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ABSTRACT

Part I describes experiments and calculations aimed at demonstrating the fea-
sibility of asynchronous time multiplexing for multichannel speech. This multi-
plexing method was proposed and an initial evaluation done in a predecessor contract.
The work here generally served to elaborate on the theoretical analysis and pre-
dictions made previously, and demonstrated them in the laboratory. The experi-
ments tested various aspects of the method, and culminated in a realistic multi-
channel experiment with extremal coded speech signals.

The major feasibility demonstrations were done by using a digital computer
with A-D equipment. However, an analog extremal coding system was built in order
to demonstrate the equipment simplicity.

The work here showed that asynchronous time multiplexing is feasible, under
the conditions treated, for systems having as few as 24 sources. It was concluded
that the advantage of this method over sychronously multiplexed PCM is about 2.7
for 100 sources, and 2.1 for 24 sources. Increases in this advantage should be
possible with system improvements. The speech quality with this advantage is not
distinguishable, with casual listening, from that of the usual PCM.

The feasibility demonstrations here indicate that there are no evident technical
reasons preventing application of asynchronous time multiplexing. We feel this
method should eventually supplant the synchronous multiplex method whenever
bandwidth is sufficiently important to warrant the change.

Part II is a theoretical evaluation of the critical issues when sending high speed
digital data over troposcatter radio links. Troposcatter fading causes errors, as-
suming synchronization, and also influences the difficulty of maintaining synchron-
ization. The first issue is fairly well treated in the literature, and the literature
results are summarized here. The major effort was devoted to evaluating the effect
of the fading on maintaining synchronization.

The technique involved here was to apply previously reported level crossing
data for Rayleigh fading processes, which were run on an analog computer. These
basic Rayleigh fading results were then adapted to both a switched diversity and an
equal gain diversity case. This provided the probability of exceeding certain fade
lengths in given observation intervals.

It was found that if digital synchronization equipment can tolerate fades of the
order of 50 milliseconds, synchronization should be no problem over a troposcatter
link under the conditions assumed. However, if the equipment can only tolerate
fades of the order of a few milliseconds, the synchronization will not be effective.

These results indicate both a general technique for evaluating the synchroni-
zation problem under fading conditions, and indicate the required equipment capa-
bilities in order to operate successfully with digital data over troposcatter links.

xii






PART I: FEASIBILITY OF ASYNCHRONOUS MULTIPLEXING

This work on asynchronous multiplexing essentially extends work which was done

on the predecessor contract (DA 36-039 sc-87172) and which was reported in Ref. 1.

The idea of asynchronous multiplexing resulted from an investigation designed to
find more efficient ways of sending digital speech over a common facility. The present method

for doing this is to use synchronously multiplexed PCM.

In this section we will first review the asynchronous system, and then describe ex-
perimental results of running a buffer in a manner proposed by the original assumptions and
predictions. Next we will describe multichannel experiments and analyses designed to demon-
strate feasibility of asynchronous multiplexing. Finally we will describe two methods by which

single channel extremal codings were experimentally implemented.

1. REVIEW OF ASYNCHRONOUS MULTIPLEXING SYSTEM

During the predecessor contract on this work, a time multiplexing system for dig-
italized speech sources was proposed which we have called asynchronous multiplexing. We will
now consider the basic factors in asynchronous multiplexing, review the system, and note the

summary of a previous analysis and prediction.

1.1 Basic Factors in Asynchronous Multiplexing

If a number of speech sources are to be multiplexed on a common digital channel
(or trunk), a standard method is to use synchronous time multiplexing of the PCM samples.
Synchronous operation refers to the fact that each connected source is given a single channel
slot within a frame. With such synchronous multiplexing the connected speech source is sam-

pled regularly at the Nyquist sampling rate.

This operation has two disadvantages. (1) If the speech sources using the common
facility are telephone communicators, each source uses his allotted part of the channel less
than one-half of the time, because each is in a two-way conversation. (2) The regular sam-
pling used with such synchronous multiplexing provides enough samples to insure that all infor-
mation is transmitted. However, a great deal of the time, redundant samples carrying very

little or no information are transmitted.

As a result of work done on the predecessor contract, it was proposed that an ap-

propriate irregular sampling of each speech source be utilized, and that each speech source






seek access to the transmission link only when it has a sample to transmit. In other words,
since the samples from each source occur irregularly, it is proposed that the samples from all

the sources be allowed to enter the channel asynchronously without prior arrangement.

Such asynchronous time multiplexing may be regarded as a form of ""demand match-
ing" (Filipowsky Ref. (2) and (3)), where a source has access to the channel only when it has
information to transmit. This means both reducing redundancy of the single source and smooth-
ing the nonuniform flow of information from the multiple sources. In an ideal multichannel case,
demand matching would allow the channel to handle all the information from all of the sources.
Further, all the information would be statistically stable enough so that the channel could oper-
ate at a uniform rate (without a buffer), even though the individual sources created information
at a sporadic rate. In practice one cannot realize this ideal. Not all of the information can be
transmitted (a situation usually called freezeout), and the information rate of the total ensemble

of sources is not perfectly constant so that some buffering is required.

Work on an irregular sampling for speech, which permits realization of the asyn-
chronous time multiplexing described here, is reported in Mathews (4) and Spogen, et al., (5).
This sampling method has been called "extremal coding" or "selective amplitude sampling'

(SAS). The two major aspects of extremal coding are: (1) the samples occur irregularly, and
(2) the average rate of occurrence is about one-fifth that of the Nyquist sampling rate .

1.2 General Description of Asynchronous Multiplexing System

Figure 1 shows a block diagram of the transmitter side of the proposed asynchronous
time multiplex system. Irregular analog samples (which occur only when a source is active)
have access to an M-sample buffer after digital encoding. The irregular sampling allows: (1)
sampling which reduces redundancy from that of regular sampling and (2) a more uniform flow
of total samples from the N sources. A sample is removed from the buffer every 7 seconds

(synchronously).

If the buffer is full, an arriving sample will be "frozen out" or rejected. If the
buffer is empty throughout a transmission interval 7, the channel will be "idle" for this interval

(data that does not require real time transmission could be inserted in such idle time).

Any irregular sampling (of analog waveforms) must be accompanied by time infor-
mation. As originally proposed, it was assumed that the number of sources, N, be sufficiently
high that the time between transmitted samples will be small, and only "buffer-delay-time"
need be sent in order for the receiver to locate accurately the time placement of samples
(shown in Fig. 1). Since this system runs asynchronously, a "source identification' must also

accompany each sample.

As mentioned, the system envisaged incorporated "extremal coding" as a particular

irregular sampling method. Extremal coding refers to the process of sampling the waveform
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Fig. 2. Block diagram of asynchronous time multiplexing
using extremal coding.

only at local "extrema" (local maximum or minimum), and sending only these values. At the
receiver end one may fit a waveform to these quantized irregularly-spaced samples (or "boxcar"
and filter the irregular samples). This method has been shown to yield very good speech in ex-
perimental tests, Ref. (4) and (5). It represents a useful sampling method for running a multi-

channel situation asynchronously.

When extremal coding is considered, the general block diagram of Fig. 1 is re-
placed by the more specific one of Fig. 2. The first function is to sense the extrema, and allow

only amplitudes at extrema to pass through a gate. A source identification must next be inserted.






The amplitudes of the extrema are then digitally quantized and coded by a common unit. This
information feeds the buffer asynchronously. Parameters will be chosen so that only "buffer

delay" time information need be sent.

1.3 Summary of Previous Analyses and Prediction

Using the extremal coding referred to above, at the end of last year's work a pre-
diction was made for the expected improvement over synchronous systems. In this section we
wish to simply review this prediction and the reasoning behind this prediction. Later in this
section we will portray a more sophisticated analysis and prediction. The new prediction will

differ somewhat from the previous prediction, but not radically.

The prediction presented last year was based first on choosing a certain number of
connected sources (which determined both the total rate and the amount of time information that
needed to be sent), secondly on choosing the average extrema rate from each source (which is
determined by the coding and the resulting quality), and finally on the assumption that the dis-
tribution of the occurrences of the multichannel extrema in any clock pulse interval is Poisson
(which is necessary in order to apply the previous buffer analysis). The numbers chosen for
last year's analysis were as follows. A 100 channel system was assumed. This relatively large
value was chosen in order to be assured of a Poisson distributed extrema distribution function
whose mean value is independent of time, and also so that one need only send time information
denoting the amount of buffering. The extrema rate was based on the results in Refs. 4 and 5,
wherein it was concluded that an extrema rate of about 1500 for an active source is reasonable.
Next a design value for the fraction of extrema frozen out had to be chosen. This freeze out

fraction was chosen to be .0005 which was assumed reasonable for extremal coding. It was also
necessary to assume some average fraction of time during which all of the connected sources

were active. This average fraction or ""on' time was taken to be about one-half.

To emphasize the major assumptions, then, the basic extrema rate was associated
with "active" sources and this was taken to be 1500 extrema per second. Enough sources were
included in the system so that exactly half of them were active or generating extrema at any
timé. It was further assumed that the Poisson distribution applied to this combined average

rate and activity state. Also a freeze out fraction of .0005 was used.

Under the foregoing assumptions, it was concluded that the bit rate could be reduced
by a factor of 3 using the asynchronous system. This factor of 3 was associated with a small
estimated drop in the quality of the speech, which is of course related to the quality of the ex-
tremal coding method. It was estimated, based on data which is published in the literature,
that a quantization signal-to-noise ratio of 21 db could be realized with this system. Since
present military systems use 6 bits at 8 ke for an estimated 26 db quantization signal-to-noise
ratio, it is predicted that extremal coding will entail about a 5 db signal-to-noise ratio loss.

However based on experiments which were done in this laboratory, this is in the range where

4






the difference in quality is hard to detect by listening.
It was an expressed object of this year's work to perform whatever experiments

and analyses were necessary in order to justify or correct the prediction which was made using
the above previous gross model. In order to do this it was necessary to perform certain multi-
channel experiments. Also single channel experiments were required in order to ascertain
what minimum extrema rates could be achieved for a given listening quality. Both the multi-
channel experiments and the results of the extremal coded channel will be reported in the fol-
lowing seétions. The number of parallel channels is reduced from 100 and some of the previous
assumptions are no longer held to be valid. First we will describe an experiment which cor-

roborated the previous analysis of the buffer.






2. EXPERIMENTAL ACTION OF A 16 LONG BUFFER

The first experiment demonstrating the feasibility of asynchronous multiplexing
consisted of running an experimental buffer (in a computer) under the conditions assumed in
the analysis done last year (described above). The objective of this experiment was to corrob-
orate the mathematical analysis done previously (Refs. 1 and 7). Also, results could be found

with this experiment which were unattainable theoretically.

Note that the input to the buffer in this experiment consisted of events which were
generated according to a Poisson statistic; hence this test did not test the validity of the Poisson
assumption. Also, the experiment here utilized a constant "average rate of extrema' (a con-
stant u). This assumption is not always valid, especially when the number of parallel channels

is reduced substantially below 100 as in section 3.

This buffer experiment was programmed on a computer and used the Monte Carlo
technique. The output from a random source available in the computer was operated on by a

transfer function in arder to go from the equally-distributed probability to a Poisson statistic.

2.1 Experimental Results

As mentioned, a Monte Carlo simulation of a 16-long buffer was run on a computer,
in this case an IBM 709l in order to ascertain buffer aspects not amenable to analysis. The
simulation effected a buffer where the input in each 7 interval was determined by a Poisson
random generator, and one sample, if available, was removed at the end of each 7 interval. The
Poisson random generator was effected by suitably grouping random digits from an equally-
likely random generator. Such an equally-likely generator is available as a standard computer

subroutine.

Freezeout conditions were noted by the occurrence of buffer content exceeding buffer
length (16) in any 7 interval. After a given buffer occupancy was recorded, samples were limited
to 16, one sample was removed, and the next input was called for. The probability density of

buffer occupancy (Bk) for u =0.8 and 0.9 (see footnote 2) is shown in Fig. 3.

This data resulted from 20 runs of 1000 7 intervals for each of four initial buffer

'An IBM 7090 has replaced this IBM 709; later experiments were done on the 7090.

®As noted in Refs. 1 and 7, the u equals the average rate (taken across sources) of
occurrence of samples in time 7.
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contents: 0, 5, 10, and 15 samples. Since the average, over 20, histograms of these results

were essentially alike for the four different starting conditions, the results of these four were

in turn averaged. It is these averages which are plotted in Fig. 3. An important conclusion is
that averages over 1000 intervals are "steady-state'' averages for u =0.8 or 0.9. This is true
since the averaged ekperimental values for each of the four initial contents are close to the

theoretical Bk values (shown by x's in Fig. 3). Note that Fig. 3 should be read as a histogram;

the points are connected only to aid in separating the two conditions.

The ordinate values of these curves show that the idle time, which is approximately
(1 - u), is as expected, and that the most likely buffer occupancy is one sample, which was pre-
dicted by the analysis of Ref. 1. The computer data also indicated freezeout behavior as pre-
dicted by the analysis; however, the freezeout data is not statistically significant since it's such

a negligible percentage (< 0.05 percent).

Another Monte Carlo experiment was run to determine how many 7 intervals are
required for the buffer to recover to average occupancy after full load (where freezeout may
have occurred). With initial contents of 15, the histogram of occupancy was noted for each of the
first 120 7 intervals. One thousand sample points are used for each histogram. Selected po-

sitions from these are shown in Fig. 4.

It can be seen that, for u = 0.8, the buffer recovers to average conditions at about
80 7 intervals after full load. These curves depict the transient occupancy conditions after full

load.
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The above Monte Carlo results, along with the analysis done last year, show that
under the given assumptions low freezeout can be obtained for modest buffer length if the input

is Poisson distributed.

We will now describe a series of multichannel experiments whose purpose was to
test the assumptions and parameter values assumed above. In effect, these experiments re-

sulted in a more sophisticated analysis technique for the multichannel system.

AFTER FULL LOAD (%)






3. MULTICHANNEL EXPERIMENTS

In last year's analysis (Ref. 1), discussed in section 1.3, it was assumed that the
number of sources (N) involved is large enough so that one can consider the number of "active"
channels as being independent of time. As the number of sources decreases, it is clear that the
number of sources which provide extrema simultaneously fluctuates, and these fluctuations can-
not be ignored as N becomes small. This is obvious in the limiting case for N = 1. The pri-
mary differences between the analysis (and experiments) which follow and last year's analysis
stems from this fact of here accounting for the fluctuating number of "active' sources. A second
difference discussed in section 3.2.1 is that the previously used F.O.F. (freeze out fraction) of
.0005 is increased substantially.

