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ABSTRACT

This article describe a digital
coding system for video signals called
redundancy estimation ADPCM which
provide a good quality for transmission
of video in 6.5 Mbits or 1.6 Mbits
channel.

It uses a differential pulse-code
modulation (ADPCM), adaptative
prediction and adaptative quantization
based on redundancy estimation.

This system could be use for video
monitoring on return way of cable
networks, so that it could be possible
to manage several video monitoring
sources in the same numeric channel.

1. INTRODUCTION

Usually analog coding and frequency
multiplex system are used in a full
duplex coaxial networks to carry return
video signals from subscribers taps to
the headend.

As video monitoring signal needs 5
MHz bandwith and while return way
bandwith is no more than 25 MHz, it is
then difficult to transmit multiple
number of large bandwith signals on a
network. Management of these signals for
monitoring or video conference is then
complex and not useful 1in coaxial
network.

On the other hand, it 1s easier to
use digital signals, as it is necessary
in monitoring, when one needs a large
adressing capacity in the system.
Nevertheless, digital techniques applied
to video need commonly a high rate for
transmission, which is incompatible with
the small bandwith capacity of return
way in coaxial cable.

In fact monitoring signals generally
contained a lot of redundancy and it is
possible to use highly efficient reduc-
tion techniques to decrease the
transmission rate needed for those type
of signals, in such a way that it could
be possible to use simple and low cost
receivers. ADPCM techniques seems to be
very appropriate for such a purpose and
that is the reason why TDF has
developped a digital processing system
adapted for video monitoring signals
transmission.

2. _THE PROCEDURE OF COMPRESSION BASED
ON DPCM

Generally in the DPCM function, the
actual (digital) wvalue of a pixel is
compared with a predicted value, and the
difference is transmitted. Si ze typical
picture has much redundancy, the uncer-
tainty of the difference sional is much
less than that of the actual signal.
This can result in a low channel
capacity requirement for transmitting
the video signal information. However,
it is difficult +to obtain satisfactory
picture quality at a lower transmission
rate by using a conventional DPCM
technique. Therefore, the development of
a more efficient bit rate reduction
technique is necessary.

To meet this requirement, TDF has
recently developped a new coding
technique called redundancy estimation
ADPCM coding (RE~ADPCM) . RE-ADPCM
employs Dboth adaptive prediction and
adptive quantization based on redundancy
estimation. Using RE-ADPCM, a digital TV
coding system developed at CERLOR
laboratories can transmit a TV program
at a rate lower than 6.5 Mbits/sec.

ADAPTATIVE PREDICTION
AND ADAPTATIVE QUANTIZATION

Adaptative prediction : In
adaptative prediction coding system,
several different predictors are

operated simultaneously.
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However, only one of them will be
selected as an actual predictor by a
special selection algorithm. The optimum
selection method is to choose a
predictor which gives the minimum
prediction error for each input sample.

Adaptive quantization : Similarly,
the adaptive quantization coding system
employs several different quantizers
simultaneously. Each quantizer has a
quantizing level and a gquantizing step
size which are different from those of
the other guantizers. One of them is
adaptively selected to fit the
prediction error.

It 1s very important to find an
effective selection algorithm which can
choose the predictor and quantizer to
obtain low bit ©rate. The redundancy
estimation is such an algorithm.

Redundancy estimation : The
redundancy estimation algorithm is as
follows
Two successive frame, denoted by frame
1 and frame 2, are stored in memory.
Each is grouped into blocks of size 8 x
8 pixels denoted by Bi. The block Bi is
divided into two sub-blocks of size 8 x
4 pixels denoted respectively by Bil an
Bi2 as shown in Fig.2.l1. The group of
the circled element is Bil and the rest
of the element is Bi2. Here, i is the
ordinal number of the blocks which
varies from 0 to 2047.

The redundancy characteristic of
block i is described by the correlation
coefficient Ci,

ci = £ (Cil(11l), Ci2(11), Ci(12))
where Cil(11l) and Ci2(11) are separatly
referred to as the intraframe
correlation coefficient of block Bil and
Bi2, Ci(12) 1is referred to as the
interframe correlation coefficient of
block Bi.

Cil(1ll)s are obtained by calculating
the dispersion of the value of each
pixel of block Bil and Bi2. Ci(1l2)s are
computed by comparing the value of each
pixel of block Bi in frame 1 with the
one of corresponding pixel in frame 2.
According to the wvalues of Ci, the
predictors and quantizers are selected.
The details will be described in 3.2.
The correlation coefficient Ci is
represented by a 4-bit word.

3._THE CODING SYSTEM AND ITS ENCODING
ALGORITHM

3.1. Confiquration

This system is designed on the basis
of the redundancy estimation ADPCM
coding described above.
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A block diagram of the system is
shown in Fig. 3.1.

3.2. Preprocessing

The preprocessing circuit is shown
in Fig.3.4. it is consisted of an analog
low~pass video filter, a comb filter, an
amplifier clamping circuit, a clock
generator, an analog-to-digital (A/D)
converter, and a subsampling circuit.
The amplifier and clamping circuit
provide isolation to the input from any
following circuits. The amplifier must
have a wide dynamic range without loss
of linearity to handle a widely varying
unclamped input video signal. The clamp
circuit is used to restore the DC level
to the video signal.

The amplifier drives a clock

generator circuit which produces clock
signal synchronized to the incoming
video signal. These signals include a
line clock at the horizontal 1line rate,
a frame clock, a composite blanking, a
composite sync and a sampling pulse. The
exact nature of these clocks signals
must be tailored to the n :ds of the
specific realization of t : circuits
they drive.
The 2:1 subsampling pattern shown in
fig. 3.2. 1is used, only the circled
samples are transmitted. For decreasing
the degradation caused by the
subsampling, for example zigzag of
oblique edge, we employ two comb filters
to increase the bandwith up to theorical
Nyquist limit.

So, while the sampling frequency
used is close to 10 MHz, it is possible
to transmit a bandwith of 4.5 MHz
without aliasing distorsion due to
subsampling procedure.

The comb filter responses and its
position at the transmitter and receiver
are 1illustrated in the Fig. 3.3. The
subsampling frequency is chosen to be an
odd multiple of one-half the horizontal
line frequency so that the baseband
spectrum and the replicated spectrum
interleave. This is made possible by the
well-known property of video spectrum of
clustering the energy at multiples of
the horizontal line frequency.
Consequently, the video baseband
spectrum and the replicated spectrum
tend to interleave and can be separated
by a comb filter.



To

TV IN charmel
A/D sub— frame ADRFCHM M buf fer
- e
sampler memcry coOD U memcry
X
1
redundarncy
estimation
Fram
charnnel
TV signal D/A ADFCM DMUX buf fer
b ——
: memaory
FIG. 3.1.
The configuration of the RE-ADPCM coding system
The comb filter responses and its The full 8-bit output of A/D
position at the transmitter and receiver converter 1is wused. The 8 bit output
are illustrated in the Fig. 3.3. The provides 256 possible levels from o to

subsampling frequency is chosen to be an
odd multiple of one-half the horizontal

line frequency so that the baseband
spectrum and the replicated spectrum
interleave. This is made possible by the

well-known property of video spectrum of
clustering the energy at multiples of
the horizontal line frequency.
Consequently, the video baseband
spectrum and the replicated spectrum
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3.3. Application of the result of
redundancy estimation to adaptive

prediction and adaptive quantization.

As mentionned before, Ci 1is the
correlation coefficient of block Bi, and

Ci = f(cii(11y, Ci2(in , Ci(12))
Cil(1ll) and Ci2(1ll) are the intraframe
correlation coefficient of block Bil and
Bi2 respectively. Ci(12) is the
interframe correlation coefficient of
block Bi.

The information rate of block Bi can
be estimated as follows :
H= (Si+M1i+M2i+I1ix32+I2ix32)/64

Si is a 4-bit word representing the
correlation coefficient Ci.

Fig. 3.2.
The subsampling pattern

Cil(1l)

Ci2(12) |Quantizerf Bit/pixel Ci(1l2) Quantizer Bit/pixel
1 0 bit 0.1875 1 0 bit 0.0625
0.5 2 bit 2,1875 0.5 2 bit 2.1875
0 4 bit 4.1875 0 4 bit 4.1875

TABLE 1

Value of Ci and

corresponding information rate
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Comb filter's position and its
response characteristic

Mli and M2i are the averages of
block Bil and block Bi2 respectively,
coded on a 4 bit word lenght. Il and I2
are the bit rates of each pixel of block
Bil and Bi2, which vary from 0 bit to 4
bit. In the following, the selection of
the quantizers is described first.

Suppose that (Cil(ll), Ci2(1ll), and
Ci(l2) take on one of the values 1, 0.5
and 0. The selection of the quantizers
and the corresponding bit rate is shown
in table 1.

Cil(11)=1 denotes the case when the
difference between the value of each
pixel of block Bil and the average of
this block is quite low. The dispersion
of this block is considered to be zero,

Ci(12)=1 means that the interframe
prediction error of block Bi is so small
and therefore it is assumed to be zero.
Hence no bit 1is transmitted for this
block. At the receiver, the picture
element concerned is reproducted with
the interframe prediction values, and
the transmission rate is reduced
considerably. The information rate in
this case is 0.0625 bits/pixel.

The other value of Cil, are used to
quantized the intraframe prediction
error on a 2-bits or 4-bits word as
shown in table 1.

According to the values of Cil(1l1),
Ci2(11), and Ci(12), the predictors are
selected for blocks Bil and Bi2 to
obtain the 1low prediction error. For
block Bil, if Ci(l2) > Cil(ll) the
intraframe predictor is chosen, else the
interframe predictor is chosen instead.
For block Bi2, if Ci(12) > Ci2(1ll1l) the
intraframe predictor is selected, else
the interframe predictor is selected. In
the case when Ci(12) = (il(11l) and/or
Ci(12) = Ci2(11), the intraframe
predictor 1is selected for block Bil
and/or Dblock Bi2 to decrease the "dirty
window" effect, for a moving image.

3.3. PREDICTORS AND QUANTIZER

Predictors :

In this study, two predictors that
have been proven effective are used. The
first simplest predictor is the same
pixel in space in the previous frame to
the present pixel and is P0. The second
predictor is a combination of two pixels
from the previous field and present line
and is (% Pl + % P2) shown in fig.
3.6. x is the pixel predicted.

and only the average of this block is Pl
transmitted. At the receiver, the st
element in the block is reproduced with X
the average alone. The information rate ézb
in this case is 0.1815 bits/pixel.
FIG, 3.6
TV IN
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The preprocessing synoptic
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These predictors are adaptively
selected on the basis of the Ci. Ci is
the correlation coefficient of block Bi.
The same predictor 1is used for all
element of a block.

Quantization

The 8 bit/pixel prediction error
output data of the ADPCM function is
quantized using two tapered non-linear
quantizers. The transfer function of the
quantizer used in this study 1is
specifified in fig. 3.7. The
characteristic was chosen according to
the subjective experimentation made by
CCETT.

The quantizer significantly reduces
the number of levels to be coded from
256 to 16 for 4-bit quantizer and from
256 to 4 for 2-bit quantizer. The same
guantizer is used for all pixels of a
block. The two quantizers are selected
by the value of Ci, where Ci 1is the
correlation coefficient of Bi. When the
buffer occupancy variable = 0, the 4-bit
quantizer is forced to be used.
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FIG. 3.7

The characteristic of the guantizer

(a) 4-bit quantizer (b) 2-bit quantizer

3.5 BUFFER :

The widely varying output data rate
is smoothed in the buffer to a constant
bit rate for transmission. Information
is read out of the buffer at a constant
rate of 1.6 - 6.5 M bits/sec. The size
of the buffer is 3 Mbits.

the buffer is. The value of
occupancy (VBO) varies linearly with the
actual
corresponding
and 15
When VBO = 15, the input to the buffer
stop. This
overflow.

the value of Ci in this case are not
transmitted. The

Buffer-occupancy is determined, that
is, how many bits are stored or how full
the buffer
buffer occupancy, with o]
to an almost empty buffer
corresponding to almost full.

condition prevents buffer
The prediction error data and

reconstructed pixel

values at the receiver are set equal to
the predicted values. The interframe
predictor is wused throughout in this

case. When VBO = 0 the 4-bit quantizer

is used, and the actual value of each
pixel is quantized using 4-bit
quantizer.
3.7 _TRANSMISSION FORMAT 3

The transmission format is shown in

fig. 3.8

BLOCK 1

° 0 & >

bit bitl bit] bit

BLOCK 1024

>o0 SINE]

FIG. 3.8

transmission format

The first element consisting of 32
bits in length is the field synchroni-
zation signal. This synchronisation
signal must be a unique pattern that
does not occur in any other part. The
receiver continuously looks for this
pattern and, upon recognition, signals
the start of another field. The sync is
followed by 1024 blocks. The arrangement
of information in each block 1is

identical.

The first element in a block is the
correlation coefficient of the block,
which 1is 4 bits 1in length. Ml is the
average of block Bil and the M2 is
the average of the block Bi2, which have
separately 4 Dbits word length. It
contains the information of each pixel
of the block, and its length varies from
0 to 255 bits.
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4. THE CODING PERFORMANCE OF THE SYSTEM

The resolution of picture in this
system is 512 lines x 512 pixels.

We have chosen three typical test
pictures to evaluate the coding
algorithm. These pictures are shown in

fig. 4.1 - 4.3. Figures 4.4 - 4.6 show
the coded version of the three test
pictures. The degradation caused by the

encoding will be discussed below.

At 6.5 M bits/sec, i.e 1 bit / pixel

Picture impairment is not severe
under this condition . Nevertheless,
some slight degradation which can be

observed are as follows :

- for the region in which the gray
levels changes gradually, the block
structure can be perceived, for example

the mountain in fig. 4.1. This is due to
the wusage of the block average. In the
parts of a scene,
deterioration is not observable at

flat parts and fine
this
all.

FIG. 4.1

3
.

~ some smear noise is observed when
the objects move in the flat blackgroud.

This is due to temporal prediction of
interframe. But random noise is
relatively slight.
At 1.6 M bits/sec i.e (0,25) bit [/
pixel

For the still picture, the coded

picture quality is the same as coded at
6.5 Mbits/sec. If there is a movement
associated with the image, two cases
must be considered separately. In the
first case, all objects in the image
move. As a result, the coded image has
the same movement but not as fluid.
However, if only a certain small object
move, for example in a wide scene with
several car moving, then the degrada-

tion is not observable.

FIG. 4.4
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5. USING THE SYSTEM IN COAXTIAL NETWORK

The RE.ADPCM has been developped for
coaxial network to transmit monitoring
video signals with a high resolution and
good quality, with the following
attempt.

Return way of coaxial network has a
small bandwith capacity compared with
the services that should be provided. In
fact analogic video monitoring signals,
either on splitting networks or star
coaxial systems, would need the main
capacity of the return way so that it
could not be possible to experiment
other services. 1In another way video
monitoring only concerns a few
subscribers. So, such application would
not be really economically balanced.

Such discussion exists in France on
new private coaxial networks, and most
of cable operators think more on
interactive system for suscribers in a
pay per view or low data rate purpose
than for monitoring.

Nevertheless the need for monitoring
signals 1is real and no satisfactory
system exists excepted with optical
fibers.

It 1is then reasonnable to consider
that the only way monitoring video
signals should be implemented in a
coaxial system is in the digital domain.

FIG. 4.6

Another reason why analogic video
signals should not be transmitted in
coaxial network is the bad noise
performance of coaxial networks return
way. It is common to consider that noise
figure of return way in coaxial networks
result from an additive operation of
the noise figures of each of the
amplifiers installed on the network.

That is why taps should be used on the
main splitting point of the networks.
However the result is that it would be
difficult to get a good quality for
video signals transmitted in the return

way on large coaxial networks. Hence a
digital transmission with a high
efficiency modulation could offer a

better (C/N) ratio.

As it was previously explained, a
1.6 Mbits data rate transmission should
be highly sufficient for implantation of
digital video monitoring signals.

When a higher rate could be used, it
would be then possible using the
RE-ADPCM techniques to realize a
flexible management system where the
instantaneous rate of the channel would
be adapted depending whether information
has changed or not.

In this case, instantaneous rate for
a digital source would be variable form
0.8 Mbits/s for still picture, to 3.2 or
6.5 Mbits/s depending on picture quality
required.
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On another point we have to consider
whether a 4.5 MHz bandwith resolution is
really necessary for video monitoring.
When a lower bandwith should be
sufficient, the same RE-ADPCM techniques
would provide a lower rate of
transmission only by decreasing the
sampling frequency.

Meanwhile we did not experiment a
high efficiency multiplex system. ‘We
think that an 8 Mbits channel would be
sufficient to manage more than 15
monitoring video camera. The reason is
that in case of video monitoring, only
a small part of the picture is moving,
so the RE-ADPCM transmission rate needed
is wvery low and shouldn’‘t be more than
1.6 Mbits/s.

6. CONCLUSION

It has been proved that a RE-ADPCM
system permit a considerable bit rate
reduction, without severe degradation,
and that using this technique it would
be possible to realize low cost
receivers and encoders.

Those system seems so to be well
accurate for video monitoring, but also
should be employ for other applications
like for example tele-teaching.

This could be a good opportunity for
cable networks operator in France to put
on cable networks large bandwith
services as well as other data transmis-
sion services.
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A FIBER OPTIC DESIGN STUDY
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ABSTRA

A design study ‘was conducted to test the AM
fiber backbone concept. A "typical" cable system
was chosen in order to compare a fiber design to a
conventional tree-and-branch architecture. Fiber's
impact on end-of-line performance was
investigated, and it was found that while it was
possible to improve signal quality using fiber, a
number of tradeoffs were involved, and the
improvement was limited by distortions. A number
of design and installation issues were considered,
including amplifier reversal, design procedures and
the location of splice points. While each system is
unique, fiber designs were generally found to be
more complex, and required more extensive
planning for future growth. The effect of fiber
systems on reliability was also studied. Fiber was
determined to have little positive impact on system
reliability, but it did equalize subscriber reliability
across the system.

INTROD N

The potential market for AM fiber optic
systems in CATV applications appears to be almost
limitless. Fiber's ultimate success in penetrating the
cable plant will depend on several factors, including
laser performance improvements and component
cost reductions. However, the degree to which fiber
can function as an integral part of the existing
CATV distribution system will be of equal or greater
importance. In order to evaluate the impact of fiber
optics on the distribution plant, a detailed design
study was conducted by Scientific Atlanta's
Distribution Systems applications engineering
group.
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TUDY OB IVE

The objective of the fiber design study was to
test the AM fiber backbone concept, which has been
proposed by James Chiddix of ATC. The concept
under study involved the use of a number of nodes,
each connected by fiber to the headend (or hub),
and each in turn feeding cascades of four amplifiers
inboth directions. The fiber backbone approach
was analyzed in terms of three primary criteria: the
impact on end-of-line signal quality, practical
considerations for design and installation, and the
effect on both system and subscriber reliability.

PE OF Y

For the purpose of this study, a "typical" cable
system was chosen in a small U.S. city, with
approximately 40,000 homes passed. The system was
comprised of one headend serving 530 miles of
plant, which had recently been rebuilt from
300 MHz push-pull to 450 MHz using feedforward
trunk and parallel hybrid feeder electronics. The
majority of the plant consisted of a conventional
trunk-and-feeder architecture using .750" and
875" coaxial cable. There were some coaxial
supertrunks using 1.00" cable, with the longest
containing 32 amplifiers in cascade.

FIBER SYSTEM DESI

Utilizing four amplifier maximum cascades,
the fiber design was completed using a total of
51 nodes. Fiber optic cable could be overlashed to
the existing aerial plant, with four main cable runs
emanating from the headend. Each cable run fed a
cluster of nodes, which were divided into four
sectors. The first sector contained 6 nodes, with the
most distant one located at 28,500 cable feet, or
8.7 kilometers from the headend. Sector 2 consisted
of 5 nodes extending out to 37,310 feet (11.4 km);



sector 3, 24 nodes and 49,233 feet (15.0 km); and
sector 4, 16 nodes and 70,337 feet (21.4 km). In tenns
of node density, 90% of the nodes fell within

16 kilometers of the headend, with 59% between

4 and 12 kilometers distant. A breakdown of node
density is presented in Figure 1.

FIGURE 1
NODE DENSITY
Distance

From Node Node Cumulative
Headend Quantity Percentage Percentage

0- 4km 6 11.8% 11.8%

4- 8km 11 21.6% 33.4%

8 - 12 km 19 37.3% 70.7%

12 - 16 km 10 19.6% 90.3%

16 - 20 km 4 7.8% 98.1%

20 - 24 km 1 1.9% 100.0%

STUDY T

1. Signal Quality

The existing coaxial system afforded good
NTSC-format signal quality. The distribution plant
provided a carrier-to-noise ratio (CNR) of 45.3 dB,
with a 54.7 dB composite triple beat (CTB). The
existing earth station provided a CNR of 50 dB,
resulting in an end-of-line CNR of 44.1 dB. The
desired minimum performance standards, for NTSC
quality, were 43.9 dB CNR and 53.0 dB CTB. To provide
picture quality comparable to Super VHS, a CNR of
46.7 dB and CTB of 54.0 dB would be needed.
Achieving studio quality pictures would require
minimum performance levels of 51.0 dB CNR and
56.0 dB CTB.

In the fiber design, the maximum amplifier
cascade was reduced to four, which raised the coax
plant performance to 58.7 dB CNR and 58.2 dB CTB.
The required fiber performance for NTSC quality
signals was 45.3 dB CNR and 59.9 dB CTB. In order to
improve the end-of-line performance, the earth
station would have to be upgraded. By increasing

the earth station carrier-to-noise ratio to 52 dB,
Super VHS equivalent performance could be
achieved with fiber at 48.6 dB CNR and 62.3 dB CTB.
To provide studio quality signals, the earth station
would have to be upgraded to 55 dB CNR, with a
minimum fiber performance of 54.6 dB CNR and
69.0 dB CTB. Thus, while today's AM fiber
performance has brought Super VHS quality signals
within reach, studio quality pictures were not yet
attainable in the fiber backbone study system.

2. tem Design and Installation

The design objective was to site each node to
feed eight amplifiers, four in each direction. This
was to be accomplished by using the existing trunk
locations, and reversing four amplifiers at each
node. However, reversing amplifiers was workable
only in certain areas, because specific RF levels
were required by sub-trunk passives and
terminating bridgers. In most instances, reversed
amplifiers would not provide the proper levels.
Also, in some cases it was not possible to implement
four amplifier cascades because of physical
constraints, such as the number of amplifiers in a
node cluster not being evenly divisible by four. It
should be noted that in the entire system, only
15 amplifiers were eliminated out of 62 supertrunk
amplifiers, and all of the 224 conventional trunk
amplifiers were retained.

In a traditional coaxial installation,
construction begins before the final design is
complete. This is possible because once the basic
parameters are established, such as cable diameter,
trunk and feeder spacing, and trunk cable routing,
different sections of feeder plant can be designed
and built independently. This means that operators
have the flexibility to essentially have construction
crews follow in the footsteps of the system
designers, with today's strand maps being used for
tomorrow's installation.

With a fiber backbone architecture, this
procedure can no longer be used. Before
construction of a cable run can begin, the total
number of fibers leaving the headend must be
known. To establish an accurate fiber count, the
total number of nodes in a given sector must be
known, as well as the number of fibers per node.
Future expansion must be planned as well, both in
terms of new nodes and additional fibers per node.
A node might require additional fibers to
accomodate a return path, to increase channel
capacity, or even to provide services other than
traditional CATV. If system expansions or increased
housing densities are anticipated, allowances must
be made for additional nodes. Thus, in a fiber
backbone system, construction cannot begin until
the final design of a node sector is complete.
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An additional level of complexity is
introduced by the necessity to carcfully plan the
location of splice points. Since most AM fiber
system designs allow only a small optical margin,
splices must be kept to a minimum to reduce
insertion losses and reflections. (This requirement
also dictates the exclusive use of fusion splicing for
installation of optical cables in CATV systems, which
is beyond the scope of this study.) To minimize the
number of splices required, cable span lengths must
be planned carefully during the design process.
Generally, the maximum reel size that can be
accomodated in the construction process determines
the maximum usable cable length. Up to that limit,
which is usually around four kilometers, it is
advisable to specify individual cable lengths as
required by the design to minimize the number of
splice points.

3. Reliabilit

The reliability impact of fiber was examined

in two dimensions, system reliability and subscriber
reliability. System reliability was defined as any
outage that required the operator to institute
repairs. Outage data was collected and sorted
according to the cause of the outage and the number
of outages per month. Subscriber reliability was
defined as any outage that affected a particular
group of subscribers. Subscribers were grouped
according to their proximity to the headend, and the
number of outages per month was predicted based
on the cause of the outage.

To determine the effect of a fiber backbone
on system reliability, the system outage data was
recalculated based on the fiber design. Since no
reliability data was available on AM fiber systems, it
was assumed for the purpose of this study that the
fiber system did not cause incremental system
outages. Because the fiber design only eliminated
15 of the 286 amplifiers, there was very little
positive impact on system reliability, as shown
in Figure 2.

FIGURE 2

EFFECT OF FIBER ON # OF SYSTEM OUTAGES

Typical Trunk/Feeder System — 4415 Subs

0.4 —Z
035 Z Z 2
OUTAGES " —% / % //
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Turning to subscriber reliability, the same
outage data was then applied to individual clusters of
subscribers. In the conventional tree-and-branch
architecture, the number of outages per subscriber
increased significantly as the distance from the
headend increased. This was intuitive since any
system outage would be felt by all subscribers from
that point on. In the fiber design, however, each
subscriber was served by a maximum of four
amplifiers.  Subscribers located farthest frem the
headend would be less exposed to amplifier failure.
Thus, as indicated in Figure 3, use of a fiber
backbone architecture evened out reliability
experience across the subscriber population.

e
=

There are two elements missing from the
preceding analysis, which will require further
study and additional data. First, fiber is assumed to
cause no incremental system outages. This
assumption is obviously not valid, and once accurate
data is available, it may in fact show that fiber
actually decreases overall system reliability:
Second, insufficient information is available on the
mean time to repair outages in a fiber system
relative to a coax system. With this data and fiber
system reliability information, it will be possible to
determine the total system and subscriber outage
time for a fiber backbone as opposed to a pure
tree-and-branch  architecture.

RE

EFFECT OF FIBER ON # OF SUBSCRIBER OUTAGES
Typical Trunk /Feeder System — 4415 Subs
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STUDY CONCILUSIONS

The fiber design study provided useful data
regarding the implementation of an AM fiber
backbone system in a CATV plant. In particular, the
results of the study demonstrated that fiber can be
used to improve end-of-line signal quality. In doing
so, however, the operator has to trade off the
performance of the fiber system against those of the
earth station and the coaxial distribution plant. The
required performance of the fiber system can be
reduced by increasing the antenna size, by
upgrading the distribution electronics, or by
reducing the number of amplifiers in cascade from
the node. These options involve obvious cost
implications, which must be addressed in future
studies.

There will be a number of design and
installation issues in any fiber backbone
implementation, many of which will be unique to
that particular system. However, it appears that
some general conclusions can be drawn. It will be
difficult to reverse amplifiers without extensive
reconstruction of feeder plant, and few amplifiers
will be completely eliminated. The design of a fiber
backbone will be more complicated than that of a
conventional coax system. Planning for future
growth must be done at the outset, and construction
must wait until the final design is complete. A
variety of cable lengths will be required, since care
must be taken to minimize the number of splice
points.
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A critical factor in determining how
successful fiber will be in penetrating the CATV
plant will be its impact on overall reliability. In
terms of system reliability, since few amplifiers are
eliminated, it is apparent that fiber will not have a
positive impact. Thus, from the operator's
standpoint, it is important to have extremely
reliable fiber electronics, and to protect fiber optic
cables as much as possible. Close to the headend,
where total fiber counts are relatively high, it may
be advisable to bury optical cables to protect them
from problems with downed lines or pole
rearrangements.

In terms of subscriber reliability, fiber does
tend to even out performance across the system, so
that the most distant subscribers no longer
experience every system outage. However, it is not
yet clear what impact fiber will have on overall
subscriber reliability. The two major unknowns are
the reliability of the fiber system and the time
required to repair fiber cable and eclectronics as
opposed to coax. If amplifiers are not reversed,
operators may choose to retain existing coaxial
trunk runs in addition to a fiber backbone. This
would provide them the capability to utilize the coax
as a backup to the fiber system.

This study has shed light on a number of issues
concerning the impact of fiber optics in the CATV
distribution plant. Future studies will undoubtedly
uncover other issues to be considered in
implementing a fiber backbone in a CATV system.
Once fiber optic technology becomes an integral
part of the CATV distribution system, fiber will have
a key role to play in the future of cable television.



A FLEXIBLE SPECTRUM EFFICIENT TRANSMISSION SYSTEM
FOR DIGITAL CABLE AUDIO

ABSTRACT ONLY

The ICT digital music system will deliver "CD"
quality to TVROs and cable
subscribers using an robust and
bandwidth efficient transmission scheme.

stereo music
extremely
Nine
channels of stereo audio programming will be
produced at the facility. All
programming material will be generated from
compact disks or digital audio tapes. The digital
outputs of the players will be fed to a digital
mixing board.

origination

All fading and mixing of the audio
will be digital
This avoids introducing any distortion

programs
domain.

performed in the

through a digital to analog to digital conversion
process.

The nine stereo audio channels will be combined
with sixty-four data channels to form a single 12
Mbs stream. This bit stream is encoded onto a
4.2 Mhz baseband PAM signal which closely
resembles video. This allows the DM signal to be
transmitted using standard satellite, cable TV,
and microwave equipment.

The sound quality of consumer "CD" digital audio
was adopted as the goal for audio reproduction
fidelity.
control

Transmitting the required audio and

data in the allocated channel while
preserving the integrity of both the music and
the data requires the

sophisticated error

implementation of
checking and compression
schemes.  Satisfying the bandwidth constraints
of the overall data channel requires that the

audio data be compressed by roughly 30%. The
fundamental technical challenge of the system

was to achieve this compression without

reducing the perceived sound quality of the

music delivered.
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The data is compressed using a variation of block
floating point compression.
use of

The variant makes
the non-random nature of
source material
error,

the audio
the quantization
increased noise

to minimize
which can result in an
level across the audio spectrum. The expanded
signal is identical to the input audio data (16 bits
per left and right channel, sampled at 44.1 KHz)
with the exception of the minimal quantization
error.  Noise shaping techniques are used to
reduce the perceptibility of this induced noise.
Digital filters concentrate the
frequencies to which
sensitive.

noise at
the human ear is least
These measures provide a signal to
noise ratio of "CD" quality for CD or DAT music

sources.

The signal format will be used to transmit the
DM programming to cable system headends and
TVROs. TVRO owners who subscribe to the
service will have a tuner which can extract any
one of the audio programs and convert it to
analog audio for connection to a stereo amplifier.
Cable systems will have a choice of transmitting
the entire DM signal over a single television
channel, or to demultiplex the signal and apply
the data for each of the stereo channels on a 600
Khz bandwidth channel of the cable. The narrow
band approach will allow DM to be marketed on
systems which do not have full channel
available.

