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SUMMARY

This work is concerned with encoding shape descriptors 
for a succession of the waveform segments to enable the 
transmission of speech signals at a low data rate. The 
segmentation was dependent on the identification of waveform 
features in speech signals thereby producing an irregular 
data rate from the time encoding process. The shape des
criptors have been related to the real and complex zeros of 
a waveform through the theory of zero-based signal represen
tation .

A study of factors governing the data rates, the speech 
intelligibility and the buffer delay has been made for the 
above coding process based on waveform segmentation at zero- 
crossings .

The redundancy in the average information conveyed by 
the zero-crossing data was investigated from conditional 
probability measurements resulting in the conclusion that a 
significant reduction in the data was available from coding 
procedures utilising the correlation in the data sequence.

Signal pre-emphasis and dynamic range were found to 
control the segmentation rate, the variations in segmenta
tion rate during an utterance determining the buffer size 
and delay.

The transmission rate and the system delay necessary 
for time encoding were strongly influenced by the distor
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tion arising from buffer management in matching the vari
able information rate to a constant transmission rate. A 
reduction by approximately a third in the transmission 
rate was observed to introduce data underflow distortion 
at a 200ms system delay setting into approximately 5% of 
the speech.

Finally, a performance assessment of the time encoding 
process was made, subjectively by a reduced form of Diag
nostic Rhyme Test (DRT) and objectively by spectral density 
plots comparisons.

The results have indicated a data rate less than that 
for delta modulation and a processing complexity less than 
that for vocoders.
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CHAPTER ONE 

INTRODUCTION

1.1 TRENDS IN SPEECH ENCODING
Modern communication systems are increasingly making 

use of the advantages gained by representing speech sig
nals in digital form. Digital signals are easy to handle 
in modern electronic switching systems and can be transmit
ted with negligible degradation over long distances. As 
the field of digital signal processing has developed, both 
in terms of digital hardware capabilities and the develop
ment of software, it has become increasingly clear that 
such techniques and their implementations have a dramatic 
impact on the area of speech processing, for example, the 
extensive processing required with linear predictive coding 
(LPC) vocoders and formant vocoders.

The techniques for digital speech processing can be 
divided into two broad classes (SI):

(i) A class which utilises the waveform coding 
methods as they apply generally to signals 
and are not specifically for speech signals.
These include pulse code modulation (PCM), 
delta modulation (DM), differential pulse 
code modulation (DPCM), and others. In the 
specific application of these methods to 
encoding speech waveforms a feature which 
has been used to economise on the bit rate
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is companding to match representation to the 
speech signal.

(ii) Vocoders which capitalise more specifically 
on the structure of the speech signal, as 
represented by a model consisting of a 
slowly varying linear system excited by an 
approximate excitation signal.

A long term objective of coding methods has been to 
transmit speech, with the highest possible quality, over 
the least possible channel capacity and with the least cost, 
but any application inevitably involves choosing the appro
priate compromise between these three conflicting attributes 
The matter of channel capacity is of great interest because 
of economic considerations , the availability of low data 
rate digital speech transmission equipment can be of great 
value by providing economic advantages. Vocoders (F3) 
have been implemented as a method for low data rate trans
mission but unfortunately present-day vocoders are expensive 
and they suffer from certain secondary problems, such as 
undue disturbance of background acoustic noise at the trans
mission end. The basis of vocoder research is the anatomi
cal and physiological mechanism of which the human voice is 
generated - the human vocal tract. Because of the physical 
limitations of the human vocal-tract, its movements have 
been described at a rate which forms a small fraction of 
the number of bits per second used to encode the voice by 
conventional means. This is what has long given communica-
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tion engineers incentive to search for a means of low bit 
rate encoding of speech.

Recently there has been a renewed interest in encoding 
segments of a speech waveform for transmission as a means 
of reducing the data rate compared with encoding regularly 
sampled values of the waveform as with conventional pulse 
code and delta modulation. The reduction in the data rate 
stems from the less than Nyquist rate for the occurrence 
of segments delineated by waveform features such as segment 
duration and a segment shape factor.

It has been shown by Mathews (M2) that extrema occur 
at approximately 1400 per second in speech waveforms allow
ing the speech to be transmitted at approximately 15 kilo
bits per second by coding the time intervals between extrema 
and the extrema values for a waveform interpolation to be 
effected in the receiver. A lower rate of waveform seg
mentation of 900 per second has been reported for Time 
Encoded Speech (K2, 3, 4), based on segments occurring at 
the zero-crossing rate in the waveform, each segment being 
coded in terms of the segment duration and a shape factor. 
The delay necessitated by buffering the data generated 
irregularly at the zero-crossing rate in speech waveforms 
for transmission at a constant data rate equal to the 
average rate has been shown (Tl) to be excessively long for 
duplex communication.

The scope of the present work covers a study of
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factors governing the data rates, the speech intelligibi
lity and the buffer delay for communication by a coding 
process based on waveform segmentation at zero-crossings. 
Signal pre-emphasis and dynamic range were found to control 
the segmentation rate (and hence predominantly to determine 
the average data rate), the variations in segmentation rate 
during an utterance determining the buffer size and delay. 
The relative importance of allocating data to code the 
segment duration, the amplitude and shape features such as 
segment asymmetry and number of extrema have been assessed, 
in the latter feature, by a diagnostic rhyme test and spec
tral density measure of performance.

Data rates in the range of 4.8 - 9.6 kbits/s have been 
shown possible depending on quality and system delay con
straints, with a relatively simple processing algorithm.

1.2 ORGANISATION OF THE THESIS
The introduction is concluded with a description of 

the thesis organisation:

Chapter 2 covers a survey on the work concerned with 
speech encoding in order to present the current state of 
the subject. A summary of the limitations and objectives 
in the development of improved method of digital encoding 
of speech at low data rate are formulated.

Chapter 3 contains a brief review of the zero-based 
signal theory which offers a mathematical basis for the 
present work on time encoded speech. It covers the funda-
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mental hypothesis of time encoded speech and its clarifi
cation .

