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SUMMARY

With the extensive use of pulse modulation methods in
telecommunications, much work has been done in the search for a
better utilisation of the transmission channel. The present

research is an extension of these investigations.

A new modulation method, 'Variable Time-Scale Information
Processing', (VISIP), is proposed. The basic principles of this
system have been established, and the main advantages and dis-

advantages investigated.

With the proposed system, comparison circuits detect the
instants at which the input signal voltage crosses predetermined
amplitﬁde levels. The time intervals between these occurrences
are measured digitally and the results are temporarily stored,
before Being transmitted. After reception, an inverse process
enables the original signal to be reconstituted. The advantage
of this system is that the irregularities in the rate of
information contained in the input signal are smoothed out before

transmission, allowing the use of a smaller transmission bandwidth.

A disadvantage of the system is the time delay necessarily
introduced by the storage process. Another disadvantage is a
type of distortion caused by the finite store capacity. A
simulation of the system has been made using a standard speech

signal, to make some assessment of this distortion,

It is concluded that the new system should be an improvement
on existing pulse transmission systems, allowing the use of a

smaller transmission bandwidth, but introducing a time delay.
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CHAPTER 1

1. INTRODUCTION

Since the beginning of information transmission through band-
limited channels, noise has been the major problem of engineers. The

quality of communication systems is judged by their noise characteristics.

Any electrical signal corresponding to a message of some kind can
be produced by‘using a transducer. An important problem of
communication is finding a way to transmit this signal to a receiver
so that it is as faithful as possible to its original form. This can
be done simply by applying the signal in its énalogue form to a twisted
pair cable, But with this type of traﬁsmission as distance increases
the noise level may become so high that the received signal is no

longer usable.

In recent years, to overcome the noise problem a digital form of
signal has been used. An example of this is the Pulse Code Modulation
(PCM) system. 1In many ways this type of signél is similar to that
used in telegraphy, which was the first type of electrical signalling

ever to be used,.

.To form digital information, it is necessary to produce a digital
ﬁessage corresponding to its analogue counterpart. For this purpose
a sampling, quantizing; and coding process is used, These processes
have caused some impairments to the signal somewhat similar to amplitude

and frequency distortions of analogue signals.

Although a digital signal is not able to give continuous information
about the source signal's amplitude, a satisfactory quality can be

achieved by using a suitable sampling law.



The digital form of signal is far more resistant to noise than
any other analogue signal because of its two-level character. But
the price paid for this is the necessity for a wide band-width of

the transmission channel.
1

In recent years, great efforts have been made to use the available
communication channels to their maximum possible signal capacities.

This has been done in various ways with various systems.1’5’9’13’29

All transmission channels have been designed for transmitting
the maximum possible frequency harmonics of the source signal. But
most of the time, this provision is not necessary because of the
varying characteristics of the input signal. Therefore, as far as
the frequency bandwidth of the transmission channel is concerned,

there is still plenty of spectral space for handling more information.

Present techniques are being used tb utilize the capacity of the
channel to better advantage. This, of course, is done by sacrificing
the quality of transmitted signals. Every transmission system has
a criterion for the acceptable quality of fhe feceived‘signal. Within
the limits of this criterion it is possible to find the maximum amount
of information which can be conveyed through'a given channel. An
example of achieving greater utilization of the channel capacity to

. better advantage is the system called m.ultiplexing5 .

With this investigation we looked for a system which could enable
us to transmit a source information through a channel which would
normally not be able to convey the same information without degrading

its quality when using normal PCM techniques.

with PCM, the source signal is sampled at regular time intervals.,

Because of this, whether there is a change in source-signal amplitude



or not, measurements are being made and sent in digitized form. If
the amplitude has changed, a second sample would be carrying some
useful information as well as the first one. But, if not, information
in the second sample would be redundant. If redundancies can be
replaced with some other information produced by another source, it

is possible to multiplex these two and other systemsz3 .

With the system investigated in this research, sampling, quantizing
and coding processes have been looked at from a different point of view.
As useful information is produced only when a predetermined amplitude
quantum change occurs in the source signal, then only at these times
is a measurement made. Therefore, time gaps between two consequent
quantized amplitude level changes are measured. So, the coded signal
would contain information on measurements of the time rather than
amplitude. This can also be quantized and coded as would amplitude

measurements in the PCM system.

It is obvious that the occurrence of this data will be.irregular.
If it were to be transmitted as it occurred, the systeg would have
little advantage over PCM. However, we can use a data regulator
to take advantage of the system, For this purpose a dam-~type store

is planned on first-in, first-out basis, By doing so a constant

rate of transmission of data from the transmitter is achieved.

When thé input data rate of the store is higher than the transmission
rate, the store will be filled up. As it is not {easible to occupy
an infinite capacity store, from time to time there will be no place
for the new data; the store will 'overflow'. Until the first

vacant storage location occurs within the store all new data will be

lost from the beginning of the overflow period. This characteristic



of the system will involve a different type of impairment to the
transmitted information from that encountered in other transmission

systems,

When the input data flow rate is lower than the output data
flow rate yet another problem occurs. This time the store will
'underflow'. When the store underflows the transmitted data does
not contain useful information, in other words it will be redundant.
A great deal of investigation has been done in this research to

minimise the amount of redundant information and lost data.

In the experiments conducted the effects of the store capacity
and transmitting frequency on the overflow and underflow has been
investigated. Also, a statistical analysis of the system has been

done using a standard speech waveform as a source-signal.

In this research the essentials of the idea have been investigated,
and the relations between the system parameters investigated. It has
not, in the time available, been possible to build a complete
telecommunications system based on these principles. This awaits a
further development. However, a system simulation has been_prepared,
enabling a subjective assessment of the distortion caused by overflow

to be made,
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CHAPTER 2

2,1 HISTORY OF THE PROJECT

Research on this Variable Time-Scale Information Processing (VTSIP)
system was started in October 1971, when an examination of possible
systems was made. It became obvious that whatever system was chosen,
the dominant problem was that of information storage. It was therefore
decided to devote some effort to the evaluation of the size of the store,
as this represents the major part of the cost of the system. A éearch
of the literature failed to reveal any information which would enable

this to be done.

A simulation of the system was therefore attempted, using the
University digital computer, Owing to the speed limitations of the
computer circuits, it was impossible to carry this out in real time:
a4 tape recording of a typical signal was therefore made, and played
back at a reduced speed. Unfortunately, the resulting impairment in
signal/noise ratio caused inaccuracies which cast grave doubts on the
validity of the results of this exercise, After some months spent
trying to improve this situation, it became clear that an alternative
method of evaluating the store size requirements would have to be

found.

The following few months were therefore occupied in devising and
constructing apparatus for the aﬁalysis of speech signals described in
Chapter 8. The operation of this equipment was satisfactory, and the
data obtained from these experiments were used in the subsequent

design of the system.'

2.2 EXISTING PULSE MODULATION SYSTEM (pcM)

The system to be described has been developed as an extension of
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voltage will not be exactly the same,

Basically, sampling is the process of measuring the amplitude
of a signal voltage in a very short period of time during which
signal amplitude changes by a negligible amount. By sampling
a signal voltage periodically it is possible to obtain information
abouf the signal itself. A periodic sampling process is shown
in Fig,2.1. According to the sampling theory 'a signal voltage
'containing no frequencies higher than fs/2 can be completely
determined by giving its amplitude at 1/fS seconds aparts over
the time axis'.22’171f we symbolize the sampled signal waveform
as  f(t) rep,, $ (F) where £(t) is the signal voltage and rep,,

( 8t) is the r:petétive s(t) with T, periods, after applying °

this signal to a low pass filter we obtain:

G(e) = [£(£) rep, s(e)| * sinc (o t) 2.1
s ‘ .
w = 2xnf
s s
where sinc (wst) is the ideal low pass filter chaqacteristic.

The spectrum of this expression can be written :

G(w) = rep F(w) . rect (w/ws) 2.2
s

where F(w) is the Fourier transform of f(t) and rect (w/ws) is the
rectangular function. From this equation it is evident that G(w)
vanishes for higher frequencies than . Therefore, G(w) = F(w)

and G(t) = f(t) can be written. This clearly shows that a signal
voltage is determined by its samples. 1In other words by transmitting
th independent samples per éecond as long as the signal exists

we can reproduce the signal almost without distortion. This is,

-

of coﬁrse, assuming the signal is ideally band limited at fh.
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Each sample taken from the signal may be any value within certain
limits. Sending these amplitude modulated pulses will not be any
advantage if transmitted in this form, as they will still have the
disadvantages of the analogue signals. The first thing to reduce the
amount of information needed to a minimum degree, a quantizing process ig
carried out. By doing so, each sample amplitude is approximated to
the nearest quantized amplitude level, This approximétion introduces
an error which is usually called 'quantizing noise'a’s. Although
this error is correlated to the signal, if there is a very small
difference between amplitude quantuﬁ levels the correlation becomes
insignificant. A quantizer is simply a circuit having a stepped
transfer chafacteristic, as shown in Fig,2.2, The amplitude of the
steps are determined by the subjective quality tests. In Fig.2.3
a uniform quantizing process is illustrated. For some types of signal
a uniform chafacteristic may not give better results, and some other

: ‘ 28
types of characteristics can be employed, e.g., logarithmic quantizings’ls’ .

Before quantizing the signal, maximum deviation oq its amplitude
from the origin must be known. According to this knowledge, if uniform
quantizing is employed, this level is divided intom equal quantum |
levels. Therefore, a set of continuous levels are represented by only
some of m quantum levels. ifrn is large enough quantizing noise becomes
very small., For non-periodic signals the spectrum of the quantiziﬁg
noise is very wide and widens even more by the increasing number of
levels. By the introduction of non-uniform quantizing characteristics

it is possible to obtain better quantizing noise performances .
The squared quantizing error can be found from :

2

= L ;2
e 12

where a = amplitude of a unit quantum,
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As the number of quanta is high error signal will have negligible
correlation té.fhe original signal, The spectrum of the error signal,
therefore, will be very wide approaching any likely sampling frequency.
By the sampliﬁg process this spectrum will be folded back and the
noise contents corresponding to the signal band will be considerably
higher than expected. (See Fig, 5.1). If the sampling frequency

is very high, iﬁ'the limit this will correspond to the unsampled
quantizing noise situation. But if we increase fs we will need a

very wide channei bandwidth.

After the‘quantizing process, each sample is represented by one
of m quanta levels. By using binary counting methods the levels
ha&ing a value between O and m can be shown in the form of pulse
groups., Each ngup being coded to a number corresponding to one of
these quanta 1evels; By using binary numbers it is possible to code

m levels as :
o= of (2.3)
Therefore, information cdntent of a code representing a sample of
maximum deviation becomes :
L= log, m = n bits (2.4)

To calculate the occupancy of the transmission channel in worst case

situation, information per second can be written :
Channel occupancy = fs . n bits/sec. (2.5)

where fS is the sampling frequency. As we choose fs; 2fn channel
3

occupancy becomes :

Channel occupany = th.n bits/sec.
.Tranémission medium must be capable of conveying this informatiom.

Obviously, a signal rarely approaches the amplitude levels as high



- 11 -

as this, But as the possibility is still there, system designs

must be done considering the worst case.

It will bé appreciated that in the PCM system the transmitted
pulse group” frequency is constant, There will, therefore, necessarily
be a waste of potential channel capacity during those times that the
signal amplitude is not more than a few quanta levels. Many attempts
have been made to take advantage of this potential channel capacity by
using numerous‘methods, rather than wasting :’Lt.4 This investigation

represents a further attempt for the purpose of producing information

which can be conveyed through a channel having less potential capacity.
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CHAPTER 3

‘3.1 DESCRIPTION OF THE PROPOSED SYSTEM

Unlike other modulation systems, the proposed system does
not produce amplitude information about the source-signal which
is to be transmitted. Therefore, it is essentially different

from the rest of the modulation systems.

The processed information, corresponding to the source-
signal is a measure of time-length which is spent between two
consequent quantized amplitude levels. Every time the signal
amplitude increases or decreases by a unit quantum this
information is being produced. Therefore, information is
produced irregularly as the source-signal is random. But it is
worth mentioning that each bit of information determines a definite
change in the source-signal amplitude. I1f we make a comparison
with thé other digital communication systems, it is obvious that
the sampling technique used here is not like the others. With
other systems samples are taken periodically to prohuce information
about the amplitude change of the input signal within this period.

This sampling period is, of course, suitable enough to get an

acceptable quality at the receiving end of the communication link.

