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Abstract

The design of a one giga-
hertz fiber-to-the-pedestal CATV
system is described and discus-
sed. The system consists of nu-
merous unrepeatered fiberoptic
links from the headend to re-
ceiver-amplifier units in pedes-
tals. There is no cascading of
amplifiers. The two types of
amplifier units for this system
are described and the system per-
formance is discussed. Typical
equipment costs for the deploy-
ment and design trade-offs are
outlined. Other operational fea-
tures and efficiencies are also
described.

At the present time the ar-
chitecture of this fiber-to-the-
pedestal system is particularly
well-suited for dense concentra-
tions of dwelling units. How-
ever, the paper will indicate
the likely path of progression
from today’s fiber-to~the-feeder
systems to this fiber-to-the-
pedestal architecture for more
moderate subscriber densities.

BACKGROUND

During the past 18 months
the cable television industry
has made a dramatic move toward
fiber-to-the-feeder (FTF) system
architectures. 1In a paper® at

last year’s NCTA national meet-
ing we analyzed the reasons for
this shift in detail, but the
key advantages of FTF can be sum-
marized as:

High signal quality

Cost-effectiveness

Reduced outage rates

Subscriber-base segmenta-
tion

The one new feature underly-
ing FTF that has made it such a
successful architecture for
cable TV, however, is its use of
laser transmitters and optical
fiber to free the system design
from the requirement for a long
amplifier cascade with low dis-
tortions. The fiber link takes
the signal all the way into a
neighborhood with reasonable fi-
delity. The concomitant high
cost of the optoelectronics,
however, is offset by lengthen-
ing the distribution strings
from the conventional 2-3 ampli-
fiers up to 4-6 amplifiers, thus
serving greater numbers of sub-
scribers from each fiber node.
Additional reach is achieved by
allowing operating levels to in-
crease -- at the expense of dis-
tortions. The higher level of
distortions is not a problem in
FTF because there are so few
amplifiers in the cascade.

We report here on a system
under design that takes this
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distortion-vs—-reach trade-off to
the limit. In this system we
have reduced the "cascade" to a
single amplifier that is located
in a pedestal within drop-length
reach of a substantial number of
subscribers (appropriately
called "fiber to the pedestal"
or FTP).

FIBER-TO-THE-PEDESTAI SYSTEM

Increasingly during the
past year cable TV operators and
equipment vendors have been
faced with a dilemma. There has
been a clear need to increase
bandwidth for additional program-
ming services in the United
States and for UHF transmission
compatibility in Europe, but the
key electronic components -- the
amplifier hybrids -- have not
generally been available in the
bandwidths, gains and technolo-
gies required. Recently this
has begun to change, however, as
push-pull hybrids with good dis-
tortion performance up to 1GHz
have come onto the market, but
in limited gain versions. The
challenge for the equipment ven-
dors, then, has been to find
ways to apply this limited selec-
tion of hybrids to solve the re-
gquirements of system operators
without developing whole new
product lines for each applica-
tion.

Recalling that the fiber-
to-the-feeder architecture was
based on the idea of running a
small number of amplifiers at
relatively high levels —-- thus
enduring high distortion levels
in individual amplifiers but com-
pounding these distortions over
only a few units -- we were led
to explore what would happen if
the amplifier cascade was re-
duced down to its minimum, one
amplifier. It was proposed that
this might permit the use of
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push-pull hybrids in applica-
tions where only power doubling
and feedforward would normally
have been considered. What we
found was that one could, in
fact, have considerable reach
and reasonable costs in cases
where one was able to reach each
of 20-30 homes with 100-meter-
long drop cables from that sin-
gle amplifier. The amplifier
would be a combination fiberop-
tic node and post-amp, with the
optical and RF signals split as
many times as possible.

The system architecture is
shown in Figure 1. In the fol-
lowing sections the individual
components are described, the
system performance is reported
and the system economics are dis-
cussed.

Headend Pedestal

Receiver RF
Laser &\ Amplifier Splitter :
Opiical
Splitter /P
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\
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Fig. 1. Fiber-to-the-pedestal
system architecture

SYSTEM COMPONENTS

Laser Transmitters

Clearly one of the keys to
any cost-effective application
of fiberoptics in cable televi-
sion is the availability of
high-power, low-noise and low-
distortion laser transmitters.
In this application the require-
ments are the same as in others,

¢ the laser options are, as
well: single-output DFB lasers
and multiple-output YAG lasers.
In particular we have designed
for DFB’s with output powers of



4-6mW (6—-8dBm) and for YAG la-
sers with four i0mW (10dBm) out-
puts.

Commercially available DFB
lasers have RF input drivers
capable of 860MHz operation.
These can be upgraded to 1GHz
using the new push-pull hybrids.
The modulators in the YAG laser
systems, on the other hand, re-
quire high enough drive levels
that feedforward amplifiers ap-
pear to be required. Since the
commercial availability of such
high bandwidth feedforward gain
blocks is unclear at the pre-
sent, this paper deals only with
tests of the DFB’s.

For European applications,
where UHF frequencies are needed
but the channel count is modest
(i.e., 30 to 40, approximately),
single~fiber transmission ap-
pears to provide quite adequate
performance. For US applica-
tions, where a full 150-channel
line-up is intended, dual-fiber
systens appear to be required.

Optical splitting is called
for and is generally done in the
headend. We have designed for
splits up to 16-ways, which adds
13dB to the optical 1link loss.

Receiver/amplifiers

Two different fiberoptic
receiver/amplifier stations have
been developed for this applica-
tion. One is a single-output
"GlasPAL" device in a line-
extender housing, with plug-in
single or dual receiver and
transmitter cards. The unit
utilizes two 18dB hybrids in the
forward path and provides a
40dBmV output level for typical
received optical powers.

The second unit is a four-
output "Flamethrower" station
with similar plug-in optical re-

ceive and transmit capability.
This unit uses up to seven of
these hybrids and can provide
high-level outputs from each of
its four ports.

Tap array and drop cable

The system design objective
is to be able to reach 24-36
homes located within a 100m ra-
dius of the amplifier, for each
of the amplifier outputs. This
is done by providing an assembly
of taps immediately at the amp-
lifier output ports inside the
pedestal enclosure. As can be
seen from Figure 1, there is no
need for passing AC power
through the taps, thus they can
be designed for minimum loss.
Typical loss values at 1GHz
would thus be 3.6dB for a 2-way
split and 19dB for a 24-way.

In order to reduce losses
at these high frequencies the
drop cable selected is 1.6/7.3
(Cordaillod) cable. A 100m
length of this cable has attenua-
tions of 15dB and 4dB at 1GHz
and 100MHz, respectively.

SYSTEM CONSIDERATIONS

Powerin

AC power must be provided
at each pedestal since there is
no other way to bring power to
the receiver/amplifier. 1In
these units the power enters the
station via a separate AC feed
and is transformed down to 48VAC
for direct application to the
power pack inside the unit.

Return signals
Laser transmitters for data

return can be provided in each
station at reasonable cost (see
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econonic discussion below). The
need for video return at speci-
fic locations can also be accom-
modated (at an increased cost,
however). Perhaps of greater
interest is the ability to
readily plug-in one of the
higher-cost video laser cards
temporarily at any station for
"on~-the-spot" remote transmis-
sions (such as electronic news-
gathering), since one is never
far from an optical node station
in the FTP architecture.

END-OF~LINE PERFORMANCE

Design objectives

The intriguing aspect of
FTP systems is that the end-of-
line performance is determined,
for the most part, by the charac-
teristics of only one fiberoptic
link with post-amp.

In the most immediate ap-
plication of this system archi-
tecture -- a European system
transmitting forty 8MHz channels
plus data spread over the spec-
trum from 87-860MHz -- the per-
formance required at the set-top
is:

Carrier-to-Noise: 49dB, min
Composite Triple Beat: -55dB
Composite Second Orders: -53dB

The level to the subscriber
is 6-18dBmV, but the maximum dif-
ference in signal levels at any
particular set-top can be no
more than 8dB.

Furthermore, the system
economics require that all of
these specifications apply to
lengths of drop cable from 15 to
100m emanating from each re-
ceiver/amplifier.

The average fiber cable
length in this system is 6km,
which translates to an optical
loss of 2.4dB, plus splitting
loss.

Performance test results

In order to deliver the re-
quired levels to 24 homes from
one receiver/amplifier, the out-
put of the amplifier has to be
40dBmV. This results in the sys-
tem configuration shown in
Figure 2.

At a -4dBm input to the op-
tical receiver and a 4% optical
modulation depth, the CNR and
CSO performance requirements can
be achieved and the CTB require-
ment well exceeded. Interest-
ingly, there is essentially no
distortion contribution from the
receiver/amplifier hybrids at
this output level and loading.

£

24-Way

|| 20 O
-1.6dBm
Optical
Laser Optical Fiber
Splitter
DFB 1x6.7dBm 1x6 6km
YAG 4x 10dBm iIxI2 (24 dB)
RF levels (dBmV) 100 m drop:
(87 MHZ\360 MHz)
15 m drop:
Fig. 2.
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In order to supply —-4dBm to
the receiver with a é6km fiber
length, the output of a 4.7mW
laser can be split six ways.
Each output of a 10mW YAG laser
can be split twelve ways.

SYSTEM ECONOMICS

Using published laser trans-
mitter cost estimates®, we can
analyze the costs of the opto-RF
equipment for FTP in various
service scenarios. (See Table 1
for the assumed prices for the
key components.) It must be
kept in mind that each of these
scenarios will assume that all
of the calculated number of
homes can, in fact, be reached
by drop cables from the re-
ceiver/amplifier node. This
works out to a required sub-
scriber density of 2000 per
square mile, which is certainly
not typical either in the US or
Europe. There are numerous ur-
ban locales where such densities
are found, however. For refer-
ence, the average household den-
sity in Bern (Switzerland),
Washington, DC (US), and Paris
(France) is approximately 2800,
5000 and 27,000 per square mile,
respectively.

In the remainder of this
section, we will examine the
cost per subscriber and the
group size in a few different
deployment scenarios for this
architecture. The costs of the

Table 1.

DFB laser transmitter (DFB)
YAG laser transmitter (YAG)

Single-fiber receiver/amplifier (1GP)
Dual-fiber receiver/amplifier (2GP)
Single-fiber Flamethrower rcvr/amp (1FT)
Dual-fiber Flamethrower rcvr/amp (2FT)

opto-RF equipment and the sizes
of the service groups are sum-
marized in Table 2.

High density, low

channel load

Scenario 1:

We first consider a scen-
ario similar to the one discus-
sed above in the performance
testing section. It applies to
many situations in Europe, where
there is sufficient residential
density and the programming is
limited to about 40 channels
that are widely spaced across
the VHF and UHF bands. As has
been shown above, a single DFB
laser can provide transport of
these signals with acceptable
CNR and distortion performance.
In Table 2, the columns labelled
la and 1b show the results of a
4-way and a 6-way split of this
optical output, followed by a
single-fiber GlasPAL whose RF
output is split 24-ways. The
additional optical split in case
1b limits the fiber loss budget.
On the other hand Column 1c
shows that (for the particular
equipment prices given in Table
1) a YAG laser can deliver as
much optical power to each pedes-
tal as the initial case (1la) but
at the same cost as case 1lb, be-
cause the YAG laser allows much
more splitting. This has un-
favorable failure group size im-
plications, however. Note that
case 1b is the same as that
shown in Figure 2, except for
the optical fiber 1loss.

Estimated costs of opto-RF components

$12500%

650007
1750
2250
3250
4000
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Table 2.

Fiber-to-the-pedestal scenarios

Scenario: la 1ib lc 2a 2b 3a 3b 3c
Transmitter type DFB DFB YAG DFB YAG DFB DFB YAG DFB
No. of transmitters 1 1 1 1 1 2 2 1 1
No. of outputs 1 1 4 1 4 1 1 4 1
Opt pwr/output (mW) 5 5 10 5 10 5 5 10 5
Optical splits 4 6 8 4 8 4 5 8 4
Opt fiber loss (dB) 4 4 4 4 4 4 4 4 4
Opt pwr rcd (dBm) -3.5 -5.4 -3.8 -3.5 -3.8 -3.5 -4.6 -3.8 -3.5
Receiver/amp type 1GP 1GP 1GP 1FT 1FT 2GP 2GP 2GP
No. of outputs 1 1 1 4 4 1 1 1
RF splits 24 24 24 24 24 24 24 24
No. homes served 96 144 768 384 3072 96 120 768 96
Opto-RF $/home 203 160 158 66 55 354 302 309

Very high density,
single fiber

Scenario 2:

In an area of high sub-
scriber concentration, where a
four-output receiver/amplifier
may be used to advantage, we can
see dramatic dilutions of the
laser transmitter cost. Case 2a
shows that a DFB laser system
delivers signals at a cost of
only $66/sub. In comparison a
YAG-based sytem delivering the
same picture quality can reduce
that cost by 17%, but at a
eight-fold increase in failure
group size.

Scenario 3: High density, dual
fiber

In a scenario more relevant
to the US, where one fiber could
carry the lowest 77-channels and
a second fiber could carry al-
most 500MHz in a single octave,
the costs are, of course, high-
er, as shown in case 3a. Case
3b shows that an extra optical
split reduces the cost/sub, but
delivers what may be marginal
optical signals for this loss
budget. An interesting possi-
bility is the use of a YAG laser
for the lower band, where distor-
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tion performance will be criti-
cal, along with a DFB laser of
lower linearity spec for the up-
per band. If the high output
power of the YAG laser can be
shared efficiently, as outlined
in the final two columns of
Table 2, this scheme would lead
to a cost of just over $300/sub.
Furthermore fewer than 100 homes
would be served by the high-band
laser, so considerable market
segmentation would still be
retained.

Discussion

There are a few additional
observations that we have made
in the course of this investiga-
tion. First the models for
single-fiber systems should be
applicable to 550MHz transport
in the US today. Future up-
grades could be obtained by sub-
stituting dual-fiber receiver
cards for the single~receiver
plug-ins (provided, of course,
that enough extra fibers have
been included in the cable
provisioning).

As with all of the new
fiber-based architectures, the
system operator will have to



make sometimes difficult trade-
offs between service group size
and capital cost. It should be
noted that the high-power YAG
laser may be most useful for
long optical loss budgets, where
its power is needed. In the
scenarios we have discussed
above, which had relatively
short fiber lengths, the YAG
unit tended to generate exces-
sively large group sizes.

Finally the additional cost
for 2-way systems must be con-
sidered. The return of conven-
tional data (in this case by
laser, of course) adds approxi-
mately $2000 to the cost of a
fiber node. Since the node
serves 24 homes, this would add
about $85/sub. In the future,
one might envision that return
of video might be required,
which could also be done with a
plug-in card, but at a signifi-
cantly higher cost.

SYSTEM EVOLUTION

Fiber-to-the-feeder designs
being installed today provide
highly cost-effective systems
that serve on the order of 2000
subscribers from each fiber
node. In addition there are
ways to readily adapt some of
these installed systems so that
the fiberoptic signals can be
brought further into the network
and the service group decreased
by a factor of four, to about
500 subs.

The fiber-to-the-pedestal
architecture can be made to sup-
plement such systems. As has
been mentioned, FTP applies
today to high concentrations of
subscribers, as in urban areas.
It can also be used to bring new
services to specific areas with-
in a larger systemn.

As costs decrease (particu-
larly for the lasers and photo-
diodes) the cost-effective group
size will also decrease, which
means that FTP systems will
apply to less dense population
areas. Specifically, it should
be noted that when the cost can
be divided among as few as four
subscribers, then this equipment
would be capable of full 2-way
video service, since four NTSC
channels can be accommodated on
one video laser return.

CONCLUSIONS

In recent years many people
have endeavored mightily to
bring the advantages of fiberop-
tic transport to users of AM
video signals. The technical
successes on the component level
has engendered great changes in
the way we think about our cable
TV system architectures. 1In
this paper we have explored yet
another step in this conceptual
evolution. Our observation is
that a single~-amplifier FTP sys-
tem can be deployed effectively
today in certain cases. We also
see it as a logical outgrowth of
the fiberoptic technology and
systems already deployed and as
further evidence of the strong
position of the CATV industry as
the provider of broadband serv-
ices in the future.
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A COMPARISON OF LEADING EDGE COMPRESSION TECHNOLOGIES
Arun N. Netravali
AT&T Bell Laboratories

Abstract

Digital Television is fast becoming a re-
ality after decades of research. Broadcast,
Cable and Satellite distribution of entertain-
ment and sports television presents a unique
set of requirements. In this paper, these re-
quirements are reviewed and are followed by
a brief description of the compression tech-
niques. A compression system is then pre-
sented that combines several leading tech-
niques to satisfy these special requirements.
It is clear from this that the compression
technology is real, cost-effective and can of-
fer consumers and service providers signifi-
cant benefits.

INTRODUCTION

Digital television is fast becoming a real-
ity after decades of research.l It is rapidly
proliferating variety of applications such as
video-conferencing, multimedia computing
systems and entertainment television over
broadcast, cable, satellite and tape media.
Many of the technical impediments which
previously prevented the dream of digital
television from becoming a reality are go-
ing away. This is due to significant progress
in compression technology, integrated cir-
cuits for signal processing and memory, and
reduced cost of transmission and storage.
Moreover, digital compression provides the
vehicle for a step function increase in the ca-
pacity of video delivery systems which can
enable new services that were not previ-
ously possible. Thus we have a simultane-
ous “push” from the new services side and
“pull” from the technologies of algorithms
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and hardware. The challenge now is to “en-
gineer” the systems in a cost-effective way
to provide an array of services to the cus-
tomers.

Television signal when digitized produces
an enormous bit rate, too high for eco-
nomical transmission or storage. For
example, the CCIR-601 television signal,
when sampled and digitized requires over
200 Mbits/sec. Digital compression is there-
fore, essential in reducing this to a bit-rate
dictated by the application. Obviously, per-
formance of the compression hardware has
to be judged by the quality of the pic-
ture at the affordable bit rate, but in ad-
dition, compressed digital television has to
allow all the other functionality that ana-
log television currently has. This function-
ality will vary from application to applica-
tion. For example, the quality of compressed
digital television should not be lower than
analog television for the type of entertain-
ment and sports material that we are used
to watching over the cable, but, a lower
quality may be sufficient for videoconfer-
encing. Therefore, the choice of compres-
sion algorithm will depend on the applica-
tion. Already different algorithms are in
the process of getting standardized for dif-
ferent applications such as video teleconfer-
encing (p x 64 kbit/sec-algorithm®), mul-
timedia (MPEG-1 algorithmPl), and digital
cable TV and HDTV, being led by the Cable
Labs and the FCC, respectively.

In this paper, we start with a descrip-
tion of the desirable characteristics of the
video compression algorithm for the cable,



terrestrial broadcast and satellite applica-
tions. We then discuss some of the basic
techniques used by most of the compression
algorithms. We compare these basic tech-
niques on the basis of compression perfor-
mance as well as complexity of implemen-
tation. Following this, we describe an algo-
rithm that appears ideally suited for cable
and broadcast applications. It is clear from
this, that the compression technology is ripe
and will revolutionize the nature of televi-
sion in the coming years.

COMPRESSION TECHNOLOGY
REQUIREMENTS

The basic digital video compressor and
decompressor are shown in Figure 1. As
mentioned earlier, the function of the com-
pressor is to reduce the bit rate as much as
possible without sacrificing the picture qual-
ity required for the service. In addition, a
number of other requirements have to be sat-
isfied, particularly in the cable and broad-
cast environment. In this section we outline
these requirements so that they will serve as
a guide in evaluating the different compres-
sion algorithms described in the next sec-
tion.

The first requirement, of course, is to
achieve transparent coding for the class of
pictures that are typically used in the par-
ticular service. In entertainment and sports
applications, the picture material may con-
tain high detail, complex (not necessarily
predictable) motion and a large number of
frequent scene cuts or changes. The pic-
ture material may be created by a television
camera or synthesized by a computer or an
arbitrary mixture of the two. In a number
of situations, the source material may con-
tain noise (e.g., old film or electronic news
gathering cameras). The ability to compress
such diverse material is indeed very challeng-
ing and very different from either video tele-

conferencing or the multimedia applications.
Moreover, the picture quality standard ac-
cepted and practiced in the cable and the
broadcast industry is significantly more de-
manding than what is practical in videocon-
ferencing or multimedia applications.

The second requirement is that the com-
pressed video bit stream must not be very
fragile. Of course, compressed bit streams
are always more fragile than raw uncom-
pressed digital video. However, their ro-
bustness to transmission impairments can
be significantly improved by error correction
and ghost cancellation techniques. In ad-
dition, the compression algorithm must be
such that a large fraction of the errors that
escape the error correction mechanism can
be concealed and their effects localized both
in terms of space (i.e., horizontal and verti-
cal dimensions of a picture) and time (i.e.,
the number of frames).

In a cable or broadcast environment, a
viewer may change from channel to channel
with no opportunity for the transmitter to
adapt itself to such channel changes. It is
important that the buildup of resolution fol-
lowing the channel change takes place quite
rapidly so that the viewer can make a deci-
sion to either stay on the channel or change
further depending upon the content that he
wishes to watch.

A cable, satellite or broadcast environ-
ment has only a few transmitters which do
compression but a large number of receivers
which have to do decompression. There-
fore, the economics is dictated to a large
extent by the cost of decompression. The
choice of the compression algorithm ought
to make the decompression extremely sim-
ple by transferring much of the cost to the
transmitter, thereby creating an asymmet-
rical algorithm. The existing video stan-
dards such as px64 kbit/sec for videocon-
ference and MPEG for multimedia do not
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Figure 1: Video Compression and Decompression

explicitly incorporate this requirement. In
a number of situations, cost of the encoder
is also important (e.g., camcorder). There-
fore, a modularly designed encoder which is
able to trade off performance with complex-
ity but which creates the data decodable by
a simple decompressor may be the appro-
priate solution. Obviously, this tradeoff will
change as a function of the integrated cir-
cuits technology.

