet code for station lines; two- or three-digit code for conference 
calling; and a one-digit code for CO trunks and attendant trunks. The 
calling party has approximately 10 seconds to "dial" the first digit 
after the application of dial tone. If this 10-second interval is exceeded, 
the register drops the connection and allows the 701(757) PBX to 
time out and return fast busy tone (or attendant intercept). Subse-
quent digits must be "dialed" with a time interval no longer than 10 
seconds between digits. If this interval is exceeded, after the #, the 
register times out and engages common control to connect the calling 
line to an idle attendant trunk on an intercept basis. The "steering" 
circuit determines when all the digits have been registered; if a valid 
one-, two-, or three-digit code is received, the register recognizes the 
code, and engages common control to complete the call. 
When digit registration is completed and common control engaged, 
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the register transmits the called number to common control. Common 
control then instructs the register to call back the calling line or trunk 
which is still connected to the register. On intercom calls, the terminat-
ing half of the call is established prior to call-back. Call-back identi-
fies the calling circuit and allows common control to set up the remain-
ing portion of the call and to signal the register to release the calling 
circuit. The register is then available for another call. 
In the event that common control encounters a busy connection in 

attempting to set up a call, it connects the calling party to the busy-
tone trunk. If the busy-tone trunk is busy or not provided, the com-
mon control reconnects the register to the calling circuit and instructs 
the register to transmit busy tone. After reconnection to the register, 
the calling circuit has approximately 10 seconds to abandon the call. 
If the call is not abandoned in this time interval, the register times 
out and engages common control to connect the calling line to an idle 
attendant trunk on an intercept basis. 

2.4 Network 

Topologically, the 850A PBX network is a three-stage, end-marked, 
switch for eight wires. The audio and video networks are distinct and 
separate and are master-slave related. The audio network control 
tests for idle paths and makes the path selection. When this function 
is completed identical paths are set up in the audio and video network. 
The audio network contains the tip and ring, a sleeve lead and a con-
trol lead (P-detect) ; the video network contains the transmit pair and 
the receive pair for the video portion of the call. Supervision of a 
Picture phone call is always done on the audio network. 
There are two network sizes available for the 850A PBX; a 57-line 

size which has 64-line terminations and 32-trunk terminations, and an 
89-line size with 96-line terminations and 48-trunk terminations. The 
difference of seven between total terminals and usable terminals are 
those assigned to registers, test line, attendant trunks and the recorded 
announcement trunk. 
The switch apparatus is the 279-type ferreed. This ferreed family is 

pluggable and constructed on epoxy-clad metal circuit boards in order 
to meet crosstalk requirements. The ferreeds are available in 4 x 4, 
4 x 8, and 8 x 8 sizes which contain four 4 x 4, two 4 x 8 and one 
8 x 8 matrices per ferreed switch respectively. The 850A network uses 
the 4 X 8 and 8 x 8 switches and for the 89-line size network, a com-
bination of these two is used to form a 12 x 8 switch for the secondary 
stage. Each crosspoint of the matrices has four dry-reed switch con-
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tacts which are closed by pulsing the associated solenoid. The pulse 
used in the 850A is 8 to 12 amperes and approximately 0.35 ms wide at 
25 percent amplitude and 0.45 ms wide at the base. Due to special 
magnetic properties of the switch, the contacts "remember" their last 
pulsed position—open or closed. The magnetic structure also insures 
that any previously operated contacts are released that share either a 
horizontal or a vertical with the pulsed path. 
The ferreed operating characteristics, construction, and their opera-

tion in networks have been discussed in detail in many previous 
publications. 
When a path through the network is required, the common control 

marks the appearances on the line-side and trunk-side of the network. 
These marks (grounds) operate a unique set of relays that select the 
associated- primary and tertiary switch. The network control also 
recognizes the request for the network and proceeds to select an idle 
path. Given a certain line-side appearance and a certain trunk-side 
appearance, there are four possible paths through the network. When 
according to a fixed preference an idle path has been tested and the 
secondary switch selected, the path is established; the common control 
and trunk-side circuits are signaled that the connection has been made. 
When the path is pulsed, the appropriate crosspoints are closed and 
any interfering crosspoints are released; the network operation is then 
completed. If none of the four paths are idle, the common control is 
given a no-link-available (NLA) signal. 

2.5 Trunk and Attendant Facilities 
Since the trunk circuits of the 850A perform the same functions as in 

any other PBX system, their operation is discussed in general terms 
as relating to the 850A PBX. All the trunk circuits use a combination 
of integrated circuit gates, discrete transistors, and miniature relays. 

2.5.1 Intercom Trunks 
Intra-PBX Picturephone calls are completed through a two-port 

intercom trunk which provides all standard audio alerting and super-
visory functions as well as a four-wire video connection. A Video 
Supervisory Signal (VSS) is also applied to activate the calling sta-
tion's Picture phone set and to cause a distinctive alerting signal at the 
called station. 

2.5.2 Central-Office Trunks 
Incoming and outgoing Picturephone calls to a Picturephone-
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equipped central office are completed through the two-way central-
office trunk. The trunk is a five-port circuit with one port to the central 
office, one to the attendant, two to the 850A network, and one to the 
adjunct telephone system. In addition to providing the required video 
connections and VSS, the trunk circuit makes a connection to the video 
continuity test (VCT) equipment at the beginning of all incoming 
and outgoing calls. Circuit and feature options such as D.I.D. or 
ground-start type trunk circuits can be provided, Call-Transfer-
Individual or Call-Transfer Attendant, and the proper interface cir-
cuit with either the 701B step-by-step PBX or 757A crossbar PBX 
are provided by the proper plug-in boards. The central-office trunk 
circuit handles all direct-dialed incoming and outgoing central office 
calls, incoming directory-number calls to the attendant, incoming calls 
completed by the attendant to either Picturephone or telephone sta-
tions, and Call-Transfer calls (either direct-dialed or attendant-

handled) to either Picturephone or telephone stations. 

2.5.3 Attendant Trunk 

The 850A is also equipped with a two-port attendant trunk which 
is used to complete Picturephone station-to-attendant calls or attend-
ant-originated calls. Calls to the attendant may be extended by the 
attendant to either the Picturephone central office or to other Picture-
phone stations, and attendant-originated Picturephone calls may be 
made to either the central office or to Picturephone stations. The at-
tendant trunk has no connection to the adjunct telephone system. 
In an adjunct installation with either a 701B or 757A telephone 

PBX, the normal procedure to provide attendant service will be to 
equip one or two existing telephone attendant consoles for Picture-
phone. Two position applique circuits (one for the 701B and one for 
the 757A) have been designed to interface the lockout and control 
signals between the existing attendant position equipment and the 
850A trunk circuits. This is necessary since the signals generated by 
the existing 48-volt electromechanical equipment are not compatible 
with the 850A trunk circuitry, which consists of 24-volt solid-state 
logic and miniature relays. In a Stand-Alone system, an 850A posi-
tion circuit must be added to provide the functions normally provided 
by the telephone adjunct position equipment. 

2.5.4 Miscellaneous Trunks 

Additional trunks employed by the 850A include the busy tone 
trunk and the intercept-recording trunk. 
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2.8 Maintenance 
Special maintenance features such as, in-service checks, and addi-

tional maintenance features beyond those found in similar PBXs have 
been incorporated in the 850A. Maintenance is performed by the use 
of two major circuits; the Maintenance Test Circuit and the Fuse, 
Alarm, and Emergency Transfer Circuit. 

2.8.1 Maintenance Test Circuit 
The functions performed by the Maintenance Test Circuit (MTC) 

are: (i) monitoring the operational status of the 850A system via 
status indicating lamps located on the System Status Indicator Panel 
(SSI) ; (ii) manual selection of a specific switching path and/or 
circuit for testing the switching capability of the system; (iii) manual 
or automatic connection of the selected circuit to the test line; (iv) 
manual override, reset or reset override maintenance functions for 
testing the common control circuit; (v) path jack access to all Picture-
phone video equalizers; and (vi) providing maintenance routines such 
as: (a) inhibit network relay operation, (b) force a register timeout 
condition, (c) cause transfer of all Picturephone stations from Picture-
phone service to audio only service, (d) disable Picturephone station 
line transfer function caused by a major circuit failure, (e) disable 
all alarm signals generated to local and remote facilities, (f) remove 
the "loop back" function of calls directed to the attendant to aid in 
testing and lineup procedures, and (g) reset the video-continuity test 
(VCT) failure circuit alarms. 
In addition to these maintenance functions, the MTC provides a 

termination for test calls which originate on a No. 23A testboard, No. 
15A local test desk, central-office master test frame or local PBX test 
line.6,7 The use of this equipment allows the testing of the audio and 
video connection between the central office and the PBX and within 
the PBX. Also, lead terminations containing circuit busy/idle or 
circuit seizure information are grouped together on connectors for 
use with external traffic measuring equipment. 

2.6.2 System Status Indicator 
In general the circuits, keys, etc., on the MTC are not unique and 

their operation is self-explanatory by their function. However, the 
System Status Indicator Panel (SSI) is normally not used in PBXs. 
The SSI consists of switches and indicator lamps connected to the 
common control, register, and switching network via Darlington-type 
transistor amplifiers. Positive signals received from the monitored 
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circuits reflect the dynamic operation of the circuit as it performs its 
switching function. Therefore, during normal operation of the system 
circuit switching operations will produce short duration lamp indica-
tions (flashes), indicating which circuit or path or which function was 
performed during this switching operation. In the event of circuit fail-
ure, one or more of these indicators will remain lighted, indicating in 
which mode the system is locked. Lamp indications are provided for 
each of the common control modes discussed earlier; additional indi-
cators are provided for register-busy for each of the maximum of 
three registers, read-out indication of the registers, and a Picturephone 
call "detect" of the registers which indicates that an # signal has 
been detected by the respective register and that it has initiated a 
release signal to disconnect the audio PBX from the originating line 
circuit. 

2.6.3 Fuse, Alarm and Emergency Transfer 

The function of the Fuse, Alarm and Emergency Transfer Circuit 
(FAET) is the distribution of de power, ring and tone, and inter-
rupted signals to all 850A circuits associated with the audio PBX 
system. This circuit also provides the necessary alarm indications and 
station line transfer functions in the event of power, fuse, or circuit 
failure within the 850A PBX System. 
The de power for the switching circuits (+24, —24, and —48 volts) 

is distributed through alarm indication fuses of the Power Distribution 
and Fuse Circuit. The de power (-24 V) for the video equalizers is 
distributed through alarm indication fuses of the equalizer Fuse Alarm 
Circuit located on the equalizer bays. 
PBX Picturephone circuit failures are classified as causing major 

or minor service interruptions. Major circuit failures are those that 
result in the complete loss of the switching capability of the 850A. Such 
interruptions, caused by certain fuse failures, loss of de voltage from 
the associated power supplies, or failure of the common control will 
activate related alarms in the 850A and associated audio PBX, and 
terminate Picturephone service by causing all Picturephone stations 
to be transferred to audio telephone service. Minor circuit failures 
affecting individual Picturephone circuits but not affecting the switch-
ing capability of the 850A will activate related alarms in the 850A 
and the associated PBX. 
All alarms associated with the video transmission are also indicated 

on the MTC. In addition, a distinctive Picturephone alarm indication 
(red lamp) is presented at the associated telephone console. This dis-
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tinetive Picture phone alarm is also transmitted to the central office 
via alarm extension leads, when provided, and is interrupted at a 60 
IPM rate. 

2.7 Miscellaneous Circuits 

In addition to the major circuits of the 850A PBX discussed above, 
there are some smaller, but important, circuits necessary for the proper 
operation of Picturephone service by the 850A. 

2.7.1 Video-Continuity Test (VC T) Circuit 
When a central office trunk is connected to the calling station, a 

video-continuity test (VCT) is made from the trunk circuit through 
the network to the calling line to insure the proper transmission 
quality of the video quad. The VCT is made only on connections 
where charging will occur; i.e., intercom calls do not have a VCT. 
When the VCT verifies the transmission quality of the loop, the 
central-office trunk circuit then cuts the station through to the central 
office. Should the loop fail the VCT, an alarm is registered, the con-
nection between the line and trunk released, and the line is marked 
again. The common control then marks an intercept-recorded an-
nouncement trunk circuit on the trunk side of the network. The calling 
line is then connected to this trunk which returns a recorded message 
advising the calling party that the call cannot be completed on a video 
basis. 
The VCT circuit contains a 12 kHz signal generator and window 

detector; the generator delivers the precisely controlled level signal 
to the central office and attendant trunk circuits. The window detector 
receives the looped-back signal from the trunk circuit; if the received 
signal lies within the range of +1.8 to —3.0 dB of the transmitted 
signal, the VCT circuit signals "pass." If the received signal is outside 
this range, then a fail signal is generated causing station reroute to 
the recorded announcement. An exception to this is in a station-to-
attendant call, in this case the call is allowed to complete but the VCT 
fail signal inhibits the attendant from extending the call to the central 
office. 

2.7.2 Video Supervisory Signal (VSS) Circuit 
Following a successful VCT, a video supervisory signal (VSS) is 

applied 100 ms before ringing at the trunk on the video quad. The VSS 
is required to turn on the Picture phone display unit, thus prohibiting 
the use of the set without establishing a valid Picturephon,e call. VSS 
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and the ringing signal are joined to form a composite signal which 
activates a tone ringer producing a distinctive tone indicating the Pic-
turephone status of the incoming call. 
One VSS generator circuit is used in the 850A and it is the same as 

incorporated in the Picturephone set.4 The VSS signal is supplied to 
the set by the trunk circuits through a distribution amplifier. This 
VSS circuit is also alarmed in case of failure. 

2.7.3 Video-Image-Generator 
The Video-Image-Generator (VIG) equipment is provided as an 

option on the 850A PBX; the function of this equipment is to transmit 

a fixed image to a caller while the attendant processes his call. An 
incoming central-office call picked up by the attendant will normally 
transmit the attendant's image if the attendant is equipped with a 
Picturephone set; if the attendant is not equipped, then the caller will 
have raster but a blank screen. If the 850A customer elects to have a 
VIG, then when the attendant places the caller on "hold" a fixed 
image supplied by the customer is transmitted to the calling party 

until he is connected to his requested party. 
The VIG is a combination of a Picturephone display unit and a 35-

mm projector packaged as a single unit. A regular 35-mm slide can 
be inserted into the projector to provide the transmitted image. This 
equipment can be located remotely from the 850A but within the con-
fines of Picturephone set transmission limitations. 

III. APPARATUS AND EQUIP MENT 

3.1 Logic 

The basic logic element used in the 850A is the 30A RTL, quad gate, 
24-volt, hybrid-integrated circuit (HIC), presently being manufac-
tured by the Western Electric Company. 
In the early design stages of the 800A PBX many types of logic were 

investigated. Because of the relatively low line size (80 lines), the 
800A did not require the switching speed of devices used in large elec-
tronic systems. In addition, the 800A design called for the use of minia-
ture flat spring relays which operate at a nominal 24 volts. Therefore, a 
family of RTL logic gates using a 24-volt collector supply was de-
veloped. The use of such a logic gate provided for a good marriage 
between the solid-state circuits and relays, and allowed the use of 

only one supply voltage. 
The family of RTL gates developed were of five basic types, coded 
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17A, 18A, 19A, 20A, and 21A with additional subgroups B and C on 
the 17 and 18 types. These different gate codes identified the number 
of resistor inputs. Each logic gate was constructed of tantalum de-
posited resistors and a discrete-type 16J transistor mounted on a 
ceramic chip. 
With the advent of integrated circuit technology in Western Electric 

Company production, a hybrid-integrated circuit (HIC) gate was 
developed to replace the 17A-21A gates. This new quad gate, type 
30A, is a 24-volt HIC and, as shown in Fig. 3, consists of two two-
input, one four-input, and one five-input RTL gates. A 30A circuit 
package is formed by bonding a quad transistor chip to a by 1 inch 
ceramic substrate which contains 17 deposited tantalum resistors; two 
views of the package are shown in Fig. 4. The four base leads are 
brought out to external terminals so that additional inputs may be 
added to any gate by means of discrete resistors. 

3.2 Circuit Packs 
The 30A Gates, miniature relays and other miscellaneous discrete 

components are mounted on 8 by 8 inch epoxy-coated metal printed 
wire boards which, in turn, plug into 23-inch board carriers. These 
boards, as shown in Fig. 4, are the same size as used throughout the 
800A PBX. The use of large boards reduces system wiring, provides 
functional modularity, flexibility, ease of growth, and easy replace-
ment for maintenance. "Plated-through" holes, which are easily ob-
tained because of a characteristic of the epoxy, are utilized to provide 
printed-circuit paths on both sides of the board. The circuit devices 
mounted on the board are protected by a ventilated plastic cover on 
the board. Each cover includes a plastic ejection lever molded as part 
of the cover for easy removal of the circuit pack from its carrier. 

Fig. 3—Schematic representation of the 30 HIC gate. 
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Fig. 4—Typical 850A circuit pack with HIC devices. 

The circuit pack carriers (Fig. 5) are self-supporting and bolted to 
the frames. These carriers are the same as those used in the 800A but 
are cut to a 23-inch size for frame mounting. The carriers are alumi-
num die east with identical top and bottom plates with molded-in 
slots for the circuit packs, ventilation holes and mounting bosses for 
the snap-in plastic 100-pin connectors. Each carrier has a circuit pack 
designation strip that also serves as a gravity-operated locking bar to 
prevent circuit-packs from vibrating out of their connectors. 

Ls Network 

The ferreed bottles are also mounted on epoxy-clad plug-in printed 
wire boards for use in the 850A PBX. The use of the metal board in 
this application provides capacitive shielding (by grounding the 
board) which gives the 850A switching network excellent crosstalk 
protection. The orientation of the printed-circuit paths were subjected 
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to many tests and then optimized to achieve good characteristics for 
such transmission characteristics as crosstalk and impulse noise for 
the one-MHz video transmission bandwidth.2 
The use of pluggable ferreeds allows the selection of the network 

of a particular line and trunk size at initial installation but growable 
at some future date by the addition of ferreed packs. Since, as also 
stated above, two 4 X 8 matrices are incorporated in one ferreed 
switch pack, line and trunk terminals are growable in groups of 16 
terminals. The secondary stage of the 3-stage network is equipped for 
either the maximum 57-line or 89-line size network. The 57-line size 
network can contain a maximum of 16 (8 audio, 8 video) ferreed 
switches; the 89-line size can be equipped with 32 ferreed switches. 
A "patch-field" is associated with the switching network to add 

further system flexibility. This feature permits adjusting the net-
work traffic distribution in the field by rearranging the plugs connect-
ing each line and trunk to the network on the patch-field. 