Information processed as explained in the above paragraph
is contained in a digitally coded word. Each word, therefore, is
produced after each amplitﬁde quanta change of the source-signal.
To regulate this irregular information flow the use of a store is
necessary. If a suitable size store is employed, then by pulling
out étored information with a constant rate, this regulation
process can be realized. The pulling out rate, must bevequalled

by the average rate of information processed. With the proposed
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method it will be possible to convey this information through a

communication channel without occupying it unnecessarily.

The syétem, therefore, consists of a circuit which derives
information, 'information processor', and a store. The information |
processor is basically a level sensing detector which produces a
pulse every time a unit quanta amplitude change occurs in the
source-signal,_aﬁd a time interval measuring device to measure
the time 1ength§ between the consecutive pulses. The latter
device also quantizes and codes this time-length measurement.

The store is a f;ilo' type store, as commonly éalled. Registered
_information is-takeh out by the transmitter at a.constant rate.
At the receiving end similarly, there is a store and the circuits
which convert the coded time-length information to voltage. The
design of the circuits and store is vefy dependent upon the source
signal. For high values of signal the data rate will be very
‘high. Therefore,-the circuits must be able to operate at these
.speeds.

At the recéiving end there is another store which registers
the regularly received information from the transmitter. Each
 pu1se group which éontains the time-length information, directs
‘to the transmittef to hold the present amplitude level, and at
the end of this period the next pulse group gives another directive

about the time-length of the next amplitude level. (See Fig.3.1).

For a store, it is possible to use various types of devices
such as paper tapes, magnetic cores, magnetic tapes, or semi-
- conductor elements, The choice of store will depend upon the

type of source signal, and is likely to be greatly influenced by
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economic considerations.

3.2 GENERAL REQUIREMENTS OF THE SYSTEM

Once the maximum slope of the input signal is known, a
device which is capable of producing time-length measurements
of unit amplitude quantum changes of the source-signal can be
designed. By carefully studying the characteristics of the
signal to be transmitted, all necessary design information can

be obtained.

It is convenient to call this device the information
processor. (Fig. 3.2). It consists of an amplitude change
detector, a time-length measuring device, and a time-length

quantizer and coder.

The amplitude change detector senses the predetermined
amplitude level changes of the source signal. It produces a
pulse every time the input signal crosses one of these amplitude
levels. The device has two outputs indicating the changes in
either direction. (Fig. 3.3). These outputs are fed into the
time measuring device, which measures the time-interval between

two consequent pulses which are produced by the previous circuit.

The result of this analogue measurement is then quantized
and coded in digital form, ready to be transmitted. Each
digitally coded word contains information indicating a unit

amplitude quantum change to last the length of time which is

encoded within itself,

Depending upon the source signal there may be long silence
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gaps as well as very frequent amplitude changes. As one of our
most important goals, information must be transmitted with a
constant rate. Therefore, as mentioned before, a store serving

as an information regulator is used. At the input of this device,
digitally coded words containing information occur randomly. The
store, which is designed on first-in, first-out basis conveys this
information to the transmitter at a constant rate. If there is

a higher rate‘df information flow at the input of the store, than
at the output, its occupancy increases, As there will be a limit
to the capacity bf the store to be used, continuity of such a

situation inevitably causes an overflow condition,

On the contrary, if there is a higher rate of information-
flow at the output of the store than at the input, there will soon
be no information in it to be conveyed to the transmitter. This
creates the undéfflow situation. After that instant, the rest
of the signals will be of no use as they will not contain any
information. It is clear that the higher the store capacity,

the lesser the possibility of underflow as well as overflow.

The use of the store must cause a delay in the system, which
“delay will increase as the store capacity increases. For such a
‘delay there are practically permissible limits for any particular

communication system. This represents one limit to the size of
the store.

By the addition of a store and a transmitter to Fig.3.l1l, the
complete system block diagram can be drawn. Regularly received
information is fed to the store as at the transmitting end. But
information is pulled-out irregularly from the store under the

instructions given on the decoded time-length information, A
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detailed explanation of the transmitter and receiver is given in

Sections 3.2.1 and 3.2,2.

3.2.1v Transmitter

As explained in Section 3.1 there are two main parts of the

transmitter, which are the data processor and the store.

A block &iagram of the transmitter is shown in Fig.3.4. As
explained previously the amplitude-change detector produces a
pulse every time an amplitude level is crossed in either direction.
Then, a flip-flop which is triggered by these pulses opens the gate
of the counter,. This counter starts to count until stopped by the
next pulse reversing the flip-flops state. Immediately a second
counter starts to count the unit pulses until a further pulse
arrives. At any time each of these counters contains, in quantized
form, time-length information about two consequent amplitude level

crossings.

While one counter is counting the unit pulses, information
reserved in the other counter is registered to the store. A
multiple:xxer conveying information in sequence is used before the

store,

The unit pulse génerator produces the pulses with a constant
repetition period corresponding to the unit of the time-scale.
Therefore, this period represents unit time-quanta. By counting
these pulses, information will be quantized automatically. As a
binary counter will be used, its output will represent a binary
coded word containing the quantized time-length information we need.

This method of quantizing and coding is quite basic and easy to

implement.
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As the data flow increases the store will become full after
a time, and this condition will be indicated by an overflow flag.
Then the overflow flag will be low, and a gate will block the
input of the flip-flop preventing a further change.of state. This
situation will continue until there is an available space in the
store to register new information, so the flag output will be
high again to open the‘gate, permitting the flip-flop to change

its state.

When the data flow decreases at the input of the store,
this time an underflow condition will occur. This will be
indicated by an underflow flag at the output of the store. To
avoid seﬁding useless information it is possible to block the

output of the transmitter during the times this conditions persists.

To indicate the polarity of the movement of amplitude, an
extra digit is included in the digital code-group transmitted.

This is sent as a 'l' when the increment is positive,

3.2.2 Receiver

A block diagram of the receiver is shown in Fig.3.5. It
is first necessary to convert the received serial code groups to
a parallel form. When the word length is complete a write
pulse transfers this information to the store. In the meantime
similar to the one used in the transmitter, counts up the

a counter,

unit pulses generated by the unit impulse generator. When they

are equal, the comparator produces a pulse which, on being integrated

by a simple integrator circuit, producés a step signal at the output
lasting until the next pulse comes. The same comparator output

is applied to the reset input of the counter, as well as to the

tread' input of the store, after a delay sufficient to permit

L rEmm e .
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charging of the integrator capacitor. This action applies for the
positive slopes of the source signal., This delay is necessary
because without the delay,counter will be reset without being

compared with the information, which is at the output of the store.

For the negative slopes the sign indicator digit contained
in the received word becomes '0' or 'low', blocking the positive
pulse path, Instead, when the digital output of the counter
equals the received word, comparator output is triggered. This
output pulse from the comparator excites a negative pulse
producing circuit. The negative pulses, when applied to the
integrator, decreases its amplitude by a unit step. Therefore,
the integrator output gives a stepped output signal proportional

to the source signal. (See Fig. 3.6).

There will be distortions of the waveform because of the amplitude

quantizétion. This is investigated further in Chapter 5. Store

overflow is another source for waveform distortion, which is

\

investigated in chapter 4,

3.3.1 Time Coding Methods

As explained in Section 3.2.1, the transmitted signal consists
of pulse groups which represent a measure of time intervals. The
shortest time interval will occur under conditions when the signal
voltage has the maximum rate of change. Assuming this signal to
be quantized in equal increments of voltage, the greatest rate of
change will occur with a signal consisting of a sinusoidal voltage
having the maximum amplitude and frequency for which the system

is designed, and measured at the point where the voltage passes

through zero value.
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The least rate of change is less easy to evaluate. During
periods when the signal voltage is not changing, (for example, when
it is zero), a measurement of time interval would require a very
large transmitted pulse group; the accuracy of measurement in
such a case could be reduced without too great a sacrifice in
the received signal quality. This is discussed in Section 3.3.2.
However, when there is a lower limit to the frequencies contained
in the signal, the smallest rate of change sensed by the system

will occur with a voltage of this lowest frequency, having a

peak-to-peak amplitude equal to one quantum.

3.3.2 Measurement of Time Intervals

Since the transmitted signals representing the time intervals
between successive samples of the signal voltage are in the form
of pulse groups, it would appear that a suitable method of time
measurement might be to count the number of pulses generated by
an oscillator during the interval, and to use the digital output 1¥
of the counter to determine the configuration of the pulse group. |
It would be possible to adjust the increments of time measurement

by variation of the oscillator frequency, should this be desirable.

A diagfam of a time measurement system working in this

manner is given in Fig. 3.7.  Each time the signal voltage crosses

a quantum level, the flip-flop A is triggered, allowing pulses from

the oscillator B to reach the counter C.  The output of this counter is

therefore a measure of the time interval elapsing between successive

voltage amplitude quanta. The fact that this measurement of time

is necessarily quantized gives rise to a further source of error in

the reconstituted signal, which will henceforth be called the 'time

quantum error'.
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To be able to measure the shortest time interval with a
certain error, the oscillator must have a suitably high
repetition frequency. The shortest time interval will be
measured when the rate of change is maximum. As the oscillator
frequency increases,the measurement will be finer. This naturally

causes an increase in the rate of information produced.

Long intervals of time also have to be measured and

transmitted using the same type of pulse groups. The longer

the time interval the greater the length of words containing
information. This also results in an increase of information

rate.

The direct counting method described above has an obvious
disadvantage. I1f the oscillator frequency is arranged to be
sufficiently high that the time quantization error is acceptable
with signals having their greatest rate of change, then for signals
with a small rate of change the number of pulses to be counted
between successive quanta will be very .large. This will require
an excessive number of counting elements, and would represent an
unnecessarily high accuracy of time measurement. There are many
possibilities for the modification of the system, some of which
are discussed later in this thesis. However, if the measured time
interval is long it is unlikely that a much shorter time interval will

follow it, considering that the signal is a stationary random signal.

Before deciding about the code-length to be used for coding
the pulse groups which carry information about the time intervals,
there is more to be said about the characteristics of the signal
for which the system is designed. This investigation also helps

to establish the accuracy limits of our measurements.
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3.3.3 The Coding Process

In general, to decide about the source-coding process of the
system the first thing to be considered is the bandwidth of the
source signal, As explained in section 3.3.1 the high and low
end qf the frequency band gives us an idea about the extreme rates
of change. Assuming that we have quantized the amplitude in m
equal increments, the maximum rate of change occurs with a signal

of maximum amplitude and frequency. If the lowest frequency is

fl and the highest frequency is fh of the signal, bandwidth w can
be written:

w=f -f 3.1

let a sinusoidal y of maximum amplitude and frequency be :

(] g

sin 2% .t 3.2

y = h

where A mx a

a unit step voltage.

The slope of this voltage waveform will have its maximum value around

1
" i
t = 0. Therefore the shortest time interval Atmin which can be ;

written as follows:

At = 1 arc sin 2 3.3
min 2J1:fh m ¢

The maximum time interval is measured when the lowest frequency

signal crosses only the first level and can be expressed as :

At' = = 3.4
max 2f1

All other time interval measurements will vary within these two

limits. Obviously, there will be time-intervals which are much

longer than At , e.g. when there is no signal coming from the
max .
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source., The counter in this case may overflow. Therefore the

resulting measurement will be wrong.  But because of the characteristics

of the system this mistake in measurement will not be so effective.

If Atmin is accepted as the unit time quantum a code length of

1; can be calculated as :

L - 1 nfh
c °g,( 4 tmax/ Atuin )= Log, .2 3.3
: fl X arcsin o

Assuming a long silence-gap has occurred and the counter has

re-cycled k times, exactly (k . lc) bits will be missed. There are

two possibilitiess

(1) If the store in the transmitter was not emptied, in this case
A t:i.

: A tmin
will be transmitted. Therefore, the time interval measurement

if  aty is the actual time interval,(logz( ) - k"lb) bits
error will be :

At =k - At secs,
e max

(2) 1If the store in the transmitter was emptied, and the state of the
store occupancy was Si when the silence gap has started, assuming
the transmission rate is Ro’ error will be:

S

: i
At¢~- Ati- Ro secs.

This time interval measurement error may become a disturbing
factor. This has to be individually investigated for the systems

concerned.

For our system to be competitive (1c . Ro) must be less than any
other digital systems transmission rate. In this research it is

accepted that Atmin is the unit for the time quantizatilonm.