Jeff Frederiksen-Frederiksen & Shu Laboratories
Joseph L. Stern - Stern Telecommunications Corp.



A REVIEW OF THE CABLE LABS CONSUMER ELECTRONICS INTERFACE SUB-COMMITTEE

THOMAS R. JOKERST
DIRECTOR OF ENGINEERING

CONTINENTAL CABLEVISION -

The Consumer Electronics Interface
Sub-Committee 1is comprised of a group of
engineers from the Cable Labs Technical
Advisory Committee. These individuals
share the common interest of trying to
develop and promote ways to solve the
"cable imposed obstacles" which diminish
the features and usefulness of consumer
electronics hardware when connected to
certain types of cable television systems.
The sub-~committee will temporarily func-
tion as staff to Cable Labs until such
time as Cable Labs personnel are on board
to manage the projects associated with
consumer electronics interfacing. After
staffing is complete, the sub-committee
will maintain a close involvement with
consultants retained by Cable Labs as well
as the staff of Cable Labs involved with
consumer electronics interface projects.

The Consumer Electronics Interface
Sub-Committee consists of seven engineers,
each of whom are the designated represent-
atives for their company on the Cable Labs
Technical Advisory Committee. The compan-
ies represented on the Consumer Elec-
tronics Interface Sub-Committee are:
Cencom Cable Associates, Colony Communica-
tions, Continental Cablevision, Douglas
Communications, Monmouth Cablevision
Associates, Multi-Media Cablevision and
TKR Cable.

The goal of this sub-committee is to
create and evaluate technical options for
resolving the consumer electronics inter-
face dilemma, not to set policy on their
use. Cable Labs members need as many
alternatives and options as possible for
the delivery of their programming products
in the most consumer friendly manner.
This sub-committee of Cable Labs does not
intend to represent or imply that a

particular method or system which is
developed 1is to be imposed on the indus-
try, but rather that all participating

operators in Cable Labs have the option to
use a particular method if it fits their
individual needs both from a technical and

economic viewpoint. The Consumer Elec-
tronics Interface Sub~-Committee will
strive to study and communicate the

economic impact of its recommendations as

ILLINOIS/IOWA/MISSOURI REGION

well as the technical implications of the
options that are developed.

Over the years much has been said
about consumer friendliness. The issue of

consumer friendly interfaces is important
for the industry to resolve. If we are
successful at doing this we will have

happier, more satisfied customers who will
not have a reason to decline a premium
service or a Pay-Per-View event for
example, because it interferes with their
ability to wuse the advanced features of
their TV or VCR. This is an important
issue from a competitive and strategic
planning perspective. Consumer friend-
liness may someday make the difference
between retaining a customer or losing one
to a competitor who has solved the inter-
face problems (or who didn't have them to
begin with!)

In an effort to further the work and
build on the progress which has been made
over the past several years with the Joint
EIA and NCTA Engineering Committee, Cable
Labs has undertaken a project known as the
EIA Multiport Field Trial.

The IS-15/EIA Multiport was adopted
as an official standard at the most recent
EIA R-4 Decoder Sub-Committee meeting in
Orlando on February 1, 1989, The EIA is

in the ©process of finalizing the proce-
dural paperwork for approval as a recom-
mended standard. This is anticipated to

be completed by the '89 NCTA convention.

The purpose of this project is to
demonstrate and analyze the effectiveness
of the EIA multiport and IS-15 decoder in
gsolving the consumer electronics interface
problems created by the use of address-
able converters.

The multiport is an option which may
be desirable for the cable operator to
utilize to make a more "cable friendly"
interface with their customers while still
offering new services such as Impulse
Pay-Per-~View. Many operators currently
utilize traps to allow for a consumer
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friendly interface, however, traps are not
designed for wuse with Pay-Per-View. The
multiport decoder and a multiport equipped
TV receiver makes 1t possible to offer
"transparent” security while still taking
advantage of the added benefits of addres-
sability such as Impulse Pay-Per-View,
etc.

The Multiport Field Trial project
consists of placing sample decoders in

customers homes in carefully selected
systems. In addition +to gaging the
customers satisfaction of the multiport

decoders, the project will attempt to
reveal operational efficiencies and
savings for the cable operator who opts to
use the multiport decoder. Additionally,
the role of the TV/VCR retailer in selling
and servicing multiport equipped TV sets
will be evaluated.

This group will work with the EIA to
finalize the 1IS-23 Cable/Consumer Elec-
tronics interface standard which, among
other things, addresses the issue of
improved TV/VCR tuner shielding to resolve
direct pick up interference.

Cable ©Labs intends to continue the
demonstration of the multiport decoder
concept at industry trade shows such as
NCTA, CCTA, CES, SCTE, etc. We hope to
create more awareness of the concept and
enlist the industry's support for the
multiport decoder.
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Future projects for the Cable Labs
Consumer Electronics Interface Sub-Com-
mittee are currently under consideration.
Areas for discussion include a technical
and economic review of on-premise and
off-premise security systems. This would
include the interdiction-based security
systems, the switched trap type systems,
or any other newly announced consumer
friendly security system. The technical
analysis could study the issues of scram-
bling effectiveness, hardness of security,

potential channel limitations, reliabil-
ity, longevity, RFI susceptibility and
IPPV operational and implementation

considerations, etc. The economic analy-
sis could study the costs involved in
purchasing and implementing these systems

from an 1initial investment standpoint
while reviewing the 1long term economic
conseguences associated with system

powering costs, replacement costs, etc.

We should anticipate that Cable Labs
will be striving to foster even better
relationships with consumer electronics

manufacturers to aid in their understand-
ing of our industry and our mutual cus-
tomer's problems. These efforts will

hopefully allow both industries to antici-
pate each other's technical trends and
plan appropriately to keep the consumer
supplied with products and services which
are mutually complementary. Maybe both
industries can adopt a somewhat familiar
old slogan: "Where the guality (Consumer
Electronics Interface) goes in before the
name goes on! Let's all work together to
make it happen.



ADVANCED SYSTEM UPGRADE REQUIREMENTS AND DESIGN

ABSTRACT ONLY

The demand for
within

increased channel capacity

distribution systems has grown
tremendously during the last two to three years.
The majority of cable operators, while needing to
increase their system capacity, are looking for
economical ways to accomplish this task. The
immediate answer to this major problem lies in
salvaging the cable and amplifier locations while
replacing only the
amplifiers. In small channel upgrades such as
going from 36 and 54 channels, this task has
been fairly simple, but in making larger leaps
such as from 36 to 60 and even 77 channels,
operators have found that major pitfalls have to

be overcome to

active units such as

economically salvage the
investment already committed in their systems.
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This paper will investigate, from a system level,
how operators can optimize their systems to
accomplish the larger channel upgrades.
that will be amplifier
technologies such as the tradeoffs between push-
pull, parallel hybrid,
quadrapower. Other aspects
optimization of system tilts and
equalization and their effects on system
upgrades will be investigated. Also minor
consideration will be given to how amplifiers
will interface with fiber optic systems.

Areas
looked into are

feedforward and
such as
interstage

Contact author for further details
Mark Adams
Scientific-Atlanta, Inc.

Box 105027
Atlanta, GA 30348



ADVANCES IN CLI FLYOVER MEASUREMENTS,
THE HELICOPTER APPROACH.

STEVEN I.

BIRO

Biro Engineering

Princeton,

During 1988 many engineers and field technicians
experienced irregularities when trying to
correlate the fixed-wing airplane-type CLI
FLYOVER test data with the results of their
ground surveys. The inconsistencies seemed to be
related to the fact that the test dipole was not
operating in open space, the high cruising speed
of the aircraft and the cockpit’s 1limited
visibility. During a helicopter flyover the test
antenna is front-mounted, in open space. The
helicopter can cruise at moderate speed and the
cockpit’s vertical visibility is unlimited.

The presentation compares and analyzes the
radiation pattern characteristics of the test
dipole under the fuselage and in front of the
aircraft. This is followed by a diccussion of
the triangulation method to determine exact
leakage source locations. Finally, a few
observations are presented about digital leakage
recordings and aircraft position identification
methods.

RADIATION PATTERN ANALYSIS OF THE HALF-

WAVELENGTH DIPOLE, MOUNTED UNDER THE

FUSELAGE OF THE AIRPLANE

The "eye" of the CLI FLYOVER signal
leakage detection system is the test
antenna. If the "eye" is out of focus,
the vision is blurred, then the test
results become questionable. A radiation
detecting antenna, which exhibits poor
impedance match, low antenna-gain, or
scattered and bi-directional radiation
patterns, may produce extremely high or
very low system leakage readings. It can
also allocate high leakage intensities to
areas which may prove to be clean later
at the confirmation CLI FLYOVER.
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FIGURE 1

Fixed-wing airplane flyovers in the past
used almost exclusively a half-wavelength
GAMMA-MATCHED dipole mounted coaxially
under the airplane’s fuselage.(Figure 1).
An open space half-wavelength dipole
exhibits the well-known bi-directional 8-
shape radiation pattern in the horizontal
plane. (Figure 2).

FIGURE 2

The coaxially installed gamma—-matched
dipole has a deep radiation pattern null
in the travel direction while exhibiting
two asymmetrical maxima perpendicular to
the main axis of the airplane. The
critical issue is not how the dipole was
installed under the airplane. Rather, it
is the fact that the dipole is not
operating in open space. The fuselage of
the airplane becomes an essential part of
the antenna system, affecting the verti-
cal radiation pattern of the dipole.



In the first approximation this is the
classical example of a dipole, located
parallel above the ground. In the case
of the airplane, it is a dipole, mounted
below a large and flat metal surface at a
distance d.

Radiation pattern conditions can be
analyzed by the application of a basic
electromagnetic principal, the IMAGE

THEORY. Figure 3 illustrates the
position of the real antenna and its
image on both sides of the metal plate.
The current of the "image" dipole is
equal in amplitude but 180° out-of phase,
under ideal conditions.

—-~>—*——-—IMAGE
d
V LARGE
i METAL PLATE
d

—< V' piroLE

FIGURE 3

At a distant point in the far-field zone,
the vertical component of the field
intensity will be composed of the direct
and reflected signals, as described by
the following equation:

‘Sv =2Esi.n(d,.sino()

E = Maximum field intensity of the half-
wavelength dipole in open space, in
the = 90° direction.

dr = %Fd , distance in electrical angles.

2E stipulates total reflection from the
perfectly conducting metal surface.

Figure 4 illustrates vertical plane
radiation patterns of a half-wavelength
dipole, located at various distances
under a perfectly conducting large metal
plate.

] 2
N
( )
Half-wave~
X antenna in
free spoce

d=1) d=.25)

d=:5X d=1.0)

FIGURE 4

Below a distance of 0.25A the pattern
remains a single wide lobe. At 0.332

it becomes three-directional. Then,
between d = 0.5A7 to d = 1.0A the
pattern breaks up rapidly into multi-
lobes.

Thus conditions under the airplane are a
function of the dipole’s distance from
the fuselage. If the distance is less
than 0.33A, two important antenna para-
meters, the impedance match and the
antenna gain suffer. At 0.33A or greater
distances the radiation pattern breaks up
into bi-directional multi~lobe modes, a
highly undesirable situation.

Actually, radiation pattern conditions
are not even close to those ideal
assumptions of the simplistic image
theory.

* The conductivity of the fuselage is
less than extremely high.

X The fuselage is not flat, nor
infinitely large.

3 The surface of the fuselage cannot be
considered perfectly smooth.

X The space above the dipole is not a
single metal sheet. It 1is 1loaded
with additional material of metal and
non-metal substance.
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Therefore, the current of the "image"
dipole will not be equal with the
amplitude of the real dipole, nor will be
the "image" current exactly 180° out-of-
phase. Also, the leakage signals
emanating from the system below may not
be perfectly horizontally polarized, or
horizontally polarized at all, resulting
in extremely complicated and uncontrolled
phase cancellations. The real world
radiation patterns of the dipole will be
transformed into configurations similar
to those of Figure 5.

FIGURE 5

THE MULTI-ELEMENT TEST ANTENNA APPROACH,

MAST-MOUNTED IN FRONT OF THE HELICOPTER

If the test dipole mounted below the
fixed-wing airplane’s fuselage develops
impedance match, antenna gain, and
radiation pattern difficulties why not
avoid these problems by moving the test
antenna away from the aircraft? Figure 6
shows the solution. The test antenna is
mounted in front of the  helicopter,
operating in OPEN SPACE. Neither the
impedance match and antenna gain, nor the
radiation pattern characteristics will be
affected by the cockpit and fuselage of
the helicopter. They are located way
behind the antenna.

FIGURE 6
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The application of a multi-element log-
periodic antenna (Figure 7) eliminates an
additional difficulty observed in the
case of the test dipole: the bi-
directional characteristics of the radi-
ation pattern.

FIGURE 7

A three-element log-periodic antenna,
tuned to the relatively narrow 108 to 136
MHz frequency range, has 3 dB gain over a
half-wavelength dipole, a single 60° wide
main-beam toward the front, (70° wide in
the vertical plane), and a very favorable
20 dB front/back ratio. (Figure 8).
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FIGURE 8

The high front/back ratio of the log-
periodic multi-element antenna mast-
mounted in front of the helicopter
reduces the coupling between the main-
frame and the antenna to a minimum.
Consequently, the radiation pattern of
the multi-element test antenna remains
practically intact.

The helicopter mounted test antenna will
"sweep" the cable plant with a single
beam, about 60° wide. Also, due to the 3
dB antenna gain, (-3 dB points at 30°)
the antenna will deliver the same signal
levels obtained from the half-wavelength
dipole in open space.



LEAKAGE SOURCE IDENTIFICATION

BY THE TRIANGULATION METHOD

The helicopter-type CLI FLYOVER testing
has another tremendous advantage: its
superior mobility and ability to pinpoint
the exact location of the leakage source.

The helicopter can fly at a reduced speed
and turn around gquickly in a small
circle. Then, with the aid of the front-
mounted, highly directive antenna the
source of leakage can be found by the
triangulation method. Follow the flight
of the helicopter of Figure 9. The
helicopter approaches a strong leakage
area (#1). The pilot is directed to make
a right turn (#2). Finally, a new right
turn verifies the 1leakage source (#3).
This is in sharp contrast to the high
cruising speed and limited turn-around
capability of the fixed-wing airplane,
compounded with the symmetrical and bi-
directional pattern of the dipole.
Leakage source identification, which is
impractical with the fixed-wing airplane,
is a high value benefit of the
helicopter-type CLI FLYOVER, assisting
CATV operators and field engineers in the
fast and efficient identification of
major system leakages.

FIGURE 9

VERTICAL VISIBILITY & CRUISING SPEED

CONSIDERATIONS

From the fixed-wing airplane’s cockpit
the view is limited to one side and to
the front of the airplane. (Figure 10).
Neither the pilot nor the testing
engineer is in a position to follow and
observe the terrain below. Therefore,
the fixed-wing airplane must fly parallel
patterns to cover the entire area, using
LORAN for position identification and
recording purposes.

FIGURE 10

Then, due to the high speed of the
aircraft which prevents the use of analog
instrumentation, the signals from the
receiver must be digitally processed,
feeding the results into a chart
recorder.

This enthusiastic reliance on the LORAN-C
and a chart recorder has two serious
flaws.

The first one, discussed briefly before,
is the fact that the LORAN indicates the

aircraft’s vertical position over the
ground, while the test dipole may receive
the strongest leakage from completely
different directions. The discrepancy,

due to the bi-directional and scattered
nature of the radiation pattern can be as
high as 2500°.

The second problem area: the chart
recorder’s inability to differentiate
between desired and undesired signals.
For a chart recorder every received
transmission is a potential leakage
problem. The most frequently received
spurious signals include harmonics of

broadcast stations, two-way radios or CB
transmitters, and interference from high
voltage transmission lines, welding
shops, lightning or other statics.
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Observe the excellent vertical visibility
from the helicopter’s cockpit (Fig. 11).
Helped by the low cruising speed of the
rotary wing airplane, the test engineer
can follow the trunk and distribution
lines and mark the exigencies of the
cable plant on the system map directly in
front of him.

FIGURE 11
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The system will be surveyed exactly the
same way as conducted during the ground
survey. The test results will be marked
on a real system map, easily understood
and appreciated by the system engineer in
charge of system leakage integrity.

Major potentiasl aeronautical leakage
sources such as high-rise buildings,
hotels, and skyscrapers which cannot be
checked from the street level are
pinpointed from the low cruising speed
helicopter. The leakage concentrations
can be then identified by the triangu-
lation method.

Last but not least, the helicopter CLI
FLYOVER engineer can reliably read the
meter of his ANALOG COMMUNICATIONS
RECEIVER in the slow moving aircraft.
Only those meter movements will be
recorded which were accompanied by the
1000 Hz tone modulation of the test
signal. All other meter movements will
be discounted because they did not
emanate from the cable plant.

A receiving antenna, 1500 feet above
ground, can pick—-up an enormous variety
of spurious transmissions which, if taken
by their face value, <can skew the test
results.



ADVANCES IN TECHNOLOGY AND NEW INSTALLATION CONFIGURATIONS
SUGGEST MECHANICAL MODIFICATIONS IN CATV AMPLIFIER HOUSINGS

Scot Milne

Magnavox CATV Systems Company

ABSTRACT

While advances in amplifier technol-
ogy (Power Doubling, Feedforward) have
greatly altered the components a housing
must contain, and new installation con-
figurations (pedestal, wvault) have al-
tered the environment in which a housing
must function, the housing itself has
changed very little. Results from com-
puter modeling suggest alternatives for
housing design to meet these more demand-
ing requirements.

INTRODUCTION

An amplifier housing performs
several functions for the circuitry in-
side the mainstation or line extender.
Four of the most important of these func-
tions are:

¢ Establishing mechanical and electrical
connections for the trunk and/or dis-
tribution cables.

¢ Acting as a shield from electromagnetic
interference (EMI).

e Offering protection from the weather.

¢ Providing a heat sink for active
devices.

The magnitude of these housing tasks
has expanded over several vears, primari-
ly from changes in two areas: the
amplifier circuitry technology and the
housing environment. System bandwidth
has spread in measured steps from 5-
270MHz to 5-600MHz, placing new demands
on the cable connection, the EMI shield,
and the heat sink elements of the hous-
ing. The environment that the amplifier
is exposed to has also changed. Installa-
tion in enclosures is now common for
domestic systems. International business
has increased significantly, with a com-
mensurate broadening of weather extremes
and installation configurations. These
new environments create challenges to the
cable connection and heat sink elements
of the housing.
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Responding to these changes by
modifying the die-cast amplifier housing
can become an expensive proposition in
terms of engineering effort and tooling
investment. A totally new design repre-
sents a major commitment of resources. A
developnent program of either scope must
start with a set of clearly defined objec-
tives for housing performance for all
four of the functions mentioned above.
Recommendations for these objectives, or
design goals, are introduced in the next
few sections of this paper. The process
of how the goals should be met follows
each goal.

PERFORMANCE BASELINE

The housings currently being
produced in the cable industry provide
readily available vehicles for measuring
the present level of performance, or
baseline, of the four functions. These
levels should be compared with the design
goals to reveal which areas require
modification and the magnitude of the
modification from the baseline.

CABLE CONNECTIONS

The goal for this function is to
provide maintenance-friendly trunk and
distribution ports that are transparent
to the forward and return signals at fre-
quencies up to 1GHz. It is important to
recognize that the historical trend
toward greater bandwidth has not lost any
momentum in the past few years. HDTV, on-
demand services, and data will sustain
this expansion. Due to the investment re-
guired by the manufacturer (in production
tooling) and the system operator (in
physical plant), the housing design must
be prepared to embrace circuitry deliver-
ing these extended bandwidths for product
longevity. Initial designs for circuitry
are exercised on computers using models
that simulate the response of the port as
well as the seizure mechanism.



However, the dimensional parameters
and material characteristics of the port
components should be selected only after
exhaustive bench testing to be certain
that the difficult-to-characterize
anomalies have been captured.

Varying the diameter of the center
conductor of the cable from the optimum
value introduces impedance changes that
reduce return-loss performance. Designing
for a pin-type connector permits the hous-
ing to achieve a consistently high level
of performance in both trunk and distribu-
tion ports regardless of cable size. The
standard length pin connector (1.60")
should fit, without modification, into
the housing. Ideally, the "nose" of the
port should protrude from the wall of the
housing far enough to allow heat-shrink
tubing to be attached from the cable,
past the insert, to the casting for maxi-
mum weather protection. The insert must
provide stronger threads than the die-
cast housing without creating galvanic in-
compatibility. A hexagonal or square
cross-section would facilitate assembly
at the factory as well as an opportunity
to counteract, with a second wrench, the
torque required to install or remove con-
nectors. Options for cable access to the
seizure mechanisms could be more
flexible, reducing the contortions neces-
sary for installation of housing and
cables in the cramped quarters of
enclosures.

EMI/RFI SHIELD

The goal for this function is to
offer protection from interference or
radiation from higher frequencies (1GHz)
at existing signal levels. Even in re-
builds, signal levels have not increased
significantly in the past few years. An
approximate level of the seal’s shielding
performance can be established by testing
prototype gaskets in simulated housing
grooves. However, this limited evaluation
does not confirm that the gasket construc-
tion can resist permanent deformation and
possible loss of performance after the
stresses of temperature and compression
cycling. Long-term reliability of the
seal’s shielding effect is crucial for
compliance with the cumulative leakage
index (CLI) and radiation limits set by
the FCC.

When the mainstation base and cover
are designed to conform to American Die
Casting Institute guidelines, the space
between flanges could vary from 0.000" to
0.109". Machining the surfaces of these
flanges would significantly improve the
flatness. Although widely used in produc-
ing military equipment, this approach is
too expensive for cable TV products. The
gasket must be designed to accomodate the
flatness and surface finish variations
created by the die-casting process.

WEATHER PROTECTION

The goal for this function is to
provide a seal that protects the cir-
cuitry from water ingress over repeated
temperature, atmospheric, and compression
cycling, yet requires a minimal clamping
force for easy access. The extremes of
temperature and atmospheric pressure can
create positive (9.5 p.s.i.g.) or nega-
tive pressure (-5 p.s.i.g.) within the
housing. A soft rubber gasket would ini-
tially provide an adequate seal under
these conditions. Unfortunately, a low
durometer rubber will typically take a
"set" when subjected to a clamping force
over time. The "set" is partly a den-
sification and partly a deformation of
the gasket material. The net result is a
reduction in clamping pressure, possibly
leading to a leaky housing during the
next summer rainstorm. Increasing the
torque on the clamping bolts offsets the
reduction in pressure, but may lead to
further deformation.

The gasket material must also
withstand temperature and humidity ex-
tremes as well as chemical attack by
ozone and industrial pollutants. Exten-
sive evaluation, starting with prototype
gaskets in simulated housing grooves, is
essential to establishing the long-term
reliability of the seal.

HEATSINK

The goal for this function is to max-
imize heat-sinking of active components
regardless of horizontal or vertical
orientation of the housing. This perfor-
mance will be limited by various restric-
tions on the weight, size, appearance,
and cost of the die casting, as well as
upward and downward product compatibility.
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Advances in amplifier technology
have reduced the distortions required for
expanded frequency response; however,
these same advances have increased the
heat, or thermal, load on the housing.

A mainstation loaded with a Feedforward
trunk module, a Power Doubling bridger
module, a return module, a complete con-
trol module with status monitoring, and a
switcher-type power supply must dissipate
two times more heat (36.5 more watts)
than a station with push-pull technology.

Amplifier housings installed at
ground level in enclosures shield the
housing from the direct rays of the sun,
but restrict the free flow of cooling
air. Use of a pedestal enclosure forces
the casting into a vertical orientation.
The fins on the housing are perpendicular
to the air flow, which reduces their
ability to dissipate heat. This situa-
tion was simulated by attaching heaters
to the back side of a 6" x 6" piece of
heat sink extrusion with 3/4" tall fins.
At a surface temperature of 25° Centigrade
(C) over ambient, the material dissipated
13.5 watts with the fins in a vertical
position. Rotated by 90 degrees, it
could only handle 7.6 watts at 25° C over
ambient. Another piece of extrusion was
cut to the same dimensions with the fins
at a 45 degree angle. This piece dis-
sipated 13.5 watts at 25° C over ambient
in both 0 and 90 degree positions.
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Heavily instrumented housings were
installed in a simulated field situation
in aerial, pedestal, and vault configura-
tions. A data recorder provided tempera-
ture information for the construction of
a mathematical model of the housing and
modules. The model permitted in-depth
study of various design options in any en-
vironment without the expense or time re-
quired to build and evaluate prototypes.
This model quantified the thermal impact
of various alternatives for housing
design. A thicker housing wall reduces
the conduction resistance between the
heat source, amplifier modules, and the
fins. Deeper fins, optimally spaced, as-
sist convective heat transfer from the
fin surface to the surrounding air by in-
creasing the effective surface area of
the housing.

Applying a finish to the housing sur-
face will alter the radiation coeffi-
cient. This may improve or impede heat
flow =- depending on the color and type
of coating. As mentioned earlier, an-
gling the fins allows free air flow in
either vertical or horizontal configura-
tions and reduces the temperature rise of
the circuitry and housing in pedestal ap-
plications.

CONCLUSION

A housing designed for the 1990's
must be ready for expanded bandwidth, ex-
treme weather conditions, EMI at higher
frequencies, and various installation con-
figurations. These demands can be met
through innovative design concepts, com-
puter modeling, and exhaustive evalua-
tion.



AM FIBER OPTIC TRUNKS - A NOISE AND DISTORTION ANALYSIS
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ABSTRACT

Nonlinear optical effects in single
mode fiber can limit the amount of power
that can be coupled intc a fiber. The
threshold powers for these effects are
calculated. The maximum practical optical
modulation depth is limited by clipping.
This clipping occurs when the peaks of the
RF signal drive the laser below threshold.
The maximum modulation depth is determined
for both standard and HRC systems. The
results are used to project system carrier
to noise performance.

INTRODUCTION

There are two major issues in
distributed feedback laser performance
(DFB) for AM-VSB systems. These are
output power and linearity. The use of
DFB lasers for analog applications is a
relatively new idea, having been taken
seriously by optoelectronic device
manufacturers for only the last year or
so. Development of DFB lasers for analog
applications is continuing rapidly and
there is no indication that the pace is
slowing. The question which this paper
will attempt to answer is: what are the
limits on link carrier to noise
performance if highly linear DFB lasers
can be developed? 1In order to answer this
question this paper will address the
following issues:

1) Output power - Assuming that the
output power of laser diode chips will
continue to increase over time, what
then are the limitations on laser
coupled output power due to nonlinear
optical effects in single mode fiber.

2) Optical modulation depth -~ Assuming a
perfectly linear laser could be
developed, what would be the limitations
on optical modulation depth as a
function of channel locading. The
limitation is due to distortion
introduced when the peaks of the signal
drive the laser below threshold. This
will be examined for both standard and

HRC systems.

The power and modulation depth limitations
will be used to project realizable system
performance as a function of channel
loading.

OUTPUT POWER LIMITATIONS

Stimulated Brillouin Scattering

Stimulated Brillouin Scattering (SBS)
is a nonlinear optical phenomenon which
can limit the amount of power coupled into
an optical fiber. When the SBS threshold
is reached the energy in the forward wave
(signal) couples to a wave at a slightly
longer wavelength traveling in the
opposite direction in the fiber. The
result is that the forward wave is
severely attenuated. The threshold
depends strongly on the source linewidth
because the spontaneous Brillouin
bandwidth is less than 100 MHz.l As the
source linewidth increases beyond 100 MHz,
the SBS threshold will increase. For
narrow linewidth (<100 MHz) sources the
SBS threshold can be calculated using the
following equations.?2

21+AgK
Prg = (1)
gB*Le
1 - e-oL
Le = —— (2)
a

Ae = effective core area of the
fiber

K = polarization factor (1 £ K £ 2)

gg = peak Brillouin gain coefficient
(4.6E-11 m/W)

Le = effective interaction length (m)

fiber loss (m~1)

fiber length (m)

now

a
L
Figure 1 shows the SBS threshold for
single mode fiber as a function of fiber
length for two different attenuation rates

corresponding to 1310 nm and 1550 nm
operation. It is assumed that the
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effective core diameter is 11.5 um and
that K = 2 (complete polarization
scrambling). This shows that for long
links the maximum input power at 1310 nm
is about 10 mW.

Single Mode Fiber Power Limit
Due to Stimuloted Brillouin Scattering

/|
#

Jli

SBS Threshold in mw

5 6 7 B 8§ 10 11 12 13 14 15 16 17 18 19 20

a  Joss = 0.4 dB/km o loss = 0.2 dB/km
Fiber length (km)

Figure 1

The actual SBS threshold for an AM-
VSB system depends on the type of laser
that is used and on the method of
generating the optical signal. There are
two methods commonly used to generate
optical signals in AM-~VSB systems. They
are direct modulation and external
modulation (see Figure 2). In direct
modulation systems the source laser is
usually a distributed feedback (DFB)
laser. The linewidth of DFB lasers is
typically less than 100 MHz with no
modulation applied.3 However, when the
laser is intensity modulated the carrier
densities in the active region are
modulated. This causes the refractive
index of the material to vary which in
turn causes the laser output frequency (or
wavelength) to vary. This phenomena is
referred to as chirp. The amount of chirp
a laser exhibits is a function of chip
desi%n but it is typically more than 5
GHz.4+/5 This effectively increases the
source linewidth to many GHz when the
laser is modulated. This means that for
systems employing direct modulation the
SBS threshold will be considerably higher
than that shown in Figure 1.

In systems that use external
modulators light is coupled from the laser
source to an external electro-optic
modulator. The modulating signal is
applied to the external modulator. The
laser is operated in a CW mode which means
the source linewidth can be narrower than
the spontaneous Brillouin bandwidth
depending on the type of source chosen.
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This means that the SBS threshold could be
as low as the levels shown in Figure 1.
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Opticql Optical
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External Modulation

Figure 2

Stimulated Raman Scattering

Raman scattering can be thought of as
the modulation of light by molecular
vibration. The process generates Stokes
light at wavelengths both shorter and
longer than the pump wavelength. The
Stokes light travels in both the forward
and reverse directions. In long optical
fibers the signal wave will act as the
pump source for the Raman gain. In glass
fibers the Raman gain-bandwidth is very
wide so laser chirp should neot affect the
threshold. As with stimulated Brillouin
scattering, when the stimulated Raman
scattering threshold is reached it causes
the fiber attenuation to become nonlinear.
The SRS threshold can be computed using
the following equation.®/7

16'Ae'K

Py = ——m— (3)
Gr*Le

Ao, K and L, are as defined above

Gr = peak Raman gain coefficient
(1.38E-13 m/W at 1.3um)

Using this equation the SRS threshold
is on the order of 8 Watts at 1310 nm for
long fibers. From this result it is
apparent that stimulated Raman scattering
will not be a practical limitation on AM
fiber systems.