Each source provides extrema only when the talker is actually talking. We will call
these periods of activity "talk bursts." Basically a talk burst is related to the time during which
energy above a certain minimum level is being transmitted. In the experiments done below, an
end of "talk burst'" was assumed whenever no extrema occurred for 50 milliseconds or more.
Thus in this analysis, talk bursts do not include pauses greater than 50 msec between phrases
or words, nor do they-include those periods when the talker is listening to his communicant.
Obviously this means that a source is in talk burst periods iess than one-half of the time. In
the following analysis, it is assumed that each source generates extrema by some stationary
process during the time in which the user is actually engaged in a talk burst. There are no ex-
trema generated at other times.

The distribution function for the number of extrema per clock pulse interval (7)
when N' sources are in simultaneous talk bursts is shown to be approximately Poisson in Section
3.1. In Section 3.2 the effects of freezeout on a voice specimen are described; then use is made
of the results of Section 3.1 to choose values of sampling rate, 1/7, for a parallel channel sys-
tem by considering an analysis based on talk bursts. A 24 channel system experiment is de-
scribed in Section 3.3 and the effects of the buffer on an actual voice specimen which comprises

one of the channels of this multichannel system are examined.

3.1 The Extrema Distribution Function

As noted the previous analysis assumed that the extrema distribution function may
be approximated as Poisson for the multichannel system (Ref. 1). This implies that the prob-
ability of "k extrema occurring in any clock pulse interval (7) is independent of the outcomes

of all other clock pulse intervals, and is given by






k
u

-u
p(k, u) =e ? ’ (1)
where: p(k, u) = probability of k extrema among the sources in a time interval 7,

u is the average number of extrema per clock pulse interval.

In the previous analysis this assumption was applied to an assumed fraction of the
total N connected sources (N/2 sources were assumed active at any given time). Since the a-
nalysis here accounts for a varying number (N') of "sources in simultaneous talk burst," we

are interested in testing the Poisson assumption for N' talkers in simultaneous talk bursts.

The validity of this Poisson assumption was investigated in computer experiments
where N' took on values ranging from 2 to 24. Note that, if N' is of the order of 24, the N con-
nected sources are of the order of 50. We will now describe the experiments which tested the

Poisson assumption.

The experiment was carried out as follows: first an analog voice specimen was
sampled at a 40 kc rate (the 40 kc choice is described in the next section). Then, via a com-
puter program (see Section 4.1) the "extrema' of these 40 kc samples were found. At this point
all intervals greater than 50 msec containing no extrema were removed from the data, leaving
only periods of talk bursts. It was the occurrence of the extrema that was tested for Poissonness.
Thus the occurrence or lack of occurrence of an extrema was retained from the original sam-
ples, while the level information, being of no consequence for this experiment, was discarded.

The remaining data were then split up into sections, and these (presumedly independent) sections

were used to implement N' "simultaneous talkers in talk burst."

After performing the above operations on the original voice specimen, a total of
216,000 of the resulting samples (hereafter referred to as sample slots) were used to provide
an equivalent multichannel specimen of length 5.4/N' seconds over which the statistics could

be found.

A computer program allowed probability densities to be constructed for each value
of N'. This process is depicted in Fig. 5. Basically this consists of dividing the total 40 kc
"slots" into N' parallel groups. This is done in a straightforward "sequential’ way. The num-
ber of times in which k extrema occur in corresponding slots is then counted. This directly-
gives an experimental measure of p(k, u), the probability of getting k extrema in any clock pulse
interval of length 1/40 X 103 for N' simultaneous talkers. The parameter u is defined as the

average number of extrema generated by the N' channel system in a clock pulse interval.

The details of this computer program are given in Appendix A. The results are
shown in Figures 6 and 7. The actual extrema distribution function for the number of extrema
per clock interval is shown along with the corresponding Poisson distribution value given (pre-

viously) by Equation (1).
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Fig. £. Calculation of extrema probability, p(k,u)
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Fig. 6 Experimental results for distribution of extrema from

N' simultaneous talk bursts. (a) N'=24, u= 1927,
(b) N'=12, u=.964, (c)N'=8, u=.642, (d N'=¢

u =.482.
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Fig. 7T Experimental results for distribution of extrema from
N' simultaneous talk bursts. (a) N'=4, u=.321,
(b) N'=2, u=.161.

For both the experimental distribution function and the Poisson distribution function,
the value of u is taken as .0803 N'. This value is arrived at as follows. The total number of
extrema for the entire 216,000 samples was computed and the sum divided by 216,000, giving a
value of .0803. This then corresponded to the average number of extrema generated by a single
channel in talk burst. If all channels are independent, as was assumed, then the average num-

ber of extrema generated by N' channels in simultaneous talk burst is simply u = .0803 N'.

Using this value of u, Eq. 1 becomes

ok, 0803 ) = o~ 0803 N (.081({)'3 YK @
As seen in Figures 6 and 7 the results indicate that the extrema distribution function
is close to Poisson for all values of N' considered. Although it has not been plotted in the fig-
ures, it is interesting to note that the binomial distribution function is as good a match to the
experimental results as is the Poisson distribution function for N' = 24 and 12. In addition, the
binomial distribution is almost exactly equivalent to the experimental results for N = 2, 4, 6,

and 8. The binomial distribution function for this u is given by:
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b(k, N', .0803) =(I‘f{' ) (0803)% (1 - .0803)N K, 3)

where: k is the number of extrema per clock interval.

Even though the figures indicate that the distribution functions are approximately
Poisson for the relatively large averaging time of 5.4/N' seconds (216,000/N' clock pulse inter-
vals), they do not necessarily indicate that the events (extrema) are independent for each clock
pulse interval. It seems intuitive in fact, that for the single channel case (N' = 1), the events
in each clock pulse interval are not independent. If there is a dependence relationship, then the
process could still be viewed as being stationary in every respect except that its expected value

varies. Hence its nonstationarity appears in this special way.
An averaging over shorter time intervals was carried out in order to investigate

this stationarity question in more detail. For each value of N', the total specimen of 5.4/N'
seconds was broken down into several smaller specimens of 22.5 msec (900 clock pulse inter-
vals) each. This would give 10 such smaller specimens from the original specimen when N' is
24, and 120 when N' is 2. For each value of N', distribution functions were calculated for each
of the smaller specimens and a standard deviation was computed of these distributions about
the mean values of the original specimen. These standard deviations are shown in Figures 6
and 7. Large standard deviations would indicate that the events in each of the smaller speci-
mens cannot be assumed to be independent from all of the other smaller specimens. From the
figures it appears that for larger values of N', the ratios of the standard deviations to the mean
values are quite small, and as N decreases these ratios become larger as expected. When the
original voice specimen was replaced by a random extrema generator which provided independ-
ent outputs, a standard deviation was computed by the above method for N' equal 24. 1t is
worth noting that these standard deviations were no less than those obtained when a voice speci-
men was used. Although it would be desirable to perform these experiments on even smaller
sized specimens of about 90 clock pulse intervals each (2.25 msec) in order to investigate the
stationarity of the process even further, the above comparison indicates that the process can

be assumed to be stationary for N' greater than about 8.

On the strength of the above experimental results it can be assumed that the extrema
location statistics of parallel channels of speech engaged in simultaneous talk bursts are equiv-
alent to those of a Poisson generator. This result both bears on the following experiments (to
be described) and on the previous analysis. If N (number of channels) is sufficiently high so
that the variation of N' (number of simultaneous talkers) can be neglected, as was assumed in
the previous analysis of section 1.3, then the above results verify that the extrema distribution

function is Poisson for the N channel system.

The way in which the above results influence further experiments will become clear

in the next section.
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3.2 Parameter Selection for Asynchronous Multiplexing

As mentioned, the analysis presented herein differs mainly from the prior analysis
in that here we account for the varying number of simultaneous talkers. In this section we will
first describe a freezeout experiment which permits us to select tolerable freezeout conditions.

Then, based on these conditions, other system parameters are derived.

3.2.1 Effects of Freezeout. First we wish to examine the freezeout situation. In

the previous analysis (Ref. 1) it was assumed that an F.O.F. (freezeout fraction) of .0005 was
tolerable. This was chosen then because a synchronous multiplex system (TASI---see Ref. 1)
operated with a .001 F.O.F. However the TASI system caused consecutive samples to be frozen
out. It can be shown that this causes average freezeout lengths of .03 seconds. This is an ap-
preciable part of a syllable length, which averages about 150 msec. In the asynchronous multi-
plex system here, the frozen out extrema are selected from all parallel channels somewhat at
random. Therefore the probability that several consecutive extrema from the same channel are
frozen out is negligible. Primarily for this reason the chosen value of .0005 is much too con-

servative.
In order to arrive at a more reasonable "just tolerable F.O.F.," the following ex-

periment was conducted. The computer selected the extrema from a voice tape by a varying
threshold technique which provided good speech reproduction (see Section 4.1). Then each of
these extrema was retained or discarded depending on the selection of a random sample from

a group of numbers. As an example, if a F.O.F. of .10 was the desired freezeout value, each
extremum was discarded when numbers from 0 to 9 were selected from amongst the numbers
from 0 to 99. Otherwise the extrema were retained and recombined by a curve fitting technique
to provide a new voice tape. Those F.O.F.'s investigated were, .01, .02, .05, .10, .20, and .40.

These operations are illustrated in Fig. 8.

Aural examinations of the voice tape with these F.O.F.'s gave a good indication of
the effects of these F.O.F.'s on the quality of the voice reproduction. From these results it
appears that a F.O.F. of .01 is just barely perceptible. This value is therefore taken as a
"just tolerable F.O.F." Values of F.O.F. greater than .10 seriously deteriorate the quality of
the speech reproduction.

An interesting observation is that even with values of F.O.F. up to .40, the speech
is intelligible if the system low pass cutoff frequency is raised from its normal value of 100
cycles to a value of about 400 cycles. Of course the fidelity of the voice reproduction is de-

creased. However, in actual telephone channels the low cutoff is 200 to 300 cps.

3.2.2 Choice of the Clock Pulse Interval, 7. We will now describe the method of

choosing parameters for the asynchronous multiplexing system. In effect this amounts to

arriving at a design value for the clock pulse interval 7. This clock pulse interval must not be
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Fig. 8. Block diagram of computer experiment for

freezeout fraction.

so large that an intolerable amount of freezeout will occur, nor must it be so small that the

multichannel system has no information to transmit during many intervals. Since N' (the num-

ber of simultaneous talkers) is varying, the freezeout fraction of course also varies. There-

fore, in addition to stating a just tolerable freezeout, one must state how much of the time this

freezeout will be exceeded.

We may find the clock interval 7 by choosing the following parameters:
(1) A "just tolerable F.O.F." will be exceeded only 1 percent of the time. This

number was chosen as being a conservative value.

(2) The probability that a talker will be in talk burst, p = .4. This estimate is based

upon the definition of a talk burst used here, and the measured statistics re-

ported in Refs. 8 and 9.

(3) R', the rate of generation of extrema for a single talker while in a talk burst is

2300 extrema per second. This value of R' was taken from measurements of a

previous experiment.

(4) A 16 stage buffer will be used.

(5) The distribution function for parallel channels in talk burst is Poisson (see

Section 3.1).

Assumption (1) implies that a critical number of channels in simultaneous talk bursts, N', which

gives a "just tolerable F.O.F." is exceeded with a probability of no greater than .01. Denote

this critical value of N' as c¢. Since all channels are independent, ¢ may be found from a solution

of the cumulative binomial distribution, which gives the probability that there are more than c

events out of N possible, if each has a probability p.

B(c, N, p) = .01 = Z

N
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Since all buffering analysis centers around u, the ratio of average buffer input rate
to average output rate, we can translate the varying N' situation into varying u by using the re-

lation:
u=R'N'T (5)
where: R' =extrema rate for a single source in a talk burst

N' = number of simultaneous talkers in talk burst

7 = length of a clock pulse period interval
If N' = ¢ (critical value of N'), then the critical u (uc) is given by:

u, = R' cT. (6)

We can now relate the critical value of u, which is exceeded less than one percent of the time,
to the value of 7 through Eqs. 4 and 6. Since the extrema distribution has been shown to be
Poisson, the analysis of Fig. 30 of Ref. 1 holds, and may be used to relate uc to F.O.F. Thus
we can relate values of 7 to just tolerable F.O.F. for various values of N (connected channels).

This relationship is plotted in Fig. 9.

In this figure, the just tolerable freezeout fraction is plotted versus the clock inter-
val 7 for various values of N, given that the just tolerable F.O.F. is exceeded only one percent
of the time. For all values of N shown, the slope of the curve is so great that there is not much
difference (in the related 7 interval) between a tolerable F.O.F. of .01 and .03. This indicates

that there is not much dependence of T on the actual value of tolerable F.O.F. As mentioned,
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Fig. 9 uses the freezeout method of calculation depicted in Fig. 30 of Ref. 1. This figure in

Ref. 1 is based on the following calculation:

FOF. =*+——— )

~ where: u, = critical u described above
a = a parameter which is calculated by the analysis of Ref. 1, and is equal
to the probability that the buffer is empty directly after a clock pulse.
An assumption inherent in using the results of Fig. 30 is that u remains essentially
constant for a large enough time to allow the buffer to reach a steady state. We can investigate
this by examining the amount of time that u is greater than uc. The averagé duration of time
that u greater than u, is maintained, can be calculated by the following binomial equation
(Bullington, et al., Ref. 8):

1B(k, N, P)
—LZch, N, P)’ ®

where: tF = average time that u greater than uc is maintained

L = mean talk burst duration.

The resultant values of tF are shown on the curves of Fig. 9 when L =3 seconds. L of 3 seconds
is a typical value estimated from the data of Ref. 8. It can be seen from Fig. 9 that tF is equiv-
alent to enough clock pulse intervals 7 to cause a 16 stage buffer to reach a level which is at
least equal to the steady state level for U, As an example, when N = 24 and 7 = 25 X 10'6 sec-
onds in figure 9,

tF .27 x 2300 x 24

TF = S S 252 < 24,800 clock intervals. )

In Section 2.3 it was seen that only about 1000 clock intervals were required for the buffer to

reach steady state.
The multichannel system simulation of the next section was carried out on a 24

channel system. When a just tolerable F.O.F. of .01 (a conservative figure) is assumed in Fig.

9, the resulting 7 is:

1

1
T94 = 39.600 ~ 40,000 S€COnds- (10)

This value of T was used both in the 24 channel simulation of Section 3.4, and in the tests for

Poissonness described in the previous section.