3.4 Equipment Arrangement 
A complete 57-line system, including power, is rack-mounted on five 

standard 701-type 23-inch, 7-foot frames as shown in Fig. 6. The car-
riers are equipped with the number of circuit packs required for a 
particular customer order. An 89-line system requires six frames. In 
order to grow from a 57-line system to an 89-line system, the bay con-

Fig. 5—Die-cast carrier for the circuit packs. 
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1111111111 

Fig. 6—Equipment arrangement of the 850A PBX. 

taming the switching network and video switches is substituted with 
a bay containing an 89-line network and a bay added to the line up 
containing the additional video switches required for this line size. 
Referring to Fig. 6 and going from left to right, the first bay con-

tains the +24 volt and —48 volt power supply, the SSI, MTC panel, 
common control and registers. Bay B, the next bay in line, contains 
the attendant and central-office trunk circuits. Bay C contains the 
line circuits and intercom trunks. The switching network, VSS, and 
vcr circuits, and video switches are on Bay D, and Bay E contains 
the —24 volt supply, fuse and jack panel, and the video-equalizers. 
The bays are interconnected by plug-ended cables which allow the 

test of the complete system at the manufacturing site and fast instal-
lation at the customer's location. Connections to the 701- or 757-type 
PBXs are made to the appropriate wire-wrap terminals located at the 
top of the bays. 
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The Picturephone® System: 

No. 101 ESS 

By D. W. BROWN, J. R. HORVATH, and T. S. PAXTON 

(Manuscript received October 2, 1970) 

This paper describes the methods and equipment used in providing 
Picturephone® capability to the No. 101 Electronic Switching System. 
Included are a discussion of the objectives, design approach, transmission 
requirements, traffic capacity, and operation of the wideband switch unit 
(WSU) which provides the video transmission path. Also described are 
the video trunk circuits, junctor circuits, and the physical characteristics 
of the WSU. 

I. INTRODUCTION 

1.1 General" 
The No. 101 Electronic Switching System (ESS), an electronic pri-

vate branch exchange (PBX), has been providing customers with 
Centrex and other specialized services since the first commercial instal-
lation was made in Cocoa Beach, Florida, in November 1963. 
The system, consisting basically of a control unit (CU) and one 

or more switch units (SU), effects the actual interconnections between 
lines, trunks, and service circuits on a time division switched basis as 
described in the February 1969 issue of the B.S.T.J.4 The SUs are con-
nected by means of data links to the CU a common, centrally located, 
special purpose computer which processes calls in the system by means 
of a stored program technique.5,6 Although practical for the handling of 
voiceband frequencies, the time division circuitry in the No. 101 ESS 
switch units is not capable of handling the higher frequencies required 
for transmission of video signals. In order to provide video switching 
capability, a wideband switch unit (WSU) utilizing space division 
switching has been designed for use in parallel with the 2A, 3A, and 
4A switch units.7-9  

1.2 Objectives 
The design objectives for the WSU were based upon the expected 

low demand for Picturephone service during the initial years. It was 

605 
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decided that the WSU must be economical at the 20- to 30-line size 
and that additional line capacity must be easily administered in the 
field. The WSU should also be compatible with all No. 101 ESS SUs 
(2A, 3A, and 4A) and should make as much use as possible of existing 
SU circuitry. 

II. SYSTE M DESCRIPTION 

To handle audio telephone traffic, a SU is located on the customer's 
premises, as shown on Fig. 1, and is controlled by a CU located at 
the central office. Communications between the CU and SU is pro-
vided by means of data links. To add Picturephone capability to this 
complex, an adjunct WSU consisting of a four-wire space division 
network and a duplicated wideband switch control (WSC), is also 
located on the customer's premises and is connected to the SU via 
connectorized cables. The two video pairs from each Picturephone 
extension and trunk terminate on the WSU, while the audio pair 
terminates on the SU. A complete Picturephone connection is composed 
of an audio connection in the SU and a parallel video connection in 
the WSU. All translation needed to associate the video pairs with an 
audio pair is part of the stored program information in the CU, which 
eliminates the need for directory number changes when equipping an 
audio line with Picturephone service. The WSU adjunct scheme utilizes 
existing data links, supervisory and signaling circuits, service circuits, 
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and incoming.and outgoing message circuits contained in the SU, as 
well as all switching functions associated with the audio pair. Messages 
from the CU to the WSU are transmitted in serial form over an exist-
ing data link to the SU and are treated as normal audio messages by 
the SU until detection of the video address occurs. The message is 
then converted to a parallel form and gated over a DC bus to the 
WSU. The circuitry required to detect the video address and gate the 
video message to the WSU is located in time division controls (TDC) 
0 and 1 of the SU. Each wideband switch control in the WSU is 
directly associated with its respective TDC in the SU. In order for a 
given WSC to process a video message, the message must be received 
by the TDC associated with that WSC. When a TDC is disabled by 
maintenance, the corresponding WSC loses its ability to process video 
messages. 
The WSU communicates with the No. 101 ESS control unit via 

seven supervisory scan points that have been added to the SU scanner. 
A change of state on a scan point transmits one bit of maintenance 
information to the CU. All necessary maintenance information regard-
ing the status of both wideband switch controls and the per call trans-
mission checks made on the video pairs is sent to the CU through 
these seven scan points. 

III. NETWORK 

3.1 Transmission Path 
The network, which is shown in Fig. 2 at its maximum size of 192 

terminals, is basically a folded three-stage network utilizing standard 
8 by 8, four-wire ferreed switches." The network is unduplicated and 
may be controlled by either WSC. 
In order to meet the objectives of being economical at the small line 

size (20 to 30 lines) and of enabling the network to grow efficiently, 
the network was modularized. Modules OA and OB are identical, each 
containing four first-stage switches, 16 junctor circuits, and two 
second-stage switches. Modules 1 and 2 are identical and contain 
eight first-stage switches each. All interconnections between modules 
as well as to the wideband switch control are connectorized. The net-
work grows on an add-on basis and allows the addition of modules 
without disturbing existing customers. 
With the provision of two or more modules, the network consists of 

eight concentrators and four second-stage switches. A concentrator 
contains a maximum of three first-stage switches with switches 00, 
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10, and 20 comprising concentrator 0, etc. It may be seen by looking 
at concentrator 0 that 24 input terminals have access to eight links 
resulting in a concentration ratio of 3:1. 
At the one module size with only module OA provided, half of the 

links (those normally terminated on module OB) appear to be unter-
minated. However, the hardware is so arranged that these links may 
be plugged into the position on module OA that is normally occupied 
by links from module OB. In this way, a full-access network is 
achieved at the 32 terminal size with no hardware or software modifi-
cations. When module OB is added, the network is full access with a 
terminal capacity of 64. The addition of module 1 increases the ter-
minal capacity to 128 and the concentration ratio to 2:1. The addition 
of module 2 increases the network to its maximum of 192 terminals, 
and the concentration ratio of input terminals to links to 3:1. 
Two separate sets of links, termed A and B links, are used to inter-

connect the first- and second-stage switches. Every connection through 
the network involves one A link and one B link. The B links provide 
a straight-through connection between the first- and second-stage 
ferreed switches. The A links, however, transpose the video pairs via a 
junctor circuit shown in Fig. 3. The junctor also allows the wideband 
switch control to access the video pairs for transmission testing, to 
supply a video supervisory signal to the customer station equipment, 
and to cut through the video connection after the network path has 
been established. This latter function assures that the ferreed cross-
points are closed and opened with no current flowing in the network 
path. With the links interconnecting the first- and second-stage 
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switches as shown in Fig. 2, there are eight distinct paths between 
parties located on separate concentrators and four paths between 
parties involved on an intraconcentrator call. 
Lines and trunks are distributed over the switches (as opposed to 

filling the switches one at a time) in order to balance the traffic load 
over the links. The first 32 ports of the network, 16 on mod OA and 16 
on mod OB, are equipped for use as trunk and attendant ports as well 
as lines. These ports are provided with a loopback circuit and the 
means of applying the signal for a stationary image to the video trans-
mit pair. The loopback circuit is needed at the WSU on trunk and 
attendant ports to substitute for the loopback normally provided at 
the subscriber's station set on line ports. The stationary image is 
transmitted at appropriate intervals to the distant party on attendant 
handled calls during the time the call is being processed. Four of the 
32 ports are dedicated for attendant use. Since the attendant has the 
ability to hold up to six calls on the console loops, she must have the 
capacity to access each party being held. In order to reduce the 
blocking probability on attendant-handled calls, each console is con-
nected to two ports located on separate concentrators, 

3.2 Pulse Path 

Both the first- and second-stage portions of the network utilize 
standard 8 by 8, four-wire ferreed switches. The control windings 
within the switch are series connected along the rows and columns. 
Eight horizontal leads, eight vertical leads, a common horizontal 
and a common vertical lead are brought out from each switch (see 
Fig. 4). By pulsing along a given horizontal and a given vertical via 
the common horizontal and vertical lead, the selected four-wire cross-
point is closed. A half-select, along either a vertical or horizontal, 
causes the crosspoint to open. 
The horizontal and vertical leads are multipled among the switches 

associated with a module, so that from any given module only eight 
vertical leads, eight horizontal leads, one common vertical lead, and 
one common horizontal lead emerge. In all cases the pulse path exactly 
parallels the transmission path. 
The establishment of a path through the network may be illustrated 

using the message contents shown in Fig. 5. The network path is 
selected by a set of wire spring relay trees that operate directly 
from the party addresses and the second-stage switch information in 
the message. The party addresses are composed of three elements 
which specify the module, switch level, and network concentrator of 
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the party port. The A and B links to be used in the connection are 
determined by the second-stage switch bits and the respective concen-
trator numbers for party 1 and party 2. 
The party vertical translators operate from the module and switch 

level bits to select 1 out of 24 switch vertical leads, and the party 
concentrator translators operate from the party concentrator bits to 
select one out of eight network concentrators (Fig. 4). The output 
of the concentrator translators operates a per switch path select 
relay for each ferreed switch on the selected concentrator. In a 
similar manner a path select relay associated with a second-stage 
switch is operated through the second-stage switch translator. 
All translators for both parties operate immediately upon receipt 

of the message. After the translators have operated, the pulse path 
is closed across the pulser by relays ENP1 and EPT to fire the pulser. 
Since a connect order is being performed, the disconnect relay (DIS) 
will remain unoperated throughout the connect procedure. The first 
pulser firing simultaneously closes the first-stage switch crosspoint to 
connect party 1 to the A link, and the second-stage switch crosspoint 
to connect the A link to the B link. The pulse path runs through the 
party 1 vertical translator, up the selected vertical lead to the ferreed 
switch selected by the concentrator translator, around the common 
vertical (PV) and horizontal (PH) leads, and out on a horizontal 
level selected by the operated second stage switch path select relay. 
The pulse then passes through the selected second-stage switch and 
returns to the pulser. The horizontal and vertical levels on the second-
stage switch are respectively selected by the first-stage path select 
relay and a separate party 2 concentrator translator. 
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The second pulser firing connects party 2 to the B link and occurs 
after relay ENP1 is released and ENP2 is operated. The pulse path is 
similar to that of the party 1 connect but does not include the second-
stage switch. 
The REV relay is operated from the pulse polarity bit in the mes-

sage and controls the direction of the pulser firing. The direction of 
the pulse is used on trunk and attendant ports to operate or release 
the bipolar ferreeds for application of the metallic loopback or sta-
tionary video-image signal on these ports. 
On the termination of each talking connection the link crosspoints 

are opened to prepare the link for the transmission tests which will 
be conducted on the next connection. The order is processed in two 
stages which resemble a connect order except in the following respects. 
The DIS relay is operated causing a half-select along the verticals 
of the first-stage switches thereby releasing party 1 and party 2 from 
their associated links. The second-stage switch crosspoint remains 
operated, but will be released by the next connection made to either 
the horizontal or vertical lead associated with it. 
For maintenance and initialization purposes, it is desirable to mod-

ify the disconnect order so that any connection on a link is released 
without specifying a port address. For this purpose a disconnect mes-
sage is formed in which an octal 36 is substituted for the module and 
level bits in either or both party addresses. This substitution causes 
the disconnect pulse to be transmitted along the link specified by the 
second-stage switch and concentrator numbers in the party address. 
It is also essential in certain call processing situations to execute 

an order that affects only one port appearance. An octal 37 substituted 
for the module and level bits in the party address will cause the 
pulser to fire into a resistive load leaving the first-stage crosspoints 
associated with that party unchanged. 

3.3 Transmission Tests 

Since the transmission requirements of the video facilities are 
stringent and charging takes place upon completion of the audio path, 
it is imperative that the integrity of the video loop be checked before 
billing takes place. This is accomplished (Fig. 6) in the WSU on a 
per call basis at the time the intial connection between two parties 
is being established. On subsequent connections, during call transfers 
for instance, the transmission checks are omitted from the connect 
orders. As explained previously, the establishment of a path through 
the network occurs in two stages. On each stage of an initial connec-
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tion a false ground test is made from the junctor circuit on each lead 
of the video pairs looking toward the party being connected to the 
link. This test is made in order to detect the presence of stubs attached 
to the link through stuck network crosspoints. After all network 
crosspoints have been closed, a test is made on the total video path to 
check continuity through the network crosspoints and over the video 
loop to the station apparatus. 
The false ground test relies on a àon ground that is placed on each 

lead of the video pairs by either the station set equalizer or the 
equalizer located at the WSU. This ground should not be present 
on any lead of a link within an idle junctor circuit since each party 
is disconnected from its link when a talking connection is terminated. 
Therefore, a stuck crosspoint may be detected by looking for grounds 
on the video pairs in the junctor circuit before the network cross-
points are closed. All transmission tests employ a 12-kHz tone source 
and a 12-kHz tuned detector located in the WSC of the WSU. 
On the first stage of the connection, before party 1 is connected 
to the A link, the E relay of the junctor circuit is operated to 
bring the video pairs from both parties into the WSC. The FCG1 
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relay is then operated to interconnect the leads of the video pairs for 
party 1 and to connect them to the 12-kHz tone source. The 12-kHz 
signal on the video pairs is connected to a tuned detector together 
with a reference tone from the 12-kHz source. The detector compares 
the tone level on the video pairs with the reference tone and sends a 
pass or fail signal to the WSC. If an impedance ground of 3K ohms 
or less exists on any lead of the party 1 pairs, the signal level will 
be low enough to cause the tuned detector to transmit a failure signal 
to the WSC. If no stub is detected on the A link, party 1 is con-
nected to this link and the second-stage switch crosspoint is closed 
thereby connecting the A link to the B link being used for party 2. 
On the second half of the connection procedure a similar false ground 
test is made through the junctor circuit looking toward party 2 through 
the closed second-stage switch crosspoints. If no stubs are found on the 
B link, the connection is completed by connecting party 2 to the link. 
The continuity test is performed after the network path has been 

established and utilizes the same 12-kHz oscillator and detector used 
in the false ground tests. To start the test the CONT relay is operated 
in the WSC to transmit the 12-kHz tone through the junctor circuit, 
through the loopbacks at the party 1 and party 2 station sets, and 
back through the junctor circuit to the tuned detector. If the received 
tone at the detector is 4 dB less than the reference tone, a failure signal 
is given to the WSC. A failure on any one of the transmission tests pre-
vents the WSC from completing its sequence of operations for the 
order and causes a FAIL scan point to be sent to the No. 101 ESS 
control unit. Upon receipt of the FAIL scan point, the CU will clear 
the WSU of any effects of the failed order and will attempt to remove 
possible stubs on the transmission path. The order will then be resent. 
lithe failure persists, the CU will remove suspected faulty equipment 
from service and cause reorder signal to be returned to the calling 
party. 

IV. TRAFFIC HANDLING CAPABILITY 

Traffic calculations at three stages of growth were made assuming 
a blocking probability of P(0.01) (see Fig. 7). These calculations were 
made at the equipment break points and assume that all terminals are 
equipped at a given network size and generate equal traffic. It may be 
observed that terminal capacity can be traded for increased traffic 
handling capability in a very high traffic situation. 
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V. WIDEBAND S WITCH CONTROL 

Each of the duplicated WSCs is fully equipped to handle the maxi-
mum network capacity of 192 terminals and is intimately associated 
with a TDC in the SU (see Fig. 8). The WSC to be used in processing 
a message is selected by sending the message to its associated TDC. 
The WSC is an asynchronous circuit which performs the timing, se-
quencing, and transmission tests necessary for the operation of the 
switch network. The order repertoire was designed to complement the 
operation of the SU as closely as possible so that a minimum number 
of WSU orders are required to complete a connection. This is neces-
sary to prevent excessive loading of the SU data link and to minimize 
the time kequired to complete a video connection. 
Receipt of a start bit from the SU initiates a sequence of events 

which leads to the establishment of a four-wire transmission path 
through the network and leaves the A link junctor circuit in the proper 
state. The start bit causes the relay tree translators to operate directly 
from the party and second-stage switch bits in the message. The order 
is decoded by solid-state translators and, after the relays have 
settled down, a parity check is made on the 24-bit message. The WSC 
then operates the E relay in the proper junctor circuit to gain access to 
the transmission leads for the transmission tests and to open the trans-
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mission leads during the pulser firing. The network path is completed 
with the required transmission tests as previously described. During 
the period in which the WSC is setting up the network connection, the 
junctor circuit is placed in its proper state. Upon completion of the 
network connection, the junctor relays are checked to verify their 
operation. If all indications are proper, the buffer register in the SU is 
reset and an OK scan point is returned to the CU. If the operate time 
of an order is greater than 85 ms or if any WSC test has failed during 
processing of the message, a FAIL scan point is returned to the CU. 
A faulty WSC may be removed from service or quarantined by the 

maintenance program. In the quarantined state, the pulser will be 
made to fire into a dummy load instead of through the network, and 
the junctor translator will translate to a dummy junctor circuit. If 
a continuity test or a false cross test is required, the oscillator and 
detector are interconnected in a manner to allow the test to pass. All 
other functions of the WSC are performed normally. Responses from 
the WSC, OK, or FAIL scan points are still received by the CU so 
that a quarantined WSC may be fully tested without endangering 
network operation. 

VI. PHYSICAL DESCRIPTION 

Figure 9 is an artist's rendition of a fully equipped wideband switch 
unit plus the equalizers necessary to give Picturephone capability to 
the No. 101 ESS. The equipment shown is housed in existing No. 101 
ESS 3A switch unit frames measuring 90 cm wide by 213 cm high by 
50.8 cm deep. 
The wideband switching frame is used to mount the equipment mod-

ules with no electrical connections actually made to the frame. The 
solid-state circuitry used in the wideband switch controls is mounted 
on circuit packs 14.2 cm high by 28 cm deep. Nine such packs are 
needed per wideband switch control. 
At the 32-line size the high current pulser unit, wideband switch 

control unit, and one 32-port network module (OA) are supplied. If 
it is necessary to grow beyond this terminal capacity, additional net-
work modules are added by mounting them on the frame and making 
the appropriate connections via connectorized cables. 
When the WSU is used in a Picture phone application, a cable equa-

lizer is needed for each line or trunk terminal used. For transmission 
reasons, the equalizers must be physically located near the WSU. The 
basic equalizer bay provides equalization for the first 64 video ports. 
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In addition, it houses the power supplies needed by the equalizers and 
wideband switching frame. 
The auxiliary frame is added to the lineup if a terminal capacity 

greater than 64 is desired. The additional equalizers and their associ-
ated power supply are housed in this frame. 