OPTTICAL MODUILATION DEPTH LIMITATIONS

Optical modulation depth directly
affects both carrier to noise and
distortion performance. Generally, higher
modulation depths will improve C/N and
degrade distortion performance. The exact
relationship between modulation depth and
distortion depends on the characteristics
of the particular laser. There is,
however, an upper limit on optical
modulation depth for even perfectly linear
lasers. This upper limit on modulation
depth per carrier depends on the number of
carriers and the frequency plan that is
being used. In order to mathematically
determine the maximum useful modulation
depth it is important to understand the
characteristics of the composite RF
signal. The most important characteristic
of the signal is whether the individual
carriers are correlated with each other.
In a standard system with free running
carriers, the carriers are uncorrelated.
-In an HRC system the carriers are all
phase locked to a common reference, which
means they are correlated.

In the case where the carriers are
uncorrelated the characteristics of the
conposite CATV signal can be determined
using statistical methods.

Let each carrier be represented by:
Xj(t) = mjy(t)-cos(wit + ©3) (4)

where:

wi is the carrier frequency
6 is the carrier phase

mi(t) is the modulating signal

The composite signal which modulates the
laser can be represented by:

y(t) = 2 x%j(t) (5)
1

The laser drive current is given by:

I(T) = IthtIpias [1+y(t)] (6)

Where I+p is the laser threshold current
and Ipjag is the nominal bias current
above threshold. When the signal, y(t),
exceeds the value -1 the laser is driven
below threshold. The result of this is
that the signal is clipped, causing
distortion.

It is useful to examine the
statistical distribution of the composite
signal. 1In order to simplify the
analysis, let mj(t) = constant
(unmodulated carriers). Define a random
variable Xj, formed by sampling the signal
xj(t) at time T as follows:

X3 = %4 (T) (7)
Xi = mj+cos(wiT+63) (8)

where 6 is uniformly distributed over the
interval -7 to .

The prgbability density function (pdf) of
Xi is:

1
Pxi(x) = A x|<mi (9)
mi-n-J(l-(x/mi)z)
0 ,otherwise

Define a random variable Y, formed by
sampling the signal y(t) at time T.
Assuming the random variables 6j are
statistically independent, the pdf of Y
can be determined by convolving the pdf's
of each individual signal.? So for N
channels the pdf of Y can be determined as
follows:

Py (¥) = Px1(Y) * Pxa(Y) * ... *pyn(Yy) (10)

Figure 3 shows the function py(y) for
different numbers of channels. The
channel amplitudes, mj, are normalized to
mj=1l/N in each case. The function
approaches a Gaussian distribution as the
number of channels increases. For N>8,
py(y) can be approxiamated by a zero mean
Gaussian distribution variance given by
equation 11.

o = mj-J(N/2) (11)

Statistical Distribution of Sums of
Non-Phaselock Carriers
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Figure 3
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This result can be used to estimate
practical values of modulation depth as a
function of the number of channels.
Assuming a perfectly linear laser, the
only source of distortion in the laser's
optical output is due to clipping when the
signal drives the laser below thresholid.
For values of mj less than 1/N this never
occurs. As the modulation index is
increased past some threshold, distortion
due to clipping increases rapidly. Based
on experimental results this threshold
seems to be between 5% and 6% per carrier
for a 40 channel system and between 7% and
8% per carrier for a 20 channel system.
Assuming_mj = 0.055, then for 40 channels
0=0.055/20=0.246. The probability of the
signal driving the laser below threshold
at any given time is equal to the
probability cf a zero mean Gaussian random
variable with 0=0.246 exceeding -1. This
probability can be evaluated using the Q
functionl® and it is roughly 2.5E-5. This
probability is quite small but it seems to
be significant in terms of measured
distortion performance. This result can
be used to project the practical
modulaticn depth as a function of channel
loading based on the assumption that the
maximum practical value of o is 0.246
regardless of the number of channels.

o = mj-/(N/2) = 0.246 (12)
0.246 0.348
ni= = (13)

Jy2)y N

In HRC systems the statistical
distribution of the signal depends on the
phase relationships between the channels.
It is possible to choose the channel
phases in such a way as to minimize the
peak amplitude of the composite signal.
It has been suggested by other authors
that this could have an effect on system
performancell but the extent of the
possible improvement was not explored for
AM fiber systems. 1In a 40 channel system
with mj=1 the peak signal level could be
as high as 40. With proper selection of
carrier phasing it is possible to reduce
the peak signal level to less than 9.1.
Figure 4 shows the pdf's of a 40 channel
standard signal and a 40 channel optimally
phased HRC signal. 1In both cases the
carriers are unmodulated with mj=1/40.
The pdf of the HRC signal was determined
by computer simulation of the signal. In
general, we have determined that the peak
signal level with optimally phased
unmodulated HRC carriers can be determined
using the following equation.

Peak < 1.5+mj+/N (14)
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pdf of Phase Optimized HRC Carriers
Compared to Non-Phaselock Carriers
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Figure 4

When the carriers are modulated with video
information the peak signal level may
increase somewhat. The extent of this
increase has to be determined
experimentally.

This expression for peak signal level
can be used to determine the theoretical
maximum useable modulation depth for HRC
systems. The theoretical maximum is a
modulation depth which results in a peak
signal level just equal to one.

Peak =1
1.5'mi*/N = 1
1 0.67
1.5 /N
Table 1 shows the calculated

modulation index as a function of channel
loading using equations 13 and 15.

nj = (15)

Table 1

m; (per carrier)
N std HRC
10 0.11 0.21
20 0.078 0.15
40 0.055 0.11
60 0.045 0.086
80 0.039 0.075

This result shows that it is at least
theoretically possible to use modulation
depths in HRC systems that are twice as
large as the modulation depths that are
practical in non-phaselock systems. This
translates to a possible improvement in
link carrier to noise ratio of up to 6 dB.
The extent to which this improvement is
realizable has to be determined by
extensive laboratory testing.



SYSTEM PERFORMANCE

The carrier to noise ratio at the
output of the link can be calculated using
equation 16.12

The C/N is calculated in terms of
mean squared currents at the input of the
receiver amplifier. The numerator
represents the mean squared signal current
of each video carrier. The terms in the

-160 dB/Hz. 1In reality the laser RIN is a
function of the laser's output power, with
the best DFB lasers consistently

exhibiting RIN levels in the low -150's
today.

AM-VSB Fiber Links
40 channels, 10 dB link budget

80
denominator are due to guantum noise,
laser noise and receiver thermal noise 75 !
(transimpedance receiver) respectively. L/Y/T)
Figure 5 shows the AM link C/N versus 70 —
laser coupled power for a 40 channel CIN = 1
system with a 10 dB loss budget. The (dB) 65 LA Lot ———
three curves were calculated based on the T A 1]
assumptions summarized in Table 2. 50 P e an %_
L |
The quantum limit represents the o8 /4// ]
upper limit on C/N performance due to 55
quantum noise. The modulation depth per )
carrier was calculated using equation 15 50
because this represents the maximum e
achievable optical modulation depth. The 45
§¥otﬁza§§ic2;tié§itiefzfzii Zii;gsiigsgate 0123456 7 8 91011121314151617181920
ceive P
high responsivity pin diode (0.9 A/W at o Quantum limit o HRC limit A Std limit
1310 nm). In order to simplify the Fiber coupied power (dBmj
analysis the laser RIN was assumed to be Figure 5
(mi *R+Pr)2
C/N = (16)
4+k+T«F+Bv
(2-e+Bv+-R+Pr) + RIN:Bv:(R*Pr)2 + ——m——
Rz
Where:
RIN = laser noise kX = Boltzmann's constant
mj = optical modulation index R = photodiode responsivity
Pr = received optical power Rz = receiver preamp transimpedance
Bv = video bandwidth F = noise factor of preamp
e = charge of an electron T = receiver temperature
Table 2
Quantum Practical Pragtical
limit limit (HRC) limit (Std)
my 0.11 0.11 0.05
Photodiode 100% 86% 86%
quantum efficiency
Laser RIN (dB/Hz) No laser -160 -160
noise
Anmplifier No thermal 1200 1200
transimpedance (Q) noise
Amplifier noise NA 2 2

factor
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CONCLUSTIONS

These results show that for standard
systems 40 channel link C/N performance of
55 dB is achievable with laser output
power of 6 dBm (4 mW). This power level
is well below the stimulated Briilouin
scattering threshold of 10 mW for narrow
linewidth sources. In systems using
direct modulation or external modulation
with broad source linewidths considerably
higher power levels are theorectically
possible. This could lead to higher C/N
performance or longer link budgets. 1In
optimally phased HRC systems the link C/N
performance could be as much as 6 dB
better than in standard systems. The
actual amount of realizable performance
improvement has to be determined by
extensive lab testing.
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ABSTRACT

Recent technological advancements
in fiber optic hardware have moved this
technology to the forefront of attention
for utilization in Cable TV distribution
plants. FM fiber optics is well on the
way to replacing AML (microwave) sites
and/or RF distribution supertrunks. AM
fiber optics is under consideration for
replacement or supplementing the
standard RF distribution trunks. The
application of fiber optic technology is
viewed as being consistent with future
bandwidth expansion requirements of high
definition television and increased
system reliability.

The purpose of this paper is to
review only the economic aspects of
fiber optic applications. Based on
present AM fiber link performance versus
typical RF CATV equipment, three
practical distribution system scenarios
are examined. 1In each scenario an
economic assessment of an AM fiber node
approach is assessed by comparison to a
typical RF distribution plant.

The scenarios presented in this
document were selected from a lengthy
list of actual system upgrade/rebuild
analyses which Jerrold's System Design
and Proposals Department has performed
over the last 18 months. These specific
examples were chosen as being
representative of the type of system
expansions being considered most
prevalent.

It is not the intent of this paper
to conclude whether AM fiber or typical
RF distribution plant is an appropriate
economic decision. Rather, it is
intended to highlight those areas where
each has its advantages and to stress
the importance of giving appropriate
consideration to the application of a
hybrid architecture for CATV systems.

2-1/2 MILES ADDITIONAL TRUNK REACH FOR
$20K

The major benefit of an AM fiber
optic link, in a CATV distribution
network, is the trunk reach advantage AM
fiber optics technology has over
standard RF amplifier/coaxial cable
technology. The issue, however, is
whether the benefit is worth the extra
cost.

In a straight 550 MHz trunk run
analogy, a current generation AM fiber
link of approximately 7.3 miles provides
a carrier—-to-noise performance of 52 dB
and a composite-triple-beat performance
of 65 dB. Utilizing eight 26 dB gain,
550 MHz feedforward amplifiers and
one-inch cable, the same performance
specifications are possible at a maximum
distance of 4.8 miles. The BAM fiber
link (equipment and cable) would cost
approximately $60-65K compared to
$40~45K for the feedforward supertrunk
(equipment and cable). In both cases,
the cost per mile equates to
approximately $8.6K; however the
economics of the $20K for 2-1/2 miles of
additional trunk reach will vary from
system to system.

Equipment Specifications

In order to minimize the variety of
equipment used in the following
scenarios, all systems will be 550 MHz
(77 Channels) new builds, rebuilds or
upgrades. Table Number 1 provides the
critical operating specifications for
the RF and fiber optic active devices
utilized throughout the paper. It is
also important to emphasize that all
economic assessments are made with the
assumption of 40 channels/fiber
transmitter - receiver links.
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TABLE NUMBER 1
EQUIPMENT SPECIFICATIONS

I. STANDARD RF ACTIVE DEVICES

AMPLIFIER DESCRIPTION

550 MHz, 26 dB Feedforward Trunk

550 MHz, 30 4B Feedfgﬁward Trunk

550 MHz, Quadrapower Bridger

550 MHz, Power Doubling Line Extender

IT. AM FIBER LINE

Transmitter Input Level (dBmV)
Receiver RF Output Level (dBmV)
Loss Budget (dB)

Channels/Link

Carrier-to~Noise (dB)
Composite~Triple-Beat (dB)

SCENARTIO [ - 450-550 MHz UPGRADE

System Information

The existing distribution system is
carrying 60 Channels (450 MHz) with
several trunk runs having 27 amplifier
cascades. The active equipment in the
system utilizes conventional technology
Trunk cable is 3/4 inch foam dielectric
and has been tested successfully beyond
600 MHz.

The goal of the upgrade is to
expand channel capacity to 77 Channels
{550 MHz). If possible, it would be
most desirable to save existing trunk
locations and, therefore, trunk/feeder
tie points. 1In addition, franchise
documents specify the system (at the
tap) must meet the following
specifications:

Carrier-to-Noise 47 dB
Composite-Triple-Beat 53 dB

Standard RF Upgrade

The equipment selected for the
standard upgrade was 26 dB gain,
feedforward trunks with Quadrapower
bridgers and power doubling line
extenders. The trunk stations provided
for maintaining the existing locations
and cable. The desired system
performance specifications, however,
could not be accomplished with
reasonable bridger and line extender
levels. Even with bridger and line
extender output levels at 43 dBmV and 40
dBmV respectively, the 27 amplifier
cascade produced inadequate
specifications (C/N: 46.3 dB and CTB:
51.0 dB).

™
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NOISE OUTPUT CTB @

GAIN FIGURE LEVEL OUTPUT
(aB) {dB) {dBmV ) (dB)
26 12 38 85
30 11 41 79
25 17 48 65
30 13 45 68

AM Fiber Upgrade

Using an AM fiber link with a 6 dB
loss budget (approximately 12 Km)
allowed for a maximum cascade of 9 trunk
amplifiers. Originating from the
headend, the fiber link would terminate
at the eighteenth amplifier. At that
point, the RF output would be split,
amplifiers 10 through 18 reversed and
both nine amp cascades (18-10 and 19-27)
fed by the AM fiber 1link.

Using the same RF equipment
selected for the standard RF upgrade,
the desired system performance
specifications are achievable. 1In
addition, reasonable feeder levels
(bridger: 47 dBmV, line extender: 44
dBmV) can be maintained.

Scenario I Economics

The massive amount of feeder system
changes required for the standard RF
upgrade make a detailed economic
comparison unnecessary. Based on
preliminary calculations, the standard
RF upgrade would cost approximately
$300-$350/Mi. more (RF distribution
equipment costs only) than the AM fiber
upgrade. Based on the system mileage of
600 miles, the RF approach would require
approximately $195K additional
expenditures for RF distribution
equipment. The $120K for the three AM
fiber nodes would represent a $75K
savings for equipment alone.
Realistically, the only economic
approach would be the AM fiber link. In
addition, it represents the only
approach to satisfy the system
performance requirements.



SCENARIO I - 450 MHz TO 550 MHz UPGRADE

A. EXISTING SYSTEM
o Channel Loading: 60 Channel, 450 MHz.
o Longest Cascade: 27 Amps.
o Equipment Type: Conventional Trunk, Bridger and Line
Extenders.
o Trunk Cable: 3/4 Inch.
B. DESIRED SYSTEM
o Channel Loading: 77 Channel, 550 MH
o System Specification Targets: CTB: 53 dB; C/N: 47 dB.
o Other: Maintain Trunk Amplifier Locations and Cable.
C. CONVENTIONAL RF UPGRADE ™
o Equipment Type: Feedforward Trunk, Quadrapower Brid-
gers and Power Doubling Line Extenders.
o Cascade and Level Analysis:
Amplifier Cascade Input Level Output Level
Trunk 27 14 dBmv 40 dBmV
Bridger 1 - 43 dBmV
Line Extenders (2) 2 10 dBmV 40 dBmV
o System Distortion Analysis:
~ Composite-Triple-Beat: 46.3 dB
- Carrier-to-Noise: 51.0 dB
D. AM FIBER UPGRADE
o Equipment Type: 12 Km AM Fiber Opt%ﬁ Link, Feedforward
Trunk, Quadrapower Bridger and Power
Doubling Line Extenders.
o RF Cascade and Level Analysis:
Amplifier Cascade Input Level Output Level
Trunk 9 12 dBmv 38 dBmv
Bridger 1 - 47 dBmV
Line Extenders (2) 2 14 dBmv 44 dBmv
o System Distortion Performance:
Fiber RF System
Composite-Triple—~Beat: 65 dB 55.7 dB 53.1 dB
Carrier-to-Noise: 52 dB 48.9 dB 47.1 dB

SCENARIO II - TOTAL 550 MHz REBUILD

System Information

Primarily due to the condition of
the existing plant, the system operator
had decided to do a complete system
rebuild to obtain a 550 MHz, 77 Channel
distribution plant. The entire project,
with the exception of a few long cascade
runs, meets desired specifications with
7/8 inch cable and 26 4B gain
feedforward trunks, Quadrapower
bridgers and power doubling line
extenders.

It is desired to reduce the longer
cascades to a maximum of 25 amplifiers
deep, in order to obtain system
specifications of 46 dB carrier-to-noise
and 51 dB composite-triple-beat.
Reducing the cascade lengths is also
advisable for ongoing maintenance
purposes.

Alternative Analysis

Three options were selected for
consideration in reducing the cascade
lengths. The first option was to reduce
cable losses by installing 1-1/4 inch
trunk cable. This would allow the
required distance to be covered with 24
amplifiers. The other two options
involved the use of an AM fiber optic
link with a 4 dB loss budget covering
approximately 7.7 Km. One of the optics
options would use 7/8 inch trunk cable,
while the other would incorporate 1-1/4
inch cable. These two fiber options
reduced the cascades to 20 amps and 14
amps respectively.

Since the majority of the system
was in compliance with the desired
system specifications, it was decided
that the feeder levels would not be
altered to make any of the options under
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SCENARIO II

550 MHz TOTAL REBUILD

O SYSTEM INFORMATION

o Initial design,

utilizing feedforward trunk and 7/8
inch cable required several 31 amp cascades.

It was

desired to reduce all cascades to 25 amplifiers or

less.

O ALTERNATIVE ANALYSIS

Option 1 - Use the same RF amplifiers, but upgrade

cable to 1.125 inch cable.

Use the same RF amplifiers and cable, but

add a 7.7 Km AM fiber link (4 dB loss

o
o Option 2 -

budget, C/N
o Option 3 -

: 53 dB, CTB:
Use the same RF amplifiers, but upgrade

65 dB).

cable to 1.125 inch cable and add 7.7 Km AM

fiber link.

Initial
Design Option 1 oOption 2 Option 3
RF Amplifier Cascade 31 24 29 14
Cable: Quantaity (1000 Ft.) 118.6 118.6 118.6 118.6
Cost (S$K) $ 56.9 $ 97.2 $ 56.9 $ 97.2
Amps : Quantity 61 46 61 46
Cost ($K) $ 81.8 $ 61.7 $ 8l1.8 $ 61.7
P.S.: Quantity 31 23 31 23
Cost (S$K) $ 37.2 $ 27.6 $ 37.2 $ 27.6
Conn: Quantity 220 174 220 174
Cost ($K) $ 2.2 $ 3.8 $ 2.2 $ 3.8
AM Fiber Link:
(2) Transmitter ($K) - - $ 30.0 $ 30.0
(2) Receivers ($K) - - $ 10.0 $ 10.0
7.7 Km F.0. Cable ($K) - - $ 13.9 $ 13.9
TOTAL COST $178.1 $190.3 $231.9 $244.2
System Performance:
Carrier—-to-Noise (dB) 45.5 46.4 46.1 47.1
Composite-Triple (dB) 49.7 51.2 50.3 51.6

consideration meet the performance
parameters. Based on this criteria,
option 3 was eliminated (CTB: 50.3).

Scenario II - Economics

Option 1 met the desired criteria
(cascade length and system performance)
at a cost increase of only $12,200
compared with the existing design.
Option 3 also met the criteria; however,
the cost increase is estimated at
$66,100. Option 1 was selected by the
operator. Since option 3 offered
approximately the same performance as
option 1, the $53,900 incremental cost
increase was not economically
justifiable. Attempting to justify the
extra expenditures, based on the cost
savings realized through cascade
reductions (Option 1l: 24 amps, Option 3:
14 amps) would have been unsuccessful,
since the majority of the remaining
cascades in the system were between 19
and 24 amplifiers deep.
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- 300 MHz TO 550 MHz
UPGRADE/REBUILD

SCENARIO III

System Information

The existing 355 mile, 300 MHz
system is operating with conventional
active devices in cascades less than or
equal to 20 amps. The feeder line
levels are 44 dBmV for bridgers, 43.5
dBmV for line extenders and 8 dBmV at
the tap. Trunk and feeder cable (3/4
inch and 1/2 inch) has been tested to
600 MHz and is reusable.

The system, by franchise agreement,
is now required to expand channel
capacity to a minimum of 70 Channels.
The option of constructing a "B" cable
system of 300 MHz to obtain the
additional 35 Channels was discussed,
but eliminated from consideration due to
the ongoing maintenance problems it
would cause. It was decided to upgrade,
if possible, to 550 MHz. Cable would be
saved as much as possible; however,



system specifications of C/N: 47 4B,
CTB: 52 dB and 13 dBmV tap levels would
dictate how much of the existing plant
could be saved.

Due to design limitations, all taps
and system passives would have to be
replaced as well as all active devices.
In addition, based on preliminary
calculations and the vast amount of
feeder line construction activity
already required, it was decided to
upgrade the feeder cable to 5/8 inch
cable.

AM Fiber Optic Upgrade

By utilizing an AM fiber 1link,
backbone trunk architecture to reduce RF
amplifier cascades to 4, trunk locations
could be maintained, in addition to 75%
of the existing trunk cable (25% had to
be replaced with 1.0 inch cable to
reduce losses). dB gain feedforward
trunk/Quadrapower bridger mainstations

SCENARIO III - 300 MHz TO 550

were required for trunk spacing and
maximum bridger levels (49 dBmV). The
additional loss of 550 MHz vs. 300 MHz,
in addition to a tap level increase of 5
dBmV, required that most areas needed
line extenders to be cascaded three
deep.

Following the analysis that proved
the compliance of the above hybrid fiber
optic/RF distribution plant to system
specifications (C/N: 47.7 dB, CTB: 52.1
dB and 13 dB tap levels) a review was
conducted to reduce the number of fiber
nodes required. A cascade analysis
revealed that the end of line
performance of a nine trunk amplifier
cascade was approximately equal to the
AM link, followed by a four amp cascade.
Therefore, the AM backboning was
modified so that cascades emanating from
the headend would be nine amps deep.

All other cascades would be limited to
four amplifiers, one bridger and three
line extenders. Using this approach,
the number of fiber nodes was reduced
from 14 to 10.

MHz UPGRADE/REBUILD

A. EXISTING SYSTEM
o 300 MHz.

o Longest Cascade: 20 Amps.

o Equipment Type:

Extenders.
o Cable Type:
o Levels:

Conventional Trunk, Bridger and Line

3/4 inch trunk, 1/2 inch feeder.
Bridger -~ 44 dBmvV.

Line Extenders: (2) - 43.5 dBmV.

o Tap Port Level:

8 dBmvV at 300 MHz.

o 355 miles of plant.

o
0 Desired System Specifications: CTB = 52 dB, C/N = 47 dB
o

(minimum): 13 dBmV at 550 MHz.

B. DESIRED SYSTEM
o 550 MHz, 77 Channels.
Reuse Trunk Locations and Cable (where possible).
Tap Port Level
C. UPGRADE/REBUILD INDEPENDENT
o All Connectors will be replaced.
o Cable is reusable if design losses are acceptable.
o All Taps and System Passives will be replaced.
D. UPGRADE ANALYSIS

o Equipment Type:

o System Changes:

AM fiber optic links, 30 dB ga}ﬁ,
feedforward trunk, Quadrapower
bridger and power doubling line
extenders.

- 25% of the trunk cable would require
change-out to 1.0 inch cable.

- 100% of the feeder cable would
require change-out to 5/8 inch
cable.

- Line Extenders would be required
to cascade 3 deep in some cases.

- Trunk amp cascade limited to 9
deep from headend and 4 off any
fiber node.
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SCENARIO III

D. UPGRADE ANALYSIS (CONT'D.)
o System Performance: F.O. link + 4 trunks + 1 bridger +
3 line extenders or 9 trunks + 1
bridger and 3 line extenders.
C/N = 47.7 dB.
CTB = 52.1 dB.
o Tap Port Levels: 13 dBmV at 550 MHz.
o Operating Levels:
Amplifier Cascade Input Level OQutput Level
{dBmV) (dBmV)
30 dB Feedfgrward Trunk 4 9.0 39.0
Quadrapower Bridger 1 25.0 49.0
Line Extenders 3 13.0 43,0
o 73 Km of F.O. cable and 10 AM fiber nodes required.
E. TOTAL REBUILD ANALYSIS
o Equipment Type: 26 dB gain,Tﬁeedforward trunk,
Quadrapower bridgers and power
doubling line extenders.
o System Changes: All trunk and feeder replaced
with 3/4 inch and 5/8 inch cable
respectively.
o System Performance: 20 trunks + 1 bridger + 2 line
extenders.
C/N = 47.0.
CTB = 52.6.
o Tap Port Levels: 13 dBMv.
o Operating Levels:
Amplifiers Cascade Input Level Qutput Level
(dBmV) (dBmv)
26 dB Feedf@ﬁward Trunk 20 14 40
Quadrapower Bridger 1 25 45
Power Doubling Line 2 3 42
Extender

Standard RF Total Rebuild

A total rebuild approach was
analyzed, using 3/4 inch trunk and 5/8
inch feeder cable. 26 dB gain
feedforwardTﬁrunk amps with
Quadrapower bridgers and power
doubling bridgers were required. With
bridger, line extender and tap levels of
45 dBmV, 42 dBmV and 13 dBmV
respectively, system performance of 47.0
dB carrier-to-noise and 52.6 dB
composite-triple-beat were demonstrated.

Scenario III - Economics

More trunk amps are required in the
rebuild than the upgrade because each
has 4 dB less gain, but also because
more trunk is required in the rebuild.
At the equipment line, the total rebuild
would seem to offer a $250K advantage.
This advantage is offset by the cable,
strand, hardware and installation labor
to replace the entire trunk network,
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compa}ed to less extensive requirements
for the upgrade. Taps passives and
feeder cable prices and installation
were not part of the analysis, since
they would be required in both the
rebuild and upgrade.

The economic analysis indicates no
clear advantage to either approach. At
present, the operator is reviewing the
option from an ongoing maintenance
viewpoint. The rebuild approach offers
a completely new plant but a number of
20 amp cascades. The upgrade offers
cascades of 4 to 9 amps (maximum) but,
many areas with three cascaded line
extenders.



SCENARIO III

= COST COMPARISON

AM FIBER UPGRADE

TOTAL REBUILD

Quantity Total $

Quantity Total $

A. EQUIPMENT COSTS
1. Standard RF Equipment

o Amplifiers 163
o Line Extenders 1705
o System Passives 1737
o Power Supplies 102

2. Fiber Optic
© AM Transmitter

o AM Receiver
SUBTOTAL EQUIPMENT

B. CABLE, HARDWARE,
STRAND AND INSTALLATION
1. Coaxial Cable

o 1.0 In. Trunk (1000 Ft) 104

o 3/4 In. Trunk (1000 Ft)

2. Fiber Optic Cable
o Four-Fiber Bundle (Km)
SUBTOTAL CABLE AND INSTALLATION

TOTAL*

CONCLUSION

The cost trade-off for the
additional trunk reach provided by AM
fiber optic technology was examined in
three specific, real-life system
scenarios. 1In each case, the focus was
solely on the economics of providing the
required system performance parameters.
On review of the three scenarios we have
considered, plus all of our previous
experience, there are situations where a
hybrid coax~-fiber design make economic
sense. Especially when one considers
the advantages inherent in such a hybrid
system in terms of quality, etc., AM
fiber optic products need to be given
serious consideration on a system by
system basis. It has been our
experience that there are situations
where fiber optics pays for itself or
adds only moderate cost without
considering the incremental benefits to
system performance.

Consideration should also be given
to the fact that AM fiber optic products
are still in the infancy of their
development and are rapidly advancing.
Product performance improvements which
could dramatically improve the cost vs.
performance ratio may happen at anytime.
Such changes will alter the economic
analyses presented in this document.

$ 233,900 255 $ 357,000
530,250 1666 518,126
66,000 1890 71,800
122,400 133 159,600

$ 300,000 -~
100,000 -

$1,352,550 $1,106,526

$ 204,200 -- -

- 470 $ 651,400
$ 168,000 - -
S 372,200 $ 651,400
$1,724,750 $1,757,926

It is the opinion of these authors
that the new AM fiber optic generation
of products should be viewed as another
option to be considered for use in
system upgrades/rebuilds. Therefore,
fiber optics should be added to the list
of technology consideration;[:‘ﬂ,l along with
power doubling, Quadrapower and
feedforward, when considering the
economics of system expansions.
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ANTENNA CONSIDERATIONS FOR CONTROLLING CABLE SYSTEM LEAKAGE

Ted J. Dudziak, PE
Project Engineering Manager

Wavetek RF Products
indianapolis, IN

ABSTRACT

The success of a cable leakage maintenance program
is keyed to the ability of the cable operator to monitor,
categorize and locate leakage within the system. The an-
tenna plays an important part of controlling cable leakage
since system leakage exists outside the cable system. This
paper reviews various antenna alternatives and suggests
how they may be used in a leakage maintenance program.
Several references are given so that the cable system
technical personnel may further understand the considera-
tions of antenna selection.

INTRODUCTION

The required methodology for making field strength
measurements in determining the Cumulative Leakage
Index or CLIis well described in section 76.605 of the FCC
rules. It states the following:

“ The resonant half wave dipole antenna shall be
placed 3 meters from and positioned directly below
the system components and at 3 meters from the
ground.”

While this measurement technique will ensure a con-
sistent standard in terms of the law it does present certain
logistical problems if the cable operator is to perform the
measurement process on a routine basis. What is impor-
tant for any alternative measurement method is that cable
system is controlled by cable leakage operator. Any meas-
urement alternative should have traceable performance to
the legal standard.

An antennawill provide a terminal voltage when placed
in an electric field according to the following relationship:

Equation 1 dBuV = dBuVv/im - K

Equation 2 K =20 Log(f) - G,; -31.54dB
K = antenna factor in dB

f = frequency in MHz

= gain of the antenna over an

isotropic

G

dB

Any antenna should be able to be used for field
strength measurements if its antenna factorcan be estab-
lished. The antenna factors can relate the measured termi-
nal voltage to that obtained with adipole. The usercanthen
be assuredthat the field strength measurements made with
the alternative antenna are representative of those he
would have obtained using a dipole. More suitable meas-
urement techniques will encourage routine quantitative
characterization of leaks resulting in better control of cable
leakage.

Currently there are two measurement alternatives
which are accepted for the CLI process. First is the use of
the inverse distance law which relates field strength to the
distance from the RF source. By using this relationship
measurements can be made from a more practical distance
and the measured results extrapolated to the actual dis-
tance. The assumption is more sensitive to parasitic effects
such as reflections from conductive elements such as
power and phone lines as well as any other reflective
elements such as buildings.