To indicate the direction of the amplitude change, an extra bit

is added to the coding system, making the total code word length

@ + 1) bits.
c

e o o g
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CHAPTER 4

4.1 SYSTEM PARAMETERS

Variable time-scale information processing consists of two
diffgrent steps. The first step is to convert the source signal
voltage into a series of irregularly occurring pulse groups
containing information about the time intervals. The second step
is to regulate the flow of this information and transmit it to the

transmission medium.

Within the first step, a sampling quantizing and coding process
is implemented. The sampling is not in the sense of the sampling
process used in the PCM system, but is an 'amplitude sampling'.

This means that instead of making a measurement of the instantaneous
voltage with regular time intervals, we are measuring the time

spent betwéen two adjacent quantized amplitude levels of the.voltage.
So the amplitude quantization is again used in the same manner as

the PCM system. In addition to the amplitude quantﬁzation,
measured time-intervals are also quantized in order to be able to
digitize tﬁis value with a pulse group. Each pulse group is coded
in a form which is most suitable for the system to be used. Therefore
a pulse group containing the time-interval measurement is produced

with such a process.

This main difference of our system from the other telecommunication

systems, led us to search for some other properties of the source signal.

It is obvious that the flow of information will increase with an
increase in the number of amplitude levels. This will give a higher
signal to quantization noise ratio, although it necessitates the use

of a larger store. Therefore the store occupancy is a direct function
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of the number of levels used. Economic and practical considerations
always put a limit to the size of the store needed. Sub jective
quality tests and calculation of the signal to quantization noise ratio
give us an idea about the minimum number of amplitude levels which
must bg used. It was not intended to make subjective quality tests
of this kind, as some other parameters were considered more important;
the available time has been spent in the investigation of these, and
a mathematical approach to finding the quantization noise

level of the system. This level is not only dependent upon the
number of amplitude levels, but on the time quantization as well.
Therefore, the error caused by the time quantization must be taken

into account.

The store occupancy is also a very important system parameter.
Information rate increase causes the store occupancy to increase.
When the store has no more places to register any more information,
overflow will inevitably occur, until such time that the transmitter
sends one more pulse group from the store. The pulselgroups which
are produced by the information processor will be lost as long as
the overflow occurs; This loss of information will cause an
'overflow distortion'. As this does not occur very often and its
period varies randomly it is not possible to formulate it in a
meaningful style. But statistical investigation of the source
signal may give us some idea. So far, transmission frequency is
not considered to be an important parameter. Since the store size
is limited, then with different transmission rates (Ro) different
overflow distortions will occur. Namely, the store occupany is a

function of Ro as well as number of levels (m).

In this chapter, an investigation for the system parameters is

undertaken. The essentials of the theory, in general, are put
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forward. A practical verification of the theoretical results

is made for a speech signal and is given in Chapter 8.

4.2 RELATION BETWEEN STORE CAPACITY AND TRANSMISSION FREQUENCY

The feasibility of the prepared system can be judged by the
calculations of the store size to be used. Therefore, this aspect

must be the most important of all.

If the statistical properties of the source signal are known, we
can derive information about the rate of change and therefore the input
rate of the store from this. We intend to calculate the relation of
store occupancy function with time. But for signals like speech,
information flow rate will be random. Therefore we cannot write a
definite mathematical function in such a case. What we do is,
(assuming the source signal is a stationary random process), to try
to find the store occupancy density function by using the first
derivative probability density function of the source signal. This
mathematical approach hés been done with the practical considerations
at the back of our minds. Some simplifications and approximations have
been made whenever appropriate, without doing any harm, hopefully, to

the realities of the system.

Whenever the source signal voltage passes through one of the m
predetermined amplitude levels, a pulse group indicating the time
interval between two successive voltage levels is stored. A pulse
group is called a 'word' which carries this information. In the
meantime the transmitter periodically pulls out a word from the store.

Therefore the rate of store occupancy change is the difference between

the input and output rates. Store occupancy is not a continuous

function, as the pulse groups are in discrete form. For the convenience
3
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of the calculations, store occupancy is assumed to be a continuous

function, rather than a stepped function, which it actually is.

If Ati seconds has passed between two consecutive level
crossings, and the state of the store occupancy is S, 1» and the
l—
transmission rate is Ro’ the store occupancy for the present state

Si is

Si = Si—l +1 - R0 i’ Ati 4.1

If Ati is a long time interval; so that the store is emptied
by the transmitter which pulls out information with the rate of Ro’
then the underflow condition should occur, For this situation we
can write

S + 1 < Rox Ati 4.2

i-1
If Si > Si—l for successive level crossings, and if the store
size Smax is exceeded, an overflow condition will occur. This means,
information produced from this moment on is lost, causing a distortion
to the signal. For small sizes of store this conditi?n may occur quite
: .

frequently, and the result may not be acceptable. Therefore Smax has

to be chosen after a very careful consideration. For every source

signal there will be another Smax'

As seen from the equation 4,1, the transmission rate directly
affects the store occupancy. Low rates of transmission cause frequent

overflow, but on the other hand, high rates of transmission cause

frequent underflow. Therefore, there must be a transmission rate which

causes acceptable overflow and underflow conditions for a particular

store size, We will call this the optimum transmission rate.
It is evident that as the transmission rate increases this would

cause proportionally higher underflow than overflow. On the contrary,
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if the transmission rate decreases this would mean proportionally more

overflow than underflow.

If in the interest of received signal quality, we sacrifice
potential channel capacity, by introducing underflow, we can increase
the ;ransmission rate. Underflow only means occupying the transmission
channel unnecessarily. But this, being one of the most important draw-
backs of PCM, is not desirable. As we cannot allow too much overflow
we have to find an optimum store size and transmission rate for this

particular system,

Since we can find out the statistical properties of the source
signal, we can develop a theory to find the store occupancy density
function. Using the result, it is possible to find statistically

optimum store size and transmission rates.

In the next sections calculation of the general form of store

occupancy density function is made.

4.3.1 Store Occupancy Density Function . |

In this section, a theoretical analysis has been made of the

calculation of the store occupancy density functionm.

For simplicity the store is assumed as infinite, although it is
not, of course, possible to use an infinite size store in practice.
By observing the store occupancy of certain intervals and taking the
time average of those observations, it is possible to produce the

steady-state probability density function of the store occupancy.

In these calculations, store occupancy is assumed to be a
continium of states rather than a number of discrete states, which

it actually is. This assumption was made for the mathematical
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convenience,

The state of the store Occupancy is dependent on the previous
state onl Theref i i i i {an? 8014
V. erefore this relation is first order Markovian .

Assuming that Si_lg(J the next store occupancy is dependent on the

added data to the store in the period of At,, which is :
. . l
If we write the conditional probability distribution function
for store occupancy:

P(S/Si) = Pl(S, Store did empty/Si)

+ P2<S’ store did not empty/si) 4.4

Obviously, if the store emptied, store probability distribution is

equal to that of Asi+ But if the store did not empty, this time

1°
we must consider both Si and ASi+1 together. In the above equation

Si+1 and Si are replaced by S and Si respectively. If we can find

p(S/Si) by using a well-known relation from probability theory,
p(s) = oj p(s/8;) . p(s;) . ds; | 4.5

If Ro X Ati = Si+1 occurs, S will be zero at the end of Ati

period. That means that an underflow condition may occur, if the
S.+1
i
At period has lasted longer than 1/Ro' Therefore, Aty %

o
is the condition for the underflow.

It is known from equation 4.1, replacing Si+1 with S :
= - 4.6
S Si +1 Ro X Ati

S.+1
= equation 4.6 can be written.

So, where Ati<
o

To find the conditional probability function of the store occupancy

we must integrate p(aA t;), in the appropriate region of the At, axis.
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as shown in Fig.&.l

-]

Pl(S1 store emptied/Si) | p( Ati) . d( Ati) 4.7
. Si+1
At, =

i R
0

For the remaining parts of the axis as the store is not emptied:
' 1+

Si
R

. . 5
PZ(Sl’ store did not empty/Si)= / p( Ati).d(Ati) 4.8

Ati=

€, .
1 min

By combining the equations 4.7 and 4.8 we can write:

S.+1-S
At. = ._.1___._.
. 1 .
- . f o
P(S/s,) = p( At,). d( At.) 4.9
1 At 1 1
i min

To find the conditional probability density function for that
case

dp(s/s;)
p(8/8;) = —gg— = 5 P\ CTF) 4.10

1 o o

Finally by substituting equation 4.10 into equation 4.5,

S.+1-8
i

1
- -_) . .) . dS, 4.11
Ro'p At ( Ro ) P(Sl) i

p(sS) = +.

OHS

cm1befmmd,ﬂmré058< o .

Until now, to our knowledge, because of the different characteristics
of the other telecommunication systems p At ( Ati) has never been
investigated for a particular band limited source signal. But the
amplitude probability demsity function and first derivative probability
29

, \ 6 .
functions have been investigated ’ Therefore, assuming we know .

the first derivative density function for a particular source signal,
' i t.).
we can find p At( A 1)
At, corresponds to the time interval between two consequent
i _



- 36 -

store emptied

store not emptied (S <0) region
_ . 7/////A
A(§=;i31) (At= 8;+1- Atix Ro) Ro

Fig.4.1 INTEGRATION REGIONS OF p(a t).

. —— —— — — —— —— st ity o am ooy —— ——  o——— — —— ——— — —

Fig.4.2 CONSECUTIVE AMPLITUDE LEVEL CROSSINGS.
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amplitude: level crossings (see Fig.4.2). TFor large values of m,
a/ At; can be accepted approximately equal to the derivative of

the source signal waveform at this point.

d
If we kpow P, (E%), the probability density function of
first derivative, p At( Ati) can be found. Putting z = g%, and

accepting that there is no maximum or minimum within At. period.
i

z).dz = =2
p,(2) iz P el at;).dCat,) for |z B, 4,12
Therefore‘
o _ a a ‘
P el 2t5) = p, (). 2 | 4.13
‘ . i At
can be written.
. , Si+1—S
By substituting p At( Ati), and putting at, = R
to equation 4.11 :
C e ax Ro ax Ro
p(s) =+ ——2 p (=——2) . p(s,).ds, 4.14
I (s ool
o

1P |z SgL-S
1

The solution to this integral equation gives the probability
density function of the store occupancy for 0 S < o, It must
be noted, however, this equation is valid considering that

. L . . N dy
calculations are done in the active speech region where it £ 0.
! Long silence gaps must be considered separately. In this case
p(A t) can be accepted as an exponential distribution as ‘'a

~level change' will become a rare event. (See Appendix).

4.3.2 Overflow and Underflow of the Store

Since the store occupancy density function is known, to
find the probability of the store occupancy being larger than

s we calculate the area under the probability curve above Smax’
ax

w . . 4.15
P(s> s )_ | p(S).ds

S
max °
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This gives us the stationary overflow probability function,
but does not provide us with a criterion to judge the subjective
quality of the system. Because, although P(S >Smax) may be the
same for two different signals of the same system, subjective
quality test results of the reconstituted signals may differ,

For both cases, the overflow condition will last for 1/Ro seconds,
But, the signal which has the higher rate of change at the period
of overflow would be affected more than the signal having less

rate of change at the same period. As a result, there will be a

subjective quality difference between the reconstituted forms of

these signals,

If the signal consists of voltage spurts having high rates
of change, the loss of pulse groups will be more than when the
rate of change of the voltage is low, although the overflow period
will be équal in both cases. Therefore, it must be clear that
there are two different affects of overflow;

(1) The lost time because of overflow, i |
(2) The loss of information because of overflow.
So the signal voltage having high rates of change will be more

affected as more information is lost about it.

It is obvious that distortion caused by overflow is closely

related to the statistical properties of the signal voltage.

When the overflow occurs, the transmitter store does not
register any more information. Hence the unit quantum changes in
the amplitude of the signal voltage would not be reconstituted at
the receiver. (Fig.4.3). A feature of overflow distortion is a
d.c. shift in the reconstituted signal voltage. The amplitude

of this d.c. shift varies, depending on the number of pulse groups

O T O S T UL PSSO S ST AU
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1. ° Actual signal ~

2, Signal after overflow distortion

N

3. Transmitter clock pulses
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P overflow region

Fig. 4.3  OVERFLOW DISTORTION
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which have been missed as the overflow period continues, For

the speech signals this distortion effect appears as a 'click'

noise in the practical observations,

We can find the maximum possible d.c. shift of the
rgconstituted voltage considering that the source signal is a
band limited signal. The maximum rate of change will occur
with a signal voltage having the maximum slope. If we consider

the number of level changes of the signal voltage as Nx’ in an

overflow period

QZ ax Nx
rria —17§——- volts/sec. 4.16a
o

To find the maximum rate of change, the maximum value of

the slope has to be calculated:

= dy
X max a xR x dt 4.16b
o max

As we are dealing with stationary random processes g%
is not always known. We can only know the amplit?de probability
density function or first derivative probébility dénsity function
of the amplitude of such signal voltages. By using 4.1l6a we can

find p(Nx), the probability density function of the number of the
missed levels.