In conclusion, a just tolerable F.O.F. may be selected from the above results, and
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may then be used to select proper values for clock pulse intervals for any desired conditions

of asynchronous multiplexing.

3.3 Multichannel System Simulation

In this section an over-all experiment is described which in effect represents a
culmination of the previous work and results. This experiment essentially simulated an N chan-
nel system via a digital computer. This is accomplished by artificially simulating N-1 of the
channels by a random extrema generator. These extrema are fed into a 16 stage buffer along
with the extrema from the actual voice specimen of the Nth channel. The effects of the buffer
freezeout on this Nth channel are then examined. A block diagram of this process is shown in

Fig. 10. The details of the computer program are included in Appendix A.

The random extrema generator is a Poisson generator (see Section 3.1) whose
mean extrema rate varies directly as the number of channels, N', which are engaged in simul-
taneous talk bursts. A sample of the random process N' may be acquired by using statistics
from a study by Murphy and Norvine, Ref. 9, as discussed in the following paragraph. The
random extrema generator then provides k extrema each clock pulse interval according to

the probability density function;
k
-TR'N'_(TR'N'
ok, N) =1 L (1)

where: N'is a function of time, and R' = 2300.

We will first portray the method of implementing the random extrema generator in

accordance with Eq. 11. Then the results of the experiment will be discussed.

3.3.1 Simulation of N' Channels in Simultaneous Talk Burst. In order to consider

an N' channel simulation we must first discuss a single speech channel. A single channel may
be synthesized by using the probability density curves of Ref. 9. Basically this involves the
selection of simple algebraic formulae which may be used by the computer to generate pauses

and talk bursts periods by a single talker, and which reasonably match the experiment data of
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Ref. 9. In order to use the results of this data we must understand the relationship between our
"talk bursts' (defined in Section 3), and "talkspurts' as used in the experimental study of Ref. 9.
Talkspurts are defined as, "'. . . speech by one party, including his pauses, which is preceded
and followed, with or without intervening pauses, by speech from the other party . ..." This
implies that talkspurts may be made up of more than one talk burst. As noted before, a pause
within a talkspurt occurs whenever speech energy is absent for 50 milliseconds or more. This
in effect denotes the talk bursts. In our analysis, two kinds of talk bursts exist. The first kind
is a talk burst which is preceded and followed by pauses and talk bursts of the other speaker.
The second kind is either followed or preceded (or both) by a pause and then by one or more
talk bursts of the same speaker. The first kind of talk burst includes all monosyllabic replies.
Those pauses between talk bursts of the same speaker are defined as resumption pauses. Thus
a sequence of resumption pauses and talk bursts of type 2 comprises a talkspurt. Those pauses

between talkspurts of different speakers are defined as response pauses.
In order to synthesize the single channel system, we must choose algebraic ex-

pressions whose plots adequately match the experimental data of Ref. 9 for the talk bursts, the
pauses, and the resumption probabilities (the probability of resumptions within a talkspurt).
The algebraic expressions presented herein, which are finally arrived at after a trial and error
type of curve fitting, use general functions of the type ¢! exp (—atx). They are reasonably simple,
have mean values which correspond to the experimental data, and peak at approximately the
correct places. We-have chosen the probability density function for length of Type 1 talk bursts
whose plot is the solid curve of Fig. 11. Figure 12 shows the assumed curve for lengths of
Type 2 talk bursts, the solid curve of Fig. 13 the curves for lengths of response pauses, and the
solid curve of Fig. 14 the curve for lengths of resumption pauses. The solid curve of figure 15
depicts the assumed curve for probability of resumptions within a talkspurt. It will now be
shown that these solid curves approximately match the data compiled in Ref. 9, and given by the

broken lines in the respective curves, and the additional figure 16.

The solid curves for response pauses, resumption pauses, and probability of re-
sumptions in Figs. 13, 14, and 15 obviously match the broken lines taken from Ref. 9 and re-
quire no more comment. It then remains to validate the talk burst curves of Figs. 11 and 12 by

use of the measured data on Fig. 16.

The broken line of Fig. 11 for Type 1 talk bursts is taken directly from the data of
Ref. 9 by combining the two curves of Fig. 16. We may then assume that the solid curve for
Type 1 talk bursts in Fig. 11 adequately matches the broken curve derived from Ref. 9. The
mean value for the curve for Type 2 talk bursts of Fig. 12 is arrived at in the following manner.

Consider these facts taken from the data of Ref. 9:

The mean length of Type 1 talk bursts (see Fig. 11) = .82 secs.
The mean response pause length (see Fig. 13) = .41 secs.

The mean resumption pause length (see Fig. 14) = .73 secs.
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The probability of a Type 1 talk burst, i.e., a talk burst with no resumptions (see
Fig. 15) = .6
The mean talkspurt length (see Fig. 16) = 4.14 secs.

Using these facts and the solid curve of Fig. 15 for resumption probability, we may evaluate a

mean Type 2 talk burst length, Q, from the equation
© 1\D
6(.82) +4 Z (5) [0 +1)Q +n(.73)] = 4.14 (12)
n=1

where: Q = mean Type 2 talk burst length

n =the number of resumptions.
A solution of Eq. 12 yields
Q =2.60 secs.

As a check on the values taken from Ref. 9 and on the resultant value of Q, the re-

sultant probability that a talker will be in talk burst, p, should be about .4 as in Section 3.2.2.

This value is

6(.82) + .4 i‘l @)n (n +1)2.60
n=1

2(4.14 + .41) = 396 (122)

p =
This corresponds well with the design value of .4.

In summarizing, we note that all probability density functions which produce the
solid curves of Figs. 11, 12, 13, and 14 are valid and may be used to synthesize a single channel.
Only the mean value of the second type of talk burst is known, and for lack of more information,

we shall assume the probability density function producing the curve of Fig. 12 to be valid.
The solid curves referred to above have the following algebraic form. For talk

bursts of Type 1,

(t-.1)/.15 -(t-.1)

fl(t) =33.4(t - .1) [e +.00738 e ] (13)

For talk bursts of Type 2,

fz(t) - 496 [e-.408(t-.05) ) e-lO(t-.OS)]. (14)

For resumption pauses,

p,(t) =8.65 (t - .05) e-(t - .05)/.34 (15)
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For response time pauses,

-t/.205

p2(t) =23.8te (16)

These are the equations, then, which were instrumented in the computer to "gen-

erate'' the various talk bursts and pauses.

Figure 17 illustrates the method of selecting talk bursts for each channel. Random
numbers,' designated as, r, are selected from the random number generator. When these values
are equated to the integrals of the density functions, talk burst and pause times lengths Tfl,
sz, Tpl, and sz are calculated which correspond to the respective functions fl, f2, pl, and
Py Note in the figure that the talker of interest, talker A, must pause to wait for replies by

talker B, during which time extrema are not being transmitted by the system. Only during talk

burst periods of Tf and Tf for talker A is this single channel influencing the multichannel
1 2

value of N'.

For each of the N-1 channels, the digital computer randomly selects pause and talk
burst intervals. N' is then a function of time and is acquired simply by calculating the number
of channels in simultaneous talk burst as indicated in Fig. 18. This resultant value of N' is then
used in equation (11) to obtain the number of extrema in each clock pulse interval. These ex-
trema are fed into the buffer with the extrema from the voice tape. If the buffer is full, extrema
from the voice tape may be frozen out. It is this freezeout effect that is of interest in the re-

sults of the actual test discussed in the next paragraph.

3.3.2 Results of a 24 Channel System Test. From Section 3.2.2 the clock pulse

interval for this 24 channel system is selected as 7 = 1/40,000 seconds. When a typical voice
tape input was subjected to this system, as shown in Fig. 18, very few extrema were frozen

out in a run of about 7.4 seconds. The effect of this freezeout was of course undetectable.

, The behavior of the random variable N' for the 23 channels (N-1) is shown in Fig.
19. From this figure it is obvious that the fluctuations of N' about the mean value of 9.8 (thié
mean value was obtained for the entire 7.4 second test) are quite large indicating that we can-
not approximate this system with a constant value of N', and that an analysis such as the talk
burst analysis described herein is necessary. Note that the experimental mean value of N' of

9.8 is in good correspondence with the theoretical design value of:

average N' =p XN
=0.4%x24=9.6 (1

The buffer occupancies experienced in this test are shown in Fig. 20.
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3.4 System Evaluation and Conclusions

We now wish to compare the asynchronous multiplexed system as analyzed here to

a companded PCM system, as was done previously in Ref. 1 (See section 1.3).

First we need to consider the "bits per sample" for this system. As noted in Ref. 1,
the three items in each sample are: (1) the amplitude of extrema; (2) the source number; and
(3) time information. It has been found that 6 bits of amplitude information are sufficient. The

time information, however, requires some comment.

In our computer extremal coded studies (described in the next section) the input
samples were taken at a 20 kc rate. This corresponds to a time quantization of 0.5 X 10_4t sec-
onds. In an actual system the extrema will be detected without time quantization, but it will
experience a quantized delay in the buffer. We shall base our estimate of time information on
the following assumption: finding extrema from samples taken at 1/At is roughly equivalent to
detecting true extrema and allowing time jitter of At. This would mean, using our experimental
figure, that time need be encoded only to within 0.5 X 10_4 seconds. As a precaution, we will

adopt a safety factor of 2, and estimate the required time accuracy to be 0.25 X 10-4 seconds.

Since we are assuming a 16 stage buffer, and since the time information varies with

T, it is seen that the required time "bits" are given by:

Time bits = log2 |:16 X ———I——_‘{\ (18)
0.25 X 10
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We can now note the complete number of bits required per sample of information:

Quantity Bits Required
Amplitude of Extremum 6
Source Number log2 N
Time Information log2 [16 x-—T—_4]
0.25 x 10

‘The digit rate for the asynchronous multiplexed system can be stated as:

6 + log, N + log, [16 X 7/0.25 x 10™%]

R = digit rate = 7 (19)

As noted before, the 7 can be read from Fig. 9 for a given value of tolerable freeze-
out and channel number, N. It is worthwhile to review the major assumptions inherent in using

Fig. 9 to obtain 7. They are:

1. The selected tolerable F.O.F. occurs at most 1 percent of the time.

2. The extrema rate for talk bursts (R') is about 2300 extrema per second.

The other factors involved are noted in Section 3.2.2.
We can compare the rate of Eq. 19 with 4.8 X 104 X N bits per second for com-

panded PCM. This should provide comparable quality speech reproduction.
A Dbit rate ratio may be defined as:

Digit rate for companded PCM 7 X 48 X 104 XN

Digit rate for asynchronous multiplexed system -

; (20)

6 + log, [16 x 7/0.25 X 10°7]
This is a measure of the estimated improvement in channel capacity of asynchronous

multiplexed system over companded PCM. This ratio is plotted in Fig. 21 versus the number

of channels N for a tolerable freezeout of 0,01 and 0.03. Note that Fig. 21 takes no account of

the fact that the time information will be quantized. Thus fractional time bits are used in

plotting Eq. 20. From the curves it appears that the bit rate advantage is greater than 2 so

long as N is greater than 20, For 100 channels it is estimated that the bit rate advantage is

at least 2.5.

We can now summarize the results of these multichannel experiments, First of all,
from the Poisson test described in Section 3.1 it was found that the extrema generated by a
fixed number (greater than 6) of talkers in simultaneous talk bursts are Poisson distributed and
stationary. Thus if the fluctuations of the number of talkers in simultaneous talk bursts is

truly insignificant, the extrema distribution function is Poisson with a fixed mean value,

From the freezeout experiments described in Section 3.2.1 it was learned that when

1 percent of the extrema in a good quality voice production are randomly deleted the effects
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Fig. 21. Bit rate compared to companded P.C. M.

are insignificant, At 3 percent the effects are barely noticeable. Therefore, it is estimated
that choosing a 3 percent tolerable freezeout, to occur no more than 1 percent of the time, is

a conservative criterion for freezeout.

Finally, the multichannel system simulation of Section 3.3 demonstrated the feas-
ibility of operation with as few as 24 channels with the parameters described above. As noted,

the estimated bit rate saving for 24 channels (over PCM) is about 2.

All of the above analysis has been based on fairly conservative interpretations of
the experiments accomplished. There are two factors which may improve the bit rate advantage
of asynchronous multiplexing, in the future, over that shown above. First of all, with some
development the extrema rate may be reduced from 2300 (for talk bursts) to something like
2000. Laboratory results have already achieved lower rates (Ref. 4), but practical techniques
have not yet yielded sufficient quality at the lower rates. Secondly, the freezeout parameters
chosen here may turn out to be more conservative than necessary. More experiments are
required to ascertain this. An estimated value which may be achieved in the future for the

bit rate ratio of a 100 channel system is about 3.2.
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4. IMPLEMENTATION OF EXTREMAL CODING OF SPEECH

As noted in Section 2 above, the essential idea here is that an existing coding
which is proposed in Mathews (Ref. 4) and Spogen (Ref, 5), has been adopted here for use in

this asynchronous multiplexing method. The actual quantitative degree of bit saving in using
this asynchronous method over synchronous PCM for a given quality depends of course on

the success of implementing a certain quality with this extremal coding. For a number of
reasons it was necessary in this work to implement single channel extremal coding channels in
order to study the quality which was available, One big reason for requiring this is that the

conditions here are not the same as those under the work of Refs. 4 and 5.

As noted before in Section 2, the essential idea in extremal coding is to select
those positions on the waveform which are extrema and send only those samples, Consequently
the chief problem in implementing a channel in the transmitter is to write certain rules under
which the extrema will be selected., For example the noise problem appears here. One must
select '"rules' such that extrema will not be sent when only noise is present, In the transmitter

then the essential idea is to adopt a framework or a means of selecting extrema, It may be
noted that in Ref. 4 a variety of sophisticated techniques was used on the computer to select

the extrema. Inthe work of Ref. 5, a more elementary method of selecting the extrema (in

analog fashion) was used.

In the extremal coding "'receiver' the essential idea is to accept the irregularly
arriving samples, put them in their proper position, and then fit a waveform between these
irregularly occurring samples. In actual equipment the most elementary way of fitting a
wave-form between irregularly occurring samples is to '"box car'' the samples and then
filter the results. This gives some valid approximation to the actual waveform. However one
can get more sophisticated than this by fitting a standard type wave between the irregular

sainples; this was done when the computer method was used.

During this year, the single channel extremal coded experiments were implemented
by two methods: (1) by use of the digital computer, and (2) by means of an analog prototype
extremal coder and receiver. The digital computer method was used as the primary experi-
mental method, in which a number of things were to be tried. The primary idea with the
analog method was to demonstrate that one can obtain reasonable quality with an existing
piece of equipment. In other words in the analog method one would hope to make use of all the

things which are learned via the more experimental computer method.