The second alternative is the placement of the meas-
urement dipole on a vehicle roof at a height of 1 meter. An
antenna height of less than several wavelengths above
ground or a reflective element acting as ground causes a
distortion of the antenna pattern and the resulting gain at
various radiation angles. Knowledge of how the pattern is
aftected will ensure thatthe properinterpretation is made of
the field strength readings.
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The purpose of this paper is to present information
about alternative antennas which may be used for cable
leakage measurements. Antennas can be classified by
theirpolarization: horizontal, vertical, orcircular. This paper
will discuss antennas which have vertical and horizontal po-
larization. Additionally, direction finding (DF) and near field
antennas will be discussed.

HALF WAVE DIPOLE

The half wave dipole is a well characterized radiating
element which exhibits a gain of 2.15 dB over an isotropic.
It is the practical standard that is used for most antenna
work. Most other antennas are related toit. However, itcan
not be used blindly. The radiation pattern and overall gain
are easily affected by parasitic reflective elements. The
strategic placement of parasitic elements and the resultant
affect on the overall antenna pattern is of course the basis
of the Yagi-Uda design.

Using Equation 2 the antenna factor for a half wave
dipole is given as K = 20 Log(f x 0.021).

Figure 1 illustrates the pattern distortion which can
occur for various antenna heights. What results is that the

gain of the dipole varies at different angles of radiation. A
certain antenna height has advantages over other heights
when measuring cable emissions. Cable leakage meas-
urements in an easement made from the street will have a
low angle of radiation. Cable leakage measurements
made on a strand directly above the CLI vehicie will have
a high angle of radiation. These pattern distortions should
be taken into account if CLI measurements are to be
directly correlated to those made with a dipole outlined in
76.605.

One way to minimize pattern distortion is to select a
measurement frequency which is compatible with the de-
sired antenna height. There are two measurement scenar-
ios. First is with the dipole three feet above the roof of a
vehicle and second that outlined in 76.605.

FIGURE 1.

D—Antenna 1/2 )\ high

60

90
OV LT
Sl TILS
BSSRTHHALRY
AR !"’:2:024"00

G—Antenna 7/8 A\ high

0 60 60 ikt LY 50
.““‘ .."’~ “"!‘ lgs"
ERH HADY (SN TR A

CROIRN 1 1R SN A 250

AR, RN

J—Antenna 1-1/2 ) high

200-1989 NCTA Technical Papers

K-—Antenna 1-3/4 \ high

/"!“‘!‘" 7 5
@Q“:““l ,.l.'" 45

OREXH
S ST
\““ %

L—Antenna 2 ) high



Table 1 hasthe antenna heights inwavelength foreach
of these scenarios at different frequencies.

TABLE 1
ANTENNA HEIGHTS
RELATED TO FREQUENCY OF MEASUREMENT

f L 1oL 3/L 0.666/L
72MHz 13.0ft 0.76 0.231 0.051
108 MHz 8.6ft 1.20 0.349 0.078
118 MHz 791t 1.30 0.378 0.084
137 MHz 6.8ft 1.50 0.439 0.098
225MHz 4.2t 240 0721 0.159
400 MHz 2.3ft 430 1.280 0.290

Note the patten variation between heights at 118, 225
and 400 MHz (3/8, 3/4 and 1 1/4 wavelengths). The pattern
at 118 MHz gives a good overall coverage except at low
radiation angles. Low radiation angles will be experienced
whentheleakisinthe easement. Leaksin an easement will
be covered better with higher antenna heights.

In a similar manner, leaks directly above a vehicle will
be covered well with an antenna height which has a pre-
dominant response at high angles of radiation.

A popular vehicle configuration is to mount a dipole a
very shortdistance ( eightinches ) above the roof. Although
somewhat difficult to characterize, the resultant antenna
pattern will be similar to that of the eighth wave pattern for
the frequencies in Table 1.

As the dipole is raised above the ground reflections
become less predominant and the free-space radiation
pattern emerges. The nulls will be less distinct since there
is rarely prefect reflection from the ground surface. The
patterns for low antenna height will be typical for vehicle
configurations while the patterns for high antenna height
will be typical for walk arounds.

YAGI-UDA

The Yagi-Uda or Yagi antenna has two characteristics
which can aid in cable leakage measurement and detec-
tion. The antenna gain can be used to overcome problems
that a dipole will have with increasing frequency as well as
extend the measurement range. Animproved front-to-back
ratio as well as reduced gain on the sides of the antenna will
aid in locating cable leaks by minimizing the effects of
interference from reflections and other leak sources.

AYagi's multi-element configuration and resulting size
dictates that a high frequency of operation be used. How-
ever, at 225 MHz the total boom length of a four element

Yagiis less than three feet. A four element Yagi will exhibit
approximately 8 dB of gain, 20 dB of front-to-back ratio and
good side lobe performance. A four percent bandwidth can
be expected at the frequency of interest.

One might consider modifying a commercial off-air
channel 13 antenna for operation in the upper aeronautical
band. The antenna can then be trimmed for the operating
frequency of interest. A return loss bridge and a bench top
sweep can be used to retune the antenna. Overall guide-
lines are listed in Table 2 below for a four element Yagi.

TABLE 2
FOUR ELEMENT YAGI DIMENSIONS

Driven element to reflector
Driven element to 1st director
1st director to 2nd director

0.20 wavelength
0.20 wavelength
0.25 wavelength

Reflector length
Driven element length
1st director length
2nd director length

0.51 wavelength
0.47 wavelength
0.45 wavelength
0.44 wavelength

VERTICAL ANTENNAS

The use of vertical antennas for use in ali leakage
activities will always be in doubt. The predominant polari-
zation of a leak has been argued for some time. According
to the law the use of a vertical antenna is not acceptable.
However, it has been shown that mostleaks will exhibitboth
polarizations when measurements are made at a distance.
in terms of controlling leakage a vertical antenna can be
used to make a field strength measurement. Some deter-
mination of the leak severity can then be made. However,
decisions should be made on the pessimistic side.

The use of a vertical antenna should be done with the
same caution as that for horizontal antennas. Parasitic
reflectors on a vehicle will cause a distortion of the antenna
pattern which could result in nulls in the response. These
parasitic reflectors can come from other antennas or metal
objects such as booms and fadders. The objects should
either be moved or the overall pattern of the vehicle char-
acterized. Figure 2 shows the antenna patterns for vertical
antennas of different lengths. The lengths are given in
electrical degrees.

QUARTER WAVE VERTICAL

The use of a quarter wave vertical is a popular choice.
It exhibits 3 dB gain over a dipole and is easily configured
on avehicle. it does, however, exhibit a null at high angles
of radiation as shown in Figure 2.
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FIGURE 2.

This antenna can be configured for multiple frequen-
cies to give coverage in all three aeronautical bands.

5/8 WAVE VERTICAL

The 5/8 wave vertical exhibits 3 dB of gain over a
quarter wave but has a significant lobe at high angles of
radiation. This can be a benefit since leaks directly over-
head will be covered better.

A matching networkis builtinto the antenna base since
the 5/8 wave is not resonant at the desired operating
frequency. The antennawill also resonate at frequencies at
which the physical elementis 1/4 and 1/2 wavelength. The
resultis that offair signals will be received and may show up
as intermodulation components in the receiver.

The multiple response of a 5/8 wave antenna can also
be used to an advantage. Monitoring frequencies can be
picked so that several frequencies are scanned. This can
give more coverage with one antenna.

DIRECTIONAL DISCONTINUITY RING RADIATOR

An interesting variation of a vertical antenna is the
DDRR. This antenna shown in Figure 3 has an overall
antenna height of 2 1/2 inches and a diameter of 8 inches
foraunittunedto the aercnautical band (121.25 MHz). The
DDRR is intended for use on a vehicle. A radome is
available to protect it from the weather.

This antenna has a similar radiation pattern to a 1/4
wave whip. It exhibits unity gain, however, its high Q gives
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it an narrow bandwidth. The narrow bandwidth makes it
ideal for areas with high intermodulation from offair signals.
Fora2:1 SWRthe DDRR has a3 MHz bandwidth versus the
10 MHz bandwidth of a 1/4 wave vertical.

The DDRR has the advantage that it requires very little
ground plane area to achieve its characteristics. The
ground plane requirements suggest that this antenna could
be mounted on the front of a vehicle. This may be a
consideration if roof space is a premium.

FIGURE 3.




RUBBER DUCKIES

A popular antenna for use in portable detection is the
“rubber duckie” antenna. These are resonant antennas
which have a somewhat broad band characteristic. Their
gain is not well characterized however, they do display
characteristics which make it suitable for detection and
location of leaks.

The most important characteristic is the null on
the end of the antenna. This antenna will exhibita 15to 20
dB null on the end of the antenna and a maximum response
perpendicular to antenna. The null can be usedto locate a
leak. The antenna will be pointing in the direction ofthe leak
source when a null is found after detection is noted.

DIRECTION FINDING ANTENNAS

Several direction finding antennas are possible. The
references contain many examples of DF antennas and
their application.

One of the simplest vehicle based DF techniquesis to
use two Yagis at a frequency in the high aeronautical band.
The gain of the antenna will makeup for any anticipated
free-space losses and the directional characteristics will
allow isolation of the leak. The initial direction of the leak
can be determined with each Yagi oriented toward each
side ofthe vehicle. Switching between each antenna wilitell
the technician where to start his search.

A more sophisticated approach is to use multiple
vertical antennas and doppler techniques. Several anten-
nas can be switched electronically and the direction of the
incoming signal determined from the relative phase of the
signal at each antenna. The relative bearing can be read
out on an indicator device giving the initial direction of the
search. These devices seem to be very sensitive due to
mulitipath and require a lot of patience to use. False indica-
tions while the vehicle is in motion as well as at rest are very
common.

These systems usually use an audio tone as the
antenna commutating signal. The recovered audio is then
usedto determine the bearing of the signal. This audiotone
is usually placed at the lower corner frequency of the audio
response of most receivers. lts placement causes some
problems if the receiver does not have adequate response
at the commutating frequency.

Future possibilities include real-time processing of the
recovered doppler signal to determine the validity of the
reading. Another possibility is to place the commutating
tone within the audio passband of the receiverto ensure as
reliable bearing indication.

NEAR-FIELD LOOP

Once aleakis detected it must be located, isolated and
finally repaired. Isolating a leak is usually the most difficult
part of the task. Near-field probes can aid in this process by
using the magnetic field of the leak instead of the electric
field. The magnetic field has a more pronounced attenu-
ation effect with distance and does not seem to exhibit the
same extreme standing wave effects that electric fields
demonstrate.

The classic near-field loop is shown in Figure 4. It is
easily constructed and is commercially available. It is
usually tuned to one frequency. There is n specific calibra-
tion requirement except that it be tuned for maximum
response.

FIGURE 4.

Once connectedto a sensitive RF voltmeteritis moved
along the strand until a maximum response is achieved.

Another type of near-field probe is a very short vertical
antenna. These are usually used with portable detection
equipmentto locate aleak when the receiver is very nearto
the source. They take the form of shon single element
attached to the input of the receiver. The effect is to
desensitize the receiver and allow variations in field-strength
to be noted.

FURTHER READIN

Several references are given at the end of this paper.
The best reference for a practical and theoretical under-
standing of antenna behavior is the ARRL Antenna Book.
This reference is revised on a regular basis so that some
of the material may not be repeated every issue. However,
much of the basic material has not changed since the early
50’s and is repeated unchanged. Much of what is changed
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is related to current work in the amateur arena. It is this
authors view thatthe 1988 and 1970 issues represent good
overall references for any technical personnel who has to

deal with antennas.
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AUDIO 101 - TELEVISION AUDIO - A SYSTEMS ISSUE FOR CABLE

Ned L. Mountain

Wegener Communications, Inc.

ABSTRACT

Audio - how boring - how basic! Audio is
really basic stuff, right?? After all, why worry
about it when you have your precious video to
coddle and perfect. I'1l bet you get just as
many, if not more, subscriber complaints about
sound than about the pictures. I know, the
pictures are real important, always have been,
always will be, but the sound is a source of
subscriber content or irritation.

LISTEN UP YOU BROADCASTERS!

I will call this paper Audio 101 because
that's what it's about - the basics, and why if
basic good common sense is applied your audio
based service calls can be effectively reduced or
eliminated. For the sake of this paper, we need
to consider ourselves as broadcasters for three
very simple reasons:

1. Subscribers are receiving our signals
with equipment specifically designed to broadcast
standards. (TV SETS).

2. Our signals are generated by cost effective

versions of 1ittle broadcast transmitters.
(MODULATORS) .

3. Subscribers  compare cable signals to
broadcast signals all the time. (SWITCHING
CHANNELS) .

Try a little experiment when you get back
home. Disconnect the cable and connect the
antenna. Tune back and forth between the off-air
broadcasters and compare the sound. {Turn the
brightness all the way down!) Chances are, the
sound will be remarkably similar between all
stations. Repeat this Tittle test several times
during the day and the results will probably be
the same.

Chances are that even if the picture is very
snowy, {(you may cheat and turn the brightness
back up) the audio performance could be
quantified to be at least as good as:

Frequency Response: +/- 1dB 50Hz-15kHz
Distortion: < 1%

Signal to Noise: > 60dB Unweighted
Stereo Separation: > 20dB

Granted, these numbers do not represent the
pinnacle of audio achievement, but if done
properly, will satisfy both "Joe 6 Pack" and
"Fred Golden Ears".

GARBAGE IN - GARBAGE QUT

Since the audio signal is FM, as a general
rule, whatever you send from the head-end is what
will be received at a subscriber's TV set. Even
BTSC stereo is a pretty rugged format and
remarkably tolerant to "bruises" on the way from
head-end to home. So...if you want a good
indication of overall audio quality, the tests,
measurements, and listening, you in the head-end
will go a long way toward insuring subscriber
happiness. The secret here is consistency - more
on this later.

SATELLITE DELIVERED AUDIO

We receive the bulk of nonbroadcast signals
via satellite. Most s digital via the
scrambling system. This system is capable of
delivering excellent audio quality. Several
analog systems are in use including conventional
high level wideband as well as narrowband
companded subcarriers. A few simple rules here
will keep you out of trouble.

1. When dealing with high level subcarriers
(6.8MHZ mono audio), be sure the audio section of
the receiver has an IF bandwidth wide enough for
the signal involved. A majority of programmers
using this method have peak deviation of 237 kHz.
This requires an IF bandwidth of about 500kHz.
Receivers that "cheat" in this area will be
subject to annoying “sibilance" distortion (nasty
sounding "S" on some program material).

2. When dealing with low 1level companded
subcarriers, be sure the subcarrier demodulator
has an expander that matches the compressor in
use at the uplink. Many "all in one" receivers
have serious problems in this area. Improper
demodulation will generally result in signal with
excessive noise and/or high frequency compression
artifacts.
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In general, satellite signals are handed to
us ready for broadcast. With day-to-day and
program-to-program consistency. As I said, more
on this consistency stuff later on.

HOW WE BROADCAST

We broadcast to subscriber via cable using
the exact same technical standards as the TV
stations. Disregarding stereo for the moment,
the basic transmission media is FM with 75
microsecond pre-emphasis. Our old friend, the 75
microsecond pre-emphasis curve was a fine tool in
its day; very useful in reducing noise based upon
statistic characteristics of audio. Well, things
have changed. Audio is getting "hotter" with
respect to high frequency content. Digital
sources are no longer Timited to the old roll-off
curves of the LP and tape decks. There are two
ways to cope with the situation.

1. Lower the overall program level so that
all material peaks will fit within the bounds of
the curves or;

2. Use modern audio processing techniques to
dynamically "fit" the program material within the
curve.

Figure 1 is a basic block diagram of a TV
station audio chain. The box 1labeled "“Audio
Processor" s worth some comment. First of all,
a TV station can afford to spend a few bucks for
audio. After all, they only have to worry about
one channel, not 35 or 50. The television audio

processor is typically a multi-band
limiter/compressor specifically designed for TV
sound. It dis also expensive. The audio

processor is wused to provide consistency to a
station's sound and make it sound similar to
other stations in the market.

T

‘ | AUDIO * sTEREO R
CONSOLE PROCESSOR o| T GEN » XMTTR :
:
:
:
MODULATION ‘j
THE TV STATION wonron |+
FIGURE 1
UV
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A CURIQUS PHENOMENON

Audio  processing is relatively new to
television. In the "old days" a typical TV
station did 1ittle audio processing other than
protective peak Timiting to prevent
overmodulation.

When the big fuss started over stereo,
broadcasters began to pay attention to audio.
When one station in a market converted, it
usually meant new audio processing coupled with
the new stereo generator. In fact, 2 of the 3
major vendors of broadcast BTSC stereo encoders
include sophisticated multi-band processing as
part of the package. A1l it took was one station
in the market to process and the rest had to
follow just to maintain consistency. Thus, over
the past 5 years or so, the "sound" of American
TV has changed - for better or worse, it is
fairly consistent. In all fairness to the
processor manufacturer, today's processing can be
set up to sound very clean and natural while
maintaining high modulation levels.

CONSISTENCY

OQur objective as cable programmers and
aperators should be to maintain this consistency
from channel to channel. 1t is impractical to
expect each head-end to have expensive processing
on each and every channel. The task of
maintaining consistency  belongs to the
programmer. A few simple steps if taken by
programmers would go a long way toward solving
level problems:

1. Insure that the transmission chain from
audio board through downlink monitor meets or
exceeds specifications.

2. Use broadcast grade audio processing to
control loudness, high frequency peaks and ride
gain.

3. Have your downlink monitor feed a typical
CATV modulator and adjust it for 100% modulation
using program material, just like a head-end tech
would do. (Using the flashing light.)

4, Compare the signal received via the cable
modulator to the major market off-air channels.
If there is a significant difference, you have
created a problem for your affiliates!

5. Repeat step 4 often,

For the cable operators, if  level
inconsistencies are a chronic problem on a given
channel, consider the use of AGC products on that
particular channel. On channels with Tlocal
commercial 7inserts, the use of AGC products on
the Tocal commercial audio is highly recommended.
Again, keep local spot audio consistent in level
to network audio.



THE FUTURE

TV sound today is a constant battle to
achieve consistency and parity with the
broadcasters. In the future as HDTV develops,
this may change. It is just too early to tell
whether or not TV sound in the future will be
natural or highly processed. In the meantime, if
Fred Golden Ears wants the highest quality audio
he will vrent a movie and listen to it in VHS
HI-FI.  Great sound - but not the same type of
sound as broadcast entertainment.

I know this subject is confusing and
frustrating, but if programmers and operators
strive for consistency today while keeping an eye
toward future development, we will have done all
we can as an industry to ensure subscriber
satisfaction.
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BTSC STEREO AND CABLE SYSTEMS
Measurement Techniques and Operating Practices

Alex Best

Cox Cable Communications

ABSTRACT

In August of 1982 the NCTA Engineering
Advisory Committee, concerned about the capability
of cable systems to provide quality transmissions of
stereo audio, formed an ad hoc subcommittee to
investigate multichannel television sound. In
September of 1982 the subcommittee sent a report to
the Chairman of the EIA BTSC committee outlining
the areas of technical concern. The cable industry
also went on record as being opposed to any of the
stereo formats being proposed. The opposition
centered on the selection of a subcarrier scheme
(very similar to the 30+ year old FM broadcast
system) at a time when digital audio systems were
becoming widespread in the consumer marketplace.
More important, there were cable carriage problems
which were explained in detail in a report to the EIA
BTSC committee.

In March of 1983 the NCTA subcommittee
wrote a comprehensive test plan and hired a test
engineer to measure the impact of cable equipment
on the proposed stereo systems. The testing was
completed in September of 1983 and the results
documented in a report titled "Multichannel
Television Sound Report." As a result of the efforts
of the cable industry, plus others, the FCC granted
a "non must-carry" status to the newly selected stereo
system in February of 1985.

After the conclusion of the test report in 1983,
the BTSC subcommittee entered a phase of
providing a clearinghouse for inputs on both
successful and unsuccessful attempts by the cable
industry in providing quality stereo reception to our
customers. As a result of this effort, one fact
became evident. The cable industry needed a com-
prehensive set of measurement procedures and
operating practices to verify optimum performance
for stereo encoding equipment plus insure quality
delivery through the remainder of the system. As a
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result the subcommittee reconvened its efforts in
1987. In November of 1988 a draft report on BTSC
measurements and operating practices was presented
to the NCTA Engineering Committee. What follows
is a summary of that document.

INTRODUCTION

Listed below is the Table of Contents for the
complete report.

1. Measurement Techniques

a. Signal-to-Noise Ratio

b. Signal-to-Buzz Ratio

c. Frequency Response of BTSC Stereo
Transmission System

d. Separation Measurements of the BTSC
Stereo System

e. Total Harmonic Distortion of the BTSC
Stereo Transmission System

f. Incidental Carrier Phase
Modulation (ICPM)

II.  Operating Practices

a. Interconnecting with CATV
Modulators at Baseband Audio

b. Interconnecting with CATV Modulators
at 45 MHz

Interconnecting with CATV Modulators
at 41.25 MHz

Online Checks

BTSC Operational Guidelines

Transportation of Stereo Signals Over FM
Links

o

mo o

III. Cable Error Budget (Separation)

The complete report consists of 58 pages.
Anyone interested in making stereo measurements
should obtain a copy of the full document.



During the development of this report, much
discussion took place on the quality of test
equipment required to obtain meaningful results.
The dilemma revolved around whether the
subcommittee should recommend precision decoders
and demodulators, knowing that many operators
don’t presently have access to this type of equipment.
The alternative was to suggest the use of consumer
type test equipment severely limiting the accuracy of
the resulting measurements, and in many cases
rendering the results useless. After all, in most
instances what we are attempting to determine is the
performance level of a high quality stereo encoder.
Attempting to measure its performance through a
device whose specifications are worse than the
device(s) being tested will only lead to erroneous
conclusions. Because of this, you will find that only
precision test equipment is recommended in the
"required test equipment” lists in each of the
measurement descriptions.

BTSC MODE VS. EQUIVALENT MODE

A second dilemma involved the issue of
whether the measurements should be made with the
equipment operating in the BTSC Mode or the
Equivalent Mode. To help us understand equivalent
mode, look at a block diagram of the BTSC system
in Figures 1 and 2. What sets Multichannel Televi-
sion Sound (MTS) apart from conventional FM
broadcast stereo is the BTSC noise reduction that
makes possible buzz-free stereo operation with
intercarrier sound detection. Unfortunately, the
presence of this compressor and expander in the L-
R channel that is not duplicated in the L+R channel
creates a whole host of problems that do not exist in
conventional FM stereo. FM stereo broadcasting is
much simpler than MTS because the FM system is
linear throughout.

Left
15 kHz L+R 75 us Delay Composite
—P Low Pass —PM Preemphasis Equalizer out
Filter _1
Matrix 6
Right RREEREEEEEEREEEEE et
15 kHz . L+R
—P Low Pass [—P : Stereo
Filter 75 us . Generator
PreemphasiSb—li
s =
L-R
BTSC
Compressor |—! T
H sync

Figure 1 - MT8 Stereo Encoder
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Composite

L+R 75 ns

Stereo

Deemphasis Equalizer

Delay

Decoder

J) 15 kHz

.......................

75 uS .
Deemphasis I .

BTSC —
Expander

.......... Low Pass| Left
» Filter —»
L+R
Matrix
—p{ 15 kHz —P
L-R Low Pass| Right

Filter

Figure 2 - Stereo MTS Decoder

Measurements made in the BTSC mode
(Expander/Compressor active in circuit), while more
difficult to make accurately, gives us an indication of
how the system actually operates in the real world.
One of the major areas of concern is the level setting
accuracy. For the expander and compressor to track
one another correctly they must have a common
reference. For this to occur the absolute FM
deviation of CATV modulator must be accurate.
The total allowable error budget, input to output, on
the L-R channel is +.1744 db for 40 db of separation
and + .550 db for 30 db of separation. Although
many knowledgeable engineers strongly urge that
stereo measurements (especially separation) be made
with the encoder/decoder operating in the equivalent
mode (expander/compressor replaced with 75 usec
pre-emphasis/de-emphasis network), we have chosen
not to do that for two reasons. First, not all BTSC
encoders designed for cable applications have the
capability of being operated in the equivalent mode.
Second, interpreting the results of measurements
made in this mode of operation is confusing when
attempting to relate the numbers to real world
operation. '

MEASUREMENT TECHNIQUES

At this point, I would like to provide a
synopsis of each of the measurements defined in the

table of contents in the Introduction section of this
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paper. Because of space limitations, I will not go
into the actual measurement procedure but instead
will provide the definition, performance objective,
and a limited discussion for each of the
measurements.

a. Signal-to-Noise Ratio

Definition: Audio signal-to-noise ratio is
defined to be the ratio of the audio signal power
output to the noise power in the entire audio pass

band.

Performance Objective: The BTSC signal
delivered to the subscriber’s receiver shall be capable
of providing a sum channel signal-to-noise ratio, for
sum channel peak modulation levels of + /- 25 Khz,
of no less than 55 db, when demodulated and
decoded by precision BTSC stereo equipment.

When a scrambling system that puts amplitude
modulation energy on the sound carrier is employed,
this measurement should show no less than 53 db
sum channel signal-to-noise ratio.

Discussion: The measurement defined here is
referred to as the sum channel signal-to-noise ratio.
Since in this measurement L = R, no difference
energy should be present and the companding system
should be operating at minimum gain. Two
measurements may be used to characterize the noise
performance of the BTSC system. The sum channel



signal-to-noise procedure is used to evaluate output
noise effects that are not a function of the
companding process. The signal-to-buzz
measurement described next evaluates output noise
including effects of the receiver’s expander.

b. Signal-to-Buzz Ratio

Definition: Signal-to-buzz ratio (S/B) is the
ratio in dB of the peak-to-peak signal voltage divided
by the peak-to-peak buzz voltage as seen using an
oscilloscope at the output of a BTSC stereo decoder.
The buzz measurement is made while the signal is
present.

Performance Objective: More than 35 db
unweighted should be measured using a precision
demodulator and stereco decoder at the output of a
complete system. In systems with scrambling a
minimum of 27 db should be measured.
Measurements made with consumer equipment may
produce lower numbers.

Discussion; The results of the measurement
depend almost completely on the ability of the test
demodulator and decoder to reject video and AM on
the sound carrier. A consumer
demodulator/decoder may be more sensitive to this
than precision equipment, and may be more
advantageous in terms of finding system buzz
problems. For this reason numbers obtained by this
measurement should be regarded as comparative and
not absolute. The performance objective listed here
should be interpreted accordingly.

C. Frequency Response of BTSC Stereo

Transmission System

Definition: Frequency response of the MTS
stereo system is the variation in system gain versus
frequency from input of the stereo encoder to the
output of the test decoder. The frequency response
measurement may include part or all of the cable
distribution system.

Performance Objective: The frequency
response, peak-to-valley, should be within three dB
from 50 Hz to 14 Khz.

Discussion:  Frequency response is a
common audio measurement used to determine the
transparency of the system to signals within the
passband of the system. If the frequency response is
greater than the three dB recommended then the
subscriber may observe less than a satisfactory
performance with the system.

d. Separation Measurements of the BTSC Stereo
System

Definition: Stereo separation is the difference
in output level between the demodulated left audio
channel and the right audio channel exclusive of
noise when only a left or right audio input channel is
supplied to the stereo system including the encoder,
distribution system and decoder. Separation is
expressed as a voltage ratio in decibels.

Performance Objective: Separation through
the total system, to the subscriber’s stereo television
or decoder of 20 dB from 100 Hz to 8 KHz with a
taper of 4 dB to 14 dB at 40 Hz and 14 Khz.

Discussion: The measurement of separation
in the BTSC television sound system is by far the
most complex. The BTSC system uses the dbx
companding system in the (L-R) difference channel
to reduce noise. This channel is very sensitive to
transmission error. For the system to deliver a high
degree of separation, the dbx compressor in the
encoder must track the expander in the decoder with
a high degree of accuracy. If you wish to measure
an encoder with a 35 dB specification, a decoder
whose performance has been verified must be used.
If you wish to measure an encoder with a 20 dB
specification, a high quality consumer decoder may
be used.

e. Total Harmonic Distortion of the BTSC Stereo
Transmission System

Definition: Total Harmonic Distortion is
defined as undesirable harmonic content of a
modulating signal that is detected and presented at
the output of a detector. With respect to stereo
audio, it is the amount of unwanted input related
signal.

Performance Objective: At all levels and all
frequencies, the measured total harmonic distortion
should be 1.0% or less.

Discussion: Total harmonic distortion is a
common audio measurement that is one indication of
overall audio quality. Distortion levels on audio
equipment should easily meet the 1% objective. The
test method outlined exercises all aspects of the
BTSC transmission system including the noise
reduction system,
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f. Incidental Carrier Phase Modulation
ICPM

Definition: Incidental Carrier Phase
Modulation (expressed in degrees) is defined as
Phase Modulation of the video carrier with changes
in video input signal level, as the signal level varies
from blanking to reference white (0 to 100 IRE).

Performance Objective: Incidental Carrier
Phase Modulation should be kept below three
degrees or audio buzz may become unacceptable.

Discussion: ICPM is a phenomenon that
can create both audio and video related problems.
The most common malady exhibited by ICPM is
audio buzz which is caused in a home TV receiver
when the ICPM riding on the video is transferred to
the audio carrier in the TV’s intercarrier detector.

OPERATING PRACTICES

In addition to the actual hardware
measurements outlined above, there are operational
considerations which must be addressed when
installing a BTSC encoder. Once again, the
following sections attempt to provide a summary of
the extensive discussions included in the complete
report. The reader is urged to obtain a copy of the
entire document to get the complete story.

a. Interconnecting at Baseband Audio

Discussion: The BTSC composite signal is
created by the stereo encoder. This signal contains
energy in the band between 50 Hz and about 47 Khz.
When SAP is used, energy components are present
to about 90 Khz. The aural carrier is frequency
modulated by the BTSC composite signal. The
deviation sensitivity of the aural carrier modulator
must be precisely set to maintain the performance
(separation) of the system. The procedure for
setting Audio Modulator Deviation describes how to
use the Bessel null technique to precisely set levels
from the BTSC encoder to the aural carrier
modulator.

Performance Objective: The deviation
sensitivity of the aural carrier modulator must be
matched to the operating output level of the BTSC
encoder to within +/- .1 dB. An error of only .28
dB will limit the best achievable separation to 30 dB.
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b. Interconnect with CATV Modulators at 4.5 MHz

Discussion: As discussed in the previous
section, the generation of BTSC stereo signals
requires precise calibration of baseband audio levels.
For this reason, it is very common to interface a
BTSC encoder in such a manner that only non-
critical adjustments must be made at the time of
installation and on an on-going routine basis. Such
is the case when the encoder contains a built-in 4.5
Mhz subcarrier modulator. In this case the encoder
manufacture is performing all critical baseband level
adjustments as an internal part of the encoder.