VII. SUMMARY 

In order to handle the higher frequencies required to transmit the 
video signals required for Picture phone service, a WSU was developed 
for No. 101 ESS. System operation of the No. 101 ESS with the WSU 
is given and the processing of a typical video message is described, 
indicating the manner in which a network path is established for the 
video portion of a call. 
Laboratory testing of the hardware and software has thus far dem-

onstrated the validity of the overall objectives and philosophy used 
in the design and operation of the WSU. 
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The Picturephone® System: 

Maintenance Plan 

By H. J. DOUGHERTY, E. B. PETERSON and 
M. G. SCHACHTMAN 

(Manuscript received September 23, 1970) 

The addition of Picturephone® service to the communications services 
offered by telephone operating companies requires that additional main-
tenance tasks be performed by the plant forces. The Picturephone plan 
provides the structure for integrating the new video telephone maintenance 
functions with existing telephone maintenance functions. Maximum use 
of built-in testing features in the switching machine and the inclusion of 
transmission testing facilities that are a logical extension of telephone 
testing arrangements provide economical and comprehensive tools for 
accomplishing the complex tasks of installation, circuit acceptance and 
trouble isolation. The flexibility of the plan permits the assimilation of 
advanced techniques into the field as well as prompt appraisal of field 
experience. 
The plan is described in terms of its major segments, i.e., maintenance 

for switching, lines and trunks. The interaction of the maintenance hard-
ware arrangements with the Picturephone plant is outlined together with 
an overview of the work locations and examples of tasks to be accomplished. 

L INTRODUCTION 

Maintenance planning for Picturephone service has proceeded con-
currently with the overall planning of equipment and service arrange-
ments. Subscribers will expect Picturephone service to be of high 
quality and to provide nearly trouble-free operating performance. As 
seen in the other papers in this issue, the complex electronics used to 
provide Picturephone service has the potential to complicate the tradi-
tional maintenance functions of trouble detection, isolation, and repair. 
As in other aspects of the basic concept of Picturephone service, the 
maintenance will be integrated with the current maintenance and ad-
ministrative operations of the telephone company, providing distinct 
cost advantages. 

621 
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Maintenance and Plant Operations in the telephone operating com-
pany can be classified into three broad headings: 

(i) Preparing for service. 
(ii) Providing service. 
(iii) Sustaining service. 

The first of these categories involves selection of cable pairs and 
verification that telephone plant is suitable to provide service ordered 
by a customer on an appropriate service date. Normally, a suitable 
pool of unassigned equipment is available to provide the service so 
that the need for holding a service order can be avoided. Next, the im-
plementation of the service order requires that the selected equipment 
be connected and thereby dedicated to the use of a single customer 
in the case of individual lines or the aggregate of customers in the 
case of trunks and central office equipment. Verification that these 
equipments and interconnections are in fact operable is required be-
fore the service may be started. Finally, there will be occasions after 
the start of service when trouble arises, requiring maintenance action. 
Planning for maintenance has also recognized that Picturephone 

service is a new and complex service that initially will be provided 
on a limited basis. When considering maintenance, the complexity 
and limited scope of initial Picture phone service work at cross pur-
poses. Complexity (and newness) coupled with inexperienced craft 
people suggest the need for intricate and expensive test equipment de-
signed to make decisions for the craft people (GO-NO-GO testing). A 
limited initial network, however, can ill afford high-priced hardware 
since the per-customer costs become excessive. The tradeoff between 
these factors was decided by the projected growth rate during the ini-
tial years. In the absence of a clear indication that a strong growth of 
service would occur in the initial period, a large expenditure for com-
plex maintenance hardware is not justified. An acceptable alternative 
is the use of less expensive hardware, operated on a manual basis, 
coupled with careful training of craft people capable of adapting to a 
variety of situations. The shortage of skilled manpower complicates 
this approach, but it is anticipated that the measured growth of the 
service will not overwhelm existing training capability. During the 
initial service period, additional information will be gathered to guide 
the design of the next generation of complex and automatic hardware 
capable of quality maintenance for a system of increased size and 
utilizing generally available craftsmen. 
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II. MAINTENANCE AND OPERATIONS PLAN 

2.1 Basic Considerations 

The philosophy that has guided the planning of Picture phone main-
tenance operations has been based upon a series of objectives, including: 

(i) Arrangements to insure service integrity and charge accuracy. 
(ii) Features for automatically detecting and identifying troubles. 
(iii) Features for manual trouble verification, location, and repair 

with centralized testing facilities where feasible. 
(iv) Provision for one-man test operations to the maximum extent 

possible. 

(y) Capability of adding additional automatic test arrangements 
as service demands increase. 

Primary emphasis was placed on means required to insure that calls 
originated by customers are completed to the destinations desired with 
accurate recording of charges. One audio and two video transmission 
paths must be established between the originating customer and the 
distant party. Failure to complete any of these paths should always 
be detectable so as to avoid false charging and to promptly indicate 
a need to redial. Where possible, trouble detection should result in an 
alarm or trouble record and removal of faulty equipment from serv-
ice. Receipt of the trouble indication should cause immediate action 
by the maintenance forces. Early corrective action is enhanced if 
one-man test operations are provided. Automation of maintenance 
functions promises to provide further cost reductions as the scope of 
Picture phone service is expanded. As mentioned in the introduction, 
close coordination with telephone maintenance was a necessary con-
sideration in realizing all of these objectives. Work toward meeting 
these objectives has resulted in a System Maintenance Plan, the sub-
ject of this article. To grasp the scope of the plan, one must recognize 
that the designers of component facilities and subsystems specify for 
their individual subsystems the specialized techniques and tools re-
quired for maintenance. In general, these items (installation test sets, 
trouble detection circuits and alarms and special test sets for trouble 
isolation and repair) are tailored to the specific hardware item and 
do not result in system interactions. The System Maintenance Plan 
deals with the ensemble of subsystems that combine to make up the 
Picture phone service network. 
This plan anticipates a Picturep hone system that is not static, but 
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is constantly growing and changing. New station arrangements, new 
subscriber lines, and new trunks between switching offices must un-
dergo overall installation and acceptance testing. Additions and re-
arrangements can adversely affect adj acent equipment through human 
error and therefore routine performance testing is required to detect 
degrading service situations due to the foregoing as well as normal 
aging effects. Failures detected by routine tests and failures reported 
by trouble alarms require that trouble isolation testing be instituted 
on some major portion of the overall system. These three types of 
testing on the overall system employ similar principles and require 
much the same craftsman training. In addition, consolidation of train-
ing programs and common use of test sets for the three types of test-
ing result in cost savings. 
Practical considerations of administration dictated that hardware 

development and the procedures for the three types of testing con-
tinue to be oriented toward the separate areas of responsibility as fol-
lows: (i) central office switching, (ii) line and station, and (iii) trunk 
maintenance. The plan envisions that administrative procedures and 
the organization of training programs, Bell System Practices, and rec-
ords be divided according to these three responsibilities. 

2.2 Work Locations 
Figure 1 is a simplified block diagram of a Picture phone switching 

office, the local area served, and the trunking connecting the office with 
the remainder of the Picturephone network. The figure shows the 
work locations for switching, line and trunk maintenance. 
Maintenance operations associated with the switching machine are 

largely automatic and take advantage of the common control and 
maintenance features provided for telephone maintenance. Telephone 
switching machines provide for per-call tests to verify the operation 
and continuity through the switch. In addition, as an aid for opera-
tional and transmission testing, automatic test terminations are 
normally available to enable craftsmen at distant telephone offices 
or on customers' premises to check circuits without the need for 
manual assistance at the switching machine location. Similar auto-
matic test eel. uipments are planned for the wideband switching net-
work when Picture phone switching capability is added as shown in 
Fig. 1. 
The manual work location for switching machine maintenance is at 

the No. 5 crossbar master test frame in the maintenance center. 
Trouble detected by the automatic equipment is indicated to the 
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craft people located there, and verification tests are conducted using the 
test access provided at the test frame. Full manual control of the 
machine (both telephone and wideband portions) is exercised from 
this work location. 
The basic plan for Picture phone service provides that, in most cases, 

the customer's video service will be logically related to his telephone 
service by the regular telephone number. Telephone line maintenance 
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is centralized in a plant service center; Picturephone line mainte-
nance can be accomplished from the same location. Thereby, the line 
record cards for both services are coordinated and uniform administra-
tive procedures can be used to handle all customer troubles. Telephone 
line testing is accomplished from a telephone local test desk' and 
Picturephone line testing is accomplished from a wideband local test 
desk of new design. For both telephone and video, test access from 
the centralized test location to the thousands of lines served by the 
office is via the switching machine. Experience has shown that this 
means of access for telephone testing is quite adequate; for video, the 
minor variations in measurements due to variable paths through the 
switch must be considered, although switch performance is a minor 
source of impairments.2 Figure 1 shows the work location for video 
testing and the test access path. 
The recent trend in the routine testing of telephone trunks is toward 

centralized control of the automatic testing, particularly where there 
are a large number of trunks and trunk groups. In the initial years, 
the number of Picturephone trunks will be small and, in general, not 
integrated with the telephone network. Picturephone interoffice trunks 
form an independent network of six-wire trunk facilities2,2 dedicated to 
Picturephone service use. Similarly it is not expected that the Picture-
phone hierarchy of switching offices will coincide with the telephone 
hierarchy. In light of the relatively small numbers of trunks and offices, 
it is clear that a complex arrangement for centralized maintenance 
cannot be justified at this time. In addition, the restrictive perform-
ance objectives for trunks2 require precise measurements, a sufficient 
technical challenge in itself, and centralization adds the potential 
of additional measurement error. In contrast to lines, the independence 
of Picturephone trunks from telephone trunks means that there are no 
overriding administrative or record considerations that make it imper-
ative to test telephone and Picturephone trunks from the same loca-
tion. The work location is at a testboard in the vicinity of the 
wideband Picturephone switch (see Fig. 1). This nearby location is 
governed by the need to maintain nearly flawless transmission per-
formance in the test access path to accomplish the precise measure-
ments needed for trunk maintenance. Short access trunks, using initial 
service transmission equipment, achieve the required "transparency" at 
reasonable cost. Centralization, however, must be anticipated, but it 
remains for future consideration. To this end, switched access was 
chosen for all wideband test access (in contrast to some telephone 
practices where access is on a per-circuit jack basis) because of the 
potential for future centralization and the technical complications of 
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providing dedicated per-trunk jack type access for the wideband 
circuits at standard levels (without introducing intolerable path-
length variations). 

2.3 Additional Considerations 

In addition to factors such as maintenance responsibilities and the 
associated work locations and test access, provision of transmission 
testing equipment for line and trunk testing has been based on the 
following additional considerations: 

(i) Initial service analog transmission facilities for lines and trunks 
are essentially similar. 

(ii) The nature of troubles and their prevalence will not be well 
defined until service experience is obtained. 

(iii) Training of craftsmen will be facilitated if testing equipment 
and procedures are analogous to those of existing telephone 
and carrier systems. 

(iv) Improvement and updating of individual equipment will be 
facilitated if, initially, test sets are restricted to single categories 
of tests and are not consolidated and if interactions between 
test instruments are kept minimal. 

(y) Costs and development intervals would be minimized if "on-
the-shelf" commercial test sets could be utilized or modified 
for Picturephone service. 

The system maintenance plan resulted from a synthesis of all of 
the aforementioned considerations of organization, technology, and 
cost. The following sections deal in greater detail with the plan from 
the standpoint of the switching machine, lines, and trunks. 

III. MAINTENANCE OF CENTRAL OFFICE AND SWITCHING EQUIPMENT 

3.1 Maintenance and Plant Operation Functions 

The use of a wideband switching network similar to the audio 
network and the inclusion of Picturephone features in existing com-
mon control circuits permit the Picturephone maintenance and plant 
operation functions to be combined with the present audio functions. 
Figure 2 illustrates the major blocks of the Picturephone system and the 
maintenance facilities for recording trouble information and testing 
troubles in a No. 5 crossbar central office.* 

*Initially Picturephone service is supplied only from No. 5 crossbar systems 
equipped with a wideband switching network. The maintenance plan, however, 
is designed to anticipate provision of Picturephone service with other switching 
machines when suitable wideband networks are developed. 
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3.1.1 Trouble Detection 
Provision is made to automatically verify the operation of common 

control circuits and the integrity of the transmission path. Rather than 
develop a number of special test arrangements that would continually 
check the video features, troubles are detected on a per-call basis, 
thereby avoiding false charging when troubles are encountered. The 
per-call detection tests performed on the video equipment are (i) tests 
of common control circuits, (ii) checks of the control signals associated 
with the remote switch, (iii) double connection tests, (iv) false-cross-
and-ground tests, and (v) continuity tests. 

3.1.2 Verification of Common Control Circuits 

Verification of the operation of common control circuits handling 
the video call is performed in the same manner as for telephone since 
most of these circuits also process audio calls (e.g., marker, con-
nectors, etc.). The generators providing the video supervisory signals 
(VSS),3 the continuity oscillator and detector circuits, and the control 
leads connecting to the wideband remote switch units are verified on 
a continuous or per-call basis to insure that signals are transmitted 
within specific limits. A continuous monitoring of the video super-
visory signal level is made at —4.5 dB with reference to the 0 PTLP.* 
A comparison of the continuity peak signal voltage level with a high 
and low reference voltage is made on a per-call basis. 
The coding of the de signals transmitted via the remote switch 

signal control circuit (RSSC) are also checked at both the RSSC and 
wideband remote switch (WBRS) on a per-call basis so that any 
trouble detected will permit a second attempt to be made to select a 
path through the remote switch. Replication of common control cir-
cuits is provided to permit second attempts to be made using alternate 
circuits. If second attempts fail, the common control circuits route the 
call to reorder or announcement thereby protecting accuracy in 
charging. 

3.1.3 Integrity of the Path 

Upon recognizing a request for Picturephone service, the common 
control circuits select idle audio and video paths and verify that they 
are capable of being used to connect the originating location with the 

*Zero Picturephone Transmission Level Point, a reference point specifying 
signal levels that is analogous to specifying elevation relative to sea level. At 
this reference point, the Picturephone signal is the same level as the output of 
the station set (11:}0-ohm impedance). 
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terminating location. Double connection and false-cross-and-ground 
tests similar to those made in the audio path are made on the video 
path. In the event of a failure of these tests, the common control 
circuit makes a second attempt to select another path through the 
switching network. If io failure occurs in the above test, a continuity 
test of both the originating and terminating video path is performed 
by inserting a 12-kHz sine wave at a nominal level of —20 dBm* 
through the network. This test signal was selected based on economic 
considerations of the generator and detector arrangements, holding 
time to make the tests, and probability of faults affecting the mega-
hertz bandwidth of the Picturephone signal. In making a continuity 
test, the 12-kHz test tone is sent over the transmit pair and returned 
over the receive pair. It is looped around at the station set via a 
zero loss loopback if customer loop facilities are being tested or at 
the distant office wideband trunk circuit via a 3-dB pad if trunk 
facilities are tested. The returned test tone is checked for ±-1 percent 
frequency and -±-4.1-dB level on loops and ±1.3-dB level on analog 
trunks. 

3.1.4 Trouble Reporting 
When trouble is detected during call processing, the switching 

equipment determines the degree of severity of the trouble and acti-
vates a minor or major alarm.? This is an audio and visual alarm 
indication and is accompanied by a trouble record card in the No. 5 
crossbar system. The circuits associated with the call at the time the 
trouble is detected are identified in order to facilitate locating the 
cause of the trouble. In the event that trouble is detected when com-
mon control circuits are not attached to the malfunctioning circuit, 
such as improper MF outpulsing to a distant office, lamp indications 
are activated at either the maintenance center and/or equipment to 
identify which circuit is in trouble. 

3.1.6 Trouble Location 
Provision is made to test the wideband functions from both the 

switching maintenance center and the equipment location. After a 
trouble is detected and reported, a central office craftsman analyzes 

*Measured at O PTLP. 
t Occurrence of major or minor alarms is generally determined by the potential 

for disrupting many (major) or a few (minor) customers. For example, marker 
failure is a major failure while a signaling circuit failure will generally be con-
sidered minor. 
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the report and initiates appropriate tests to determine if it still persists. 
The majority of troubles occurring in the central office are expected to 
be identified by a single test. Arrangements have been made at the 
maintenance center to select any video path through the network, 
any wideband trunk circuit, either of two VSS generators and any 
WBRS. Additional control functions include the capability to cancel 
continuity checks, make a circuit busy to service and force trouble 
records on a test call. 

3.1.6 Administration and Operation 
Standard Bell System Practices have been prepared describing the 

central office maintenance arrangements required for Picturephone 
service. These will be incorporated into the existing Controlled Main-
tenance Plan (CMP) and Plant Management Instructions that are 
used to administer the switching system. The CMP prescribes sched-
uled routines for preventive maintenance in the office as well as 
methods for evaluating the equipment performance level of the of-
fice. Plant registers are provided to record the peg count of the total 
number of Picturephone calls requested and a total of those calls that 
fail. The present plant work unit plans that are used in determining 
the productivity of craftsman will be modified to include the added 
Picturephone functions described above. 
Table I is a summary of the central office maintenance functions 

associated with Picturephone service. 

3.2 Work and Test Access Locations 

As noted in Section 3.1.5, the primary test facility in the central 
office will be the switching maintenance center. In the No. 5 crossbar 
system this is the master test frame which has a trouble recording 
facility adjacent to the control equipment. Test access to any central 
office circuit is gained by providing the marker with priming informa-
tion from the master test control circuit. Originating test lines and ter-
minating test trunks are connected to the maintenance center for test-
ing the network, WBRS, and trunk circuits. Test access is available at 
the maintenance center for use with a Picturephone set in order to 
evaluate the qualitative performance of the transmission over the 
switching circuits tested. This same access is also used for measuring 
the central office transmission characteristics described in the paper 
on the transmission plan.2 Provision was made in the continuity test 
circuits and VSS circuits to perform marginal tests of the frequency 
and level of their signals. 
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TABLE I—MAINTENANCE FUNCTIONS FOR Picture phone SERVICE 
IN CENTRAL OFFICES 

AUTOMATIC TROUBLE DETECTION AND RECORDING 

Common Control Circuits  Consistent with present test on a 
per-call basis. 

Continuity Test  All transmission paths checked on a 
per-call basis. 

Double Connection Test Foreign potential and grounds within 
the switching network on a per-call 
basis. 

Video Supervisory Signal Supply Continuous trouble detection and 
automatic transfer to duplicate 
supply circuit. 

Wideband Remote Switch Control  Per-call trouble detection and automatic 
transfer to duplicate control circuit. 

Alarms and Recordings Visual and audible alarms at central 
point. Trouble record card with call 
details. 

AUTOMATIC ACTION AFTER TROUBLE DETECTION 

Call Set-Up Trouble Second trial using alternate equipment 
or path through switching network. 
Reorder after second trial failure. 

MANUAL TROUBLE LOCATION 

Equipment Faults Means for testing common control 
circuits (markers, connectors, etc.). 
Means for testing detection circuits 
(continuity, double connection test, 
etc.). 
Means for testing wideband remote 
switch control leads. 