As mentioned before the objective of these single channel codings were as follows:

1) to determine the effect of particular implementation methods on quality, 2) to determine the
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effect of freezeout on quality (See 3.2.1), and 3) to give us some experience with the type of
quality that extremal coding can afford versus given extrema rates. If one had to rely simply

on statements made in the literature about listening quality one would not be in the same position
as if one can do the listening in the laboratory. Finally it was necessary to have actual experi-
mental results in order to perform the multichannel experiments described in the previous
section. In particular when running the simulated 24 channel situation, it was necessary to have
as input actual extrema statistics. Furthermore when making the Poisson test actual extrema

statistics were used.
As mentioned we have run both computer experiments and analog experiments which

implement extremal coding. In the computer case two different sets of ''rules' were tried for
implementation of the transmitter detection of extrema, and a "waveform fit" was applied to the
receiver samples. In the analog case the transmitter selected extrema by a fairly straight-
forward derivative method with a window, and in the receiver the samples were boxcarred and
then filtered. We will first describe the computer experiment and results below and then the

analog experiment and results.
4,1 Computer Implementation of a Single Extremal Coded Source.

Because the digital computer is a flexible instrument, it has become the practice
in recent years to use it as an experimental tool. That is, instead of constructing equipment
to perform particular functions in digital communications, one simply writes programs to
treat the digitized samples in the fashion which equipment would treat it. Thus, in effect, one
has achieved a more or less idealized experiment which serves a very useful laboratory function.
The chief idea is that, by using such a flexible method, one can obtain the upper bounds on
experimental performance. Then one should try to implement actual equipment to match the

simulated results as closely as possible.

In implementing the computer experiment one first puts the analog voltage through
a digital-to-analog converter. This digital-to-analog converter must both sample and quantize
the analog voltage, and also put the information on a magnetic tape in a form suitable for ac-

ceptance by an IBM 7090 computer. Note that a magnetic tape input is virtually required because
one needs high input rates in order to do this type of experimenting. If one had to punch cards

for each input sample the amount of card punches and the speed of card punching would prohibit

efficient or sensible use of this technique.
Although the samples are inserted into the computer via this A-D method, the

program is put in via cards. The program then performs the experiment simulation on each

individual sample of data.

The experimental procedure is depicted in Fig. 22, First the analog speech is put

through the special A-D converter.® The resultant digital tape is then put on an IBM 7090. After

3Although the A-D function here is elementary, the actual equipment is fairly sophisticated.
This is because the digital tape must be properly formatted for acceptance by the digital
computer, Hence a number of timing, synchronizing, and control functions are required.
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Fig. 22. Basic block diagram of computer implementation.

reading the input tape the computer examines the input sample values and determines the sam-
ple extreme values. At the sampling rate of 20 ke, it was estimated that the sample extrema

are sufficiently close to the actual extrema so that his effect should not limit the quality.
After the extrema are located, the computer will erase the intermediate samples.

The signal now stored in the computer corresponds to the extremal coded signal (pulses
representing the sample time and sample value of the extrema). This signal can now be com-
panded and coded for transmission. In the computer, the companding operation will employ

logarithmic companders,

A more complete block diagram of the entire computer experiment is shown in Fig.
23. Here both the actual ""simulation' operations, and the measurements (shown in dashed lines)
are shown. Practically all of the functions shown here have been discussed, and need not be
repeated. Note that the "freezeout' function shown in Fig. 23 is used only when testing the

effect of freezeout (as described in Section 3.2).
The various measurements shown in Fig. 23 will be discussed later when portraying

the experimental results.
The procedure used for finding and identifying the extrema will now be treated.

There were essentially two basic methods for finding the extrema via the computer method.

One of these is called the ""constant threshold" and the other is the "varying threshold method."

A basic objective, with extremal coding, is to get the best possible quality for the
least number of transmitted extrema, Thus, not all minor ""bumps" in a speech waveform are
desired, since such extrema would elevate the extrema rate without a commensurate increase
in quality. The thresholds mentioned are simply means of separating the desired extrema

from the minor undesired ones, and also distinguishing actual speech extrema from noise.
Under ideal conditions extrema could be detected by noting all zero-crossings of

the derivative of the waveform. Because of both minor bumps and noise in the waveform, how-
ever, it is desirable to make the derivative of the waveform pass through some "window' before
noting an extrema. In other words, instead of noting zero-crossings (zero window) of the deriva-

tive waveform, one requires the derivative to pass through from the plus side to the minus side
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Fig. 24. Sketches of thresholds in extrema
selection

of a window, or vice-versa, as shown in Fig. 24a. When the signal and its derivative combine so
as to go through the window, then an extrema will be found in the intervening portion. An al-
ternative to this window would be to construct a varying window, as shown in Fig. 24b. In using
this varying threshold, the major idea is to cause the threshold to vary with amplitude of the
wave. Thus when the waveform is large this threshold requires a large change in derivative
before an extremum is detected. This threshold was used in an attempt to get better quality for
a given rate of extremum. As will be seen later these varying thresholds tried here did not
improve the quality-rate relation noticeably.

The particular variable threshold will be denoted by (a, b), (c, d), based on Fig.
24b. This specifies the breakpoints in the varying window. In all cases tried the same slope
was used but the constant values were varied. The slope of the window was determined by the
equation:

-1, f

1 = -
PRSI

slope = = 0.08 (20a)

i-1!

where: fi = amplitude of ith sample
fi' = digital derivative
The most frequent window used was given by (5, 32), (40, 256).

To emphasize, then, if one used zero-crossings instead of some window such as
shown in Fig. 24, the resultant extrema rate would be too high for the resultant quality. The

procedure for finding the extrema can now be outlined:
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1. Sample speech at 20 kc in order to get the extrema located with this accuracy.
2. Find the derivative by taking (ai+1 - ai), the difference between two consecutive
samples.

7"

3. Select a "center clip" section or '"center window." Naturally as the window is
"widened" the quality will tend to deteriorate; if the window is narrowed the

quality will tend to improve.
4, An extremum will be identified each time the derivative waveform passes through

the center window. If the derivative enters and emerges from the same side,
no extrema will be noted. If a derivative passes through, then the extrema is
identified as that sample which is the highest (or the lowest) during the time

the derivative is within the window.

In a communications situation, it is these extrema which are sent over the link. In
the experiments here we completed the system by forming a "receiver.”" This also was done in
the computer. The "receiver' consists of taking the given extrema values (and their locations)

and calculating the values of intervening regular samples according to some law.

With both threshold methods of detecting the extrema, the receiver method consisted
of placing the extrema at the proper place and then fitting a waveform to the extrema samples.
This was done by using the interpolation waveform suggested by Ref. 4. This amounts to taking

the extrema and fitting the function:

F(x):x2(3-2x) 0<x<1 (21)

where: F(0)=0, F(1)=1

as the interpolation waveform, The time interval between the two extrema of interest is nor-
malized to equal 1. Then intervening sample values are calculated, assuming the first extrema
is at the origin, By this means the sample values intermediate to the extrema sample values

were determined, and this was used to form the "output" waveform,
A slight embellishment in the receiver consisted of artifically bringing the waveform

down to zero if there were 50 consecutive time slots (at the 20 kc rate) without an extremum.
This was the means chosen to bring the waveform to zero when the speech was off. Some such
"rule" has to be made, and simply represents a receiver modification. It should be understood

that this does not increase the transmitted samples.

A description of the computer program for this extremal coding case is given in

Appendix C.

4.1.1 Experimental Results. We will now depict the experimental results that were

achieved by using these computer methods. First we will make some general statements about

36






the method of constant rate and variable rate and about the rate versus listening quality. Then
we will show time plots of various segments of the waveform to both indicate the excellent
reproduction of the waveform by this simple method, and also to indicate those trouble spots
which do occur. Thirdly we will discuss the table showing the signal-to-noise ratio versus the
rate (for each of the records); finally we will show the average extremal time interval distri-

bution between extrema.

It may be remembered from the introduction that the analysis of last year assumed
that extremal coding of sufficient quality could be obtained at about the rate of 1600 extrema
per second. Also, this figure was associated with the time that a channel is "active." This
figure was based on the work of Refs. 4 and 5. In the amount of time which was available for
experimentation here, we were not able to get reasonable enough quality at rates of 1600
extrema per second. In should be recognized that methods used in Ref. 4 allowed a large
number of fairly sophisticated computer techniques to increase the "quality-extrema rate"
ratio. Here we were relatively restricted because we used only those computer methods which

can obviously be implemented rather simply by analog equipment.

We were able to obtain quite acceptable quality under the given conditions at
extrema rates of about 2000 to 2100, corresponding to "active' time, or "talkspurts.'" Our
best estimate of the "talk burst" rate* (which takes out all pauses between extrema which are
longer than 50 milliseconds) is about 2300 extrema per second. Although this increase from
effectively 1600 to 2100 of course decreases the advantage of the asynchronous multiplexing over

that predicted earlier, the loss is not too great as was seen in Section 3.4.
During the experiments which were done it was found that there was essentially no

difference in quality between the constant threshold and the varying threshold, depicted in Fig,.
24, Although the waveform action was changed slightly, as will be seen later, the changes were

not significant either in the signal-to-noise calculation or in the listening results.

It appears that the most disturbing distortion which is characteristic of the extremal
coding is at the low frequencies. This is caused by the fact that one is fitting a standard wave-
form between the irregularly spaced extrema. Most of the "distortion energy" will come in
those cases where there is a relatively long stretch between the extrema so that the waveform
may be slightly incorrect for some period of time. It was found that one can improve greatly
the quality (or reduce the distortion) of extremal coded speech by keeping the low frequency
cutoff at 250 cycles or above, It may be noted that this low frequency cutoff aspect of extremal
coding is very appropriate with telephone lines. Therefore extremal coding should be able to
afford quality which is barely distinguishable from normal telephone line speech. This can be

corroborated by listening tapes which were made from our experiments.

* Talk bursts and talkspurts were defined in Section 3°3- 1 Essentially talkspurts include

both talk bursts and pauses of a single party
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In the experiments which are being reported here there were essentially two separate
cases. The first case consisted of three sentences of speech at a given volume input, Due to
some indications in those results a later set of experiments were run at a higher volume. At
this higher volume the speech was ''read faster' than the previous. That is, the same three sen-

tences were used but these sentences were read in a fast ''radio announcer' fashion so as to
provide a higher average rate. The motive here was to obtain an action which is more char-

acteristic of "talk burst" activity (rather than talkspurt —see Sec. 3.3.1). This was successful,

since only a few pauses had to be removed.

To conclude these general remarks then, we were able to obtain very acceptable
speech especially suited for telephone lines at a talk burst rate of 2300 extrema per second, or
an over-all active (talkspurt) rate estimated to be about 2100 extrema per second. Although
this rate is not as low as the experimental rate reported when this coding was proposed this
rate is reasonable when one considers that we were restricted here to relatively unsophisticated
rules in implementing the transmitter and receiver. However, even with these simple rules we
believe that the rate can be reduced from this if one spends some time in development. Based
on the experiments done to date, we believe that one can achieve talk burst rates of about 2000

extrema per second.

Time Charts

In order fo show the time behavior of the effectiveness of extremal coding, Figs.
25 and 26 show some typical input and output curve shapes of speech plotted by the computer.
In these figures the "stars" indicate the input sample values and the continuous line shows the
sketched path of the output sample values, By comparing the line indicated by the stars with
the solid one can see how the output departs from the input. In general the output follows the

input with good fidelity.

All the charts in Figs. 25 and 26 came from the speech experiment value which
yielded the 2100 extrema per second (about 2300 per talk burst). As mentioned before this
sample sounds very good and is ralatively indistinguishable from telephone channels whose
lower cutoff is something like 200 cycles per second. It may be noted that at higher rates one
can obtain still better fidelity between the output and the input. For example Fig. 27, which
shows a sample of part of a recording which would be at the rate of 2900 extrema per second

shows that the output follows the waveform with good fidelity even over wide swings.

Figure 28 serves to indicate the essential difference between using the constant
threshold and the varying threshold in the time plane. As one would expect, the varying thresh-
old begins to miss some of the extrema which are farther away from zero. This will result in
the action between ""240" and ''250" in Fig. 28. The top portion, Fig. 28a, was obtained with the
constant threshold, while the bottom, Fig. 28b, was obtained with a commensurate varying

threshold. It can be seen that the action throughout the entire time sequence is about the same
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for both cases except in the area of 240-250; one extrema is missed by the varying threshold.
Of course, if such extrema are not very important to the quality of speech it would be desirable
to eliminate them. However in this case, and in many cases like this, missing extrema of this

nature introduce undesired distortion.

Probably the most flagrant and consistent type of error which this type of coding
makes is shown in Fig, 29. Here between 320 and 350 it is seen that the fitted output waveform
departs quite drastically from the input waveform, The action here is characterized by the
fact that the input waveform is spending some time around the origin, and then moving away
at a steep rate, Since the ""extremal' sensing used here has no way of knowing when the wave-
form departs from zero, it fits a waveform between the two extrema as shown. This is the
most flagrant source of error in the coding system used here. Probably the most profitable
way to improve the quality-extremal rate ratio is to find a simple and effective way to counter
this problem. It may be noted that this happens in both the constant and varying threshold while
the lower one results from a varying threshold. Note also that one can again see how an extrema

is missed by the varying threshold case by comparing the right side of these graphs.

We can see other examples of the effect of this ""zero departure" difficulty with
the extremal coding by looking at previous figures. For examples in Fig. 25 it occurs between

100 and 110 in the upper one and also between 260 and 270 in the lower one.

Signal-to-Noise Results

Another way in which the efficacy of extremal coding can be evaluated is to calculate

a signal-to-noise ratio derived from the distortion. In our case the average signal-to-noise
ratio was derived by using:

.2
Z fin (ti)
‘ ) (22)
" [fout € -1,
i

As mentioned previously two sets of experiments are being discussed in this report,

Average (S/N)db =10 log10

The results of the first set are shown in Table I,

In this case the speech sample of three sentences comprised 16 ""records.”" A
"record" corresponds to an amount of data which approximately fills the computer storage.
Since the computer cannot process the data in real time, the data must be divided into such

segments.