In a number of instances, the original
source material may have to be compressed
and decompressed several times. In stu-
dios it may be necessary to store the com-
pressed data and then decompress it for edit-
ing. Such multiple encodings of the signal is
bound to increase the visibility of the coding
artifacts; however, a choice of the coding al-
gorithm should minimize the loss of quality
associated with multiple encodings.

It is commonly believed that much of
the material for the services based on dig-
ital compressed television will be from films.
The conversion from film to video using 3:2
pull down creates a unique type of correla-
tion in the signal. It is desirable for the com-
pression algorithm to automatically detect
such correlation and adapt itself to achieve
a high degree of efficiency without increasing
the complexity of the receiver.
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The technology for storage of digital sig-
nals on a variety of media has made signif-
icant strides over the last few years. If the
compressed digital signal is stored on a digi-
tal tape recorder, then some of the functions
that we have become accustomed to should
be easy to provide from the compressed dig-
ital signal. These include fast forward and
backward searches, still frames, etc. This
was an important consideration in the de-
velopment of the MPEG-1 algorithm.

As we move toward digital television, we
see a large number of possible picture resolu-
tions (e.g., NTSC, CCIR-601, HDTV). It is
desirable for the compression scheme to be
compatible over these different resolutions.
This will allow, for example, an HDTV de-
compressor to decode the compressed NTSC
as well as CCIR-601 signals without much
duplication of the hardware. Also, a com-
patibility between the transmission formats
chosen for the NTSC, CCIR-601 and HDTV
signals would be desirable. Moreover, such
a common transmission format should allow
easy interconnection or transmission over
different media and telecommunications net-
works. "

In a number of situations, particularly in
the cable head end, one may wish to add an
insert into a compressed digital bit stream.



It is desirable to add the insert without hav-
ing to fully decode the signal. If only a small
part of the coded bit stream can be affected
and these effects can be localized on the pic-
ture signal, then the adding of inserts can
become less damaging to the original signal.

It is clear by looking at these requirements
that the broadcasting, cable, and satellite
applications have requirements that are dif-
ferent from teleconferencing and multimedia
applications. Therefore, it is not surprising
that a different class of algorithms would suit
these applications. In the next section we
describe the basic compression techniques,
and compare them in preparation for the de-
scription of an algorithm that handles the
above requirements rather well.

BASIC COMPRESSION
TECHNIQUES

A number of compression techniques have
been developed for coding of video signals.[
A compression system typically consists of
a combination of these techniques to satisfy
the type of requirements that we listed in the
previous section. The first step in compres-
sion usually consists of Decorrelation i.e.
reducing the spatial or temporal redundancy
in the signal. The candidates for doing this
are:

1. Making a prediction® of the next sam-
ple of the picture signal using some of
the past and subtracting it from that
sample. This converts the original sig-
nal into its unpredictable part (usually
called prediction error).

2. Taking a transform? of a block of sam-
ples of the picture signal so that the en-

1This is also the first step in a family of compres-
sion algorithms known as Differential Pulse Code
Modulation (DPCM).

2This is called Transform Coding. Transform is

simply a linear combination of all the pels in the
block.

ergy would be compacted in only a few
transform coeflicients.

The second step is Selection and Quan-
tization to reduce the number of possible
signal values. Here, for DPCM, the predic-
tion error may be quantized sample at a time
or a vector of prediction error of many sam-
ples may be quantized all at once. Alterna-
tively, for transform coding, only important
coeflicients may be selected and quantized.
The final step is Entropy Coding which
recognizes that different values of the quan-
tized signal occur with different frequencies
and, therefore, representing them with un-
equal length binary codes reduces the aver-
age bit rate. We give below more details
of the following techniques since they have
formed the basis of most of the compression
systems:

a) Predictive Coding (DPCM)

b) Transform Coding

d) Vector Quantization

)
)
¢) Motion Compensation
)
e) Entropy Coding
)

f

Incorporation of Perceptual Factors

Predictive Coding (DPCM)

In predictive coding, the strong corre-
lation between adjacent pels (spatially as
well as temporally) is exploited. As shown
in Figure 2, an approximate prediction of
the sample to be encoded is made from pre-
viously coded information that has already
been transmitted. The error (or differential
signal) resulting from the subtraction of the
prediction from the actual value of the pel
is quantized into a set of discrete amplitude
levels. These levels are then represented as
binary words of fixed or variable lengths and
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Figure 2: Block Diagram of a Predictive Encoder and Decoder

sent to the channel for transmission. The
predictions may make use of the correlation
in the same scanning line or adjacent scan-
ning lines or previous fields. A particularly
important prediction is the motion com-
pensated prediction. If a television scene
contains moving objects and an estimate of
frame-to-frame translation of each moving
object is made, then more efficient predic-
tion can be performed using elements in the
previous frame that are appropriately spa-
tially displaced. Such prediction is called
motion compensated prediction. The trans-
lation is usually estimated by matching a
block of pels in the current frame to a block
of pels in the previous frames at various dis-
placed locations. This is shown in Figure
3. Various criteria for matching and algo-
rithms to search for the best match have
been developed.[¥ Typically, such motion es-
timation is done only at the transmitter and
the resulting motion vectors are used in the
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encoding process and also separately trans-
mitted for use in the decompression process.
Transform Coding

In transform coding (Figure 4) a block of
pels are transformed by transform T into
another domain called the transform do-
main, and some of the resulting coefficients
are quantized and coded for transmission.
The blocks may contain pels from one, two
or three dimensions. The most common
technique is to use a block of two dimen-
sions. Using one dimension does not exploit
vertical correlation and using three dimen-
sions requires several frame stores. It has
been generally agreed that Discrete Co-
sine transform is best matched to the statis-
tics of the picture signal and moreover, since
it has a fast implementation, it has become
the transform of choice.®* The advantage

3Also, recent advances have dramatically de-

creased the cost of implementing transforms using
Ls1®).
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Figure 4: Transform Coding

of transform coding comes about mainly
from two mechanisms. First, not all of the
transform coefficients need to be transmit-
ted in order to maintain good image quality,
and second, the coefficients that are selected
need not be represented with full accuracy.
Loosely speaking, transform coding is prefer-
able to predictive coding for lower compres-
sion rates and where cost and complexity are
not extremely serious issues. Most modern
compression systems have used a combina-
tion of predictive and transform coding. In
fact, motion compensated prediction is per-
formed first to remove the temporal redun-
dancy, and then the resulting prediction er-
ror is compressed by two-dimensional trans-

form coding using Discrete Cosine transform
as the dominant choice.

Vector Quantization

In predictive coding, described in the pre-
vious section, each pixel was quantized sepa-
rately using a scalar quantizer. The concept
of scalar quantization can be generalized to
vector quantization in which a group of pix-
els are quantized at the same time by repre-
senting them as a code vector. Such a vector
quantization can be applied to a vector of
prediction errors, original pels, or transform
coefficients. Asin Figure 5, a group of 9 pix-
els from a 3 x 3 block is represented to be one
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Figure 5: Vector Quantization

of the k vectors from a codebook of vectors.
The problem of vector quantization is then
to design the codebook and an algorithm to
determine the vector from the codebook that
offers the best match to the input data. The
design of codebook usually requires a set of
training pictures and can grow to a large size
for a large block of pixels. Thus, for an 8 x 8
block compressed to two bits per pel, one
would need 2'?® size codebook. Matching
the original image with each vector of such
a large size codebook requires a lot of inge-
nuity. However, such matching is only done
at the transmitter, and the receiver is con-
siderably simple since it does a simple table
lookup.
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Entropy Coding

If the quantized output values of either
a predictive or a transform coder are not all
equally likely, then the average bit rate can
be reduced by giving each one of the values
a different word length. In particular, those
values that occur more frequently are repre-
sented by a smaller length code word. If a
code with variable length is used, and the re-
sulting code words are concatenated to form
a stream of bits, then correct decoding by a
receiver requires that every combination of
concatenated code words be uniquely deci-
pherable. A variable word length code that
achieves this and at the same time gives the
minimum average bit rate is called Huff-
man Code. Variable word length codes are
more sensitive to the effect of transmission



errors since synchronization would be lost in
the event of an error. This can result in sev-
eral code words getting decoded incorrectly.
A strategy is required to limit the propa-
gation of errors in the presence of Huffman

Codes.

Incorporation of Perceptual Factors

The perception based coding attempts to
match the coding algorithm to the charac-
teristics of human vision. We know, for ex-
ample, that the accuracy with which the hu-
man eye can see the coding artifacts depends
upon a variety of factors such as the spatial
and temporal frequency, masking due to the
presence of spatial or temporal detail, etc. A
measure of the ability to perceive the coding
artifact can be calculated based on the pic-
ture signal.l®! This is used, for example, in
transform coding to determine the precision
needed for quantization of each coefficient.
Perceptual factors control the information
that is discarded on the basis of its visibil-
ity to the human eye. It can, therefore, be
incorporated in any of the above basic com-
pression schemes.

Comparison of Techniques

Figure 6 represents an approximate com-
parison of different techniques using com-
pression efliciency vs. complexity as a cri-
terion under the condition that the picture
quality is held constant at a “8-bit PCM
level”. The compression efficiency is in
terms of compressed bits per Nyquist sam-
ple, and therefore, different resolution and
bandwidth pictures can be simply scaled
by proper multiplication to get the rele-
vant bit rates. The complexity allocated to
each codec should not be taken too liter-
ally; rather, it 1s an approximate estimate
relative to the cost of a PCM codec which

is given a value of five. Furthermore, it

is the complexity of only the decoder por-
tion of the codec, since that is the most im-
portant part of the digital television. The
relation of cost to complexity is controlled
by an evolving technology, and codecs with
high complexity are fast becoming inexpen-
sive through the use of application specific
video DSP’s and submicron device technol-
ogy. Also, most of the proposed systems
are a combination of several different tech-
niques of Figure 6, making such comparisons
difficult. As we remarked before, the real
challenge is to combine the different tech-
niques to engineer a cost-effective solution
for a given service. The next section de-
scribes one example of such a codec.

A COMPRESSION SCHEME

In this section we describe a compres-
sion scheme that combines the above ba-
sic techniques to satisfy the requirements of
Section 2. We have used this compression
scheme successfully for both the noninter-
laced HDTV signals and interlaced NTSC
and CCIR-601 signals.["8]

Three basic types of redundancy are
exploited in the video compression pro-
cess. Motion compensation removes tem-
poral redundancy, two-dimensional DCT re-
moves spatial redundancy, and perceptual
weighting removes amplitude redundancy by
putting quantization noise in less visible ar-
eas.

Temporal processing occurs in two stages.
The motion of objects from frame to frame
is estimated using hierarchical block match-
ing. Using the motion vectors, a displaced
frame difference {DFD) is computed which
generally contains a small fraction of the in-
formation in the original frame. The DFD is
transformed using DCT to remove the spa-
tial redundancy. Each new frame of DFD
is analyzed prior to coding to determine its
rate versus perceptual distortion character-
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istics and the dynamic range of each coef-
ficient (forward analysis).* Quantization of
the transform coefficients is performed based
on the perceptual importance of each coef-
ficient, the precomputed dynamic range of
the coeflicients, and the rate versus distor-
tion characteristics. The perceptual crite-
rion uses a model of the human visual sys-
tem to determine a human observer’s sensi-
tivity to color, brightness, spatial frequency
and spatial-temporal masking. This infor-
mation 1s used to minimize the perception of
coding artifacts throughout the picture. Pa-
rameters of the coder are optimized to han-
dle the scene changes that occur frequently
in entertainment/sports events, and chan-
nel changes made by the viewer. The mo-
tion vectors, compressed transform coeffi-

4This also helps us to automatically detect the
3:2 pull down signals and adapt to them.
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cients and other coding overhead bits are
packed into a format which is highly immune
to transmission errors.

The encoder is shown in Figure 7. Each
frame is analyzed before being processed in
the encoder loop. The motion vectors and
control parameters resulting from the for-
ward analysis are input to the encoder loop
which outputs the compressed prediction er-
ror to the channel buffer. The encoder loop
control parameters are weighed by the buffer

state which is fed back from the channel
buffer.

In the predictive encoding loop, the gener-
ally sparse differences between the new im-
age data and the motion-compensated pre-
dicted image data are encoded using adap-
tive DCT coding. The parameters of the
encoding are controlled in part by forward
analysis. The data output from the encoder
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consists of some global parameters of the
video frame computed by the forward an-
alyzer and transform coefficients that have
been selected and quantized according to a
perceptual criterion.

Each frame is composed of a lumi-
nance frame and two chrominance difference
frames which are half the resolution of the
luminance frame horizontally. The compres-
sion algorithm produces a chrominance bit-
rate which is generally a small fraction of the
total bit-rate, without perceptible chromi-
nance distortion.

The output buffer has an output rate of
between 2 to 7 Mbits/sec and has a vary-
ing input rate that depends on the image
content. The buffer history is used to con-
trol the parameters of the coding algorithm
so that the average input rate equals the
average output rate. The feedback mech-
anism involves adjustment of the allowable
distortion level, since increasing the distor-
tion level (for a given image or image se-
quence) causes the encoder to produce a

lower output bit rate.

The encoded video is packed into a special
format before transmission which maximizes
immunity to transmission errors by mask-
ing the loss of data in the Decoder. The
duration and extent of picture degradation
due to any one error or group of errors is
limited. The Decoder is shown in Figure 8.
The compressed video data enters the buffer
which is complementary to the compressed
video buffer at the encoder. The decod-
ing loop uses the motion vectors, transform
coefficient data, and other side information
to reconstruct the NTSC images. Channel
changes and severe transmission errors are
detected in the decoder causing a fast pic-
ture recovery process to be initiated. Less
severe transmission errors are handled grace-
fully by several algorithms depending on the
type of error.

Processing and memory in the decoder are
minimized. Processing consists of one in-
verse spatial transform and a variable length
decoder which are realizable in a few VLSI
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chips. Memory in the decoder consists of one
full frame and a few compressed frames.

CONCLUSIONS

We have presented in this paper a set
of requirements specific to digital compres-
sion of television signals for broadcast, ca-
ble and satellite distribution. These require-
ments are considerably different than those
for videoconferencing or multimedia com-
puting. We have outlined a collection of
state of the art basic compression techniques
and synthesized a compression scheme that
meets the special requirements of the broad-
cast, cable and satellite industries. Rapid
advances in video compression, and semi-
conductor technology (processing as well as

memory) have made digital television realiz-
able.
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A DIGITAL COMPRESSED VIDEO TRANSMISSION SYSTEM
- WITH SIMULATION RESULTS OF ECHOES IN 64-QAM TRANSMISSION

Jeff Hamilton, Zheng Huang, and Dan Sutorius
Jerrold Communications

Abstract

Digital compressed transmission is de-
veloping as an attractive method of
video delivery to both headends and
subscribers.  This paper will review
compression and transmission, and then
focus on some key performance
parameters for digital transmission.
Finally we present the results of
computer simulations of the effect of
echoes on 64-QAM digital transmission.

Introduction

The US space program, through a muilti-
tude of outstanding examples, made the
creation of spin-off technologies
famous. Digital compression for Cable
was born as just such a spin off, not
from NASA, but from the desire to
deliver high definition TV to consumers.
The need to squeeze a high bandwidth
HDTV signal into existing 6 MHz TV
channel bands created the means to
deliver several standard NTSC programs
in the spectrum currently occupied by
just one.

Various methods of transmitting HDTV
signals have been proposed to the FCC.
Of the six advanced TV systems under
review four propose digital transmis-
sion. Each of these digital HDTV
proponents has also proposed a multi-
channel NTSC delivery system in
response to the CableLabs compression
request for proposal.
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Compression
Since the landmark announcement of

the DigiCipher system in 1990, several
other digital video compression systems
have been proposed. Most of these,
including all of the digital HDTV propo-
nent systems and the work of the
International Standards Organization's
MPEG' committee, have been similar in
function, based on the discrete casine
transform (DCT) and motion compen-
sated inter-frame processing. This has
proved to be an efficient technique for
removing the many redundancies and,
as needed, lower value components,
from the video signal, with a minimum
perceived effect on the reconstructed
picture.

The use of digital compression offers
operators and subscribers much more
than just an increased number of
programs. Digital transmission means
every subscriber will get the same very
high quality picture. It will be free of
the noise and distortion common in
analog systems. Most  digital
compression systems use component,
not composite, color. With these
systems there will be, for the first time
a means of delivering a true component
signal to the S-Video jack on high end
consumer TV's and VCR's. Sound
quality will also be uniformly excellent,
indistinguishable from compact disc.
True digital encryption will provide a



level of security never before possible
for video on Cable. Programming these
new digital channels will become easier
and more reliable with the introduction
of digital switchers and digital
compressed storage at the headend.

With satellite delivered digital com-
pressed programs passing through to
digital transmission on the Cable plant,
the operator will no longer need to
worry about picture quality anywhere in
his operation. Headend processing to
realize this, ranges from changing only
the modulation, which offers very
limited local features, to full video de-
compression and recompression, which
allows all the control and programming
options the operator now has with
analog video.

The advantages of digital media have
been realized by the telephone industry.
They are arriving in TV network studios
now, and they will soon offer major
benefits to Cable operators system-
wide.

Transmission

For analog video transmission, different
forms of modulation are required on
satellite and Cable. The satellite chan-
nel has a bandwidth of at least 24 MHz,
but a reliable carrier to noise ratio (C/N)
of only about 8dB. The Cable channel
has only a 6 MHz bandwidth but
typically 40 dB or more C/N. To make
effective use of these very different
transmission paths, we use a unique
form of modulation in each. Frequency
modulation (FM), a wide band noise
insensitive technique, is carried on
satellite. Amplitude modulation (AM), a

noise sensitive but bandwidth efficient
approach is appropriate for Cable.

For digital transmission of video the
same logic applies. Satellite systems
use quadrature phase shift keying
(QPSK) which is an FM-like modulation
for digital carriers. QPSK requires a
wide bandwidth channel but offers high
immunity to noise. For Cable, two AM
techniques are proposed for digital
carriers: double side band quadrature
amplitude modulation (QAM), and the
vestigial sideband multi-amplitude
technique often called 4-VSB. These
two approaches to amplitude modula-
tion are very similar in performance.
oth trade off noise immunity for spec-
tral efficiency relative to QPSK. The
following work addresses QAM with 6
bits per symbol.

To compare the data capacity of the
disparate satellite and Cable channels
we turn to Claude Shannon's pioneering
work in information theory2. He
developed a formula for calculating the
maximum theoretical capacity of a
channel based on bandwidth and S/N
alone. For a signal of power S trans-
mitted over a channel with noise power
N and bandwidth W, the channel
capacity C in bits per second is:

C=W Iogz(1 +S/N).

A satellite channel with 24 MHz band-
width and 8 dB optimum signalling S/N
would have a Shannon Ilimit of 69
million bits per second (Mbps). Of
course, this is for an ideal modem,
operating in a channel free of secondary
impairments. Commercial satellite
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modems commonly approach about one
half this theoretical maximum rate.

A Cable channel with 6 MHz bandwidth
and 35 dB optimum signalling S/N has
almost the same Shannon limit as the
above satellite channel: 70 Mbps. The
Cable channel may have more
secondary impairments and certainly
the tolerable modem cost is much
lower, but it is clear the Cable channel
has a data transmission capacity similar
to that of satellite.

Transmission Analysis

In designing a new digital communica-
tions system many factors must be
considered. Among these are a wide
variety of channel impairments, many of
which will occur simultaneously in a
working system. It is the combined
effects of these impairments that define
the transmission system operating
parameters.

For the traditional Cable environment
there are three principle impairments to
the transmission of digital QAM
carriers: channel noise, echoes, and
modem implementation loss. Although
there are many other impairments they
are expected to be either avoidable, like
not running high-level sweeps through
active digital spectrum, or of lesser
significance to digital transmission, like
CTB and CSO.

Many prior papers have defined the
effect of the primarily white channel
noise on QAM. The following analysis
will briefly discuss the specification of
digital C/N in the Cable plant. We will
then detail the results of our simulations
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of echoes on QAM transmission in the
presence of white noise. Modem
implementation loss, the third major
factor, will be significant due to the
severe cost constraints on the sub-
scriber terminal for Cable applications.
It includes such factors as filter
imprecision, phase noise, receiver noise
figure, clock jitter, and computation
error. These factors are hardware
specific and beyond the scope of this
paper.

The block diagram for the following
simulations is shown in Figure 1. It
consists of a random data source, 64-
QAM modulator, 5 MHz Nyquist band-
width (BW) transmit filter, white noise
and recursive echo sources, a matched
receive filter, 64-QAM demod, and an
error counter. All blocks are ideal
floating point simulation  models.
Figures 2 and 3 show the eye-diagram
and constellation with the noise and
echo sources set to zero amplitude.

Random Symbol

Data Source Error

30 Mbps Counter

Y

64-QAM

Modulator 64-QAM

5 Mbaud Demodulator
A

Square-root Square-root

Raised Cosine Raised Cosine

Transmit Filter Receive Filter

e

. . Delay
White Noise Echo
Generator Generator

Figure 1: Simulation Block Diagram
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Figure 3: 64-QAM Constellation

Noise

Channel noise is the familiar broadband
white noise floor we now measure as
C/N on the Cable distribution plant.
Easily seen with a spectrum analyzer, it
comes primarily from the active devices
in the distribution plant: trunk amps,
line extenders, AML, and fiber links.
Digital carrier to noise as referred to in
the literature and this paper, is average

modulated digital carrier power divided
by rms noise power in the modulation
bandwidth. Digital carrier modulation
bandwidth will be about 5 MHz. This
contrasts with our standard analog C/N
spec. We measure analog carrier
power during sync tip peak level and
divide by noise power in the 4 MHz
video bandwidth.