Path Faults Selection of any path through switch. 
Selection of any trunk or WBRS link 
even if "maintenance busy." 
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3.3 Testing Arrangement and Procedures 
The craftsman initiates tests of the central office wideband facilities 

either on a routine schedule or on a trouble report basis. Using the 
information he has received (for example a trouble record), he 
identifies the type of call on which the report was received and the 
circuits involved in handling the call. Using the controls at the main-
tenance center, he selects the same circuits and establishes a test call 
in order to verify the circuit operation. If the test call fails, he uses 
schematic drawing information, such as the sequence charts, to locate 
the specific cause of the trouble. 
Several significant factors associated with Picturephone central 

office maintenance procedures are: (i) the compatibility with existing 
procedures (most of the test operations are identical to present testing 
of audio circuits), (ii) the ability to perform the tests without assist-
ance of additional craftsmen (one man testing), and (iii) the verifica-
tion and location of the defective unit, in many cases, from the 
maintenance center. This latter factor minimizes the need for a 
craftsman to be at the equipment for other than actual repair. 

IV. MAINTENANCE OF LINES 

4.1 Maintenance and Plant Operation Functions 
Line testing is required as part of overall installation and acceptance 

testing (service order procedures), for routine testing, and to isolate 
troubles referred to the plant service center. All Picturephone lines 
(both individual and key service) can be accessed for testing. In-
cluded are remote exchange lines, lines served from wideband remote 
switch units and PBX lines. Measurements are on a loop basis with 
signals transmitted through loopback circuits provided in the station 
set or the Key Telephone System (KTS) equipment. These loopbacks 
operate to connect the two directions of transmission at equivalent 
levels so as to permit full wideband round-trip testing. 
Measurements are made of echo rating,* broadband noise, crosstalk, 

low frequency noise, single frequency interference, impulse noise, and 
flat gain variation.4 All of these impairments are allocated as dis-
cussed in the article on the transmission plan.2 In addition, means are 
provided to interrogate the cable equalizers 2 to locate gross faults in 

*At the present time, a measurement algorithm suitable for field measure-
ments of echo rating has not been developed; gain-frequency response measure-
ments are being substituted for direct echo rating measurement as a first ap-
proximation. 
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equalizers or in connecting cable. Audio measurement capability is 
associated with the video-measuring facilities. Normal techniques 
presently applied at local test desks (LTD) such as the No. 14 type 
are used. Any confirmed audio-only troubles, however, requiring ex-
tensive measurements can be referred to the telephone (only) LTD so 
as not to tie up expensive video testing facilities. 
No requirements for automation of routine testing (other than the 

per-call tests mentioned in Section III) were specified for the initial 
service arrangements. Independent means for measuring each of the 
impairments considered in the performance objectives2 is the only 
practical course until experience with the system can be obtained. 
However, access arrangements and test terminations have been defined 
to aid in trouble isolation. Provision is therefore made for switching 
machine access to any desired line with the ability to manually cancel 
continuity check and to control ringing. Selection of test access to 
different office locations is by key control. Connection of test instru-
ments is also by key control, eliminating both the need for cords and 
possible operator error. 

4.2 Work and Test Access Locations 
The major test facility for line maintenance is the No. 15 Picture-

phone local test desk shown in Fig. 1 and described more fully in a 
companion paper.6 This desk is arranged to normally obtain switched 
access to lines via a test trunk having an appearance on the trunk link 
side of the Picture phone switching network (No. 5 crossbar). This 
trunk is designed to be as nearly transparent to Picturephone signals 
as possible and includes a means for checking the transmission integ-
rity of the access path before testing. The test desk also has auxiliary 
access to lines via the main distributing frame (MDF) which is the 
interface between the office equipment and the outside plant. This 
MDF trunk must be patched manually to line appearances permitting 
measurement of the outside facilities alone or (in conjunction with 
the switched access trunk) the central office equipment alone. 
In addition to the test trunk providing test access from the No. 15 

LTD, there are two other test trunks in the central office for line 
maintenance. One provides access to the video switch at the trunk 
link frame from the master test frame. This trunk permits testing of 
lines in small offices not equipped with a No. 15 LTD. The second 
trunk is a test termination functioning as a station ringer and video 
test facility. Such terminations are used by station installers and 
repairmen to verify the proper operation of station sets. 



MAINTENANCE PLAN  635 

To permit sectionalization of troubles and to provide a known ter-
mination and test access point, test circuits are provided at PBX and 
WBRS locations. These test terminations have a listed directory num-
ber (in the case of the WBRS) or a PBX extension number. Test calls 
can be directed by the deskman over a selected PBX trunk (or WBRS 
link) to the appropriate test termination to determine that the trunk 
(link) is satisfactory. This technique is illustrated in the next section 
below. Note that while the trunk (link) is used for test access to lines 
served from the PBX (WBRS), its maintenance is a trunk responsi-
bility (see Section V). The test terminations also provide access for 
testing should (i) a PBX repairman be dispatched to the PBX or 
(ii) a central office switchman desire to test at a WBRS located in a 
central office not provided with full Picturephone switching. 
As stated previously, provision of a wideband loopback circuit at 

customer locations avoids the need for always dispatching a repair-
man to the station location for trouble isolation, circuit order or 
routine tests. A limited need to involve the subscriber during trouble 
isolation is unavoidable. Once the trouble is isolated to the customer 
location, then a repairman is dispatched to the customer premises 
where testing as required occurs using portable test equipment: (i) on 
a one-man basis to the station-ringer test termination, or (ii) on a 
two-man basis with the desk man at the No. 15 LTD. 

4.3 Testing Arrangements and Procedures 

Video measurements from the test desk are accomplished using the 
following test instruments, described in a companion paper° 

(i) Wideband oscillator, 
(ii) Wideband voltmeter, 
(iii) Waveform oscilloscope, 
(iv) Wideband noise measuring set, 
(v) Picture phone station set, 
(vi) Picture phone test signal generator, and 
(vii) Picture phone fault locating test set.* 

The adjustable wideband oscillator together with the wideband 
voltmeter are used to obtain gain-frequency response measurements. 
Pre-programmed or switch selection of test frequencies, although 
desirable operationally, are not provided since measurement pro-

*A portable test set normally used by central office repair forces available for 
connection to test desk and boards as required on a patch cord basis. Other 
portable test equipment may also be connected as required. 
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cedures are expected to change as experience is gained. Therefore, the 
oscillator must be set manually to any desired frequency in the 
Picture phone band. The wideband voltmeter measures on a broad-
band basis; the expected noise on Picturephone circuits will be such 
that selective measurements are not required to obtain accurate gain-
frequency data. The waveform oscilloscope has provisions for exam-
ining the video waveform transmitted either from (i) the subscriber's 
station or (ii) the test, signal generator and/or the Picture phone 
station transmitter in the No. 15 LTD on a round-trip basis via the 
various loopbacks. This will be a valuable tool for trouble isolation. 
The oscilloscope has provisions for examining the waveform at line 
rate (S kHz) or field rate (60 Hz). The sync pulse can be examined 
without de-emphasis to determine sync distortion. The video can be 
examined with de-emphasis to view waveform distortion. The test 
signal generator produces signals especially useful for these tests. 
The wideband noise measuring set is equipped to measure either 

weighted broadband noise or impulse noise. When used to measure 
broadband noise, it will measure both random noise and single fre-
quency interference. The requirements are such that a single circuit 
order or routine measurement will indicate failure due to either source. 
The measurement is made on a loopback basis by measuring the 
sum of the near-to-far plus the far-to-near noise. Impulse noise is 
measured by recording the number of impulses exceeding a variable 
threshold. Low frequency noise is measured by the wideband volt-
meter. 
Crosstalk measurements use the test signal generator to transmit a 

distinctive pattern that is observed on the waveform oscilloscope or 
Picture phone set receiver. In general, only self-crosstalk can be 
measured; the requirement for self-crosstalk is more severe than worst 
disturber crosstalk2,7 due to the assumption that multiple exposures of 
the same signal source produce a greater interference effect than mul-
tiple disturbers where each disturber is from a different signal source. 
For initial service, circuit acceptance and routine tests are the same 

although routine tests have wider limits.* The data from the initial 
installations will be closely observed to determine whether the limits 
or routine intervals should be changed. 

* Picture phone service is engineered to provide high-quality service under ex-
pected conditions of plant variability. The test limits of routine tests serve to 
trigger corrective action only when performance is degraded. Allocation of 
margin principally to plant variability (and not installation error) is accom-
plished through tighter circuit acceptance limits. 



M AINTENANCE PLAN 637 

Trouble isolation testing will normally involve a repetition of the 
routine tests (if the test is due to a trouble report) to obtain verifica-
tion test data for comparison to the installation and routine records. 
As the expected troubles are quite varied, a flow diagram approach 
has been adopted to guide the deskman in sectionalizing the trouble. 
Figure 3 illustrates this procedure for a station trouble where the 
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station is served directly from a WBRS. The trouble example is a 
reversal of leads in the transmission path from the subscriber to the 
WBRS, possibly resulting from rearrangements at the customer's prem-
ises. The symptom of this trouble is the inability of the called party 
to see the customer who is in trouble. However, the calling customer 
can see the called party. Although not shown in the figure, operational 
practices provide instructions for the tasks indicated in the blocks. 
The actual procedure flowchart is more detailed and has been simpli-
fied for the figure. Note that the flow diagram provides that possible 
troubles in the access links be referred to the organization having 
responsibility for trunk testing. The No. 15 LTD has the capability 
to direct signals over chosen links to the WBRS test termination so as 
to verify the fitness of the remote switch link used as an access path 
to the WBRS. 
It is expected that detailed transmission measurements can be ade-

quately made from the test desk in most cases. Complex test equip-
ment will not be required in the field. Experience may indicate, 
however, that testing resolvability is not adequate when the trans-
mission distance between the station and the test desk is great (pos-
sible with a long line served from a WBRS that is also a long distance 
from the Picture phone switching office). The maintenance plan pro-
vides for access for portable test sets at a jack located in conjunction 
with the test termination at a PBX or WBRS. 

V. MAINTENANCE OF TRUNKS 

5.1 Maintenance and Plant Operation Functions 

In initial service, three types of trunks are provided and the testing 
procedures differ accordingly: 

(i) PBX trunks or WBRS links—providing transmission between 
the wideband line link and a PBX on customers premises or a 
wideband remote switch in a central office or on customers 
premises. The PBX trunk is a six-wire trunk with the audio and 
video path dedicated to Picture phone calls only. The WBRS 
link is a four-wire link transmitting only video; the audio is 
carried on the customer's regular audio pair. 

(is) Interlocal and toll connecting trunks—dedicated six-wire 
analog trunks connecting class 5 (end) offices or class 5 to 
class 4 (toll) offices. In general, these will be of moderate length 
and confined to a local analog area within a city. 
Intertoll trunks—dedicated six-wire trunks comprising analog 
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or combined digital-analog facilities connecting class 4 offices. 
For initial service, all switching will be analog and therefore 
all trunks will have analog end sections requiring analog main-
tenance arrangements. 

In telephone service, it is the usual practice to provide fully equipped 
testboards only at toll offices. Less sophisticated arrangements are 
normally found at class 5 offices. For Picturephone service, testing 
arrangements are designed to provide testboard functions at all classes 
of office.* 
The same measurements will be required on Picturephone trunks as 

on lines. Measurements however, will be made on both one-way and 
looped bases as is appropriate to the measurement and type of trunk. 
The availability of testboard arrangements at both ends of toll con-
necting and intertoll trunks assists in accomplishing the tighter re-
quirements that are consistent with trunk objectives.2 Routine meas-
urements will be more frequent, and test termination arrangements 
are provided to facilitate single-man routine testing wherever possible. 
Audio testing ability is included with the video because of the separate 
dedicated network approach associated with Picturephone trunking. 
For initial service, the facilities providing trunk transmission are 

configured using the same hardware as line facilities, although to 
different engineering rules. Hence the same considerations of flexibility 
in testing approach apply. Initial requirements for test equipment 
therefore stressed independent means for measuring the expected 
impairments, using the same instruments provided for line main-
tenance in the No. 15 LTD. 

5.2 Work and Test Access Locations 
The testboard arrangement designed for initial Picturephone trunk 

testing is the No. 23 testboard (TB) shown in Fig. 1 and described 
more fully in a companion paper.° This testing arrangement operates 
in conjunction with a single No. 5 crossbar switching machine. Test 
connections are established (i) between a test trunk appearance on 
the trunk link to PBX trunks or WBRS links that appear on the line 
link, or (ii) between a test trunk tandem appearance on the line link 
to any trunk on the trunk link. All connections are made on a six-wire 
basis. Incoming test calls from distant locations are directed to test 

*For initial service, the number of trunks may not justify provision of a full 
testboard; arrangements would then be made to provide the same testing func-
tions at the switching maintenance center. 
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trunk appearances (i) on the line link in class 5 offices (7-digit tele-
phone number) or (ii) on either the trunk link (101 test termination) 
or line link (7-digit telephone number) in class 4 offices. Only Picture-
phone calls will complete to these trunks. 
The No. 23 TB is designed to establish test connections to par-

ticular trunks or links and to override maintenance busy signals that 
prevent completion by the switch of connections to defective trunks. 
Means are provided in association with the testboard to test the con-
trol and signaling functions of any trunk. The design of the wideband 
switching network to minimize path length variation and the effect 
of switch multiples permits measurements of a high degree of accuracy 
to be made although access is on a switched basis. In addition, a cali-
bration loopback is provided at the video trunk circuit of the test 
access trunk permitting the craftsman at the testboard to verify the 
transmission performance of the test trunk before commencing a test. 
It is expected that the transmission path between the testboard and 
the switch will be measured at frequent intervals to insure the test-
board's accuracy as a measurement system. 
In addition to the 101 test trunk appearance on both audio and 

video switches, other coded test trunks provide the video equivalent 
of test terminations used for maintenance testing on the DDD net-
work. A code 100 termination is used for combined far-to-near loss 
and noise measurements. A code 102 termination is provided for far-to-
near low frequency loss measurements and to provide a loopback 
for more general two-way measurements on a loop basis. The test 
lines are described more fully in a companion article.° 

5.3 Testing Arrangements and Procedures 
The No. 23 TB includes the same video test equipment provided 

in the No. 15 LTD (see Section 4.3). In addition a voice frequency 
gain and noise measuring system is provided that is equivalent to 
that used for maintenance operations at conventional telephone trunk 
testboards. 
Major responsibilities to be carried out at the No. 23 TB are circuit 

acceptance and routine tests on all trunks leaving the office. These 
tests are similar to the tests performed from the No. 15 LTD, although 
to tighter tolerances reflecting the trunk objectives.2 Tests on PBX 
trunks or WBRS links are on a loopback basis to the test termination 
loopback in the PBX or WBRS. Circuit order tests on trunks are in 
general conducted on a two-person basis between No. 23 TBs at the 
ends of each trunk. Routine tests are on a loopback basis to distant 
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102 test terminations. These routine tests are required more frequently 
during the period of initial service since temperature regulation is not 
provided for trunks. Routine tests serve to monitor trunk performance 
and serve as an indicator of the need for trunk realignment.* 
Trouble isolation is basically a sectionalization procedure utilizing 

test terminations and the switched access from the No. 23 TB. Figure 
4 provides an illustration of this technique. Office A is the control 
office responsible for maintenance of the trunk. An open circuit at a 
wideband distributing frame as indicated has resulted in failure of 
continuity check on a call from A to B. The trouble indication at A 
is reported to the No. 23 TB at A. The tester at the testboard 
deduces that the trouble does not involve the tandem equalizers (1) 
and (2) since those equalizers are not involved in calls from A to B. 
He then dials the code 102 test termination at B, receives a signal 
from office B over the far-to-near path, but no return of a round-trip 
signal when the test line switches to the loop-back mode. The con-
clusion is that the trouble is in the near-to-far path. The 102 termina-
tion is disconnected and the craftsman redials the code 100 test termi-
nation at B. This prevents seizure of the trunk from office B and 
provides a termination of the trunk during fault location. The craft 
person then interrogates equalizer pairs (3) and (4), (5) and (6), 
and (7) and (8), normally tested from office A to obtain a response 
from the fault locating circuitry. These test all right. 
The tester then reasons that equalizer pairs (9) and (10) and 
(11) and (12) should be tested and, because these can be tested only 
from office B, a test call is directed to the distant No. 23 TB (via a 
code 101 test termination). The tester at the No. 23 TB at office 
B checks equalizer pairs (11) and (12), and (9) and (10). Tandem 
equalizer pair (13) and (14) is not checked since the continuity failure 
was between the trunk circuits of offices A and B. Equalizer pairs (11) 
and (12) and (9) and (10) do not provide a return of the fault 
locating signal indicating a failed equalizer, trunk circuit or interbay 
wiring. The tester at office B must therefore check his office. Since 
the tester at office A is no longer required, he releases the con-
nection and the tester at office B establishes a connection to the 
code 100 termination at office A, providing a resistive termination for 
both directions of video transmision. He directs that a patch be 

*12-kHz continuity tests performed on a per-call basis (see Section III) serve 
to detect gross failure or trunks considerably out-of-limits. They cannot serve 
as a measurement of misalignment due to temperature. 
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inserted at jacks located on the office side of equalizer pair (11) and 
(12). When he receives no response, he then reasons that the fault is 
in the cabling or the trunk circuit at office B and refers the trouble 
to the central office repair forces. They use the test access and control 
described in Section III to isolate the trouble. 
Long Picturephone service trunks between central offices consist of 

both analog and digital portions during initial service. The digital por-
tions utilize facilities that incorporate sophisticated means for deter-
mining when transmission is not acceptable. The output of this trouble 
detection arrangement is coupled to alarm reporting systems insuring 
that faulty trunks are turned-down from service. The No. 23 TB will 
be used for overall maintenance of these trunks. However, the non-
linear nature of the codec (coder-decoder) that processes the analog 
video signals for transmission in digital form prevents meaningful 
quantitative overall measurements from being made on digital trunks. 
Quantitative measurements are made on the analog end sections 
through manually operated loopbacks at the analog-digital interface. 
Overall qualitative measurements are made using visual appraisal of 
the Picture phone test signal generator signal or any suitable Picture-
phone signal transmitted from the distant end. 

VI. CONCLUSIONS 

The maintenance plan and hardware developed to accomplish it are 
expected to result in performance consistent with the premium price 
of the service. Automatic checks of all components of the video con-
nection at call setup will insure that major failures are promptly 
detected. Routine measurement of transmission parameters will trigger 
maintenance action when transmission is out-of-limits. The plan 
meshes well with existing telephone company organization and pro-
cedures and retains flexibility to adapt to unknowns. The associated 
hardware is within the state-of-the-art and utilizes proven testing 
approaches. 
To improve efficiency and reduce cost, the initial service mainte-

nance performance will be closely monitored. Data will be needed on 
the man-machine interface and actual performance so that unneeded 
flexibility now included can be pared and training simplified. 
Effort continues to be directed toward planning of improved call-

setup testing techniques and off-hours automatic circuit testing to 
improve the effectiveness of routine testing without heavy manpower 
requirements. 
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The Picturephone® System: 

Line and Trunk Maintenance 
Arrangements 

By D. L. FAVIN and J. F. GILMORE 

(Manuscript received September 1, 1970) 

New line and trunk maintenance arrangements have been developed 
for Picture phone ® service. A switched method of accessing lines and 
trunks by means of the No. 5 crossbar system has been developed. In addition 
a new local test desk (LTD No. 15) and testboard (TB No. 23) have been 
made available. In this article we discuss these arrangements which repre-
sent another application of the switched access concept as an integral part 
of line and trunk maintenance arrangements. 