Summary: When interconnecting a BTSC
encoder to a cable modulator using a 4.5 Mhz
interface, only two adjustments are necessary. One
is the 4.5 Mhz interface level which is normally set at
100 mv p-p and the second is the aural carrier level
which is typically 15 dB below the video carrier level.

c. Interconnect with CATV Modulators at
41.25 MHz.

Discussion: This interface scheme is used
primarily when the modulator being used has no
provisions for accepting an external 4.5 MHz input.
In many cases modifications are required to the
modulator for interfacing with an external 41.25
MHz source. It should also be realized that when
interfacing at a frequency of 41.25 MHz, the
visual/sound intercarrier frequency spacing will be
determined by two different frequency sources. One
is the frequency accuracy of the 45.75 MHz video
source and the other is the frequency accuracy of the
41.25 MHz audio source. It is important that the
spacing between these two carriers be maintained at
45 MHz + 1 KHz.

Summary:  This method of interface is
preferred over the baseband audio interface however
when this scheme is used one must take care to
insure that the proper visual/aural amplitude ratio at
the output of the modulator is achieved.

d. On-line Checks: Critical parameters of
BTSC stereo performance include signal-to-noise
ratio, signal-to-buzz ratio, frequency response, stereo
separation, and relative phase between the left and
right signals. Presented in this section in the
complete report are methods for on-line checks of
stereo performance without interruption of service.
These methods provide qualitative indications of
performance or allow subjective evaluation of various
parameters., They provide a continuous method of



monitoring stereo signals to obtain a reasonable
amount of confidence in signal quality.

Summary: Numerical standards for stereo
performance are given elsewhere in the NCTA
operating practices. The procedures given in this
section in the complete report are sufficient only to
indicate the occurrence of catastrophic system
failures or major changes in stereo performance.
They are supplied as an aid to the recognition and
troubleshooting of system failures.

e. BTSC Operational Guidelines

Discussion: In most installations, the
. operation of BTSC stereo encoding may encounter
difficulties caused not specifically by the encoder, but
rather due to operating conditions. In most cases,
the difficulties can be avoided through adherence to
a few basic operating guidelines and practices.

This section in the complete report discusses
such issues as: satellite video spectral content,
encryption systems, commercial insertion, modulator
interfaces, ICPM, character generators, phasing of
left and right signals,and signal level variations.

Summary: While it is not possible to cover
all potential problems, the adherence to several basic
recommendations will alleviate the majority of
difficulties.

f. Transportation of Stereo Signals Over
FM Links

Discussion: Field experience as well as
laboratory tests have shown that the delivery of
quality stereo television over a CATV system is
feasible. The effect of the distribution system itself
is slight. The interface between stereo encoder and
modulator, though critical, has received much
attention and is well under control. Scrambling is
fairly well understood, and at least some systems
cause little degradation. The transportation of stereo
between hubs, satellite receiving stations, and
headends, however, has received very little attention.

AML’s and FM links are routinely used in
CATYV systems. When used properly this equipment
is nearly transparent to video and audio signals.
Care should be taken however, when adapting
existing systems to carry BTSC stereco. FM links in
particular can cause significant degradation of the
stereo signal if improperly used.

Summary: It cannot be denied that it is
possible to transmit BTSC stereo as a 4.5 MHz
subcarrier added to video over an FM link. By
disabling active clamps, checking frequency response,
filtering any spectral overflow and reducing deviation
the BTSC signal should survive, though bruised with
a marginal S/N. The problem is that the FM link is
only a small part of a complex distribution system.
No reasonable degradation budget could allow for
any one part of the system to be so marginal.

By contrast, transmission of separate left and
right audio information over individual channels of
an FM link is an excellent way to transport sterco
and entirely avoid budgeting any degradation to the
FM link.

CABLE ERROR BUDGET (Separation)

Definition: A system separation budget is a
calculation of the expected stereo separation through
the entire cascade of headend, transportation link,
distribution equipment and cable. The budget
calculation is based on the required performance of
the individual pieces of equipment. Measurements
can be performed on the individual pieces of
equipment to evaluate suitability, or to initially
decide on numbers for the budget. The complete
report provides a detailed description of a technique
employing ‘“Generalized Error Coefficients" to
determine the separation of a cascade of devices
once the separation is known for each individual
piece.

Performance Objective: A minimum of 24 dB
of separation (worse case) should be measured using
a laboratory quality receiver and stereo decoder at
the output of a complete system. This system
performance, combined with a typical consumer
decoder separation of 22 dB will provide a worse
case separation of 17 dB (typical separation of 21
dB) to the subscriber.

CONCLUSION

BTSC Stereo, having been "protected" by the
FCC in 1984, is now the de-facto standard in the
United States. To date, more than 20% of the
television receivers in use in the U.S. have the
capability of receiving stereo audio through built-in
decoders. This number will rise to 50% in the next
few years.
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Cable operators, slow to react initially
because of low stereo receiver penetrations, are now
providing BTSC stereo on satellite delivered channels
in ever increasing quantities. It is not uncommon to
see as many as 12-15 channels of BTSC stereo in
many cable headends.

Obviously, the quality of this audio service
becomes critical to the overall customer satisfaction
when viewing channels providing BTSC stereo. The
intent of this paper is to provide a description of
both measurement techniques and operating
practices which could provide the basis for
equipment evaluations and installation and operating
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practices to help insure the required level of audio
quality. In addition, a concept is introduced utilizing
"Generalized Error Coefficients" to allow the
calculation of overall separation for a cascade of
devices once the separation for each piece is known.

The credit for authorship of the individual
sections of the complete report goes to the following
individuals: Jim Farmer (Scientific Atlanta), Brian
James (NCTA), Ned Mountain (Wegener
Communications), Karl Poirier (Triple Crown
Electronics), Louis Rovira (Scientific Atlanta), Dave
Sedacca (Scientific Atlanta), and Russ Skinner
(United Artist Cable Corp.).



CABLE HEADEND POLARIZATION ALIGNMENT CONCERNS
DURING PEAK SUNSPOT CYCLE

Reed M.

Burkhart

Hughes Communications Galaxy, Inc.

ABSTRACT

The polarization angles of
satellite dishes used for cable headends
may have more error during the next few
years than ever before. This is due to
the diurnal variation of incident
polarization angle, which 1is on an
upswing recently due to heavy solar
activity which should persist and worsen
before abating.

A combination of night and day time
polarization alignment of cable headend
dishes may be preferred by cable
operators 1in some parts of the world
where this effect 1is strongest. This
paper describes the phenomena of Faraday
Rotation which causes polarization
mis—~alignment. It identifies regions of
the earth where cable headends would
find the strongest effect and recommends
methods to minimize dJdegradation due to
this effect. Prediction data from NOAA
(National Oceanic and Atmospheric
Administration) is reported, showing the
anticipated peak period of polarization
rotation to be early 1990.

BACKGROUND

Some satellite users have
experienced interference recently on
C-band satellites due to a propagation
phenomena called Faraday Rotation.
Under current conditions of above normal
solar activity, uplink and downlink
signals are skewed in polarization as
they encounter the ionosphere (see
Figure 1.). As a result, a signal in
one polarization may Dbleed 1into the
opposite polariza- tion enough to cause
interference (cross-pol interference).

Since <cross-pol interference is
usually caused by incorrect earth
station antenna alignment, many
satellite uplinkers have recently
received <c¢lose scrutiny in order to
determine the source of interference.

During this ©period of Thigh solar
activity, it is more difficult to
maintain proper antenna polarization
alignment for all wusers because the
amount of rotation depends on frequency
and time of day.

The present high level of Faraday
rotation is anticipated to abate during
the summer before reaching a maximum
next winter ({see Table 1.). The last
maximum was reached in winter 1957/58
and it should be a similar period in the
future before the next maximum occurs.
What follows is a technical description
of Faraday rotation with advice
regarding ways to prevent or mitigate
interference.

POLARIZATION

ANGLE OF

ROTATION
FARADAY o)
AQTATION

HCB9Q128
L:8

FIGURE 1. POLARIZATION ROTATION

INTRODUCTION

Faraday rotation, a natural
occurrence arising from the introduction
of ions into the ionosphere via solar
radiation, has recently caused
interference to some users of C-band
satellites. Faraday rotation 1s the
rotation of the electric field vector of
a signal as it passes through the
ionosphere.

1989 NCTA Technical Papers-87



SMOOTHED (OBSERVED AND PREDICTED) SUNSPOT NUMBERS: CYCLES 21 AND 22
(VALUES AFTER APRIL 1988 ARE PREDICTED)
YEAR JAN FEB MAR APR MAY JUN JUL AUG SEP ocCT NOV DEC
1980 164 163 161 169 156 155 153 150 150 150 148 143
1981 140 142 143 143 143 142 140 141 143 142 139 138
1982 137 133 129 124 120 117 115 109 101 96 95 95
1983 93 90 86 82 77 70 66 66 68 68 67 64
1984 60 56 53 50 48 46 44 40 34 29 25 22
1985 20 20 19 18 18 18 17 17 17 17 17 15
1986 14 13 13 14 14 14 14 13 12* 13 15 16
1987 18 20 22 24 26 28 31 35 39 44 47 51
1988 58 64 7 77 84 90 99 108 115 122 127 132
1989 135 139 147 154 161 166 169 172 179 184 185 186
1990 186 186 184 178 172 168 167 164 157 149 142 138

"SEPTEMBER 1986 MARKS THE ONSET OF SUNSPOT CYCLE 22.

HC8g0124

TABLE 1. (FROM THE JOURNAL OF SOLAR-GEOPHYSICAL DATA, OCT. 1988

The degree of Faraday rotation is
now approaching a maximum linked to the
long term solar cycle, and interference
is arising in cases where it never
before existed. The present prediction

is that the peak will occur near
February 1990, but this date is
uncertain. Seasonal and diurnal{(daily)

variations also occur.

If interference occurs strongest in
the middle of the day, and not at all at
night, then Faraday rotation may have
contributed to the interference.

There 1is no procedure known which
eliminates Faraday rotation. What
follows are some recommendations to
satellite users of ways to minimize
Faraday-induced interference.

RECOMMENDED PROCEDURES TO MITIGATE
EXCESS INTERFERENCE

If you have not yet created or
experienced any interference due to
Faraday rotation, it 1is possible that

you will neither create nor experience
any such interference in the future. In
this case there is no need to adjust any
antennas.

If you have created or experienced
interference due to Faraday rotation, or

if vyou wish to take precautionary
measures, we recommend following these
guidelines.

a. For Fixed Transmit-Only
Antennas
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The polarization orientation of a
transmit-only antenna should be adjusted
to be midway Dbetween the extreme
positions of proper uplink polarization
angle (midway should be reached by
rotating the top of the polarizer to the
East from its nominal position). (see

section 4.a for a step-by-step
procedure. )
b. Fixed Receive-Only Antennas

The polarization orientation of a
receive-only antenna should be adjusted
to Dbe midway between the extreme
positions of proper downlink
polarization angle (midway should be
reached by rotating the top of the
polarizer to the West from its nominal
position). (See section 4.b for a
step-by-step procedure.)
Fixed

c. For Transmit—-Receive

Antennas

The polarization orientation of a
transmit-receive antenna should be
adjusted to Dbe midway between the
extreme positions of ©proper uplink
polarization angle (midway should be
reached by rotating the top of the
polarizer to the East from its nominal
position). (See section 4.a for a
step~-by-step procedure.)

d. For Transportable Uplinks

If the uplink is for a short period

(hours wvs. days), then present day
practices are unchanged. If the uplink
is for a period of a few days, then



follow the guidelines for a fixed uplink
(3.a).

STEP-BY-STEP PROCEDURES

a. For Fixed Transmit=Only
Antennas
Step 1. Conduct Night and Noon

X-pol Checks. Contact your satellite
operator to schedule a nighttime
cross-pol (X-pol). Check for a time
when it will be dark at the uplink site
and a subsequent daytime X-pol check
near local noon.

Step 2. Conduct Night X-pol Check.
It should be dark during the first X-pol
check so that the nominal polarization
orientation of the dish may be
determined. Mark the nominal
polarization angle thus determined.

Step 3. Conduct Noon X-pol Check.
Repeat the X-pol check near midday to
determine proper noon polarization.
Mark the noon polarization angle thus
determined. Before ending noon X-pol
check, adjust antenna polarization to
the point midway between the nominal and
noon polarization marks, checking to see
if this yields a satisfactory value of
X-pol.

On some days the amount of rotation
will be higher than other days. Peak
rotation for a given day is difficult to
impossible to predict. Therefore, if

interference persists, it may be
required to perform the foregoing
procedure again.

b. For Fixed Receive-Only Antennas

Step 1. During dark hours adjust
polarization to nominal and mark. (Two
port systems should adjust by nulling
the opposite polarization.)

Step 2. Near noon readjust
polarization to noon position and again
mark.

Step 3. Final antenna polarization
adjustment should be midway between the
nominal and noon polarization marks.

On some days the amount of rotation
will be higher than other days. Peak
rotation for a given day is difficult to
impossible to predict. Therefore, if
interference persists, it may be

reguired to perform the foregoing
procedure again.
c. For Fixed Transmit- Receive

Antennas

Step 1. Follow procedure outlined
in 4.a.

Step 2. Observe receive signals
for cross-pol interfer- ence. If there
is none, the antenna is adjusted

properly. If there is cross~pol
interference, again adjust cross-pol
near local noon and rotate antenna
polariza- tion angle from noon mark
towards nominal mark (top of polarizer
from West to East) until acceptable
cross-pol is achieved. Mark as minimum
noon position.

The unfortunate fact that the
adjustments for transmit and for receive
during extreme rotation are opposite,
forces the above compromise, which
insures adequate uplink cross-pol
discrimination while achieving the best
possible simultaneous downlink cross-pol
discrimination.

TEMPORAL VARIATION OF ROTATION

Diurnal, seasonal and long term
variations are such that the night-time
rotation is approxi- mately the minimum
rotation {(nominal) - see Figure 2.
Maximum rotation varies a great amount
each day during concurrent seasonal and
long term maxima. Considering this, one
would 1like to align one's antenna's
polarization wusing the step-by- step
procedures previously outlined on a very
active solar day, in order to not have
to repeat the procedure.

SUNRise PERIOD

NIGHTIME DAYTIME

0.5—

FARRADAY ROTATION ANGLE — DEGREES

N ] | | J I | | J | 1 ] | J
8 10 12 14 16 18 20 22 24
UNIVERSAL TIME — HOURS

HC890129
o
~
a
ES

FIGURE 2. TYPICAL DAILY VARIATION OF POLARIZATION
ANGLE (1982, NEW YORK @ 4 GHz)

Seasonal and diurnal variations are
shown in Figure 3.
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DIRECTION OF ROTATION
The downlink rotation experienced

in the northern hemisphere is
counterclockwise when looking towards
the satellite (see Figure 4.). The
uplink rotation experienced in the
northern hemisphere is also
counterclockwise when looking towards

In the downlink case a
counterclockwise correction (top of the
feedhorn to the East) is required. In
the uplink case a clockwise correction
(top of the feedhorn to the West) is
required.

the satellite.

b LOCAL VERTICAL

FARADAY
ROTATED
POLARIZATION
VECTOR

NOMINAL
POLARIZATION VECTOR

COUNTER CLOCKWISE TEC
ROTATION ANGLE = 115 ?

11S FREQUENCY IN Hz
TEC 1S TOTAL ELECTRON CONTENT IN alim2 (TYPICALLY 1016 7O 1018)
_y LOCAL
HORIZONTAL

HCB9012b

FIGURE 4. FARADAY ROTATION (SATELLITE DIRECTION IS
INTO THE PAPER})

FACTORS DETERMINING DEGREE OF ROTATION

The degree of Faraday Rotation
primarily depends on: the frequency of
signal transmission, the ionization
level of the ionosphere, the angle

between the direction of propagation and
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CROSS-POL

Earth's magnetic field, Earth's magnetic
field strength where the signal passes
through the ionosphere, and the signal
path length through the ionosphere.

The resultant crosspolarization
discrimination as a function of rotation
angle is shown in Figure 5.
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FIGURE 5. CROSS POLARIZATION DISCRIMINATION VS.
MIS-ALIGNMENT ANGLE (i.e., FARADAY ROTATION ANGLE)

DISCRIMINATION (dB)

FREQUENCY DEPENDENCE

Polarization rotation is inversely
proportional to the square of
transmitted signal frequency (e.g. the
relative rotation at twice a certain
frequency 1is one-fourth of the amount
found at the lower frequency). If an
antenna 1is aligned at one end of the
frequency spectrum, it may be misaligned
at the other. Therefore, care should be
taken to adjust for the proper
polarization orientation at the
frequency which is to be used, or at a
middle-frequency of the signal



frequencies used by an antenna. The
polarization orientation disparity for
transmit-receive antennas (due to

differing transmit and receive
frequencies) requires a slight sacrifice
of receive polarization discrimination
in order to insure (by adjusting for
optimal transmit polarization
orientation) that interference 1is not
caused by the transmit operation of such
an antenna.

TELEMETRY CARRIER AS RECEIVE
POLARIZATION REFERENCE

A particularly pure polarization
reference for receive-only antenna
polarization alignment is the satellite
telemetry carrier located between 4,198
MHz and 4,200 MHz (in the horizontal
polarization for the Galaxy Satellites).
A signal may be present at the same
frequency as the telemetry carrier but
in the opposite polarization (trans
ponder 24), necessitating careful use of
a spectrum analyzer in order to null
properly. Frequency correction for
proper polarization orientation is
important when using the telemetry
carrier for 1initial alignment if the
antenna is to be used to receive signals
at the lower end of the receive band
(near 3,700 MHz) as the telemetry
carrier 1is located at the uppermost
extreme end of the receive frequency
band.

CONCLUSION

Faraday rotation Thas become a

concern to satellite users. Its impact

can be minimized by the method
described. The best predictions
indicate that this rotation will be at
its worst near February 1990. The

physics of Faraday rotation is well
understood (see references) and

the variables which determine the
degree of rotation are predictable but
there 1is significant uncer- tainty in
these predictions and the variables

themselves are impossible to control.
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CATV SYSTEM POWERING CONSIDERATIONS

Peter Deierlein

Magnavox CATV Systems Company

ABSTRACT

The input AC Power Factor of a DC
power supply has a significant effect on
input AC current, and therefore affects
system design. Since system efficiency
and Power Factor can vary significantly
as a function of system configuration,
analysis of system powering and overall
efficiency requires a realistic system
model which accommodates the wide variety
of modern system designs, re-designs, and
upgrades.

This paper will discuss the effects
of system configuration, Power Factor,
and AC Line Power Supply performance on
overall system efficiency. A unique sys-
tem simulator which permits accurate
modeling of all known system configura-
tions will be described, along with test
data obtained. A simplified method of
system design and performance analysis
which was developed using the systenm
simulator will be presented.

INTRODUCTION

Power supply bench-testing has tradi-
tionally been done by connecting the unit
under test either directly to an other-
wise unloaded AC Line Power Supply (LPS),
or through an autotransformer to simulate
lower voltages commonly encountered in
CATV systems. These testing methods do
not place a normal load on the LPS, nor
do they account for cable resistance nor-
mally encountered in CATV systems. In an
attempt to more accurately model condi-
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tions encountered in real systems, series
resistance was added to the output of the
LPS to simulate cable resistance: A sig-
nificant decrease in AC input current was
observed over the entire operating volt-

age range of the DC power supply.

Actual cable resistance and LPS load-
ing can vary widely depending on the type
of cable and amplifier technology, sub-
scriber density, and general system ar-
chitecture. I realized that the most
practical way to establish accurate per-
formance guidelines for system design
would be to simulate an entire powered
segment of a CATV system, and measure ac-
tual performance of a variety of systenm
configurations. Instead of using real
cable as in cascade measurements, resis-
tors would be used to simulate cable
resistance. By using variable resistors,
a wide variety of span lengths and cable
characteristics could be easily simu-
lated. Any number of trunk stations and
line amplifiers could be used. Provisions
would be made for the connection of ac-
curate current and power metering equip-
ment anywhere within the segment. The
most useful metering locations would
prove to be at the input and output of
the LPS and at the input of each trunk
station and line extender. Metering the
input and output of the LPS would also
provide a test of its performance under a
variety of realistic conditions. The
data gathered using the system simulator
could then be applied to a general rule
for system power design using switched-
mode power supplies.



CHARACTERISTICS OF
SWITCHED-MODE POWER SUPPLIES

Compared to the traditional series-
regulated DC power supply, the most dis~
tinguishing characteristic of a modern
switched-mode power supply (SMPS) is its
ability to operate at relatively constant
efficiency across a wide input voltage
range. The efficiency and input charac-
teristics of any AC-input DC power supply
are defined by the following equations:

V(out) % I(out) (1)
Eff = —
P(in)

P(in) = V(in) X I(in) X PF (2)
Where:
Eff = power supply efficiency (%/100)
V(out) = DC voltage in Volts
I(out) = DC current in Amps
P(in) = AC power in Watts
V(in) = AC voltage in Volts RMS
I(in) = AC current in Amps RMS
PF = input AC Power Factor

Note that unless the AC Power Factor
is known, it is not possible to solve for
Efficiency unless accurate power measur-
ing equipment is available. Certain
"standard" Power Factor values have been
used for years in conventional power supp-
ly design, but as will be shown, Power
Factor can be a significant variable.

Using specialized equipment, it is
possible to simultaneously measure AC
power, RMS voltage, RMS current, and
Power Factor at the input of a power supp-
ly. Figure 1 is an example of an equip-
ment set-up which has been used to
measure the characteristics of DC power
supplies used in CATV applications.

Using the equipment set-up shown in
Figure 1, characteristics of the Magnavox
model 8PS-60HE are shown in Figures 2, 3,
and 4. The 8PS~60HE is a ruggedized high-
efficiency transformerless switched-mode
power supply.

I

UNE * DEMcE
e POVR | maniromen H mavsromien [ VrA¥ e wounern [ s [ resston
/AC SUPPLY METER TS

Figure 1. Test Set-Up

As a comparison, the characteristics
of the conventional series-regulated
("linear") Magnavox model 7PS-60 are
shown in Figures 5, 6, and 7.

Note that compared to the linear
power supply, the switched-mode unit main-
tains excellent efficiency across a wide
input voltage and output current range.
SMPS Power Factor at 2 Amps output is vir-
tually identical to the linear unit at 1
Amp output.

As shown in equation (2), Power Fac-
tor is an important variable which has a
considerable effect on AC input current.
Equations (1) and (2) can be combined to
solve for input current:

V(out) x I(out) (3)
Eff x PF x V(in)

I(in)

Since V(out) and Eff are nearly con-
stant for the 8PS-60HE, equation (3) may
be further simplified to:

26.7 x I(out) (4)

T(in) PF X V(in)

Use of equation (4) has been sug-
gested for CATV system powering design ap-
plications, but its use is difficult for
the following reasons:

1. Power Factor varies significantly, not
only as a function of V(in), but also
as a function of system configuration.

2. AC voltage at a distance from the LPS
is a function of current flow in the
cable. Since current flow must be es-
timated until it can be calculated
from AC voltage, (and then repeatedly
re—calculated based on the new current
value) an iterative approach is re-
quired for solution.

By using an average value for Power
Factor, use of eguation (4) may be
simplified, but an iterative approach is
still necessary for solution.

1989 NCTA Technical Papers-155



100

80
90
70
= b
> o
2 / & /
z 80 & 60
© =
t W
& [
Z 70 z
& W 50
o o
5 (1)
a o
6 MODEL 8PS—GOHE MODEL 7PS—6D
0 V(IN) = 50 VOLTS RMS ] 40 V(IN) = 50 VOLTS AC RMS
QUASI—SQUARE WAVE QUASI-SQUARE WAVE
V(OUT} = 24.0 VOLTS DC V(OUT) = 23.5-24.5 VOLTS DC
| |
=0 | | 30 !
0 5 1.0 1.5 2.0 2.5 30
: a 5 1.0 1.5
OUTPUT CURRENT (AMPS) OUTPUT CURRENT (AMPS)
Figure 2. Figure 5.
100 80
gl
o
o
v
90 — 70 S
M \
> N =
z 80 £ éi
o & 60 >
2 S |
& 5 \
- =
=z =z
8 70 W 50
i &
a & \
MODEL 8PS—B0HE
60 I(0UT) = 2.0 AMP __{ 40
V(OUT) = 240 voLT MODEL 7PS—-60
I{OUT) = 1.0 AMP
V(OUT) = 23.5-24.5 VOLTS
MEDIUM TAP
50 30 i i
35 40 45 50 55 60 65 70 35 40 45 50 55 60 65 70
INPUT VOLTAGE INPUT VOLTAGE
RMS QUASI-SQUARE WAVE RMS QUASI-SQUARE WAVE
Figure 3. Figure 6.
1.0 1.0 —
o
o
2|
©
90 .90 <
vV —
|~ i(0uT) = 2.0 avP :r \\
. \\ » 3 | \
© .80 2 .80 =)
o o
& \ =
o i
[ ud
Z 70 Z 70
I OUT) = 1.0 AMP o
\\
.60 .60
MODEL 7PS-60
MODEL 8PS—60HE I(OUT) = 1.0 AMP
V(OUT) = 24.0 VOLT V(OUT) = 23.5-24.5 VOLTS
| | MEDIUM TAP '
.50 | i -50 f |
35 40 45 50 55 60 65 70 35 40 45 50 55 60 65 70
INPUT VOLTAGE INPUT YOLTAGE
RMS QUASI-SQUARE WAVE RMS QUASI-SQUARE WAVE
Figure 4. Figure 7.

156-1989 NCTA Technical Papers



EFFECT OF SOURCE IMPEDANCE
ON SMPS PERFORMANCE

In a CATV system, normal cable resis-
tance would be expected to have an effect
on Power Factor. The effect of cable
resistance was simulated by adding resis-
tance to the test set-up as shown in
Figure 8.

Loan
RESISTOR

Figure 8. Test Set-Up with 5 Ohms
Resistance Added

Using the test set-up in Figure 8
with a sinulated cable resistance of 5
ohms, the 8PS-60HE measurements were
repeated. A major change in Power Factor
was hoted, as shown in Figure 9. Small im-
provements in Efficiency (typically less
than .5%) were also noted; these are due
to lower AC current.

1.0 l l “

=SSR I(OUT) = 2.0 AMP
e '

.90 I [
I(OUT) = 1.0 AMP

I

.80

POWER FACTOR

.70

.60 MODEL 8PS—60HE
V(OUT) = 24.0 VOLTS DC
5 OHM SOURCE

.50 J;l % #
35 40 45 50 55 60 65

INPUT VOLTAGE
RMS QUASI-SQUARE WAVE

Figure 9.

The selection of a 5 ohm resistor to
obtain the data depicted in Figure 9 was
based on the typical loop resistance of
several spans of cable. The effect of
LIPS loading was not addressed at all. In
a real system configuration, the Line
Power Supplies are typically loaded to be-
tween 50% and 85% of their current
rating, and cable loop resistance is dis-
tributed in a network with complex loads
applied at many points within the network.

SYSTEM SIMULATOR

To be able to evaluate a variety of
system configurations using different
types of cable, variable power resistors
were used to simulate each cable span
loop resistance. An array of 32 line
amplifiers was mounted on a wall with the
power resistors to permit connection in
any configuration. Due to the wide
variety of possible trunk amplifier DC
load configurations, trunk station loads
were simulated using variable load resis-
tors. A standard Magnavox 5-LPS60-14
line power supply delivers up to 14 Amps
at 60 VAC to the simulator board.
Provisions were made for the insertion of
a digital Volt-Amp-Watt meter at the
input and output of the LPS, and at the
input of each line extender and mainsta-
tion DC power supply. The final con-
figuration is shown in Figure 10.

Figure 10. The System Simulator

330 MHz: SERIES-REGULATED vs SMPS

For the first simulation, a typical
330 MHz system segment with conventional
power supplies and push-pull amplifiers
was built, as shown in Figure 11. This
configuration models the use of .750" T4+
trunk cable at 22 dB per span, or 2340
feet; trunk span resistors were set at
1.76 ohms, except for the power insertion
location, which was split into two resis-
tors of .88 ohms each. The trunk station
7PS~60 power supplies were loaded at 1.11
Amps DC to simulate the load of a stand-
ard trunk amplifier, bridger, and AGC/ASC
control module. Standard-gain
5-LEX330-60 line extenders were used.
Use of .500" T4+ distribution cable was
simulated, assuming a 900 foot span
(1.53 ohm) to the first line extender and
a 1000 foot span (1.70 ohm) to the second
line extender.
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LPS Input: 118.0 VAC, 7.11 Amps, 760 Watts, PF = .91
LPS Qutput: 57.6 VAC, 11.90 Amps, 645 Watts, PF = .94
LPS Efficiency: 85%

LPS Input: 117.7 VAC, 5.69 Amps, 603 Watts, PF = .90
LPS Qutput: 58.2 VAC, 9.25 Amps, 498 Watts, PF = .92
LPS Efficiency: 83%

Station  VAG(in) 1AC(in) Power PF TAP Station  VAC(in) IAG(in) Power PF TAP
1 42.0 1.124 44.0 .93 Lo 1 46.2 .740 29.8 87
2 48.5 .970 39.7 .89 MED 2 48.9 .782 29.8 78
3 52.2 919 40.5 .84 HI 3 53.9 .896 29.9 62
4 52.4 .923 40.7 .84 HI 4 54.1 .889 29.6 61
5 45.5 963 39.5 .90 MED 5 48.8 .780 29.6 78
6 421 1.120 43.6 .92 LO 6 46.3 737 29.6 87 -
7 411 .350 13.9 .97 2 7 454 .280 12.8 .97 3
8 41.7 .338 13.5 .96 2 8 459 .280 12.5 .97 3
9 40.5 331 13.0 .97 2 9 45.0 .278 121 .97 3
10 44.9 .295 12.4 94 3 10 48.0 .290 13.3 .95 3
1 45.2 .300 12.6 .93 3 11 48.4 295 13.5 94 3
12 44.4 .304 12.7 .94 3 12 47.6 .300 13.6 .95 3
13 51.3 .337 154 .89 3 13 53.2 244 123 .85 4

14 51.8 .328 15.0 .88 3 14 563.7 .240 11.9 .92 4
15 50.7 334 15.2 .90 3 15 53.0 242 12.2 .96 4
16 51.5 .350 15.6 .86 3 16 53.4 .245 124 .96 4
17 52.0 .340 15.2 .86 3 17 53.8 .245 12.0 .91 4
18 51.0 335 14.9 .87 3 18 53.0 .242 12.0 .94 4
19 44.8 .304 12.5 .92 3 19 48.0 .292 13.5 .96 3
20 45.2 .298 12.5 .93 3 20 484 290 13.5 .96 3
21 44.3 204 12.2 .94 3 21 47.5 .286 13.1 .96 3
22 41.0 .345 13.5 .95 2 22 45.6 .289 124 .94 3
23 415 .350 13.9 .96 2 23 459 .280 12.8 .96 3
24 40.6 347 13.3 .94 2 24 451 .290 12.3 .94 3

Figure 11. 330 MHz System with

Linear Power Supply

Note that while the output Power Fac-
tor of the LPS is .94, its input Power
Factor is .91. Power Factors at the DC
power supply inputs vary from .84 to .97,
with the highest being the farthest from
the LPS. Power input to all stations
varies considerably due to the nature of
the series-regulated power supplies used.
The difference between the LPS output
power and the total power consumed by all
stations (194 Watts) represents power
lost in the cable resistance; this total
agrees with the total calculated dissipa-
tion of the cable resistors. In this
case, the total current consumed by the
stations agrees exactly with the current
output from the LPS. (As will be seen,
this is generally not typical.)