Table I essentially shows the S/N and the corresponding extrema rate per second
on a record-by-record basis. Both constant and varying thresholds are shown in this table.
Note that one can compare the rate of extrema with the rate of zero-crossing of the derivative

that would occur if the window were zero. With regard to the signal-to-noise ratio in db stated
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Rete of Derivetives 1. Derivative k Varying Derivative 3. Derivative
ord No. Crossing Zero Window at Window Window at

(no window) Constant § (5,32), (4o, 256) Constant + 10

Rate | S/N Rate SN Rate S/N

2 3460 2118 | 10.kk 1746 1 9.3

3 4240 3248 3.75 2997 2.14 2670 2.7
L 4590 3541 11.13 3318 9.79 3018 8.9
5 k560 3597 | 10.35 3397 9.337 3132 9.6
6 4600 2686 11.30 2500 9.43 2230 9.7
7 3450 2343 12.06 2153 10.08 1808 8.9
[} 5750 1005 8.26 1005 8.26 838 1.3
99 5250 1 -0.065 1 -0.065 0 ---
'1c 4350 2748 1.69 2559 -0.02 2561 0.86
11 4080 2639 | -18.85 2333  |-20.26 2219 | -19.2
12 3560 2349 6.77 2023 5.56 1831 5.7
13 4600 73 3.32 n 8.016 32 5.0
W 5930 15 | -0.155 15 | -0.155 0
15 14660 1920 4.95 1804 4.25 1381 4.6
16 3940 2946 5.22 2670 3.841 2585 4.5
17 4760 2033 10.76 2004 9. 1721 9.0

4520 2079 1912 1601

Table I. Comparison of extrema rate and S/N results for
constant and varying derivative windows.

here, it should be noted that a signal-to-noise ratio of 10 in this calculation is very good. This
calculation is done in the computer by comparing the output sample to the input sample. Some
of the noise spectrum will be filtered out in the output and will not be entirely effective in
producing distortion in the speech. This is especially true at the lower end where, as men-
tioned before, keeping the low frequency cutoff at about 250 cycles per second significantly
reduces the distortion of the extremal coded speech., Therefore it must be cautioned that these
values should be used as relative numbers and not for comparison with other speech results

obtained under entirely different conditions.

The time charts in Figs. 25 and 26 were taken from the run labelled No. 1 in Table
I. The threshold in this case was constant, and set at ''5." The value 5 refers to a basic
quantum in the digitized input., Since the input is quantized with 10 bits to +512 levels, the 5

here means that the derivative has to be within +5 basic units before an extrema is detected.

The quality statements made earlier also referred to this run No. 1. It was stated
that about 2100 extrema are required for the average "active" speech (talkspurt), and this was
estimated to correspond to 2300 for a talk burst rate., From listening it was found that the

quality of this tape was quite good.

In a second set of experiments a series of tests were run at a higher volume, where
the speech was also occurring at a higher rate. The extent of the more rapid speech rate is

illustrated by the fact that the same three sentences used before now only comprise 12 records
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instead of 16. The extrema rate for the speech here is appropriate for "talk burst' rates.

The results of this second set of experiments are shown in Table II below, Com-
paring the results here to those of Table I it may first be noted that the extrema rate is higher

here since they are approximately "talk burst" rates.

Record S14.192)10 5. (?’lﬂ za’?le 6. (.?’ izr?*)"f"e T. (?3‘:32*‘."19 8. (5.‘?::‘)“".“ ;.5&10;0
No. Constant Window Derivative Window| Derivative Window | Derivative Window | Derivative Window Constant_ Window
: (5,32) , (40,256) (10,64), (40,256) (20,128), (60,384) | (20,128), (80,512)
Rate | S/N Rate “S/N Rate S/N Rate [ S/N Rate S/N Rate S/N
2 All Noise} All Noise All Noise All Noise H All Noise All Noise|
3 1937 8.34 1799 6.72 1683 6.27 1434 4.78 1434 4,78 1511 5.57
4 3396 7.1 3637 6.22 3264 5.92 2586 4,49 2586 4.49 2622 5.04
5 3445 4. 61 37175 4,38 3316 3.73 2579 1.78 2579 1.78 2615 2.05
6 3322 1,01 3616 0. 69 3256 .35 2590 -1. 49 2590 -1. 49 2608 -1.38
7 2507 10.168 4468 1.0 2465 9.85 1584 +7.09 1584 7.09 1587 7.10
8 3117 10. 81 3668 11. 4 3084 10.19 2310 7.82 2310 7.82 2319 7.99
9 2666 11.15 3511 10.5 2571 9.92 1743 7.69 1743 7.69 1773 8.09
10 2884 7.09 3014 6.6 2762 6.13 2125 3.63 2125 3.63 2152 3. 86
1 1989 8.28 2649 9.27 1917 7.90 1186 5.50 1186 5.50 1195 5.62
12 1380 10. 047 1998 8.76 1270 8.37 793 6.95 793 6.95 8117 7.28
13 3204 -0. 314 3487 -0. 42 3099 -.89 2408 -2.83 | 2408 -2.83 2423 -2.71
14 1671 10.19 2042 10.7 1621 9.63 1183 7.08 1183 7.08 1195 7.19
Pvera.ge 26265 7.44 3138 7.15 2526 6. 45 1817 4.37 1875 4.317 1901 4.64

Note: Tape 53 with 1.6 volt peak audio.

Table II. Comparison of Rate and Signal-to-Noise Ratio Results for Talk Burst Rates.

The chief reason for increasing the volume was to increase the input audio signal-
to-noise ratio. However it was found that this increase did not improve the quality-extremal

rate ratio. Thus it was shown that the audio input S/N was not limiting the quality.

Finally, we wish to note the plot of the distribution between extrema. This is shown
in Fig. 30. This graph shows the distribution of run No. 1 (constant threshold) and also No. 4.
For comparison the distribution given by Ref. 4 is shown, This information in this distribution
is used as a guide to indicate methods of improving the quality-extremal rate ratio. To increase
the quality per rate it appears necessary to move the peak of this distribution to the right to

correspond with the literature results.

4.1.2 Conclusions. In conclusion then the above series of results and accompanying
listening tests indicate that ordinary telephone quality is obtainable at talkspurt rates of about

2100 extrema per second, which corresponds to talk burst rates of about 2300 extrema per

second. Although these are the results accomplished within the amount of time available for
this effort, we feel that even better quality may be obtained for a lower rate after some further
development. As mentioned above, a potential improvement lies in detecting when the waveform

remains constant for a period, and then artificially introducing an extremum at such a point.
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This concludes the results of the computer implementation of the signal channel extremal coding.
4.2 Implementation of Extremal Coded Channel by an Analog Method

In the asynchronous multiplexing system of interest here the function which is new
and novel is the detecting of extrema, and the reconstruction of the waveform from extrema.
In the previous section we described the computer method of implementing an extremal coded
channel. The objective here was to demonstrate and build one prototype of an extremal coder
and simple receiver. It 'was felt that since this is the unique portion of the entire system that
this requires some prototype demonstration. The buffering operation and other aspects of this
asynchronous multiplexing method are considered to be relatively straightforward applications

of existing methods and techniques. The work here, then, represents essentially a fairly sophis-
ticated extremum detector combined with a fairly simple receiver. The receiver simply con-

sists of a "boxcar" circuit, which holds a constant value at the last sample voltage until the next

sample arrives. This irregular step-like waveform is then filtered to provide the output.
’ A functional block diagram of the extremal coder and of the boxcar receiver is

shown in Fig. 31. Although there are several ways in which the detection of the extrema may

be performed, the simplest way is to differentiate the input signal and detect the zero-crossings
of the differentiated wave. A pulse, then, at each zero-crossing is used to trigger a sampling
gate, which samples the signal at the time of the detected extremum, Threshold and clipping
operations (as in previous computer case) would be included to eliminate unnecessary or noise-
caused extrema. A series of pulses, of heights representing the amplitude values of the extrema

and located at the times they occur, is the output of this basic coder.

The circuit which was devised to implement this extremal coding is shown in Fig.
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Speech Sampling
m < Gate >
Amplify Threshold Zero
and Adjust and »1 Crossing > Genzl:zla.stsr
Differentiate Center Clip Detector

Fig. 31. Functional block diagram of analog
extremal coder.

32. Basically, the circuit contains an input amplifier driving a differentiating circuit, certain
threshold and bias adjustments, a zero-crossing detector, and a pulse generator driving a
sampling gate, In addition, there is a capacitor holding circuit on the output of the sampling
gate which acts as a "boxcar" circuit. This circuit simulates a particular kind of decoding

or receiving circuit which might be used with extremum coding and transmission systems.

Basically the operation of the circuit is as follows. The input amplifier drives an
RC differentiating network, the output of which is amplified and fed to a clipping circuit. By
means of the Bias control (see circuit diagram), it is possible to adjust the zero clipping level
of the clipping circuit, The clipper produces a rectangular wave whose transistions occur at
the zero-crossings of the differentiated signal. Thus a zero-crossing with a positive slope
produces the positive portion of the rectangular wave, and a negative-going zero-crossing
produces the negative portion of the wave. In addition, by means of the Hysterisis and Balance
controls, it is possible to spread the clipping points so that a positive-going slope through the
zero level will not result in the clipper operating until the positive-going voltage has reached a
certain value above zero, Similarly, the curve will not produce a negative-going transition
until the differentiated signal has passed through zero, and past a certain negative voltage ‘
level. The spreading of these transition levels from zero to points on either side of zero
allows the elimination of small fluctuations around zero of the derivative which correspond to

small "bumps' and noise in the original inputs,

The rectangular wave output of the clipper is passed through a phase inverter and
a differentiating circuit which feeds a diode gate, with the result that a negative pulse is pro-
duced for each transistion of the clipper. Thus a pulse is produced at the extreme points of
the original input signal. These negative pulses are fed to the blocking oscillator and an
amplifier-inverter. The amplifier-inverter produces 20-volt pulses suitable for triggering a
digital counter or other external equipment. The blocking oscillator provides the properly

shaped sampling pulse to the sampling gate.
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The original input signal is fed, through an amplifier and emitter follower driver,
to the sampling gate. By means of the input sampling pulses from the detection circuit, the
audio-input signal then is sampled at the extreme points of the wave. The output of the sam-

pling gate, then, is a very narrow pulse of amplitude equal to the value of the input signal at the
sampling time. At this point the sample would be set over a transmission link in an actual

system. To implement the ''receiver' a capacitor on the output of the sampling gate is then
charged to the value of the sample amplitude, and holds this value until the next sampling
pulse arrives. This implements the circuit commonly called "boxcar," since the output is a

rectangular wave with varying amplitudes.

A nuvistor tube operated in a cathode follower configuration (Harris, Ref, 10)
provides the necessary isolation between the "boxcar' circuit and the output circuits. This is
necessary to keep the capacitor from being discharged between sampling times. The input
impedance of the nuvistor is sufficiently high so that essentially a voltage reading is made of the
capacitor output, thus keeping the output circuit sufficiently isolated.

The circuit described above was used in the experimental procedure depicted in
Fig. 33. The speech input was first filtered by a lowpass 4 ke filter. The signal was then sent
to the input of Fig. 32. Extrema rate was monitored by a counter, and scope pictures of input
and output were taken. Provision was also made to switch from actual speech to extremal coded

speech,

4.2.1 Experimental Results. The general results obtained in these experiments

can be stated as follows: for rates of about 2000 extrema per second the quality with the

boxcar receiver had noticeable noise which could not be entirely removed. Nevertheless there
was entire intelligibility and speaker recognizabiltiy, etc. When we got to about 2800 extrema
per second the quality was quite good. We feel that improvements on this circuit would result
in an improved quality at rates of about 2000 extrema per second. Thus this would realize the

previous computer results.

Our conclusion is that the number of permutations in the operation of this circuit
were so great that we did not achieve a satisfactory peaking of the experimental results in
the time available. It should be possible to improve this circuit so that a better quality extremal
coded channel could be obtained for a lower (than 2800) extrema rate. We are sure that this

process using this particular type of circuit has not yet been pushed to its optimum output,

4.3 Summary of Implementation Results

In summary the computer extremal coded experiments of the prior section were
aimed at providing a method of finding good operating techniques and experimental bounds for

extremal coding. Based on the time available, and with the methods used in this work, we were
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Fig. 33. Typical operating configuration

able to achieve quality comparable with good telephone quality at rates of the order of 2100
extrema per second (on the level of a talkspurt) which corresponds to an estimated 2300
extrema per second for a talk burst. Although this is the quality that we have been able to
achieve in the time available here, we do not feel that this is the end or upper limit for this type
of procedure. We estimate that something like 2000 extrema per second (talk burst) will be
required for operating an extremal coded situation with sufficient quality and sufficient sim-

plicity to warrant its practical implementation,

In the analog method just described, it was the intention to demonstrate that the
equipment to implement such extremal coders is not very complex. Also, it was intended to
use this analog system to implement the results of the computer experimentation, The results
obtained via the analog method required higher extrema rates than those that were obtained with
the computer method. Rates of the order of 2800 extrema per second (talk burst) were required
in order to get acceptable quality. Although this is greater than the 2300, we believe this is

due to circuit imperfections.
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PART II. PERFORMANCE OF HIGH SPEED DIGITAL COMMUNICATIONS
OVER TROPOSCATTER LINKS

It will be the objective in this section to study the critical issues when sending high
speed digital data over troposcatter radio links. Although the sending of digital data over
troposcatter links is not new, the particular aspect here is the high bit rate. This treatment will

be somewhat general, but will emphasize the case where the data is sent via FM modulation?

When a digital communication system is in the presence of fading, there are two
basic issues to consider. The first issue is the "probability of error,'" assuming that the link is
synchronized. The second issue deals with how the fading affects the digital synchronization.
The determination of the probability of error under fading has been studied fairly extensively in
the past; in our work here effort was spent in ascertaining the results of this work, and will be

reported below.
The major effort here was spent investigating the effect of the fading on the synchro-

nization. This is a crucial aspect for all time-multiplexed digital systems, especially at high

data rates.
In the following section I will first report the collected results on the expected be-

havior of the probability of error. In reporting these predictions, we will first discuss the
issue when there is no fading. There are a number of issues concerned with sending data that
are profitably discussed before considering the effect of fading. Section 1 then will consider

first the probability of error for systems without fading, and then for systems with fading.

Section 2 is concerned with evaluating the effect of the fading on the sync. The basic
method utilized here consists of using data from a simulation to estimate the fading conditions
under an actual Rayleigh fading link. This data will be applied to two different diversity models

in an attempt to obtain a range of realistic estimates of expected performance,

1. THEORETICAL PREDICTIONS FOR PROBABILITY OF ERROR
ASSUMING SYNCHRONIZATION

We are here dealing with the issue of sending digital data over a communication
link and considering the probability of error, assuming synchronization. When the link has
fading conditions, one both has to worry not only about the effect of the fading on the probabil-

ity of error itself, but also how the fading affects the ability to keep the system synchronized.

