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A FIXED SAMPLING RATE VOCOPLEXER

THEODORE LERNER
Textron Bell Aerospace

Buffalo, N.Y.

Summary.   The vocoplexer is a system which permits a reduction in the data rate
required to transmit voice signals when many such signals are multiplexed onto a common
digital line. This is accomplished through the use of a coding technique which is based on
the statistical properties of voice signals.

The reduction in data rate that can be realized by the vocoplexer is a function of the speech
quality required. Typically, for a speech quality equivalent to PCM at 8,000 samples per
second and five bits per sample, a reduction in data rate to about 1/3 can be accomplished.
The descriptions in this paper are based on this quality requirement. However, for a
somewhat reduced quality requirement, even greater savings can be accomplished. For
example, if quality equivalent to PCM at 8,000 samples per second at four bits per sample
is adequate, the vocoplexer will require approximately 9,600 bits per second. For quality
equivalent to delta modulation at 18,000 bits per second the vocoplexer requires
approximately 6,400 bits per second per voice channel.

Vocoplexer Description.   Before proceeding to a discussion of the vocoplexer and the
principles on which it is based, it is useful to review the operation of a conventional
multiplexed PCM voice system. It has been found that acceptable voice quality and
intelligibility can be achieved when voice signals are sampled at approximately 8,000
samples per second and each sample is quantized to 5 bits. Based on these parameters, a
conventional approach for multiplexing 60 voice signals onto a common line is illustrated
in Figure 1. Each of the 60 voice signals is sampled sequentially and each resultant voltage
sample is then converted into a 5-digit binary number. This yields a sequence of 60 5-bit
numbers in a sampling period of 1/8000 of a second. This process is repeated every 1/8000
of a second so that each of the voice signals is sampled and converted into a 5-bit binary
number 8,000 times a second. This process yields a stream of binary digits at a rate of 60 x
5 x 8,000 = 2,400,000 bits per second, which can then be transmitted over any binary
communication system. In any practical system additional bits have to be provided for
various synchronization purposes. These, in general, are a function of the particular
communication system and will be neglected in this discussion.



Figure 1.  Multiplexed PCM System for 60 Voice Channels

The vocoplexer takes advantage of the statistical properties of a voice signal in order to
permit a reduction of the data rate required to carry voice signals, while maintaining the
quality of each signal. If a voice signal is quantized and the frequency of occurrence of
each of the quantum levels is measured, it is found that the zero-level, or the levels about
zero, occur much more frequently than other levels. Furthermore, the low levels occur
much more frequently than the high levels. This is illustrated in Table 1, which shows the
frequency of occurrence of the various levels which exist when a voice signal is quantized
to 5 bits, or 32 levels. Table 1 is based on measurements which were obtained for each
speaker in a two-way conversation in which each of the participants was quiet
approximately half of the time. It should be observed that the +0 and -0 levels occur much
more frequently than any of the other levels. In fact, they occur more than 4/5 of the time.
Furthermore, the small quantum levels occur much more frequently than do the large
quantum levels. It is this set of facts which is used to reduce the required data rate when
such signals are multiplexed onto a common line.
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TABLE 1
STATISTICAL DISTRIBUTION OF VOICE SIGNAL

LEVELS IN TWO-WAY CONVERSATION

The binary representation shown in Table 1 is one of a number of standard representations
that can be used. This particular representation will be used in the fixed sampling rate
vocoplexer to be described in this paper. In the binary representation shown, the last bit
indicates the sign, a 1 representing plus and 0 representing minus. The first four bits
represent magnitude in a conventional binary counting arrangement.

Binary Frequency of 
Level Representation Occurrence 

+15 11111 .ooo:rn 
+14 11101 .00018 
+13 11011 .00022 
+12 11001 .00032 
+11 10111 .00047 
+10 10101 .00071 
t 9 10011 .00098 
+ 8 10001 .001.n 
+ 7 01111 .00205 
+ (i 01101 .00:ll 0 
+- 5 01011 .00·!8(i 
+ 4 01001 .00742 
+ 3 00111 -01117 
+ 2 00101 .01709 
+ 1 00011 .o:rn93 
+ 0 00001 .42120 
- 0 00000 ..!2380 
- 1 00010 .02705 
- 2 00100 .01535 
- 3 00110 .00984 
- 4 01000 .0065G 
- 5 01010 .00424 
- 6 01100 .00278 
- 7 01110 .00195 
- 8 10000 .001:12 
- 9 10010 .00098 
-10 10100 .00072 
-11 10110 .00052 
-12 11000 .ooo:i9 
-13 11010 .00029 
-14 11100 .00023 
-15 11110 .OOO(iG 



Now consider that a sequence of 60 voice signals have been sampled and quantized. A
typical sequence of 60 5-bit words, which would result from such a procedure, is shown in
Table 2. The frequency of occurrence of the various words shown in Table 2 is in
accordance with the probabilities given in Table 1. It will be observed, in general, in
Table 2 that ZEROS occur much more frequently than ONES. In particular, in the row of
symbols representing the most significant bit, ONES occur very infrequently. In fact, based
on the probabilities given in Table 1, it can be computed that the probability that the most
significant bit will be a ONE is 0.01. ONES will occur in the second most significant bit
slightly more often. The probability of the second significant bit being a ONE is 0.035.
The probability that the third most significant bit will be a ONE is 0.068, and the
probability that the least significant bit will be a ONE is 0.097. The probability that the
sign bit will be a ONE is 0.5 since plus and minus voltages occur with equal probability.