We define the overflow distortion as the expected value of
the number of level changes in an overflow period. As we know
the occupancy density function,we can write the conditional level

change probability function in an overflow period as

p [Nx/s:)smax] = P(Nx) x P [S>Smax:l 4.17

subject that N_ and S are two independent variables. It is clear
X

that there is no relation whatsoever between the rate of amplitude
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change and store occupancy, so we can write 4.17.

If we substitute p(s >S ..) by equation 4.15 and find

P(Nx)’ the conditional level change probability function would

be found.

P(NX) can be found by using Poisson's distribution formula
assuming that the outcome of the event of level changes are
equally likely for the overflow period2’7.

To find the overflow distortion we can write,

N
X max

= N = '
dog = EA{N} Of Neep [N /s>s ] dN_ 4.18

Ny is known for a band limited signal by using 4.16b.
Therefore calculation of dOf would be a straightforward process.

Results are applied to the speech waveform as the source signal,

in Chapter 8. 3
il
In many ways, underflow is not so important as overflow. It 3
is only important as far as the redundancy is concerned. If the ;%
store underflows the transmitted pulse groups will not carry any i
]
useful information. Therefore, these groups will occupy the
transmission channel unwantedly. To minimise the flow of redundant

information through the transmission channel, both store size and
transmission frequency have to be chosen after careful consideration.
Underflow will occur less frequently as the store size is increased

and the transmission rate decreased.

If the transmission frequency differs from the average input
rate, there will be a gradual increase or decrease in occupancy of
s
This will lead to a corresponding increase in the

the store.

amount of overflow or underflow. This is shown in the graphs
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of Figs.8:1, 8.2.and 8.3. Low values of transmission frequency
result in large values of overflow, while the underflow is small;

for high transmission frequencies the reverse is the case.

It is difficult to determine an optimum transmission frequency.

The effects on the received signal caused by overflow and underflow
are different: overflow represents lost information, while
underflow represents unused transmission capability. The choice
of the optimqm‘transmission frequency must await the results of
overall tésts on the equipment, in which an acceptable level of
distortion ﬁay Be determined. However, for the purposes of this
research some cfiterion for this choice must be established, and
the transmission_frequency has therefore been chosen to be that

value at which the curves in Figs. 8.1, 8.2 and 8.3 cross each

other.
: 1+Si
Referring to Fig.4.2 and equation 4.6, when At
\ ' o
the store underflows. - Therefore the probability of zero occupancy
can be found by using this relation :
S 1+S,
i
P(underflow) = P [At, 2 /s. ] 4.19
= i Ro i
. Obviously S, and ‘Ati are independent variables, therefore ;
' i
' o 1+Si
P(underflow) =fo P(Si) P [A t; 2 R :]dSi 4.20

gives the prbbability of underflow.

As the average input rate is dictated by the signal, with a
changing transmission rate we can observe how the overflow
distortion changes. Ideally, if the transmission rate is equal

to the average input rate, the store will never be filled or

emptied.
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Mathematically, the optimum transmission rate has been

calculated and given in Chapter 6, equation 6.8.

4.4  EFFECTS OF THE NUMBER OF AMPLITUDE QUANTA m ON THE STORE

SIZE NEEDED '

Although the optimum transmission rate, as defined above
would be the same for different store sizes, if we reduce the
number of amplitude quanta levels, the average input data rate
to the store will be decreased. As the levels are not so
close together, time interval measurements wili be made less
freﬁuently. This will naturally mean a reduction in the

transmission rate. This will also permit us to use smaller

store sizes. A reduction in store size will aid economy, which

is rather important for practical systems.

ﬁowever, it is not possible to make a dras;ic reduction
in the number of the amplitude levels, because the coarser the
amplitude quanta, the lower the signal to'quantizigg noise
ratio becomes. Therefore this limitation draws yet another

boundary for the choice of the system parameters.

The effect of m on the signal to quantizing noise ratio

is investigated in Chapter 5.
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CHAPTER 5

5.1 , NOISE CHARACTERISTICS OF THE SYSTEM

It is gxplained in previous chapters that the crossing of
the signal waveform from the predetermined amplitude levels is
being detected by the level change detector. Therefore, the
time interval measured is between two consecutive amplitude
quantum levels. We can see from this explanation that a
quantizing effect takes place in this type of modulation, and
of course, causes some impairment to the signal.5 A similar
problem occurs in PCM systems s, namely quantiming noise. If
it had been possible to make an accurate measurement of the time
intervals and transmit this information in an analogue form of
signal, time quantizing effect would not be accounted for. At

this stage we will investigate only the effect of the amplitude-

quantization.

Quantizing noise is not like random noise. It is correlated
to the signal which is being quantized. Therefore, subjective
assessments would be different and final judgement for the quality
definition should be carried out by subjective tests. The
quantization effect can be seen from the pictures taken from a

CRO, when a sinusoidal signal voltage is applied to the input

of a quantizer. In this application quantum levels are selected

with equal intervals. (See picture 5.1).

If the signal voltage range is divided into m quantized
amplitude levels, y, will represent all the voltage values between
J :
y. - a/2 and y, + a/2.  If we know the probability density of the
j J

amplitude distribution, it can be accepted that for one quantum
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Photograph 5.1

QUANTIZING NOISE WAVEFORM

Source Sinusoidal Random noise

Signal voltage yoltage
Signal level 0 dB 0 dB
Noise level - 39.2 dB - 36.3 dB

Table 5.1

QUANTIZING

NOISE MEASUREMENTS FOR 128 QUANTUM LEVELS.
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interval, as it is small enough, this distribution does not change.
Therefore, for this interval P(y) = p(y.), can be written. The
J
squared error caused by the quantizing can be written as follows:
y +a/2
J

e, / (y - yj) .p(y).dyzl—; p(yj) a3 5.1
Yj- a/2

As the quantum is very small with respect to the total range
p(yj) X a can be accepted as the probability of the signal being
in the jth‘leVel. Each quantized level will add another noise
component, sb théf squared error will consist of the sum of ejz’s.

2 Z'e.z

- e = a 5.2

From the picture (5.1), it is possible to see the waveform
of the error signal. The above calculation gives the same result
- as the error signal's mean-square value, assuming it as a triangular

waveform with peak to peak (a) volts deviation.

This noise voltage have a very wide frequency spectrum.
 To understand the fraction of this spectrum which overlaps with the
actual signal spectrum, we have to find the spectral distribution

~of the quantizing noise.

In PCM syétems sampling process, (amplitude sampling), results
in the folding back of the spectrum, causing an increase in the noise
level within the signal bandwidth. (Fig. 5.1). As we are not

introducing a sampling process with VTSIP only a small fraction

of the noise energy will be transmitted. This is obviously an

advantage of the VISIP system over the PCM.

In the VTSIP system, the noise as the result of the time

quantizing process, will be much less effective than the noise
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components as the result of the coarser time quantizing in PCM
systems. As we are quantizing time-interval measurements between
ad jacent quanta levels with a very small unit time quantum, this is
of course expected. Therefore, to establish a criterion for the

noise SPecifications of the system, a series of sub jective tests

has to be carried out in addition to the theoretical calculations.

This is not as easy as the above calculation, but somewhat similar.

This will be dealt with in section 5.2.

As far as the calculation of the noise spectrum is concerned,
it is again similar to the calculations which have been done
. , , 24,26,27 , . .
previously by several investigators - This time sampling
process will not be considered. However, time quantization

effects will be investigated. This is also dealt with in the

following section.

A noise spectrum of this kind is quite wide. For a band-
limited source signal, its quantization noise also is band-limited
as they have a correlation between each other. Electrically the
noise voltage will be a series of triangular voltages having random
slopes. The bigger the number of quantum levels the smaller the
noise amplitude will be, Therefore the length of each triangle

will be proportional to the signal bandwidth, the signal amplitude

and the number of quantum levels.

Prior to the calculation of the noise spectrum, it is in
fact necessary to define the signal spectrum. The signal voltage

consists of the ensemble of various signals having different

frequencies and amplitudes. By investigating the power spectrum

we can make some assessment of the relative magnitudes of the

different frequency components of the actual signal. So we learn
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some useful information about the statistical properties of the
signal, as we cannot define it analytically, For the stationary

random signals we can define the Power spectrum by using the

auto-correlation function

+t/2
W(T ) = Lim % f y(x).y(x + T).dx 5.3
t»> o -t/2

This was first proved by Wiener30 » which of course has been the
only way to calculate the power spectrum of a random signal. So
far as the quantizing noise is concerned the same method can be
used. But for the values of T which are other than O the noise
signal can be accepted as uncorrelated. Only for when T = 0 has
the correlation function a value. From equation 5.3, if T is
made zero W(T ) becomes a delta function, which means it has a
uniform power spectrum.

t/2

W(0) = Lim % f y(x)2 dx 5.4

R -t/2

W(T ) = &(t) which corresponds

F(w) 2 1

This result is of course correct for random noise signals.

But in the case of quantizing noise, F(w) is a low-pass function

rabher than a uniform function. Because of the correlation with

the signal which is being quantized, the quantization noise spectrum

has a cut-off frequency of QQ'

If we normalize the function which represents the quantizing

error spectrum, so that its integration over the spectra is one,

we obtain :

f F(x) dx =1 5.5
)

e
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As F(x) is in the form of a 1low pass function it can be

written as:

F(x) = F(w/mQ) 5.6

where W = A'wh'm'c'

Q C = constant.
This constant must be defined. Some authors have defined
: . . 4
this constant for quantizing noise. . We do not intend to

discuss the evaluation of this function any further. By

combining this result with equation 5.5 we can write,

Flw/w )
2
E"(w) = __E__ﬂ_ 5.7
3m w
q
as proceeded in(S)
where w. =7x Q 2 w .m.A as found in(4}
Q 3 h' .

To find the noise power corresponding to the signal spectrum

we must integrate E2 over the signal bandwidth,

If the calculation is done, noise power within the signal
bandwidth becomes very small as it is spread over a very wide

frequency spectrum.

Therefore, as we are going to use a low pass filter at the
receiver when we are reconstituting the signal voltage, only a

small fraction of the noise power will interfere with the actual
signal.

However, as the time quantizing process takes place, the

noise power will increase a few dBs. Because of the sampling

with regular time intervals in PCM systems, the noise power which
falls within the actual signal spectrum is much higher than the
noise which is contributed by the time interval quantization.

Obviously, a reduction in the number of quantized amplitude
3
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levels will regult in an increase in the quantizing noise power. ﬁy
ad justing the number of these levels it is possible to arrange the |
noise power Within the signal spectrum so that it is equal to the
noise power of the PCM system using more amplitude quantizing levels.
Th?s is clearly an advantage of the proposed system over PCM systems.
If we make an analogy and consider the time interval quantization as

a result of sampling with a period equal to the unit time interval

quantum, ws/wh becomes a very large number, where ws is the sampling

radial frequen;y.' With PCM ws is usually chosen as th, therefore as
w = 2x 1 and <<£-I—t éw i 2

s - T <o 2%y in our case L 0, - If we refer to the
curves drawn in 5&8.5.2. . it is obvious that for the same number of

levels the signal_to noise ratio obtained in VTSIP is much better than

in PCM.

If m is large enough equation 3.3 can be written as:

A= — 5.8
min nmf
s _ max
\ _ . _ 2= -
Assuming T = Atmin is selected, therefore 0 - and 0, fomax,
W
S =rn 5.9
()
h

For m = 128 levels from the curve (Fig.5.2) the signal to noise
ratio becomes 55 dB, whereas for the same number of levels and for the

th:sampling frequency it is only 35 dB for a PCM system. From the curve

it is evident that the same signal to noise ratio can be obtained by the

VISIP system using only 32 quantum levels. (These curves have been

taken from(4) Fig.5.2).

is very large for the time interval quantizing,
h

is not much'difference between the time interval quantizing

As 0 /w
s

there

‘and unsampled quantizing. Therefore the quantized signal can be

rems e

o pv e
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treated as unsampled. The Spectrum of this type of quantizing noise
depends very much on the actual form of the signal. With this

research only the linear quantizing for both the time interval and

amplitude is investigated, Remaining work for the search of the

-Optimum quantizing processes still has to be completed. Discussion

on this matter is given in chapter 10,

5.2 QUANTIZING NOISE

In seCtiOﬁ 5.1 quantizing noise as the result of only
amplitude quaﬁtizfng has been calculated. With our system an extra
noise component is added because of the time-quantizing, to that
calculated. Considering the characteristics of the level change

detector it is possible to calculate the added quantizing noise.