To relate these different C/N measures,
consider that average modulated analog
carrier power depends on picture
content. Indeed, this is why it's
impractical to measure average power
on a modulated analog carrier. The
peak to average ratio ranges from 7 dB
to 2 dB for O to 100 IRE pictures
respectively. A long time average of all
possible picture contents will eventually
yvield a peak to average ratio near that
for a 50 IRE flat field: 5dB. From this
we can say that a digital carrier with
the same average power as an analog
carrier will have a 6 dB lower measured
C/N. Five dB for the peak vs. average
power measurement method and 1 dB
for the 4 vs b MHz noise bandwidth.

Figure 4 shows symbol error rate as a
function of (average modulated) digital
carrier to noise. Simulation results are
shown to be close to -calculated
theoretical values. Symbol error rate
(SER) is very close to bit error rate
(BER) when error rates are low (<102).
Figures 5 and 6 show the effects of -24
dB white noise on the eye-diagram and
constellation.
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Echoes

There are many sources of echoes in
the traditional Cable plant. Most of
these are the result of imperfect
impedance matching at the myriad
connection points along the RF distribu-
tion path. At each of these points a

260 1992 NCTA Technical Papers

B
-
B, 5 .
N AR (N >
. ~"5 he MASEEE N AT - b4
* .* »
.« * - KRS : Ly ‘.
P ETINRY SAB S - ) o SR £ (Y
V- (O .- ¢ ~ 8%
3 .
0 . . A .

-

. .. *, - e . s 4 -
-8 2 A ] oo, & B .. ) *hees
+3 gl E 7
.
L]

.
* LR
¢ oty o4
* ) o 3
. el ‘N + 9, ,n*o - o’l‘, . “ *
o : .o ‘0’0. .".:‘8 T * . s t g;\. :{;

Figure 6: 24 dB digital C/N

small amount of the downstream RF
power reflects back to its source. The
example in figure 7 shows the reflection
through the 8 dB return loss of a digital
receiver input. Reflected power returns
to the next upstream device, delayed
and attenuated by its double pass
through the connecting coax. A
fraction of this returning power then
reflects again through a second return
loss. The twice reflected signal is now a
downstream echo with a delay and
power relative to the primary signal.

Tap Return

Loss: 20 dB Return Loss

8dB

Digital
84' RG-59 Drop Cable > Set-top

Converter
Differential Echo Path D}
G -8,-20, -3dB cable loss

Echo -200ns, -31 dBc @ 50 MHz

Feeder

Figure 7. Echo Example

The simulation model for echo genera-
tion is a recursive structure as shown in



Figure 1. This is appropriate as the
echo is by nature a repeating effect. A
-20 dB 200ns delayed impulse will be
followed by impulses at -40 dB 400ns, -
60 dB 600ns, ..., as the twice reflected
signal continues to be reflected four,
six, ..., times with diminishing ampli-
tude.

Echoes will have a specific phase rela-
tive to the primary signal carrier, de-
termined by their exact delay in carrier
cycles. A 200ns echo on a 50 MHz
carrier will have a O degree phase be-
cause the delay is exactly 10 cycles of
carrier. The constellation of a signal
with this echo is shown in Figure 8. A
205ns echo on a 50 MHz carrier will
have a 45 degree phase as shown in
Figure 9. In this example, the
difference would be an 86 versus 88
foot run of coax between the reflecting
devices.
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Figure 8: 0° Echo Phase

Figure 9: 45° Echo Phase

The effect of phase on QAM transmis-
sion in the presence of other impair-
ments is shown in figure 10. We used
white noise at -30dBc to model the
combined effect of all non-echo
impairments for this example. The
phase of echo has a 1 to 2 dB effect on
sensitivity, with the maximum effect at
45 degrees. All following simulations
assume a 45 degree echo phase.

Figure 11 shows the effects of a range
of echo powers on QAM with three
different levels of white noise. From
Figure 4, the SER for -25 dB noise alone
is 104, At this noise level even a -37
dB echo increases the SER substan-
tially, to 103. With white noise in the
range of -27 dB echoes of -30 dB are
still significant.  As used here 'white
noise' includes all of the non-echo
transmission impairments including:
channel noise, implementation loss, and
secondary transmission impairments.
For the sum of these in the range of -25
to -30 dB, even very low level echoes
will be significant.
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Figures 12 and 13 show the results of
simulations over a range of echo pow-
ers for several different delays. All in-
clude white noise of -30 dB. The echo
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power is far more significant to SER

than the delay. The effect on SER is
almost unchanged over the range of



delays. Even the short delays of 50ns
and 100ns, one quarter and one half
the 200ns symbol period, have the
same general level of impairment as the
longer echoes.

Conclusion

Digital compressed transmission will
offer substantial benefits to the Cable
operator and subscriber. Data rates
similar to those of satellite systems are

1 Motion Picture Expert Group (MPEG)
2Shannon, Claude E., a series of papers including
"A Mathmatical Theory of Communications,” Bell
System Technical Journal, volume 27,

pages 379-423, July 1948.

feasible using unique modulation, and
demodulation, optimized for the Cable
environment. These new digital carriers
will require a new C/N measurement
specification.

Digital transmission of 64-QAM will be
sensitive to echoes at very low power.
For a sum of other impairments equiva-
lent to white noise of -30dBc or above,
even echoes below -30dBc, will be
significant.
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A NEW TECHNIQUE FOR MEASURING BROADBAND DISTORTION
IN SYSTEMS WITH MIXED ANALOG AND DIGITAL VIDEO

Lamar West
Scientific-Atlanta

I. ABSTRACT

Several proposals have been made to augment the
channel capacity of existing or proposed CATV
systems by adding compressed digital video signals to
conventional analog VSB signals. Such a proposal
brings with it the difficulties of quantifying the
degradation of broadband distortion performance
(CTB, XMOD, DSO and CSO) associated with the
additional loading caused by the new digital signals.
Conventional techniques that measure device and
system distortion performance by modeling the digital
signals with CW carriers at the picture carrier
frequencies of conventional analog VSB channels will
give extremely disappointing results.

A new technique is described that models the digital
signals in a manner that accurately represents the
digital channel energy spectral density.
Measurements using this technique are given that
accurately predict distortion performance that is far
better than that predicted by conventional CW carrier
techniques.

A simple means of generating this signal is described.
Test results are given that compare the performance
of test devices when loaded with only conventional
analog VSB signals to the performance of the test
devices when loaded with mixed analog and digital
signals.

II. CONVENTIONAL DISTORTION
TECHNIQUES

It is a primary goal in the electronic processing of
CATYV signals to minimize any corruption of these
signals. This design goal, as it interplays with
economic considerations, has set the practical limits
for performance of the system components (whether
they be program supplier studio electronics, satellite
delivery systems, headend electronics, distribution
plant or subscriber electronics). In the case of
broadband electronics, the principle technical trade-
offs have been between broadband distortion and
noise limitations. '

Well established techniques have been used
throughout the industry for several years in order to
characterize the broadband distortion performance of
conventional CATV electronics. Composite triple
beat, discrete second order, composite second order
and crossmodulation have historically been used as
figures of merit for system performance. These
techniques are closely linked with the types of signals
used in conventional CATV applications. .

In the United States, Canada, Mexico, Japan and
several other countries, NTSC-M is the standard for
color television transmission. As we are all aware,
this system utilizes vestigial sideband modulation with
a 6 MHz channel bandwidth. The picture carrier
contains the most significant amount of channel
energy, from a distortion standpoint, and is located
1.25 MHz from the lower channel edge. Another
significant characteristic is the horizontal line
frequency of 15734.264 Hz.  The distortion
techniques mentioned above utilize this characteristic
in order to quantify system performance.

Knowing that the majority of the energy in an NTSC-
M television signal is located at or very near the
picture carrier leads to the understanding that the
majority of the distortion in a CATV system results
from that energy. In many laboratory or test
applications the modulated video signal is replaced
with a CW carrier at the picture carrier frequency.
In a CATYV system with a standard frequency line-up
(not HRC or IRC) the frequency characteristics of
these carriers have the useful property that third
order distortion products fall at or very near to the
picture carrier frequencies of affected chanmels. A
simple examination of the possible linear
combinations of an odd number of picture carrier
frequencies will demonstrate this fact (for example:
Channel 7 + Channel 8 - Channel 37 = 175.25 MHz
+ 181.25 MHz - 301.25 MHz = 55.25 MHz =
Channel 2). This is the driving factor in the
definition of CTB (composite triple beat). Note that
the name CTB is somewhat of a misnomer as this
distortion product is composed of not only third order
beats, but also many higher odd-order distortion
products.
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A similar examination of the linear combination of
the frequencies of any two picture carriers will result
in a frequency that falls at 1.25 MHz above or below
the picture carrier frequency of an affected channel in
a standard system. The result is of course discrete
second order distortion. A simple extension of this
phenomena to any combination of an even number of
carrier frequencies results in an explanation of
composite second order, a phenomena that grows
significantly as the broadband system bandwidth
exceeds 450 MHz.

Crossmodulation is closely linked to the frequency
components contained within the modulating signal of
the RF spectrum. In the case of NTSC-M, there is
a significant spectral content at 15.734 kHz. In a test
environment, the modulating waveform is simplified
to a 15.734 kHz square wave. Under these test
conditions, it is relatively easy to quantify the
parasitic modulation impressed upon an unmodulated
carrier when included in a broadband spectrum where
all other carriers are modulated and then passed
through a device that can create nonlinear distortion.
The ratio of the amplitude of that parasitic
modulation to the modulation generated by 100%
modulating that carrier with a 15.734 kHz square
wave is defined as the crossmodulation.

In all of the cases mentioned above, the distortion
measurements, by definition, are linked closely to the
baseband video format and RF modulation
techniques. An easy extension of these concepts may
be used to quantify broadband distortion in the case
of HRC or IRC frequency line-ups. It is also
possible to extend these concepts to apply to other
video formats, such as PAL and SECAM as well as
their various RF spectrum formats, such as I, B, G,
N, etc.

II. INITIAL STUDIES OF LOADING OF CATV
DEVICES FOR DIGITAL VIDEO

A popular scenario for expanding the capabilities of
a CATYV plant is based on the inclusion of digital
video in the upper part of the CATV broadband
spectrum. Digital video promises to greatly increase
the capability of this spectrum by permitting digital
compression of the analog video signal. This
compression will allow the carriage of up several
times the number of channels in a given block of
spectrum as would be possible using conventional
VSB techniques. For example, one scenario might be
to include conventional analog signals in the spectrum
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from 54 MHz to 550 MHz in order to serve the
existing base of CATV subscribers. Additional
digital video services could be included from 550
MHZ to 750 MHz. However, it is not clear how the
inclusion of this potentially large number of video
signals would affect the overall system distortion
performance.

Initial testing of typical equipment was performed by
Scientific-Atlanta in order to quantify the
performance of 550 MHz CATV electronics when
loaded with video carriers from a Matrix signal
generator from 54 MHz to 750 MHz. This is the
natural extension of the existing art of distortion
measurements. Under these test conditions it was
shown that distortion deteriorates significantly when
conventional video carriers between 550 MHz and
750 MHz are included in the spectrum. These results
were initially somewhat discouraging.

IV. AN EXAMINATION OF DIGITAL VIDEO
SIGNAL CHARACTERISTICS

As one might expect, the RF characteristics of the
compressed digital video spectrum are substantially
different from those of the conventional VSB analog
signal. For the purposes of this discussion, we will
examine the characteristics of the 4-level VSB
modulation technique employed by Scientific-Atlanta.
However, the significant characteristics as described
herein may be applied to most other compressed
digital video RF modulation systems. Most of the
conclusions drawn are easily extended to all systems.

Upon examining the RF spectrum of the digital
video, the most striking characteristic is the uniform
distribution of the energy as a function of frequency.
There are no discrete high level carriers that result in
the concentration of the RF energy at particular
frequencies. The distribution of the energy is further
homogenized by various multiplex techniques that
allow the inclusion of several video programs within
one 6 MHz slice of spectrum. A final smoothing of
the energy is accomplished by the various encryption
techniques that allow conditional program access. In
the case of the S-A 4-level VSB technique, there is a
suppressed pilot carrier at the very low end of the
spectrum, but its impact upon the overall energy
distribution is negligible.

Another significant difference in the signal
characteristics is level. The average level of the



signal is reduced with respect to the level of a
conventional analog signal. The average level of the
power in the channel is 10 dB below the peak
envelope power (sync tip power) of a conventional
analog channel. There are instantaneous peak powers
that are higher than the average power but because of
the multiplex and encryption techniques mentioned
above, it is virtually impossible to relate the
frequency components of these peaks to any
characteristics of the original video waveforms.

Finally, a performance advantage is obtained with the
compressed digital video that allows it to be more
robust with respect to undesirable interference.
Excellent bit error rates (BER) may be obtained with
average channel power to interference ratios of only
20 dB. This results in a required channel dynamic
range of 30 dB (resulting from operation at a level of
-10 dB with respect to the peak carrier power of the
analog video and the the requirement for a 20 dB
signal to interference ratio), as compared with the
dynamic range required by conventional analog video
of 57 dB.

These characteristics result in a channel energy
distribution that very closely resembles Gaussian
noise at an average channel power that is -10 dB with
respect to a peak power of a conventional analog
signal.

V. DISTORTION TESTING TECHNIQUES

A new distortion measurement technique was
developed that allowed the simulation of a mixed
system containing both conventional analog channels
and compressed digital channels. For the purposes of
this test it was proposed that the device under test
(DUT) would be loaded with conventional analog
carriers from 54 MHz to 550 MHz and loaded with
simulated digital channels from 550 MHz to 750
MHz. The device chosen to be tested in this
experiment was the Scientific-Atlanta Model number
9504 four-port interdiction unit.

The test set-up for this experiment is shown in figure
1. The conventional analog carriers were supplied
from a matrix generator. A conventional distribution
equalizer was cascaded with the matrix generator in
order simulate the typical tilt encountered in a
conventional feeder leg of a distribution plant. The
optional video generator, optional modulator, and
optional directional coupler will be discussed in detail

later. The conventional analog signals are combined
with the output of the digital video signal simulator.

For the purposes of this test, the digital video is
simulated with band limited gaussian noise. The
noise was generated by amplifying thermal noise in
a cascade of two high gain indoor distribution
amplifiers. The noise must be band limited to the
550 MHz to 750 MHz band in order to match the
desired test conditions. It was determined that a very
complex and high order band-pass filter would be
required to meet the shape factor requirements of
limiting the noise to this band.

A simpler approach was identified that utilized a
series of low-pass filters that produce a mnoise
spectrum occupying the band from approximately 3
MHz to 100 MHz. This spectrum is then mixed with
a 650 MHz LO to produce band limited noise
spectrum from 550 MHz to 750 MHz. The SBL-1X
type mixer used gave adequate LO rejection at the
output to ensure that the LO content would not
significantly affect the distortion measurements.
Finally a 550 MHz high-pass filter is included to
ensure that any inadequacies in the mixer isolation
would not degrade the distortion measurements by
masking distortion products in "leaked” noise. An
added benefit of this technique is the ability to "turn-
off” the digital channels by simply removing the LO
from the mixer. Comparisons could therefore be
easily made between performance with and without
the additional loading of the digital video signals.

The resulting total RF spectrum is shown in figure 2.
Note that in the simulated digital portion of this
spectrum, the average level is -12.5 dB with respect
to the peak analog carrier level. This apparent
discrepancy with respect to the normal operating
conditions described above is due to the resolution
bandwidth of the spectrum analyzer. The widest
available resolution bandwidth was 3 MHz.
Correcting this for 6 MHz and compensating for the
equivalent noise bandwidth of the analyzer filter, the
resulting observed average power level is -10 dB with
respect to the analog carriers, as described above.

Also note the relatively low level of the mixer LO
leakage and the narrow gap of noise introduced
around 650 MHz by the inability of the indoor
distribution amplifiers to amplify the noise all the
way to DC. It was decided that these characteristics
would cause negligible effects on the measured

1992 NCTA Technical Papers- 275
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distortion performance.
VI. MEASURED DISTORTION RESULTS

Conventional distortion techniques were utilized to
quantify the distortion performance on the analog
channels with and without the loading of the digital
video. The distortion results were initially measured
on a total of 4 different subscriber ports. Distortion
was measured at five different frequencies spaced
throughout the 54 MHz to 550 MHz band. CTB,
CSO, and XMOD were measured. The data from
this initial experiment is given in figure 3.

In general, the additional noise loading of the
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simulated digital video signals causes a deterioration
of the distortion performance of only a few tenths of
a dB. In no instance does the addition of the noise
degrade the signal by more than 1 dB (note that in a
few cases the signal appears to actually get better
with the addition of the noise, but these
measurements are limited by the measurement system
noise floor).

To further confirm the results, an additional 20 ports
were measured for CTB at elevated output levels to
ensure that system noise would not mask the results,
A summary of this data is shown in figure 4. Note
again, that the performance, though clearly
deteriorated by the higher levels and now clearly
above the system noise floor, shows distortion
performance impacts of only tenths of a dB when the
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additional noise loading of digital video is added.
This encouraging result implies that the additional
loading of compressed digital video at frequencies
above the conventional analog channels will have a
minimal impact on system performance.

VII. EXPLANATION OF RESULTS

As described above, the energy in a conventional
NTSC-M VSB channel is primarily concentrated
around the frequencies of discrete RF carriers.
Therefore the loading of a DUT with these types of
signals results in discrete distortion products or beats
that fall at easily predicted discrete frequencies (CTB,
DSO, CSO, XMOD). In the case of compressed
digital video signals, however, the energy is at a
much lower average level and evenly distributed
across the entire 6 MHz channel.

The distortion products from such a signal do not lie
on discrete frequencies, but rather spread themselves

Figure 2

across the entire 6 MHz of an affected channel.
Fortunately, as the energy is spread, its impact on
perceived picture quality is minimized. It was
theorized that the result would appear as a slight
degradation of the video signal to noise on the
affected channel.

VIII. VIDEO S/N EFFECTS

The S/N effects were quantified using the optional
video generator, optional modulator and optional
directional coupler mentioned above. To use these
devices, a single carrier of the matrix generator was
turned off. The modulator was then used to replace
that carrier with modulated video. An S-A agile
modulator was used to allow the modulated carrier to
be moved throughout the 54 MHz to 550 MHz band,
and specifically to the frequencies where the
distortion had been measured earlier.
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Distortion Data 55.25 MHz " 199.25 MHz 295.25 MHz 379.25 MHz I 499.25 MHz
w/o w/ w/o w/ w/o w/ w/o w/ 4| w/o w/
dig dig dig dig dig dig dig dig dig dig

Port 1 1] 73.6 73.6 " 72.7 2.8 I 743 74.1 72.7 72.5 5.5 75.2
Port 2 74.4 74.0 “ 729 72.6 74.5 74.5 72.5 72.4 75.5 75.3
CTB Port 3 73.5 734 " 7.3 72.6 73.7 73.8 70.6 703 74.2 74.4
@B) Port 4 73.4 73.4 l 72.3 723 72.5 72.7 70.7 70.6 " 753 75.2
Port 1 64.8 65.0 64.0 64.0 62.9 63.3 it 63.5 63.5 " 77.1 773
Port 2 64.0 64.0 63.0 62.8 62.8 62.8 62.8 62.9 71.5 77.6
CSO- Port 3 64.5 64.6 64.2 64.0 63.8 63.8 63.5 63.4 757 75.5
“P) Port 4 64.0 64.6 64.0 63.8 63.6 63.2 63.2 63.1 76.5 76.4
Port 1 748 75.0 76.8 76.6 n.a n.s 66.7 66.6 “ 642 65.0
Port 2 75.5 75.6 76.7 76.9 l 71.5 713 66.2 66.3 64.3 64.2
cso+ | Port3 746 | 748 | 747 | 746 L 11 | 709 Wess |68 [l 667 | 666
@B Port 4 746 | 747 || 747 | 747 f i1 |71 || 661 | 659 " 640 | 63.8
Port 1 65.1 65.1 66.1 66.4 “ 66.8 66.4 65.3 65.6 66.2 68.9
Port 2 67.1 66.4 64.9 65.5 " 66.6 67.5 " 65.7 65.8 67.0 67.0
xMop | Port3 " 698 | 693 |1 65.1 | 67.6 ) 671 | 676 || 65.0 | 652 || 66.7 | 662
(dB) Port 4 H 635 | 686 || 66.6 | 665 || 668 | 660 || 642 | 64.0 u 655 | 67.4
Figure 3
COMPOSITE TRIPLE BEAT (dB)
Measured at elevated operating levels
Analog Video Only
55.25 MHz 199.25 MHz 295.25 MHz 379.25 MHz 499.25 MHz
Minimum 53.5 55.0 51.1 49.8 43.0
Mean 54.5 55.2 51.7 50.8 49.0
Maximum 55.5 55.4 52.0 51.8 49.8
Analog And Digital Video
55.25 MHz 199.25 MHz 295.25 MHz 379.25 MHz 499.25 MHz
Minimum 533 54.4 50.4 49.4 47.4
Mean 54.3 54.6 51.1 50.2 48.7
Maximum 553 54.8 51.4 511 49.6
Figure 4
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Reduction of Unweighted Video S/N
With the Addition Of Digital Video Signals
In the 550 MHz to 750 MHz Band

Frequency 55.25 MHz 199.25 MHz 295.25 MHz 379.25 MHz 499.25 MHz
Average Change 0.3dB 0.4dB 0.5dB 0.5dB 0.3dB
of /N

Figure 5

During this test, the spectrum analyzer was replaced
with a video demod and a Tektronix VM-700 video
analyzer. The VM-700 was then used to measure the
video S/N on that channel. Care was taken to ensure
that adequate pre-selection filtering was placed in
front of the demod so that additional distortion was
not generated by that demod. The results of these
measurements are summarized in figure 5.

The Video S/N degradation resulting from the loading
of the simulated compressed digital video was
typically less than 0.5 dB.

IX. CONCLUSIONS

It has been analytically shown that band-limited
Gaussian noise is a good simulation for compressed
digital video. Testing with noise of this type may be
used for quantification of distortion performance of
broadband devices. This method easily allows the
simulation of mixed systems with partial analog video
and partial compressed digital video.