TABLE 2
A TYPICAL SEQUENCE OF BINARY

VOICE SAMPLES

00000 00000 00000 
00000 00001 00001 
00001 00000 00001 
00000 00000 00100 
00001 00000 00001 
00001 00010 00000 
01011 00001 00000 
00000 00001 00001 
00001 10010 00011 
00001 00000 00000 
00000 00000 00001 
00011 00001 00001 
00001 00000 00000 
00000 00001 00000 
00000 00010 00000 
00000 00001 00001 
00001 00000 00101 
00001 00000 00000 
00101 01101 00001 
00001 00001 00000 



The sequence shown in Table 2 is transmitted in the following manner. Starting with the
column representing the most significant bit, count the number of zeros which occur until a
ONE is encountered. Write down this number plus one; then write down the sign bit in the
word in which the ONE has occurred. If 30 ZEROS are counted before a ONE occurs,
write down 31 followed by a zero and resume counting. After this procedure has been
completed for the column representing the most significant bit, continue with the second
column, then the third column, and finally the fourth column. If this procedure is followed
with respect to the sequence shown in Table 2, the sequence of numbers shown in Table 3
will result. For convenience these numbers are called location numbers. As shown in
Table 3, at the end of the frame the number 0 followed by a 0 is written. This serves as a
frame sync signal.

TABLE 3
A SEQUENCE OF LOCATION NUMBERS DERIVED FROM TABLE 2

It is clear that, except for the sign bit associated with the zero-level, the original binary
sequency given in Table 2 can be exactly reproduced from the location numbers given in
Table 3, and in fact there is some redundancy with respect to the sign bit. Each of the
numbers in Table 3 is less than 32 and, therefore, each of these numbers can be
represented by a 5-digit binary word. This representation is shown in Table 4. The sixth bit
is, of course, the sign bit from Table 3. It can be seen that the original sequence of 60 5-bit
words given in Table 3 can be exactly represented by the sequence of 16 6-bit words given
in Table 4. Thus, for this particular example, 96 bits are required to represent the original
300 bits.

TABLE 4
A SEQUENCE OF BINARY NUMBERS REPRESENTING THE

LOCATION NUMBERS OF TABLE 3

In a fixed sampling rate system a sequence of 60 5-bit samples as shown in Table 2 will be
generated every 1/8000 of a second. Since, however, the number of ONES which occur in
such a sequence is variable, the number of location numbers corresponding to the 60 5-bit
samples will be variable. The digits illustrated in Table 4 must, however, be transmitted at
a fixed rate over the communication system and, therefore, buffers are required. The basic
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principles involved in the use of the buffers are described here. Consider that the
communication system is to transmit 120 bits in the 1/8000 of a second in which the 60
voice channels are sampled. The communication system can then transmit 20 6-bit location
numbers corresponding to the 60 5-bit voice samples. If, as illustrated in the example
given, fewer than 20 location numbers are required to represent the 60 voice samples, the
remaining slots are filled with 0(0)’s. If however, more than 20 location numbers are
required for some particular sequence of 60 voice samples, then there will be a buffer
overflow and some information will be lost. Since the location numbers corresponding to
the least significant bits occur last, when a buffer overflow occurs, information concerning
the least significant bits will be lost. Thus, the effect of a buffer overflow is simply to
reduce the fineness of quantization from 5 bits to 4 bits. This occasional loss of the least
significant bit has a negligible effect on intelligibility or quality.

System Analysis.   As was pointed out in the previous section, when the number of
location numbers required to represent a frame of 60 voice samples exceeds 20, a buffer
overflow will occur and information will be lost. In this section the probability of buffer
overflow will be computed. This computation will be carried out for the system parameters
used in this paper, namely, a location-number-buffer capacity of 20 6-bit numbers to
represent 60 5-bit voice samples.

The following method will be used in computing overflow probability. Compute first the
average number of location numbers required to represent the most significant bits in the
60-sample frame; then compute the average number of location numbers required to
represent the first and second most significant bits; then compute the average number of
location numbers required to represent the first, second and third most significant bits; then
compute the number of location numbers required to represent the first, second, third and
fourth most significant bits. (These are all of the magnitude bits for the 5-bit sample.) Now
compute the variance of the number of location numbers required, respectively, for the
most significant bit, the first and second most significant bits, the first, second, and third
most significant bits, and the first, second third, and fourth most significant bits. Now, if
the approximation is made that the required number of location numbers is normally
distributed, the probability that this number will exceed the location-number-buffer-
capacity can be computed from a knowledge of the average and variance. In fact, we can
thus compute the probability that the buffer capacity will be exceeded for all of the
magnitude bits, for the first three most significant bits, for the first two most significant
bits, or for only the most significant bit. In this way we can determine the probability that
the system will degenerate in quality to the equivalent of a four-bit system, a three-bit
system, or a two-bit system.