I. INTRODUCTION 

The wideband nature of the facilities for Picturephone service in-
troduces a new degree of complexity in the methods used to maintain 
lines and trunks. Access methods acceptable in the telephone network 
are not applicable in this wideband network; in addition, testing capa-
bilities are greatly expanded. The Local Test Desk No. 15 and Test-
board No. 23 are designed to provide the required access and test capa-
bility. The equipments obtain access by means of the No. 5 crossbar 
system and it is suggested that the article on that switching system be 
read first.' 

II. BACKGROUND 

The objective of integrating the Picturephone service into the exist-
ing telephone plant requires that the maintenance arrangements should 
blend into and be absorbed by existing areas of responsibility in the 
operating companies. Line and trunk maintenance arrangements con-
sequently are treated separately and distinctly, as they currently are, 
and they are compatible with the existing arrangements. 
Figure 1 is a simplified illustration of the existing maintenance ar-

rangements. Lines, in general, are tested on a centralized basis from 

645 
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local test centers. The test centers are equipped with local test desks 
(LTD) which have access to a number of offices by the use of inter-
connecting test access trunks. Trunks, on the other hand, are tested 
on a decentralized basis with each office having a testboard or test 
frame for maintenance purposes. The integration of the new Picture-
phone, service maintenance arrangements into the existing testing areas 
heavily influenced the physical design of the equipment. In the case 
of line testing a console type of LTD is used, and for trunk testing 
an upright frame type of testboard was developed. 

III. LINE MAINTENANCE 

3.1 Current Arrangements 
A line provides the communication channel between a customer and 

his serving central office. The channel is physically outside the office 
and troubles in it will generally result in the dispatching of personnel 
for repair purposes. Consequently, there is no need to locate test desks 
physically in the office served. Each test center is equipped with a 

OFFICE 
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TEST 
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OFFICE 

CUSTOMER 
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Fig. 1—Line and trunk maintenance arrangements. 
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number of LTDs as required by the maintenance load and the LTDs 
provide the necessary access facilities for the offices served. The ac-
cess to lines in an office is obtained by seizing a trunk to the appro-
priate office and keying in the desired customer directory (four-digit) 
number. 
For telephone plant, the lines are generally metallic pairs of wires 

and the tests are of a de nature, e.g., tests for shorts, opens, grounds, 
resistance or foreign potentials. The introduction of Picture phone 
service drastically changes the make-up of the customer loop.2 The 
signaling and audio information will continue to use a simple wire pair 
but the video information will be transmitted by two additional pairs, 
one for transmission in each direction. These pairs require the use of 
active devices (cable equalizers) to compensate for any losses across 
the frequency band. What was formerly a simple two-wire line now 
becomes a six-wire facility with the wideband four-wire portion re-
quiring more sophisticated tests, measurements, and trouble detecting 
and isolating techniques.2 The need for expanded test capability and 
the wideband nature of the facilities all contributed to the need for the 
development of the new Local Test Desk No. 15. 

3.2 Local Test Desk No. 15 
The LTD No. 15 is a cordless console which provides key-up access 

to circuits and test equipment (see Fig. 2). The test desk is func-
tionally designed so that most of the Picturephone test equipment is 
on the left-hand side and the audio test equipment is on the right-
hand side. The center of the console has a recessed opening for the 
Picture phone station set. In addition, keys and a visual readout as-
sociated with the access circuits are located in this area. The test 
equipment is shared between two access circuits. This allows for two 
different tests to be conducted on two circuits simultaneously. The 
console is equipped to serve up to five offices, each having varying 
quantities of six different types of interconnecting test access trunks. 
Due to transmission impairments that could be incurred in these 
trunks, it is necessary, initially, to restrict their length to less than 
1500 feet. This in turn implies that the offices served must be in close 
proximity to the local test center. Figure 3 is a simplified illustration 
of the test-access trunk arrangements. 

3.3 Test Access Trunks 

The main functions of the LTD are to isolate line troubles, temporarily 
remove the line from service, and dispatch repair personnel. The six 
different types of test-access trunks provided permit test personnel 
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to perform the first two of these functions. The types of trunks and 
their function are as follows: 
(i) Six-wire wideband test trunks. These trunks provide test personnel 
with the means for obtaining access and testing the audio and 
video portions of lines, PBX trunks, and remote switch unit 
(RSU) links. 

(ii) Two-wire test trunks. These trunks allow tests to be performed 
on the audio portion of a line without requiring the use of a six-
wire wideband test trunk. 

(iii) Two-wire MDF trunks. These trunks permit test personnel to 
split or bridge the audio line at the main distributing frame 
(MDF) in order to determine if an audio trouble is in or out of 
the central office. 

(iv) Four-wire MDF trunks. These trunks permit test personnel to 
split or bridge the video line at the MDF in order to determine 
if a video trouble is in or out of the office. 

Fig. 2—Local Test Desk No. 15. 
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Fig. 3—Test access trunk arrangements, Local Test Desk No. 15. 

(y) Loudspeaker trunks. These trunks are used for communication 
purposes and allow test personnel to call for assistance at the MDF 
location. 

(vi) Holding trunks. These trunks allow test personnel to remove a 
PBX trunk or RSU link from service if trouble is encountered. 
The trouble would then normally be referred to personnel at the 
Testboard No. 23. 

3.4  Test Trunk Selection 

The test trunks to the various offices served by a test center equipped 
with LTDs No. 15 will be shared by each of the test desks in the 
test center. This is accomplished by providing each LTD with a small 
switching network. The trunks have multiple appearances on the of-
fice side of the network as shown in Fig. 3 and each LTD "bids" for 
a trunk by means of one of its two access circuits. The bidding for 
a test trunk involves the following key selections at the LTD: 

(i) Select one of the two access circuits. 
(ii) Select the office desired. 
(iii) Select the type of trunk desired. 

Upon the third selection, control circuits in the LTD test to deter-
mine which trunks are busy and return a display indicating the status 
(busy or idle) of each trunk in the group desired. One of the idle 



650  THE BELL SYSTEM TECHNICAL JOURNAL, FEBRUARY  1971 

trunks is then selected by a key operation and the LTD is cut through 
the network to the test access trunk which connects to an incoming 
test trunk in the desired office. This test trunk is in a loop-back mode, 
as far as its video pairs are concerned, and at this point looped 
measurements can be made from the LTD to check the continuity 
or quality of the looped test trunk to the designated office. 

3.5 Line Access 
Normally, having selected the test trunk, test personnel would key 

up the necessary digital information to make a line connection, ob-
serve a display of the information, and verify it. To access a line this 
information needs to be spilled forward to the distant office. This is 
accomplished by a key operation which results in opening the distant 
office trunk loop-back and bidding for a trunk-test register to receive 
the digits. The register is attached and a reversal of battery signal is re-
turned to the test desk. This signal activates a temporary store in the 
test desk and results in the digits being spilled forward. The register 
receives them, passes the information to the marker, and a connection 
is made to the line. Figure 4 is a simplified illustration of the arrange-
ment. 

3.6 Local Test Desk—Central Office Communication 
The digital information required by an office for testing in the tele-

phone network is the directory (four-digit) number. With Picture-
phone service, however, additional digits are used to provide a number 
of desirable and necessary features. For example, if only the video por-
tion of a customer line has been found in trouble, there is no need to 
bar service on an audio-only basis. Consequently, provision has been 
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Fig. 4—Picturephone line maintenance arrangements. 
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made for the common control equipment in the office to recognize this 
and allow non-Picturephone calls to be completed. A line in this state 
is said to be in trap. The test desk needs the ability to place a line in 
trap, determine if a line is in trap, make a test call to a line in trap, and 
finally remove the line from trap following its repair. This requires 
that more than just directory information be passed between the test 
desk and the switching machine. 
In accessing a group of PBX trunks or RSU links,' the normal func-

tion of the switching machine is to hunt over the group, select an idle 
one, and complete a connection. In testing Picture phone circuits, how-
ever, it is desirable to be able to select a particular trunk or link and 
this also requires passing more information to the switching machine. 
As a result of these considerations and others, the No. 5 crossbar 

common control requires a maximum of 19 digits for completion of an 
LTD test call. The first five digits provide class information which 
indicates to the switching machine the type of call being made. Digits 
6 through 8 cover special features such as canceling the continuity 
check, overriding a make busy or inhibiting hunting. Digits 9 through 
12 identify the particular RSU link or PBX trunk to be used in the 
call and digits 13 through 19 identify the station being called. In cases 
where particular digits are not required for a call, a skip (SK) digit 
is sent. 
Errors are minimized by a provision whereby the keyed digits are 

temporarily stored in a register and displayed for verification before 
being spilled forward. In many cases, only a few of the digits will 
change from test call to test call and for ease of operation a partial 
erase feature is provided. 

3.7 Trouble Isolation 
The primary function of local test centers is the detection and isola-

tion of troubles in customer lines. Since personnel are ultimately dis-
patched to clear the trouble, it is essential that troubles be pinpointed 
as much as possible. The line facilities for Picturephone service will 
generally include active devices or cable equalizers with a loop-back 
at the key system or station set when it is in the idle mode." With this 
arrangement, faults on the video pairs can be detected by transmitting 
test signals over the line and observing the returned signal. Should 
there appear to be a cable equalizer failure, a portable cable equalizer 
fault locating test set may be used at the LTD to isolate the trouble. 
With this test set, a major fault can be isolated by interrogating each 
equalizer with its own preassigned low-frequency signal. If operating, 
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the cable equalizer will return a signal one half the frequency of the 
interrogating signal. 
Test terminations (Section VII) are also provided at RSUs and PBXs 

so that the LTD can test the individual links making up a connection. 
In this use, the test termination would be accessed from an LTD over 
a particular RSU link or PBX trunk. Upon seizure, the test termination 
returns a signal which tests the far-to-near condition of this link or 
trunk. After a timed interval, the test line will then establish the loop-
back condition and the test desk can then send a signal over the 
line, testing the condition of the transmit portion of the link or trunk. 
These arrangements will enable test personnel at the LTD to analyze 
and diagnose troubles. 

IV. TRUNK MAINTENANCE 

4.1 Planning Considerations 
Trunk testing facilities in the existing telephone network have gen-

erally used a dedicated jack arrangement whereby the various test-
access points in a trunk circuit are wired to a set of jacks and lamps 
in a testboard. The lamps are used to provide the trunk status in-
formation while jacks provide access to particular leads or points for 
test purposes. Typically, the transmission and control leads (tip, ring, 
and sleeve) are brought over by a bridged connection from the trunk 
circuit and signaling leads are looped through testboard jacks to per-
mit signaling tests. Access to the test equipment is generally made 
through a set of cords which are manually plugged into the jacks. 
The jack access arrangement, normally used in testboards, is 

undersirable for Picture phone trunk maintenance. The use of a multiple 
off of a wideband pair could cause transmission difficulties because, 
electrically, it is equivalent to a high frequency bridge-tap stub. 
An effective method of minimizing this problem is to provide 
switched access for reaching these pairs. This method of access was 
provided for both the video and audio transmission pairs. In addition 
to the transmission testing, however, there is still the need to provide 
access to the control and signaling leads as well as to get trunk status 
displays. The most economical means of doing this was deemed to be 
the use of the direct cabled, jack access arrangement. The Testboard 
No. 23 was developed with these considerations in mind. 

4.2 Testboard No. 23 
The Testboard No. 23 comprises two individual test positions. One, 

the transmission test position (TIP) is cordless and key-ended; it uses 
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switched access through the No. 5 crossbar machine to gain access to 
the transmission pairs of trunks. The second position, the miscella-
neous test position (MTP), is a cord type position which provides jack 
access to the control and signaling leads of the trunk circuits. The 
number of MTPs depends primarily on the number of trunks in an of-
fice while TTPs will be provided as required by the maintenance load. 

4.2.1 Transmission Test Position 
The TTP is a cordless, upright test position which provides key-up 

access to circuits and test equipments (see Fig. 5). Access to test 
trunks is obtained by selecting one of two access or position circuits 
and bidding for the test trunk by a key operation. The access to cir-
cuits to be tested is provided by keying-up the necessary digital in-
formation, observing a display of the keyed information, verifying, and 
then spilling the information forward to the switching machine. This 
is accomplished by a key operation which results in a trunk test 
register being attached to the incoming test trunk in the office (see Fig. 
6). The register returns a reversal of battery signal which activates a 
temporary store in the testboard and results in the digits being spilled 
forward. The register receives these, passes the information to the 
marker, and a connection is set up. All audio and wideband transmis-
sion testing is done from this position and various test sets can be 
switched into the circuit through the use of associated keys. In addi-
tion, a jack-ended arrangement is provided to permit the use of mis-
cellaneous, low frequency, portable test equipment at the position. 

4.2.2 Transmission Test Position—Central Office Communication 

The primary function of the testboard is the testing of the interoffice 
trunks, PBX trunks, and RSU links. To accomplish this, the testboard 
has access to the two sides (line link and trunk link) of the No. 
5 crossbar network and more digital information is required by the 
switching machine to service test calls then in the case of the LTD. 
The information required for handling a test call from a testboard 
consists of a maximum of 27 digits. The first six digits provide class 
information which indicates to the switching machine the type of 
call being made. Digits 7 through 10 identify the particular office 
trunk to be used in the call. Digits 11 through 13 cover special fea-
tures such as canceling the continuity check or overriding a make 
busy. Digits 14 through 17 are used to identify the particular RSU 
link or PBX trunk to be used in the call if the call is to an RSU or 
PBX. Digits 18 through 27 provide the destination address. In cases 
where a digit is not required for making a particular test call, a SK 
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Fig. 5—Testboard No. 23, Transmission Test Position. 
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Fig. 6—Picturephone trunk maintenance arrangements. 

I 

digit is sent. If, for example, a test call is being made to a distant office, 
there are no RSU links or PBX trunks involved. In this case, digits 14 
through 17 would be SK digits. 
Errors are minimized by temporarily storing and displaying the 

digits before outpulsing. Provision is made to allow partial erasures of 
groups of digits in the event an error is made. This also reduces the 
number of digits that needs to be dialed when successive test calls are 
of a similar nature and where only the address information is changing. 

4.2.3 Miscellaneous Test Position 

The switched access to transmission pairs in the TTP is possible 
since these pairs have an appearance on the No. 5 crossbar network. In 
the case of lines, these pairs are the only access points needed for test-
ing purposes. Trunks, however, are somewhat different for it is neces-
sary to have access to additional points in order to perform signaling 
tests, remove from service, restore to service, and to obtain individual 
and group status displays. The access points necessary to provide these 
functions do not have appearances on the network and consequently 
another means of providing the access is necessary. 
The MTP accomplishes this and provides the required access to the 

nonswitchable test points necessary for trunk maintenance. Access is 
provided by directly cabling, on a multiple or loop-through basis, the 
trunk leads required and by providing a set of dedicated jacks and 
lamps per trunk. The position is a manual one where access to test 
points is obtained by plugging cords in the proper jacks. The position 
is an upright frame type (see Fig. 7) with the same profile as the TTP. 
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Fig. 7—Testboard No. 23, Miscellaneous Test Position. 
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V. WIDEBAND MOBILE TEST BAY 

5.1 Introduction 

In the early years of Picturephone service, there will be a need in 
some offices for an initial "get-started" maintenance arrangement until 
the standard line and trunk maintenance facilities (LTD No. 15 
and TB No. 23) become available. The Wideband Mobile Test Bay 
(WBMTB) is intended to satisfy this need. 

5.2 Description 

The WBMTB (see Fig. 8) is a roll about type of cabinet contain-
ing the same wideband test equipment that is provided in the test 
desk and testboard. It is designed to provide a convenient, compact 
housing arrangement for the wideband test sets. The master test frame 
or other office equipment provides the means for the WBMTB to gain 
access to lines or trunks. 

5.2.1 Wideband Mobile Test Bay Arrangements 

The WBMTB will be used in three different arrangements. The first 
arrangement provides for using the WBMTB in the master test frame 
(MTF) area. In this case, the WBMTB uses the MTF to gain switched 
access to a line or trunk. Testing is done by connecting the WBMTB 
to the circuit by use of a cord. The various test sets are then connected 
by operating keys associated with the test sets. In some offices 
this arrangement may be undesirable due to the additional work 
load or demands on the MTF and also if the maintenance section is 
an area of high activity. 
A second arrangement is provided where the work load is not a 

problem but where it would be desirable to do the testing at another 
location. In this arrangement, the MTF still provides the means for 
accessing the circuits. The circuits, however, are trunked over to an 
auxiliary test location where the WBMTB is located. 
A third arrangement is provided for situations where the additional 

work load on the MTF is undesirable. In this arrangement the auxi-
liary test location has access to an incoming test trunk and is equipped 
with a priming set circuit and the WBMTB. The incoming test trunk is 
similar to the trunk used with the Testboard No. 23. This trunk is 
arranged to have access to the trunk test register in the office. The 
priming set circuit is designed to provide an equivalent means to keying 
up the digits necessary to access lines and trunks. This is accom-
plished by providing selector switches rather than a key set and regis-
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Fig. 8—Wideband mobile testbay 

ter. A line or trunk is accessed by setting the priming set circuit switches 
to the proper digits and operating a start key. The incoming test 
trunk is then seized and when a register attached indication is re-
turned, the digits are spilled forward on an MF basis and a connec-
tion is established. Testing can then proceed. 

VI. TEST EQUIPMENT 

6.1 Background 
It is evident that considerable testing experience will be necessary 
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before an optimum set of tests or test equipments can be specified. In 
view of this and the desire to start service as early as possible, general 
purpose test equipment is specified which is deemed to be sufficient 
for system maintenance and to obtain the necessary experience. The 
test sets chosen are: 

(i) A wideband oscillator, 
(ii) A wideband voltmeter, 
(iii) A video waveform oscilloscope, 
(iv) A Picture phone test signal generator, 
(0 A Picture phone noise measuring set, and 
(vi) A Picture phone station set. 

6.2 Test Sets 

6.2.1 Wideband Oscillator 

The wideband oscillator has a frequency response from 4 Hz to 2 MHz. 
In the frequency range of 30 Hz to 1 MHz the output is specified to be 
flat to within ±0.1 dB. This permits rapid measurements of trans-
mission characteristics without constant need for readjustment of the 
output level. The oscillator is capable of delivering +3 dBV into 
100 ohms with an output resolution on its level control of less than 
0.05 dB. The distortion products in the output signal are less than 
—40 dB. The frequency accuracy is given as within ±3 percent of the 
dial setting. 

8.2.2 Wid,eband Voltmeter 

In the main, this instrument is used with the oscillator for gain-
frequency measurements. The range of the voltmeter is specified as 
extending from —60 dBV to +10 dBV. While the signal levels, in 
general, will not be as low as —60 dBV it may be necessary to measure 
noise in this range. The upper range has been chosen on the basis of 
measuring signals on misaligned systems or running overload tests. 
The level accuracy of the instrument is  dB in the range from 
30 Hz to 600 kHz. Outside of this range the specification is relaxed in 
accordance with required low end and high end Picture phone roll-off 
characteristic. In addition, a "3 kHz Flat" filter may be selected. The 
instrument, with this filter, may be used for noise measurements in this 
frequency range. This will supplement the noise measurements made 
by the Picture phone noise measuring set which has a low frequency 
cutoff of 4 kHz. 