5The Signal Corps is effecting a high speed (576 kc) digital troposcatter link which uses FM
modulation. The video signal is time-multiplexed PCM voice samples. The link operates be-
tween Tobyhana, Pa, and Fort Monmouth, N, J, The link is operated by the Radio Relay Branch
in USAELRDL at Fort Monmouth,
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As mentioned above, we will first consider the sending of digital data without fading
to establish some fundamentals involved. Therefore this section will consider first the case

without fading and then the case with fading,

When considering sending digital (PCM) signals over radio links, it is first neces-
sary to note whether the system is digital throughout, or whether the RF link is basically analog.
It is clear that a digital signal can modulate an analog signal, and thus send the data over an

analog system,

For a number of reasons, to be discussed below, it would be desirable to send

digital data over strictly digital channels. There are two major reasons for sending digital
data over analog links. First of all, most of the RF links across the country employ analog

modulation. This is because the major communication signals in the past have been voice and
television. However, the ever-growing use of digital computers means that digital signals will

become increasingly important in the future,

Secondly, analog modulations must be used if one wishes to send both digital and
analog signals. Many times one avoids digitizing an analog signal, and the signal must be sent

analog. For these reasons, then, digital signals are often sent via analog modulations.

It is of interest to note any differences between sending data over digital systems and

sending it over analog systems,

1.1 Digital Systems Versus Analog Systems.

First of all, in a digital system the object of the receiver is to make a decision. For
this purpose the receiver must be synchronized, and any distortion of the waveform is impor-
tant only to the extent that it affects the decision. In analog systems, on the other hand, it is
the objective of the receiver to extract the modulating signal with as much accuracy and signal
fidelity as possible. Here noise enters into the system in a different way, since any change of

waveform is direct noise.

Thus if one sends digital data over an analog modulation it is not clear that one gets
the same noise properties as if one used a digital modulation (or receiver). However, one
might be able to get equivalent noise properties. Consider as an example the use of FSK versus
FM. If an FM signal is modulated by a binary video, the resulting transmitted signal is similar
to an FSK signal. The receiver, however, is an analog discriminator receiver rather than a
digital FSK one.

It is of interest also to compare the performance measures for the digital system
with that of the analog system. In the digital system one carries out a probability of error
calculation wherein one evaluates the probability of making a correct decision in the presence of

distorting noise. To do this one must make assumptions about the coherence of the signal, the
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synchronization (to coordinate sampling time) , and properties of the noise. Using these one in
effect evaluates the probability densities of both "correct signal-plus-noise" and "incorrect
signal-plus-noise,' to arrive at a probability of error. A very important item here is that one
always has both the signal and noise present in the calculation. The analog method on the other
hand is concerned with the usual calculation of audio-like signal-to-noise ratios. Here one
usually treats the signal and the noise separately. The signal-to-noise ratio is presumably
well correlated with the deteriorating effect (to an observer) of a speech (or a video) signal.
For these calculations the signal is assumed to be either a sine wave or a random signal with

an assumed power spectrum. The noise is treated in terms of its power spectrum. One then
evaluates the effect of the system on both the signal and the noise. Note that here the signal

and the noise are treated separately. It is well-known that for large signal-to-noise ratios

this separate treatment is comparable to the simultaneous treatment.
The point here is to note a basic difference between a digital and an analog evalua-

tion, It has long been recognized that there is a certain arbitrariness about analog signal-to-
noise ratios. This aspect introduces some complexity when evaluating digital data over analog

modulations.

The above are the basic differences encountered when considering sending data over
digital systems as compared to analog systems.

1.2 Probability of Error Comparison with no Fading

We now wish to protray both theoretical and experimental probability of error re-
sults (without fading) for various methods of sending digital data, Both digital and analog modu-
lations will be assumed; the first four curves will be theoretical results, while the fifth is ex-

perimental,

The comparative results are depicted in Fig. 34, and the discussion here will center
around this figure. Curve A on this figure refers to the digital PSK case. If one has available
complete RF coherence, then the best binary system that one can construct in the presence of

white Gaussian noise is the "phase shift keyed" system. A block diagram of a PSK system
corresponding to this curve is shown in Fig. 35. Here it is seen how the coherence and synchro-

nization enter in. One must have the coherence in order to be able to multiply by a signal of
exactly the correct phase, and one must be synchronized in order to sample at exactly the right
point.

The next case (curve B of Fig. 34) refers to the "differentially coherent" case,
which is a slight modification of the coherent case, Here it is assumed that one uses the phase
of the previous "'signal' as reference, so that one can make the decision based on the change of
phase. Curve B of Fig. 34 depicts the theoretical probability of error for a binary differentially

coherent case. It is seen that this performance is only about 1 db worse than the coherent ideal.

Curves C and D on Fig. 34 represent two theoretical predictions for sending digital

data via an FM (analog) modulation. The curves are different because different models are

54






o A -- IDEAL
r B -- DIFFERENTIALLY
C COHERENT (PSK)
B C -- FM RECEIVER
i (EQUAL SHAPING)
A d o I -- INCOHERENT ORTHOG
L AND FM MODEL
E -- 412L FSK DATA LINK
073
L
9
E -
=)
a
= i
© C
£ s
A C
% -
e i
+4
= B
-
107 —
ol 11 1 S

ENERGY RATIO -- E; N iy

Fig. 34. Probability of error versus Eb N0 for
nonfading conditions.
sin w t
0
Phase Shifter Sample
Digital + T rad. for @ (End of Observe
Source 2 cos(w t ) Correlator . baud) Polarity
-% rad. for® 05l% 2
=1+ sin wot

cos w t
0

Fig. 35. Block diagram of PSK digital system
(coherent)

55







used for the theoretical prediction. FM is often used as the RF modulation for sending digital
data both because it is a fairly efficient method (similar to FSK) and because so many existing

RF link-terminals have FM as their modulation.

Curve C of Fig. 34 is derived by Meyerhoff and Mazer, Ref. 12, and gives the result
when an FM modulation under certain conditions is used for digital data, The important assump-
tion here is that both the transmitter and the receiver have a Gaussian-shaped filter. The
transmittei' has a low pass Gaussian filter to do the video shaping so that the modulating pulse
(and hence frequency variation) is Gaussian. In the receiver the IF bandpass is assumed to have
a Gaussian frequency response. Also, it is assumed that the noise is white Gaussian, and that
one has perfect video synchronism. In Ref. 12 it is stated that about 1 db should be allowed for
intersymbol influence from the results depicted here. However since all system calculations
have idealizations, we did think it necessary to alter the stated results for comparative purposes.
Therefore curve C represents the predicted results when sending data over FM under the con-

ditions stated above.

Curve D on Fig. 34 shows the prediction for binary data over FM using a different
model. This case is evaluated by Montgomery, Ref. 11, Since the analysis there was in terms
of 8/N, it was necessary to assume a TW to plot the error probability, PE’ as a function of
Eb/No.G In accordance with the TW faptors treated in Ref. 1 (p. 16), a TW factor of 2 was used
here. This is the factor associated with "incoherent FSK,' and appears suitable here. This
TW factor is the "occupancy' factor, and is determined by how close one can place two fre- -

quencies and not cause interference if integrating over a time T (band length).

" Using 2 for TW then, the results of Ref. 11 appear as shown on Curve D, These
results are achieved by a fairly simple vector diagram depicting the role of signal and noise.
It is assumed that the undeviated carrier frequency is the reference, and that the center fre-
quency has been subti'acted from the frequency to be measured so that one needs to confine atten-
tion only to the difference. The decision device then depends upon deciding whether the "phase"
advances or recedes during one binary interval, The vector diagram analysis then reduces to

two cases:

1. No errors can occur as long as S exceeds N

2, If N exceeds S, errors occur for half the time.

This analysis of course ignores those cases where the noise changes status during a bit interval
(baud). Thus it is assumed that the noise remains constant during a baud. In a non-fading situa-

tion the FM signal can of course be assumed constant.

S/N is defined as the r.m.s. signal power to noise power ratio. Eb/No is defined as the ratio
of signal energy to noise power per cycle. S/N is related to Ey /N, by the equation Eb/N0 =
TW S/N. (see Ref. 1)
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We consider that Curves C and D on Fig. 34 indicate the range of probability of

error for sending digital data via FM.

Curve D in Fig. 34 also results if one evaluates an incoherent FSK (incoherent
orthogonal) digital system (Ref. 1). A block diagram of this system is shown in Fig. 36. This
curve is achieved by the methods depicted in Ref. 1, and these methods are standard for digital

systems,

From the above theoretical predictions we conclude that an FM modulation should
be able to perform about as well as an incoherent FSK digital system when sending digital data.
Curve E on Fig. 34, represents the measured results for the performance of the Air Force 412L
FSK Data Link (Ref, 19). Our purpose in noting this result is to depict the measured results for
an entirely digital system. Of course, each system has its particular goals and problems. The
objective of this system is to implement a digital data system for transmitting over a narrow-
band voice channel at a bit rate of 750 or 1500 bits per second, where the typical link is a tele-

phone line.

Thus this system was not designed to be optimized against white Gaussian noise,
but rather in terms of impulse noise and envelope delay distortion. The results here simply
state the performance when the system was evaluated in the presence of white Gaussian noise;

the system was optimized in terms of the above goals.

It is of interest to note that the effective TW here is 2.54. We use a theoretical

value of 2 when considering an incoherent FSK system.

In conclusion, in comparing the situation for sending data over non-fading links it
appears that theoretically one should be able to operate an analog FM signal at about the same
performance as a digital incoherent FSK system. This implies that a discriminator-plus-
sampler receiver is fairly efficient for sending data. Also, it appears that one can in practice
achieve a digital system which is within 3 db of the theoretical incoherent performance. This

comparison holds when the disturbance is white Gaussian noise.
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1.3 Probability of Error Behavior with Rayleigh Fading

In this section we wish to depict those theoretical results which have been predicted
for the probability of error behavior when sending digital data over Rayleigh fading links. These
results, of course, assume that the system is synchronized. The Rayleigh probability density
function appears to fit actual measured fading statistics for observation times in the order of

minutes. The effect of fading on synchronization will be considered in the next section.

We will depict the probability of error results both for no-diversity and with diversity
for three cases. The three cases are: (1) differentially coherent phase shift keyed; (2) an FM
time multiplexed case; and (3) an FM frequency multiplexed case. The reasons for discussing
these three cases are of interest. First of all, on fading links it is impractical to operate with
complete coherence. Differential coherence, however, should be possible. When considering
the FM case, it will be remembered that the FM case in the previous section included both the
coherent FSK case and the case of modulating an FM signal with a binary train, Here we wish
to note that either of these cases also includes time multiplexed FSK or FM cases, It niakes
no difference, so far as the link is concerned, whether the binary train comes from a simple
source or from interleaved sources. Since frequency multiplexing is another common way of

multiplexing this case has been included here.

The theoretical probability of error curves, both for no-diversity and with dual
diversity, for these three cases are shown in Fig, 37. The first set of curves of Fig. 37 refers
to the differentially coherent PSK in the presence of fading. Curve A refers to the situation
with a single channel and Curve A' when maximal ratio diversity is included. These theoretical
results have been taken from Voelcker, Ref. 20, The major assumptions used in this work
are: (1) the interference is white Gaussian noise; (2) fading and this white Gaussian noise are
assumed to be the only forms of distui'bance; (3) the communication system is assumed to be
time synchronous, and (4) the results shown here apply to an "optimum receiver.” In applying
the results here it was again necessary to assume a TW factor. A TW factor of 1 was assumed,
which is justified in Ref. 1 (p. 16). Of course the link conditions and the equipment stabilities
héve to be sufficient to prevent the level of coherence required for the differentially coherent

PSK. Fading will generally preclude the operation of any coherent communication system
except for this DCPSK.

The next set of curves (to the right) on Fig. 37 refer either to the FSK case or the
case where an FM modulator is modulated by a binary signal. Curve B refers to the fading

single channel case and Curve B' states the corresponding case with dual diversity.

Curve B, for no-diversity, is obtained by simply treating Eb/No as a random vari-

able. Thus, both for incoherent FSK and for FM modulated by a binary train, the predicted
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probability of error (Ref. 1 and 11) is:
-E' /2N

P_=-e =%~e

E

D=

(23)

Nlh—l

. alp,
where: R = Eb/No

E'b = short time average signal energy

The PE for fading (with no-diversity) can be estimated by leting \/E'b7No have a Rayleigh dis-

tribution. We can now use the expression for finding the expected value of a random variable:
o0
Pop= JO PE(R) p(VR)dR (24)

where: PEF = probability of bit error with fading

PE(R) = probability of bit error for a given E'y/N, (equals the no-fading
error result)

p(VR) = probability density (assumed Rayleigh) of VR
VR “R/2 Rve

—

Rave

in which Rave = Eb/ 2N0 = mean signal energy/ZNo. Using this equation, we have:

(25)

2R, +1) 7 2(E /2N_+1)

Curve B then, is the result of plotting Eq. 25.

The case for dual diversity for this FM or FSK case was obtained by a simple
approximation. If the two channels in a diversity reception are independent, and if an ideal

diversity circuit can be implemented, then we can argue as follows. The error probability is
dominated by the time when the input is below threshold. If we over simplify the situation by

saying that few errors occur above threshold, and that the error rate is 50% below threshold,
of the time.

n
1) of the

time, and the resultant overall error probability will be .5(2P1)n_ Barrow (Ref. 14) obtains the

then an overall error probability of P, indicates the input is below threshold 2P

1 1
A number, n, of independent similar inputs will be simultaneously below threshold (2P

identical expression by a more careful derivation. Further, since the equal gain and switched
diversity results are close for two channels (Brennan, Ref. 22) this approximate result can be

regarded as applicable to either.

As mentioned before, this set of curves notice includes the time multiplex case. In

other words if one is modulating the FM situation with a binary case it does not matter whether
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the binary signals are being time multiplexed or not. Since another quite common way of

multiplexing multiple sources is to use frequency multiplexing, it is of interest to consider this
method with FM under fading. This area has been the subject of a good deal of theoretical work

(Castel and Magnen, Ref. 13; Barrow, Ref. 14; Johansen, Ref. 15).
Curve C shows the theoretical prediction for no-diversity, and C' for maximal

ratio dual diversity. When frequency multipléxing digital signals over FM one is in effect
combining FSK signals of differing frequency, and using the result to modulate an FM signal.
Thus such a system is called FSK-FM. A block diagram of such a system is shown in Fig. 38.