Chapter 4 includes methods of coding and reconstruc
tion of speech waveform at specific data rates derived from 
the measurements of zero-crossing duration, segment shape 
and amplitude statistics. The redundancy in the average 
information conveyed by the zero-crossing data in the coded 
speech is investigated from some conditional probability 
measurements.

A comparison between speech and noise waveforms is 
also made from measurements of first-probability distribu
tions of zero-crossing intervals and the peak waveform 
magnitude in the interval.

Chapter 5^ an examination of the effects of introduc
ing pre-emphasis to the speech waveform prior to the encod
ing process, has been carried out and compared with those 
of the unemphasised speech.

Chapter 6j a description of the use of variable- 
length codes to reduce the data rate and the transmission 
buffer delay associated with the time encoding process, is 
presented. It also examines the interrelationships between 
delay, distortion and transmission rate for unemphasised 
and pre-emphasised speech.

Chapter 7 is devoted to the performance assessment of 
the time encoding process. A reduced version of the diagnostic
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rhyme test (DRT) is proposed to form the major part of this 
assessment. Also some typical spectral density plots are 
introduced to throw some light into this assessment as a 
form of objective measure of performance.

Chapter 8 is dedicated to the conclusions drawn from 
the ideas developed throughout the thesis. Recommendations 
are made for future research in this field.
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CHAPTER TWO 

SPEECH ENCODING

2.1 INTRODUCTION
The internationally accepted engineering requirement 

for telephone systems in civil application for speech 
encoding is 54,000 bits/s using pulse code modulation (PCM) 
and an economical advantage can be achieved by the use of 
lower bit rates to increase the capacity of the existing 
communication systems.

The development of improved methods of digitally 
encoding human speech at low data rates have been achieved 
by the use of vocoders (F3) which have remained expensive 
and they suffer from the problem of undue disturbance from 
background acoustic noise at the transmission end.

The current investigation is aimed at low data rate 
encoding method with a low cost hardware implementation.

In this chapter a survey is made of vocoders , clipped 
speech and the use of zero-crossings in speech perception 
and as waveform descriptors.

2.2 VOCODERS (F3, HI, Kl)
Since speech waveforms contain a large amount of redun

dancy, a speech transmission system using a model of the 
human speech production process at the receiver requires 
less transmission channel capacity than is needed for 
Nyquist sampled waveforms. Vocoders have exploited the slow
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variation of the method of human speech production by- 
analysing the speech waveform and extracting information- 
bearing parameters. These parameters are digitally encoded 
at a much lower data rate than the original signal. At the 
receiver, the speech is then synthesised from the transmitted 
parameters, usually with varying degrees of degradation of 
quality, but without any serious loss of intelligibility.

Research on vocoders dates back for over a quarter of 
a century but has been relatively slow due to the proces
sing complexity required. The following disadvantages 
have been reported (F3, F4, G2, Kl):

(i) The complexity of electronic circuitry
required for the vocoder terminal.

(ii) The size of the vocoder terminal is still
large and a further reduction of size is 
likely.

(iii) They give an "artificial" quality voice,
with good intelligibility at 2.4 kbits/s 
but poor naturalness or speaker recognition 
not acceptable for commercial telephone use.

(iv) They suffer from certain secondary problems, 
such as undue disturbance of background 
acoustic noise at the transmission end.

(V ) They do not work well when connected in
tandem with medium-bit-rate waveform coders.



However, due to the rapid advance in microelectronic 
implementation, vocoders have now reached the stage where 
they are becoming practical communication devices in situa
tions where the high speech quality is not the prime requi
site .

2.3 CLIPPED SPEECH
Licklider et al (L3) in the late 1940's proposed 

"infinite" clipping of a speech waveform, reducing it to a 
succession of rectangular wavesin which the discontinuities 
correspond to the crossings of the time axis in the original 
speech. This simple process evoked a surprisingly high 
level of comprehension of utterance in the hearer, and 
some, but only a little, speaker recognition. Evidently 
the periodicity of the waveform is a very powerful psycho
acoustic cue to speech perception. Licklider's et al initial 
results indicated that "infinite" clipping yielded word 
articulation scores of about 50%, which corresponded to 
about 90% sentence intelligibility. By further experiments 
(L4), using a differentiator and an integrator connected to 
the infinite clipper in various combinations, it was found 
that differentiation before clipping resulted in articula
tion scores of over 90% (even for unpractised listeners), 
while the effect of post-clipping integration was to improve 
intelligibility only slightly. It was concluded (L4) that 
"the process that follows clipping has but little effect 
on intelligibility".

Infinitely clipped speech lacks two characteristics
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of natural speech which may possibly furnish important clues 
to meaning and speaker identity: it does not retain the
original shapes of the waveform between successive real 
zeros (replacing them by square waves) and does not include 
the relative mean amplitudes for different parts of the 
utterance.

Following Licklider's investigation, this topic was 
investigated by Vilbig (Vl), Ahmed and Fatehchand (Al), 
Ainsworth (A2), Fawe (F2) and Good (G1) to extend the work 
on the analysis of clipped speech and the relative speech 
intelligibility with the conclusion that much of the infor
mation necessary for the recognition of speech was contained 
in the sequence of time intervals between zero-crossings.

2.4 EXTREMAL CODING
Mathews (M2) proposed a digital coding system where 

the coder determines the amplitudes and times of successive 
extremes (relative maxima and minima) of the signal waveform. 
The information was then decoded at the receiver to allow for 
the interpolation of a function between the extremes of the 
original signal in the reconstructed wave. This form of 
coding is a non-linear sampling technique and is related to 
clipped speech encoding which effectively transmits only 
the times of the extremes.