For the simulation shown in
Figure 12, the configuration set up for
the first trial shown in Figure 11
remained unchanged, except that the
7PS-60 power supplies were replaced by
8PS-60HE units. The series-regulated
line extenders remained unchanged, except
that their transformer tap selectors were
reset to reflect the new operating condi-
tions.

Note that while the Power Factors at
the 8PS-60HE inputs of stations 1 through
6 have fallen to between .61 and .87, in
each case the current input to these sta-
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Figure 12. 330 MHz System with

Switched-Mode Power Supply

tions has also dropped, and power conhsump-
tion is uniformly low. As a consequence,
cable voltage drop is lower, permitting
the selection of the next higher voltage
tap in many of the line extenders. cCur-
rent and power consumption of all the

line extenders is significantly lower as

a result.

In contrast to the first example,
note that the total station current con-
sumption is .5 Amp higher than the output
of the LPS. This difference is due to the
wide range of Power Factors seen in this
example. As will be seen, this dif-
ference is typical when switched-mode
power supplies are used in CATV systems.
(Due to current phase differences which
are a consequence of Power Factor, the
vector sum of the currents is lower than
the arithmetic sum.) Total power dissipa-
tion in the cable resistance has dropped
to 91 Watts, less than half that of the
example in Figure 11.

Although the Power Factors in sta-
tions 1 through 6 have fallen significant-
ly, the overall Power Factor at the LPS
input and output have changed only a
small amount. While the Efficiency of
the LPS has fallen from 85% to 83% (due
primarily to reduced loading), the over-
all current and power input to the LPS is
20% lower than the original configuration
in Figure 11.



450 MHz: SERIES-REGULATED vs SMPS

In the next two simulations, a 450
MHz transportation trunk application will
be evaluated: First with 7PS-60 power
supplies, then with 8PS-60HE units. Feed-
forward trunk amplifiers will be useg at
29 dB operational gain, and 1.00" MC
cable will be modeled, resulting in a
span of 3920 feet and 1.61 ohms loop
resistance per span. AGC/ASC control
modules are used, resulting in a total DC
load of 1.26 Amps per station.

Due to the long spans and lack of
distribution, the full output current
capability of the LPS unit in Figure 13
cannot be used because of the con-
siderable voltage drop in the cable.

This is known as a "Voltage Limited" con-
figuration, and is common in transporta-
tion runs and configurations with very
low density distribution.

Note that while the Power Factors at
the station inputs vary between .84 and
.96, the overall Power Factor at the LPS
is .95 at the output and .93 at the
input. LPS efficiency is excellent at
84%, considering that it is not fully
loaded. Total cable dissipation is 141
Watts, and the total station current con-
sumption agrees within 80 mA of the LPS
output current.

LPs]
R B D D D D s

LPS Input: 114.8 VAC, 6.19 Amps, 659 Watts, PF = .93
LPS Output: 58.1 VAC, 10.04 Amps, 553 Watts, PF = .95
LPS Efficiency: 84%

Figure 14 shows data for 8PS—-60HE
switched-mode power supplies with the
same DC load and physical configuration
as Figure 13.

In contrast to the 330 MHz example,
Power Factors for Figure 14 station in-
puts distant from the LPS are equal to
those of the conventional power supplies
in Figure 13. This is likely due to the
considerably higher cable resistance in
this configuration. Since the input to
station 5 is connected directly to the
LPS, its Power Factor is considerably
lower. However, the overall .90 Power
Factor at the LPS output (and input) is
still quite reasonable.

Total power dissipation in the cable
has dropped to 63 Watts. Overall LPS
power consumption is 30% lower than in
Figure 13, and current consumption has
dropped 28%. As a result of the low 6.84
Amp loading, LPS efficiency has fallen to
79%; while more savings would be possible
if the LPS efficiency was higher, repower-
ing of this configuration for more com-
plete LPS utilization would not be
advisable due to considerable cable volt-
age drop.

ILPS]
R e D D D D D D D

LPS Input: 115.9 VAC, 4.43 Amps, 464 Watts, PF = .90
LPS Qutput: 59.0 VAC, 6.84 Amps, 365 Watts, PF = .90
LPS Efficiency: 79%

Station  VAC(in) IAC(in) Power PF TAP Station  VAC(in) IAC(in) Power PF
1 39.7 1.201 45.6 .96 LO 1 46.9 .753 33.6 .95
2 41.8 1.233 48.0 .93 LO 2 48.1 750 33.2 .92
3 45.2 1.047 43.4 .92 MED 3 50.2 .760 33.1 .87
4 50.8 .967 43.2 .88 HI 4 53.7 .828 341 77
5 575 1.066 51.8 .84 HI 5 58.0 .986 33.6 .58
6 50.8 .968 43.2 .88 HI 6 53.8 .820 33.7 .76
7 453 1.056 43.7 91 MED 7 50.2 .770 33.5 .87
8 41.8 1.237 48.2 .93 LO 8 48.1 .760 33.6 92
9 39.8 1.189 45.2 .95 LO 9 46.8 752 33.6 .96

Figure 13. 450 MHz System with Figure 14. 450 MHz System with

Linear Power Supply

Switched-Mode Power Supply
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550 MHz APPLICATIONS USING SMPS

The above examples were provided to
demonstrate the considerable differences
between SMPS and conventional power sup-
plies, and to document the savings pos-
sible by upgrading to SMPS units. The
remaining examples will show how SMPS use
applies to different configurations of
550 MHz gystems All examples w1l% model

.750" trunk cable and .500" dis-
trlbutlon cable. A 6-VLE550-SWA Power
Doubling SMPS line extender will be used.
While the trunk spans and loop resistan-
ces will be defined by the type of trunk
amplifiers used, for sake of simplicity,
all distribution cable will span 600 feet
to the first line extender, and 700 feet
to the second. Loop resistances of .94
ohm and 1.10 ohm will be used, respective-
ly.

Figure 15 shows a typical system
using high-gain Power Doubling trunk
amplifiers, for a span length of 2500
feet and loop resistance of 1.83 ohms.
Trunk DC load is 1.47 Amps, including
trunk, bridger, and AGC/ASC control.

LPS Input: 114.4 VAC, 6.27 Amps, 660 Watts, PF = .9:
LPS Output: 58.5 VAC, 10.52 Amps 548 Watts, PF = .8
LPS Efficiency: 83%

Power Factors range between .68 and
.92, and average .84 overall. However,
the overall .89 power factor at the out-
put of the LPS is reasonable, and the
value of .92 at the LPS input is typical.
Note the uniform input power and current
for all stations: they appear to be near-
ly independent of input voltage. Total
cable dissipation is 85 Watts, and total
station current is .59 Amp higher than
the LPS output.

Figure 16 shows another version of
the Figure 15 system, except that Feedfor-
ward amplifiers are used for maximum span
of 2685 feet and loop resistance of 1.96
ohms. Trunk station DC load is increased
to 1.96 Amps, and LPS loading is near op-
timum. Cable dissipation is 126 Watts,
and total station current is .4 Amp
higher than LPS output. Power Factors
are nearly identical to those in Figure
15.

LPS Input: 114.5 VAC, 7.24 Amps, 763 Watts, PF = .91
LPS Qutput: 58.2 VAC, 12.4 Amps, 643 Watts, PF = .89
LPS Efficiency: 84%

Station  VAC(in) 1AC(in) Pawer PF Station  VAG(in) IAC(in) Power PF
1 49.5 .977 38.7 .80 1 46.7 1.307 51.7 .85
2 53.9 1.093 39.8 .68 2 524 1.465 53.2 .69
3 53.7 1.082 39.5 .68 3 52.3 1.450 52.6 .69
4 49.5 .987 39.2 -80 4 46.6 1.313 52.1 .85
5 48.9 431 189 .90 5 46.0 .450 18.9 .91
6 48.4 .436 19.3 .92 6 45.6 460 19.4 .93
7 48.8 435 19.2 .90 7 46.0 462 19.3 91
8 48.5 436 19.3 91 8 45.6 460 19.3 .92
9 53.2 .445 19.3 .82 9 51.6 .462 19.3 .81
10 52.8 437 19.3 .84 10 51.3 .454 19.3 .83
11 53.2 .450 19.4 .81 11 51.6 .466 19.5 .81
12 52.8 434 19.2 .84 12 51.3 450 19.2 .83
13 53.2 .433 18.7 .81 13 51.6 .448 18.7 .81
14 52.8 430 191 .84 14 51.2 447 191 .84
15 53.2 .444 19.1 .81 15 51.6 .455 19.2 .82
16 52.8 429 19.0 .84 16 51.2 444 19.1 .84
17 48.7 433 19.0 90 17 46.0 .451 191 92
18 48.3 432 19.2 .92 18 46.6 .454 19.2 .91
19 48.6 430 19.0 .91 19 45.8 .451 19.1 .93
20 48.2 431 19.1 .92 20 45.4 .455 19.2 .93

Figure 15. Typical 550 MHz System Figure 16. Typical 550 MHz System

with Power Doubling Trunk
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LPS Input: 116.1 VAC, 5.36 Amps, 565 Watts, PF = .91
LPS Output: 58.8 VAC, 8.63 Amps, 460 Watts, PF = .91
LPS Efficiency: 81%

with Feedforward Trunk

Figure 17 shows a Feedforward system
with the very low distribution loading
typical of a rural area. This system con-
figuration is similar to a transportation
trunk, except that trunk station power
consumption is higher. Trunk span and DC
load are the same as in Figure 16, but
the LPS is not fully loaded due to the
lack of line extenders. Station Power
Factors cover a wide range from .60 to
.95, but LPS input/output Power Factors
remain typical. Cable dissipation is 96
Watts, and total station current is .22
Amp higher than LPS output current.

Station  VAG(in) IAC(In) _ Power PF LPS Input: 116.7 VAC, 7.03 Amps, 743 Watts, PF = .91
1 44.8 1.200 513 g5 LPS Output: 58.2 VAC, 12.21 Amps, 619 Watts, PF = .87
2 473 1.207 516 90 LPS Efficiency: 83%

3 515 1.262 52.9 .81 i Y, i i
2 283 Vass 850 60 Station AC(in) IAC(in) Power PF
5 51.5 1.252 52.3 .81 1 53.1 1.052 39.0 .70
6 47.2 1.221 52.0 90 2 53.4 1.051 39.0 .69
7 448 1.224 52.0 .95 3 52.1 430 19.5 .87
. . 4 52.2 437 19.6 .86
Figure 17. Rural 550 MHz System with 5 52.2 _4; 19.3 .86
Feedforward Trunk 6 52.3 A32 195 .86
7 523 432 19.4 .86
8 52.4 .430 19.3 .86
9 52.3 427 19.2 .86
10 52.4 427 19.4 .85
11 51.8 422 19.1 87
12 51.9 414 18.9 .88
13 51.9 424 19.3 .88
14 51.8 424 19.4 .88
15 51.9 421 19.1 .87
16 52.0 419 19.0 .87
17 51.8 420 19.2 .88
18 51.8 431 19.7 .88
19 51.8 1430 19.8 .89
20 52.0 425 19.3 .87
21 51.9 419 19.0 .87
LPS Input: 114.8 VAC, 6.25 Amps, 660 Watts, PF = .92 22 52.0 -426 19.4 -88
LPS Output: 58.4 VAC, 10.37 Amps, 551 Watts, PF = .01 23 52.0 424 193 -87
LPS Efficiency: 83% 24 52.0 422 19.2 .87
- h 25 519 419 19.1 .88

Station  VAC(in) 1AC(in) Power PF 26 51.9 421 19.2 .88
1 443 1.276 51.2 .91 . . .

2 47.0 1.272 515 86 Figure 19. High Density 550 MHz System
3 53.5 1.423 51.3 70 with Power Doubling Trunk
4 53.2 1.409 52.6 .70

5 471 1.291 52.0 .86

6 43.7 1,296 52.0 92 Figure 18 shows a low density Feed-
7 43.6 490 19.0 -89 forward system with one line amplifier

8 46.8 467 194 .89 : s .

9 53 1 466 19.6 79 per trunk station. While station Power
10 53.0 446 18.7 79 Factors are significantly different than
11 46.7 .465 19.1 .88 in Figure 17, Power Factors at the LPS

12 43.4 .A88 19.1 .90 input/output are typical. Cable dissipa-
Figure 18. Low Density 550 MHz System tion is 124 Watts, and total station cur-

rent is .42 Amp higher than LPS output
current.

Figure 19 shows a high-density sys-
tem with Power Doubling trunk amplifiers,
Power Doubling bridgers, and AGC/ASC con-
trol. Trunk span is 2222 feet, loop
resistance is 1.62 ohms per span, and
trunk station DC load is 1.47 Amps. Over-
all, line extender Power Factors are very
consistent; since input voltages are
similar, this is expected. LPS output
Power Factor is a bit on the low side of
typical, but does not appear to affect
LPS input Power Factor significantly.
Cable dissipation is 78 Watts, and total
station current is .10 Amp higher than
LPS output current.
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A NEW APPROACH TO SYSTEM POWERING

Initially, it was expected that
since the input current of a SMPS unit
(at constant load and efficiency) is a
function of input voltage and Power
Factor as predicted by equation (4),
accurate calculation of input current for
system powering design could become a com-
plex task. However, since input power is
nearly constant for SMPS units with equal
loads, equation (2) may be restated to:

P(in) (5)
TUn) =75 00y x R
Where: 24 VDC x I(out) (6)
P(in) = ~eee

For trunk stations, P(in) is calcu-
lated from known DC load current and SMPS
efficiency specifications; for line ex-
tenders, P(in) is specified for each
model. For SMPS units, most variation in
P(in) is actually due to variations in
I(out) -

System powering design using equa-
tion (5) still requires knowledge of ac-
tual Power Factor and an iterative
approach. However, system simulator data
shows that station AC current is nearly
independent of AC voltage. If AC input
current is truly constant, system power-
ing design would be greatly simplified.

Referring back to the system
simulator data, notice that in each case,
Power Factor increases at nearly the same
rate as AC input voltage decreases. The
increase in Power Factor due to the ef-
fects of cable resistance demonstrated by
the test configuration in Figure 8 is com-
plemented by a decrease in voltage due to
the same cable resistance. It follows
that equation (5) may therefore be fur-
ther simplified to:

P(in) (7)

I(in) X

Where K = SMPS system power constant
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While a value for "K" could be
derived using equation (7) and measured
data for I(in) and P(in) for each sta-
tion, errors due to Power Factor related
current phase errors can be resolved by
using measured data for LPS output cur-
rent and total station power consumption
(excluding cable loss) according to the
following:

P(in) total (8)
I(out)LPS

Using equation (8) and data from
SMPS trial runs shown in Figures 12
through 19, the following "K" values have
been calculated:

FIGURE CONFIGURATION "K'
12 330 MHz upgrade to SMPS (trunk-only) 44
14 450 MHz transport upgrade to SMPS 44
15 550 MHz typical Power Doubling 44
16 550 MHz typical Feedforward 42
17 550 MHz ultra-low-density Feedforward 42
18 550 MHz low-density Feedforward 41
19 550 MHz high-density Power Doubling 44

Notice that most "K" values are
within a few percent of each other. 1If
an average "K" value of 43 is used for 60
VAC system powering design using equation
(7), for typical cases calculated LPS out-
put current agrees within 3% of measure-
ments.



SUMMARY

The "system simulator" addresses two
issues which affect all systems using
switched-mode power supplies: the mag-
nitude and effect of Power Factor on sys-
tem performance, and the simplification
of system powering design.

System Power Factor as measured in
the cable and at the LPS output is only
slightly lower than that for a convention-
al system, even though SMPS Power Factor
differs significantly from that of a con-
ventional series-regulated unit. Further-
more, there is no significant difference
in Power Factor at the 120 VAC LPS input.

The existence of significant Power
Factors in CATV systems using switched-
mode power supplies complicates the al-
ready complex task of system design using
these devices. The system powering ap-
proach proposed in this paper takes ad-
vantage of the "constant input power™
characteristic of the switched-mode power
supply, and avoids dealing directly with
Power Factor. The new design approach is
simpler and more accurate than previous
methods.

In a simple upgrade from linear to
SMPS units, savings in overall power
consumption are substantially higher than
the improvement in power supply
efficiency alone, due to the sizable
reduction in cable losses. Overall, SMPS
units are far better suited to CATV use
than linear types due to their high
efficiency, constant input power
characteristic, and their capability for
operation across a wide input voltage
range.
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CLI MEASUREMENTS FOR LARGE SYSTEMS

Bob Saunders

Sammons Communications, Inc.

ABSTRACT

The following paper reviews Cumulative
Leakage Index requirements and considers
leakage program organizational methods and
procedures as they relate to large
systems.

Both ground-based Cumulative Leakage Index
formulas were analyzed revealing the lack
of any system size allowances. Flyover
advantages and limitations were compared
with system leakage strategy. Its intent
is to emphasize the need for immediate
planning which will ease the ordeal of
passing the first FcC filing due July 1,
1990. Ultimate failure may result in a
severe loss of channels.

LARGE SYSTEM CONSIDERATIONS

Large cable systems have an inherent
disadvantage when attempting to submit a
passing annual Cumulative Leakage Index to
the FcCC.

There is no mileage adjustment factor
included in any of the three methods for
collecting and computing a CLI. That means,
for example, that a 3000-mile system cannct
have any more leaks, which equal or exceed
50 microvolts per meter at a distance of
ten feet, than a 10-mile system can if any
channels between 108 mHz and 136 (soon to
be 137) mHz or 225 mHz to 400 mHz are used.

A review of the following considera-
tions and their possible implementation
into your leakage program may make the task
of filing a passing annual CLI to the FCC
more pleasant, and may reduce the anxiety
of the July 1, 1990 deadline.

If you do not presently have an

aggressive, routine quarterly monitoring
and repair program in place, DON'T EXPECT
TO PASS YOUR FIRST ANNUAL CLI. The

following list is an example of allowable
leaks at various field strengths producing
a CLI at the passing threshold:

# of leaks level CLT
1000 50 Pv/m 63.9
250 100 Fv/m 63.98
100 150 }Jv/m 63.52
1 1600‘Pv/m 64.08 (failure)

The CLI calculations were derived from

this formula: 1 . 2

where:

{ is the fraction of the system cable
length  actually  examined  for
leakage sources and is equal to the
strand miles in the plant;

E, is the electric field strength in

microvolts per meter qv/m)
measured pursuant to Section
76.609(h) 3 meters from the leak i;
and

n is the number of leaks found of
field strength equal to or greater
than 50 uV/m pursuant to Section
76.609(h).

where: 10 log;; Ise must equal or be less
than 64.

More simply stated:

plant miles
CLI o, = 10 log;, [(miles monitored) sum of (1eaks’)]
As you can see from this formula,
large systems have the same burden of a

1000 leak maximum limit if all 1leaks
discovered emit a field strength of 50
microvolts per meter. As the leak levels
increase, the number of allowable leaks
decreases exponentially. Therefore, the
larger the system, the more advanced
planning 1is reguired to avoid the 1last
minute panic of how to deal with a system
that can not produce a passing CLI.

ROUTINE MONITORING

What is an effective routine quarterly
monitoring and repair program? Docket

21006, as adopted in Part 76 of the FCC
Rules, states that a sufficient number of
vehicles must be equipped with leakage

receivers 'sensitive enough to detect leaks
at a field strength of 20 microvolts per
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meter at a distance of three meters (ten
feet) to ensure 100% system coverage every
three months. Repairs must be made at all
locations which meet or exceed the 20 uv/m
threshold and all objectionable leaks’ (an
incident where complaints have been made no
matter what the 1level) even though a
minimum level of 50/uv/m is used for CLI
computation.

Assess the resources you presently
have. The monitoring can and should be
included in routine daily work activities.
Simply outfit a sufficient number of
existing vehicles to provide system wide

coverage. Large systems should never have a
problem devising monitoring strategy,
however, dealing with the initial repair

backlog gquickly develops into a serious
demand on labor and material resources.

REPATIR DILEMMA

PREVENTION is the only path to a
passing CLI and an eventual "Closed System"
in my opinion. Until all appropriate staff
are trained to understand the significance
of all the tasks they perform on your
coaxial cable plant and develop the
necessary skills and professional ethics to
deliver high quality work standards every
time, your leakage repair backlog will
remain an unmanageable problem. Properly
preparing and tightening every trunk and
feeder connector, as well as drop "F"
fittings, will show results quickly.
Developing cable configurations at poles
which avoid frictional damage and fatigue
is another beneficial example.

Multiple Dwelling Units are the single
most common cause of excessive signal
leakage in the majority of cable systems I
have examined. Feeder cables usually
present the greatest potential for high
level leakage since the highest signal
levels 1in a typical cable plant are
present. Therefore, feeder «cable in
apartment houses, hotels, motels, etc.
should be constructed with 5/8"x 24 thread
ported amplifiers, aluminum cable and
directional taps not 504B gain amplifiers
with an "rF" fitting at the output port
feeding residential splitters via a piece
of single shielded RG 59U as an example.
Typically, these bulk billed accounts are
simply a result of attaching to an existing
MATV system. The rules are clear. IF YOUR
SIGNAL IS PRESENT ON A CABLE OR PIECE OF
EQUIPMENT, IT'S YOUR RESPONSIBILITY. I
recommend adopting the rule "aeronautical
channel signal levels may not exceed 20
dBmv on any drop type cable", including
short Jjumpers.

EFFECTIVE RECEIVERS

Leakage receivers should be equipped
with some type of meter which can be
calibrated. The Rules do not require level
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measurements during quarterly monitoring,
however, the benefits justify the cost
(especially to larger systems). Time spent
during the locating process 1is shortened
since the direction-finding properties of
the receiver are enhanced. Repair time is
more productive toward CLI reduction
because leaks can be sorted by level for
priority.

S meters, LCD bar meters, and LCD
light bars can be calibrated Jjust as
effectively as a meter which reads
microvolts per meter directly. The
development of a graph similar to the one
in fig. 1 will establish the relationship
between various signals in dBmv and the
appropriate field strengths in microvolts
per meter for the monitoring frequency of
your receivers. The graph was produced from
calculations derived from the formula:

E gev(m)
dBmv = 20 log,, (.021 £ (mHz))
1000

where: f = frequency being measured

Example:

20

.021 X £ (mHz) = =-43.95
1000

dBmv = 20 log'®

The example above demonstrates that a
signal of =44 dBmv will represent a field
strength of 20 microvolts per meter when

the frequency measured is 150 mHz. The
graph illustrated in fig. 1 shows similar
relationships for a 150 mHz receiver

including field strengths from 20 Pv/m to
340 }Jv/m.

Comparison of field strengths vs. signais
{measured at 150 MHz)

:

28

thbdhensdbing

P T S S T VU ST S S S S S S S S
20 40 60 B0 100 120 140 160 180 200 220 240 260 200 300 320 40
#Vim

Fig. 1

A test arrangement similar to the one

presented in fig. 2 can be used for
calibration purposes. A lab quality signal
generator is not necessary. Calibration

signals from a Sam 1 field strength meter
were used for this example along with a 2
meter amateur receiver since both will
operate at 150 mHz. We will then assume



that channel F will be used for monitoring
the hypothetical system. The signal from
the generator is fed into a variable
attenuator. I recommend that the output of
the signal source be adjusted or attenuated
to produce 0 dBmv. This will facilitate
the readings since a direct relationship
will exist between the variable attenuator
settings and the negative signals being
exposed to the receiver under test.

Since the formula is Dbased on
measurements collected from a half-wave
dipole, a cgorrelation must be established

if an alternative antenna is used. Place an
appropriate in-line pad in the test lead to
‘compensate for any antenna loss exhibited
when compared to a half-wave dipole. The
signal generator output must be adjusted
above 0 dBmv an amount equal to the gain
factor of any antenna used to maintain the
attenuator's direct relationship. Various
receiver meter readings are recorded
against the field strengths indicated from
the graph to serve as a calibration table.
Employee participation during this
procedure and future routine confirmations
will improve their development in learning
the relationship between dBmv and jpv/m. A
sense of confidence with the new  skills
required develops when various leaks are
quantified in Av/m rather than pass/fail.
The system's "leakage program efficiency
will improve parallel to the learning curve
of its participants.

Variable ‘
attenuator t

Signal
generator

Leakage
receiver

Test setup to determine signal level
Fig. 2

To confirm the proper operation of
leakage receivers, build a "test zone" at
some frequently visited location such as
the company gas pump or parking 1lot
entrance. A typical example is the use of a
half-wave dipole mounted on a pole fed by
signals from your system and adjusted to
produce a 20 pv/m leak at a specific
location painted on the parking 1lot
pavement. Regular visits to that spot will
develop operator confidence in the correct
operation of their 1leakage receivers and
save valuable monitoring and repair time
avoiding the use faulty egquipment.

LOGGING

Prior to the development of logging
procedures, careful consideration to some
aspects of these records may mean the
difference between passing or failing your
first CLI, even though you may have
collected identical data.

It is advantageous to divide a system
for leakage calculations whenever legally
possible. John Wong has stated at recent
NCTA seminars on leakage that sections of
cable systems fed by a separate headend,
microwave signals, or fiberoptic cables
that are not connected by coaxial cable in
any way may be considered as separate
systems for the purpose of CLI computation.
By no means am I giving permission to make
divisions of your system based on any of
these criteria, however division is worth
consideration with interpretation
confirmation from the Cable Branch of the
FCC if necessary.

Computation based on the:

!3000

(3000)?

ry is the distance (in meters) between
the leakage source and the center
of the cable television system;

Q is the fraction of the system cable
length  actually  examined  for
leakage sources and is equal to the
strand miles of plant tested
divided by the total strand miles
in the plant;

R, is the slant height distance (in
meters) from leakage source 1 to a
point 3000 meters above the center
of the cable television system;

E, is the electric field strength in
microvolts per meter v/m)
measured pursuant to Section
76.609(h) 3 meters from the leak i;
and i

n is the number of leaks found of
field strength equal to or greater
than 50 uV/m pursuant to Section
76.609(h).

may provide some relief since the slant
height is used to determine the effect of
individual 1leaks upon aircraft. Larger
systems potentially offer greater
advantages since the distance adjustment
may be significant. In order to use this
formula, distances from each leak to the
theoretical center of the system must be
added to the list of information collected
while on leakage patrol. Distance averaging
may be used as long as an advantage is not
derived from its wuse. The advance
development of distance contour lines about
the system center and the use of a common
distance for all leaks within each contour
band may provide a useful tool to ease
collection of this information.

Without proper 1logging of leakage
monitoring and repair activities, all your
efforts will have been wasted when faced
with an FCC inspection. The responsibility
of proper documentation is to ensure a
"Good Faith Effort" can be demonstrated.
Large systems may have the advantages of
various computer aided service programs.
Inclusion of leakage 1logging and CLI
computation tasks into these programs may
streamline the process.
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FLYQVERS?

Finally, you must deal with the
question, "Do I use aircraft to determine
system cumulative leakage?". Consideration
of the following information may make that
decision easier.

The FCC considers a CLI as a snapshot
of your system to determine its total
cumulative contribution to potential
aircraft interference. Recent question and
answer sessions have indicated that they
would 1like the annual CLI pass of the
system to take about two weeks with a four
week maximum. System size coupled with
available staff may make a flyover the only
practical means to accomplish this task
within that time frame.

Additionally, a ground based CLI must
cover a minimum of 75% of your system.
Both the I oo and the I;, formulas contain
correction for partial rideouts, therefore
it may be a disadvantage to miss up to 25%
of the plant. Inaccessible easements, rough
terrain, fenced property, etc. may make
sufficient coverage impractical.

The simple estimate of cost to conduct
a quick pass of the system and compute the
data when compared with a flyover estimate
may make the decision for you. Distributing

flyover costs among neighboring systems
should also be factored within these
estimates.

It is very important to remember that
a system that cannot pass a ground-based
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CLI calculation, due to unrepaired
quarterly monitoring backlogs, is unlikely
to pass a flyover. Be sure the system is
tight before spending time and money in
aircraft.

LEAKAGE IS A MANAGEMENT PROBLEM

You must gain the support of
mahagement to provide the 1labor and
material resources necessary to accomplish
this task. Without a cooperative effort,
the expectation of failing your first CLI
is almost certain. Managers take note. The
Cable Branch of the FCC has clearly stated
that submission of a failing CLI on or
before the July 1, 1990 deadline requires
the immediate wvoluntary shut down of all

channels within the aeronautical bands
until a passing CLI submission can be
produced. Upon receipt of the failing

report, the FCC will dispatch an inspector
to confirm the discontinuance of their use
and report any honcompliance conditions
which may result 1in the possible
assessment of fines.

In conclusion, plan the implementation
of an aggressive, routine leakage
monitoring and repair program including an
annual CLI computation strategy or a plan
for the operation of a 20~CHANNEL SYSTEM.
The choice is vyours. If you have not
already started, it may be too late.

REFERENCES

FCC Rules, Part 76.



COST AND PERFORMANCE COMPARISON OF FIBER OPTIC CATV SUPERTRUNKS UTILIZING
FM AND DIGITAL TRANSMISSION TECHNIQUES

John T. Griffin

Jerrold - Applied Media Lab

ABSTRACT
This paper discusses practical
implementation of cable TV supertrunks
utilizing FM and digital transmission

techniques carried on single mode fiber
optic links. Architectures and 1link
budgets are discussed, along with cost and
performance comparisons.

Noise and distortions inherent in FM
and in digital techniques are analyzed.
Those factors necessary for good FM
performance over a fiber link are
considered. In the digital domain, the
performance factors of the digital
converters are presented. The problems
encountered in utilizing video distortion
test equipment to evaluate digital systems
are reviewed. Finally, some projections
for future developments are described.

I INTRODUCTION

A CATV trunk system made up from
today's fiber optic components enjoys a
number of important advantages over
conventional coaxial or microwave links.
Chief among these are long transmission
paths without amplifiers, no leakage from

or ingress into the cable, very wide
bandwidth, increased security, and low
maintenance costs (all active electronics
indoors) . Fiber optic cable is

exceptionally reliable and impervious to
environmental effects like rain fade. The
available bandwidth is presently limited
by the electronics at either end of the
fiber, not the fiber itself. Future
advances in transmission techniques will
utilize this bandwidth to carry more
channels. The cable is suitable for aerial
or buried installation, and is not limited
by licensing or line-of-site restrictions.
CATV super-trunk systems utilizing both FM
frequency division multiplexing (FM-FDM)
and digital time division multiplexing
(TDM) are now coming on the market.