In the Appendix it is shown that the average number of source bits that can be represented
by one location number is given by:



(1)

where

p is the probability of a ONE
q is the probability of a ZERO (q = 1 - p)
n is the number of consecutive ZEROS for which we record 31 and start counting

again. (In the system that has been described n = 30.)

The average number of location numbers required to represent a string of 60 source bits is
then:

(2)

From Table 1, it can be computed that the probability that the most significant bit is a ONE
is 0.01. The probability that the second most significant bit is a ONE is 0.035. The
probability that the third most significant bit is a ONE is 0.068 and the probability that the
least significant bit is a ONE is 0.097. We then compute the average number of required
location numbers:

n̄L = 2.2 6 for the most significant bit
= 3.26 for the second most significant bit
= 4.57 for the third most significant bit
= 6.10 for the fourth most significant bit

To compute the variance in the number of required location numbers we assume that
ONES are generated by a Poisson process and make the approximation that the variance in
the number of location numbers is equal to the variance in the number of ONES. The
variance is then given by:

Var nL = Np (3)

where

N is the number of source bits (N = 60)
p is the probability of a ONE.

Using Equation (3) we can compute for the variance of the required number of location
numbers:



Var nL =  0.59 for the most significant bit
=  2.14 for the second most significant bit
=  4.07 for the third most significant bit
=  5.80 for the fourth most significant bit.

Summing means and variances we can compute:
n̄L = 5.52 and

Var nL = 2.73 for the first and second most significant bits;
n̄L = 10.09 and

Var nL = 6.80 for the first, second and third most significant bits;
n̄L = 16.19 and

Var nL = 12.60 for the first, second, third and fourth most significant bits.

Since the capacity of the location number buffer is 20, and one slot must be reserved for
the frame synchronization number 9(0), an overflow will occur if the required number of
location. numbers exceeds 19. If we make the approximation that the required number of
location numbers is normally distributed, we can find from tables of the gaussian
distribution the probability that this number exceeds 19, since we have the mean and the
variance.

We find that the probability of an overflow is:

Pr (overflow) = 0.21 for the least significant bit
= 3 x 10-4 for the third most significant bit
~ 0 for the second most significant bit
~ 0 for the most significant bit.

Thus we see that, on about 1/5 of the voice samples, the fineness of quantization will drop
from 5 bits to 4 bits. The probability that the fineness of quantization will degenerate
below 4 bits is seen to be negligible.

Conclusions.   The vocoplexer technique has a number of unique and desirable qualities,
some of which are summarized below.

1. It reduces the required data rate per voice channel, thus permitting the use of a
transmission channel with lower capacity for any given number of voice channels; or
equivalently, for a given capacity of the transmission channel more voice signals can
be carried.

2. It is easily implemented since it is based on standard digital techniques.



1 Jolley, L.B.W., “Summation of Series,” New York, Dover, 1961, pg. 2.

3. It is relatively inexpensive since it requires very little equipment beyond that which is
required for a standard voice multiplexed PCM system and much of the additional
equipment is shared among all the voice channels.

4. It is very flexible, being adaptable to a variety of conditions and requirements for
voice quality.

5. It degrades slowly with increased loading. The effect of adding channels is simply to
reduce quantization.

6. It performs well in the presence of noise or transmission errors. The effect of errors
on the data stream is less severe when the vocoplexer is used than when a
conventional multiplexed PCM system is used.

Two versions of the vocoplexer have been built: one for the Air Force under contract
F30602-71-C-0357, the other for the Army under contract DAAB07-73-C-0064.

APPENDIX

The Average Number of Source Bits that can be Represented
by One Location Number

Let p be the probability of occurrence of a ONE and q = 1 -p be the probability of
occurrence of a ZERO. Let n be the number of consecutive ZEROS for which we record
31 and start counting again. Let n̄s be the average number of source bits that can be
represented by one location number.

To compute n̄s, note that the probability of a sequence if i ZEROS followed by a ONE is
pqi, the probability of a single ONE is p, and the probability of n consecutive ZEROS is qn.
Note further that a single location number is used to represent any of these cases with
0#i<n. Thus:

But1



Then we have:

Since p = 1 - q

which is the desired result.

ns = nqn + p 1 + n (qn + 1 -qn) -qn 
( l -q)2 

ns = nqn + l + n (qn + 1 - qn) - qn 
p 

=nqn+ l+nqn(q-1)-qn 
p 

= nqn + l - n P qn - qn 
p 