In addition to information of the times of the extremes, 
the extremal coding also coded the amplitudes of the wave 
at the extremes, this process produced a better quality of 
speech at the cost of higher information rate.
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Mathews had shown that extrema occur at approximately 
1400 per second in speech waveforms allowing the speech to 
be transmitted at approximately 15 kbits/s by coding the 
time intervals between extrema and the extrema values for 
a satisfactory waveform interpolation to be effected in 
the receiver. He also estimated the system buffer to intro
duce a delay in the order of one second into the transmitted 
speech.

Work on "Extremal Coding" has not been reported 
beyond Mathews above-mentioned paper (M3).

2.5 ZERO-CROSSING MEASUREMENTS
The high intelligibility of clipped speech was taken 

to imply that the sequence of zero-crossings which defines 
the clipped waveform might be used to provide an estimate 
of spectral features of the original signal.

Davenport (Dl) worked on the probability distribu
tions concerning the zero-crossing periods of the speech wave
forms. Considerable difficulties arose in separating the 
effects of noise from the characteristics of the unvoiced 
sounds in the study of the first-probability distribution 
of the zero-crossing periods. He postulated the separation 
of the unvoiced sounds which had significantly larger ampli
tudes from the amplitude of the system noise, by the addi
tion of a periodic bias signal whose amplitude was larger 
than that of the noise, but smaller than those of the 
unvoiced sounds.
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Chang et al (Cl, 2) presented limited experimental 
results which implied that "there is a close similarity 
between the shapes of the average rate of zero-crossings 
of the signal and its derivative, with the first two for
mants of the spectrograms".

Zero-crossing measurements were also used in work 
related to speech recognition by Lavington and Bezdel et 

al (LI, Bl, 2). The advantages of zero-crossings for such 
work are that the zero-crossing intervals were quantised 
enabling processing to be conveniently performed by digi
tal system.

2.6 ZERO-BASED DESCRIPTION
Bond and Cahn (B3) developed a sampling theorem which 

utilised information related to the "zeros" of the signal 
and made use of the concept of complex zeros of a bandwidth 
limited function to show the relationship of the zero 
occurrence to the Nyquist rate. The distribution of comp
lex zeros was found to be irregular (except for symmetry 
about the real axis) and no procedure was formulated for 
locating them from the knowledge of continuous function. 
Later in 1960, Bond et al (B4) proposed a method of signal 
representation which utilised, as the information attribu
tes of the signal, the location of its real zeros (zero- 
crossings) and complex zeros.

In 1966 H.B. Voelcker (V2) formalised a method of 
signal representation which utilised, as the information
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attributes of the signal, the location of its real and com
plex zeros. He showed that the Fourier series for a signal 
s(t) periodic in T = seconds and bandlimited to
±W = nOV2m Hz may be represented exactly in terms of the 
zeros (real and complex) of the polynomial.

Requicha (R2) has put forward theorems showing the 
sufficiency of zero-based representations for completely 
describing band limited real waveforms.

In 1969 Sobolev and Telepnev (82) worked on methods 
of speech signal interpolation using information based on 
the zero values. Their approach was based on the theoreti
cal work of Levin (L2) concerned with the description of 
Entire Functions in terms of complex zeros. The reconstruc
ted waveform contained "multiple-humped patterns" in the re
assembled "half-waves" between the zero-crossings. The 
shape information was introduced by formula unrelated to 
the shape between zero-crossings of the original speech 
waveform. A pleasanter sounding speech.was reported but 
with no gain in intelligibility.

The zero-based signal theory is discussed in more 
detail in the next chapter.

2.7 SEGMENTATION OF SPEECH
In 1966 Reddy (Rl) worked on the segmentation of speech 

sounds into discrete parts suitable for further processing 
as part of the work on continuous speech recognition. The 
segmentation of the speech signal was done by using the varia-
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fions or stability of sound intensity levels, with zero- 
crossing counts used as an aid in resolving the ambiguities 
in the recognition process. The speech waveform, sampled, 
quantised and inserted directly into a computer, was divi
ded into a succession of "minimal segments" of 10ms dura
tion. Minimal segments of similar characteristics were 
later combined to form larger segments and these, in turn, 
could be classified as sustained or transitional segments.
The intensity level was found to be the same during major 
portions of the utterance of the phoneme except at the 
boundaries. Reddy concluded that the segmentation proced
ure produced very satisfactory results in isolating the 
phonemes boundaries.

On work also related to speech recognition, Lavington 
(LI) made use of digital speech-processing facilities to 
investigate sets of measurements suitable for recognition 
purposes using computer simulation. Two parameters of the 
speech waveform, namely "turn arounds" and zero-crossings 
over 10ms segments were chosen for investigating sections 
of spoken words and vowels performed by several male and 
female speakers. Lavington concluded that the two parameters, 
the "turn arounds" and the zero-crossings per 10ms speech 
segments, have shown suitability for speech recognition 
purposes.

Zero-crossing measurements and shape information are 
regarded in the field of speech recognition as important 
parameters in the recognition process.
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2.8 LIMITATIONS AND OBJECTIVES
From the review of previous work it can be seen that 

the zero-crossings constitute a partial, though valuable, 
specification of the speech signal. The limitations imposed 
on speech encoding are listed in order to present the objec
tives in the design of a time encoding system.

2.8.1 Limitations
(i) Although vocoders produce a data rate in 

the order of 2.4 kbits/s, they are still 
considered to have an inadequate voice quality 
and a high circuit complexity. They also 
suffer from problems of undue disturbance 
caused by background acoustic noise at the 
transmission terminal.

(ii) Licklider suspected that the high intelli
gibility of clipped speech could be 
attributed to an overall preservation of 
the speech amplitude-power spectrum struc
ture, but no explanation for this preserva
tion was offered nor was there proof that 
the spectrum was always preserved.

(iii) There are practical difficulties in
determining the complex zeros mentioned 
in the zero-based signal theory and its 
application (V2).

(iv) Speech encoding involving time domain
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segmentation gives rise to an irregular 
rate of symbols generation which neces
sitates a delay by buffering for trans
mission at a constant data rate.