6.2.3 Video Waveform Oscilloscope 

One can select and display, (with the instrument being used for 
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waveform observation), either of the interlaced fields. A variable line 
select control is featured so that any line in a particular field can be 
observed. A discrete line select position is also available so that the 
eighth line in a field is displayed. It is intended that this feature be 
used with a specific signal generated by the Picturephone test signal 
generator (see part (ii) in Section 6.2.4). The amount of tilt observed 
on this eighth line is a measure of the low-frequency performance of 
an intervening transmission medium. 
The horizontal linearity of the oscilloscope is ±0.5 percent of full 

scale. Multiplication of the horizontal sweep rate (time-scale magni-
fication) by 5 or 25 is also available. In addition, external sync and 
free-run modes of operation are provided. (The free-run mode is useful 
for observation of noise or crosstalking signals.) 
An internal calibration signal is available for checking the vertical 

display of this instrument. This calibration signal allows for a stated 
accuracy of ±1 percent of full scale deflection. The required range of 
input levels is from 0.2 V peak-to-peak to 2.0 V peak-to-peak. An 
additional 12-dB gain switch is provided. This permits vertical magni-
fication of portions of the input signal. An internal graticule eliminates 
any parallax error when making measurements on the 8-cm by 10-cm 
display screen. 
Since the video information portion of the Picturephone signal is 

preemphasized, and the sync pulses are not, a response switch has been 
provided to allow for: 

(i) Viewing sync pulses (with video information still preemphasized). 
(ii) Viewing the deemphasized video (with the sync pulses being 

distorted because of the deemphasis process). 

In addition, this switch allows for: 

(iii) Viewing the 512-kHz modulation stripped from a differential 
gain (modulated stair-step) signal. 

8.2.4 Picturephone Test Signal Generator 

The Picturephone test signal generator has been developed for 
transmission and CODEO testing. The generator provides seven se-
lectable waveform patterns, some of which are shown in Fig. 9: 

(i) A white centered window, as it will appear on a station set, is 
produced by the signal shown in Fig. 9a-1. Such a display makes 
ringing and overshoots evident. The generator can also modulate 
this signal with a 256-kHz square wave as indicated by Fig. 9a-2. 
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- 1) (e-2) 

Fig. 9—(a-1) One-half white centered. (a-2) One-half white centered with 256-
kHz modulation. (b) Half white, half black. (c) Interconnecting Unit test signal. 
(d) Externally modulated signal. (e-1) Stair step signal. (e-2) Stair step signal 
with 512-kHz modulation. 
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(ii) A field time modulation waveform which will produce a picture 
on the station set that is half white and half black (horizontal 
dividing line) is shown in Fig. 9b. 

(iii) A signal which will produce a 4-kHz fundamental component 
for testing Interconnecting Units. See Fig. 9c. 

(iv) A 256-kHz square wave without sync or blanking is provided for 
CODEO testing. 

(y) A standard sync signal with the video containing a 1/2 white 
pedestal. This signal can be modulated by an externally derived 
signal. Fig. 9d illustrates this pattern with modulation. 

(vi) A seven step-staircase signal with or without a 512-kHz locked 
sine wave modulation. This signal would provide a grey scale 
as viewed on a station set. See Figs. 9e-1 and 9e-2. 

(vii) Sync format only. 

Any of the above patterns can be transmitted either with or without 
preemphasis.4 
One form of the Picturephone test signal generator permits it to be 

operated from a remote position. Such a unit is located on a miscellaneous 
equipment bay associated with the local test desk and testboard. 
The selection of patterns and necessary control functions is provided 
by switches and keys in the test desk and transmission test position. 

6.2.5 Picturephone Noise-Measuring Set 

In another paper4, the system requirements are given in terms of 
percentage time that the noise exceeds a specified level. This can be 
translated to the number of peaks exceeding a preset threshold by as-
suming an average effective duration for the noise bursts. This test set 
counts the number of those noise peaks that exceed a preset threshold 
level within a preset time interval. It is used also for making background 
rms noise measurements in the range from 0 to 100 dBrn. The measure-
ment range for impulse noise is from 30 to 100 dBrn. in 1-dB steps. Its 
maximum counting rate is six counts/second on an internally contained 
mechanical counter. When used with an external electronic counter, 
it can give indications of 5000 counts/second. It contains a spring-
driven timer adjustable from 0 to 15 minutes which shuts off the set at 
the end of a preset interval. A continuous hold position is also provided. 
Essentially, this instrument has a bandwidth extending from 4 kHz to 
560 kHz. Other shaped bandwidths such as Picturephone noise weighting 
may be selected by means of plug-in filters. The longitudinal balance of 
this instrument is greater than 70 dB at 25 kHz and greater than 
42 dB at 560 kHz. This instrument has an accuracy of ±0.5 dB and 
contains an internal means for calibration. 
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6.2.6 Picturephone Station Set 

This is a standard 2C video telephone station set used for commu-
nication purposes, for confirming trouble conditions, and for observing 
the effect of transmission impairments on any video test signal. 

VII. TRANSMISSION TEST TERMINATIONS 

7.1 Background 
Transmission test terminations are circuits, which upon seizure, as-

sume a particular state, or sequence through a number of states while 
returning preset signals for each of the states assumed. Test termina-
tions may appear on the line or trunk side of a network. On the line 
side, seven digits are required to access the termination and they are 
referred to as test lines. On the trunk side, three digits of a 10X type 
are generally required to access the termination and they are referred 
to as test trunks or 10X trunks. The function of a test termination is 
to provide one-person transmission, signaling, or operational test capa-
bility. 

7.2 Wideband Transmission Test Terminations 
Three transmission test terminations are being provided for Picture-

phone service: 

(i) The station video test termination, 
(ii) The wideband 100 type test termination, and 
(iii) The wideband 102 type test termination. 

7.2.1 Station Video Test Termination 
The station video test termination permits an installer to check the 

picture quality and Picturephone ringing feature of a station set. The 
test termination is accessed by dialing a special code from the station 
set being installed. Upon seizure the test termination transmits both a 
video and audio signal to the station. These signals are used to check 
the quality of the loop. A ringing test can be performed by flashing the 
switch hook and hanging up. Upon answer, the test termination estab-
lishes a loop-back condition only on the video pairs. The picture 
quality can be further observed by the installer viewing himself over 
this central office loop-back and comparing this with the picture that 
results when he views himself on a local loop-back in the station set. 

7.2.2 The Wideband 100 Type Test Termination 
The wideband 100 type test termination provides a means for mak-
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ing far-to-near noise measurements on the video and audio pairs of 
trunks. This test termination is accessed by dialing a special code 
which may be 100 if it is on the trunk side of the network; seven digits 
if on the line side of the network. In either case, upon seizure the 
test termination will return a 10-second, 1-kHz, —10dBV tone over 
the video pair. At the end of this time the termination will remove the 
tone and terminate the audio and video pairs. The test termination 
will remain in this state while permitting a noise measurement to be 
made. After an automatic time out, it will return to its idle state with 
the video pairs looped-back and the audio terminated. 

7.2.3 The Wideband 102 Type Test Termination 
The wideband 102 type test termination provides a means for mak-

ing loss measurements on the video and audio pairs of trunks. This 
test termination is accessed by dialing a special code which may be 102 
if the termination is on the trunk side of the network; seven digits if 
on the line side of the network. In either case, upon seizure, this test 
termination will return a 20-second, 1-kHz, —10dBV tone over the 
video pair and a 40-second, 1-kHz, O dBm tone over the audio pair. 
These signals are used for far-to-near loss measurements. At the end 
of the 20-second interval, the signal on the video pairs is removed and 
a video loop-back condition is set up for 20 seconds. This permits a 
loop-back loss measurement to be made on the video pairs. At the end 
of 40 seconds, the video loop-back is removed along with the tone on 
the audio pair. 

VIII. SUM MARY 

The line and trunk maintenance arrangements for the initial years 
of Picturephone service have been designed to provide a high degree 
of flexibility. The test equipment is sufficiently general to individually 
and collectively provide a wide range of test capability. This is par-
ticularly important in the early years as experience is gained and 
improved test methods are evolved. 
The switched method of accessing circuits provides a versatile 

arrangement for testing the audio portion of trunks as well as provid-
ing the necessary access to the video portion. Incorporated in this 
arrangement is the new capability of exercising some control over the 
switching machine by directing it to cancel or override certain normal 
machine actions. Overall, the arrangements provide not only wideband 
test capability but also greater flexibility in the maintenance of lines 
and trunks. 
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Wideband Data Service 
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Use of the evolving Picturephone® network to provide common-user, 
switched wideband data service is another step in the continuing effort to 
satisfy the growing need for moving information faster, in greater quan-
tities, over longer distances, and at lower cost than is now possible. Full 
use is made of the planned network with but minor modifications to the 
basic face-to-face offering. Initial network capabilities permit synchronous 
data transmission at 460.8 kb/s; it is expected that data service at 1.844 
Mb 1 s will become standard as network improvements are made. 

I. INTRODUCTION 

The rapid growth of data transmission over the past several years 
has indicated a need for finding more efficient means of transmitting 
large amounts of data. At present, the majority of data transmission 
occurs at rates of a few kilobits per second over voicegrade facilities. 
Modern computer-associated equipment is capable of operating at 
rates several orders of magnitude greater than this with no significant 
economic penalty. For data service at such high speeds, wideband 
private-line facilities are available. Additionally, a common-user 
switched wideband service, called Data-Phone 50, is presently avail-
able to provide 50-kb/s transmission capability over a four-city 
experimental network. Data service using the planned nationwide net-
work of Picturephone facilities will provide speed capability an order 
of magnitude greater than this. 
Wideband data service over the Picturephone network begins with 

the offering of a switched 460.8-kb/s capability through use of the 
initial network of Picturephone facilities. Faster service at 1.344 Mb/s 
is anticipated as network improvements are made within the next few 
years. It is expected that provision of switched wideband data cap-
ability on the Picturephone network will be a significant step toward 

667 
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satisfying the growing need for high-speed data communications. This 
common-user switched service should be most attractive to users whose 
community of interest includes many stations spread over a wide 
geographical area with traffic volume to individual stations not large 
enough to justify the use of wideband private-line facilities. 

II. INITIAL SERVICE OBJECTIVES 

A design objective for initial data service is to make full use of the 
network with but minor modification to the basic face-to-face service. 
This must be done while recognizing that although the face-to-face 
signal occupies a 1-MHz bandwidth, various power, spectral distribu-
tion and processing constraints restrict the transmission of arbitrary 
1-MHz signals. For data-type signals, these constraints are most 
severe at the interface between the analog and digital portions of 
the network. 
The equipment used to provide this interface is called a codee.' 

The codee which will be used for initial Picture phone service was 
designed primarily for video service. To accommodate signals the 
analog interface is adaptively altered, but both data and video 
signals undergo the same basic encoding process. This process limits 
wideband data service to rates well below one megabit per second. As 
the network continues to evolve, an improved codee is expected to 
handle data rates up to 1.344 Mb/s by adaptively changing the en-
coding process as well as the analog interface. 
Both initial 460.8-kb/s and future 1.344-Mb/s service can be ob-

tained without extensive modification of the planned Picture phone 
network. Many plant items such as analog repeaters, central office 
switches and digital trunks will be shared between video and data 
service. The few differences that will be found between the services 
will be in codee operation, station arrangements, and maintenance 
procedures. 

III. LIMITATIONS ON DATA RATES 

The wideband transmission path in a typical Picture phone connec-
tion involving digital facilities will consist of an analog loop, switch, 
and trunk followed by a digital encoder, trunk, and decoder, and 
completed by the inverse analog trunk, switch, and loop. Several fac-
tors limit the bit speeds that can be realized through such a path at 
reasonable cost. These factors include the capacity of the digital 
trunks, technical and economic considerations in analog transmission, 
and the methods used to encode the analog signal into digital form. 
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3.1 Digital Transmission 
Specifically, the transmission rate of the T2-format bit stream used 

in the Picturephone plant is 6.312 Mb/s.2 A small percentage of the 
total bits transmitted must be reserved for control and synchroniza-
tion of the digital system but the remainder are available to carry 
message information. 

3.2 Analog Transmission 
A fundamental restriction on maximum data rate in analog trans-

mission is limited channel bandwidth. According to theory,8 the maxi-
mum two-level PAM bit rate that can be attained in the 1-MHz 
video channel without intersymbol interference would be 2 Mb/s. 
Practically, imperfections in the Picture phone loop and trunk trans-
mission characteristics reduce speeds that can be realized without 
unduly complex instrumentation to the vicinity of 1.5 Mb/s. Simple 
methods are available to encode data signals at rates up to that speed 
into the 6-Mb/s digital capacity of T2 bit streams. 
Although speed limitations have been discussed above in terms of 

bit rate, it is basically signaling rate that is limited by restricted 
bandwidth. Consequently higher bit rates are potentially achievable 
by transmitting more information per signal pulse; i.e., by using a 
multilevel signal format. In addition, more efficient use of the avail-
able band is possible if partial-response4 signaling is used. 
Unfortunately, both of these techniques for increasing bit rate will 

also increase the number of signal amplitudes that must be distin-
guished in order to recover the transmitted data. This, in turn, will 
reduce the error margin that the signal has against noise and crosstalk 
interference accumulated during transmission. The margin will be 
reduced even further by the distortions encountered on the analog 
facilities. 
To overcome the loss of error margin incurred by multilevel signals, 

it might seem reasonable to increase the transmitted signal power to 
the point where the error rate is reduced to tolerable levels. However, 
it is necessary to consider the possibility that high-power data signals 
will crosstalk into other services. To protect these services (particu-
larly face-to-face video), protective criteria that limit the allowable 
transmission power for data signals have been formulated.8 
In Section 4.1, it is shown that the interference, distortions, and 

power limitations that are expected on Picturephone analog loops 
and trunks will limit economically feasible transmission to binary 
PAM with a maximum rate near 1.5 Mb/s. 
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3.3 Digital Encoding and Decoding 
The objective of maximum alternate use of Picturephone facilities 

leads to the procedure of quantizing, sampling, and pulse-code modu-
lating the analog data signal just as if it were a video signal. It will 
be shown that this procedure is the principal factor in the choice of 
460.8 kb/s for the initial-service bit rate. 

IV. DATA CAPABILITIES OF THE Picturephone NETWORK 

To determine the exact capabilities for data transmission over the 
Picturephone network, the various components that form the network 
will be considered separately. In order of discussion, these components 
are analog loops and trunks, digital facilities, and analog switches. 

4.1 Analog Loops and Trunks 

The loops and trunks have beer& discussed in detail in a preceding 
papee only the pertinent aspects will be reiterated here when needed. 
The major source of interference to data signals in the analog plant 

is impulse noise; both system allocations and actual transmission tests 
indicate substantial operating margin against thermal noise and cross-
talk. Quantitatively, the maximum impulse noise level can be esti-
mated from the objective' for face-to-face Picturephone service. 
Measured on the equalized facilities, this objective is that the prob-
ability of base-to-peak weighted noise exceeding 18 millivolts be less 
than or equal to 1.5 X 10-6[P(N > 18 mV) 5 1.5 X 10-1. For con-
venience, the voltage threshold of 18 mV can be translated to a dBV 
threshold of —35 dBV. Then, noting that the face-to-face objective 
is a weighted objective, a 6-dB modification to —29 dBV is made 
since data service is not affected by subjective weighting, and will 
not use pre- and de-emphasis. Impulse noise distributions found on 
Picturephone facilities are expected to display a slope of 10 to 12 dB per 
decade change in probability. Applying a 12-dB slope to the —29 
dBV objective leads to the upper limit for system noise shown in Fig. 1. 
To determine maximum allowable data powers, reference must be 

made to the protective criteria for interconnection.' One criterion 
concerning power present in narrow bands is met with ample margin 
by random data signals, but a second criterion for total power in 
specified wider bands places severe restrictions on signal power. Calcu-
lations for the maximum reasonable binary data rate of 1.5 Mb/s 
indicate allowable transmission levels of 2.5 dBm. In terms of peak 
voltage across the 1002 line this level is —7.5 dBV. 
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Fig. 1—Ideal data performance relative to impulse noise objective for analog 
loops and trunks. 

The error performance of this signal can now be related to the im-
pulse noise objective discussed previously. To meet the usual wideband 
data error rate objective of 10  for a peak signal level of —7.5 dBV, 
it is required that the probability of noise greater than —7.5 dB be 
less than or equal to 2 X 10 6[P(N > —7.5 dBV)  2 X 10-61. The 
factor of two arises from the 50 percent probability that the noise and 
signal are of opposite polarity. As shown in Fig. 1, the data performance 
objective is met with 11 dB of margin. 
So far the discussion has been concerned with the effect of noise on 

ideal signals. In practice, however, even with the in-band gain well 
equalized, two significant sources of signal distortion remain. The first 
of these is deviation of the net phase characteristic from an ideal 
linear characteristic, and the second is deviation of transmission 
characteristics due to the lack of temperature regulation on the loops 
and trunks for initial service. 
To investigate the effect of distortion on data signals, 1.344-Mb/s 

data signals were tested on simulated facilities. The results are illu-
strated by the "eye" patterns* of Fig. 2. The pattern of Fig. 2a was 

* An "eye" pattern is a bit-synchronized superposition of possible data signals. 