Initially, aftér the first level crossing is detected, the
counter in the trénsmitter starts to count the length of the time
interval until the néxt level is crossed. The intervals are
measured in multiples of t which is the unit time quantum,
Therefore, if the signal voltage crosses the next amplitude level
before the completion of the period t , the level change will not
be detected until éhe end of this period. When the signal voltage
ié reconstituted iﬂ the receiver, as the level changes will not be
precisely positioned in time a corresponding amplitude error will
occur. For short ﬁime intervals the time displacement will be

proportionally larger than when the time interval is longer.

The event of level crossing occurs as in Fig.5.3. Assuming
that the level A, represents the signal voltage values between the
J

lower threshold of this level and the upper threshold, the squared

error can be found as follows:

o g e
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Fig. 5.3‘ - EFFECTS OF TIME-INTERVAL QUANTIZING.
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. Fig. 5.4 QUANTIZING NOISE WAVEFORM
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A +a/2+ pAa
J av

2
ej =/ (A-Aj)z.p(A).dA 5.10
A.-a/2+ Aa
J av

where p(A) is the probability density function and Aa is the
av

average displacement of amplitude because of the time interval

quantizing, The calculation is similar to that in section 5.1,

except the addition of Aaav at the upper boundary.

For every amplitude level, depending on the signal slope

the value of A a changes. As we are dealing with band limited

random processes the average Aaa can be found.
v

Bu substituing ¢ = A - Aj’ de = dA in equation 5.10, and
assuming that for this small interval P(A) is a uniform distribution

function, and p(A) = p(Aj) in this interval,

a/2+ Aa
av

e 2= [/ ez.p(Aj).de ‘ 5.11
-a/2+ Aa '
av

+%—+ Aa'a_v ' \

3
1 3 3
ejz =pa). 5 |= 300 [G+ 82,0~ sa, - D7

a
_E + Aaav

P(A.) 3

2
=—§J—[-Z-+3a Aaav]

From the previous section we know that only the amplitude

quantizing squared error is

2 1 2
e =17 @

To find the total error because of the amplitude and time

quantizing we have to add the errors contributed by each amplitude
3

quanta :
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. _ 2 N v
e .—Xje. = X — a3+ Zj P(Aj)a.A:a2

av

As the amplitude probability distribution uniform in this small

interval, Ep(Aj).a 1= Pj’ and 25 Pj = 1, therefore, ' ?

2 2 2
e =
q e + Aa av , 5.12

If C is chosen smaller than any likely time interval we can write:
Aa
. dy |

AT, T dt =z 5.13
j t

=tj J'
aj is of course a random variable, therefore to find A a we
IR , av

have to calculate its expected value,
: } b8 ax
= s A =
ba ., E. { a, of Aaij( Aaj) d( Aaj) 5.14
From 5.13, Aaj‘is a function of At and the first derivative of

the signal. Therefore,as known from probability theory

E {Aaj }=E {At.z2} 5.15

At and z can be accepted as independent wariables for such a

process. So, as known from probability theory:

E ba } = E (67 }.E(2) 5.16

To find the expecﬁed values of both At and z we must know

| . . 29
p( At) and p(z). For speech signals p(z) has been investigated
But in the followihg calculations E(z) is left in integral form.

T Zmax
E {8a,) = Jatp(at dd( Aat) . [ z.p(z).dz

© ° 5.17
At is unifofmly distributed between O and T . Therefore p( AT)

is equal to L . The expected value of AT is then,
T o

P L

T T
fAT d(at ) = 0
o
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By substituting E {aptr} in 5.17,

Z max

E {aA aj} = % J z.p(z).dz 5.19
o) .

Where Z ox is the maximum value of the slope of the signal voltage.

If the highest frequency in the signal band is f, maximum slope for

h

fh.n.a.m. Referring

this band limited signal voltage will be z
max

to equations 5.12 and 5.13 the squared error is,

2 1 2 f.x.a.m
a

-1 T h 72
e + 5 ‘)J' z.p(z)dz] 5.20

q 12

The additional term of this expression is because of the
time quantizing which is implemented in the proposed system. If
we can find p(é), which is the probability density function of the
first derivative of the signal, we can calculate this additional

noise component.

After the reconstitution of the signal voltage at the
receiver, only the noise components which are within the signal
bandwidth will affect the signal to noise ratio. As m is chosen
large enough the noise spectrum will be very wide and therefore a
big proportion of the noise energy will be out of the signal band.
Therefore, the signal to noise ratio will be better than expected.
If we find the error signal (quantizing noise) spectrum we can

calculate the noise power within the signal band.

If we look at the quantizing error waveform which is shown
in Fig.5.4, it consists of triangular segments having different

slopes. The average segment length is equal to the expected value

of At ..
J

The signal voltage is expressed with a monothonic increasing
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or decreasing function between two adjacent quantum levels., Therefore,
it can be approximated by a linear segment connecting the two adjacent

crossing points of the signal voltage with the quantum levels, so

‘that we can write

At, =a — 5.21

It is knownthat since we know the probability distribution
of the first derivative of the signal we can find p( Atj). From

p( Atj) d( Atj)= p(y'j), it follows that :

_a a
p( Atj) 2 Py (_At). 5.22

J

To find the average Atj we have to calculate its expected

value. Therefore,

Atj max
t  =E {at.} = t. t.) d( at.)
At {at 3} f AJP(AJ)(AJ
Atj min . \
1
= h 2 Py (——Z‘t—) d( ae,) 5.23
At h| h|
h|
1 arcsin 2z
27rfh m

Obviously for a stationary random signal, the expected value

of Atj gives us some information about the average occurrence of
data.

Although the segment length is equal to E { Atj } in average,
‘there are times when segments are much shorter than this value. But

it is evident that these segment lengths are in multiples of T

which is the unit time quantum. Therefore, it can be said that
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theerror voltage spectrum has a crossover point at a frequency

c = % » assuming the spectrum is a low pass function of frequency.
If we call this function g(m/wc), and integrate it over the spectrum
the result will be equal to the squared error function which gives
the noise power. The detailed calculations are rather complicated.
Some investigatorsa’zzhaVe found the power spectrum expressions for
the amplitude quantizing error. Bennetta also derived the formulae

for the spectrum of the error signals after being quantized in time

as well as amplitude,

By using the Wiener's correlation theorem and Fourier cosinus
theorem Bennett has found that the spectrum of the amplitude

quantizing error is :

I

N
Eag
o

v
(m-3) a=1 ® 5. 24

5]
”~~
=]
St
]
N~
N
Njw

2n 4

For the sampling case Bennett sums up all contributions from

. . e . .|
each harmonic of the sampling rate beating with noise spectrum of

quantizing error,

£, _ . £
Ge(g) = F('f;) * § [(Foce ) * Face +f)):lWhere Osfstyy
n=1 s s

To find the error signal within the signal bandwidth by

£
substituting e 1,

h
Z[ i i ]
G =F (1) + F(n—+1) +F (n - 1) 5.25
o o n=1 o fh o fh

A set of curves calculated from equation 5.25 is plotted by Bennett

We have plotted these curves in Fig. 5.6. From

in his paper.

these curves an immediate comparison of the signal to noise ratios
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of the PCM and VTSIP can be made easily,

From this result it is obvious that VISIP system has a much better

performance as far as signal to noise ratio only, is concerned. By

reducing the time quantum unit t it is possible to achieve much

better signal to noise ratios. But,if the system does not require

that by reducing the number of amplitude quantizing levels signal to
noise ratio can be decreased. Depending on the quality wanted this

can be decided after doing a series of subjective quality tests.

Some noise measurements have been made for the band limited noise
after being quantized in the amplitude quantizer. The results are given
in Table 5.1, béth.for sinusoidal voltage and random noise voltage as
input signals aﬁd cérresponding noise 3pectfums of these signals have
been shown in photogréphs 5.2 and 5.3. The corresponding noise
voltage waveformAfor the sinusoidal voltage, is shown in the
photograph 5.1, which has been taken from the screen of a CRO. At
the present stage,fit was only possible to make measurements for
the amplitude quantized.signal waveform. It is suggested for
further investigatiéns that noise measurements be made for various
amplitude quaﬁtum levels. So, it can be verified that the VTSIP
system having lésser,amplitude quantizing 1¢vels than the PCM system

gives the same signal to noise ratio performance.

The circuits used for these measurement are shown in Fig.5.7.
The filter band was arranged to coincide with that of speech. A
gaussian noise source was used to create speech-like voltage
waveforms. When the switch is closed to A the voltmeter
and the CRO indicate the value of the wideband error voltage.

But, when the switch is at B, the filter (FZ) passes only the

e ke Qe i S ian sy K 4 e s o

e
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Noise spectrum after noise has been filtered.
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Complete noise spectrum

Photograph 5.2
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Photograph 5.3

NOISE SPECTRUM FOR RANDOM NOISE VOLTAGE AS INPUT SIGNAL

(a) Complete noise spectrum

(b) Noise spectrum within the 3400 Hz band
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~signal ban&? therefore the noise voltage, indicated by the voltméter
will be less than the previous voltage, The input voltage is
arranged to'héve an rms value of % of the peak clipping level,

so that only fqr 1 per cent of time does the peak clipping occur.

This is generally accepted by designers of the PCM systems,5

5.3 IRREGULARITIES IN QUANTIZING

In sectioﬁ 5.1 and 5,2 all calculations are carried out with
the assumptiqn that all the amplitude and time‘quanta are accurately
placed. In praétice, the quantum values may change randomly in

time. The duantizer consists of electronic components having
different characteristics within a tolerance. Over time, these
characteristics may change resulting in the displacement of the
time and amplitﬁde quanta, It is obvious that we cannot construct
ideal mechaniéms doing the quantizing processes, because of these
reasons. As we cannot predetermine these irregularities, it is

" also impossible to define the exact crossing point of the signal
voltage with a quantum level. This means there is an uncertainty
region arouﬁ&.every quantum level, Similarly as the time quantum
:may change a displacement .of time will occur. The irregularities

of this type may result in the occurrence of an indecisive output.

In addifion:to the irregularities, because of the time varying
characteristics of the electronic components in the quantizer,
the random appearance of additional noise voltage on the signal
will cause another type of indeterminancy. The analysis of the
effects of these irregularities is very complex, and to derive
objective conclusions from the result is difficult, especially

after considering that similar irregularities will occur in the

L

RTI——— 3 e 44 o
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receiver when the received digital signal is being converted into

analogue form,

In Fig. 5.6 the voltage levels and the irregular shifts of
these levels are shown. If we add the change in the time
interval quantum to this picture the obxrious complexity of
the process can be easily seen. The quantizer levels are shown
in the left hénd side of Fig.5.6, and the corresponding decoder
levels are shown at the right hand side. For the set of

vl....vj....vm . quantizer levels, a set of yl....yj....ym

decoder levels correspond.