2.8.2 Ob]ectives
From the proposals made by King and Gosling (K2) on 

Time Encoded Speech, the following objectives of this work 
are listed below;

(i) To develop a speech encoding system based 
on speech segmentation capable of a low 
cost hardware implementation and providing 
a quality similar to or better than low 
bit rate Delta Modulation systems.

(ii) To establish a more complete understanding 
of the time encoding process, with more 
insight into the process, in order that 
proposals for improvements may arise and 
to establish limitations as to the class 
of signals for which time encoding is 
suitable.

(iii) To employ the theory of complex zeros,
expounded and applied to modulation theory 
by Voelcker (V2), to the encoding process.
For example the quantisation precision
for the complex zero parameters and the order
of complex zeros needed to represent
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adequately the speech waveform must be 
established.

(iv) To determine the quality/transmission
rate compromises and to clarify relation
ships with other coders , for both waveform 
and frequency domain encoders.

2.9 TIME ENCODING
It was proposed by King and Gosling (K2) that time 

encoding of speech waveform was based on the transmission 
of stylised waveform shape descriptors for successive 
extended segments of the waveform. The speech is repro
duced from a sequence of stored segments in accordance 
with the transmitted code.

A waveform segment is time encoded in terms of quan
tised values for the real zero intervals and a shape fac
tor with the additional amplitude information. The seg
ments so encoded are referred to as the epochs of the 
speech waveform. This term will be used subsequently in 
the thesis.

In the following chapters, time encoding and its 
investigation,including performance assessment,will be 
fully discussed.

2.10 SUMMARY
In this chapter a survey on the work concerned with 

speech encoding was presented. The main aim was to present
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some aspects of speech encoding such as segmentation of 
speech and zero-crossing measurements. The limitations 
of such systems and the main objectives were also listed. 
In the following chapter, the zero-based signal representa
tion will be discussed and the hypothesis of achieving 
economical methods of coding and segmentation will be 
described.
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CHAPTER THREE  

ZER O-BASED S IG N A L  REPRESENTATION AND A P P L I C A T IO N

3.1 INTRODUCTION
In this chapter the zero-based signal theory is briefly 

reviewed to provide a mathematical basis for the time encod
ing strategy of speech waveforms. The hypothesis for a wave
form reconstruction using only a limited amount of complex 
zero information to satisfactorily reproduce the speech wave
forms has been considered from the viewpoint of the zero- 
based signal representation.

3.2 ZERO-BASED SIGNAL THEORY
A sampling theorem has been reported by Bond and Cahn 

(B3) utilising information specifying the location of the 
real and complex zeros of a bandlimited signal,as an alter
native to the amplitude value at predetermined instants as 
used in Shannon’s sampling theorem. In a zero-based signal 
representation the zeros describing a signal f(t) were
expressed in a complex variable z = t + ju. At point

* ”1 0  TT= R^eJ the location of the nth zero occurred either
at purely real values or in complex conjugate pairs for a
factored polynomial representation:

f(z) = f(o) n (1-— ) (3.1)
n = l

where f(o) is a scaling factor, f(o) i o.

Equation (3.1), however, requires the knowledge of
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all past and future zeros, both real and complex, to exactly 
reproduce f(t) at any real time.

Voelcker (V2) has shown that the zeros can be regarded as 
complete descriptions of bandlimited signal waveforms with the 
provision that the complex zeros be included with the real 
zeros in the set of signal descriptors. From the extensive 
discussion by Voelcker (V2) and Requicha (R2) it is appar
ent that the practical difficulties of determining the 
complex zeros have prevented exploitation of the variable 
sampling rate for the exact representation of signals.
The difficulty of determining complex zeros lead to the 
proposal that a function be preprocessed prior to zero 
extraction by means of an invertible transformation which 
"converts" complex zeros into first-order real zeros at the 
Nyquist rate, and thereby permits zero sampling to be imple
mented trivially. Zero-based signal representation may be 
viewed as an inherently signal dependent sampling procedure, 
ie.a fewer number of zeros wl-en only low frequency compon
ents were present. The number of zeros increases as a 
function of the high frequency content in the time sample 
of the signal under investigation.

The zeros (real and complex) occur, in the limit, at 
the Nyquist rate (B3). The rate of the zeros automatically 
adjusts according to the signal bandwidth.

Real zeros in the complex time domain are the waveform 
"zero-crossings" and they are overt signal attributes.
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Complex zeros are physically rather covert, or hidden (V2) 
Their presence, however, may often be inferred from other 
signal attributes. This is shown pictorially using an 
example quoted by Requicha (R2) of a real-value trigonom
etric polynomial shown in Figure (3.1) having six zeros 
per period: four real zeros and a pair of complex conju
gate zeros. The complex zeros are noticeable in this 
example by the "dips", in the sense Requicha (R2) defined, 
they cause as shown in Figure (3.1).

f(t) Complex Zero Pair 
ah hhis Abscissa

Figure (3.1): Pictorial representation of a trignonometric
polynomial with four real zeros and one com
plex zero pair per period. (From (R2).)

Rewriting the expression in Equation (3.1) we have:

Zn-zf(z) = f(o) n  (— — ) (3.2)

where the numerator, (z^-z), represents a vector from the
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time point of interest, z, to the zeros, z^, (real and 
complex) of the signal. The waveform is dependent on the 
product of all these vectors.

The example shown in Figure (3.1) is for a particular 
case where the complex conjugate pairs of the signal zeros 
are located near the real axis on the complex plane and 
the "dips" described by Requicha, if they were considered to 
be conveying the complex zero information, will only occur in 
a small region of the complex plane, shown in Figure (3.2) 
as region (A).

Z= t+ jic

Shaded Region (A)

Figure (3.2): Complex time domain zero distribution.
□ - Real Zeros 
O - Complex Zeros

The effect from complex conjugate zeros outside the region
(A) on the waveform is a shape which does not have a "dip", 
but produces an asymmetric shape except when the symmetry
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of the complex zeros position is about the mid point 
between two real zeros,in which case a symmetric shape is 
produced. Hence, a method describing the asymmetry of 
the waveform between two real zeros, covers a large por
tion of the complex plane in comparison with a method des
cribing only the "dips" of the waveform between two real 
zeros.