11 SUPERTRUNK OPTICAL COMPONENTS

In recent years, considerable
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progress has been made in theoretical and
practical development of single mode (SM)
glass fiber, semiconductor lasers, silicon
photodiode (PIN) receivers, and avalanche
photodiodes (APD) receivers. The
characteristics of the components must be
understood so that they may be used
effectively. For example, when modulated,
a laser chirps (changes wavelength
slightly). The velocity of propagation
through the fiber varies with wavelength
(chromatic dispersion). It is desirable
to operate a SM fiber at the point that
has the most constant velocity vs.
wavelength. This minimum dispersion
generally occurs at about 1310nm. Proper
selection of the laser-fiber-receiver
combination will result in nearly zero
chromatic dispersion, and in signal
attenuation of 0.3 to 0.5 dB  per
kilometer. Operating at or near the zero
dispersion wavelength of SM fiber results
in pulse rise times on the order of 0.5ns,
and bandwidths in excess of 1GHz. This
combination of components and operating
parameters yields adequate performance for

both FM-FDM and digital TDM supertrunks.

Figures 1la and 1b, laser transfer
characteristic, illustrate how the device
is 1light intensity modulated by varying
the drive current. This is the case for
FM, digital, and for AM modulation.
Optical output is proportiocnal to drive
current; for FM-FDM modulation, the laser
diode must be operated in the linear
portion of figure 1b. The DC current bias
point,Iy, and the variation of drive
current, Al, must be controlled to
minimize intermodulation products.l

IT1 FM _SUPERTRUNKS

FM supertrunk equipment is on the
market today that can transmit 16 or more
channels of video and associated audio on
one single mode fiber. Wwith proper
design, RS-250B video specifications can
be achieved with cable lengths up to 40km.
Proper design means selection of FM
deviation and channel spacing to minimize
second and third order intermodulation
products, and to achieve acceptable signal
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to noise ratio.

IITa Intermodulation Distortions

The second order distortions
predominate in laser diodes. These may be
minimized by a frequency plan proposed by
Simons?; in this plan the channel
frequencies are described by:

Fch = f£s/2 + (n x fg)

where Fcp channel frequency [MHz]

fg = frequency spacing [MHz]
n = channel number (integer)
The second order products have the form

fimz = m X fs

where m = integer
As a result, the second order
products fall between channels; with

proper selection and application of the
laser diode and receiver, third order
products are far enough below the desired
signal to be acceptable.

It can now be seen that the wide
bandwidth available in a properly designed
fiber optic FM system can be used to
advantage. This is illustrated in Figure
2, FM supertrunk frequency plan. This
plan utilizes over 700MHz of bandwidth to
carry 16 wide deviation FM video channels.
The channel spacing in governed by the
equations above so that second order
products fall between channels. This
frequency plan also affords adequate
adjacent channel protection ratio as
described by Gysel.3

IITb Signal to Noise Ratio

Figure 3 illustrates the triangular
spectrum of random noise present in an FM
system. Due to this characteristic of FM
, widening the transmission bandwidth
improves the signal to noise ratio.
Further improvement can be gained by
utilizing CCIR pre- and deemphasis.?

By proper selection of the single
wode fiber, laser diode source, and diode
receiver, a CNR on unmodulated carriers of
34 to 36db is practical. This presumes a
reasonable optical loss budget, which will
be discussed later. CNR can be measured
in the 1lab with a spectrum analyser.
Video S/N can be calculated from C/N
from:3

SNR = CNR + 12db + 20 1log Dgtpy

where SNR = CCIR weighted video SNR,
referenced to 100 IRE

Dstpw sync tip to peak
white deviation
note: 12Db is gained by pre- and
deemphasis

With a measured CNR of 34DB and a
deviation of 8MHZ, the calculated SNR is
64DB. This agrees with lab measurements
of video SNR with a Rohde & Schwarz noise
meter of 63 to 65DB.

1989 NCTA Technical Papers-285



100 140 220

CH1 CH2 CH3 CH4

60

580 700

CH13 CH14 CH15 CH16

v
740

FIGURE 2
FM SUPERTRUNK FREQUENCY PLAN

Schwartz discusses modulation index,
FM noise spectrum, and noise improvement
in wideband FM in chapter 6.4

IITC Audio Carriage

The stereo (BTSC format) audio
program is carried along with the video by
wideband FM subcarrier techniques in
today's FM supertrunk. The required
bandwidth is about 300khz for each BTSC
encoded stereo pair. The audio
subcarriers may be <carried with the
assoclated video carriers, or grouped
together in their own portion of the
available spectrum. Audio dynamic range
better than 60Db 1is practical, with
channel separation of approximately 30db.
The audio frequency response 1is 50hz to
15khz.

JIID Architectures and Link Budget

Figure 4 illustrates one FM
supertrunk architecture that carries 16 TV
channels with stereo audio from point-to-
point. The transmission equipment
consists of 16 FM video/audio modulators,
an RF combiner, and a ‘laser transmitter.
The modulators are driven by baseband
audio and video signals, which could come

[}

WHITE NOISE

RMS OUTPUT NOISE VOLTAGE
Vaf

FIGURE 3
SPECTRUM OF NOISE IN FM SYSTEM
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from satellite receivers in a typical head
end. The SM fiber ‘is 1likely one of
several carried using a loose-tube buffer
surrounded by a protective cover. (Figure
5) The receiving equipment consists of
the PIN diode or APD receiver with
transimpedance amplifier, an RF splitter,
and 16 video/audio demodulators. The
outputs are at baseband suitable for
driving standard AM modulators and BTSC
encoders. Thus an 80 channel system could
be carried on 5 fibers, with spare fibers,
in one cable.

A supertrunk architecture designed to
feed two receive sites is illustrated in
Figure 6. The optical splitter is a small
passive device that typically exhibits a
3DB power split and less than 1db
additional insertion loss. At 0.35Db/km,
a 4Db loss represents 10km less reach in
each leg. An 80 channel system could be
carried with additional electronics and
one splitter per fiber.

A 1link budget 1is
following assumptions:

based on the

1. The optical power launched by the
laser transmitter is -3Dbm, at 1310nm.

2. The semiconductor receiver
sensitivity is -25db.

3. The fiber loss 1is 0.35db/Km at
1310nm.

4. A system margin of 3DB is assumed
to allow for component aging and
temperature effects.

5. Fusion splice losses are less than
0.1DB and can be ignored for the purpose
of a comparative analysis.

6. Connector losses are assumed to be
0.5DB per connector

Figure 7 1is an optical power 1loss
model that illustrates the cumulative
losses between the laser and the receiver.
If Pt is the transmit power in DBm and Pp
is the receive power in dbm, then Py is
the total loss budget for the link:

P] = Pt = Pr
= =3 -(-25) = 22dbm
and
P; = 3%xlc + ag x L + system margin
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16 CHANNEL FM-FDM SUPERTRUNK
where: L = transmission distance (Kkm)

lc = connector loss
af = fiber attenuation in db/km

then:
22db = 3x0.5db + 0.35db/km x L + 3db
and
L = (22 - 3x0.5 - 3)/0.35db/km

we find L-= 50km

Therefore, the link may be more than

LOOSE TUBE

@
Q
)

L)
@

40km long with adequate margin.

By the same method, the two receive
sites in figure 6 could be over 30 km from
the transmit site.

IV DIGITAL SUPERTRUNKS

Figure 8a illustrates how one
baseband channel of video can be
quantized, delivered to a D/A converter,
and converted back to the analog domain.
The distortions and noise inherent in this
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CORE BINDER TAPE

HOLLOW PLASTIC TUBE

JELLY FILLING MATERIAL

ACRYLATE COATED GLASS OPTICAL FIBER

RIGID CENTRAL STRENGTH MEMBER
CORRUGATED STEEL ARMOR

POLYETHYLENE JACKET

FIGURE 5 LOOSE-TUBE CABLE CONSTRUCTION
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process are far different than in FM
transmission. Figure 8b shows how several
digitized channels of video (or audio) can
be time division multiplexed for carriage
over a link. 1In this TDM technique, there
are no intermodulation distortions as are
present in FM. In a properly designed
digital +trunk system, all significant
noise and distortions occur in the A/D and
D/A converters. The presence of channel N
in the system has no effect on channel 1.

other advantages of +the digital
system are uniform performance over long
fiber links (assuming acceptable bit error

rates), and the ability to digitally
TRANSMITTER
SPLICES
CONNECTOR *

OPTICAL
SOURCE

—— . ...C% -
t. L

CONNECTOR (OPTIONAL)

regenerate signals using a receiver and
laser while introducing no additional
distortion. In a digital supertrunk, the
audio is also digitized and time division
multiplexed into its own subchannel.
There 1is no interaction with the video,

and the digitizing process may |Dbe
optimally designed for audio.
IVa Noige and Distortion in The Digital
Process

In the digitizing process, the
baseband signal (video or audio) is

converted into a series of quantum values
which serve to represent the original
RECEIVER

OPTICAL FIBERS
CONNECTOR

PHOTON
ETECTOR

FIGURE 7
OPTICAL POWER LOSS MODEL
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signal. Consider that the digital signal grtﬁizionfgflje#cs tgf__‘t 1";‘:;2“5;‘”05&‘3113;:5 wéﬁg
contains no information describing the d Y

analog signal between samples. The most
important factor in converter performance
is the number of bits, or resolution.
Another important parameter is the
linearity when processing low fredquency
signals, as much important information is
contained in these components. This error
is best measured using an unmodulated ramp
video signal. Test methods to measure
this parameter are described in IEEE
standard 746-1984.6 Bellanger discusses
sampling theory in chapter 1.

The transfer characteristics of ideal
A/D and D/A converters are shown in figure
9. The quantizing error of +/-1/2 LSB is
also illustrated in this figure. The
nonlinearities that occur in real
converters will be discrete, as opposed to
the continuous nonlinearities that can
occur in analog circuits. If the sampling
of the video ramp described above is
coherent (synchronous) with the video,
these errors can appear as vertical lines
on a monitor. Proper choice of
converters, resolution, selection of low
pass filters, and good circuit design
practice will reduce this type of
distortion to acceptable levels (not
visible on monitor) . In today's
monolithic converters,+/- 1/2 LSB
linearity is practical; this represents
+/-0.2% of full scale in an 8-bit system.

It can be seen that linearity improves
with resolution.
Sampling theory and the Nyquist

highest <component in the transmitted
signal to preclude aliasing. If we wish
to carry 4.2MHz video, we must digitize at
8.4MHz or higher. It is much easier to
design realizable low pass filters if we
digitize at a higher rate. A common
practice is to digitize at 4 times the
NTSC color subcarrier rate of 3.58MHZ, or
14.318180 MHZ.

The signal to quantizing ratio may be
calculated as follows:

SNR(db) = 6.02N + 10.8db
+ 10 log Fg/2Fynmax
number of bits

where N =

Fg = sampling frequency

Fymax = max freq content of video

For 4.2MHZ video sampled at 14.3MHz,
the calculated SNR is 61.3db for an 8 bit
system. Each additional bit of resolution
represents 6.2db of SNR. Lab measurements
using a Rohde and Swartz noise meter of an

8 bit system yield .62 to 63db. The care
required in measuring SNR will be
discussed below.

Ivb Video Distortion and Noise

Measurements in Digital Systems

A standard measurement technique for
weighted signal to noise measurement using
a Rohde and Swartz noise meter is to
select a blank 1line in the vertical
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A/D AND D/A TRANSFER FUNCTIONS

interval. This line will contain a zero
IRE flat field. This is a legitimate test
in an analog system; in a digital system,
it may yield a misleading result. If the
flat field at O IRE happens to land
halfway between A/D slicing levels, the
A/D may output a fixed digital wvalue;
there will be no quantizing error and the
resulting SNR will be artificially high.

A far more meaningful SNR measurement
may be made as described in IEEE standard

746-1984. The test signal is a highly
saturated chroma signal with constant
luminance. It causes all the bits to

change and dquantizing errors to occur.
Measurement using this technique confirms
the calculation of video SNR given above.

Another phenomenon unique to digital
processing is the occurrence of gliches in
the output of the D/A converter. A glitch
is an unwanted excursion that occurs at a
D/A converter code change. It is due to
unequal switching times within the DAC.
In binary coded converters, the largest
glitch is 1likely to occur at the half-
scale transition when all the bits change
simultaneously. Please refer to figure
10.
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In an unmodulated ramp test signal,
glitches at the same point in each line
will cause a sharp vertical line on a
monitor. In the modulated ramp signal
used for differential gain and phase
measurements, severe glitches will cause a
crankcase effect on the differential gain
and phase displays of a vectorscope. A
severe case 1s shown in figure 11. This
causes noticeable chroma saturation and
hue changes in the picture.

In today's monolithic D/A converters,
careful design has reduced glitch energy
to 50 pV-sec or less. At this level, the
peak differential gain can be
approximately 2%, and differential phase
as low as 1 deg. These levels are not
discernible on a television monitor.

There is an in-depth discussion on

these measurements in IEEE standard 746-
1984 .

Ivc Audio Carriage

The digital supertrunk enjoys an
advantage over the FM supertrunk for audio
carriage because digital processing of
audio 1is a mature technology. This
technology offers the highest performance
of any transmission technique. Low THD,
well below 0.1%, 60db separation, and
dynamic range approaching 90db are easily
achievable. There are 12, 14, and 16 bit
linear PCM converters designed for high-
performance audio applications. Data used
by these converters can easily be time
division multiplexed with digitized video.
Compact disk quality PCM audio regquires
approximately 1.4MHz serial data rate per
stereo pair carried in the trunk TDM data
stream. Dolby Laboratories has developed
an adaptive delta modulation technique
that requires 650KHz to achieve compact

disk quality stereo audio. This
technology is now field proven.’ Either
format will give audio performance

Vour

TIME

FIGURE 10
D/A QUTPUT GLITCH
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FIGURE 11
SEVERE DISTORTION IN DIFFERENTIAL PHASE
AND GAIN

superior to that delivered by FM.

Ivd Architecture and Link Budget

The architecture of a digital
supertrunk employing equipment on the
market today is illustrated in figure 12.
This equipment carries 8 channels of video
and associated stereo audio over a SM
fiber at 560Mbit. This equipment employs
7-bit codecs and achieves video SNR of 57
to 58db. Audio dynamic range is better
than 65db with channel separation of 60db.
The audio encoding is 12 bit PCM.

Since it is relatively easy to detect
a logic one or =zero with an optical
receiver, digital supertrunks will have a
somewhat 1longer reach than there FM
counterparts. The parameter analogous to

CNR in FM is bit error rate (B.E.R:) in a
digital link. A B.E.R. of 10”9 is the
criterion for acceptable performance.

A link budget is
following assumptions:

1. The optical power launched by the
laser transmitter is -3Dbm, at 1310nm.

2. The semiconductor receiver
sensitivity is -35DB for a B.E.R. of 1079
or better.

3. The fiber loss 1is 0.35db/Km at
1310nm.

4. A system margin of 3DB is assumed
to allow for component aging and
temperature effects.

5. Fusion splice losses are less than
0.1DB and can be ignored for the purpose
of a comparative analysis.

6. Connector losses are assumed to be
0.5DB per connector

based on the

Figure 7 1is an optical power loss
model that illustrates the cumulative
losses between the laser and the receiver.
If Py is the transmit power in DBm and Py
is the receive power in dbm, then P; is
the total loss budget for the link:1l

P] = Py - Py
= =3 -(-35) = 32dbm
and
P] = 3%xlc + af X L + system margin
where: L = transmission distance (km)
1l = connector loss
af = fiber attenuation in db/km

then:
32db = 3x0.5db + 0.35db/km x L + 3db
and
L = (32 - 3x0.5 - 3)/0.35db/km

we find L = 78km

Therefore, the link may be 60km long
with adequate margin.

optical
deliver

It can be seen that an
splitter may be employed to
signals to more than one hub site.

Figure 13 illustrates a hypothetical
trunk system to carry 12 channels of video
and audio per fiber at 1.2Gbit/sec. This
system employs 8 bit converters, as an 8
bit system most closely matches an FM-FDM
supertrunk in video SNR (mid 60db range).
The 100Mbit/sec data rate output of the
transmitters assumes the the audio data is
time division multiplexed into the data
stream during the horizontal blanking
interval of the video. This technique of
carrying digitized audio embedded within
the video is employed today in the
Videocipher equipment used for satellite
signal encryption. In this type of
system, it is necessary to reconstruct the
video composite sync at the receiving
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8-CHANNEL DIGITAL SUPER TRUNK
decoders, adding some complexity. The Number of

technique does make efficient use of the
available bit stream.

The bandwidth required to carry 12
channels as described here is greater than
on the 16 channel FM-FDM trunk. Figure 14
illustrates the spectrum of non-return to
zero (NRZ) data modulated onto a carrier.
Fp 1s the bit rate; the overall bandwidth
is approximatel% equal to the NRZ bit
rate, or 1.2Ghz. This compares to 700Mhz
for the 16 channel FM system.

A trunk system based on 9 bit
converters would require a serial bit rate
of approximately 109Mbit/sec per channel.
The video SNR would improve to better than
67db, and the differential phase and gain
could meet RS-250B short haul
specifications. However, a 1.2Gbit 1link
would only carry 10 channels per fiber.
To exceed the video performance of the FM-
FDM supertrunk (video SNR) requires 9 bit
resolution, at higher cost.

v COST ANALYSIS

Fiber optic cable, as illustrated in
figure 5, is available with various fiber
counts. For the purpose of cost analysis,
the following ©price per foot, when
purchasing 40 km of cable, will be
assumed:
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fibers in cable price/ft
(armored)

4 $0.60

6 0.73

8 0.82

10 0.91

12 1.02

16 1.25

The cost of installing the cable has
several constituents, which are assumed as
follows:

Description cost
Route make ready work $0.45/ft
Hang cable $0.70/ft
Cable Installation _;ITI;;;;_
Fusion splicing $45/splice

(Assume a splice required every 4km and at
each end of fiber)

Optical patch panel $1000
Test & Document
completed cable $2000

The architecture in fiqgure 4 will
carry 16 channels per fiber. An 80
channel system would require 5 fibers. A
cable with 6 fibers is selected to provide
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PROPOSED 12 CHANNEL 8-BIT SYSTEM

a spare fiber. The cost of pre-wired
equipment racks is included in the unit
cost of all rack mounted .equipment. The
cost of a complete 80 channel FM
supertrunk is presented in table 1.

Therefore the average cost per
channel of the 80 channel FM supertrunk is
$7,843.

The digital supertrunk in figure 12
will carry 8 channels per fiber. Note
that the encoders and decoders each carry
two channels. An 80 channel system based
on this architecture would require a cable
with 10 fibers; a 12-fiber cable is
selected to provide spares. Again the
cost of pre-wired equipment racks is
included in the unit <cost of the
equipment. The cost of a complete 80
channel digital supertrunk is presented in
table 2.

The cost per channel of the 80
channel digital supertrunk 1is therefore
$8,091. Consider that the video SNR of a
7 bit digital system 1is approximately
57db, as compared to 65db for the FM
supertrunk.

The hypothetical system in figure 13
(8 bit) would carry 12 channels per fiber.
An 80 channel trunk would require 7
fibers. A cable with 8 fibers is selected
to provide 1 spare. An 8 bit system most
closely matches the video performance of
the FM-FDM trunk.

A conservative cost breakdown of this
80 channel supertrunk is given in table 3.
The length of the trunk is assumed to be
40km.

In this case, the cost per channel is
$13,823. It is expected that the cost of
the encoders and decoders could be reduced

A

-1.2GHz Fc +1.2 GHz f
Fb Fb

FIGURE 14
NRZ DATA SPECTRUM
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TABLE 1
FM TRUNK IN FIGURE 4
ITEM UNIT QUAN EXTENDED
COST COST
FM Modulators $2000 80 $160,000
16 Chan
Combiner $1000 5 $5000
Laser
Transmitter $6200 5 $31,000
Optical
Receiver $3200 5 $16,000
RF Splitter $300 5 $1500
FM Demods. $2000 80 $160,000
Cable $0.73/ft 40km $95,805
(6 fibers)
Cable
Installation $1.15/ft 40km $150,926
Optical
Patch Panel $1000 2 $2000
Splices $45 ea 72 $3240
(12 per fiber)
Test/Document
Installation $2000 1 $2000
total cost $627,471

by the application of large §cale
integration of the digital circuitry.

This is important since these equipments
are a major cost component of this
proposed system.

VI SCRAMBLING

There is no practical need to secure
signals while on a supertrunk, especially
on a point-to-point fiber 1link that is
difficult to tap. It 1is desirable,
however, to carry signals that are already
encoded to a hub site. This precludes the
need for additional scramblers at the hub.

There are two basic type of video
scrambling in common use today, baseband
and RF scrambling. The common techniques
are sync suppression and video inversion.
Baseband scrambling may be carried over an
FM link if a sync driven clamp is used at
the receive site. The clamp is required
to restore the DC offset of the video,
which can not be carried over the FM link,
before being AM modulated. RF scrambling
has proven to be impractical due to the
difficulty of carrying already modulated
vestigial sideband (VSB) signals.3,11
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TABLE 2
DIGITAL TRUNK IN FIGURE 12

(7 BIT)
ITEM UNIT QUAN EXTENDED
COST COST

2-Channel $3900 40 $156,000
Encoder :
‘Laser
Trans. $4400 10 $44,000
Optical
Receiver $2400 10 $24,000
2-Channel
Decoders $3200 40 $128,000
Cable

(12 fibers) $1.02/ft 40km $133,865
Cable

Installation $1.15/ft 40km $150,926
Optical
Patch Panel $1000 2 $2000
Splices $45 ea 144 $6480
(12 per fiber)
Test/Document
Installation $2000 1 $2000

Total Cost $647,271

Since a digital system can encode
and decode the DC component of a video
signal, no clamp is required at the
receive hub site. Thus .the digital
supertrunk can carry baseband (sync
suppression/video inversion) scrambling.
However, the digital link would encounter
the same problems with RF VSB scrambled
signals as the FM trunk.

If at some time in the future digital
signals are carried directly to the
subscriber, the level of security achieved
in a properly designed system could be
orders of magnitude higher than that in an
analog system. A good digital encryption
system will introduce no distortion
(residual effect) when the desired signal
is decoded. The encryption may be time
varying. Wechselberger has written an
excellent paper on the subject of
encryption as applied to CATV.®

VITI FUTURE TRENDS

FM supertrunking is a relatively low
volume, mature technology, with equipment
having been in the field for several

Years. No dramatic breakthroughs in cost
reduction can be expected in the
modulators, demodulators, combiners, or

splitters over that suggested in the



TABLE 3
DIGITAL TRUNK IN FIGURE 13
(8 BIT)
ITEM UNIT QUAN EXTENDED
COST COST
Video/audio
encoders $5000 80 $400,000
1.2Gbit Mux-~
Laser trans. $10, 000 7 $70,000
1.2Gbit Optical
Receiver $7000 7 $49,000
Video/audio
decoders $4000 80 $320,000
Cable
(8 fibers) $0.82/ft  40km $107,617
Cable
Installation $1.15/ft 40Kkm $150,926
Optical
Patch panel $1000 2 $2000
Splices
(12 per fiber) $45 96 $4320
Test/Document
Installation $2000 1 $2000
Total Cost $1,105,863
previous cost analysis. Additional
channels per fiber will require

improvements in the lasers and receivers
to utilize more of the available
bandwidth. This is likely to happen. As
the optical components are improved in
performance and built in volume,
substantial cost reductions are expected.
The telecommunications industry is driving
the cost of the optical components down.
The FM supertrunk will take advantage of
this.

Digital technologies as applied to
consumer electronics have repeatedly shown

dramatic cost reductions with volume
production. Digital watches and
calculators are good examples. The

designer may employ gate arrays, standard
cells, or full custom technology to effect
dramatic cost reductions. Although the
digital supertrunk achitectures in figures
12 and 13 will not be built in the volumes
of consumer products, judicious use of
integration techniques can dramatically
reduce size, power consumption, and cost.

The very high data rates required at
the laser and optical diode interfaces can
only be achieved using gallium arsenide
logic. Today this logic is only available
from a few vendors and exhibits relatively
low yields; it 1is therefore expensive.

However, only a small portion of the
required logic need run at these very high
speeds. Thus more cost effective logic
families, such as ECL or 74HC, may be used
to implement the lower data rate portions
of the circuits.

In the last five years, dramatic cost
reductions have occurred in monolithic A/D
and D/A converters. Digital audio
technology 1is coming into wuse in high
volume consumer products. As lasers and
high speed optical receivers come into
high volume application, their cost will
also come down. Use of these components

by the telephone industry for digital
transmission is pushing the technology
forward. The digital supertrunk will take

advantage of all these trends.

VIIT CONCILUSION

Table 4 summarizes the factors to be
considered when comparing FM and digital
supertrunks:

TABLE 4

FACTOR FM DIGITAL
7 bit 8 bit 9 bit

channels
per fiber 16 8 12 10
bandwidth 700Mhz 600Mhz 1.2Ghz 1.2Ghz
video
SNR 65db 57db 63db 67db
diff
phase ldeg 2deg 1ldegq <ldeg
Diff
gain 1% 2% 1% <1%
audio dynamic
range 65db 65db 85db 85db

audio

freq resp 50hz~-15khz - 20hz to 20khz~

Audio Chan

Separation 30db >60db >65db >65db
System
cost/channel $7,843 $8,091 $13,823 ?

ease of carrying

scrambling fair -~good-~
cost reduction
potential fair high

It can been seen from the table that
a 7 bit digital system is cost competitive
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with an FM-FDM system, but does not
provide the same level of video
performance. An 8 bit digital system most
closely matches the FM-FDM system in

performance, at increased cost. This cost
differential is 1likely to decrease with
time. A properly designed 9 bit digital
system can provide performance superior to
the FM-FDM system at higher cost, with
fewer channels per fiber.
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DATA COLLECTION FOR STATUS MONITORING SYSTEMS

Jeffrey Cox

Magnavox CATV Systems Company

ABSTRACT

Status monitoring is a useful tool
in maintaining the high quality of ser-
vice demanded by today's subscriber. Un-
less a two way cable system is available,
it is not always possible to implement
status monitoring with the available tech-
niques. This paper examines several tech-
niques for collecting the data from
status monitoring devices. Two ap-
proaches to using the RF return path are
discussed. Four techniques for gathering
data when no conventional RF return is
available are then discussed.

INTRODUCTION

Cable subscribers are becoming in-
creasingly demanding of cable service
providers. With the proliferation of
VCR's and satellite receivers, as well as
the looming presence of High Definition
Television, there is more pressure than
ever before to maintain the highest pos-
sible quality in the delivery of video to
the home. This pressure creates a demand
for a viable status monitoring system to
aid the operator in maintaining the sys-
tem at its peak capability.

FIGURE 1
SUBSCRIBER-BASED STATUS MONITORING

Every cable operator has in place an
extensive status monitoring system. This
system covers every tap outlet in the sys-
tem, providing feedback when picture
guality degrades to unacceptable levels.
There are many problems with this univer-
sal monitor system. For example, feed-
back is slow, often providing the first
indication of problems several minutes
after the problem occurs. Collecting
data is also very expensive, since some-
one must answer the phones when all of
those angry "status monitors" call in to
complain about their picture quality
(Figure 1).

Obviously, there is great benefit in
a system that can find and report system
changes before they result in subscribers
becoming upset. These systems are avail-
able from all major CATV equipment sup-
pliers. The typical status monitor
product resides in the trunk amplifier.
It measures the performance of one or
more frequencies in the system and
reports back to the headend using an RF
carrier in the return band. More recent-
ly, stand alone monitor products have
been introduced that offer more complete
measurement capability. For the most
part, these also use the RF return system
for communications.

These devices work well when a
return system is available, but what do
you do when this luxury is not available?
The advantages of status monitoring are
only available when you are able to com-
municate in some way with the monitoring
devices. Talking to the devices is easy.
Any cable system can find space to
squeeze in one data carrier somewhere in
the forward frequency band. The trick is
getting back to the operator from the
devices in the field.
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The easy approach may be to build an
RF return system. Many systems have been
built with two-way capability, even if
the return amplifiers were never in-
stalled. A full return system can be ex-
pensive to install, however. This is
especially painful if the only applica-
tion of the return system is for end of
line monitoring. The cost of all of the
return amps must be divided over a very
small number of monitors. Furthermore,
many systems currently in operation have
no facility to be upgraded for operation
of a return system. How can we communi-
cate with status monitor devices in these
systens?

LOW COST RF RETURN SYSTEMS

First, let's examine the options
available for using the RF return system,
when an upgrade is possible. While status
monitoring will not necessarily allow a
system to be maintained with fewer tech-
nicians, additional resources should not
be required just to maintain the return
system. Any return system that is in-
stalled solely for status monitoring,
therefore, should require little or no
maintenance of its own. Set up should be
straight forward. The cost of the return
system should be small compared to the
cost of the monitoring equipment itself.
We have examined two alternative return
configurations that meet these require-
ments: the Return Data Relay system and a
low cost return amplifier.

Return Data Relay

The first RF return system we
studied is what we call the Return Data
Relay system. In this approach, the
return data pilot is converted back to
baseband, timing corrected, and
retransmitted back toward the headend by
intermediate relay stations in the sys-
tem. These relay devices can take the
place of the return amplifier in selected
trunk stations (Figure 2). The distance
between relay stations will vary, depend-
ing on the spacing of the amplifier sta-
tions and the amount of passive loss
between stations. In general, we would
expect to install a relay in every fourth
or fifth station. In between the relay
stations, a simple jumper arrangement al-
lows the RF carrier to pass through the
station.

The Return Data Relay system offers

two significant advantages over tradition-

al return systems. The first is the lack
of setup and maintenance required to
operate the system. Noise buildup is
limited to the span between relay sta-
tions. Even with trunk branching, the
noise floor will be very low at the input
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to the receiver. The low noise floor al-
lows the receiver to accept a wide range
of input levels without the noise over-
powering the signal. Variations in level
due to thermal changes are minimal over
the short cascades as well. Adjustments
for transmit and receive levels can be
simplified or even eliminated.

A second advantage of the Return
Data Relay is cost. It is not difficult
to make a wide dynamic range receiver cir-
cuit that will operate in a low noise en-
vironment. There are integrated circuit
receivers that will perform the job very
nicely for either AM or FM data systems.
In a system using traditional trunk based
status monitors, the transmitter of the
transponder can be used as the transmit-
ter of the relay, thus the cost of the
transmitter can be eliminated from the
repeater. The cost of a repeater station
will be considerably less than the cost
of a standard return amplifier, and we do
not even need one in every amplifier loca-
tion.