Additional study of this subject is required.
However, based on the preliminary data presented,
the distortion performance impact of system or device
loading with compressed digital video should be
substantially less than the effect of loading the same
amount of spectrum with conventional analog signals.
In particular, the Scientific-Atlanta model 9504 4-port
interdiction device shows very little distortion
deterioration (less than 1 dB) with the additional
loading of simulated digital video from 550 MHz to
750 MHz. The deterioration of the video signal to
noise ratio resulting from this Joading is typically less
than 0.5 dB.
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A Novel Approach to Improving Picture Quality of Cable Television Converters

Richard F. Annibaldi
Pioneer Communications of America, Inc.

Takashi Hashimoto
Pioneer Electronic Corp.

Abstract

The quality of pictures sold to cable

subscribers is of paramount importance.

However, methods commonly used in cable
to provide conditional access may worsen
picture distortions caused by the cable plant.
One such distortion, which we will refer to as
scratch noise, is a result of an interaction
between sync suppression scrambling and the
automatic gain control of the television
receiver.

This paper describes an innovative
circuit design (patent application filed) to
eliminate scratch noise. This circuit design
produces a trade-off due to the effects of
plant power supply hum on the cable signals.
The paper concludes by presenting and
evaluating one possible approach for dealing
with hum.

INTRODUCTION

Cable television signals are prone to
picture degradations from a variety of causes,
both internal and external to the cable plant.]
One example of interference resulting from
external causes is co-channel interference.
Co-channel may result from leakage into the
cable plant from a broadcast channel sharing
the same frequency as a channel on the cable.
Internal to the plant, nonlinearities in
amplifiers, for example, can cause
intermodulation. Previous investigations
have helped in many ways to minimize many
of these types of interferences.

To secure cable television signals and
prevent unauthorized reception, many cable
systems scramble premium channels at the
head end. They then restore the signal in the

homes of paying subscribers using a de-
scrambler. Although designed to be as
benign to the de-scrambled signal as
possible, these signal processing steps may,
themselves, introduce additional types of
interference.

RABBIT EARS AND SCRATCH NOISE

In particular, consider the effects of
signal security methods which scramble the
signal by suppressing the horizontal
synchronization pulses. Such horizontal
sync suppression is an integral part of most
RF and baseband types of scrambling.
Figure 1 shows the three stages of this
scrambling and de-scrambling process.
These stages are the original signal, the sync
suppressed signal, and the final restored
signal.

First, notice that the suppression
window at the encoder is wider than the
expansion window at the decoder. Because
of manufacturing tolerances, it is not wise to
try to make these two windows exactly the
same width. Doing so would result in
narrow and unpredictable spikes. Some of
these spikes might extend in the direction of
the sync tip causing erratic behavior of the
television receiver. As a result, it is common
to use a fixed overlap. This fixed overlap
creates the characteristic sync suppression
artifact commonly called rabbit ears.

Now, consider the effect of passing this
sync suppressed television signal through the
cable plant. Each amplifier through which
the signal passes, will add some noise to the
signal. This noise adds evenly to all parts of
the video signal. However, restoration of
the suppressed sync pulses in the decoder
effectively amplifies the noise only in the
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Encoded

Decoded

S/N is degrade'd.

Figure 1: Rabbit Ears Resulting from Sync
Suppression

sync portion of the signal. Because this
noise affects primarily the sync and blanking
area, and not the active video information, it
is usually not considered to be a concern.
However, careful investigation into the
television receiver operation clarifies the
problems caused by this noise.

Television receivers use Automatic Gain
Control (AGC) circuitry to allow consistent

reception of signals with varying strengths.
The sync tip is the highest amplitude portion
of the video signal. Therefore, additional
noise there will affect an AGC level derived
from signal amplitude. Figure 2 illustrates
this.

Virtually all modern television receivers
use a form of AGC called keyed or gated
AGC.2 This type of AGC samples the level
of the received signal only once per
horizontal line of video. Sampling occurs in
the area of the color burst. The sampling is
done on the luminance signal after separating
the chrominance and luminance components.
This location for AGC sampling is ideal for
normal broadcast television because the sync
and blanking area is the only predictable
portion of the composite video signal.

Once sampled, this level determines the
appropriate gain for the remainder of the
horizontal line. However, for a de-scrambled
channel, the noise riding on this area of the
blanking pulse provides an incorrect gain for
the entire line of video. Figure 3 illustrates
the effect of such noise on the luminance
signal. The result is a darkened horizontal
line on the viewed picture. Each such
darkened line looks like a momentary scratch.
The rapid changes in these scratches have
prompted the term scratch noise.

In addition, some television receivers
may drift with age and sample part of the
rabbit ear as well. This, too, can result in
scratch noise effects.

Video signal shift
due to AGC
response to noise

Figure 2: Sync Tip Noise Effects on AGC
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Figure 3: Noise Effects on Keyed AGC

EPQ CIRCUIT DESCRIPTION

Understanding this phenomenon has
allowed development of an Enhanced Picture
Quality (EPQ) circuit (patent pending). This
EPQ circuit reduces scratch noise
significantly and eliminates problems
resulting from rabbit ears. To accomplish
these two functions, the EPQ circuit consists
of two sections for:

1) the removal of artifacts (rabbit ears)
and 2) improvement of signal to noise ratio

on sync and blanking.

Rabbit ear removal

The first section of the EPQ circuitry
uses sample and hold switching to replace
rabbit ears with the immediately preceding
signal level. Figure 4 shows the basic
circuit. The associated timing diagram
appears in Figure 5.

During active video, switch 2 is in the
up, or bypass, position. Time T1 marks the
beginning of the rabbit ear on the front porch
of the horizontal sync. At time T1, switch 2
moves to the lower position selecting the
pedestal level sampled at the previous
horizontal sync’s back porch. After the
rabbit ear, at time T2, switch 2 moves back to
the bypass position.

At the beginning of the back porch, time
T3, switch 1 closes. This causes a sample

and hold of the level just prior to the next
rabbit ear. At time T4, switch 1 opens and
switch 2 changes to the lower position. In
this way, the pedestal value just sampled
replaces the rabbit ear. Finally, at TS, switch
2 moves back to the bypass position. As a
result, the sampled pedestal level substitutes
for both rabbit ears.

SW 2

SW 1 9/°

-

Figure 4: Rabbit Ear Removal Circuit

|
el

SW1 Closed-rg

SW2 Down P > SW2 Down
T 3 iTS
T2 T4

Figure 5: Rabbit Ear Removal Timing
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S/N improvement on sync and blanking

The second section of the EPQ circuitry
switches in filtering circuits to remove noise
on the sync tip and blanking. Figure 6
shows the basic circuit. The associated
timing diagram appears in Figure 7.

SW1

AN

SW 2-1 SW 2-2

PEEEY)

Figure 6: Noise Reduction Circuit

Figure 7: Noise Reduction Circuit Timing

Because of the presence of the color
burst, we must position this circuit after the
chrominance/luminance (Y/C) separation.
The luminance signal then passes through
this switch and filter circuit. During active
video, switch 1 closes to bypass the signal.
At the beginning of the horizontal sync tip,
time T1, switch 1 opens and both sections of
switch 2 close. This switches in a filter
circuit of the appropriate value for the sync
tip.

At T2, the transition from sync tip to
breeze way, both sections of switch 2 open
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and both sections of switch 3 close. This
switches in a filter circuit of the appropriate
value for the breeze way and back porch.
Finally, at T3, both sections of switch 3 open
and switch 1 closes to pass the active video
portions of the signal unfiltered. Thus,
appropriate circuitry separately filters the
sync tip and breeze way/back porch portions
of the signal.

TRADE-OFES IN DESIGN

Of course, the television receiver is not
the only device involved which uses AGC.
The cable converter also has it’s own AGC.
Selection of a slower than normal AGC
further improves the immunity of the
converter to fast, random noise.

System Power Supply Hum

However, there is one additional
consideration. Cable systems employ long
cascades of amplifiers. Power supply
failures in any one of these active devices
may cause power supply hum modulation to
appear on the television signal. Excessive
current drain due to overloaded system power
supplies can also have a similar result.

If the hum includes sharp transitions like
a square wave or spike, it will become more
noticeable on the television receiver. In such
cases, the NCTA recommends that systems
limit hum modulation to 2 percent or less;
otherwise 4 percent or less is acceptable with
smooth sinusoidal hum.3 The Federal
Communications Commission proposed a
limit of 3% in their technical requirements
docket of last year.# With modern switching
power supplies, well maintained systems
may achieve hum levels below 0.3 %.

What effect does this hum modulation
have on the subscriber’s picture ? Normally,
television receivers cancel any hum. The
keyed AGC in the receiver samples the signal
at a frequency much higher than that of the
hum. Thus, the AGC rises and falls with the
hum detected on the horizontal sync.



With the EPQ circuit, however, the
converter removes the power supply hum
only from the sync, not from the active
video. The keyed AGC in the television
receiver never detects the hum remaining on
the active video. As a result, the television
receiver displays the hum directly in the
picture, with no cancellation.

Viewers can tolerate moderate amounts
of hum in the viewed picture, while still
enjoying the noise reduction benefits of the
EPQ circuitry. However, as hum increases,
the benefits of EPQ become completely
masked by the objectionable hum bars in the
picture.

Hum detector and AGC Control

One way around this problem is to use
the converter’s AGC as a surrogate for the
television receiver’s. However, the slow
AGC chosen to complement the EPQ
circuitry now becomes a disadvantage.
Ideally, we would like to combine the
benefits of EPQ with AGC speeds
appropriate to the changing conditions of
hum. Figure 8 shows the circuit proposed to
do just this.

HUM DETECTOR

Figure 8: Hum Detection and AGC Speed
Control

This circuit senses the amount of hum
on the signal. It then adjusts between the
slow AGC needed for EPQ, and the fast
AGC to deal with the hum distortion. Based

upon subjective tests to determine the
optimum points, the control points chosen for
AGC speed are as follows:

Slowest AGC 0.3% and below

Fastest AGC 1.2% and above
Between these two values, the speed of the
AGC increases linearly.

CONCILUSIONS

Conditional access to cable programming
requires a method of denying programming
to non-subscribers. Signal scrambling
involving sync suppression has become a
common means of providing this control.
However, the added noise introduced by
sync suppression has adverse affects on
television receiver AGC. The EPQ circuit
provides a method to avoid the resulting
scratch noise, while still handling hum
modulation on the cable signals.
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A PROGRESS REPORT ON THE WORK OF
THE ATSC SPECIALIST GROUP ON INTEROPERABILITY
AND CONSUMER PRODUCT INTERFACE

Bernard J. Lechner
Consultant
Princeton, New Jersey

Abstract

Since August of 1989, a group of
dedicated television engineers has been meet-
ing approximately every six weeks to help
ensure that the Advanced Television standard
chosen by the FCC for terrestrial broadcast
will be friendly to Cable TV and other alter-

nate media as well as the American consum- .

er. The work of this group and the results it
has achieved in the last 2 1/2 years is de-
scribed. It is concluded that a single base-
band ATV format should be adopted by all
television delivery media. It is also conclud-
ed that a single standard for encryption of
conditional-access programmingis technically
feasible.

INTRODUCTION

In August of 1989 the Advanced
Television Systems Committee (ATSC)
created a Specialist Group on Interopera-
bility and Consumer Product Interface to
study issues relating to interoperability
among the various media that will be em-
ployed to deliver Advanced Television
(ATV) service to U.S. consumers and to
study the resulting impact on the interface
between consumer products and the vari-
ous media. An objective of the Specialist
Group (known as T3/S2) is to develop a
body of technical information relating to
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the requirements of the alternate media
that the ATSC can provide to the FCC
Advisory Committee on Advanced Televi-
sion Service (ACATS) to assist in the
choice of an ATV standard for terrestrial
broadcast. A further objective is to encour-
age the alternate media to adopt voluntary
standards for transmission of ATV signals
that will maximize the interoperability
among media and especially between the
alternate media and terrestrial broadcast.
A final objective is to.encourage the adop-
tion of a voluntary interface standard by
television receiver manufacturers that will
accommodate the needs of the alternate
media. The goal is to achieve a set of
harmonized standards that are friendly to
the various delivery media and the consum-
er.

The membership of T3/S2 totals
approximately 30 and includes a broad
cross-section of the television industry with
representation from broadcasters, receiver
manufacturers, programmers, the telephone
industry, Cable TV operators and equip-
ment manufacturers, ATV system propo-
nents, satellite operators and equipment
manufacturers, etc. The Group has met
over 20 times with a typical attendance of
12 to 15 members at each meeting.

In carrying out its work, T3/S2 has
concentrated on issues relating to the deliv-



ery of ATV by Cable TV and DBS. A
major part of our effort has been focussed
on conditional-access systems for ATV.
The Group has sought to identify which, if
any, aspects of conditional-access systems
are suitable for voluntary industry standard-
ization. Working with our sister Group,
the ATSC Specialist Group on Digital
Services (T3/S3), we developed a list of
attributes for scrambling (The term "scram-
bling" is used here and throughout this
paper in the broad contest of rendering the
signal unintelligble.) and conditional access
to be applied to the proposed ATV sys-
tems.

To assist T3/S2 in its work, written
inputs were obtained from the various
ATYV system proponents and other interest-
ed parties. We have also had presentations
at our meetings by system proponents and
others. The Group is now in the process of
distilling these many inputs to organize
them into a final report by mid-1992.
Toward this end we recently developed a
strawman list of nearly 30 possible points
of agreement relating to interoperability
and consumer product interface as a basis
to achieve a consensus.

BACKGROUND

As the U. S. moves towards the
adoption of standards for a terrestrial
broadcast ATV service, it is important to
recognize that ATV services will also be
provided by Cable TV and the other alter-
nate media. Since Cable TV and the other
media have differing needs as well as
differing technical and regulatory con-
straints, it is important to insure coordina-
tion and cooperation among all media in
the development of standards so that pro-
gram material delivered by any one medi-
um can also be easily delivered by all other

media and so that consumer receivers can
be easily interfaced to all possible media.
If this is not done, expensive conversion
equipment might be required to exchange
programming between media and, worse
yet, consumer television receivers might
require complex, and potentially user-un-
friendly, interface boxes to receive pro-
grams from the various alternate media.

This need has been recognized by
the FCC and has been addressed in part by
the Advisory Committee through the Plan-
ning Subcommittee Working Party 4 (PS-
WP4) on Alternate Media and the Systems
Subcommittee Working Party 4 (SSWP4)
on System Standards. Specifically, SSWP4
recognized the importance of Cable TV in
delivering terrestrial broadcast signals to
consumers and has explicitly stated that any
standard(s) adopted for terrestrial broad-
cast must be capable of being transmitted
over Cable TV systems. The HDTV Sub-
committee of the NCTA Engineering Com-
mittee, PSWP4 and Cable Television Labo-
ratories (Cable Labs) developed a basic
test plan to evaluate the performance of
proposed ATV systems when transmitted
through Cable TV systems and over fiber
optic links. Cable Labs converted this
basic test plan into a specific series of tests
and installed the necessary Cable TV and
fiber optic equipment at the Advanced
Television Test Center (ATTC) where
Cable Labs is now conducting tests of the
proposed ATV systems.

In late 1988, PSWP4 developed a
strawman proposal for an ATV Multiport
receiver interface that would make it possi-
ble for ATV receivers to interface to alter-
nate media sources. Subsequently the
Electronics Industries Association (EIA)
ATV Committee created an ATV Multi-
port Receiver Subcommittee. This Sub-
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committee, which is now a part of the EIA
R-4 Engineering Committee (designated as
the EIA Receiver Interface Subcommittee -
R4.1), developed a detailed generic model
of an ATV receiver multiport interface.

It is in the context of these various
related activities that T3/S2 undertook its
work in August of 1989. To insure that
there would be neither competition nor
unnecessary duplication of effort, T3/S2
established and has maintained liaison with
EIA, PSWP4, SSWP4 and the NCTA.

ACTIVITIES OF T3/S2

Early in its work, T3/S2 realized
that the alternate media were free to
choose ATV standards totally unrelated to
those developed for terrestrial broadcast.
We concluded that such a scenario was
both unwise and unlikely, and in any event,
unless and until some medium chose such
a standard, there was little if anything we
could do to deal with its interoperability
with other media. Recognizing that the
various media will employ different modu-
lation methods and may format and condi-
tion the signals for transmission differently,
we concluded that the requirements for
interoperability and consumer product
interface would be most easily met if all
media were to adopt substantially the same
baseband video signal format. We made
this statement intentionally vague to allow
for the possibility that variations among
media will allow exploitation of extra capa-
bility by a given medium or fitting within a
constraint by another medium without
unduly compromising interoperability or
complicating the consumer product inter-
face. As an example, VHS tape has less
luminance bandwidth than NTSC and S-
~ VHS has more luminance bandwidth.

42 1992 NCTA Technical Papers

Therefore T3/S2 has focussed on
examining the standards proposed for
terrestrial broadcast of ATV, assuming that
the terrestrial standard chosen by the FCC
will form the basis for the standards em-
ployed by the alternate media. We have
attempted to evaluate how well each of the
proposed terrestrial standards meet the
unique needs of Cable TV and the other
alternate media with regard to interopera-
bility and consumer friendliness.

Cable Television

T3/S2 decided initially to concen-
trate on Cable TV and to characterize the
needs of Cable TV in an ATV environ-
ment. We agreed that most of the issues
of concern to the Cable TV industry would
be covered by the test program now being
conducted by Cable Labs at the ATTC.
The major issue that is not covered by the
Cable TV test plan is scrambling and the
need for data transmission to control condi-
tional access to scrambled programming.
Since the data transmission for controlling
access falls within the charter of the ATSC
Specialist Group on Digital Services (T3/-
S3), starting with our January 18, 1990
meeting, T3/S2 has met jointly with T3/S3.
At that meeting we agreed to develop an
attributes list for scrambling and condition-
al access to be applied to the proposed
ATV systems.

At our March 7, 1990 meeting, we
reviewed the criteria for scrambling and
conditional access used by the Direct
Broadcast Satellite Association (DBSA) in
1986 as well as a list of attributes gener-
ated by Graham S. Stubbs, the Chairman
of T3/S3. We reached a consensus on four
basic desireable attributes for a scrambling
and conditional-access system.



e The images displayed on receivers
not authorized to receive the scram-
bled programming must be unrecog-
nizable.

e It must not be possible to recover
the image by inspecting the trans-
mitted signal and performing any
reasonable real-time processing on
the information contained therein.

e  The details of how the system oper-
ates must be general public knowl-
edge.

o  The security of the system is entirely
contained in the delivery and pro-
cessing of the key.

During subsequent joint meetings of
T3/S2 and T3/S3, this list was modified
and expanded and it was augmented by a
second list of desireable features and other
considerations. A first draft was mailed by
T3/S3 to the ATV proponents and other
interested parties in August of 1990. The
comments received were incorporated into
a second draft which was mailed by T3/S3
to a wide cross-section of the television
industry in December of 1990. The final
result is ATSC document T3/180 "ATV

Encryption System Characteristics" dated-

16 May 1991 (see Appendix), which has
been widely distributed to the ATV propo-
nents and others for use as a guideline in
developing and evaluating ATV systems.

During 1990 T3/S2 solicited and
received information from the ATV system
proponents concerning how they planned to
meet the original four basic desireable
attributes for a scrambling and conditional-
access system. This was at a point in time
when most of the proposed systems were
based on analog transmission. By the end

of 1990, that had all changed. Four of the
five full high-definition ATV simulcast
systems are now based on digital transmis-
sion, and it is clear that they can all meet
the six general requirements for System
Security listed under Desireable Attributes
in the Appendix by encrypting the transmit-
ted digital signal bit-by-bit and providing an
appropriate replaceable security module.

The attention of T3/S2 then turned
to the question of which, if any, aspects of
such a conditional-access system might be
subject to voluntary industry standardiza-
tion. To address this issue, during 1991 we
invited ATV system proponents and others
to present their views at our meetings.
Those presentations and the ensuing dis-
cussion have led us to the following tenta-
tive conclusions, assuming an all-digital
simulcast ATV system:

e  For conditional-access programming,
the source-coded digital video, au-
dio and data will be scrambled by
encrypting the transmitted digital
data stream using a DES-like al-
gorithm.

e  The process of scrambling and de-
scrambling the transmitted digital
data stream will be implemented by
performing a mathematical opera-
tion on the source-coded digital
signal and a pseudo-random number
generated from a seed provided by
the encryption algorithm.

e  With respect to the equipment in
the consumer’s home, the security of
the system shall reside entirely in -
the hardware/firmware used to
implement the encryption algorithm,
i.e., process the delivered keys to
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produce the seed for the pseudo-
random number generator.

e In order to provide for recovery in
the event that the security module,
i.e., the hardware/firmware used to
implement the encryption algorithm,
is cloned by a pirate, this portion of
the in-home system must be easily
replaceable.

e It is highly desireable that the secu-
rity module be replaceable by the
consumer himself, not requiring a
service call.

Given the above five tentative conclusions,
all of the system security attributes listed in
the Appendix can be met, and if ATV
receivers have a multiport interface which
passes the source-coded digital signal, a
decoder box can be connected to the inter-
face to perform the descrambling opera-
tion. Different service providers can use
different encryption algorithms if desired.
However, this may lead to multiple boxes
connected to the multiport interface with
each box having its own replaceable securi-
ty module.

T3/S2 also concluded that it is
possible to design and standardize a condi-
tional-access system that meets all of the
requirements for the desireable attributes
listed in the Appendix. The hardware for
such a standardized -conditional-access
system could be contained in a back-of-the-
set box connected to the ATV receiver
multiport interface, or alternatively, except
for the replaceable security module, it
could be built into the ATV receiver. If
the conditional-access hardware is built
into the ATV receiver, a separate interface
(not the multiport interface) will be re-
quired to accommodate the replaceable
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security module and still another interface
will be needed to provide signals to an
upstream data link to order pay-per-view
programs. The EIA R4.1 Receiver Inter-
face Subcommittee is studying both of
these interfaces as well as the multiport
interface.