The amplitude attained between two real zeros is 
determined by the signal zero density in and around that 
region, the zeros nearest to the region having the domin
ant effect on the amplitude. Data on the peak amplitude 
between successive real zeros conveys information related 
to the zero density of complex zeros, in addition to the 
real zeros, without the complex zeros having to be deter
mined .

Waveform encoding of zero-crossing segments is related 
to the zero-based signal theory by coding directly the real 
zero information as the segment duration data and the data 
on complex zeros is partially incorporated in the segment 
amplitude and shape. This division of information attri
butes is for convenience because of the ease with which the 
information in this form may be gathered. An example of 
simple shape features arising from the distribution of the 
zeros is asymmetry (skewness) of the segment shape because 
of unequal zero densities preceding and following the seg
ment. Similarly complex zero distributions between a zero- 
crossing pair cause asymmetry and, if sufficiently close to
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the real axis, additionally introducing subsidiary maxima 
and minima into the segment. The relative importance of 
identifying these simple features to achieve an adequate 
reconstruction of the original speech signal has been 
investigated by computer simulation.

In sum, the following points correspond to the zero- 
based signal theory:

(i) The sufficiency of the zero-based signal 
representation for describing band- 
limited waveforms and the recovery of 
the waveform is well established in 
the literature (R2, V2).

(ii) Zero-crossings of a waveform, i.e. the
real zeros of the signal, are easily
obtained from the waveform because they 
are very well defined and practically 
there is no problem in their determina
tion .

(iii) Complex zeros are physically covert,
or hidden,and may be converted into
real zeros, the zeros now occurring 
at the Nyquist rate.

(iv) Some complex zeros do reveal themselves 
by simple waveform processing, for 
example the skewness of segments and
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the presence of "dips" in the segments.

(v) The amplitude attained between two real 
zeros is determined by the signal zero 
density in and around that region.

(vi) Zero-based signal representation is an 
inherently signal dependent sampling 
procedure. The zeros,which are the 
sample values,occur at a rate dependent 
on the signal bandwidth, i.e. a fewer num
ber of zeros when only low frequencies 
are present.

3.3 HYPOTHESIS FOR ACHIEVING ECONOMICAL METHOD OF
CODING AND SEGMENTATION
From the zero-based signal theory discussed in the 

previous section, a hypothesis is set up to take the 
following form:

Hypothesis : Intelligible and acceptable speech can be
reproduced from information on the zeros conveyed 
by the duration between real zeros, segment 
shape,and the amplitude attained between the 
real zeros.

The hypothesis was tested through computer simulation. 
Shape information described by the asymmetry or number of 
"dips" or both was the signal attribute taken to describe 
the segment shape. Subjective assessment of the synthetic
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speech and the objective assessment on the spectral feat
ures of the speech signal were carried out to test the 
hypothesis.

The main parameters listed below for the encoding 
strategy will be discussed in the following three sections

(i) Segmentation at zero-crossings.
(ii) Segment shape identification.

(iii) Segment amplitude signalling.

3.3.1 Segmentation
The work carried out on time encoding involved the 

segmentation of the speech waveform between successive 
real zeros. A code corresponding to the length of each 
segment was derived as one of the main parameters of the 
coding strategy.

Factors affecting the quantised interval between the 
real zero-crossings are listed below:

(i) From the work on infinitely clipped speech 
in which the locations of the real zero- 
crossings were maintained, it was reported 
that slight perturbations of the locations 
resulted in degradation of the speech 
signal. It was stated that the quantised 
interval between the real zero-crossings must 
not exceed 0.1ms (L5) for an adequate 
representation of the intervals.
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(ii) It was found from frequency analysis of 
speech that the sensitivity of the ear 
to frequency change is approximately a 
constant percentage over the majority 
of the spectrum. This effect was catered 
for in the time domain by logarithmically 
quantising the time intervals, yielding a 
much lower data information without a 
serious loss of intelligibility.

(iii) For bandlimited speech waveforms, the
range of values of the quantised interval 
between real zero-crossings is directly 
related to the bandwidth and therefore 
establishes a limit to the longest epoch 
in the speech signal.

Digital encoding of the intervals between zero-crossings 
does not lead directly to a low bit rate encoding, even if 
the quality limitations of infinite clipping can be accepted 
(F5). A large number of epochs arise from the system noise 
and the low level acoustic signal. A reduction was made by 
a thresholding process ensuring the retention of the interval 
sequence; the thresholding process is described later.

3.3.2 Shape Identification
In addition to the quantised interval between zero- 

crossings, the segment shape forms the second parameter for 
the encoding strategy. Each segment was examined and its
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shape was identified by the encoding process as one of the 
limited set, synthetic segments being generated in the recon
struction to produce a hearing sensation similar to that 
of the original speech.

From the discussion on the zero-based signal theory in 
the previous section, two methods for the segment shape 
identification were used in testing the hypothesis:

(i) To identify the segments shapes by their 
number of extrema between successive 
zero-crossings.

(ii) To identify the segment asymmetry
(skewness) by finding the position of the 
peak amplitude of the waveform within the 
quantised interval.

The relative importance of identifying these simple' 
features has been assessed by a diagnostic rhyme test and 
an objective measure, discussed later on in this thesis.

3.3.3 Amplitude Signalling
It has been stated (K4) that the amplitude signalling 

adds only a very modest increase of the data rate. However, 
amplitude information gives a great increase in speech 
naturalness and the subjective impression of the signal to 
noise ratio. The amplitude of the speech envelope is a 
slowly varying function and one or two binary digits was 
regarded as sufficient to signal the amplitude.
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Several methods of amplitude data reduction such as 
companding, averaging or differential amplitude signalling, 
were applied, in the testing of the hypothesis, aiming at 
a low data rate system.