The analysis of frequency division multiplexed-FM systems is complicated be-
cause the results depend upon the particular subcarrier channel, the duty factor associated with
the participating channels, what steps are taken against cross-talk, whether or not pre-emphasis
is used, and many other factors. Therefore this is one of the most complex cases to-handle and
possibly one of the least reliable in its theoretical predictions. We notice on Fig. 37 that there
is a great deal of difference between the frequency multiplex and the time multiplexed perfor-
mance of FM systems. Possibly one of the reasons for this great difference is that there is no
clean-cut theory here, but one must repeatedly make estimates of the actual parameters that
are in force. For example the width and shape of the IF bandpass will effect the results, and

this must always be estimated.

We will briefly indicate the method used to obtain the results in curves C and C'.
For the digital part of the system one obtains the probability of error via the probability calcu-
lation of the type treated extensively in Ref. 1. For systems where one is multiplexing and
sending the multiplexed data over an analog system, one in addition has to derive a curve for
the signal-to-noise ratio at the input to the digital receiver versus the IF Eb/No of the composite

RF signal, It is this curve which requires a great deal of effort to derive.

Curves C and C' in Fig, 37 show the plot of Eq. 33 of Ref. 15, This equation is:

m
m /N
P - ‘/?T- 520.8! 4 0 (26)
EF 2 _/fm+ 1\\E

r 2 b
where: m = order of diversity

I'(x) = Gamma function
Some of the assumptions implied by this result are:

(1) An FSK-FM system using ideal (matched filter) incoherent FSK receivers for
the individual data channels.

(2) Maximal-ratio IF combining of signals from diversity arms, done before FM
detection.

(3) White Gaussian noise over RF bandwidth.
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(4) The FM detector (a discriminator) is described below FM threshold by the
formula:
(ot)”

[SNR after discriminator] = [3,4 B T:, [SNR before discriminator]2 2n

where: o6f = rms frequency deviation produced by a single channel about its
particular binary subcarrier

B = IF bandwidth (before discriminator)

7 = baud time (duration of telegraph waveform)
This description is for below threshold behavior, but is extended to above

threshold to simplify analytical procedures, with resultant error estimate

slightly optimistic. It should be noted that virtually all but errors will occur
when the IF SNR is below the "threshold" of the discriminator, a nominal and

loosely defined number below which, for decreasing SNR, discriminator per-
formance degrades at a faster rate than it does above the threshold. This

being the case, the performance of the discriminator below threshold is con-
siderably more important than that above threshold, and the fact that nothing
much goes wrong above threshold will enable us to make the approximation
that the below threshold operation curve extends through the region of high
SNR also. The error rates calculated from this approximation will be very
slightly optimistic.

(5) No pre-emphasis, and every data channel occupies the same amount of band-
width in the baseband.

(6) An rms load capacity defined as:

1 Di rms peak allow-
L = V2 " o _ able frequency dev, of FM carrier
AF rms frequency dev. of FM carrier

=3.7 (28)

where: fo = highest frequency in FM baseband
D = deviation ratio

AF = rms frequency deviation of FM carrier.

To summarize the above it is necessary to derive an effective ''signal-to-noise
ratio" between the digital situations, since one first performs an analog demodulation. The
results as shown on Fig. 37 indicate that the frequency division multiplexing for sending data
over FM situations is fairly poor. It is about 12 db poorer than the prediction when sending a
time multiplexed binary signal over the FM channel. For this reason (assuming the model here

to be reasonable) we conclude that frequency multiplexed-FM is fairly poor.

It appears that the composite frequency multiplexed signal does not permit one to

optimize use of the FM signal in the manner possible with the binary modulated signal (curves
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B and B'). Consequently when using an FM modulation for a multiplexed data signal, one
should either use time multiplexing, or use the frequency multiplexed signal with single side-

band modulation (see Ref, 15).

The above then, represent the theoretical predictions for sending digital data via
FM modulation, and via a digital differentially coherent (DCPSK) system. According to these
estimates one can only gain about 3 db by using DCPSK instead of an optimized use of an FM

modulation,
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2. EVALUATION OF SYNC BEHAVIOR UNDER FADING

Section 1 above depicted the probability of error estimates for various modulations
in the presence of fading, assuming system synchronization. As noted before, this is only one
of the two basic aspects to consider. The second aspect, the one being dealt with here, concerns
the maintaining of synchronism during the fade. It will be the purpose here to ascertain the

effect of the fading on the ability to retain the bit synchronization of the equipment.

Whereas the probability of error problem treated above has been widely studied and
reported, this second problem dealing with the synchronism is more tailored to the individual
system and consequently a relative lack of knowledge exists on this matter, especially for

speed data systems over troposcatter links,

The essential idea in evaluating the effect of fading on synchronism is to relate the
fading conditions presented by the channel to the circuit behavior exhibited by the sync circuits.
For many purposes it is of interest to have this analysis available theoretically, in order to
compare with any experimental results. This analysis should both help to uncover malfunctions

in the existing operation, and also suggest improvements and their potential advantage.

In the following we will be trying to estimate the theoretical behavior of bit syn-
chronism when sending digital data over troposcatter links. The basic approach to be used here
will be as follows. First of all we will try to find, based on various physical situations, the
value of a "critical fade," A critical fade is of such a length that if this length is exceeded the
particular circuit being considered will lose absolute bit synchronism after a fade, We will
evaluate a number of critical fade lengths, based on various assumptions and conditions

assumed for the equipment operation.

Then using these critical fades, we will evaluate the probability of exceeding these
critical fades, for given signal parameters. This will be done by assuming that a fade
corresponds to crossing a given threshold. This is essentially a "level crossing' problem in
which we will evaluate the probability of a "level crossing' exceeding the length of time of the
critical fade. Note that this implies the presence of a fairly sharp threshold in the equipment

performance at the given fade "level."

As in Section 1,2, the random signal amplitude at the receiver input for all cases
considered will be assumed to be Rayleigh. The probability of obtaining a fade length exceeding
the critical fade length, at a given fade level (threshold), will be obtained making use of com-
‘puter-generated experimental results of a Rayleigh process. Since the parameters available

from these results are valid for a single channel Rayleigh fading case (without diversity) we
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have had to extend this basic method to the diversity cases. In the following we will investigate

an equal gain diversity and an idealized switched diversity.

2.1 Selection of Critical Fade Length

As mentioned before the general idea involved in the investigation here is to assume
that a certain power level represents a threshold or fade level, and we wish to know how often
fades below this level will exceed a critical length. In general this procedure assumes that all
signals above this threshold or fade level are satisfactory, while all those below are not satis-

factory. Simplifications of this nature are necessary in order to proceed with any evaluation.

The first issue is to ascertain the length of critical fades below this threshold. A
fade is "critical" if the receiver does not properly locate a framing digit at the end of a fade.
In any time-multiplexed digital system it is necessary to have both a bit synchronism and a
"frame'' synchronism. Frame synchronization refers to grouping the bits in the proper way so

that each "channel" gets its proper sample. If a scrambling security device were to be added to
the system, one would in addition need "absolute' bit sync. Thus a critical fade will be deter-

mined both by what sync is required, and how it is accomplished.

The length of the critical fade in any particular system will be determined by

whichever of the following three items first ceases to operate correctly:

1. The bit synchronization circuits and methods
2. The frame synchronization circuits and methods
3. The physical propagation factors combined with limiting equipment factors (such

as clock stabilities).

In terms of optimizing the "critical" fade length, it is desirable to cause all three factors to
cease operating at about the same time (after beginning a fade). It is useful to consider the

basic aspects of each of these.

Bit synchronization should be relatively easy so long as signal is present. After the
signal has faded, we will assume that the circuit can be adjusted so that it locks onto the nearest

bit position when the signal returns.

The frame sync situation is more difficult. The basic reason for this is that there

is ambiguity between the following two states:

1. The system is still frame synchronized, but the signal is sufficiently bad so that
the "decision making' device contains many errors.
2. The system has lost frame sync, so that whether or not there is a good signal

present is not pertinent.

It is clear that one has to select a "decision rule' with respect to when the system

is in frame sync or out of sync, After a string of errors one will decide that frame synchronism
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is lost, and will proceed to search for the new sync (called "frame search"). The length of the
string of errors which will be permitted until this is done is the factor that determines whether

frame sync will limit or control the critical fade.

In digital systems one usually uses an overt frame sync signal; the receiver then
correlates with this known signal to detect proper frame position. There are basically two
ways to approach the frame sync ambiguity problem. One way is to set a "threshold' on the
correlatof output for both lock-in (frame lock) and to initiate "frame search." This system
would work as follows (with respect to framing). Assuming initially the system is out of frame
sync, there will be zero average correlator output until sync is achieved. When correct frame
is achieved (by stepping the receiver relative to transmitter) the correlator will begin to inte-
grate away from zero. The system will recognize correct frame sync when the "lock-in"" thresh-
old is reached.

Assume now that frame sync is achieved, and a substantial string of errors occurs.
The frame correlator output will drop accordingly. When it reaches the "frame search' thresh-

old, the system will decide it has lost frame sync.

As mentioned, this threshold concept is one way to implement the frame sync func-
tion. It has the ambiguity disadvantage (mentioned above) that there is no way to distinguish
between loss of frame sync and errors due to temporary loss of signal. In this method the
actual threshold levél, and the relative levels of lock-in and frame search thresholds are

parameters which may be adjusted to give the best performance,

A second method, and one more appropriate for fading situations, (really an altera-
tion of the first), consists of incorporating a "signal present' detection and a "hold clock" func-
tion. The object is to separate the two ambiguous situations mentioned above. In other words,
one will not change the frame sync situation as long as the signal has faded. Also, when the
signal does fade, the frame circuits go into a "hold" status which will retain the precise fre-
quency (and phase) that existed prior to fade. The operation envisaged is then as follows. The
frame lock-in is controlled by a threshold on a correlator output, as before. When the signal
fades the signal detector will cause the "hold" status to go into effect, If the frame signal cor-
relates when the signal returns the system returns to normal operation. If errors continue

after the signal has revived, then a "frame search' procedure is initiated.
If the first method is used on a fading link, the frame sync is very likely to control

the critical fade (assuming that bit sync does not disappear before this). If the second method
is used, then the critical fade should be controlled by the third factor mentioned above: the
combination of propagation considerations plus limiting equipment factors such as clock

stabilities.

We will now discuss the propagation factors and related equipment parameters.

(‘The ability to recover the correct frame position after the signal has revived from a fade is
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ultimately limited by the possible '"phase' changes during a fade. The two major limiting fac-
tors here are: (1) the possible phase changes (phase in terms of "bits") during a fade, and

(2) the equipment clock stabilities for the function of clock '"holds' as described above.

The possible phase changes depend primarily on the data rate and the physical
link-plus-terminals, In a troposcatter link, one can estimate the possible (bit) phase changes
by considering the time difference between the extremity path lengths of the ""common volume."
The common volume, in turn is dependent on the beamwidth of the antenna, and the distance of
the link,

If one is performing a "hold" operation during a fade, then the above phase changes
must be combined with possible clock stabilities. At data rates of interest here (about 500 kc)
it will be seen later in an example that present state-of-the-art clock stabilities do not limit
the critical fade. Therefore, ultimate limitation on critical fade will be the signal phase
changes during a fade, combined with sufficient attention to equipment development to ensure the

indicated operation during fade.

The above then represent the items which will control the length of critical fades.
We will now consider one example. For purposes of experimentation, the AN/TCC-44 PCM
multiplexing equipment is being operated over an experimental troposcatter link. The data
rate used here is 576 kc. We will use this situation as an example of the factors which deter-

mine the length of a critical fade,

Since this PCM equipment was designed for non-fading applications, its performance
with respect to critical fades is of interest only as an example. It in no way represents a

state-of -the-art position, since it was not designed with fading in mind.

First of all, some basic tests (Ref. 21) have indicated that the bit synchronism will
cease to function about 0.3 milliseconds after the input signal is interrupted (faded). Thus the

bit sync contributes a critical fade length of 0.3 milliseconds.

The frame sync for this equipment, assuming bit sync would still be present (i.e.,
a clock was being generated) should operate for 3.75 milliseconds after a fade began (Hatton
Ref. 18). The frame sync situation uses the threshold method described above. The 3.75 milli-
seconds applies to particular parameters (see Ref. 18) and essentially states the time which
will elapse, between the beginning of 50 percent errors and initiation of the frame search. Thus
the frame sync portion of the equipment here, in theory, affords a critical fade length of 3.75
milliseconds. Based on some laboratory tests of the AN/TCC-44 (Ref. 21) it was found that the

frame sync critical fade is actually about 2.0 milliseconds.

The remaining factors to consider in this example are the physical propagation
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factors, and the related effect of clock stabilities. Figure 39 shows a plot7 of the path length
delay between the bottom of the "common volume" beam and a path in the middle of the beam.
The abscissa is in terms of parabolic antenna size for two different frequencies. At a given
data rate this plot shows how much the bit phase could change, during a fade if the path moved

from the bottom of the beam to the middle.
In the example of the experimental troposcatter of interest here, the frequency is

5 kMc with 15' antennas. The distance is about 100 miles. From Fig. 39 the delay to half-beam
path is 0.08 u seconds. Thus the total time excursion, vfrom extremity to extremity could be as
great as 0,16 u seconds. From this it appears that movenient of bit phase during a fade can
never exceed one-half a baud length at the baud rate of 576 kc. Therefore this aspect alone

cannot determine a critical fade length.

If, during a fade, clock stabilities were inadequate, this would contribute to the bit
phase change during the fade. However, with clock stabilities of about 1 part in 108 per second,
it is easily seen that a critical fade of 5 seconds permissible (at 576 kc) even if only 1/10 of
the baud is available for clock drift. Thus this will not limit the critical fade length under the

conditions of this example.

In conclusion, we first considered those items which determine critical fade length.
We then used as an example the AN/TCC-44 equipment over an experimental troposcatter link.

With this example we have found the following:

1. With the equipment as originally designed for non-fading conditions, the critical
fade length is 0.3 milliseconds, and is determined by loss of bit sync clock.

2. If bit sync clock were improved (for the fading situation), the critical fade
length would then be 2.0 milliseconds (in practice) or 3.75 milliseconds by design,
which is determined by the frame sync operation, This would be the time from
occurrence of 50 percent errors to initiation of "frame search,"

3. If the sync circuits were to be changed to operate on a "hold while fade" principle,
the critical fade could be extended beyond 3.75 milliseconds. We found above
that worst case path length change and available clock stabilities will not permit
bit phase changes over half a baud at 576 ke, If perfect equipment operation were
possible, critical fades could go as high as 5 seconds. For our purposes, how-
ever, we will investigate the situation for a more modest number: 50 millisec-
onds, We will assume this number to be a conservative representative of the
range of critical fades if an attempt is made to design the sync circuits for

fading conditions.