Although a standardized conditional-
access system built into the ATV receiver,
rather than external, is technically feasible
and would provide the most cost-effective
and user-friendly system for both service
providers and their customers, the design of
such a system will require a major coopera-
tive effort by all segments of the television
industry. However, since the various U.S.
television industry segments traditionally
compete with one another and each has
vested short-term business interests that
argue against a single conditional-access
standard, T3/S2 has concluded that agree-
ment on a single voluntary standard for
conditional access is not likely, despite its
technical feasibility and obvious long-range -
advantages of cost and convenience for
both service providers and the American
public.

DBS

Beginning at our March 7, 1990
meeting, T3/S2 began to study satellite
(DBS) delivery of ATV programming to
consumers. We understood that the Satel-
lite Broadcasting and Communications
Association (SBCA) was planning to dis-
tribute a questionnaire to present and
prospective satellite programmers concern-
ing ATV-related issues. We established a
liaison with SBCA to initiate a cooperative
effort and avoid duplication of work. It
quickly became clear that the conditional-
access issues for DBS and Cable TV were
substantially the same, except possibly for



data capacity requirements to address a
larger universe of subscribers from a single
transmission point in the case of DBS.

The major difference between DBS
and Cable TV is the different modulation
method likely to be used by DBS. T3/S2
concluded that the proponents of ATV
systems should be asked how they proposed
to deliver ATV signals over satellites, and
that it would be desireable to conduct
comparative satellite delivery tests of the
proposed ATV systems. PSWP4 had devel-
oped a skeleton test plan for satellite trans-
mission and T3/S2 volunteered to convert
this into a specific test plan, if the SBCA
could put a test program in place. During
the period from December, 1990 to July,
1991, there was an ongoing dialog between
T3/S2, SBCA and ATTC. In July, 1991
SBCA created a Working Group on Satel-
lite Testing of ATV Systems, which first
met on July 17, 1991. By early December
of 1991, the Working Group developed a
Conceptual Test Plan for Satellite Delivery
of ATV. This plan differed significantly
from the earlier PSWP4 plan because of
the change from analog systems to all-
digital systems.

Later in December of 1991, the
SBCA Working Group initiated discussions
with PSWP4 and in January, 1992, the
Working Group became a sub-group of
PSWP4. The present plan is to conduct a
theoretical evaluation of the proposed
ATV systems based on information sup-
plied by the proponents about how they
propose to deliver ATV by satellite.

Consumer Product Interface

With respect to the television receiv-
er interface issues, T3/S2 believed from the

outset that the EIA Multiport Subcommit-
tee (now R4.1) had this well in hand.
During 1989 and 1990, we reviewed drafts
of their reports at various stages and pro-
vided our comments. We held a joint
meeting with them in April of 1990 and the
Chairman of T3/S2 has been attending
their meetings as an active participant since
early 1991. [Initially, R4.1 developed a
generic model of an ATV receiver multi-
port interface. Recently the Committee
has focussed on being more specific. Al-
though precise details of the interface must
await the choice of a terrestrial broadcast
standard by the FCC, R4.1 has identified
four possible interfaces: An analog inter-
face which probably will be luminance and
two color difference signals; a digital inter-
face which will most likely be source-coded
compressed digital video, audio and data;
a conditional-access interface to accommo-
date a replaceable security module; and a
control interface to pass receiver status to
other devices, receive status from other
devices and to allow user inputs (either
directly to the TV or via remote control) to
be passed to other devices, e.g., to order
pay-per-view programs via a modem or
other up-stream communications link.

In early February of 1992 the EIA
R4.1 Committee distributed a question-
naire concerning these four possible inter-
faces to a wide cross-section of the televi-
sion industry. The responses to the ques-
tionnaire will be analyzed this spring and,
along with inputs from T3/S2, T3/S3,
PSWP4 and other industry groups, will help
to define appropriate interface ports that
can lead to EIA recommendations for
voluntary standards for television receiver
manufacturers.
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CONCLUSIONS

Since its inception in August of
1989, T3/S2 has been working to achieve
harmonization of standards among the
various media that will deliver ATV to the
American consumer. We have focussed on
Cable TV and DBS and it appears at this
point that both Cable TV and DBS will
adopt standards that embody substantially
the same baseband format chosen for
terrestrial broadcast. It also appears that
other media (telephone companies, pre-
recorded video, etc.) will do likewise.
Working with our sister group T3/S3 we
have, with the help of many in the televi-
sion industry, developed a list of ATV
Encryption System Characteristics to serve

as guidelines for the industry. We have
also, through SBCA and PSWP4, initiated
an evaluation of the proposed ATV systems
for DBS transmission. With the EIA R4.1
Committee, the definition of TV receiver
interfaces that will provide user-friendliness
in an alternate media environment is pro-
ceeding apace. Finally, T3/S2 has achieved
agreement that a single standard for condi-
tional-access programming is technically
feasible and can, with an interface for a
replaceable security module, be implement-
ed within the TV receiver. The challenge
to achieve a single conditional-access stan-
dard is not technical; it is a business chal-
lenge that will require cooperative efforts
within the industry to achieve win-win
rather than win-lose scenarios.
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APPENDIX
ATSC DOCUMENT T3/180
Dated 16 May 1991

ATV Encryption System Characteristics

I. DESIRABLE ATTRIBUTES

1. System Security

e General -- The system security design shouid provide:

e System security entirely contained in the delivery and processing of encryp-
tion keys; it should permit recovery from any security compromise.

e Secure operation even when threatened by a party with total system
information; i.e., the system must be secure even if all details of how the
system operates should become public.

e To the extent that withstanding piracy threats over a long period of time
may require the periodic exchanging of at least some key components of
consumer decoders, this capability for changes should be provided in a way
so as to minimize the costs of such exchanges.
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e Images and audio of transmitted signals should be unrecognizable when
received and displayed by receivers not authorized to receive the scrambled
programming.

¢ Non-feasibility of decryption by inspection of the encoded signal and per-
formance of any reasonable processing on the encoded information.

e Secure transmission of ancillary services.

e Physical -- Physical security measures should:

e Preclude a typical homeowner with household tools from defeating any
security function.

e Preclude a commercial enterprise from making cloned units or modifying
legitimate units such that security measures are defeated. The cost of
cloned devices should be much greater than the value of the deferred
service cost.

2. Signal Quality
e Under perfect signal conditions:
e There should be no perceptible decoding artifacts in video.
e There should be no perceptible decoding artifacts in audio.

3. Signal Robustness

e The effect of noise or signal degradation on reception and decoding of
encrypted signals should be no greater than the effect of such signal-path im-
perfections on non-encrypted signals. '

4. Universality

e Applicability, where possible, to alternate media intended for program delivery
to the consumer.
e Terrestrial broadcast.
e Wired networks (cable, fiber, etc.)
e Satellite broadcast.
e Pre-recorded.
It is desirable that an encrypted format be useable in all of the alternate media
without completely decoding and re-encoding as the signal passes from one
medium to another.

II. DESIRABLE FEATURES AND OTHER CONSIDERATIONS

1. Addressability and Tiering

e Pre-authorized tiers.
e Number available.
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e Independent control of audio, data, and text.
e Addressability
Size of the universe (per operator/system).
e Data space required per addressable consumer terminal.
e Universal key and fail-safe modes.
o Interface to automatic ordering systems.

2. Subscriber and Pay-Per-View

e Lock-out functions.
e By rating (parental control).
e By channel or time of day.
¢ By pay-per-view.
Program tracking.
Transactions per month.
Impulse pay-per view: increment/decrement function.
Return loop provision.
Multiple operator pay-per-view.
Consumer-friendly operation.

3. Multiple Operator Use and Control

e Feasibility of simultaneous multiple operator use.

‘e When encrypted signals are delivered to cable headends, provision for local
cable system intervention to manage conditional-access control and key dis-
tribution within the cable system.

e Separate billing systems for multiple operator use.

e System capacity: how many simultaneous billing systems.

4. Ancillary Services
e Multiple sound channels.

e Teletext/captioning capability.
e Allocation flexibility for ancillary services.
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Advances in Videodisc Technology

Quintin W. Williams
Richard F. Annibaldi
Pioneer Communications of America, Inc.

Abstract

Cable systems are becoming increasingly
active in the local origination of both
programming and commercials. Meanwhile,
the technology available for video storage and
playback is developing rapidly. This paper
describes some of these advances, especially
erasable video discs. A description of
replicated and recordable video discs
provides a baseline for comparison of the
new technology of erasability. An
understanding of all of these approaches
should help the cable system operator to
select the best technology for his
applications.

INTRODUCTION

Since the early days of cable television,
cable operators have concentrated on the
distribution of programming that was
originated elsewhere. Recognizing the
economic potential of both commercial
insertion and pay per view, cable operators
are now considering new methods for
sourcing programming right in their systems.
This local recording and playback requires
that the cable operator understand new
technologies and apply them wisely.

Introduced over ten years ago, replicated
video discs remain a high quality, reliable
source of playback video. However, video
discs are now available in other formats, the
newest of which is the erasable video disc.
To best understand the operation and
advantages of this new format, it is helpful to
review the earlier approaches.

REPLICATED VIDEO DISCS

Audio and video information on the disc
takes the form of tiny “pits” measuring 0.4
micron wide and 0.1 micron deep. The
lengths of these pits represent the analog

video information, and the associated audio.
Rows of these pits form a single track
spiraling from the inside of the disc to the
outside. The distance between adjacent
tracks is approximately 1.6 microns.

Format

There are two common formats for
replicated video discs. They are Constant
Angular Velocity (CAV) and Constant Linear
Velocity (CLV). The CAV format of a 12
inch disc has a storage capacity of 54,000
frames of video. At a constant rotational
speed of 1800 RPM, each revolution of the
disc corresponds to one frame of video. The
playtime of a CAV disc is 30 minutes per
side. Refer to Figure 1 for a detailed
illustration of the CAV format.

Generally referred to as standard play,
some of the beneficial capabilities of the CAV
mode are freeze frame, slow motion, and step
frame.

Standard Play Disc (CAV)

Ventical Interval  ewe—io,

Lead-out Track
(1200 lines)

1st Field

Lines 17, 18
Frame Number

2nd Field

Vertical Sync

Vertical Interval

Figure 1: Standard play (CAV) format
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When recording in the CLV format
(extended play), one frame of video occupies
the innermost track revolution. This linear
distance is constant for all video frames on
the disc. As a result, three frames of video
occupy the outermost track revolution. Refer
to Figure 2 for the CLV format. The
rotational speed of the player varies from
1800 RPM at the center to 600 RPM at the
outside edge. This compensates for the
amount of information recorded per
revolution. As a result, this format stores 60
minutes of play time per side of the disc.
Without the use of additional electronics,
such as frame store memories, the CLV
format cannot do freeze frame, slow motion,
or still step.

Extended Play Disc (CLV)

Vertical Interval

600 RPM -

1800 RPM

Lead-in Track
{900 lines)

Lead-out Track
(1200 lines)

Figure 2: Extended play (CLV) format
Playback Process

The surface of a video disc contains
billions of tiny pits of uniform width and
depth. The length of each pit, and spacing
between each pit, varies according to the
modulated video and audio signals
represented on the disc. As a laser beam
shines on the surface of a disc, 80% of the
incident light normally reflects into a
detection lens. When the beam passes over a
pit, however, only about 20% of the incident
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light reflects into the detection lens. These
detected changes in reflected light modulate
the photo diode current of the pickup,
regenerating video and audio signals from the
playback circuits.

Finished discs have two sides, of course.
Manufacturing of each side, however, occurs
independently. Only the final stage of
production adhesively bonds the two sides
together. The clear polymethyl-methacrylate
(PMMA) protective coating used in the
molding process is susceptible to shrinking
and warping in  humid conditions.
Therefore, the process of bonding two discs
together is necessary to insure that the video
disc will not warp, causing the disc’s vertical
acceleration to change during playback.

Generation of Master

There are various methods of mastering
and reproducing video discs. A cross
sectional diagram of a replicated disc is
shown in Figure 3.

PMMA Coating

Aluminum Reflective Laysr
Protective Layer
Adhesive Layer
Protective Layer
Aluminum Reflective Layer

PMMA Coating

Figure 3: Cross section of the replicated
video disc

Because it can replicate video discs in
mass quantities, the photo resistive
replication technique is used on most discs on
the market today. This process, shown in
Figure 4, starts with cleaning and polishing a
piece of glass to a flat smooth finish.
Application of a photo resistive (PR) material
forms a thin layer on the glass. The
thickness of the PR material is crucial in
determining the C/N of the signals during
playback. For optimum C/N performance,
the material thickness needs to be 1/4
wavelength of the laser used to read the disc.



Polished Glass

After Exposure

Top View of Pits

) o O oD

Figure 4: Production of stamper for replicated
disc

Recording Process

The recording process begins by using an
FM modulated composite audio/video signal
to modulate the recording laser beam. The
laser beam modulations soften the exposed
photo-sensitive surface areas of the master
disc. A chemical developer solution washes
the disc to remove the softened photo-
sensitive material. This step actually forms
the pits. In a vacuum deposition chamber, a
vaporized finish of nickel or silver covers the
glass master, making the surface conductive.

In an electro-forming bath, a thick coating
of electroplated nickel covers the surface of
the master, forming the stamper. After
additional steps to protectively seal, cut, and
punch the stamper, it is ready for mounting in
an injection molding machine, and the start of
the mass production process.

Mass Production

Figure 5 shows the steps for mass
production. The first step consists of an

injection molding or hot press operation. A
hot plastic compound (PMMA) enters the
mold cavity under high pressure. Once the
plastic solidifies and cools, the disc is ready
for removal and metalization with a layer of
aluminum. Finally, the addition of a layer of
protective overcoating to the aluminum
completes one side of the disc.

The adhesive bonding of the protective
layers of two sides of a disc forms a complete
replicated disc. A quality assurance inspector .
performs a final check on all discs to insure
they meet all standards.

Figure 5: Mass production process for
replicated disc

REAL TIME VIDEO DISC REPLICATION

The real time recording process uses a
Direct Read After Write (DRAW) optical
system to record onto a blank video disc.
Immediately after recording, a disc is ready
for playback on any standard laser disc player
and produces the same image quality as a
mass produced video disc. Real time disc
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replication is a relatively fast and inexpensive
alternative to replication of single copy and
low volume disc orders.

The real time videodisc recording system
records all source material onto a blank disc
in one process. Blank discs are available in
either plastic (PMMA) or glass substrates.
The recording medium consists of a dye-
polymer/metal bi-layer. The dye-polymer
layer is thermally reactive to the exposure of
laser light. Upon contact of laser light, the
surface reacts by converting solids to gas-
forming pits with no debris.

ERASABLE RE-WRITEABLE VIDEQ
DISC

The most recent entry into the video
market is the magneto-optical disc, an
erasable / re-writeable technology. As the
term magneto-optical implies, magnetic and
optical principles combine to achieve
recordability.

One of the major benefits of this new
technology is that it offers the user the ability
to erase and rewrite over one million times to
a single disc, with no degradation to the re-
writeable media. Other advantages associated
with magneto-optical technology are high
quality video, frame by frame recording
capability, and independent digital audio
recording.

—Tempered Glass Substrate
Adhesive Layer

fr* Dielectric Layer

5 PN SOOI Magneto-Optical Layer

/\/\/\/\/\/\/\/\/\/\/\/ Dielectric Layer
LA AR A SN A

/ L Photo Polymer Layer
——Tempered Glass Substrate

Figure 6: Magneto-optical disc composition
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Disc Composition

Layers of magneto-optical, dielectric,
adhesive, and photo polymer materials make
up the disc. The addition of a chemically
strengthened glass substrate provides
durability against warping and bending.
Figure 6 illustrates a cross section of the disc.

Use of a constant angular velocity (CAV)
disc format for the magneto-optical
technology fixes the speed of rotation at 1800
RPM. Each rotation of the disc contains one
frame of video. A thirty-two minute disc
capacity, then, equates to 57,600 individual
frames of video. The CAV format permits
frame by frame recording, as well as slow
motion, freeze frame and random search
features.

All discs are pre-grooved with precisely
formed microscopic “valleys” in the surface.
This allows the disc recorder to record and
play information accurately in a spiral track.

Features

The constant rotation speed also allows
for the use of two separate heads. The
second head is one half rotation away from
the first. The first head can erase or play.
The second can record or play. Together, the
two heads make possible seamless playback
cuts from one area of the disc to another.
Recording can occur at the same time as
erasing on a used disc. The two heads can
even copy from one portion of the disc to a,
previously erased, section of the disc.

The player and disc together provide
several approaches to accurate timing. First,
each disc contains permanently pre-etched
frame numbers. The drive uses these frame
numbers to derive elapsed time for precise
time searches to any section of the disc.
Secondly, a portion of the VBI may store the
SMPTE time code. Playback restores the
original time code, whether linear or VITC.

Component Video

Video is recorded on the disc in an analog
time compressed component form. Refer to
Figure 7 for details on the recording process.



process. The recorder first separates
luminance and color components of the
video. It then time compresses these and
separately records them within each line of
video.

Recording and playback in component
form eliminates cross color and cross
luminance problems. These normally result
from interference between luminance
information and color subcarrier frequency.
The component approach also avoids chroma
dot crawl and 2-field jitter problems
associated with phase relationship between
color subcarriers. As a result, recording in
the time compressed component form
produces image quality equivalent to that of
professional broadcast video.

PCM Audio

The recorder converts two channels of
analog audio to a PCM format. It then time
base compresses these audio channels and
records them within a portion of the vertical
blanking interval, independent of the video
signal. Refer to Figure 7.

During the playback mode, the reverse
process occurs. The quality of this recorded
audio is equivalent to Hi-8 digital audio, with
a dynamic range of 85 dB at a bandwidth of
15 kHz.

Comparison to Replicated Discs

The technology associated with magneto-
optical is not compatible with, nor similar to,
replicated discs, other than disc size and
format (CAV). The MO disc contains
billions of individual segments, where each
can be magnetically polarized.

Playback Process

Even the operation of the laser pickup
differs in the MO approach. When reading
information from a MO disc, all laser light
equally reflects off the surface of the disc.
As shown in figure 8, playback circuits detect
the spatial coherence of the reflected light
between segments, producing an FM signal.
When demodulated and decompressed, this
FM signal reveals the video signal in its
original component form.

2 Channels of input GBR Input Component Input Composite
Analog Audio Signals Signal Signal
PCM Format Matrix [ Y/C Separation |
Processing
. ]
Timebase

Compression

Timebase Compression
Y=1/1.2, R-Y, B-Y=1/7.2

_uﬂﬁv | B-v]
|<

1H |

11

. Time
S:IX PCM Audio Code

Video S

|<¢——— VBlanking —— ]|

Figure 7: Magneto-optical disc recording process
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Disc
Rotation

Incident Light Detector
(Linear Polarization)

Figure 8: Playback of magneto-optical disc

Recording Process

Figure 9 shows the record method. While
heating a segment of the disc with a laser
beam, application of a magnetic field changes
the orientation of the north and south poles of
that segment. As the segment cools, the
changed orientation remains, permanently
storing the information.

RECORD

Rotation Laser Beam
(Modulated)

Figure 9: Recording of magneto-optical disc

Erasure Process

Laser and magnetic fields again combine
to erase a segment as Figure 10 illustrates.
As a laser beam heats the segment, the
applied magnetic field reorients the polarity of
the segment to its north pole position. On
blank or erased discs, all segments have the
same, north pole, polarization.
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ERASURE

Magnet s

A Magneto-Optical
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Figure 10: Erasing magneto-optical disc

This recording approach allows one
million erase/rewrite operations with no
degradation to the media. Thus, the use of
laser optics and magnetic polarization can
provide significant video recording and
playback capabilities.

CONCLUSIONS

The storage and playback of video
continues to grow in importance as
commercial insertion and local origination
spread. Advances in this area now offer
significant alternatives to cable operators.
The erasable, re-writeable video disc using
magneto-optical technology provides many
benefits which deserve consideration.
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ABSTRACT

An MPEG based video compression system
for delivering multiple channels of digitally
compressed video over a single satellite tran-
sponder or a single cable channel is described.
The video compression scheme is MPEG com-
pliant and is based on the Discrete Cosine
Transform and motion estimation followed by
Huffman coding, and is described in detail.
The system is capable of handling both inter-
laced video as well as progressive sources such
as movie material.

INTRODUCTION

Recent years have seen significant develop-
ments in the area of digital compression as
applied to video. These compression tech-
niques have been applied to a variety of media
including storage devices, satellite and terres-
trial broadcast channels, and in cable and tele-
communication networks. There has also been
significant activity to establish image and
video compression standards. The JPEG (Joint
Photographic Experts Group) standard for
compression of still images is currently in the
final stages of standarization[1}. MPEG (Mov-
ing Picture Experts Group) is another body
whose activities occur within the framework of
the ISO (International Organization for Stan-
dardization)[2,3]. MPEG examines the issues
involved not just in video compression, but
also that of compressing associated audio and
the system issues of audio-video synchroniza-
tion. Differing industries such as the cable and
telecommunications industry, the consumer
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electronics industry and the computer industry
are looking at using the same technology in
their applications. The use of a common stan-
dard will go a long way towards resolving the
problem of interoperability of these systems.
Furthermore, large volume production of stan-
dards based IC’s can lead to substantial cost
reductions, thus enabling even wider applica-
tions.