We know from equation 5.7 that

a
2
2 _ 2 ~
e "= e .p(A,).de where ¢ = A-A,
a J J
2

If the level displacements of the quantizer are

AV ..., Avj.... Avh at time t, and the corresponding decoder

1

level displacements are Ayl.ij.. Aym at time t + td where

td is the total system delay, new levels can be represented as

follows:
vj = j.a + Avj where j = l.....m 5.26

The corresponding decoder levels will be :

y. = (j - %—)o a + ij WhEre, j = 1oocom 5.27

J

As it is known from section 5.2, because of the time quantizing
an extra error is already added to the amplitude quantizing error.
Supposing that there is no displacement at the quantizer levels,

mean squared error, referring to equation 5.,1l,can be written as :
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+ -
2 27 Aaav ij
e.” = p( A.) f sz.de
J | a
T2 by, - Ay

3
l ra 2 2
p( Aj) 3 EZ—-+ 3a Aa aV+3a ij ~-6a ij AaaV ]

2

: a 2 2 .
P+ 2 -
Pylgz * haT,, tA Yy - 24y, ha ] 5.28

U]

1Y
f
18
P
4
¥
$
i
i

In addition to this, if we consider the level displacement at the

quantizer, by replacing a by a' and ij by Ay&, where

a''=a+ Av, - Av, and ? |
~ j 3-1 i
_ . by, - Av, .
Ay'j = ij - J 5 ] , 80 the squared error
" becomes:
2 . ' 1
. = A, + .= . - i .= X +
e p( J) [a av AvJ_ﬂ[ 5 (a + bV APy
AV - AV 2

The terms are obviously uncorrelated with each other in expression

5.29. As each quantizing level introduces an error component

‘the total squared error is:

2= le?
j J

The term Aaav algo has to be modified considering the possible
error in the time quantum. From equation 5.16 we know that .
is the product of the expected value of both At and z. As the
~ frequency 1/1' is produced by a reference oscillator, any shift in

this oscillator frequency df is directly reflected by corresponding

error in time quantum as dtr . I1f we make this addition in the

expression 5.16:
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T+d1 z
max

hay TElda} = of At p(At )d( At). [ z.p(z).dz
° 5.30

All the parameters drt , ij, Avj, ij-l’ Avj—l in these
expressions are time dependent variables and their values change
depending on the electronic component characteristics. Therefore,
the design of the system must be made taking all ﬁhe possible
variations and their effects on the system specifications into
consideration. It will be impracticable to éarry this discussion

any further as we are viewing the problem in a general way. However,

for a rather restrictive investigation references ° are available.

As previously discussed the random noise which is superimposed
to the signal voltage is also a cause of error. As there is no
correlation between the signal and the noise voltages whatsoever,
simpler results can be obtained. These calculations have been
done again by Professor Cattermole > s for the case of amplitude
quantizing. If we apply the same thoughts to our !case we can find

the effect of the input noise to the squared error.

If a small noise voltage v, is added to the signal voltage,
, 2
this will correspond to an increase in the squared error by v e

Therefore the squared error will become :

2. .1 2. 2 .
ej = pj(—TE a® + v ) 5.3

where,obviously p'j will be changed. To find p'j, we have to
integrate p(A) between (j-l)a - v and (j.a - vn), so that:

ja - v
FeFzatevH I S pa)aa 5.32

i (3-1) a.v




~ 67 -

If we assume that Z p'j = Z pj = 1, which is usually an

acceptable apprOximafion,

2 1 2 2
e =5 a" + v 5.33

can be written.
After this brief discussion about the effects of the imperfections
of the amplitude and time interval quanta for uniformly quantized

signals, it may be necessary to extend this discussion for non-uniform

quantized signals.
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CHAPTER 6

6. CHANNEL CAPACITY

In this section we will investigate the necessary channel
capacity for the transmission of the information produced by our
system, We can define the channel capacity as the maximum rate
of information which can be conveyed through a communication channel
with an acceptable error. 1If we are dealing with noiseless
channels then instead of saying 'acceptable error' we can say

'errorless'.

‘Let us assume that we have a telecommunication channel which
is designed for the conventional PCM system. Basically a channel
like this has a capacity of th 1og2 m' bits/sec. If we want the
VTSIP system to show an improvement over the PCM system, VTSIP
signals must be conveyed from a channel having less capacity than

the above mentioned channel.

Referring tovequation 5.23,the average source information
is producéd with the F = Z%— occurrence frequency. If the
’ av

average information produced by the system per message is H( Atj),

the average rate of information is

R = FH( Atj) bits/secs. 6.1
where
H( Atj) =“Z p( Atj) 1og2 p( Atj) bits/word 6.2
j

As there is a one to one correspondence between the message and

the code word, H( Atj) = H(wj) can be written, where wj is the

1
code word.  H( Atj) is always smaller or equal to 1og22 where

1 is the number of letters in the code word Wj' Assuming that Jﬁ
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every message Atj is coded into a word containing 1, letters:

- Zp( At.) log2 p(At.) < Z1. p( At.) can be written

jo 9 oy J
6.3

Therefore, if this equality is achieved a maximally efficient

code can be designed. The condition for this is

1, =-1 t j
j =7 log, p( A j) for all j. 6.4

But by solving équation 6.4 :

..1.
p( Atj) =2 J

cannot be obﬁainéd every time, which is the necessary condition
'for most efficient coding. But by chosing 1j to fhe nearest
integer, which makes this equality as closé as possible, a very
high efficiency céde can always be designed. Redundancy is also
an important problem of code designing. Therefore a minimum
redundancy and méximum efficiency code must be designed to suit

the system requirements.

A basic comparison with PCM can be made by calculating the
information rate of the VISIP system. As seen from equation
6.1, R=F.H('Atj). . From previous chapters we know p( Atj),

“therefore,

-1

t
avs

Assuming that we have coded the message to a maximally efficient

R = Z p( Atj) log2 p( Atj) can be written.

code,

H( At.)= -Z 1, p(At.), 6.6
3 j A ]

if we accept that 1j = 1c for the maximum entropy

H(At,) = -1 1is found 6.7
j c
By substituting H( A tj) in equation 6.7,

R = + %Ft bits/secs : 6.8

av Lt :i
|
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If chgnnel capacity C = 2fh log2 m' is larger than R this

1s obviously the advantage of the system over PCM.

By substituting Atav from Equation 5.23,

R = c 6.9

: a a
.J' . At2py.j (At.)d( Atj)
rT arcs1p 5 j J is obtained.

ces. 4 C , . ..
If we find ® and if this ratio is larger than 1, that means

our system needs less channel capacity than that needed for the

PCM system
. : 1/2 f1
1
w=C.- “nl%" J 2, 29 dC at )
R BT 1 2 2 Pyt (Tpp) @ ALy
h =— arcsin = At j ]
]_og 2nf m i
2 ., 2 h
-f. arcsin =
.1 m

6.10
This ratio is defined as the merit factor of the VTSIP system.
~For individual systems this ratio will change. To find the
advantage of the system over other pulse modulation systems this
merit factor must be high enough, and at the same time the store
‘'size must be smail enough. At first sight, the independency of
.ﬁ from the store size seems odd. But as the average occurrence
of the information is not dependent on the store size, this result
is not anomalous. As soon as we introduce the system errors then
it can be seen that the store size is actually a limiting factor

on the rate of distortion. By decreasing the store size, the over-

. flow and underflow will increase and so the distortion will be

higher. From equation 4.18 we know that d_. = f(Smax’ Ro)‘ As

R is dictated by equation 5.23 for the accepted optimum transmission
o
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rate criterion, d is only dependent upon S . . S is therefore,
of max max

the most important factor affecting the system overflow distortion.

Similarly as the system delay will be:

S
max

| AVTSIP = __72; secs 6.11

When choosing Smax this delay also must be considered. There are

X . . A
objectionable limits for both VTSIP and dof which must be

found experimentally. Obviously this result will define for us

an optimum store size to use,
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CHAPTER 7

7. PROPERIIES OF THE SIGNAL TO BE TRANSMITTED

In the VTSIP system the modulation process is carried out in
a completely different way than for the other pulse modulation
techniques. Therefore, it has been necessary to investigate the
properties of the signal from this viewpoint. 0f course, as we
are dealing wiﬁh random signals their statistical properties have
to be defined. Without having this information, it will be é'
an impossible task to design the proposed telecommunication system.
Therefore, as we cannot define the signal analytically, a statistical

approach to the properties of the signal has been made.

Several authors have investigated the properties of speech {2
. ) 6,20 X ) )
signals and other signals . The aim of these investigators
was to find the‘amplitude distributions, correlation functions,
in other words the fundamental statistical properties of the
20

signals. Only in Sciulli's paper an approach to find the

statistical characteristics of digital voice signals has

been done, His aim was to find the necessary statistical
‘characteristics of the speech signals for the data compression

-applications. In this research although we are trying to obtain

TN TR RN

MRS T

S

é reduction in the transmission rate, the approach is completely

different from the other investigators who try to compress PCM

signals.

A most important characteristic of the signal which has to

. be known is the time interval distribution between two consecutive

e L S R

amplitude level crossings. This distribution is obtained by using the

first derivative distribution of the signal. Obviously, signals
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with higher slopes cause an increase in the rate of information,
and signals with low slopes cause a decrease in the rate of
information. The average time interval or the expected value

of the time interval is obviously very important. Variations
from this average time interval cause excessive overflow and under-

flow. Therefpre, besides time interval distribution its variance

must be known,

The feasibility of the system is very much dependent on the
signal characteristics. For example, if the signal consists of
impulses with very high amplitudes and very short durations, the %;
store will be filled in a very short time and, as it will take
more time to empty the store, frequent overflow will occur.
Especially, if the repetition frequency of the spurts of that
kind increase, this will cause too much information loss. On the
other hand, if the same signal contains very long silence gaps,
this time, when the store is emptied, too much redundant information

will be transmitted over the communication channel. Therefore,

for some kinds of signals this method of modulation may not give

profitable results.

First derivative distribution of a signal gives us the time-

5y
é
2

interval distribution as explained in section 5.2. By using the

equation 6.2, we can find the entropy of the signal. According

to the discussion in the above paragraph, the variation of the

time interval from the average value must be limited for the
particular signal which is being modulated. This will enable

us to choose a transmission frequency which will not permit excessive

overflow and underflow. By using these conditions we can define

the statistical properties of the signal which are most suitable

for the application of the VISIP system. We know the average




- 74 -

Aty from equation 5,23, The entropy of the system is also known
from equation.6.2. -From the probability theory we know that the

variance of a random variable is given by the formula

. - 2 2 2
viat,) = . -
J) ( AtJ )av ( Atj av) sec 7.1

From equation 6.2 we know that the entropy is, (in continuous form)

: t. . ‘
H( Atj) = - ; ma§Q3tj)1og2p(A tj) d(a tj) bits per interval 5
tj min 7.2

We can find the squared average value of Atj as:

t.
j max

2y . 2 2
( AtjA)av / At p( Atj) d( Atj) sec 7.3

tj min gi
The variations of the Atj from its mean value gives us an idea
about the neces;ary store size to minimise the underflow and

overflow. If the iﬁput rate to the store is equal to Atj av
~a store will not:be necessary. But, as the input rate changes,

depending on the characteristics of the input signal, Atj will

also change'around the value of At,

j av’ If p( Atj) is centred

‘around At, a and the distribution curve has a shape as in
: j av v
Fig. 7.1, necessary store size will be less than when the curve

has a flat form as shown in the same figure with dotted lines.

The signals having, for example, uniform time-interval

distributions will be the most difficult to modulate.  Because,

Atj'S can have any value equally likely between Atj min and
That means the store size must be big enough to

.Atj max’

accommodate the amount of information which is likely to be

produced with very high rates as well as low. In this case, Ro’
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Fig. 7.1 POSSIBLE SHAPES OF p( At) FOR VARIOUS
SOURCE SIGNALS.
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the transmission frequency will be chosen Atj max_ Atj min

' 2
for the optimum result. Obviously signals having these

characteristics will not be suitable for the VISIP system. But

- with thesetype of signals entropy will be maximum. From this
discussion it is evident that maximum entropy will not mean any
profit for our system. As the entropy of the system increases the
store needed will be larger, so will be the system delay. Therefore,
signals having small entropies will be easier to use with our system.
0f course, when deciding‘whether to apply VTSIP or not, besides the
entropy, the merit factor which is mentioned in chapter 6 must be

considered.

Band limited random signals with stationary characteristics,
like speech signals, are suitable for our system. Besides the
speech signal, television, picture transmission, and even electro-
cardiogréph signals can be transmitted using VISIP by obtaining
considerable bandwith compression, without sacrificing quality.

The only cost paid is the system delay because of tﬂe store which

is employed. In particular one-way communication systems can

utilise high values of bandwidth reduction, as the time delay is
not then important.

After the examination of the statistical characteristics of

the signal, the standardization of the signal amplitude is necessary.

5
The same problem also appears in the PCM systems. Therefore, at

this point, we can take advantage from the experience of the

investigators who worked on these problems.

&

=,

i
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CHAPTER 8

8.1 EXPERIMENTAL RESULTS FOR SPEECH AS THE SOURCE SIGNAL

So far some theoretical investigations have been carried
out. At the same time, while doing research on the system in
general, an experiment has been designed to explore the practicalities
of the system for a particular input signal. Before such an
experiment can be designed, certain properties of the input signal
must be known. For the speech éignal chosen, no published information
of the kind required was available. It was therefore necessary,
before further practical realization of the system could be
contemplated, to investigate these properties experimentally., Some
attention was paid to the design of these experiments, as the results
determine the required store size, and will thus considerably influence

the cost of the system,

To produce the source signal, a tape containing several high
quality telephone conversation recordings (supplied by the Post Office
Research Station),was used throughout the experiments., Because of
the high cost of the store, we have designed a simulation system
rather than building a full scale telecommunication system. Details

of the circuits used are given in the next sections of this chapter.