In addition to the above mentioned parameters for the 
encoding strategy, an investigation of the redundancy 
within the coding process and the time delay resulting 
from a non-uniform rate of symbols production was made to 
assess the practicability of the system.

3.4 SUMMARY
In this chapter the zero-based signal theory with 

application to a bandlimited speech signal was presented 
with the aim of setting up the hypothesis for achieving an 
economical method of coding and segmentation. In the 
following chapters, the results of the tests and the 
investigations are reported.

- 29 -



CHAPTER FOUR 

DATA RATES FROM WAVEFORM CODING

4,1 INTRODUCTION
The time encoding of a speech waveform is based on the 

transmission of the coded waveform shape descriptors for the 
successive extended segments at the zero-crossings of the 
waveform to allow transmission at a low data rate (K2).
Because of the low rate of segment production, provided that 
an adequate segment description is economically signalled 
without a requirement for excessive data, an overall low 
data rate is achieved.

In 1959 Mathews (M2) showed that Extremal Coding, based 
on the transmission of segments at the extrema of the wave
form, resulted in extrema occurring at an approximate rate 
of 1400 per second in speech waveform to allow the speech to 
be transmitted at approximately 15 kilobits per second.
It was accomplished by coding the time intervals between the 
extrema and the extrema values for a waveform interpolation 
to be effected in the receiver.

It has been reported in the literature that Time Encoded 
Speech (K4) has a lower rate of segmentation of 900 per 
second compared to the rate of the extrema segmentation repor
ted by Mathews.

The purpose of the investigation is to establish the 
amount of data needed to encode the segment shape, allowing the 
scaled synthetic segments which are related in shape to
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the original waveform to be formed at the receiver.

In this chapter, the statistics on the zero-crossings, 
the shape variations and the peak amplitudes are presented 
in order to provide the basic information on the occurrence 
of these features. Once the information has been obtained 
covering the number of different shapes, the degree of 
quantisation of the segment duration and the epoch amplitude 
information, the waveform reconstruction can be carried out 
and the process evaluated from listening tests. Estimates 
of the data rates can be made from the statistics of the 
waveform features.

4.2 CODING SPEECH SEGMENTS
The time encoding process necessitates two measures of 

the waveform segment, firstly, the quantised measurement of 
the segment duration, and secondly a shape measure of the 
waveform segment. By shape we mean the peak amplitude as 
well as the departures from a single shape for the waveform 
segment.

Two shape features are considered for the purpose of 
the investigation.

(i) Number of extrema within a segment.
(ii) Segment asymmetry, or skewness, of the segment.

The coding strategy involves identifying these simple 
features to test whether or not an adequate reconstruction 
of the original speech waveform can be made. All processing 
was carried out off-line in successive processing of data
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files in order to avoid the constraints on the range of the 
operations achievable in real-time processing. The time 
required for the off-line processing imposed a limit on 
the amount of speech utterances to be investigated.

4.2.1 Encoding Process
The process derived the following parameters for each 

epoch ;

(a) The epoch duration or the quantised time 
interval between the successive zero- 
crossings .

(b) A parameter defining the epoch shape.

(c) The peak amplitude in the epoch.

A time quantisation interval exceeding 100)is was not 
recommended by Licklider (L5) on work concerned with the 
infinitely clipped speech. In this work the choice of 
sampling frequency was 20kHz to provide an epoch duration 
value to be measured within ±0.05ms. The reason for the 
oversampling was for the detection of the epoch peak value 
and the quantisation interval with a greater resolution 
rather than interpolating the values.

Speech sections of duration of up to 18 seconds were 
used, the limitation being imposed by the computer disk 
capacity. Ideally continuous speech is needed for such 
investigations, but the short speech sections containing 
three sentences were considered to allow an adequate
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assessment of the speech. One speech section included speech 
utterances provided by the Joint Speech Research Unit 
(United Kingdom).

4.2.2 Coding Programme
The operation of the coding programme was based on the 

comparison of two adjacent samples of the speech file. The 
epoch duration was obtained from the number of samples between 
the sign changes, the value and the position of the peak 
amplitude and the number of extrema within the epoch were 
recorded. From the epoch peak position, the epoch symmetry 
information can be obtained. Special conditions such as minor 
amplitude variations and consecutive zero amplitude samples 
were accounted for by the coding programme. For each epoch 
the coding programme provides the following information:

(i) Epoch duration.

(ii) Two forms of epoch shape information:
(a) Number of extrema within the epoch.
(b) Epoch asymmetry (skewness).

(iii) Epoch peak amplitude.

The algorithm and a detailed flow chart for a general 
coding programme are shown in Appendix A.

All speech files were set to have a zero mean value 
prior to coding to allow for the d.c. offset caused by the 
input equipment.

With the derived epoch information in store, an analysis
of the various waveform features was carried out.
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4.2.3 Collection of Epoch Shape Information
An investigation into the occurrence of epochs containing 

special features was required for the purpose of achieving an 
adequate reconstruction of the original speech waveform.
There was also the necessity for the collection of such 
information for the purpose of data rate estimation.

Two approaches were pursued, firstly, to find the 
number of occurrences of epochs having a multiple number of 
extrema and, secondly, to finding the number of occurrences 
of epochs having asymmetry (skewness).

(i) From the knowledge that the complex zeros cause noticeable 
'dips' in the speech waveform (Chpt.3, R2), the number of 
extrema within the epoch shows whether one or more 'dips' 
are present or not. The frequency of occurrence of the 
epochs with a certain duration and having a multiple number 
of extrema provides information into the choice of the 
segments shapes to be reproduced at the receiver depending on 
their frequency of occurrence. The data was presented on a 
matrix showing the duration of the epochs as multiple number 
of the quantised intervals of 0.05ms and the number of occur
rences of each duration placed according to the number of 
extrema they contained. The matrices for the different 
speakers are shown in Tables (4.1, 4.2, 4.3, 4.4, 4.5) which 
include the following major features:

(i) The average epoch rate.