In this paper, we will give an overview of a
video compression system based on the evolv-
ing MPEG (Moving Pictures Expert Group)
standard, and describe its application to a cable
network to provide multiple channels of com-
pressed video. In recent months the cable
industry has been examining applying digital
compression techniques to satellite and cable,
to increase the number of programs that can be
carried over a single cable channel or a satel-
lite transponder. The block diagram of such a
system is shown in Figure 1. A program
encoder compresses the video and audio asso-
ciated with a particular program and multi-
plexes the output with the auxiliary data after
separately encrypting them. Qutputs of multi-
ple program encoders are then multiplexed and
transmitted over a single channel, after appro-
priate forward error protection and digital
modulation. In an SCPC mode, the output of a
single program encoder would be modulated
on to one carrier. A cable head-end receives
the compressed video, either over a satellite
link as shown in Figure 1, or over a fiber-optic
link. In either case, the received signal is
demodulated, and then re-modulated for trans-
mission over cable to the consumer’s home.
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Figurel: Transmission link from satellite uplink through the head-end to the
consumer’s home,
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The cable operator can also demultiplex the
incoming signals and re-mix them in any
appropriate combination, if it is so desired.
The digital transmission techniques used for
the cable and the satellite channels are very
different and are so indicated in Figure 1. In
the early stages of deployment of such a sys-
tem, the cable operator can also decompress
the compressed video and audio, at the head-
end, and transmit uncompressed analog video
over cable, as is done today.

SYSTEM QVERVIEW

Figure 2 shows the function of each program
encoder in greater detail. An individual pro-
gram encoder compresses the video and audio
associated with one program, separately
encrypts them and the auxiliary data, and out-
puts a multiplexed stream. In the system we
describe in this paper, the video and audio
compression algorithms used are MPEG
(Moving Pictures Expert Group) compliant.
The MPEG video compression algorithm is
currently undergoing standardization by the
ISO (International Standards Organization),
and is based on the Discrete Cosine Transform
and motion compensation. The audio compres-
sion is provided by MPEG audio.

TABLE 1. System Parameters

Video

Raster Format 525 lines 2:1 interlaced
Frame Rate 2997 Hz

Aspect Ratio 4:3 or 16:9

Pixels per line 720

Lines per frame 480

Audio

Number of channels 4 or more

Bandwidth 20 kHz

Sampling frequency 32,44.1 or48 kHz

The different encrypted bit streams are then
multiplexed, as shown in Figure 2, to form the
output of a single program encoder. The out-
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puts of different program encoders can possi-
bly have different bit rates, due to the
variability in the program information, and are
statistically multiplexed together to form a sin-
gle bit stream. The multiplexer shown in Fig-
ure 1 therefore, also includes a transport layer
protocol to allow for effective synchronization,
and identification of the bit streams emanating
from the different program encoders. At the
cable headend, the multiplexed data is demul-
tiplexed into different streams corresponding
to the data output of each program encoder.
These can now be remultiplexed in any combi-
nation desired. The different data streams mul-
tiplexed together can also originate from
different satellite transponders as shown in
Figure 1. This provides enormous flexibility to
the headend programmer to selectively show
certain programs in a particular viewing area.

Table 1 provides a listing of the video and
audio related system parameters for the sys-
tem.The video can be at either 4:3 or 16:9
aspect ratio. Four mono audio channels, each
at 128 kbps are available for every video chan-
nel. These can be used to provide four separate
mono audio tracks or two CD quality stereo
pairs. The system transmits 30 Mbps of total.
data in the 6 Mhz cable channel, as well as the
24, 27 or 36 Mhz satellite channels.

TABLE 2. Total bit rates required for
different levels of video quality.

60 Hz Video 24 Hz Movie
Quality Source Source
VHS 20-25Mbps 1.5-2.0Mbps
NTSC 25-65Mbps  2.5-5.0Mbps
CCIR601 35-95Mbps 3.0-7.5Mbps

Table 2 lists the total bit rate that is required
for 24 Hz movie and 60 Hz interlaced video,
for three different levels of quality. VHS qual-
ity is equivalent to that which can be obtained
on video played off a VHS tape, while NTSC
quality is similar to that seen on today’s TV
sets. CCIR 601 quality refers to video at virtu-
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ally studio quality. These rates inciude over
700 kbps of audio and data per channel.

VIDEO COMPRESSION AND PRO-
CESSING

The input video to the video compression
module of the system is of CCIR 601 resolu-
tion, since CCIR 601 is the standard for studio
quality digital television. It also provides for
easier exchange of material between the
NTSC, PAL and SECAM television formats.
For 525-line signals such as NTSC, each video
frame has 720 samples per line, and 480 lines
per frame. The input is also 2:1 interlaced. The
video is converted to the YUV format, and the
chrominance components subsampled to 240
lines per frame, and 360 samples per line. The
YUV components are then compressed using
an MPEG compliant algorithm.

The MPEG standard has been designed after
extensive computer simulations, and provides
a high degree of compression while maintain-
ing good video quality. The proposed MPEG
standard is based primarily on two compres-
sion techniques: the Discrete Cosine Trans-
form (DCT), and motion compensation.
Motion compensation attempts to exploit the
redundancy between frames, by estimating the
direction of motion of blocks from one frame
to another, while the DCT reduces the spatial
redundancy that exists between samples.

MPEG differs from other video compression
schemes in the way it implements motion com-
pensation. Unlike many other video compres-
sion schemes that use frames in the past to
predict frames that occur later, MPEG uses
frames from the past as well as from the future
(these frames are collectively termed reference
frames) to perform motion compensation. The
use of non-causal and bidirectional motion
compensation is one of the strengths of the
proposed MPEG standard, and sets it apart
from other video compression techniques.
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The use of motion compensation implies that
the decoder requires the reference frames in
order to completely reconstruct the motion
compensated frame. To allow a decoder to start
decoding from the middle of a sequence (as in
the case of a channel change), it is necessary to
have frames that use no motion compensation.
To support this and to restrict the propagation
of any bit errors that occur during transmis-
sion, MPEG compresses frames in one of three
different ways. Intra-coded or I-frames use no
motion compensation at all and use only the
DCT to perform data compression. As such,
they can be decoded independent of other
frames. Predicted or P-frames use motion
compensation, but use only those frames that
occur in the past as reference frames. Typi-
cally, this is the closest I or P frame. Finally,
the interpolated or B-frames (B for bidirec-
tional prediction), use frames from both the
past as well as the future as reference frames in
its motion compensation. This enables the
encoder to predict uncovered areas, as well as
objects that have recently moved into the
frame. The reference frames used by the B-
frame are the nearest I and P frames.Since B
frames require far fewer bits than I or P
frames, it is possible to get increased data
compression while maintaining excellent
video quality. Figure 3 illustrates one possible
sequence of I, B and P frames in MPEG.

Figure 4 shows a block diagram of a typical
MPEG encoder. The input video is converted
to YUV component video. The chrominance
components are then decimated to be a quarter
of the resolution of the luminance. All three
components are then grouped into blocks of
8x8. The four adjacent 8x8 luminance blocks
comprising a larger 16x16 block, and the two
associated chrominance blocks comprise what
is termed a macro-block. Motion estimation
and compensation is done for each macrob-
lock. As mentioned earlier, I, B and P frames
are coded differently. In the case of I frames,
the DCT is applied directly on a block by
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Figure 4: Digital Video Encoder Block Diagram
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block basis. The DCT coefficients are then
quantized, and coded using a variable length
coder.

For B and P frames the DCT is applied on
blocks obtained after motion compensation.
Thus, the DCT is in this case applied on a dif-
ference signal. Motion compensation is done
with respect to the reference frames (two refer-
ence frames for B-frames, and one reference
frame for P-frames), and a “mode-selection”
technique used to determine the best way to
handle each macroblock. For instance, if the
motion estimation is not successful, the algo-
rithm intra-codes the macroblock using just the
DCT. Furthermore, for B frames, motion-com-
pensation could be done in a multitude of
ways. The two reference frames can be used
together to predict the macroblock. Or, the pre-
diction could be done by using just one of the
two frames. This is typically done when a
scene change occurs between the frame being
coded, and one of the reference frames. The
quantized DCT coefficients and the motion
vectors are then coded using a variable length
coder, and transmitted.

Motion Estimation

Motion estimation is typically done on a mac-
roblock basis, and involves determining for
each macroblock in the current frame, the cor-
responding macroblocks in the reference
frames. P-frames use one reference frame (the
previous I or P frame) while B-frames have
two reference frames (previous and future I or
P frames). Motion estimation is one of the
most computationally intensive operations that
is required by MPEG. For each macroblock, it
involves locating within a search window in
the reference frames, the macroblock with the
best match.An MPEG encoder can do this in
many ways - full search, telescopic search and
hierarchical being some of these.
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Discr ine Transform

On the B and P frames, the DCT is used to fur-
ther reduce the spatial redundancy, subsequent
to motion compensation. For I-frames, the
DCT is applied directly on the frame. The
DCT is an orthogonal transform, is filter-bank
oriented, and thus has a frequency domain
interpretation. This allows the system to
exploit the properties of the Human Visual
System (HVS). The HVS is less sensitive to
high diagonal frequencies than it is to high
horizontal and vertical frequencies. Thus, the
DCT coefficients corresponding to diagonal
frequencies are quantized more coarsely than
are those corresponding to the horizontal and
vertical frequencies. Furthermore, most natu-
rally occurring images have higher energy dis-
tribution in the low frequency coefficients and
less in the higher frequencies. To utilize this,
the DCT coefficients are ordered according to
the zig-zag scan shown in Figure 5. This one-
dimensional ordering of the two-dimensional
DCT coefficients increases the possibility of a
large number of the quantized coefficients
being zero. This is exploited by run-length
coding the DCT coefficients as a “run of
zeroes - amplitude” pair.

Movie Material

Movie material originates at 24 frames per sec-
ond, and is displayed on television sets at 60
fields/second using a process termed three-two
pulldown (Figure 6). The video encoder recog-
nizes video material that has gone through a
three-two pulldown process, and converts it
back to 24 Hz. The material is then com-
pressed and transmitted and the three-two pull-
down done at the decoder, prior to display.
This enables the encoder to take advantage of
the lower frame rate as well as avoid an intra-
frame scene change.
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Error Concealmen

The error rate for the system is restricted to
less than one error event per day. However,
even when the error does occur, it is concealed
by the use of appropriate error concealment
techniques. Since, the video compression algo-
rithm uses frames from the past and the future
to perform data compression, these reference
frames are buffered at the decoder, in order to
assist in the decoding process. Information
from these frames is used to predict the pixel
values in the current frame that have been lost
due to transmission errors. Thus, the displayed
video suffers minimal visible degradation.
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APPLTCATION OF ERROR CONTROL TECHNIQUES TO DIGITAL
TRANSMISSION VIA CATV NETWORKS

JOHN T. GRIFFIN
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ABSTRACT

Digital carnage of data via
CATV networks is becom:.ng more
prevalent with each passing year.
Digital radio services are presently
being offered by mmerous cable
operators. Digital campression of
video is just over the horizon, and
octher data services will 1likely
follow. Although these digital
dellve.ry systems do not exhibit the
impairments of their analog
counterparts, bit errors may cause
catastrophic distortions. Forward
error correction is one aspect of
a solution to this problem.

This paper introduces the CATV
system engineer to the concepts of
forward error correction, and
discusses its benefits, complexity,
and limitations. It also touches on
the interdependence of forward error
correction with channel equalization
and efficient modulation. Several
important concepts, such as coding
gain, are discussed in detail.

INTRODUCTTON

A CATV system meets the
definition of a commmnication system
because it connects multiple
information sources to users of this
information. A general
communication system is illustrated
in Figure 1. For purposes of this
paper, the source is any source of
television programming; the source
encoder might be some form of video
and audio compression. The forward
error encoder and decoder in Figure
1 are the subject of this paper.

Error control techniques can be
very effective against random noise
impairments, but are not a panacea
for microreflections on digital
transmission in a CATV network.
Error control can be teamed with
channel equalization, as shown in
Figure 1, to develop a very robust
and cost effective commmnication
channel. Both the rate at which the
errors occur ard their distribution
must be known before the optimum
error correction scheme may be
designed. This may be accomplished
by a combination of simulation,
laboratory tests, and field tests.

Error control applied to future
CATV networks using video and audio
compression (the source encoder and
source decoder in Figure 1) is
essential because conpression
eliminates the redundancy from the
original analog signals. Exrrors
occurring during transmission may
cause severe impairments to the
reconstituted analog signals. In
general, errors will propagate
through the decompression process.

HISTORY

The history of error control
began in 1948 with Claude Shannon's
famous paper on channel capacityl.
His channel capacity theorem says
the following:

C = W logy(1 +S/N) bits/sec (1)
where:
C = capacity in bits/sec
W = bandwidth in Hz
= signal power
N = noise power
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What Shannon said was that the
noise limits the rate at which we
can send information, but not the
accuracy. Today designers are
moving ever closer to this limit
with a combination of error control
and efficient modulation. Shammon's
work also tells us it is more cost
effective to employ error coding
than to try to build an error-free
channel.

During the 1950's and 1960's
the search for good codes continued.
It was during this period that two
mathematical bases developed to
solve the error coding problem.
This concept is illustrated in
Figure 2. The two bases are the
algebraic and probabilistic
approaches. The algebraic codes are
nost commonly known as "block
codes". The first of these were
introduced in 1950 by Hamming; his
are a class of single error
correcting codes. Ancther major
milestone occurred in 1960 when
Bose, Ray-Chaudhuri, and Hocquenghem
founrd a class of multiple-error—-
correcting codes now known as BCH
codes . Reed and Solomon also
developed their codes in 1960; these
codes are related to the BCH, but
for non-binary channels.2,3

The second mathematical
approach to coding, the
probabilistic approach, led to the
development of "“convolutional"™ or
"tree" codes. In the late 1950's,
studies led to the notion of
sequential decoding and to the
introduction of non-block codes of
indefinite length. However, the
most well known algorithm, the
Viterbi algorithm, did not appear
until 1967. Such techniques have
allowed reception of digital data
from deep space probes. The steady
improvement in the performance of
telephone modems has also resulted
from advances in error coding and
sophisticated modulation techniques.

ERROR CONTROL AND BEOUALIZATTON

Error control is very effective
at mitigating the impairments caused
by additive noise. A CATV channel
presents other phenomena that limit
channel performance. Chief among
these are microreflections due to
impedance  mismatches at the
television receiver or untemrminated
taps. This results in intersymbol
interference (ISI), which is the
tendency of received 1s to flow
into one ancther. This can
not be overcome by increasing signal
power; there is an ISI noise floor
that increases with signal power.
ISI may be overcame by adaptive
equalization, which is outside the
scope of this paper. Error control
ard adaptive equalization may be
combined to result in a very robust
communication system (refer to
Figure 1).

DEFINITIONS

Certain terms appear throughout
the literature of coding theory.
These are defined here for the
corvenience of the reader:2:3

Symbol A symbol is a group of bits
within an error control block. It
is also defined as a signal
representing a group of "k" bits in
some analogy manner, such as
amplitude or phase. Thus, there
are error control symbols ard
modulation symbols.

Weight The weight of a symbol,
codeword, or "wector" is the number
of non—-zero elements.

Hamming distance The Hamming
distance between two vectors having
the same number of elements is
defined as the number of positions
in which the elements differ. This
is a key concept in error control
and will be discussed in more
detail later in this paper.
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Minimm distance The mnminimum
distance "d" of a linear block code
is the smallest distance between
pairs of different codewords in the
code.

Codeword A codeword or "code block"
is a group of bits or symbols made
up of information elements and
parity (error control) elements.

Code rate Assume that a block
encoder accepts information in
successive "k"-bit blocks and for
each k bits generates a block of "n"
bits, where n > k. The code rate R
= k/n is a dimensionless ratio that
indicates the portion of an encoded
block that carries information.

Overhead This is the percentage of
parity bits that must be appended to
the information bits in constructing
a code.

Hard decision A hard decision
demodulator makes an absolute 1/0
choice on each received bit (or
symbol). The symbol is guantized to
two levels.

Soft decision In making a soft
decision, the demodulator makes a
bit-quality measurement on each bit
or symbol. The symbol is quantized
to more than two levels.

Erasure This is the process of
flagging a bit or symbol as
unreliable. It is the result of a
soft decision. This flag is passed

along to the error control
circuitry.
Coding gain This term describes

the amount of improvement that is
achieved when a particular coding
scheme is used. Figure 3
illustrates coding gain on a
logarithmic plot of bit error rate
vs Ep/Ng (energy/bit divided by
spectral noise density). At low
signal to noise ratios, the gain
will become negative.
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Vector This term is based in
linear algebra and is familiar to
us from physics. In coding theory
vector space is one of the most
important algebraic concepts. The

vector provides a convenient
representation of field elements
that may be implemented with

simple digital functions. The term
is also used in matrix notation,
where the vector consists of the
coefficients of a polynomial.
Refer to section 3.3 of reference
2.

The syndrome The syndrome is
defined in the dictionary as "a
nutber of symptoms  occurring
together and characterlzmg a
specific disease".® In coding
theory, a syndrome is a seguence
of discrepancies which occur when
received parity bits are compared
with calculated parity bits. The

may take on the form of a
“yector" in a matrix. Calculations

of syndromes are used in many

decoding algorithms to locate
errors in received data.
Constraint 1 In a

convolutional code, the constraint
length is the number of data frames
used in the generation of the
encoded data. Each input frame may
consist of one or more bits. The
process occurs on a continuous
basis. In terms of the actual
circuit elements, the constraint
length is the length of the input
data shift register in the encoder.

Galois field A field having a
finite number of elements is called
a finite or Galois (pronounced
gall-wa) field. It is denoted by
GF(q), where g is the number of
elements in the field. These
fields are named after Evariste

Galois (1811-1832), a French
mathematical prodigy who
established group theory

mathematics by age 17. 2 Chapter 4
in reference 3 treats this theory
in Qetail.
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THE DISTANCE CONCEPT

This concept is crucial in
visualizing the operation of error
control circuitry. Figure 4
illustrates "decoding spheres" in a
geometric fashion. Recall the
definition of minimm distance dy.
We will define t as the mumber of
errors that a particular code can
correct. If more than t errors
occur in transmission, the decoder
may incorrectly decode the data or
it may indicate with a flag that it
can not decode the
nmessage. 3

In Figure 4, the code is
designed so that the minimm
distance between codewords is
defined as:

dz2t+1 (2)

where t is the number of errors
that can be corrected. A codeword
received error free will lard at the
center of a sphere. If t errors
occur, the codeword will be on the
surface of the sphere, and the
decoder will correct the error(s).
Received codewords with more than t
errors may fall between spheres or
within ancther sphere; those
falling in ancther sphere will ke
incorrectly decoded. Those falling
between spheres may or may not be
correctly decoded, but would be
erased in a soft decision decoder.
One can see that the minimm
distance is a critical property of a
code.

BIOCK CODES
In a block (algebraic) code the
encoder accepts k information bits
and appends r parity-check bits to
form a block of n bits, such that:
n=k+r (3)

vwhere n = block length
r = number of parity bits

460 -1992 NCTA Technical Papers

The code is referred to as an
(n,k) code. The code rate R is k
divided by n. Each block is
independent of all others; the check
bits are completely determined by
the information bits within the same
codeword. Also, there are 2K
codewords in the code set. The code
is designed to make the codewords
very different from each other to
resist channel errors.

Arithmetic operations in the
Galois field GF(2) are simple
because no overflow or round-off
error is permitted. The operations
of addition and multiplication are
mod-2. This is illustrated in the
following tables:

+]0 1 * | 0 1
olo 1 olo o
11 0 1|0 1

ADDITTION MULTTPLICATION

Addition bit-by-bit is
accomplished with an "X-OR" gate.
Multiplication is done with an "AND"
gate.

Polynomial arithmetic in a
Galois field (in this case GF(2))
can be used in the description of
block codes. Fortunately, digital
logic circuits may be constructed to
mimic this special polynomial
arithmetic. These circuits take the
form of digital filters, and are
constructed of shift register
elements, X-OR gates, AND gates, and
miltiplexers (Figure 5). The form
of the encoders and decoders are
similar.

We choose for this paper
"binary cyclic block codes" to
illustrate the relationship of the
GF(2) polynomial arithmetic to the
actual circuits. We do so because
these codes have proven useful and
efficient in practice. Binary
cyclic block codes are a subset of
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linear block codes, and fall in the
"algebraic school" circle of Figure
2. A binary code must meet two
criteria to be cyclic:

a. The code is linear; bit-by-
bit addition of two codewords in
GF(2) is again a codeword.

b. Any cyclic (end arourd)
shift of a codeword is also a
codeword. 2

Chapters 4, 5 and 6 of
reference 3 give the reader a clear
understanding of the mathematical
basis and implementation of cyclic
block codes. The polynomial
description of a codeword is also
found in chapter 4 of reference 2 as
follows (in general form):

let c(x) =cg + cpx + %2 +
eee + Cpa1XItT (4)
vwhere n = block length, and the
polynomial is of degree n-1. Now we
will develop an example, as shown in
Figure 6. If the information
polynomial is:

i(x) =ig + igx + i2x2 + ..

co + dpogxKTl (5)
and the generator polynomial is:
gx) =x%t+x+1 (6)

(derivation of generator polynomials
is given in references 2 and 3)

then the codeword takes the form:
cx) =xrKix) + tx) (7)

where t(x) is the remainder, and is
equal to:

t(x) = Ry(x) (¥ Ki(x)] (8)

this reads "t(x) is the remainder
after dividing by g(x)".
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arnd thus

Ryx)lec(x)] =0  (9)

The encoder in Figure 6 is a
systematic encoder that implements a
divide-by-g(x) using shift registers
and X-OR gates; it produces a
(15,11) Hamming code. Assume that
the register stages are first
cleared to zero. Eleven information
bits are shifted into the circuit;
division begins after four clock
shifts. The circuit produces eleven
information bits followed by four
parity bits, to produce a fifteen
bit codeword. The four parity bits
are the result of the division.