In order to study the effort of fading or synchronization, then, we will use the above

"This curve was supplied by the Radio Relay Branch of USAERDL, Fort Monmouth, N. J,
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values of length (to)_of critical fades in the next section. We will be able to see how much one

can improve the situation by increasing the critical fade length,

2.2 Probability of a Critical Fade without Diversity

Having now dealt with the problem of specifying the critical fade lengths, we will
depict the method of arriving at the probability of achieving such critical fades. Since the basic
fading model and the signal parameters are in terms of a single channel (without diversity) we
will first treat the case for no diverstiy. These results will then be extended to include both an

"equal gain'" diversity model, and an ideal "switched' diversity model.

The essential problem, when ascertaining the probability of exceeding a certain
critical fade, is identical to the classical "level crossing' problem. Although level crossing
problems can be expressed in terms of classic probability equations, it is exceedingly difficult

to obtain practical solutions via this method.

An alternative to this classical procedure is the following. The statistical phenomena
being studied can be generated on a computer. Then, various properties of this statistical
model can be "measured" in an experimental fashion via the computer. This procedure results
in a quasi-theoretical result, since one "theorizes" that the practical situation of interest is
correctly represented by the test statistical model.

We will use this method here to "predict" the fade results for the experimental
troposcatter link used as an example in the previous section. Although the particular param-
eters here will apply to this link, the method used here should have general utility for evaluating

the effect of fading on synchronization,

For the troposcatter link example we will use the computer results for a Rayleigh
fading signal as depicted by Favreau (Ref. 16). The work reported there used an electronic
analog computer to measure (among other things) the "level crossing'' probabilities of a

Rayleigh fading signal. In this work the Rayleigh signal was generated by linear envelope
detection of a narrowband Gaussian noise. It is well known that the envelope of a band of nor-

mally distributed noise approaches a true Rayleigh distribution as the bandwidth approaches
zero. Essentially the experiment is run for intervals of length T; the level crossing proba-

bility is obtained by repeatedly running these experiments and counting the number of times

in which a fade greater than a length to occurs,
T o use these level crossing results the following are required as input parameters:

fb = fading bandwidth (approximately the average fading rate; assumed 10 cps in
example here)
T = observation time over which one observes the waveform

k = fading level (threshold), expressed as fraction of voltage mean.

In terms of these parameters, the precise level crossing probability measured in
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Ref. 16 is P(be, fbto’ k), and is defined as follows:

P(be, fbto’ k) = the probability that there are one or more fades of length greater

than or equal to to during an observation period T.

It is clear that, if we let to equal a critical fade, that the above provides the probability of ob-

taining a critical fade. The above terminology can be clarified by referring to Fig. 40.

When measuring the level crossing situation for a Rayleigh distributed waveform
(under the given conditions), Favreau found that an expression which fits the data quite well is:

-P'0), T
P, T, ft K =1-e (29)

where P'(0) =average time density of occurrence of events (fades exceeding or equal to to).
Since Eq. 29 is in the form of the cumulative distribution for an event whose prob-

ability P'(0) in an independent sample time fl is small, one result of the measurements is as
b

follows: the level crossing situation in a Rayleigh case can be considered as taking independent
b is the bandwidth of the Rayleigh signal.

Note that we can now interpret P'(0) as being the probability of a fade in the interval f—l This
b

samples at time intervals T = 1/ fb. As noted before, f

result simplifies the level crossing analysis.

Furthermore, the experimental measurements mentioned found the value of P'(0)

versus k. P'(0) can be expressed as:

-f t /r(k)
P'O) =1(e °° _ (30)

where: I(k) = intercept of Eq. 30 at fbto =0

r(k) = reciprocal of slope of Eq. 30 on log-log paper.

72






I(k)

0l
10'2'__
10'3__
-4_
0L L] TR e o
1.0 0.1 .01 .001
k
Fig. 41. Plot of I(k) versus k.
0T —
.06
L05[
.04
=
% .03
02|
01f
0 | l | |
.02 04 .06 08
K

Fig. 42. Plot of r(k) versus k.

Using the resulting functions I(k) and r(k), we can find values of P'(0) for any combination of

the parameters fb and to. The functions I(k) and r(k) are plotted versus k in figures 41 and 42.

We can now depict the féding prediction for a single channel troposcatter link with

no diversity by applying the results of Ref. 16. In the next two sections we will extend this pro-

cedure to diversity cases.

First we must adopt values for the input parameters k and fb, and values for the
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i System t P=.01 | P=.095 | P=.632
FSingle Channel | 3.75 Cd T a0
L 50 3.44x10° | 3.44x10° | 3. 44x10

" Fqual Gain 3.75 321, | 321 o | 321

! 50 2.5x10° | 2.5x10° | 2.5x10
IR R S et Mgt S
| Switch Diversity 3.75 204 200, 2000 o

i 50 2x10 2x10 2.0x10
O S (S e e —— ,>..,,,,__._..-._._<-..._.____._+

Table III. Table of observation times (T) for t0=3. 75 msec.
compared to to =50 msec. k1 =.05
critical fades (to). The following values have been selected on the basis of information from

the Radio Relay Branch of USAERDL at Fort Monmouth:

fb =10 cps
k =0.1and 0.05. The 0.1 figure (20 db) roughly corresponds to the evident "fading
margin' for the worst month of the year. The 0.05 figure (26 db) corresponds
roughly to the rriargin with respect to the average of all months.
to = critical fade lengths = 0.3 milliseconds, 2.0 msec, 3.75 msec, and 50 msecs.
These numbers are obtained from the example used in the preceding section.
The three left-most curves of Fig. 43 show the results of using Eq. 29 and some of the above
parameters. Here the k =0.05, which corresponds to a voltage difference of 26 db between the
mean signal level and the fading threshold. The to's shown here are 0.3 msec, 2 msec and 3.75
msec. The 50 msec t0 is too far out of range to be plotted here, and is shown in a table form

in Table III.

Assume for a moment that 3.75 msec is the critical fade length. In a 1 second ob-
servation interval the probability of one or more fades exceeding 3.75 msec is 0.2. On the
average one would expect at least 1 fade every five seconds. It is obvious that such a situation

is unacceptable. In the next section we will see how diversity improves the situation.

Figure 44 shows the same curves, but for a k of 0.1. This refers to 20 db, which is
roughly the fade margin relative to the worst month of the year. It can be seen that the results

are quite sensitive to k, as would be expected.

Having presented the results, it is necessary to consider the inaccuracies involved.
Routhly speaking the fading situation can be thought of as follows, The average fading rate (fb)
can be visualized roughly as providing the "opportunity" for a fade of a certain length. In other
words, the average number of times in which the signal is "'down" is given by this average fb.
Then, in evaluating P, one is in effect evaluating the joint probability of both being down and of

staying below a certain level for a given amount of time. As would be expected such a result
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is highly dependent on the fine detail of the spectrum. This is probably the greatest inaccuracy
in applying the data derived from the assumed statistical model to the physical troposcatter link.
It is not clear that the actual frequency spectrum used in this experiment is a valid representa-
tion of that which occurs on the actual link. This would mean that the value of P'(0) may be

somewhat inaccurate.
2.3 Probability of a Critical Fade with Equal Gain Diversity

* Any communication system operating over a fading link, such as troposcatter, will
use some type of diversity to offset the fading effects. In this section we will investigate the
probability of exceeding a critical fade when an "equal gain diversity" (Ref. 22) is used. This
type of diversity is widely used; in particular, it is the diversity used on the experimental tro-

poscatter link mentioned above.

To accomplish this, the chief problem is to relate the single channel aspects to the
diversity aspects. The initial input conditions (Rayleigh fading, threshold level, etc.) are all
available in terms of a single channel; further, the simulation results (of a computer simulation)
vdescribed in the previous section are also single channel results. Consequently, in the following,
we must first note how the equal-gain diversity alters the single channel result; then, to relate
this to the simulation result (for probability of fade) we will need to establish an equivalence

between the equal gain behavior and a single channel behavior.

The first step then will be to calculate how the k" changes when going from a sin-
gle channel situation to an equal gain diversity situation. It is remembered that k is the ratio
of the fading threshold to the signal mean (voltage). Naturally k will decrease with diversity
since the mean will increase while the threshold remains constant. This step will of course

require introducing a model for the equal-gain diversity behavior.

After this, we will need to relate the new k situation back to the single channel Ray-
leigh simulation results. We will do this by equating areas under the left-hand tail of two dis-
tributions: the first distribution will be the diversity output distribution and the second will be
the Rayleigh distribution. By equating these two areas one in effect establishes a third k, or
"mean to threshold" ratio. This new k, will enable us to use the single channel simulation

3
data for finding probabilities for this diversity case.

2.3.1 Signal-to-Noise Ratio with Equal Gain Diversity. As noted above, we will

here calculate how the ratio of threshold to signal mean (k) changes when equal gain diversity
is used. Since the threshold may actually be expressed as a certain signal-to-noise ratio, as

is the signal mean, we are actually dealing with a change in signal-to-noise ratio.

Figure 45 shows a simple block diagram of the equal gain diversity model. The
xl(t) and xz(t) represent the amplitude variations caused by the fading. The m(t) represents
the basic received carrier signal. It will of course be the same for all diversity channels since

the fading is accounted for in the x's. The noise is typically contributed by thermal receiver
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Fig. 45. Equal-gain diversity receiver.

(including antenna) noise. We wish then to compare the signal-to-noise ratio of the two-channel
system of Fig. 45 to the signal-to-noise ratio of a single channel system. We may then derive

a threshold ratio for the two-channel system, k, in terms of the single channel k.

To derive the new k., the following assumptions will be made:

2’
1. xl(t) and x2(t) are independent random variables with identical Rayleigh distri-

bution.functions.

-x2/2Vx2
plx,®] = plx, ()] ;"—2 e (31)
X

where p[x(t)] is the probability density of the signal amplitude x.

A% 2 = mean of x2
X

X2
r

) -x2/2V 2 —

Mean of X is X = e X x = Vx \/-727- (32)

V2
X

2. The bandwidth of signals, fb’ is small compared to the mean frequency of the
information carrying signals, m(t).
3. n,(t) and n,(t) are uncorrelated internal noise signals with zero means, band-
1 2 3
widths of fb’ and equal rms values of On = V<n >,

The instantaneous power output of the summing device in Fig. 45 is;

£ = {lx,0 m) + g0 + [x,0 m() + ny00]} (33
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where: xl(t), x2(t) = positive real numbers that vary with time because of fading
(Rayleigh)
m(t) = originally transmitted signal

nl(t), n2(t) = receiver internal noise sources.

From assumptions (1) and (3), the time average power output (f2) is;

<?> =< [xl(t)2 m(t)2 + 2x(t) le(t) m(®? + Xz(t)2 m(t)2

ey 0%+ ny07>

= <[x,0 +x,01° m®? > + 2<n”> (34)

If the average is taken over a small enough time interval, xl(t) and xz(t) will be constant; then
in view of assumption (2) we get

<> = (x, @ + x2(t)]2 <m? + Zonz (35)

2 2
. =< >
where: cN n

The power signal-to-noise ratio, pz(t), for this two-channel system is then;

[, ® +%,01% <m*>

by () = - (36
n

where: pz(t) = power signal-to-noise ratio for equal gain diversity system.

The signal voltage-to-rms noise ratio, vz(t), is

9 12
[xl(t) +x2(t)] <m™>

ATy 87

where: vz(t) = yoltage signal-to-noise ratio for equal gain diversity systems.

The expected value for this signal voltage-to-rms noise ratio is

v_zﬁy= V2 X, () <m® >z

; (389
n
For the single channel case without diversity, the average power output is:
< f2> = [xl(t)]2 < m2> + onz (39)
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The signal voltage-to-rms noise power for this single channel case is then

9 12
xl(t) <m >
v, = 5 (40)
n
and the expected value is
9 1/2
xl(t) <m">
vl(t) = o (41)

We may now relate the threshold value for the single channel system, kl’ to the resulting
threshold value for the two-channel system, k2' If we denote the absolute voltage signal-to-

noise threshold as a, we have
a= klv1 (42)

Substituting v_2 for 71 from Eqs. 38 and 41, we get

Thus

449

which is the desired relationship. Thus, if a system has a "fading margin'' between threshold
S/N and mean S/N of k1 db, for a single channel, then this margin should increase by 3 db if
an equal gain diversity is used. This 3 db change in fade margin makes a substantial change

in probability of exceeding a critical fade, as we shall see below.

2.3.2 Probability of Exceeding Critical Fade. In order to relate the above change

in fading margin to the simulated experimental results of Ref. 16, which pertain to single chan-

nel Rayleigh fading, we need to find an equivalence between a point on the actual non-Rayleigh
distribution of the diversity output and a point on a Rayleigh distribution. The method of anal-

ysis below assumes that p2(t) can be replaced (in this one aspect) by some Rayleigh random
process whose distribution matches in the area of interest. It may be noted that the probability
density of p2(t) is equal to the convolution of two Rayleigh functions, assuming that xl(t) and
xz(t) are independent. Our problem, then, reduces to fitting a convoluted Rayleigh distribution

with a Rayleigh one, at some point.
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We will do this by equating the amount of time spent below the threshold @ in each
case. That is, we calculate the cumulative probability that p2(t) is less than or equal to @. Then

we will take a Rayleigh density of the same mean, and find a new k, (or threshold) so that the

3
cumulative probability of being below this threshold equals the previous probability. In this

way, the simulated data will be used to approximate the probability of exceeding a critical fade

when equal gain diversity is used.

From equations (36) and (37) it is evident that the probability that vz(t) <a= k v (t)
is equivalent to the probability that xl(t) + xz(t) < k22x2(t). Since xl(t) and xz(t) are mdependent
Rayleigh distributions, the probability that

P(xl(t) +x2(t) <k, 2x2(t) = P(vz(t) <a)

ky 22,0 X =k, 2%,(0-xy0) o 250 2 2, 2
1

where k2 is the threshold ratio for the equal gain diversity system VX =X,

from equation 32.

After some algebra, we get;

-k 2x2(t)] /2V . [k 2x t)] /4V k 2x2(t)

T
P(vz(t) <a)=1-e - \/4Vx k22x2(t) e 4Vx

-1-e 2oL %<2\f> (46

where the absolute threshold level @ =k, v, and the error function, H, is

2°2
x)——f

An equation similar to equation 46 has been used by other authors and results from convoluting

two Rayleigh distributions.

Using Eq. 44, we can express P(v2 <a) in terms of kl;

k 27r
- ky kg [k
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