In the system each level change of the signal is detected, and
a pulse is generated every time these changes occur. Each pulse
will se'used to initiate a word carrying information about the time
interval between this level change and the previous one. To
investigate the time of occurrence of these level changes, a

reversible counter was used to represent the store. Every time a
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level change is detected, a pulse is applied to the 'UP' count
input, At the same time an oscillator, with frequency equal
to the transmitted pulse group frequency is connected to the
'"DOWN'' count input. Therefore, the reversible counter
indicates the instantaneous occupancy of the store, which is
continuously recorded on a paper tape, enabling us to register

the store occupancy change with time.

We had two separate parameters which we were able to vary
as we like, namely the transmission rate and the store size. By
varying these two parameters their effects on the overflow and
underflow has been investigated, A number of values of store
size were now chosen, representing the range over which the store
was likely to be usable. A second counter was then arranged
to count the number of level changes occurring during the times
when the count number in the reversible counter exceeded the
store size set, This count therefore is a measure of those
input level changes which would be absent in the reconstituted
signal, and thus represénts 'overflow distortion'. By counting
these pulses and dividing their total number by the total number
of pulses produced by the level change detector, a proportion

is obtained. We have called this proportion the percentage
overflow.

Underflow distortion was indicated by a third counter,
connected to count the number of transmitted pulse groups
occurring during the times when the store was empty. This

number, when divided by the number of transmitted pulse groups

will give the percentage underflow., At first sight this
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might seem to be a time percentage, but this is only because the
transmitter oscillator is generating a constant frequency. Actually

it is the amount of information which is redundant.

In the experiments linear quantizing is employed. Therefore,
by reducing the input amplitude, we had the opportunity to make the

same measurements for a reduced number of amplitude quanta.

As the :ate of information at the input to the store is dependent
on the amplitude of the signal, then at the beglnnlng of every
experiment the amplltude had to be standardized. As mentioned in
the previous chaptefs, the amplitude of the speech signal is ad justed
to be 14 dB below the~peak clipping level. To obtain this accurately
the digital outpﬁt of the level change detector has been observed.

When all digits were 1 or O, a peak clipping occurred. Therefore,
when these observagions were less than 1% of the time this level
is accepted as the normal signal level which is 14 dB below the E

peak clipping level. At the beginning of the prerecorded tape, a

Tk IS et

signal of 1 kHz frequency with almost constant amplitude has been
recorded. The amplitude level of the 1 kHz signal which corresponds
to:the above mentioned speech amplitude level has been measured. For

evéry experiment, level adjustments have been made referring to this

1 kHz signal.

With the first series of experiments, the results have been
obtained for both male and female voices as the source signal. By
using these results the curves in Fig.8.1 and Fig. 8.2 were obtained.
This first series of experiments helped us to calibrate our system

for a subsequent and more accurate series of experiments.
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Fig.8.2
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PERCENTAGE OVERFLOW AND UNDERFLOW FOR VARIOUS
TRANSMISSION FREQUENCIES AND STORE SIZES.
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With this second series of experiments, it became clear that

there was little difference between the results using male and female

voices, provided that they were accurately standardized.

The types of curves drawn are, percentage overflow and
underflow against transmission frequency for various store sizes.
Besides these measurements, the total period of overflow has been
measured. If these values are divided to the total speech period,
percentage overflow time can be found. In Figs. 8.3a, b, and c,

these results have been shown.

From the curves giveﬁ in Fig.8.3, we can see that as the
frequency increases, the percentage overflow decreases, but the
percentage underflow increases for a particular store size, as
expected. An interesting point is that both curves cross
each other at almost exactly the same frequency for different store
sizes. As the transmission frequency has been taken to be the
frequency at which the percentage overflow and underflow are equal,
this result comes as no surprise, as this indépendence from the

store size can be seen from the expression in equation 5.23.

A further set of curves is given in Fig.8.3a, b, and c,

these are the graphs showing the percentage of time that the

overflow condition exists. Tt will be noted that these curves

lie well below the corresponding curves represéd@%percentage

overflow of the store. This would indicate that the overflow

condition exists mainly during these times when the signal voltage

is changing most rapidly. Thus, although for the smaller store

sizes the percentagé of lost information caused by the overflow

mechanism is high, this represents only a relatively low percentage

of time during which the information is being lost.

.ﬁ.-,,.,u“.h
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PERCENTAGE OVERFLOW, UNDERFLOW AND OVERFLOW
PERIOD CURVES FOR VARIOUS STORE SIZES AND

TRANSMISSION FREQUENCIES.

Fig.8.3a.
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A full ‘investigation of the sub jective effect of this loss on
a speech signal will have to be undertaken sometime in the future,
However listeniﬁg tests using the tapes on which had been recorded
the distorted speech signals, gave the impression that a high level
of percentage ovefflow could be tolerated. Overflow distortion
appeared as 'cligks' added to the signal. When the overfléw rate
was high, the noise which was introduced by the clicks increased.
But, because of the high tolerance of the human ear to the sounds
to which it is familiar, the intelligibility of ﬁhe speech was not

1

seriously reducéd.‘ ‘We did not attempt to carry out sub jective
qu;lity tests, as'long periods of conversation have been recorded
which would not enable a human being to make an objective assessment
ébout the average qpality of the individual conversations. With
the experiments which ﬂ;ve been carried out so far, we have only

attempted to verify the practicalities of the proposed system. The

details of the measurement procedure is given in section 8.2.

Another way ofifinding optimum frequency is to count the total
nuﬁber of samples aﬂd take the average over the speech period., When
this was done, almosp‘equal values to that found from the curves
were obtained. Fof example, for the first experiment in the second
set; the total number. of samples was approximately 1,300.000 with a

speeéh period of approximately 315 secs. and the optimum transmission

frequency R = 1.300.000 4,150. This compares well with the
quency B, 315

4,200 obtained from the curves. This result is not surprising, as

the total number of samples - lost samples because of overflow

total number of transmitted pulse groups - redundant pulse groups.

In an ideal system, the number of lost samples and the number
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of redundaﬁt éamples would be zero. In this case the total numbef of
samples would bg equal to the total number of transmitted pulse groups.
At the optimum fransmission frequency these two will be equal again
as this time the number of lost samples will be equal to the number

of redundant pulse groups. This relation is verified by the

experiments.

In addition to the measurement of overflow and underflow, a
continuous recording was made of the store occupancy over the period
of the experiment. . This enables an inspection of the storage process

to be made. A sample of this recording is shown in Fig.8.4.

The system introduces a delay because of the store used. This
delay can be caiculated by using the results of these experiments.
A curve showing time delay against store size for the chosen optimum
transmission freqqthy is plotted in Fig,8.5. If the optimum

frequency is R0 and the store size is Smax the delay Aypsrp 18

" max
= . 8.1
AVTSIP Ro secs |

The maximum tolerable delay can be found after making

sub jective tests. This was not attempted in this research project.

8.2;1 Experimental Methods

To carry out the experiments which have been mentioned in
Section 8.1, a measurement system was developed. To keep the expense
to a minimum we used available instruments wherever possible. We
had to count pulses coming from five different sources to be able

to derive the necessary information. These were :

(1) The total number of samples (ns)
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(2) The total number of lost samples,

)

because of the overflow (nof

(3) The total number of transmitted pulse groups tn )
t

(4) The total number of transmitted useless pulse groups (n_)
r

(5) The total length of the overflow period (T f).
)

These were measured for a speech period of approximately five
minutes. The measurement system used is shown in Fig.8.6. In
addition to those measured, the overflow distortion was simulated on
the actual speech signal and recorded on a tape. In the meantime
the store occupancy was continuously recordedbon a paper tape using

a high-speed recorder.

A device, 'the level change detector', has been developed
to detect the inétants when the signal crosses the predetermined
amplitude levels. The detailed information is given in section 8.2.2.
This device givesa 50 ns pulse everytime the signal crosses a pre-
determined amplitude level. There are two outputs from this device,
one gives pulses of increasing and the other for decreasing signal
amplitudes. An 'OR' gate combines these pulses. Every pulse is
assumed to represent a word carrying information about the length
of time interval between the previous pulse and itself. Therefore,
these pulses occur with the average period of Atj av® Each of
these pulses adds 1 word of information to the store. A reversible
counter is used to represent the store. This reversible counter
has been designed and constructed in the University of Aston,
Department of Electrical Engineering, as an M.Sc. project . The
reversible counter is able to count up to a maximum frequency of

500 kHz regardless of pulse shape and time of occurrence. 'Up' and
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Fig. 8.6 MFASUREMENT SYSTEM.
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' 1 . :
Down™ count imputs can accept pulses of any duration and both can

count at the same time. The pulses coming from the output of the

OR gate are applied to the 'Up' input to the réversible counter.

A stable oscillator with adjustable repetition frequency is used

to generate the pulses representiné the transmission frequency.
These pulses are applied to the down input of the reversible counter.
The reversible counter continuously shows the occupancy of the store
capacity. Ihe reversible counter is 16 binary digits. Therefore,
it is possible to arrange the store size between one word to
approximately 131000 words. By means of logic gates the overflow
and underflow conditions have been detected as shown in Fig.8.6.
When an overflow has occurred the up count input to the reQersible
counter is blocked, prohibiting information to be registered in

the reversible counter. At the same time a gate has been opened
allowing these pulses to be conveyed to the input of 'the total
number of lost samples' counter. This condition persists until the
next transmitted pulse group is generated, when the system returns
to its normal state. At this instant it is possible to see the

number of lost samples from the indicators of the relevant counter.

When the underflow condition occurs this is sensed by the

logic circuits. This time another gate permits the transmission

frequency oscillator pulses to reach the input of the 'useless number

of transmitted pulse groups' counter. On the termination of the

underflow period this gate again blocks the way of the input to this

counter Another counter is connected to the output of the transmission

frequency oscillator so that it indicates the total number of transmitted

pulse groups.

R




- 92 -

Besides counting the total number of lost samples during the
presence of overflow a crystal controlled 1 MHz pulse generator output

is connected to the input of a further counter to count the total

overflow period in multiples of TN

As explained in section 4.3.2 an overflow distortion occurs in
the reconstituted signal because of the store size limitation. The
graphical represen;ation of this distortion is also shown in the same
section in Figf4{3; With this series of experiments we planned to
test the subjective’effects of this overflow distortion. To do this,
the speech sign#l_is applied to a differentiator éircuit followed by an
integrator circuit,Acausing no change in the signal during normal
working conditions. A;When the overflow occurs a transistor is
activated and diséonnects the integrator from the differentiator
6utput as shown in Fig.8. 7  The charged integrator capacitor
retains the charge:;nd avoids any level changes at the output of the
integrator, until the oﬁerflow disappears. When the overflow is
terminated, the traﬁsistor reconnects the output of the differentiator
to the input of the integrator. Since the output voltage of the
integrator cannot maké a sudden jump to a new value, it follows the
inﬁut signal with a.certain d.c. level shift., This shift is only
‘ ‘ the resistor connected in parallel with the

temporary, however, as

integrator's capacitor ensures that the mean voltage across the latter,

taken over a long period, is zero. The output signal from the

integrator is applied to the input of the tape recorder.

The output of the reversible counter is connected to a 10 bit

digital to analogue converter. This D/A converter is also another

© vt




l distorted
signal

from OF indicator

Fig. 8.7 OVERFLOW DISTORTION SIMULATOR.




- 94 -

. 16
M.Sc. project - The analogue output of the D/A converter is

connected to the high speed recorder, which is arranged to have a

full scale deflection corresponding to the maximum capacity of the

store used,

_The input signal is obtained from the tape as mentioned in
Section 8.1. To limit the signal bandwidth.a filter is employed

between the tape recorder and the input of the level change detector.

As the reversible counter cannot count the frequencies above
500 kHz, then instead of doing the experiment in real time we reduce

the tape speed to one half of the actual recording speed.