Refer again to Figure 6. As
the codeword passes through the
channel, noise may cause bit errors.
This noise is represented as the
error polynomial e(x), which has
degree n-1. The sum of the codeword
c(x) and noise e(x) is v(x), the
received codeword:

v(x) = c(x) + e(x) (10)

The decoder in the figure implements
a divide by g(x), where g(x) is the
same generator polynomial used in
the encoder. If no error has
occurred, the remainder is zero. If
the remainder is non-zero, it is
calculated as:

s(x) =x3 + 1 (11)

s(x) is the syndrame defined
earlier! The decoder circuit in the
figure calculates s(x) by dividing
by g(x); if s(x) is non-zero, the
appropriate information bit is
inverted, vyielding the original
information codeword c(x). The
encoder and decoder of Figure 6
constitute a single~error-correcting
system. Note the simplicity of the
cirauit, but remember it is limited
to correcting single errors.



The example just presented is of a
binary block code; the coefficients
of all the polynomials are either
binary 0 or 1. As you may recall
from ocur brief history lesson, Reed
and Solomon developed multiple error
correcting codes in a 1960 paper.
These codes (and there are many) are
are very effective in the presence
of burst errors. The overhead of
these codes is typically 10% or
less, making them very efficient.
However the decoding hardware is far
more complex than described above
for the binary code. Algcrithms for
decoding of R/S codes must calculate
two syndromes, one for error
location, and one for error
magnitude. This is because the
mathematics is over a Galois field
GF(2M), where m is a small integer
on the order of 7 or 8. In
hardware,a parallel bus m bits wide
is required. The data bits are
arranged into "symbols" of m bits,
and the arithmetic calculations are
done on these symbols. A number of
sophisticated decoding algorithms
have been developed for the many
Reed Solomon codes. They have found
many practical applications, such as
compact discs.

CONVOIUTIONATL, CODES

These codes are based on a
probabilistic approach to the
problem of error control. They were
originally called recurrent codes,
and are also referred to as tree
codes, from the use of a tree or
trellis diagram used to visualize
the sequence of events. A
convolutional code does not have a
simple block structure, with each
codeword  independent from all
others. Rather, the codewords are
generated using a sliding window
over the information symbols. A
continuous stream of encoded symbols
is produced, where successive
codeword frame are coupled together
by the encoder.

Figure 7 illustrates a generic
convolutional encoder, and will be
used to define terms common in the
literature. The input information
is broken into information frames
of kg symbols; m is the number of
these frames stored in the encoder
shift register. The length of the
shift register is m X kg, which is
the constraint length, denoted by
v. The output codeword frame is
made up of ng symbols. The code is
referred to as an (ng,kg) code. K
is the wordlength of the code ard is
equal to (m + 1)kg. Blocklength N
is egqual to (m + 1)ng, and is
the length of the cutput code that
may be influenced by an input frame
ko The rate R of the code is
ko/ng. The input to the encoder
is data at a rate of kg symbols per
second, and the output is data at
a rate of ng symbols per second.3

Next we will consider the
mathematical basis for these codes.
We used a generator polynamial in
constructing a block code.
Convolutional codes require a set of
multiple polynomials to describe
them; these are best described by a
mathematical matrix. Matrix notation
provides a means of writing a number
of simultaneous equations
(polynomials) in compact form.
Appendix A of reference 2 presents a
summary of matrix definitions and
manipulations.

A matrix is made up of row and

column vectors, whose elements are
the coefficients of the

polynamials.

The generator-polynomial matrix
is given by:

G(x) = [9i§(X)] (12)

This is a kg by ng matrix of
polynomials. Further, if d(x) is a
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set of kg information polyncmials
and c(x) is a matrix of ng codeword
ploynomials, then:

c(x) = d(x)g(x) (13)

Also, there is a parity check matrix
H(x) that satisfies

G(x)Hx)T =0 (14)

and there is a syndrame-polyncmial
vector given as

s(x) = v(x)Hx)T (15)

where v(x) represents the received
codewords.

We will now go on to describe
the tree and trellis structures, as
these are very useful in visualizing
the generation of the convolutional
code. We will use an example taken
from a paper by Batson. 4 Figure 8
shows a simple encoder made up of a
three stage shift register, three
XOR gates, and a multiplexer. This
is a (3,1) tree encoder. The
coefficients of the generator
polynomials specify which stages of
the shift register are connected to
each modulo 2 adder. In Figure 9,
we see the tree that describes the
operation of the encoder. Assume
the shift register contains all
zero's to start the sequence. 1In
the tree, an input of zero causes
the circuit to follow the upper
branch, a logic one the Ilower
branch. The labels on the branches
indicate the resulting output code.
An input seguence of 1011 results in
an output sequence of 111 101 01l
010. It can be seen that this tree
would grow very large after a
relatively short input stream, and
would be unwieldy.

An alternate structure which is
much more compact is the txrellis
diagram. This may be seen in Flgure
9. The state of the encoder is the
most recent contents of the kg-1

stages of the encoder shift
register. Time is from left to
right. The circuit steps from state
to state at clock times. The path
is up for a logic zero, and down for
a logic 1. The encoded output bits
are shown on the branches. The
repetitive structure of the trellis
is immediately apparent.

The trellis structure is useful
is understanding decoding
algorithms for convolutional codes,
such as the Viterbi algorithm? ,
which has found wide application.
It basically attempts to find a
valid path through the trellis that
is as close as possible to the
received sequence. This method is
very effective, but it should be
noted that the hardware
requirements for the Viterbi
decoder grow exponentially with
constraint length.

The coding gain of the Viterbi
algorithm may be improved by the
use of a soft decision
demodulator. Such a demodulator
takes into account the distance of
a received symbol from the center
of it's decoding sphere. This is
accomplished with an analog-to-
digital converter (A/D) to quantize
the received signal.

We made brief mention of the
syndrame vector earlier. Next, we
will illustrate its use in a
syndrome feedback decoder of a
convolutional code. Figure 10
illustrates both the encoder and
decoder for such a code. The
encoder and decoder both calculate
the same parity bits if the data is
received error-free. However, if a
data bit is received in error, the
locally calculated parity will
differ from the received parity.
When this difference occurs, a
logic 1 will appear in the syndrome
register. It is the function of
the decoder decision table to find
the most 1likely bit error
location. 2
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More than one error pattern can
result in the same syndrome; the
decoder will choose the pattern with
the least errors and compensate for
that pattern.

One  more example of a
convolutional encoder/decoder
combination is illustrated in Figure
11; the Wyner-Ash code is |used
here.3/5 . The decoder uses the
syndrome concept. The Viterbi
decoder described earlier is a
better method of improving coding
gain.

INTERLFAVING AND CONCANTENATED
CODES

Figure 2 illustrates how these
two techniques relate to block codes
and convolutional codes. Figure 12
depicts a hardware block diagram of
a system employing these techniques.

Interleaving is used to
transform a bursty channel into an
independent error  channel by
scrambling the encoded synbols
before transmission. An interleaver
structure is built from
semiconductor memory in a
rectangular array. Encoded data is
written into the array by rows and
out by columns before transmission.
After reception and decoding by the
decoder, the process is reversed.
This techniques has proven effective
in satellite links that are subject
to long bursts of errors.

Concantenated codes are used to
increase coding gain. A Reed-
Solomon code is used with the
Viterbi decoder in Figure 12 due to
the bursty nature of uncorrected
errors out of the Viterbi
decoder.2:3

CONCIIUSTIONS
This paper is intended as an

introduction to error control theory
for the CATV system engineer. In
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order to determine the optimm
strategy to develop a practical
digital delivery system for CATV, a
nurber of factors should be
considered:

1. The worst-case allowable
synbol-error-rate. This determines
the required coding gain.

2. 'The enviromment in which
the system will operate, to include
channel C/N, expected reflections,
and other impairments.

3. The type of digital
modulation selected .(eg, 16QAM,
640AM, etc). The digital channel
bandwidth, the allowable signal
power relative to AM channels, and
any effect on those AM channels
must be considered.

requlred parity
which increases the

4, The
overhead,

sympol rate.

5. The distribution of errors
in the chamel. A CATV chamnel is
subject to random errors, not burst
errors.

6. The behavior of the
required adaptive equalizer under

various conditions.

7. The circuit complexity and
cost of the hardware, especially in
the subscriber terminal.

Figure 13 illustrates the
likely functional blocks in a CATV
subscriber terminal employing
digital data delivery. The
demodulator, adaptive equalizer,
error decoder, and decompression
hardware must be designed to
operate in concert. A properly
designed system promises to deliver
consistent high quality video and
audio to all subscribers.
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'BENEFITS OF COMPRESSED VIDEO DATA TRANSMISSION
THROUGH AML

T. M. Straus
Hughes Aircraft Company

ABSTRACT

The advantages of digitized compressed
video are particularly relevant to microwave
transmission in that such formats permit
transmission of many more than the maxi-
mum 79 channels which otherwise could be
carried in the 500 MHz wide 13 GHz CARS
band. A further advantage is the potential for
significantly increased microwave fade mar-
gin when digitized video is utilized in place of
analog VSBAM. Since under normal propa-
gation conditions the noise contribution of
AML is only a very small portion of the overall
CATYV system noise, the focus here must be on
the performance of the digital modulation
scheme under faded conditions. Transmis-
sion of the QPSK Skypix signal through AML
systems has already been successfully demon-
strated. Considerations relating to the car-
riage of higher level modulation formats such
as 16 QAM through existing AML systems are
explored. In this regard, the differences
between CATYV systems utilizing channelized
transmitters and block conversion transmit-
ters are analyzed.

DIGITAL VIDEO ADVANTAGES

The principal reason for the intense
interest in digitized compressed video trans-
mission through cable systems is the promise
of greatly increased video channel capacity.
Traditionally, cable systems have increased
their channel capacity by extending the band-
width. Alternatively, dual cable systems
offered a way of getting around the limits of
the existing technology. Since its introduc-
tionin 1971, AML microwave has been able to
fulfill the channel requirements of the cable
industry through both of these techniques.

Starting with only 14 channels (2 to 13 plusJ
and K) at that time, AML microwave systems
today span the full range between 54 and
552 MHz. This, however, fills up the 12.7 to
13.2 GHz CARS band so that continued band-
width expansion at these frequencies is no
longer possible due to the FCC regulatory
limit. It is true that the 18.14 to 18.58 GHz
band is also open to utilization by CATV oper-
ators, but such use would require a separate
transmitter and receiver, much as in dual
cable systems. At least the 13/18 GHz option
is not limited by the site constraints of
microwave frequency reuse as in the 120
channel AML system installed in Dallas some
years ago.l

In fact, considerable development of
broadband 18 GHz AML has taken place in
the last year in response to the market
demands generated by the authorization
granted in 1991 for use of 18 GHz by SMATV
operators. CATV systems, having had access
to 13 GHz where both atmospheric propaga-
tion and equipment performance is better,
had not, with one exception, utilized 18 GHz
AML even though the band was open to them
since 1985.2 If a CATV operator wished to
carry 150 VSBAM channels via AML, in
theory he could do so by utilizing both 13 and
18 GHz. Nevertheless, it must be recognized
that this approach is less attractive than if all
150 channels could be accommodated by a
single 13 GHz transmitter/receiver pair with
interface up to 1 GHz. Compressed digital
video overcomes this problem by squeezing
all 150 channels, or more, into the regulatory
500 MHz wide limit.

Another advantage of digital format is
that it is not as susceptible to noise and
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interference as the VSBAM signal. The situa-
tion is similar to the so-called “FM improve-
ment factor” which is obtainable at the
expense of bandwidth. Indeed, if it were not
for the large reduction in the number of bits
through the video compression algorithms,
the digital signal would have to occupy a
much wider bandwidth than the standard
VSBAM signal. For a given bit rate, the wider
the bandwidth, the greater the immunity to
noise and interference. That is why QPSK
will be utilized in the satellite downlinks.
Higher order digital modulation schemes
such as 16 QAM are relatively less robust but
should still be satisfactory for transportation
through cable systems.

The above characteristic of digitally
encoded signals is of particular advantage to
AML microwave system operators since path
fades are a factor which must be taken into
account. With VSBAM, the signal quality
degrades linearly with received signal level if
the fade depth causes the microwave system’s
contribution to the overall CATV system C/N
to become predominant. The standard design
procedure includes a calculation of the proba-
bility of the fade causing the C/N to drop
below a given value, usually 35 dB. This cor-
responds to a weighted S/N of 37 dB which,
according to a recent surveyS, was judged to
be between annoying and very annoying
impairment of picture quality. An older sur-
vey judged a 38 dB S/N to be “slightly annoy-
ing” and the 1958 TASO study described a
28 dB S/N as “somewhat objectionable”. This
not only illustrates the fact that viewers’
expectations have increased over the years,
but also that the VSBAM signal is still view-
able down to at least 25 dB C/N. By contrast, a
digital signal would not degrade in quality as
long as the C/N remained above threshold. A
threshold of 20 dB has been reported? in an
experiment involving a 16 QAM signal car-
ried over a test cable system. In the test the
VSBAM C/N was 30 dB but the digital signal
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was carried at a level of —10 dBcrelativeto the
VSBAM pictures.

In an actual cable system application the
degree to which the digital signal level would
have to be depressed relative to the VSBAM
signal, if any, would depend on system loading
considerations relative to the quality of the
VSBAM signals. As reported, the test illus-
trates the relative immunity of the digital sig-
nal to CTB distortion generated by the
VSBAM carriers. Thus, if a system were to
carry only digital signals, the microwave
transmitter power limiting linearity con-
straints would be greatly eased and the power
output could be increased. This further
increases the fade margin. When combined
with the improved threshold level, the
improvement in microwave path reliability
could then in many cases exceed an order of
magnitude; i.e., a predicted reliability of
99.9% would become better than 99.99%.

AML CARRIAGE OF DIGITAL
SIGNALS

The fact that AML microwave can suc-
cessfully carry digital signals is already well
established by experiment. A 30 MHz wide
Skypix compressed video QPSK digital signal
was carried through a cable system which
included two distinct AML hops in tandem.?
It was shown that with the data signal 6 dB
below the standard VSBAM video level, the
signal could fade to a VSBAM 18 dB C/N
before the data signal would start to exhibit
tiling. The test illustrates that phase noise in
Hughes AML equipment did not degrade the
data even with a total of four frequency con-
version operations.

Because of the required bandwidth, the
above test did not include filters which might
conceivably degrade the digital signal thresh-
old. However, a 3 MHz wide digital audio ser-
vice employing a nine-level QPR modulation



is already widely carried in cable systems
employing channelized AML transmitters.
Two such signals can be accommodated
within a standard video channel upconverter
and up to six digital audio signals can be
accommodated in channels employing wider
bandwidth filters such as the standard 88 to
108 MHz FM broadcast channel. The main
limitation is imposed by audio signal inter-
modulation products which fall in the adja-
cent video channels. For this reason the digi-
tal audio signals are carried at least 10 dB
below video. The required channel flatness
over the 3 MHz increments is readily obtain-
able with a minimum of care.

AML CHANNEL CHARACTERISTICS

As one progresses up the ladder of band-
width efficiency from QPSK to 16 QAM and
beyond, the digital system becomes more
sensitive to noise and other channel impair-
ments. RF channel characteristics such as
AM/PM conversion, frequency response,
return loss, and group delay may have to be
improved in both the overall cable system and
specifically on the AML link when the less
robust modulation schemes are considered.

Broadband AML systems employing
block upconverter type transmitters as well
as the block downconversion receivers, are
the least likely to encounter any difficulty in
transport of higher order digital modulation
signals. Considerations regarding such a sys-
tem are essentially no different than those
pertaining to the trunk portion of the cable
plant other than the possibility of a micro-
wave path fade which might temporarily
reduce the C/N below 35 dB. This in itself may
suggest that modulation schemes less robust
than 16 QAM or 4 VSB-AM may not be com-
patible with existing cable systems.

Channelized AML transmitters employ
narrow band filters which introduce group

delay. The largest amount of delay can be
expected in high power AML systems employ-
ing the STX-141 transmitter. This is because
there are two such filters plus the klystron, all
of which contribute to the delay, in each
transmitter channel. Even carriage of
20 Mb/s 16 QAM may be somewhat prob-
lematic without filter modification. The
STX-141S will be slightly better in this
regard since the wide band FET amplifier
replaces the narrow band klystron in this
unit. The SSTX-145 is better yet with a
typical 15-nanosecond delay within the inner
5 MHz of the 6 MHz wide channel. This is a
consequence of utilizing a wider band filter in
the upconverter stage. Similar performance
can be expected of an MTX-132 transmitter
channel. Thus it is distinctly possible that
even some channelized AML systems may be
essentially transparent to passage of digitized
compressed video signals without any
modification.

SUMMARY

Compressed video data transmission
allows an increase in channel capacity and
greater fade margin in AML microwave
systems. These advantages can be expected
with little or no modification to existing AML
systems. It is however important that one
recognizes the desirability of achieving a
threshold C/N of less than 25 dB so that cable
system subscribers will enjoy the full added
quality benefits which digitized video is
capable of providing.
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CABLELABS ATV TESTING STATUS REPORT

Brian James
Cable Television Laboratories, Inc.

Abstract

The Federal Communications Commis-
sion (FCC) appointed the Advisory Committee
onAdvancedTelevision Service (ACATS)in 1987
to recommend a standard or standards for ad-
vanced television in the United States. The
committee has developed criteria for the selec-
tion of the standard or standards, procedures for
the testing of proposed systems to determine
whether they will work as proposed and is pres-
ently in the middle of the laboratory evaluations
of the proposed systems. The laboratory tests are
expected to be completed by late summer or early
fallof 1992. Follow-upfield tests will occurinthe
winter of 1992/3.

This paper reviews the tests that have been
utilized by Cable Television Laboratories, Inc.
(CableLabs) in performing the tests for the Advi-
sory Committee. At the time this paper was being
written the test results of the first systems had not
beenreleased by the committee but were expected
to be public at the time of the NCTA convention.

Background

The FCC appointed Richard Wiley as the
Chairman of the Advisory Committee. Three
subcommittees were organized: Planning Sub-
committee, Systems Subcommittee, and Imple-
mentation Subcommittee. The Planning Sub-
committee was charged with developing the cri-
teria by which the proponent systems would be
evaluated. The criteriaincluded technical param-
eters, spectrtum requirements, economical con-
siderations and alternate media capabilities. The
Systems Subcommittee was charged with evalu-
ating and testing the systems against the require-
ments set down by the Planning Subcommittee
and recommending a system or systems for adop-
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tion by the FCC. The Implementation Subcom-
mittee was responsible for determining the eco-
nomic, time, and legal implications of introduc-
ing the recommended system or systems. Each of
the subcommittees was further divided into
working parties and task forces as necessary to
complete the work of the committee.

The time frame for determining a stan-
dard required that the final report be submitted to
the FCC in the third quarter of 1992. This due
date has been extended from the original date due
to delays in the development of a test facility to
conduct the tests and changes to digital transmis-
sion techniques by the proponents.

The Plan for Laboratory Testing

One of the working parties of the Plan-
ning Subcommittee developed criteria for the
evaluation of proposed systems but did not specify
any minimum requirements for the advanced TV
(ATV) system. A second working party devel-
oped the test plan to evaluate the systems against
the requirements for over-the-air transmission
while a third working party developed the test
plan for cable television transmission. Other
working parties developed the procedures and
the test material for the subjective tests, consid-
ered spectrum requirements and implications,
etc. These criteria and test plans were passed on
to the Systems Subcommittee working party re-
sponsible for overseeing testing of the proponents’
systems.

During the time period that the Planning
Subcommittee was developing the test plans, the
broadcast and cable industries were determining
how to fund the tests, since the government had
indicated it was unwilling to underwrite the tests.
The broadcastindustry, through the networks and



trade associations, agreed to create and fund the
Advanced Television Test Center (ATTC). They
were later joined by the Electronics Industries
Association. The cable industry considered join-
ing the ATTC but decided instead, through
CableLabs, to fund the cable portion of the tests.

After a lot of discussion, CableLabs and
the ATTC entered into an agreement whereby
CableLabs would perform the cable portion of
the tests at the ATTC and pay the ATTC for lab
and office space and access to common equipment.
This decision helped reduce the costs for the
proponents and ensure that the same system was
tested for both broadcast and cable performance.

At the time of the agreement there were
two sets of test procedures, a set written for over-
the-air transmission and a set written for cable
transmission. These two documents were re-
viewed by CableLabs and the ATTC to eliminate
duplicate tests. The final decision called for the
ATTC to performthe objective, "broadcast-only”
and the joint tests, while CableLabs would per-
form the “cable-only” tests.

The objective tests are designed to deter-
mine the basic system parameters of the propo-
nent systems. These tests include horizontal,
vertical, and diagonal resolution, both static and
dynamic, and in both the luminance and chromi-
nance channels.

The remaining tests considered the pro-
ponent system’s ability to operate in the terres-
trial and cable environments with the various
impairments that are present. Some of the im-
pairments considered for terrestrial transmission
were co-channel, adjacent channel and UHF ta-
boossituations, discrete carrier interference, inter-
ference to and from NTSC signals, carrier-to-
noise performance and multipath considerations.

These are subjective tests which require
input from observers looking for the presence of

interference in the picture. They are performed in
two parts. The first part utilizes expert observers
to determine the point at which impairments just
become visible. That point is determined by
varying the impairment level above and below
the threshold point while observers “vote” on
whether or not the impairment is visible. The
observers then determine the level of impairment
that makes the picture unwatchable plus a num-
ber of intermediate impairment levels. Video
tapes are produced to show the impairment at
randomly selected levels in comparison with
unimpaired pictures. Non-expert viewers ob-
serve the pictures and indicate how annoying
they considered a given impairment level to be.

While all “over-the-air” transmission im-
pairments are of interest to the cable industry
some are of greater importance and were pro-
posed by the Advisory Committee as cable tests.
These include carrier-to-noise performance, dis-
crete carrier interference, and multipath. After
the test labs reviewed the requirements of the
tests it was decided the tests did not need to be
performed twice and the one set of tests would be
performed by the ATTC with CableLabs observ-
ing.