The primary argument against the
Return Data Relay system as the RF
product of choice is that it is strictly
a single use device. It does not allow
the return path to accommodate any ser-
vice other than a single status monitor
data pilot. This is not a serious draw-
back, since our only application for the
return path is the monitoring system it-
self. We have, however, also considered
the possibility of a more general purpose
system that will provide for services
beyond the status monitoring system.
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Low Cost Return Amplifier

Most return amplifier modules assume
that video signals will be sent to the
headend on a return channel and
retransmitted to subscribers on the for-
ward system. To operate properly in the
system, this application requires a fair-
ly expensive amplifier module and exten-
sive setup. If we limit our application
to narrow band data communications, the
performance requirements of the amplifier
module can be relaxed considerably.

While a typical sub-split return system
operates from 5 to 30 MHz, only a small
portion of that bandwidth is required for
data. Several data pilots can operate in
a single 6 MHz video channel assignment.
It is easy to implement a return
amplifier to accommodate a narrow-band,
data only, return system using any of a
number of integrated circuit RF
amplifiers. A single IC can provide up
to 20 dB of gain at a very low cost. No
slope control is necessary for the narrow
bandwidth required. All that is needed
is a gain control for the purists who in-
sist on setting levels and possibly a
simple thermal compensation network to
limit the level variations due to tempera-
ture changes.

Here is an example of how this sys-
tem might work: Assume a 300 MHz system
spaced at 22 dB at the highest carrier.
If we use a return data fregquency of 11
MHz, there is about 4 dB of loss per span
for the return data. This will increase
when passive devices such as trunk
couplers are used, but will be less for
short spans. For a cascade length of 30
amplifiers, the total loss at 11 MHz will
be about 120 dB. For operation over a
temperature range of -20 to +120 degrees
Fahrenheit, the change in attenuation is
estimated by the following equation:

Ac= ((t1-t2)/10) X .01 X Anom=
((120+20) /10)x .01 X 120 = 12 dB

where Ac is the change in attenuation due
to temperature change, tl and t2 are the
temperature extremes, and Anom is the
nominal attenuation of the cable.

The receiver in the hub must accom-
modate input signals that vary as much as
12 dB over temperature variations. Any
variations in the nominal transmit levels
must also be accommodated. If we provide
a level control for the transmitters, it
is feasible to provide a receiver that
will track the level variations expected.
The system will, therefore, operate
reliably with no thermal compensation in
the return amplifiers. The lack of compen-
sation simplifies the setup and main-
tenance of the system substantially.

This does not necessarily provide a sys-
tem that will be usable by any other data
services, however. In order to provide a
reliable data path for other services,
thermal compensation is required. This
still presents an appreciable cost
savings over traditional return
amplifiers, but loses the advantages of
simplified set-up.

Having looked into two different ap-
proaches to a RF return system, what con-
clusions have we made? Each system has
some advantages. The relay system
eliminates any need for complicated set-
up procedures. It also prevents any build-
up of noise, which makes the monitoring
of the distribution system much easier.
The low-cost amplifier approach, on the
other hand, provides a less expensive ap-
proach to a trunk-only monitor system.

It also provides an easier upgrade path
to accommodate other data services. Both
systems also suffer from one other
problem. The devices need to fit into
the trunk station in the return
amplifier. This means that each unique
amplifier product line needs to have a
device designed to fit it. A large en-~
gineering effort would be required to
package the system for the many different
types of trunk equipment installed in the
field. The low cost amplifier is the
preferred solution due to its more univer-
sal nature.

THE ONE WAY TICKET

Two alternatives have been iden-
tified for implementing a return data sys-
tem when the return path is usable. 1In
many systems, however, there is no
provision at all for using the return
band. How can we retrieve status data in
these cases?

Visual Reading

One concept we have considered for
extracting data from the monitor modules
is the use of a visual indicator on the
outside of an amplifier station. This
could be as simple as a pair of colored
lights, a green light to indicate ncrmal
operating status and a red light for a
trouble alert. This system eliminates
the need to climb the pole and open a
test port to determine if signals are
present in the system. A system of this
type may work to speed system diagnostic
time when a major outage occurs, but will
not do much to allow us to find problems
before they become major. Only go/no-go
data is available, and collecting even
that data is a labor-intensive process.
Due to the limitations of this type of
device, we have focused our studies
elsewhere.
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Power Band Communications

Every cable system passes AC voltage
between stations to power the amplifiers.
To pass the power required, stations con-
tain bypass circuitry that blocks RF sig-
nals above 5 MHz, but passes lower
frequencies, from DC to as high as 1 MHz
(Figure 3). Using this band for data
transmission is not a new idea, but is in-
triguing. More and more devices are be-
coming available to perform similar
functions over shorter distances, in home
and office applications. It seems that
this technique can be applied successful-
ly in a CATV environment,

At least one vendor in the CATV
arena has a product that communicates in
the power band. Carriers from 100 KHz to
150 KHz are used. Data repeaters are
used to extend the reach of the system so
that a full cascade can be covered. Test
systems are installed and operating, show-
ing the viability of the technique.
Repeaters are installed at the locations
of the 60 volt power supply stations. No
extra passives are required. The trunk
stations that do not pass power must be
modified to pass the communications fre-
quencies while preventing the 60 Hz supp-
ly voltage from passing through them.

A power band communications system,
then, has a large appeal due to its mini-
mum impact on the system architecture.

It is a generic system, in that it re-
quires no significant modification to the
existing equipment.
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Installation of a power band com-
munication system in a CATV network can
be quite complicated, however. Although
the frequencies around 100 KHz are
generally passed through the power sys-
tem, the characteristics vary greatly
within a system. Manufacturers do not
specify the operation of their equipment
in this region. Not only do products
from different manufacturers differ great-
ly in their response in this range, but
also supposedly identical equipment from
a single vendor can vary greatly. Setting
up a system demands that the characteris-
tics of the particular section of the sys-
tem be analyzed to determine the optimum
frequency to use for the communications
channel. This analysis is currently
being performed manually by sweeping the
frequencies in the 100 KHz range for each
repeater span to find the best frequency
to use. Equipment is currently being
developed to automate the setup process.

The noise generated by switching
power supplies, coupled with the low im-
pedance to ground presented by the power
system, requires a significant amount of
power from the transmitters in this sys-
tem. It is still not clear whether power
band communications is a completely
universal system. There may be some in-
stallations that will not pass the fre-

quencies desired,making this system
unusable.

Phone Line Communications

A conventicnal means of communicat-
ing with remote devices uses the
telephone network. If full time com-
munications is desired, leased lines are
required. This is an expensive proposi-
tion. A voice-grade dedicated line that
runs between telephone switching centers
can cost over $100 per month, even for a
short connection, and over $300 per month

for a longer run. This cost would prove
difficult to justify.

An easier sell is the installation
of a standard dial-up line. This would
eliminate the surcharge for connecting be-
tween local switching centers. Base
rates may run as low as $30 per month,
with an additional charge based on the
number of calls made from each location.

In a dial-up telephone system the
control computer dials into the monitor
devices, one at a time, to determine the
status of a particular point in the sys-
tem. The speed of the system is limited
by the time it takes to place a call to
each station in the system. At best, it
takes about 5 seconds to make a dial-up
connection. Only 12 stations per minute
can be polled using this scheme. Even



the slowest conventional status monitor-
ing system can poll over 200 stations in
a minute. Thus, the dial-up system is
less useful than a conventional system as
an aid in rapidly finding major system
problems. It still provides the most im-
portant feature of status monitoring,
however. Data is accumulated over time
that will track the performance of the
system and indicate areas where perfor-
mance is beginning to degrade and main-
tenance is required.

Ride The Air Waves

The FCC has recently allocated a fre-
quency band at about 900 MHz for over-the-
air data communications. The hardware
required to take advantage of this space
is now becoming available. This system is
capable of communicating over the distan-
ces required by most CATV systems. Since
it is a line-of-sight system, the reach
that can be obtained depends on the
height and location of the master antenna
as well as the physical terrain of the in-
stallation (Figure 4). This system is
considered a microwave product by the FCC
due to the high frequencies involved.

This over-the-air system accom-
modates full-time communications. The
monitoring stations can be polled just as
if data was running through a two way
cable system. If a loss of power takes
down a monitoring node, the control sys-
tem will "know" almost immediately, since
it is continually polling the devices in
the field. A cable break or a failed
amplifier will not impede communications
at all, unlike a traditional cable-based
system.

MONITOR MONITOR
st
HUB
MONITOR
MONITOR / {~
MONITOR REPEATER
FIGURE 4 MONITOR /
REPEATER
OVER— THE- AIR
MICROWAVE COMMUNICATIONS

The hardware to implement an over-
the-air data system is not cheap by any
means. The transmit/receive stations
alone cost about $1500, for a unit that
is not rugged, and around $3000 for a
unit set in a rugged NEMA type enclosure.
That level of expense makes this over-the-
ailr approach unreasonable, except for a
few key points in a system. Lease arran-
gements will allow the operator to obtain
this over-the-air service without a large
initial expense. The cost of a lease
will make this technology cost competi-
tive with a dial-up system, while provid-
ing a dedicated, full-time, data link.

The 900 MHz over-the-air concept has
not been shown to be appropriate for a
CATV status monitoring system, but it
holds promise. The spectrum is avail-
able. Equipment is becoming more readily
available. Magnavox is looking seriously
into this technology to determine the
problems and advantages that it brings
us. Stay tuned.

SUMMARY

We have looked briefly at six techni-
ques for collecting data from status
monitor systems. The low cost return
amplifier and Return Data Relay systems
use the traditional RF return path of the
cable network. The low cost amplifier ap-
pears to provide a more complete and
general solution to the problem at hand.
Visual indicators provide too little com-
munication too late to be acceptable for
most applications. Using the power band
for communications holds promise as a
technique that applies in almost any sys-
tem, but the problems of setting it up
for individual systems must be resolved.
Telephone communications are certainly vi-~
able and can be implemented today. A new
high-frequency, over-the-air, data system
allows full time, rapid communications at
a cost that is comparable to monthly char-
ges for phone service.

The CATV community has not yet deter-
mined which of these systems will be ac-
cepted for status monitoring
gpplications. With the diversity of the
applications and personalities involved,
it is likely that most of them will be
used to some extent.
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DELIVERING DIGITAL AUDIO

JamMes GREEN AND CLYDE ROBBINS

JERROLD - APPLIED MeDIA LaAB

ABSTRACT

Cable television has grown to
service 60 percent of United States
television households. Additional
growth will require additional services.
Audio is the second largest consumer
communications market following video.
Cable television has the only pipe
presently capable of capitalizing on the
audio market. Digital audio is
necessary to control and provide premium
quality programming. This paper presents
an integrated system for digital audio
delivery which is compatible with
existing cable television methods of
operation. Room for future growth in
audio programming services is designed
into the systen.

CABLE INDUSTRY GROWTH

Cable television has grown over the
past 40 years by providing television
programing not available via local
broadcast reception. The first stage of
cable television growth came from
importing distant broadcast signals.
Cable developed during this period
primarily in small communities. The
second stage of growth was driven by
satellite delivered signals which
provided programing not available from
terrestrial broadcasters. This
additional programing allowed growth in
both small and large population
centers. As cable operators now look
toward deriving more revenue from
existing systems, it is useful to
consider that a cable system is really a
communication system capable of
delivering other services in addition to
television.

THE_AUDIO MARKET

After television, the next largest
available market is audio.

To put audio into perspective, U.S.
television sales in 1988 were 6 Billion
dollars. U.S. Consumer Audic Equipment
Sales were 2 Billion dollars. The audio
recording industry sales in 1988 were
6.3 billion dollars according to the
RIAA.

Since the advent of compact disc
players, the audio hardware industries’
sales on an annual basis have doubled.
The recording industry has seen a
rebirth. Compact discs offer
convenience and quality and are
achieving widespread acceptance (over 40
million CD players are in use
worldwide). Cable systems can be used
to deliver compact disc gquality audio
directly to the home.

DIGITAL AUDIO

Cable systems can deliver digital
audio to the home free of commercial
interruptions. Broadcast radio can not
deliver commercial free digital audio
because of transmission regulations,
backward compatibility problems and the
inability to derive revenue other than
by commercial messages. Cable system
operators have an opportunity to provide
the first direct digital audio link into
the home. Digital transmission is
necessary for control and consistent
quality. Although some analog methods
can yield high quality, encryption is
difficult and expensive. Digital
encryption is inexpensive and does not
affect quality.
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Digital audio is audio represented
as a series of numbers. There are
numerous methods of converting audio
from a continuous analog form to a
discreet digital form. 16 Bit linear
pulse code modulation (PCM)is used in
compact disc recordings. This system
provides excellent audio quality, but
uses excessive amounts of information
space or bandwidth. For transmission,
PCM is usually companded whereby
inaudible information is discarded. The
resulting audio quality is dependent on
the particular companding implementation
used. The interested reader is referred
to references 1 and 2 for additional
information on digital techniques.

Digital (or analog) companding does
have measureable affects on audio
performance parameters, the claims of
some system proponents not withstanding.
The parameters affected are typically
harmonic distortion and noise in the
presence of large signals (instantaneous
S/N). The change in these parameters is
not necessarily the important issue but
whether the change is audible or not.

The method which must be used to
determine transparency of a companding
system is to have independent
scientifically controlled blind
listening testing performed. The source
material must be of excellent quality
and varied in content. The listening
system and environment must also be
controlled and of excellent quality. If
blind testing done in this fashion shows
no statistical preference on any program
material for the disk source or the
compact disc source processed through
the companding system, then the system
is proven to be transparent.

Another method of digital audio
sampling is Dolby TM Adaptive Delta
Modulation (ADM). This system developed
by the leaders in both professional and
consumer recording technology offers
certain advantages over PCM systems. It
offers audio transparency at a low bit
rate (narrow bandwidth) and low cost
decoding.

Another advantage of ADM is the
ability to withstand a low level of bit
errors (i.e. 10-6 BER) without a
significant reduction in audio quality.
All PCM systems must be error corrected
throughout all transmissions, as severe
cracks and pops will result when the
most significant bits are in error. The
need for error correction translates
into increased receiver complexity and
cost as well as additional transmission
bandwidth.
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The goal of a transmitted digital
audio system is to be audibly
transparent while minimizing receiver
cost and transmission bandwidth (data
rate). Once a signal is in a digital
form, its quality is determined. The
sampling and companding system
determines the gquality, not the
transmission process (providing that bit
errors are corrected). This is the key
difference between analog and digital
signals; analog signal quality is
primarily determined by the transmission
or storage medium. Digital signal
transmission and storage (both audio and
video) are certain to play major roles
in the future of cable.

DIGITAL TRANSMISSTON

There are many options available
for transmitting digital signals. The
choice of modulation format is based on
maximizing signal robustness (least
received bit errors) while minimizing
occupied bandwidth and receiver cost.
The more complex the modulation (i.e.
number of data levels) the less
bandwidth used, but the more complex
the receiver is and the more
susceptible the signal is to noise,
reflections and interference.

A popular modulation choice for
digital transmission is quadrature
phase shift keying (QPSK) which uses
two data levels on each of two carrier
phases. Two data levels minimizes the
sensitivity of the signal to
interferences, as well as the receiver
complexity. Two phases doubles the bit
rate in a given bandwidth. Using more
data levels (4, 8, 16, 32, etc.)will
reduce occupied bandwidth by the power
of two used, but a 64B increase in
susceptibility to interferences is
taken with each power of two increase
in data levels. Figure 1 shows C/N vs
BER for QPSK signals. An informative
text on digital modulation techniques
is Reference 3.



QPSK BER
I

11 L1l |

L il

10-4

11 a4l

Lo 1 gl

It Lt it

i fJiLll

4t

10-?

6 8 10 12 14 16 18
db
Satellite RCVR C/N 30MHz BW

FIGURE 1

DIGITAL AUDIO SERVICE

Commercial free digital audio in
numerous musical formats (i.e. rock,
country, classical, jazz, etc.) has
been proven to be a viable pay service,
both in market surveys and market
tests. It does not cannibalize video
services and has achieved a high level
of customer satisfaction due to
convenience and quality.

DIGITAL AUDIO SYSTEM

In order to achieve success on a
national level, a digital
audio system should include the
following:

1. A proven addressable control
system with major billing
system interfaces.

2. A satellite transmission
system with no more stringent
requirements than those which
are required for video
reception including immunity to
terrestrial interference.

3. A cable transmission system
which does not displace
present or future video
services. The transmission
system should also operate to
the point of unacceptable video
services and not contribute to
video distortions.

4. Enough channel capacity to
accommodate growth in future
audio services. A guideline
for the number of audio
channels might be comparable to
the number of video channels
expected in the future.

5. Equipment payback time should
be favorable in comparison with
other possible service
investments.

A system block diagram for nation-
wide delivery of pay digital audio
services to the home is shown in Figure
2. Key points to consider for each of
the blocks follow.
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DIGITAL AUDIO DELIVERY SYSTEM
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Figure 2.

Program Origination

Each channel of the digital audio
service programming is sourced by a
computer controlled playback system.
The playback system plays from a
selection of format dedicated compact
discs according to a playlist programmed
into the control computer. The
playlists for each music format are
created by programming experts within
that format. The system is capable of
continual play, and the playlist and
disc stock can be updated as required.
See Figure 3.

1

Ssatellite Link

Up to 28 stereo audio pairs are
converted from analog to digital form by
Dolby DP-85 encoders. The uplink
encoder encrypts each channel, adds
forward error correction and control
data before interleaving the channels
and framing the multiplexed data.
Rather than using a pseudo video signal
format and applying it to a standard
satellite exciter, the multiplexed data
is QPSK modulated at a 70MHz IF
frequency and then upconverted to the
transponder uplink frequency.

D CD CHANGER H-—2210
R
=] AUDIO LEFT
CART SWITCH[ AUpIoOUT
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FIGURE 3
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This has two key advantages: an
improved bit error rate (BER) at the
receiver, and a bandwidth narrow enough
to allow filtering to reduce terrestrial
interference. This system will gperate
with as little as 10dB C/N. It 1is
desirable to carry the digital audio
service on a transponder of a satellite
which carries other common cable
services. In this case the existing 950
to 1450MHz feed from the existing
antenna and ILNB is split and fed
to the tuner and QPSK demodulator for
the digital audio service, as well as to
the video service satellite receivers.

Transportation

As shown, the cable system operator
will receive the digital audio service
via earth station downlink from a cable
programming satellite. In those cases
where the earth station downlink and CATV
headend are not co-located, provision
must be made to transport the signals.
The CATV community presently utilizes two
classifications of equipment to transport
video services: FM systems and AM
systems. Each of these can be compatible
with digital audio.

The FM systems currently employed
consist of FM supertrunk, FM microwave
(FML) and FM fiber optics. In any of
these systems, the digital audio signal
will be transported by processing the
received satellite IF signal (70MHz) as
appropriate to the application. In FM
supertrunk applications, the IF signal
can be converted to a selected output
channel, transported via coaxial plant,
and converted back to IF at the CATV
headend. FM microwave (FML) applications
require that the IF signal be
up-converted and amplified for microwave
broadcast, then received and
down-converted at the CATV headend. FM
fiber optic systems will make use of
available lightwave processing equipment
to deliver the IF signal to the CATV
headend.

AM systems in use include standard
coaxial plant, AM microwave (AML), and AM
fiber optic systems. Transportation of
digital audio through these will be
accomplished by processing the received
satellite signal into discreet QPSK
channels (as discussed in the following
section), and distributing these in a
method similar to processed FM analog
audio, or modulated video.
Interconnection to the addressable
controller will be by established data
communications products.

Headend Signal Processing

In order to provide a pay digital
audio service that does not take up
spectrum suitable for video services,
the FM band (88 - 108 MHz) is an ideal
location. Ingress generally makes
picture quality unacceptable in the FM
band. This ingress also makes
transmission of wideband multiplexed
high speed digital signals unreliable in
this band. The solution is to
demultiplex the high speed satellite
delivered signal and generate individual
data carriers which can be spaced 600kHz
apart.

Not only are the narrow band signals
less sensitive to noise and reflections,
but the carriers can be placed to avoid
frequencies of maximum ingress or
desired existing carriers. QPSK
modulation is again a desirable
modulation form for transmission over
the cable system. Operation with only
15dB C/N or C/I is fully acceptable. A
cable system with 35dB C/N video
carrying digital audio with QPSK
carriers 15dB below video still has a
15dB safety margin for the digital audio
service. This is due to the noise
bandwidth of the QPSK receiver being
about 400kHz instead of 4MHz which
reduces noise by 10db relative to video.

The headend signal processing
includes transponder tuning, QPSK
demodulation, data demultiplexing, error
detection and correction, control data
multiplexing and data framing, digital
filtering and QPSK modulation. Controls
are provided for transponder selection,
audio service selection, output
frequency and output level.

Since the QPSK carriers are more
robust than AM video, any transmission
component suitable for AM video use will
be suitable for digital audio use. This
includes AML and AM fiber.
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Addressable Control System

Addressable authorization control is
an important consideration to the success
of the digital audio service.
Authorization control is accomplished by
first encoding each digital service with
a "tag" or identification and then
authorizing each tuner to play a package
of services. This control is equivalent
to and compatible with present
addressable control methodology.
Additionally, the tuner is configured for
operating parameters and channel
allocation via the addressable control
system. This control can be an upgrade
to the existing addressable controller or
a standalone system.

The distribution of the addressing
data requires a family of communication
products that can accommodate a wide
range of cable system interconnect
architectures. These products have been
developed for present addressable control
systems and a pool of trained resources
is in place to assist in their
installation. A wide variety of local
and remote (both via RF and telephone)
applications can be met.

The business system integration of
the digital audio services will make use
of existing billing system functions;
installing a new converter type, and
building a new service package (or
packages). The billing system will
interface to the addressable control
system by using the standard wirelink
protocol.

DIGITAL RADIO RECEIVER

RF Input -

(D Data
g v
\ Tuner Demodulator s

Auyiliary

Dolby Input
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_.__49 L
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Receiving Terminal

The digital radio receiver block
diagram is shown in Figure 4. The front
end is similar to an FM radio tuner. It
is a single conversion tracking tuned RF
system. The oscillator is synthesized
and operates from a downloaded tuning
map. The IF frequency is 10.7MHz
allowing the use of wide type ceramic
filters for channel selectivity. The
10.7MHz IF QPSK signal is demodulated and
fed to a logic LSI which reads and passes
control information to a microprocessor.

The microprocessor decrypts control
information and in conjunction with the
LSI it decrypts the digital audio when
authorized. The digital audio data is
formatted and provided to the Dolby TM
ADM decoder which converts the digital
data to analog audio. This audio is then
passed through a digitally controlled
attenuator to provide the remote volume
control function and passed out to the
left and right audio output jacks.

Subscriber Installation

The subscriber installation of the
digital audio service will be similar to
that of an additional outlet. A coaxial
feed from the subscriber drop will be
routed to the location of the
subscriber’s home audio system where the
tuner will be installed. A wide dynamic
range input will facilitate installation
on any drop which provides satisfactory
video signals using a directional
coupler. The tuner will connect to the
AUX or CD inputs of the stereo system and
connections will be made using standard
hardware. The tuner does not require any
additional inputs on the subscriber’s
existing stero amplifier or receiver.
Audio inputs are provided on the digital
tuner to allow an additional input to the
audio system when the tuner is powered
off.

CONCTL.USION

Delivering digital audio presents the
cable system operator with an opportunity
to capitalize on the second largest
consumer communications market. An
integrated system for delivering digital
audio to the home can ease the launch of
digital audio services into the CATV
business environment.

This system can operate on existing
cable plant and take advantage of
existing business system operations.
Finally, the system possesses the
flexibility to allow for expansion as the
market requires.
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FACILITY LAYOUT

The design and construction of
the physical structure for performing
ATV testing requires attention to key
details, to assure that a flexible and
neutral environment is attained for ATV
testing. Adequate provisions for
lighting, ventilation, AcC powering,
interconnections, isolation, access,
security, storage, fire protection, and
people flow must all be considered in
the design. Since audio as well as
video characterization of the ATV
system is essential, special
considerations must also be given to
audio aspects of the design.

Ideally, the test facility should
be divided into separate areas for
subjective and objective testing. This
allows for subjective and consumer
preference testing in a more controlled
environment than a conventional lab
would support. Signaling and control
between the areas becomes important,
particularly during consumer preference
testing, where control of the test
material, impairments, signal routing
or video and audio settings may be
desired.

Linear "signal flow" should also
be maintained in the facility (from
source to presentation) to minimize
cable routing and potential feedback
problems. Access points to the ATV
signal for routing, monitoring, and
measurement must also be easily
accessible without incurring signal
degradation or modification. Signal
flow should also allow for convenient
interconnection with the desired media,
impairments, or simulators to be used
during the ATV testing.

VIDEO CONSIDERATIONS

Subjective viewing and consumer
preference testing of Advanced
Television dictates an environment that
is neutral and free from distractions,
so that accurate, 1mpart1a1 and
"focused" solo or comparison testing
can be accomplished. Critical design
parameters to be considered to ensure a
neutral viewing environment and
minimize distractions include correct
ambient lighting, viewing distance and
offset angle, wall treatments and
environmental control. Psycho-v1sua;
research and good englneerlng practices
influence the majority of these key
parameters.
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Specific ambient lighting and
wall preparation requirements for the
subjective viewing area are highlighted
in CCIR Guideline 500-3. The key
emphasis here is that the ATV system
under evaluation is to be the "center
of attraction" so that the eye (and
mind) is not distracted by the
surrounding environment. Neutral
walls, ceilings, and floors, in both
textures and color are optimally
recommended to retain subjective
attention. Ambient lighting set to 10%
of the viewing screen illumination is
appropriate. Additionally, a computer
controlled lighting system is
recommended to "remember" preset
lighting conditions to remove
ambiguity.

Viewing distance and angle have
an immediate impact on the physical
constraints of the test facility, in
that they dictate room size and shape.
Conventional wisdom supports the
premise that ATV subjective testing
should be done at a distance 3-4x’s
picture height. While the true
benefits of Advanced Television may
ultimately be viewed on large screen
(>35") television, present display
technology still has a way to go in
terms of brightness, resolution,
viewing angle and cost to realize these
benefits. Even with technical advances
in this area, it is unlikely that the
shape and size of the conventional
consumer’s living room will change
dramatically in the next 10-20 years to
take full advantage of Advanced
Television receivers.

Complicating the problem of
determining a viewing room size is that
motion artifact processing will be a
key evaluation parameter when the
various ATV systems are compared.
Supported by psycho-visual research,
most ATV systems improve resolution of
a static scene at the expense of moving
scenes, resulting in reduced resolution
during motion, and potential motion
artifacts. At close distances (1-2
picture heights), motion artifacts and
reduced resolution become more
apparent. Further away (beyond about 4
picture heights), they are not as
apparent, but unfortunately, neither
are the benefits of ATV when compared
to NTSC!

Puttlng all this together ylelds
some minimum and maximum viewing
distance requlrements for the
controlled viewing area. Accommodating



a 20" ATV receiver at 1lx’s picture
height yields a 1 foot minimum distance
requirement, whereas a 70" ATV receiver
viewable at 5x’s picture height yields
a 17.5 foot maximum distance
requirement. Nominal viewing testing
would probably be done at 3-4x’s
picture height, which, assuming a 35"
entry level ATV set, would be 5-7 ft,
consistent with a typical living room.
The viewing angle should be kept within
a +/- 30 degree offset from the center
line to ensure that adequate detail is
available to all the subjects taking
part in the viewing testing.

AUDIO ASPECTS

In some respects, the audio
aspects of the facility design are more
demanding than video, and require even
greater attention to detail to minimize
the background noise during subjective
evaluations. Potential sources of
background noise include ventilation,
heating and cooling systems, aircraft
and environmental noise, power system
hum, test equipment residual noise, and
good o0ld "people noise". Minimum
background noise requirements are
highlighted in IEC standard, NC-20.

Beyond background noise, it is
also important to minimize distraction
to other adjacent test areas during
actual subjective audio testing of ATV
systems. Fortunately, mininizing
background noise into the subjective
area also generally minimizes test
noise out of the subjective area into
adjacent test areas.

Noise is contained through a
variety of design techniques, such as
floating floor construction, minimizing
heating/cooling airhandlers noise,
soundproofing of walls, ceilings, and
ductwork, isolating access ways into
the facility, and reducing transformer
AC noise. These concepts are based on
sound acoustical practices, and are
supported by qualified architectural
design.

An optimum reverberation time of
.3-.4 sec, 500 HZ octave band is also
preferred in the IEC specification.
Although specific characteristics can
be custom tailored to particular
preferences and "listening
environments," a more preferred
approach would be that which simulates
the home environment.

VENTILATION/POWERING REQUIREMENTS

Given the powering (and therefore
heat generating) requirements of the
ATV hardware to be used during

evaluation, obtaining adequate powering
and ventilation cannot be overlooked.

While final ATV hardware may
someday be "C-MOS custom IC based", the
available test and evaluation hardware
for the next several years will be
anything but! With limited ATV
hardware information presently
available, an approximate rule of thumb
would be to allow provisions for
powering and ventilation requirements
consistent with 10-15 Kwatt of power
dissipation for proponent hardware,
plus evaluation and test equipment
hardware. Wherever possible,
uninterruptable surge protected power
supplies should also be considered to
reduce down time and equipment damage.

Adequate ventilation in the
viewing area is also important for
several reasons, primarily to prevent
distraction of the viewing subjects
during testing. A "comfortable" level
of temperature and humidity must be
maintained during testing in a smoke
free environment. Ventilation must
also conform to minimum noise
requirements, as discussed in the audio
section.

ADEQUATE ISOLATION

In addition to sound isolation
mentioned previously, provisions for
RF, cable and AC power isolation must
be maintained. RF isolation is
important to prevent off air
interference from either local
broadcast channels or spurious
interference. Cable shielding becomes
essential when routing control and
signal cables in and out of the
facility, particularly the subjective
area. AC power isolation is important
to reduce 60 cycle hum and ground
loops. All can be minimized with
prudent engineering shielding and
grounding techniques during the design
and construction phase.

ACCESS AND SECURITY PROVISIONS

People access to the test
facility must be carefully controlled
to prevent unauthorized equipment
removal and traffic into the facility.
This is particularly important given
the high capital expense of the
equipment required to support ATV
testing. This includes not only
equipment provided by the test
facility, but also on loan by the
proponents.

Doorway access is also important,

given the large size of the decoder and
test hardware presently available. A
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minimum door width of 42 inches between
critical areas and outside doors is
necessary to transport the required
equipment in to the test facility.

This width should also accommodate
shipping containers necessary for
transporting the required proponent and
test hardware.

Security of the facility is also
critical from the standpoint of access
to proprietary information, some of
which may not be intended for public
distribution. "Off hours" tampering
could also be a concern, and must be
controlled. Given the high stakes
involved in the future of Advanced
Television, this item must not be
treated lightly in the design.

SUMMARY

The design of an Advanced
Television Test Facility can be
achieved, that will support objective,
subjective, and consumer preference
testing. Careful attention to detail
is, however, required to insure that
key aspects of the design are
considered beforehand. Successful
completion of the facility will provide
the foundation for thorough, impartial
evaluation of Advanced Television
Systems.
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