The curves in Fig.8.1 have been prepared by calculating
percentage overflow from nof/ns, and percentage underflow from
nr/nx. Percentage overflow period has been calculated from

Tof/nx'Ro'

8.2,2 Design of the Amplitude Change Detector
+ R \

This device has been designed to enable us to detect the instants
when the source signal crosses the predetermined amplitude quanta levels.
The device has been planned to have 64 uniformly distributed amplitude
levels on each side of the zero axis. To observe the digital
quantized value of the signal 7 digital outputs are available. Outputs

giving increasing or decreasing level changes are provided.

To be able to detect the level changes in both directions two

comparators are employed. To avoid any instabilities because of the

high gain of these comparators and to increase their noise immunities,

the unused inputs have been connected to the voltages which are equal to

the half quantum value. Synchronous working has been found most

PERACE S




sultable for our purpose,

The design is basically a feedback system. A change of more
than one quantum in the input voltage in either direction causes a
level change in the output of the relevant comparator, causing an
'AND'.gate to open, letting in the clock pulses. The fifst clock
pulse is applied to the appropriate input ofla binary reversible 8 bit
counter, causing 1 bit change at the digital output of the counter,
according to the direction of the signal. By using a D/A converter
a current proportional to the amplitude of the binary output of the
counter is obtained. This current is then fed back to the same

point as the input current, so that it neutralises the change of this

current,

To avoid unwanted feedback, by using several monostable
multivibrators, the channel which is not active is blocked until the

system reaches its steady state, This period has been calculated as :

device settling time = T d T + T +T + TD/A settle

com.p.+ Pdgates Pdeounter 'P9D/Acon.

where Tpd propagation delay of the device.

The periods of the monostable multivibrators are arranged to be
longer than this settling time, The comparator outputs proved to be

noisy, so a Schmitt-Trigger circuit was employed as the logic gate,
as seen in Fig. 8.8.

When all the levels have been crossed, then as the D/A converter

cannot supply any more current, one of the comparators cannot change its

state. and further clock pulses will not pass through the circuits.
3

To avoid this occurrence, a logic circuit has been designed to detect

when all binary outputs of the reversible counter are either 1 or O,

When this condition exists the clock pulse path is blocked.

. i e
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When the input voltage is zero, the D/A converter output currert
is - ImA.  To compensate for this current, a resistor is connected to the

positive voltage supply, so bipolar operation is thereby obtained.

The outputs, giving the pulses when the signal level changes, are

obtained from the corresponding inputs to the reversible counter.
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CHAPTER 9

9.1 CALCULATION OF THE SYSTEM PARAMETERS USING SPEECH AS THE INPUT SIGNAL

When speech is used as the input signal to the VTSIP system, we can

define the system parameters for this particular case. With the

experlments the wvariations of these parameters have been investigated.

I1f we accept_that speech signals have a frequency band of
300 Hz - 3400 Hz, then referring to section 3.3.3, we can calculate

the necessary wqrd length for the time interval coding. From equation

3.5 the code length is:

1c = 1°g2(_Atmax/ Atmin) =~ 11 bits/word 9.1

Therefore, a word consisting of 11 bits should be used for the
time interval coding. ’Knowing this, if we can calculate the
op timum transmisSiqn frequency Ro’ then the channel capacity R can

be calculated.
Using equatioﬁ'6.8 :

R=-S = L. piee/sec 9.2
At At
’ av av

h At = ;l;
where av ~Ro

The value of At can be found from equation 5.23. Before doing
av

this calculation we mﬁst find the first derivative density function of

the speech signal. Some research in determining this has already been

29

done In this work, the amplitude of a speech sigrnal was sampled

at regular intervals of 125 ps. Taken over a 5 minute period, it was
time the amplitudes of successive samples

were equal, i.e. for only 33% of the time was there a change between
’ ] .

successive samples.
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We therefore write,

Tactive - Tspeech x 0.33

where,

]

Tactive time during which a change occurs

Tspeech = period over which measurements have been made to find

the characteristics of the speech signal.

In these experiments, T was 300 sec. Thus T = 99 secs.,

speech active
A further result of this research was that the expected value of

amplitude differences between successive samples is 1.65 quantum.

From these results we can find the total number of level

changes for a speech signal in the speech period:

(Typeech * 0+33)

_ 6
n_ = 125 ps x (1.65) = 1.31 x 10 samples 9.3

This value of course, is for a speech amplitude level which is
ad justed to be 14 dB below the peak clipping level. To find the
average time interval:

T ,
At = _speech ~ 228 ps/sample 9.4

av n
S

From t optimum transmission frequency :
v av -

R = —— = 4,380 Hz 9.5
o At ’
av

As we know, in Pulse Code Modulation, 8 kHz is the transmission

pulse group frequency, and each pulse group consists of 7 bits,
therefore:

c = 7 x 8000 = 56 kbits/sec.

C _ 56000 ~1.17 9.6

Then the merit factor: M= g T4, 38011

(o}

This result shows tﬁaﬁ by using the VTSIP system the same signal can




be transmitted over a channel having less capacity

Of course, when

reconstituted, the signal which is transmitted by VISIP will be less
affected by the quantizing noise because of the reasons explained in

section 5.1. Referring to this section, we know that instead of

using 128 amplitude levels, we can obtain the same signal to noise

ratio by using 32 levels. 1In this case obviously At  will be:
av
At o = 228 x 4 = 912 ps

and R ~ 1095 Hz, 1 =9
Y c

assuming that linear quantizing is made. This will give a merit
factor of:

M=5.18 9.7
which represents a drastic reduction in the channel capacity which
is occupied by the VTSIP signal continuously. Obviously this
result needs experimental verification which it has not been possible

to carry out in the time available for this research work.

. i
We will now calculate the distortion caused by the finite size
of the store. I1f overflow exists, it will continue for Atav

seconds. Therefore, we have to know the average number of level

changes which exist in this period. The average level change in

125 Mg is 1.65 quantum. Therefore, in Atav seconds :
At
= [ ] = —2 % 1.65 = 3.02 level changes
dQF =E [Ny 125ps

9.8

As there are 128 levels altogether, then if the percentage distortion

has to be calculated :

- 3:02 _ 9 35%
Dop = 128 ’

As an average, approximately 3 level changes occur during each

overflow period In the experiments described in section 8.1
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we have measured the total length of the overflow period, T _;
. 3 OF’

this was 13.5 secs, when an 8 kword store size was used. Every
occurrence of overflow caused a loss of information corresponding

to 3 level changes. Therefore, as one overflow occupies At

av
seconds, the number of lost samples will be :
T
n = _9F N =
OF e * N = 178,500 samples 9.9
av av
The percentage of lost samples as defined in section 4.3.2 is
"or
percentage overflow = - - 13.6% 9.10
s

The acceptability of this figure has been discussed in section 8.2.1

Referring to the curves in Fig.8.3a, we can compare the results
of these calculations with the results obtained from the experiments.
For the 8 kword store size and speech amplitude at 14 dB below the

peak clipping level ng = 1.31 x 106 samples have been counted. This

29

was equal to that found by using the data taken from Whitehouse's work
From the curves the optimum transmission frequency is found to be
4150 Hz instead of 4380 Hz, which is found from the calculations.

This also shows that the calculations compare well with the

experimental results.

1f the transmission frequency is chosen to be equal to that

defined as the optimum, the percentage underflow will be equal to

the percentage overflow.

When the system parameters have been found the system delay is

then:
A - Snax . 8 kword . 93 secs. 9.11
VTSIP R, 4.15 .

Besides these calculations, if we try to find the noise introduced

by the time quantizing process using equation 5.20, we find that this




- 102 -

noise component becomes negligibly small with respect to the

amplitude quantizing noise, To find the irregularities in the

quantizing Process is a further step which must be carried out

when designing the actual system,




CHAPTER 10

CONCLUSIONS
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CHAPTER 10

10.1 CONCLUSION

For many years much research effort has been devoted to a
reduction in the bandwidth needed for PCM transmission. The present
research adopts a different approach to the problem. By the use of
a buffer store, the transmission bandwidth required is that
corresponding to the mean, rather than the maximum rate of information
contained in the signal, The use of the store, hoﬁever, necessarily
results in a time delay of the signal in the process of transmission.
In addition, because of the finite store size a form of distortion
is introduced caused by a loss of information when the store is

filled.

It is envisaged that the system developed may have applications
involving speech signals, and a considerable part of this re;earch
has had to be concerned with an analysis of Fhose prﬂperties of
speech which are important to the design of the system, an& about
whicﬁ no information previously existed. In particular,a detailed
knowledge of certain properties of speech must be obtained before
the required store size can be determined, ~ This information could

not be obtained until experiments had been conducted, the results

of which were not obtained before a late stage in the research,

and this, together with the high cost of the store, prevented the

construction of a complete transmitter-receiver system. However,

apparatus was made to simulate part of the system, enabling a

sub jective assessment of the distortion to be made.

A feature of the new system is the improvement on the ratio

of signal to quantizing noise, when compared with the standard
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PCM system. Much further work on this aspect of the system remains

to be done. Investigation is needed into the optimization of the

signal to noise ratio by variation of the number of quantized

amplitude levels. Also, it is expected that a substantial improvement

in signal to noise ratio could be obtained from an examination of

the effects of non-linear quantization both of the amplitude levels

and of the time interval measurements.

Another promising line of investigation is the possibility of
reducing the store overflow distortion by arranging that the store
occupancy affects the transmitted pulse frequency. It is likely
that a small variation in this frequency would result in an

appreciable reduction in the distortion.

An examination of the results of the speech analysis reveals
the possibility that prediction of overflow is feasible. This
should be investigated, as it may suggest a method of reducing the

distortion caused by store overflow.

\

This research has been confined to a single-channel communication
system. There is obviously no reason for suggesting that the
principles could not be used in a multiplex system. In that case

either a separate store for each channel could be used, or it might

be possible to use a common store: there is clearly scope for the

development of a method of economizing in the total storage capacity

needed. A further line of investigation would be to consider the

use of a common store for both transmitting and receiving functions.

e done, but the author feels that in

Much work remains to b

three very enjoyable years spent in the University a new principle

has been established which, when further developed, could well result

in a significant improvement in communication systems.




APPENDI = Si 11 .
X Simplification of the Integral equation to find p(8)

If we assume that dyy 4
| pz(dt) 18 an exponential function as suggested

. 29
by Whi ' i
y Whitehouse™ , to find the p(S), the integral equation in 4.14 can

be treated as folloys:

aR ai{

l [+
p(s) = —9
, of(s.+1-s)2 «p, (¢ - 5) p(s;)ds;
i
aR
- 2R 5 +c1> S)
b bsti i : =
y su stltutmg. .pZ (S +1 S) A e 1 Al
~where A, B are constants,
aR
o -B —9
p(s) = 2 A (Si+1'3)-p(s.)ds A.2
0 (s +1-5)2 *
L 25
If we integrate A.2 by parts; ~°’
aRo aR0
_____.._ c© © _B.___———-—-
A (s +1-8) A (s,+1-8) :
p(s) =g e p(s,) oI -3 0Ie i p(5,)ds; A.3

By dlfferentlatlng A.3 with respect to S, we obtain constant

coeff1c1ent d1fferent1a1 equation:
aRo

,' A.aR -B
dp(s) _ °2 p(o) e 1-5 p(s)

SdsT (18)

A4

If this equation is solved p(S) can be found
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LIST OF SYMBOLS

f(t) signal

s(t) delta function

G(t) signal after passing from the low pass filter
wg sampling frequency

Ts' sampling period

@ radial frequency

a amplitude of unit quantum

jul number of quanta levels
1 information

fl lowest signal frequency

fh : highest signal frequency

n number of bits

At time interval

Aj : jth amplitude level

A | delay

w bandwidth of the signal

At o minimum time interval ' ‘ | f
Atmax maximum time interval

(&) signal

1c code lgngth

k constant

A te time interval measurement error
Ro optimum transmission rate

Si previous state of the store

S present state of the store

maximum store capacity

first derivative 3f jth amplitude level



VTSIP
PCM
Ww(T)

f(w)

Aa
E{ }
p( )
P()
Av,
Ay
H( )

D/A

Tspeech

of
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number of levels in a certain period
overflow distortion

quantizing error for jth level
total quantizing error

Variable Time-Scale Information Processing
fulse Code Modulation
autocorrelation function,

power spectrum

cut-off frequency of f(w)

unit time quantum

aﬁplitude error

expected value

probability density fn.
probability fn.

encoder level shifts

decoder level shifts

entropy

information rate

merit factor

VISIP system delay

number of samples

number of lost samples

number of transmitted pulse groups
number of redundant pulse groups
overflow period

propagation delay

D/A converter settling time
speech period

PCM channel capacity

percentage af. distortion
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