Cable-Only Tests

The remaining tests, to be performed by
CableLabs, were designed to determine how well
the proponent systems will operate in a typical
cable system. The tests are composite second-
and composite third-order intermodulation, the
effect of multiple micro-reflections, high-level
sweep interference, hum and low frequency noise,
phase noise and residual FM. In addition, the
proponent signal is passed through an AM fibre
systemand, if anancillary data channelis present,
the biterrorrate in the presence of various impair-
ments is determined.

Composite Triple Beat - Composite triple
beat (CTB) is considered to be one of the major
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limiting factors on current cable television sys-
tems. The composite third-order test equipment
was designed to test CTB alone and not CTB with
other impairments. That requirement was satis-
fied by designing the computer-controlled test
bed so that the CTB products falling in channel
12, the test channel, are generated without using
a channel 12 carrier. The channel 12 product is
selected by a narrow bandpass filter, amplified as
necessary, then combined with the channel 12
ATVsignal. The level of theimpairment, relative
to the desired signal, is varied while the expert
viewers observe a received ATV picture.

Four sources of CTB can be used for the
test. Two types, unmodulated NTSC carriers or
carriers modulated with an NTSC signal, are the
normal sources of CTB for the tests. Some of the
proponents had proposed non-standard carriers
for their ATV systems in order to minimize
interference to existing services. The effect of
these non-standard carriers had to be tested. The
test bed was designed with two modes for testing
the CTB generated by the ATV signal. The first
mode tested the effect when half the signals were
NTSC and half were ATV, a situation that will
occur some time after the introduction of ATV
services. The second mode used all ATV signals
to generate the CTB product, representing a fu-
ture situation when NTSC is no longer broadcast.

Composite Second-Order - Composite

second-order (CSO) interference is generated in
the same manner as the third-order products and
similar tests are performed to determine the
threshold levels forvariouscombinations of NTSC
and ATV signals. The CSO test was added to the
procedures to account for the second-order dis-
tortion of current lasers being used in fibre optic
links.

Summation Sweep - Two types of high-
level sweep signals are tested. Thefirsttypeisthe
typical sweep signal operating at a higher than
visual carrier level and swept across the band
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periodically. The second type of sweep tested
uses short bursts of carriers located lower in level
than the visual carriers and at frequencies se-
lected to produce the minimum amount of inter-
ference. The proposed ATV signals make exten-
sive use of digital compression and, in some
instances, digital transmission techniques. The
impact of a high-level signal sweeping through
the band may have a very detrimental effect on
some systems and but little effect on other systems.
It is desirable to have a transmission system
which is not affected by the sweep signal.

Hum an w Frequency Noise - Long
cascades of amplifiers, poorly designed systems
orpoorly regulated power supplies canamplitude
modulate TV signals with power line frequency
signals. NTSC sets are designed to be very
tolerant of hum modulation and only show the
effect when it exceeds a few percent. ATV
signals will be subjected to the same environment
and must be capable of tolerating this interfer-
ence at least as well as the NTSC signal. Low
frequency noise can be created in the switching
power supplies in common use on cable systems.
Thetestequipmentamplitude-modulates the ATV
signal by passing it through a voltage-controlled
attenuator. This attenuator is driven by a 120 Hz
source or a low frequency noise source.

Phase Noise - Phase noise is the result of
slight instability in oscillators used to heterodyne
signals both at the cable headend and in the
subscriber’s home. Frequency synthesizers have
been a significant source of phase modulation
and their use has been increasing in recent years.
The ATV receiver must be capable of receiving
and decoding a signal with phase noise present.
In test, the phase noise is introduced by phase
modulating the local oscillator used in the ATV
signal upconverter.

Residual Frequency Modulation - Re-
sidual FM has been be introduced by power
supply ripple in a frequency synthesizer. Only a



small amount of ripple was necessary to intro-
duce a significant amount of frequency modula-
tion in the output signal. The residual FM signal
is introduced into the ATV signal by frequency
modulating the local oscillator witha 120 Hz sine
wave signal. The maximum modulation possible
is99 kHz and, if desired phase modulation could
be introduced at the same time to observe the
combined effect.

Channel Change Time - The length of

time necessary to change channels and produce a
picture on the next channel has been a major
concern to cable operators. The wide availability
of remote controls has produced consumers who
demand the ability to quickly flip through chan-
nels to find a program of interest. If it were
necessary to pause at a channel for any length of
time to determine the program, the consumer
might become very frustrated. Many of the ATV
proponents are proposing very complex com-
pression schemes which could possible take an
excessive amount of time to tune the channel,
decode it, and produce a picture. The test is
performed by switching channels and determin-
ing the length of time required to produce a
picture.

Multiple Micro-reflections - Cable distri-
bution systems by necessity, are composed of

many active and passive devices located at fairly
close spacings. The input and output matches of
the devices plus the return loss of the cable itself
are never perfect and produce many low level
reflections. The effect of these reflections is
sometimes a slight smearing of the NTSC picture.
The reflections are normally not long enough to
produce an visible ghost. The effect of the micro-
reflections could be the production of a visible
ghost if a time compression technique is used, or
the effectcould be the creation of sufficient group
delay in the band to upset a digital signal via inter-
symbol interference. The test bed includes a
sample distribution system which consists of
twelve multitaps spaced 60 feet apart and in-

cludes two line extenders. The taps have drops
attached with lengths varying randomly from 50
to 150 feet and which are terminated in either a
short or a three dB pad and a short. The ATV
signals are passed through the distribution system
and recorded. Non-expert viewers compare the
pictures which are passed through the distribution
plant with reference pictures and indicate any
differences observed.

Fiber Optic - Many cable operators have
been introducing fiber optic transmission paths
into their plant. It is considered to be imperative
that the ATV signal pass through the AM fiber
system without degradation. In test, the ATV
signal is passed through a 20 km AM fiber sys-
tem. Expert observers compared the received
signals with reference signals to determine if
there is any signal degradation. If any degrada-
tion is observed the signals are rated by non-
experts to determine the amount of degradation
the average observer notices.

Bit-Error Rate - Ancillary data channels,
proposed by some of the proponents, could be
used to transmit decoding information, text, or
other data services. The data channel should be
designed to be capable of operation to the point
that the video channel became unusable. In test,
the bit-error rate is observed while impairments
suchas CTB, CSO, Phase Noise and Residual FM
are increased.

System Selection

At the conclusion of the tests, the results
of all the proponents will be compared to deter-
mine the best compromise between picture and
audio quality and the ability to operate in the
presence of the various impairments, both on
cable and over the air. The best system will be
recommended for field tests, scheduled to take
place in Charlotte, NC. The second-best system
will be identified as a backup in case of the failure
of the first system to succeed in field testing.
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Based on the output of the lab and the field tests, ing process necessary to adopt an ATV standard.
the Advisory Committee willrecommend an ATV Expected decision date for the standard is late
standard to the FCC. After reviewing the rec- Spring 1993.

ommendation the FCC will begin the rule-mak-
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CABLELABS' GHOST CANCELLER TESTING PROJECT
Tom Williams
Cable Television Laboratories, Inc.

Abstract

Digital technology has progressed to the
point where it is possible to remove ghosts from
television pictures by using baseband digital fil-
ters. However for the digital filters to work, they
must be programmed with the correct set of
coefficients. The best way to determine coeffi-
cients is to put a training signal in the vertical
interval and analyze the received training signal.
The Advanced Television Systems Committee
(ATSC)is sponsoring aneffortto selectavoluntary
standard training signal. The committee work is
being carried out by the ATSC T3,S5 specialist
group. The effort consists of off-air field tests by
the National Association of Broadcasters (NAB),
lab tests and computer simulation by the Cana-
dian Research Center (CRC), and cable lab and
fieldtests byCableLabs. The BTA ghost cancelling
system is currently in use in Japan. This paper
discusses the CableLabs tests and results.

The most generally agreed upon charac-
teristics that determine a good training signal are
highest possible energy within the time and power
constraints of NTSC transmission, flat frequency
spectrum, an impulsive autocorrelation function
with near zero residual correlation for all time
displacements, ease of extraction,immunity from
non-linear impairments and small VBI usage. It
is important to note that ghost cancellers are
designed to fix linear distortions only.

The whole idea of testing hardware to
pick a training signal is somewhat tenuous because
the proponents’ equipment was not all equal in
terms of development, and it is possible for a
better designed training signal to perform worse
in the testing process because of hardware
implementation. On the other hand, it is impos-
sible for a system to deghost better than the
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training signal design allows. The CRC has
performed computer simulations on three of the
five proponents training signals, and their effort
provides valuable information to the committee
on the theoretical limits of the systems.

Proponent Description

Five proponents have proposed training
signals and built hardware which was evaluated.
The waveforms are illustrated in Fig. 1, and are
incomplete samples. Typically the waveforms
change in a multifield sequence to provide more
functions such as DC level reconstruction and
noise averaging. The proponents are:

1. ATT/Zenith (ATT) with a pseudo-noise (PN)
sequence

2. BTA of Japan(BTA) with an integrated sinx/
X pulse

3. Philips (PHI) with a modulated frequency
sweep or chirp.

4. Samsung (SAM) with a PN sequence and

5. David Samoff Research Center (DSL), also
with a PN sequence.

The ATT/Zenith unit was a prototype in
the early stages of development. It occupied
about of foot of rack space, and had a manual
video AGC knob that needed to be adjusted. It
produced a number of artifacts, which were pre-
sumably related to the development stage it was
in. It did incorporate an interesting optional fea-
ture: The unit could put on line 12 the solution it
had found for the impulse response of the chan-
nel. The BTA unit that we were supposed to test
failed during the interface week, and a commer-
cial Toshiba deghoster was substituted. This unit
was a fully developed commercial product de-
signed to sit on a TV, but had been modified to
accept a baseband video input. The unit took a
while to deghost, but included a front panel
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Figure 1. Proponent Training Signals for Ghost Cancellers
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display to indicate when it was done. The Philips
unit was a prototype in an advanced stage of
development, and was also of a size and configu-
ration to siton a TV. In operation, it computed a
whole new set of coefficients every few seconds,
and did not appear to do a sliding average. The
Samsung unit was another unit in the early stages
of development. It stood in a rack about 5 feet
high and included a DOS computer. It did not
deghost the picture continually, but only when
commanded by the computer. The David Sarnoff
Research Center unit was arelative of their ACTV
enhanced definition ATV system and stood in a
rack about 3 feet tall. The unit deghosted con-
tinually and used a sliding average deghosting
solution. The Sarnoff unit was unique in that it
was the only one with no ability to freeze the
correction (at lease during the CableLabs and
NAB test periods), and itrequired a full bandwidth
quadrature channel.

Cellular

150' RG-59

Testing

The testing that CableLabs did was per-
formed in the Washington DC area by CableLabs
personnel during November and December of
1991 in association with the ATSC and National
Association of Broadcasters (NAB). We used
the same van and some of the same equipment
used by the NAB in their field test phase, which
took place in September and October. CableLabs
testing consisted of two phases, a laboratory
phase and a field phase.

For both the 1ab phase and the field phase,
the 5 ghost training signals were all programmed
into the vertical intervals of three identical
TEK1910video generators. The video generators
were used only for vertical interval insertion. For
the cable field tests, two of the training signal
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generators were used on the off-air channels 4
and 20. The other training signal generator was
located in the headend and put on an unused
channel with a video pattern that allowed easy
identification of ghosts and other impairments
(such as loss of resolution).

Inthetestvan, all 5 proponent’sdeghosting
equipment was loaded along with our test gear.
Figure 2 shows the wiring diagram of the van. A
cellular phone was used with a modem to com-
municate between the mobile test van and the
1910 generators for purposes of changing propo-
nents signals. The main demod used whenever
possible was a TEK1450-1 because Sarnoff Labs
needed a full bandwidth quadrature channel. The
Rohde & Schwartz EMFT demod was used as a
backup unit to the Tek demod for tests where
phase instability was encountered, because it is
more tolerant of phase noise. The synchronous
SA6250 was used for one specific test because it
represents cable gear typically used in headends.
Various pieces of video analysis and recording
gear were used to analyze and capture the data.

Digitalrecording wasdone on a Sony portable D2
composite video tape recorder and waveforms
were recorded from and analyzed by a Tek
VM700A waveform analyzer driving a laser
printer.

The lab portion of the tests were per-
formed by backing the test van up to the CableLabs
test bed in Alexandria, Va., and running an im-
paired channel 12 carrier out to the van, as shown
in Fig. 3. The lab tests lasted about a week and
consisted of tests with ghosts, as well as ghosts
with additional impairments such as Gaussian
noise, composite triple beat and residual FM plus
phase noise. Tests were also done with negative
traps and with different demodulators and set top
converters to check compatibility.

Figure 4 is a diagram of the Cable field
tests. The field tests were performed on four
different cable systems, Jones in Alexandria,
District Cablevision in Washington DC, Cable
TV Montgomery , and Media General of Fairfax.
The general procedure was to install our equip-
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Figure 3: Lab Test Diagram
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ment into the headend on an unused channel,
characterize the location for both off air and the
locally originated channel, and then test the
proponent’s equipment. Then the van was taken
out into the field to 1 AML hub site, one fiber hub
site, 12 taps, and 12 individual homes. Typically,
the channels were characterized, and then each of
the ghost cancellers were allowed to correct the
channels one at a time. The tests that were
actually performed at each location varied, and
were chosen to reveal system compatibility
problems as well as to identify performance dif-
ferences between the proponents. The video and
waveforms of the corrected video were digitally
recorded.

Additionally, tests were done with each
of the proponents on selected RF and baseband

converters. The concern with the RF set top
converters was that the phase noise and residual
FM from the up-down converter would cause
problems with the true synchronous demods that
are necessary to demodulate video for ghost can-
celling. The concern with the baseband convert-
ers is that they use non-synchronous demodula-
tors, and these may cause poor deghoster per-
formance. Although the handful of set tops tested
did performrelatively well, more investigation of
representative samples of the overall population
converter boxes is merited.

Results

Figure 5 summarizes the results of the lab
testusing the magnitude frequencyresponseripple
to 3.58MHz as the vertical axis. The baseband
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Fig.5 Peak-to-peak magnitude frequency response versus proponent versus lab test number.

L3.10 Test with traps at channels 11 and 13

L3.7 Test with SA8580 RF converter and ghosts at 150, 600, and 2500ns, each -15dBc.
L3.8 Test with -40dB CTB and three ghosts at 300, 600, and 1250ns.

L3.11 Test with SA6250 synchronous demod and three ghosts at 80, 150, and 1250ns.
L3.3 Test with three ghosts at 40, 150, and 2500ns.

L3.6 Test with SA8590 baseband converter and three ghosts at 150, 600, and 2500ns.
13.3.4 Test with three ghosts at 300, 600, and 1250ns.

L35 Test with phase noise and residual FM with three ghosts at 80, 150, and 2500ns.

dB-PP. Mag'd Freq. Resp.

. . ‘/
frequency response was obtained by taking the < from the carrier (measured in a 1Hz bandwidth).

fast fourier transform (FFT) of the sinx/x wave-
form in the vertical interval. The corrected fre-
quency response ripple does not take into account
the fact that a long ghost is more noticeable than
a short ghost, but it provides, along with K factor,
a good indication of how the ghost canceller is
functioning as both a ghost canceller and channel
equalizer. The uncorrected data was labeled
“UNC” and placed as the last set of bars in the
graph. In the case of ATT the missing blocks are
due the equipment being out of service. Most of
the missing data on DSL is due to the fact that a
demodulator with a broadband quadrature out-
put, that would withstand large amounts of phase
noise, was not available. Two test were done with
ghosts only. One testused ghosts at300, 600, and
1250ns. and the other used ghosts at 40, 150, and
2500ns. The levels of the ghosts were all 15dB
below the carrier at random phases. The residual
FM and phase noise tests were done with 120Hz.
FM at 8kHz. deviation, combined with a phase
noise of -82dB below the carrier at +/- 20kHz

Set top converter tests were done with a RF
heterodyne converter and with a baseband unit
borrowed from Jones Intercable. The Rohde &
Schwartz EMFT demod had to be used to de-
modulate the signal from the RF set-top converter
because of phase noise and residual FM. A test
was also done with ghosts using the SA6250
demod. Again, the lack of a quadrature channel
meant that Sarnoff could not be tested. The test
with traps was done to see if the roll-off caused by
adjacent traps could be corrected by the ghost
cancellers.

Figure 6 shows the frequency response of
the received off-air channels along withdeghosted
response. Most of the data was taken using
headends, but location 16 data was taken using
the van antenna. Although there were not any
long, large prominent ghosts encountered in the
headends we visited, we observed short ghosts
and equalization problems as a result of ghosts.
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Fig. 6 Peak-to-peak magnitude frequency response versus proponent versus location and off-air channel.

Table 1
Proponent ATT BTA PHI SAM  DsL

Carr.to Noise 35dB 40dB 30dB 35dB 25dB

Table 1 summarizes how the ghost can-
cellers performed with noise. The test was per-
formed by increasing the noise level in 5dB
increments and noting the last place that a
proponent’s equipment was seen working. The
observation that should be made from this data is
that the BTA system fails to cancel ghosts at a
higher carrier to noise level, and this is expected
because their differentiated training signal is a
low energy one. The differences between the
other proponents is more than can be explained
away by a theoretical analysis of the energy in
their waveforms, and was probably due to differ-
ences in the amount of averaging done to remove
noise, and differences in the performance of
individual sync separator circuits. The propo-
nents have been nondescript of their system
implementation technical details, so we can only
surmise the reasons for some of the test results.

The tests indicate that these ghost can-
celling devices work well and will produce dra-
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matic improvements in the quality of the off-air
broadcast signals. Cable systems should deghost
off-air signals for their subscribers and can addi-
tionally flatten signals that only need equaliza-
tion. Additionally, TV sets with builtin deghosters
should work without artifacts on cable. This
means that the cable industry needs to work with
the consumer electronics manufacturers to insure
that the necessary features such as a phase noise
tolerant demod, and an “OFF”’ switch are builtin.
Another unresolved issue is the ability to track
ghosts that are time varying. In heavy wind
loading conditions, transmit and receive towers
sway, and this means that the ghost canceller
must be very fast to track movement. The higher
the UHF channel, the worse the problem will
appear to be. Training signal acquisition time and
computation time must both be figured evaluated.

Conclusions

It appears that ghost cancellers can soon
be in the headend, and should provide us with a
valuable tool to improve the quality of off-air
channels. Many thanks to the systems that pro-
vided equipment, personnel, and time to our tests,
and to the CableLabs technical people who sup-
ported the testing and analysis effort.



CATV POTENTIAL OF EXTERNALLY MODULATED LASERS
Larry C. Brown
Magnavox CATYV Systems, Inc.

Abstract

In the last few years, DFB lasers have gained
widespread use in CATV as the foundation for
AM optical transmitter design. More recently, an
important new generation of transmitters has
emerged. These devices offer much higher opti-
cal launch power and spectral purity than is
possible from a DFB design. This paper com-
pares these externally modulated transmitters
with their DFB predecessors, and explores
potential benefits of the technology to CATV.

DIRECT VS. EXTERNAL MODULATION

Direct modulation of a Distributed Feedback
laser (DFB) involves summing a bias current
with a modulating signal, as shown in Figure 1.
In AM CATYV applications, the modulating sig-
nal is an entire broadband rf spectrum of
television channels and other rf carriers spanning
a bandwidth of 50-550 MHz or more. The result
is an optical "carrier" frequency (wavelength),
intensity (amplitude) modulated with the analog
composite CATV spectrum.

OFB
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Figure 1.
Direct Modulation Process

In contrast to the DFB optical transmitter, the
External Modulation transmitter employs two
separate components to create an intensity modu-
lated optical carrier: a solid state laser and an
external modulator. The process is pictured in
Figure 2.
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Figure 2.
External Modulation Process

The laser is d.c. biased, and thus emits a c.w.
optical carrier having extremely stable amplitude
and wavelength. To date, solid state lasers of
Nd:YAG composition have been most common.

The YAG’s output is coupled via a polariza-
tion-maintaining single mode fiber to the input of
an external modulator. To date, interferometer
designs, such as the Mach-Zehnder modulator,
have been most common. Optical carrier energy
is split at the input of the modulator, propagated
through two parallel paths, and finally recom-
bined. The modulating signal is added to a
modulator bias voltage, then fed to conductive
strips parallel to the light paths. The properties of
the lithium niobate material employed in the
modulator cause complementary changes in
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propagation time to occur along the two light
paths as the modulating signal is applied to the
conductive strips. Interferometric recombination
of optical signals at the output of the modulator
naturally creates two optical outputs, each inten-
sity modulated with the input rf spectrum.

The transfer characteristics of a DFB laser
diode vary significantly from piece to piece, and
in today’s lasers is quite linear. In contrast, the
transfer characteristic of a YAG laser feeding an
interferometer external modulator is quite non-
linear, but very predictably so. The process of
"straightening" the YAG/interferometer transfer
characteristic is commonly called "lineariza-
tion." Several techniques of linearization are pos-
sible and proven, but their discussion is beyond
the scope of this paper.

Typical DFB laser transmitter optical launch
powers available today are in the 4-8 mW range.
Meanwhile, typical external modulation trans-
mitter optical launch powers are in the 8§ mW -
15 mW range, or as much as four times that of
the DFB. The additional power translates directly
to a longer reacher for the external modulation
transmitter. Thus, the same noise and distortion
performance which a DFB can offeronan 11 dB
optical link may be achievable on a 16 dB optical
link with external modulation. The 5 dB dif-
ference translates to more than seven miles of
additional reach for the externally modulated
transmitter.

The spectral purity of the externally modu-
lated transmitter’s output is also beneficial to link
performance. Today’s DFB lasers are susceptible
to Interferometric Intensity Noise (IIN).1 A por-
tion of the light travelling downstream toward the
node is reflected backward, then reflected for-
ward again. IIN is caused by both connectors
included in the link and Rayleigh backscattering
effects. The effect can degrade DFB AM link
CNR performance 1-2 dB or more.
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