(ii) Short epochs have few multiple extrema.
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(iii) Epoch durations greater than 2.0ms 
(40 X 0.05ms) had very few multiple 
extrema and therefore only the total 
number of their occurrences were 
recorded.

Three or more extrema denote a dip in the waveform.
This simple feature arising from the complex zeros (Chpt.3) 
can be easily detected and their number of occurrences helps 
in the choice of a reconstruction strategy, since the dips 
form only a very limited set of shape information. A 
comparison of the different extrema statistics show:

Epochs having a single extrema range between
65-77.5% of the total number of epochs.

Epochs having three or more extrema range
between 7-16.7% of the total number of epochs.

The proportion of epochs having only 3 extrema, ie. 
one dip, was far greater, approximately 75%, than the 
proportion of the epochs having more than 3 extrema.

The above figures take into account the low level 
epochs which are mainly due to the background and system 
noise. This effect of the background and system noise was 
greatly reduced by a thresholding procedure which will be 
described later.

(ii) Segment asymmetry (skewness) is considered as one of 
the important epoch shape features. Skewness allows for a
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greater portion of the complex time domain to be taken into 
account (Chpt.3).

The approach is to find out how frequent skewness 
occurred within the epochs. Since skewness arises from 
zeros over a greater part of the z-plane, the matter of 
employing this feature in the reconstruction strategy was 
open to investigation.

The results for the proportion of epochs containing 
skewness are shown in Tables (4.6, 4.7). The degree of 
skewness was simply classified according to the position 
of the peak amplitude being in the central region or dis
placed to either side. The tables show for the individual 
speakers the proportion of epochs in the three regions 
classified for the range of the epoch durations. The number 
of the epochs having zero amplitude is shown and was 
excluded from the count. The major features shown on the 
tables are:

(i) Shorter epochs tend to be symmetrical.

(ii) The frequency of the occurrence of epochs
having the skewness feature is considerable, 
ranging between 30% and 50%.

In comparison with the shape determination using multiple 
extrema, the above results show that a much greater propor
tion of the epochs exhibit skewness.
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4.2.4 Epoch Peak Amplitude Statistics 
The distribution of the epoch durations and the peak 

amplitude during the epoch were considered for a variety of 
speakers and utterances. The peak amplitude distributions 
were presented on a matrix showing the duration of the epochs 
as a multiple number of the quantised interval of 0.05ms and
the number of the occurrences of each duration encoded
according to the different peak levels within the dynamic 
range of the A/D converter. The dynamic range was grouped 
into 13 levels in 3dB steps to give a logarithmic scale of 
the peak amplitude. A thresholding to exclude the low level 
epochs was applied to some of the speech samples. The 
matrices for the different speakers are shown in Tables (4.8, 
4.9, 4.10, 4.11, 4.12) showing the number of epochs containing 
the peak amplitudes classified in amplitude ranges for the 
different epoch durations. Major features shown on the 
Tables are;

(i) The average epoch rate.

(ii) The short epochs have a small peak amplitude,
as indicated by the higher frequency of their 
occurrence.

(iii) The effect of a small threshold was, firstly,
to reduce the average epoch rate and, secondly, 
to exclude low level epochs which were mainly 
due to background and system noise.

(iv) The epochs up to 2ms duration (40 x 0.05ms)
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only are tabulated, the number of those
above that value are too few to be significant.

The further interpretation of these tables to show the 
relative importance of allocating data in coding an epoch 
on the basis of its frequency of occurrence is discussed 
in a later section.

4.3 RECONSTRUCTING SPEECH WAVEFORMS
The reconstruction process depended on the formation 

at the receiver of a scaled synthetic segment related in 
shape to the original. Compared with infinite peak clipping 
(L4) which transmits the zero-crossing intervals only, the 
reconstruction process was extracted to give a better quality 
reproduction as a consequence of the additional data on the 
shape incorporated in the waveform.

In addition to the simplest form of waveform recon
struction, i.e. switching between two levels as for infinite 
clipping, other reconstructions for the synthetic segments 
such as a half sinewave, a multiple extrema and a skewed 
shape have been considered.

With these other reconstructions, a slope mismatch at 
the zero-crossing is inevitably going to occur. A check on 
the effect of the slope mismatch was to set different scale 
factors for the positive and negative parts of the speech 
waveform, achieving in the extreme half wave rectification.
It was found subjectively that the distortion introduced by 
the slope mismatch and subsequent bandlimiting was slight in
comparison with that found in any of the above reconstructions.
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A subjective assessment of the different reconstruc
tions is discussed later on in Chapter 7. The available 
information from the transmitted code includes the epoch 
duration, the epoch peak amplitude and the epoch shape 
information which are all used to produce the scaled 
synthetic segment at the receiver.

4.3.1 Reconstruction Programme
The reconstruction programmes for the different strat

egies are very similar in using stored look up tables 
containing the required shape. The programme scales the 
table down to match the shape and the epoch duration para
meters retained from the transmitted code. The algorithm 
and a detailed flow chart for a general reconstruction pro
gramme are shown in Appendix A. The reconstruction programme 
produces a file containing PCM sampled data of the synthetic 
speech for conversion to an analogue signal using the D/A 
converter.

4.3.2 Half Sinewave Reconstruction
Two out of the three parameters of the transmitted 

code were used, the epoch duration and the peak amplitude, 
to produce a scaled synthetic segment having the shape of 
a half sinewave. The look up table containing the half 
sinewave shape was derived from the following expression 
and stored;

Y = A sin X (4,1)
o k X k tt
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where x has discrete values spread over 512 points and A 
is a constant corresponding to the size of the look up 
table required.

To utilise the PDP8/e computer's full range for 
integer values, 512 points with a peak value of 2047 machine 
units were used for the look up table. When reconstructing 
an epoch, the peak reconstructed value was scaled to corres
pond to the value A of the look up table.