672  THE BELL SYSTEM TECHNICAL JOURNAL, FEBRUARY 1971 

taken with th best data set connected back-to-back and is, therefore, 
the reference pattern. Expected worst-case phase distortion was simu-
lated by 42 kft of 22 AWG cable maintained at constant temperature 
and gain-equalized by repeaters spaced at 6-kft intervals. The dis-
torted "eye" is shown in Fig. 2b. A Bode Equalizer9 was used to sim-
ulate worst-case distortion due to temperature variations. The 
equalizer shape was a compromise between the regulation character-
istics of 20 kft of 24 and 16 kft of 26 AWG cable; both of these have 
+8 dB of gain at the 1-MHz band edge corresponding to a 50°F 
temperature differential. The result is pictured in Fig. 2c. Measure-
ments of the "eye" patterns at the sampling points show an effective 
loss of margin against noise relative to an ideal undistorted signal of 
0.6 dB, 1.5 dB, and 1.5 dB for back-to-back, phase distortion, and 
temperature distortion respectively. The phase and temperature dis-
tortion conditions used in these tests are extreme. It is not unreason-
able, therefore, to allot 3 dB of margin for worst-case facility distor-
tions and data set tolerances. 
It is anticipated that second-generation cable equalizers will include 

both temperature regulation and improved phase control, but the extra 
margin derived therefrom will be allocated for the extension of loop 
and trunk length. Therefore, no appreciable improvement of analog 
transmission performance should be expected from second-generation 
facilities. 

e  e 
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Fig. 2—Eye patterns for a 1.344-Mb/s data signal transmitted: (a) back-to-
back, (b) through a phase distorted channel, and (c) through a temperature dis-
torted channel. 
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The effect of distortion can be related to the performance curve of 
Fig. 1. The ideal signal has an 11-dB margin against impulse noise. If 
3 dB of this is allotted to facility and data set distortions, 8 dB of 
margin remains to be distributed between gain misalignment, thermal 
noise, and crosstalk interference. 
From the preceding considerations, it can be concluded that data 

transmission at rates up to 1.5 Mb/s is feasible on the Picturephone 
analog loops and trunks. The transmission levels will cause neither 
excessive interference into other services nor excessive susceptibility 
to impulse noise. However, margins are so small that transmission at 
higher bit rates appears unlikely without appreciable increase in data 
set complexity. 
Before closing this section, two additional points should be consid-

ered. First, it will be shown in the following section that the initial-
service codee will not support data rates much greater than 500 kb/s 
and signals encountering digital trunks will be subject to codee 
jitter and quantizing noise. Furthermore, network protection criteria 
impose more severe power limitations on signals in this speed range 
because their energy is concentrated in the region of the transmission 
band where the risk of crosstalk  interference to other services is 
greatest. Fortunately, cable equalization tends to concentrate inter-
ference at the high end of the band; the amplification needed to offset 
cable rolloff enhances the high-frequency components of noise and 
crosstalk. This tends to make the signal and interference spectra 
disjoint; the net result is expected to be performance at least as good 
as that at 1.5 Mb/s. The expectation has been borne out by prelimi-
nary testing on Picturephone trial facilities. 
The second point concerns low-frequency transmission characteris-

tics. To allow for dc potential differences between repeaters, the trans-
mission path must be ac-coupled. The cutoff is in the vicinity of 1 Hz; 
the associated time constant is on the order of 160 ms. With the 
20-stage scrambler/descrambler normally included in wideband data 
sets,a the probability that more than 20 consecutive symbols of the 
same polarity will be transmitted is negligible. At a 500 kb/s rate, this 
corresponds to only 40 es without a signal transition. It is clear, there-
fore, that low-frequency cutoff will have no appreciable effect on 
Picturephone data transmission. 

4.2 Digital Facilities 
As mentioned in companion articles,7. 10 digital facilities will carry 

the bulk of Picturephone toll transmission. The basic building block 
of the digital facilities is the 6.312 Mb/s differential pulse code modu-
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lated (DPCM) signal derived from the A/D operation in the codec. 
This bit stream may be transmitted by itself over T2 facilities or 
multiplexed with other bit streams for transmission over radio or 
coaxial carrier systerns.n• 12  

4.2.1 Codee Operation 

The interface between the digital and analog facilities is provided 
by the codec which uses differential encoding to transform the nominal 
1-MHz analog signal to a 6.312 Mb/s PCM signal.' Because of basic 
format differences between video and data signals, it is necessary that 
the codec be able to operate in two distinct modes. This is achieved by 
sensing the presence or absence of video sync signals to determine 
whether the input signal is video or data. 
For data signals the codec operates as a simple nonsynchronous 

differential encoder. The input signal is brought to a nominal level, 
0.72 volts peak-to-peak, by a ±6 dB AGC which compensates for all 
but catastrophic gain misalignment in the analog plant. This signal 
is then sampled at a 2.016 MHz rate with each sample differentially 
encoded into one of eight signal levels (±12, ±36, ±84, ±180 milli-
volts relative to the input signal level). The resultant levels are then 
3-bit encoded; framing, stuffing and signaling bits are added; and a 
6.312-Mb/s PUM signal is delivered to the digital facility. At the far 
end, the opposite procedure is used to recover a nominal-level analog 
signal to be sent to the appropriate end section. This is illustrated 
in Fig. 3 which compares a typical data signal as seen at the input of 
the near-end codec, Fig. 3a, to the resulting signal at the output of the 
far-end codec, Fig. 3b. 
From Fig. 3 one can observe the distortion caused by three types 

of impairment introduced by the codec: jitter, slope overload, and 
quantizing noise. Jitter is introduced into the signal by the nonsynchro-

(a) (b) 

Fig. 3—A typical 460.8-kb/s data signal as found: (a) at the input to a near-
end codee, and (b) at the output of a far-end codee. 
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nous method of sampling used in the A/D conversion. The amount of 
peak-to-peak jitter, equal to the reciprocal of the sampling rate, is 
approximately 0.5 µS. It is usually desirable to keep the total range of 
jitter in a data signal less than 50 percent of a bit period to ensure 
detection of the signal near its peak. Therefore, codec jitter can be 
thought of as imposing an upper limit of one half the sampling rate, 
or 1.008 Mb/s, on binary data transmission. 
Slope overload considerations also limit data signals in the follow-

ing manner. The use of differential encoding with a maximum step 
size of -±180 millivolts means that the codee output signal cannot rise 
at a rate faster than 180 X 2.016 or about 360 mV per its. Thus, for 
high-level or high-speed signals, the output will not be able to track 
the input accurately. For a rectangular pulse at the input, the point 
at which the output signal can no longer rise to the peak of the input 
signal in one pulse interval is referred to as the overload point. This 
is illustrated in Fig. 4 where it is seen that the output, bottom trace, 
cannot rise to the peak value in a single bit interval. However, if the 
input remains constant over several bit intervals, the output can attain 
the peak amplitude of the input. Figure 4 then illustrates operation 
beyond or above the overload point. Operation below the overload 
point requires the number of samples per bit interval to be greater 
than the signal voltage divided by 180 mV. For the planned 0.72-volt 
data signal, four samples are required per bit interval, thus placing 
an upper limit of 504 kb/s on the data speed. 
In addition to jitter and slope overload impairments, the codee, 

through the process of A/D conversion, introduces distortion known as 
quantizing noise. For worst-case bit combinations at the input, codee 
operation is just below the overload point such that maximum 
quantizing steps are used continuously. Since the signal is simultane-
ously undergoing jitter, argument can be made that the worst-case 
quantizing noise found on data signals is 180 mV or 25 percent of the 
peak data signal. This analysis must, of course, be tempered by far-
end loop and data set considerations. The analog loop will add noise to 
the signal and the data set will contain a low-pass receive filter with 
the result that the quantization noise will become hidden in other 
impairments. 
From the above discussion, it is apparent that data transmission 

above one megabit through initial codees suffers from a large amount 
of jitter and a low overload point. Since transmission should be sat-
isfactory at rates below 500 kb/s, initial service will be offered at 
460.8 kb/s, a rate that is compatible with present private line offerings. 
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Fig. 4—A 460.8-kb/s data signal operating beyond the overload point of the 
codec. Top trace is a high-level input which produces the overloaded output 
seen in the bottom trace. 

4.2.2 Transmission Facilities 
Having been transformed by a codee into a 6.312 Mb/s DPCM bit 

stream, a data signal is indistinguishable from a similarly encoded 
video signal. In either case, the DPCM signal can be transmitted to 
the far-end codee via any one or any combination of digital transmis-
sion facilities. The DPCM signal can occupy a complete T2 line or 
be multiplexed through a M2R onto the digital channels carried on 
TD-2 radio.11 
L-Mastergroup Digital terminal equipment (LMD) multiplexes two 

6.312-Mb/s bit streams onto mastergroups on L-4 coaxial systems.i2 
Future higher capacity digital and analog systems will also include 
the necessary multiplexers to enable compatibility with the T2 format. 
Whatever the facility, the digital bit stream is expected to contribute 
less than 10 percent of the overall data error rate, so that, for most 
practical cases, the eodecs may be thought of as being back-to-back. 
That is, any distortion introduced into a data signal by a digital 
facility will in all likelihood arise within the codee and be independent 
of distance.13 

4.3 Analog Switches 
As has been described in a preceding paper,14 wideband video switch-
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ing on the Picture phone network will be realized by four-wire video 
switches slaved to the associated voice-pair No. 5 crossbar switches. 
Questions on the capability of these switches for handling wideband 
data services in the megabit range are: (i) what effect in terms of 
crosstalk would wideband data services have on video-telephone ser-
vices sharing the same switch, (ii) to what extent are wideband data 
signals impaired by switch characteristics, e.g., reflections from stub 
multiples, mismatch, etc., and (iii) what is the effect of office switch-
ing noise on data? 
To answer the first two equations, data transmission tests were 

conducted on a laboratory model No. 5 crossbar Picture phone switch. 
Crosstalk investigations included measurement of near-end crosstalk 
(NEXT), far-end crosstalk (FEXT), and measurements in which 
both types of coupling paths contributed. The transmission perform-
ance of the switch was determined by "eye" pattern observations of a 
1.344 Mb/s data signal for one passage through the switch from wide-
band-line link frame (WBLL) to wideband-trunk link frame (WBTL), 
as well as for a loopback connection on the WBTL side of the switch. 
The question of impulse noise could not be answered by direct measure-
ment; the model switch is not in a real central office environment and 
field installations were not available at the time of the tests. 
Based on the measurements made on the laboratory switch model, it 

appears that dual use of the Picturephone switching plant for wide-
band data will present no difficulties either in terms of data inter-
ference into video, or in the quality of transmission through the 
switch. With crosstalk power weighted by the Picture phone noise 
weighting and de-emphasis curves, the worst-case crosstalk inter-
ference from a data disturber was found to be —83 dBV (RMS). This 
is well below the mean random noise objective of —75 dBV.7 Observa-
tions of the data signal "eye" revealed no significant transmission 
impairment. 
Without suitable test facilities, the effect of impulse noise can be 

estimated only on the basis of allocation. Since the switching office 
allocation is included in the overall impulse noise objective, it has 
already been taken into account in the discussion of analog loops and 
trunks (Section 4.1). 

V. INITIAL SERVICE 

In the preceding section, it has been shown that the initial network 
of Picture phone facilities will not support data speeds greater than 
500 kb/s. Therefore, an initial offering of 460.8-kb/s service was 
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chosen for compatibility with private line services presently being 
offered through use of Ti carrier facilities. Other possible speeds may 
arise from customer provided data sets that comply with network 
protection criteria. 
Modifications of the analog video plant are not necessary to provide 

data service. A loop conditioned for video transmission can be used 
by either service. This applies even when the customer uses the net-
work for data transmission without subscribing to Picturephone 
face-to-face service. 
The terminal equipment that currently provides short-haul 460.8 

kb/s service on Ti lines is the Data Station 303 that includes a Data 
Set 303J25, a Ti Wideband Modem, and a Ti Line Terminating Unit. 
For initial Picturephone service, a new version of this data station 
has been developed. The changes that have been made include the re-
placing of the Tl-oriented equipment by a 114A Interconnecting Unit 
and modifying the data set (recoded as the 303J26) as required for 
interconnection with the 114A. In addition, the telephone handset 
associated with a video station is replaced by an 804 Data Auxiliary 
Set (DAS) that provides data-oriented line control functions as well 
as handset and dial. The complete data station for Picturephone net-
work application is pictured in Fig. 5. 
Call set-up for data will proceed in the same manner as for video. 

The call will be originated from the 804 DAS by dialing the desired 
number preceded by the # prefix to indicate that a wideband channel 
is required. As the call progresses, maintenance-loopback testing and 
removal will take place in normal fashion. When the connection is 
completed, either by manual or automatic answer at the called end, 
the wideband circuit is ready to accept the data signal. 
In addition to the line-continuity testing by the Picturephone 

Maintenance Loopback feature, the data station will have the cap-
ability for both remote and local data testing. As in existing data 
services, this capability will be provided by the line and test unit 806 
DAS operating in conjunction with the 804 DAS. The specific tests 
involved permit isolation of troubles to the transmission facility, the 
data station, or the customer's equipment by looping the signal at 
interface points and monitoring transmission quality. The tests are 
originated and monitored remotely from a Data Test Bay in a 
serving central office. 

VI. SUM MARY AND CONCLUSIONS 

It has been recognized that the system of Picturephone facilities 
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Fig. 5—Typical Data Station 303 used for 460.8-kb/s data transmission on the 
Picture phone network. Lower shelves provide space for the VLTU (shown in 
position), and optional equipment such as an automatic calling unit. 
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provides a high-capacity, common-user switched network which can 
help satisfy the growing demand for wideband data transmission. 
Because of the objective that network facilities be used without altera-
tion wherever possible, data transmission over the network is now 
limited to rates below 500 kb/s. A rate of 460.8 kb/s, compatible with 
service now being provided over Ti carrier facilities, has therefore 
been chosen for the initial data offering on the Picturephone network. 
The upper bound on data speed is largely a result of limitations 

arising from the particular encoding process used to transform the 
local analog signal to digital form for long-haul transmission. However, 
as the network evolves, it is anticipated that alternate use codees will 
enable data transmission at rates above 1 Mb/s. Since investigation 
has shown that the analog portion of the network could support rates 
up to 1.5 Mb/s, it is expected that the next generation of wideband 
data service over the Picturephone network will be at the rate of 1.344 
Mb/s consistent with service now being introduced for use on Ti 
facilities. This expectation is contingent on possible video bandwidth 
compression techniques that may place additional limitations on at-
tainable data rates. 
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The Picturephone® System: 

Computer Access 

By P. S. WARWICK and G. W. PHIPPS 

(Manuscript received September 17, 1970) 

The ability to use a Picturephone® station. set to display computer 
generated information will be provided as an additional feature of Picture-
phone service. The basic element in providing computer-access service is 
the display data set, which acts as the interface between the computer 
and the Picturephone station, converting Touch-Tone® multifreguency 
signals from the Picturephone station into digital characters for the com-
puter and converting the computer output into a video signal for the station. 
The operation of the display data set and the influence of the Picturephone 
network characteristics on. its design are described in. this article. 

I. INTRODTJCTION 

In addition to face-to-face communication, Picturephone stations 
may be used to access computers. A Picturephone user can send infor-
mation to the computer using his station's Touch-Tone dial, and 
messages from the computer can be displayed on the Picturephone 
screen. Since the computer-access capability is an alternate use of 
Picturephone service, and the objective is that it not interfere with 
nor increase the cost of face-to-face communication, the additional 
hardware required has been designed so that no modifications to the 
station or network are necessary. 

H. COMPUTER-ACCESS SYSTEM 

2.1 Description 

The basic element of computer-access service is a display data set, 
which acts as an interface between the Picturephone network and a 
digital computer-communications system as shown in Fig. 1. To the 
Picturephone network, the display data set appears to be a standard 
Picturephone station. To the computer the display data set presents 
an interface like those used in standard voiceband data services. 

683 
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Fig. 1—Picturephone computer-access system. 

P CTUREPHONE 
SWITCH 

The essential functions of the display data set are to convert Touch-
Tone signals received from the station to ASCII* characters and trans-
mit them to the computer, to store ASCII characters from the com-
puter, and to convert them to the video signals required to refresh the 
display at the station. 
Since the display data set is connected to the Picture phone network 

like a standard station, it must be located in a Picturephone service 
area. However, there are two alternatives for connecting the display 
data set to the computer. If the display data set is located at the 
computer site, a direct cable connection is made to the computer. If 
the display data set is located remote from the computer, a dedicated 
four-wire voiceband data link is used to connect the display data set 
and computer; thus, the computer can be located outside of the Pic-
turephone service area. The economic decision affecting display data 
set location is governed by the cost trade-off between switched video 
facilities and dedicated voiceband facilities. The computer communi-
cates with a distant display data set in ASCII asynchronously at a 
1200-baud rate. If the computer and display data set are directly con-
nected, communication is possible at either 1200 or 2400 bauds. 
The display data set is connected over a standard Pictufrephone loop 

to a central office, private branch exchange, or key telephone system. 
On switched networks, it can be tested remotely from a test desk in 
the same manner as a Pi,cturephone station.1 A loopback feature in 
the display data set allows a test deskman to send Touch-Tone signals 
to the set and see them on the screen of his Pictureplwne set; this 

*American National Standard Code for Information Interchange (ANS 3.4-
1868). 
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provides a simple, but thorough, check of the display data set opera-
tion. For cases where a voiceband data link is used between the display 
data set and computer, trouble isolation procedures allow the test desk-
man to determine whether a trouble is in the Picture phone network, 
the display data set, or in the voiceband data link. 

2.2 Operation 
A user can place a call to the display data set and computer just 

as he would to another station. Referring to Fig. 2, a call to the com-
puter is answered by the Bell System 403E2 Data Set.' The user can 
then send messages to the computer using his Touch-Tone dial. The 
403E2 Data Set converts the Touch-Tone signals to contact closures, 
which the display data set converts to serial ASCII and transmits to 
the computer at 1200 or 2400 bauds. 
The computer responds to messages from the user with blocks of 

up to 440 alphanumeric characters. These blocks are received asyn-
chronously at 1200 or 2400 bauds and stored in a refresher memory. 
From these blocks, the display data set forms displays of 20 lines of 
up to 22 characters each. The content of the memory is converted to 
an interlaced video signal, mixed with synchronizing information, and 
transmitted to the station as required to refresh the display 30 times 
per second. 
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NET WORK 
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COMPUTER 
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DISPLAY DATA SET 
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Fig. 2—Picture phone computer-access system block diagram. 
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Figures 3 and 4 show sample displays on a Picturephone set. The 
display data set can generate 60 alphanumeric characters and 16 
graph characters; these are shown in Fig. 5. The graticule is dis-
played whenever any graph characters are shown. 
For editing displays, the user has the option of using an alpha-

numeric keyboard and a frequency shift keying data set (such as the 
Bell System 113A Data Set) in conjunction with his Picturephone 
station. When this is done, 110-baud serial ASCII signals from the sta-
tion are received by the Bell System 108A Data Sets (See Fig. 2) 
and speed-converted to 1200 or 2400 bauds before being sent to the 
computer. With the display data set in the edit mode, an alphanumeric 
keyboard can be used to modify the contents of the refresher memory. 
A movable blinking cursor, which marks the location of the next char-
acter to be written in the memory, is displayed in the edit mode to 
aid the user in altering displays. While in the edit mode, characters 
received from the keyboard are used only to update the display data 

DO W-JO NES  INDU STRIALS 

POINT 
INDEX  CHANGE 

PREV. 
CLOSE  760. 13 I  •0. 34 

NOON  764. 17  .9. 04 

CLOSE  760. 47  +0. 34 

REY 141  FOR  LIST. 

Fig. 3—Typical alphanumeric display. 
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Fig. 4—Typical graphic display. 
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set memory; they are not sent to the computer. When the user is 
satisfied with the display, he can request the display data set to trans-
mit the contents of the refresher memory to the computer for storage 
or processing. This feature allows users to retrieve files from the 
computer, to modify or update these files, and to send updated files 
back to the computer. 
During the call, the display data set continues to perform its 

conversion functions, handling inputs and computer responses as 
required. The information retrieval and input capabilities available 
to a user of Picture phone computer-access service are largely a func-
tion of the customer-provided programs. The display data set has 
been designed not to interfere with or react to most signals sent from 
the user to the computer, leaving most decisions affecting message 
formats and interactive procedures to the customer and program 
designer. Further, the display data set operation is generally under 
computer control; that is, except when the editing feature is enabled, 
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Fig. 5—Display data set character symbols. 

the user sends a request to the computer, and the computer signals 
the display data set to respond to the request. 
A call is terminated at any time if either the user hangs up or the 

computer transmits an end-of-call signal. 

HI. DESIGN CRITERIA 

3.1 Symbol Formation and Screen Capacity 
The maximum number of characters in a single display is deter-

mined by considerations of screen size and shape, Picturephone raster 
parameters, bandwidth and nonlinearities of the network and station 
set, and legibility of the resulting font.4 The maximum number of 
characters per line was chosen by an empirical evaluation of several 
different character shapes and sizes. A judgment was then made that 
a minimum length white segment should be about 0.5 es and the mini-
mum black segment about 0.75 ¡Ls, making a black-white pair at least 
1.25 p.s long. By choosing special designs for some characters (see Fig. 
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5) the maximum number of black-white pairs, including the space 
between characters, was limited to three per character. Thus, the 
minimum length of a character space is 3.75 es. This results in a maxi-
mum of 22 characters being displayable, as the visible portion of a 
horizontal sean line is approximately 85 ps, taking into account worst-
case Picturephone parameters and allowing space for margins on the 
sides of the display. 
The alphanumeric symbols in the display set are constructed on the 

basis of 0.25 /is subsegments of a scan line, with each white segment 
having at least two subsegments and each black segment having at 
least three subsegments. This allows more flexibility in character de-
sign than if a larger subsegment length had been chosen. A character 
has a 12-subsegment horizontal dimension, and an intercharacter 
spacing of three subsegments is provided for a total of 15 subsegments 
in a character space. The resulting character widths are a maximum 
of 0.165 inches (0.42 cm). Intercharacter spacing is 0.042 inches (0.11 
cm) to 0.07 inches (0.17 cm) depending on the particular characters. 
The maximum number of lines of characters is determined by the 

number of scan lines available. Because the Picture phone screen is 
not exactly rectangular, and accounting for worst-case parameters 
and margins on the top and bottom of the display, only about 207 
scan lines will always have the full 85-p.s sweep visible. Based on em-
pirical studies, seven scan lines were chosen as the vertical dimension 
for the character set. Allowing an interline spacing of three scan lines 
brought the total to ten scan lines per line of characters. Therefore, 
20 lines of text can be displayed. Character heights are thus 0.14 
inches (0.36 cm) with an interline spacing of 0.06 inches (0.15 cm). 
The sixteen graph characters shown in Fig. 5 may be used to dis-

play simple curves and bar charts. In order to provide good point 
spacing for graphs and continuity when creating bar charts, these 
characters were chosen to be ten scan lines high and 14 subsegments 
wide on the horizontal dimension. (The graticule occupies the 15th 
subsegment to provide horizontal continuity.) 
As mentioned above, the character shapes shown in Fig. 5 were de-

termined empirically, although some changes have been made in their 
designs based on experimental use. Subjective experiments are being 
run to compare the legibility of the present font with alternatives, for 
example, a font with larger characters and increased interline spacing, 
but with fewer possible characters per display. The effects of trans-
mission impairments and digital encoding and decoding on the differ-
ent fonts are also being evaluated. 
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3.2 Signal Shaping and Spectrum 
The minimum white scan line segment of 0.5 its used to form char-

acters has a fundamental component at 1 MHz. This is at the upper 
end of the Picture phone system bandwidth (station-to-station) which 
is down 20 dB at 1 MHz. The long horizontal parts of letters, such as 
the top of the letter E, are 2.5 its in width with a fundamental com-
ponent at 200 kHz. This results in the horizontal parts of letters being 
much brighter than the narrow vertical parts and greatly increases 
the apparent flicker of displays. To make letters evenly bright, the 
first and last subsegments of a white interval on a scan line are main-
tained at full amplitude while the middle white subsegments are re-
duced some 20 percent in amplitude. Figure 6 shows the effect of this 
shaping on a signal. 
The sharp black-to-white and white-to-black transitions inherent 

in computer-generated displays and the regularity of these transitions 
due to character spacing can result in an on-line signal with a fre-
quency spectrum quite unlike a typical face-to-face signal. Figure 7a 
shows the power spectrum for a display of text. (The sentence "Now 
is the time for all good men to come to the aid of the party" was 
repeated to fill 20 lines of 22 characters.) The spectrum of a face-to-
face signal is shown in Fig. 7b for comparison. As shown, certain 
harmonics of the horizontal sync rate are emphasized by the syn-
chronous nature of the alphanumeric display. These harmonics are 
located at 1/3.75 ,us, 2/3.75 es, etc., where 3.75 es is the horizontal 
character spacing. The amplitude weighting of the n/3.75 jas spectral 
lines is different for different displays. For example, if a page full of 
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"I's" were transmitted, the greatest power density would occur at 
1/3.75 »8, whereas if a page full of "H's" were transmitted, with two 
vertical strokes per character, the greatest density would occur at 
2/3.75 es. Similar considerations result in sidebands at multiples of 
1625 Hz on these harmonics. The relatively high power density peaks 
in the display data set signal and possible similar signals generated 
by Picturephone stations in the graphics mode are a factor in the 
transmission engineering of the network to insure that such signals 
will not cause excessive interference into other Picturephone circuits." 

IV. DETAILED DISPLAY DATA SET CIRCUIT DESCRIPTION 

4.1 Logic Circuits and Stores 
The bulk of the logic in the display data set is constructed with 

Western Electric RTL logic chips, coded 1J, 1K and 1L. These are 
respectively a quad 2-input gate, a dual buffer and a dual type-D 
flip-flop. The contact closure/Ascri translator and serial output circuit 
use commercial DTL circuits. The refresher memory is composed of 
commercial MOS static shift registers. The Ascir/video pattern trans-
lator employs a commercial braided transformer read-only memory. 

4.2 General System Organization 
A block diagram of the display data set is shown in Fig. 8. Serial 

ASCII characters from the computer (or the customer keyboard when 
in the edit mode) are sampled and converted to parallel information 
for the refresher memory. Control characters are also detected. 
Figure 9 shows part of a typical line of characters as displayed on 

a Picturephone screen. The Picturephone station is refreshed with two 
fixed-interlaced fields, one every 1/60th of a second.* Therefore, the 
odd scan lines in each line of characters on the screen are displayed 
on one field and the even scan lines on the next field. Because the 
character plus interline spacing is ten scan lines high with five lines 
in each field, the ASCII information corresponding to one line of char-
acters on the Picturephone screen must be presented for translation 
to video signals by the ASCII/Video pattern translator (Fig. 8) five 
times before moving on to the next line of characters. As can be seen in 
Fig. 8, the refresher store is divided into two parts, one consisting of 
the entire display, called the refresher store, and the other of the line 
of characters being scanned onto the screen at the moment, called 
the line store. These two parts of the refresher memory are synchro-
nized and operated in a start-stop mode, so that the required speed 



COMPUTER ACCESS  693 

REFRESFIEF1 M
EMORY 

• 

_ o 
oo WC 
ID 
<0 
Do 
0•• 
em 
tr; w 

1i 

1 

co 

we 
zo 
11-117, 

or 
<o 
3 

e 
u 
o 
U 

CONTROL LOGIC
 

o 

U-
0 

0 

Or 
<0 
w 

e 
or 
ao 
JG 

e 

e 
u 
o 

Op 
< a» 
w-

• 

UI 
2z 
0 0 J 

, W 2 < 

3  w-
Dre 2 
<Dpe aww 
zur 
O. 

III 

D   
I- a-

o 

<u/ 
0< 
-< 
0 

.1 F••• 

Fig. 8—Displa
y data set bl
ock diagram. 



694  THE BELL SYSTEM TECHNICAL JOURNAL, FEBRUARY 1971 

SEGMENTS 

12  12  151  12  1  12 

11111111111111111111111111 111111111111111 11 

1 -1   

tt 2 

10' 3 

Z 5 
Lu 6 

Z 8   
-< 
U 9   
u) 
10 

 1-> 

Fig. 9—Part of a typical character line. 

of operation is about 1 Mb/s. In addition to lowering the speed re-
quirements on the logic, this allows the use of low cost and compact 
MOS shift registers for the refresher memory. 
The refresher store consists of nine parallel 484-bit shift registers.* 

Seven of these store in parallel the ASCII characters making up the 
display. An additional register stores a flag marking the position of 
the next character to be written on the screen. This flag may be moved 
about under the command of control characters from the computer or 
from the keyboard associated with the Pictureph,one station. Another 
register contains a flag marking the character position in the top left-
hand corner of the display and is used when transmitting the con-
tents of the refresher memory to the computer. 
The line store consists of eight parallel 22-bit MOS shift registers. 

Seven of these store in parallel the line of ASCII characters which is 
presently being scanned onto the screen. The eighth register contains 
the flag bit marking the next character position to be written on the 
screen if that position is on the line of characters being scanned at 
the moment. 
The ASCII/video pattern translator accepts from the line store the 

seven ASCII bits of an alphanumeric symbol being scanned with the 
additional information of the one-out-of-ten scan line number from 
the control logic and generates a 14-bit parallel word. This word is 
the binary pattern corresponding to the appropriate scan line in the 
symbol. As mentioned earlier, there are 60 alphanumeric symbols in 
the display data set repertory, and each of these symbols is up to 12 

*The design described is capable of generating displays of 484 characters (22 
rows of 22 characters) even though only 20 lines of 22 characters are guaranteed 
to be fully visible. 
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subsegments wide and seven scan lines high, not counting spacing in-
tervals around each character. The patterns for these 60 symbols are 
generated by a read-only memory organized into 512 twelve-bit 
words. A nine-bit address formed from six of the seven ASCII bits of 
the symbol and three bits corresponding to the scan line number ac-
cesses one of the twelve-bit words. The 16 graph symbols are formed 
with combinational logic whose outputs are OR-ed with the memory 
output and fed into two alternating-feed shift registers, forming a 
parallel-to-serial converter. 
The control logic shifts the contents of the shift registers into a 

buffer circuit. Here the signal is shaped as mentioned in Section 3.2 
and preemphasized. Picture phone synchronizing signals generated by 
the control logic are then added and the composite video signal is 
matched to a Picture phone line with an unbalanced-to-balanced sig-
nal converter. 
The control logic provides synchronizing clocking for all these cir-

cuits and generates appropriately positioned horizontal and vertical 
synchronizing signals. The memory may be cleared at any time by a 
character (Ascii-ns) sent from the computer or station keyboard to 
the display data set. The control logic then clears the refresher store 
and positions the writing flag in the top left-hand character position 
on the screen. All subsequent characters are positioned in sequential 
order following this character unless flag-moving cursor control char-
acters are received. There are five flag-moving characters: Single step 
right (Ascii-HT), single step left (Ascu-ss), move vertically up one 
line (Ascn-rr), move vertically down one line (Ascn-FF), and move to 
the first character position on the next line down (Ascn-LF). The con-
trol logic moves the writing flag in the refresher store when these 
commands are received. 
A transmit command (Ascn-nc2) causes the control logic to place 

the ASCII character marked by the reading flag in the refresher store 
into a shift register and output clocking circuit for transmission to the 
computer. After transmission of the character, the reading flag is 
stepped to the next character position in the refresher store and the 
process is repeated until the entire contents of the refresher store have 
been transmitted to the computer. 
The Touch-Tone signals from the customer are received by the 

403E2 Data Set associated with the display data set and converted 
into two-out-of-seven contact closures. The 403E2 Data Set also per-
forms line supervision functions associated with the customer's call. 
The contact closures are translated by the contact closure/Ascii 
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translator logic into 1200- or 2400-baud serial asynchronous ASCII 
data for the computer. Serial data from an auxiliary alphanumeric 
keyboard is received via the 108A Data Set and speed-converted be-
fore transmission to either the computer or the refresher memory 
input of the display data set. 

4.3 Control Logic Functions 

A block diagram of the master clocking section of the control logic 
is shown in Fig. 10. The basic system clock is a 1.0-MHz crystal 
clock. Each scan line in the Picturephone system is 125 its long. The 
crystal clock is counted down by a 125-state high-speed counter, which 
defines each microsecond on a scan line. Counts in this counter define 
the horizontal synch interval, the start of the visible scan interval, and 
also drive another 134-135 state high-speed counter, which defines each 
scan line in the Picture phone raster. Counts in this counter define the 
first and last scan lines on which characters occur and the vertical 
synch interval in conjunction with counts from the 125-state coun-
ter. The precision of a crystal clock and count-down chain is required 
because each segment in each symbol on the screen must be positioned 
precisely with respect to the synchronizing pulses and with each other 
segment in the display to prevent distortion in the shape of charac-
ters. 
The type of high-speed counters used in the control unit were de-
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veloped by R. A. Thompson at Bell Laboratories in 1965 and are a 
form of feedback shift register. The circuit is an n-stage shift register 
with the conditioning input to the first stage being a one whenever 
stages n or (n — 1) are one. The counters have a worst-case propaga-
tion time of 2t where t is the delay of one stage, have (n — 1)2 + 1 
states where n is the number of stages, and any state may be detected 
with no more than a four-input gate plus sampling. 
At the start of each visible scan line in the display, a 4-MHz clock 

is started, which drives a 15-state counter and a 23-state counter in 
tandem. These counters define each character interval on the visible 
scan line, and when the 23-state counter reaches state 23, it turns off 
the 4-MHz clock. During a character interval, the 15-state counter 
defines a pulse which samples the output of the ASCII/video pattern 
translator in order to place its 14-bit output into the parallel-to-serial 
converter. The 4-MHz clock is used to drive the shift registers in the 
converter, and another state in the 15-state counter is used to step the 
line stores so as to present a new ASCII character for translation by the 
ASCII/video pattern translator. 
A ten-state counter, driven in tandem from the 125-state scan line 

counter, defines which scan line out of ten for each line of characters 
is being scanned at the moment. 
The refresher store and line store are kept synchronized to each 

other and to the display to keep their shift rates down to 1 Mb/s. This 
can be achieved by having the 22 ASCII characters, composing the next 
line of characters to be scanned on the screen, at the head of the re-
fresher store when the scanning of the present line of characters is 
over. Thus it is only necessary to step the refresher store 22 times 
while reading the new line of characters into the line store. The re-
fresher store then remains idle, with another new line of 22 charac-
ters at its head, while the line store circulates the 22 characters it 
has just received. The line store must step once after each character 
has been translated in order to present the next character for transla-
tion. It circulates its contents five times as the five scan lines compos-
ing one field of a line of characters on the screen are generated. Dur-
ing the horizontal blanking interval following the fifth scan line of 
this group of characters, the line store accepts a new group of 22 char-
acters from the refresher store. By this means it is never necessary to 
revolve the line or refresher store to look for any appropriate group of 
characters, since the required characters are always at the head of 
the store. 
The next requirement is to enter characters into the refresher store 
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as they are received from the computer or customer's keyboard. The 
input clocking circuit notifies the refresher store that a character is 
ready for entry. The refresher store waits until the first nominally 
idle interval when the line store is scanning a line of characters for 
translation. This interval is five scan lines or 625 es in length. The 
484-bit refresher store registers are then stepped 484 times at 1 Mb/s 
and are thus back in place before the line store is ready to accept a 
new group of characters from the refresher store. While the refresher 
store is thus being revolved, the control logic looks for the writing 
flag marking the character position to be written into. When the char-
acter position marked by the flag appears at the head of the refresher 
store, this position is cleared and the new character is entered as the 
position shifts into the tail of the refresher store. Thus synchronism 
between the line and refresher stores is maintained while characters 
are entered into the refresher store. There are a sufficient number of 
nominally idle intervals in a field so that characters can be entered 
at a 2400-baud rate. 
The next requirement is to be able to shift the position of the writ-

ing flag in the refresher store under command of the computer or 
customer's keyboard. This is achieved by giving the writing flag and 
reading flag registers outputs at the 483 and 484 stages and adding an 
extra 485th stage. The 484th stage output is the one normally used 
when revolving the store. When a step-left flag moving command is 
given, the refresher store is revolved once during a normally idle in-
terval, but the 483rd stage output is used for reentry on the writing 
flag register. This register thus appears one stage shorter than the 
other refresher store registers and the writing flag moves one char-
acter position to the left on the screen. To move the flag one step to 
the right on the screen and when entering a character into the store, 
the refresher store is revolved once, using the 485th stage output for 
reentry, so that the writing flag register appears one stage longer than 
the other refresher store registers. To move the writing flag vertically 
upward or downward, the step left or step right processes are re-
peated 22 times. To move the writing flag to the first position on the 
next character line downward, the step-right process is performed and 
a check is made to see if the writing flag is in the first character posi-
tion on a line. This process is repeated until the flag is in this position. 
It should be noted that stepping right at the end of a line brings the 
writing flag to the first position on the next line. The writing flag is 
also stored as an eighth bit associated with each ASCII character in 
the line store. During the edit mode the character position marked 
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by the flag is detected by the ASCII/video pattern translator and a 
blinking underline is displayed on the ninth scan line of the character 
window in that position. 
During all maneuvers of the writing flag and addition of characters 

to the refresher store, the reading flag in the refresher store remains 
at the first character position on the screen. When a transmit com-
mand is received, the refresher store is revolved once and the Ascn 
character marked by the reading flag is transferred to an output shift 
register. During this revolution of the refresher store the 485th stage 
output on the reading flag register is used so that after the revolution 
the reading flag has moved one character position to the right on the 
display. When the ASCII character has been transmitted to the com-
puter, the process is repeated for the next character and this is done 
484 times to transmit the entire contents of the refresher store to the 
computer. 
As mentioned earlier, a graticule is displayed on the screen when-

ever a graph character is present in the display. The graticule is gen-
erated by logically OR-ing with an analog weight the ninth scan line 
in each character position and the first and 15th bit on each scan line 
in each character position. The analog weights are so chosen that the 
graticule is equally bright in both horizontal and vertical components 
and suitably dimmer than the characters making up the graph, so as 
not be be obtrusive. 

V. EPILOGUE 

The technical feasibility of computer access from Picturephone sta-
tions was first tested at Bell Telephone Laboratories in an experi-
mental system. About 40 Picturephone users at Murray Hill and 
Holmdel, New Jersey, and 40 users at American Telephone and Tele-
graph Company in New York City have been able to call a computer 
located at Holmdel, to retrieve simple information (such as personnel 
statistics), to use the computer's calculating ability, and to use an 
alphanumeric keyboard to modify or update displays. 
The computer support for the experimental system was provided 

by available facilities at Holmdel. An IBM 360/50 computer operat-
ing with the System 360/Operating System under a multiprogrammed 
environment is used in the system. Two display data sets on the ex-
perimental Picturephone network are connected to the computer via 
an IBM 2701 Telecommunications Control Unit equipped with IBM 
Type III Terminal Adapters. 
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The Picturephone software resides in one partition of the 360/50. 
A small input/output software module, written in Basic Telecom-
munication Access Method and Basic Assembly Languages, resides in 
core at all times. The basic element of this module is a new device-
dependent program to support the display data set. 
A product trial of the display data set in a customer environment 

was carried out in cooperation with Westinghouse Electric Corpora-
tion. Westinghouse provided the computer support for Picturephone/ 
computer access using a Univac 494 computer and their own software. 
It was not necessary to make any hardware modifications. During the 
trial, over 900 Picturephone èalls were made to the computer by West-
inghouse executives and those testing the system. 
Display data sets are now being produced by Western Electric 

Company and are being used in initial Picturephone service. Com-
puter access capability appears to meet the objectives set for it ini-
tially. The service will no doubt be extended and improved as Pic-
turephone service evolves. 
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