4.3.3 Parabolic Shape Reconstruction
Similarly to the half sinewave reconstruction, two

parameters of the transmitted code were used to reconstruct 
a scaled synthetic segment. The look up table containing 
the parabolic shape was derived from the following expression 
and stored:

Y = Ax(l-x) (4.2)
o k X k 1

where x has discrete values spread over 512 points and A is 
a constant corresponding to the size of the look up table 
required.

In reproducing speech using the half sinewave and the 
parabolic reconstructions, it was found impossible to dis
tinguish between the two, hence greater attention was 
devoted to the half sinewave shape rather than the parabolic 
shape reconstruction.

4.3.4 Multiple Extrema Reconstruction
In addition to the epoch duration and the peak amplitude
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parameters, this type of reconstruction utilised the infor
mation regarding the number of extrema within an epoch 
carried by the transmitted code. Results of the collection 
of epoch shape information discussed earlier in section (4.2.3) 
have shown that between 7% and 16.7% of the epochs have 3 or 
more extrema for different speakers and 75% of those have 3 
extrema "one dip" only. With those results in mind, a family 
of standard symmetrical shapes having one or more extrema was 
used to produce synthetic segments having an equal number of 
extrema to those obtained from the transmitted code. Because 
of the very small number of those epochs having three or more 
extrema, preliminary listening trials were carried out in an 
attempt to reduce the number of the standard shapes used for 
reconstruction. The result of the trials showed no perceptual 
difference and therefore the number of standard shapes was 
reduced to only two. Those shapes were:

(i) The half sinewave shape having single extrema.

(ii) , The three extrema symmetrical shape to
represent the epochs having 3 or more extrema, 
see Figure (4.1) .

A number of cases for the fixed proportion of the 
intermediate minimum in the shape are dependent on the peak 
amplitude of the segment in the original waveform. Trials 
were conducted for two cases, firstly with minima corres
ponding to A/2 and secondly with minima corresponding to 
/Â/2. The second case was discarded.
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A/2

L

Figure (M-.l): Shape used for reconstructing epochs
having 3 or more extrema.
A = Epoch peak amplitude.
L = Epoch duration.

A further reduction in the number of epochs contain
ing three or more extrema was obtained by introducing a 
small threshold to discriminate against minor extrema dif
ferences within an epoch by retaining only those with a sig
nificant extrema difference. Results obtained by intro
ducing the zero-crossing and extrema difference thresholds

are discussed later on in section (4.4.2) of this chapter.

4.3.5 Segment Asymmetry (Skewness) Reconstruction
One of the shape features arising from the distribu

tion of the real and complex zeros of the speech waveform 
was the asymmetry or skewness of the segments. The epoch 
statistics, explained earlier for a number of speakers in 
section (4.2.3), show that a large proportion of between 30' 
and 50% of the epochs have marked skewness. The coding 
programme derived data regarding shape symmetry of each
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segment and this data was utilised in the reconstruction 
programme to address the appropriate look up table. Three 
look up tables were used, one for the symmetrical segments, 
which is a half sinewave similar to that discussed in sec
tion (4.3.3), and the other two have an asymmetrical shape 
each of them being the mirror image of the other. The 
look up table was derived from a quartic function of the 
form:

f(x) = x(x-4)(ax^ + 3x + y) (4.3)

where x has discrete values spread over 512 points, a, 6 
and Y are constants whose values were chosen to give the 
asymmetrical shape shown in Figure (4.2).

fix)

X
3a q

Figure (4.2): Shape used for skewness reconstruction.
a = a constant determined by the size of 
look up table required.

Synthetic segments from these three shapes were pro
duced in accordance with the transmitted code parameters. 
Results obtained with this reconstruction indicated a 
slight improvement over the previous methods. These results
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are further discussed in Chapter 7 which is devoted to the 
performance assessment of the above methods.

4.4 FACTORS AFFECTING DATA RATES
The data rate for the transmission of time encoded 

speech depends on the rate at which the significant features 
occur in the continuous speech. The minimum data rate for 
the time encoding process is determined dominantly by the 
average epoch-rate in continuous speech. Additional proces
sing may be incorporated conveniently with the data manage
ment to minimise the channel data rate by employing a high 
efficiency transmission code. The encoding for a higher 
efficiency is dependent on several factors, namely:

The probability distributions of the 
characteristics detected in and coded 
from the speech waveform.

Redundancy in the epoch data from the 
speech waveform.

Since our aim is to minimise the data rate whilst main
taining an adequate speech quality, factors such as thres
holding and redundancy in the epoch data for reducing the 
data rate were investigated.

4.4.1 Data Rates and Thresholding
Measurements have been made previously on the zero- 

crossings in speech waveforms (Dl, Tl) with a small offset 
added to the speech signal to prevent the low-level system
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noise, and signal during pauses seriously affecting the num
ber of detected zero-crossings. One way of accomplishing 
this separation was reported by Davenport Jr. (Dl) by the 
addition of a periodic bias signal whose amplitude was 
larger than that of the noise, but smaller than that of 
the unvoiced sounds. However the method showed the diffi
culties which arose in separating the effects of the noise 
from the characteristics of the unvoiced sounds. An offset 
was not considered desirable for time encoding because of 
the sequence of epoch durations for low and moderate signal 
levels are affected by the asymmetry introduced in the wave
form. An alternative procedure for time encoding to dis
criminate against epoch detection in a low-level signal was 
applied symmetrically to the waveform, ensuring no distur
bance of the epoch sequence to allow for further processing. 
Unlike centre-clipping, which is known to destroy the 
intelligibility of the speech signal, thresholding was app
lied to the code rather than the actual speech ensuring that 
the epochs duration for the larger amplitudes and their 
sequence was not disturbed. The procedure followed is 
illustrated in Figure (4.3) which shows the symmetrical 
application of the threshold to the speech waveform.

With the threshold level set to zero, the waveform 
is unaltered whilst a large threshold level caused the 
removal of major parts of the speech waveform and caused 
noticeable loss of intelligibility. The alternation of the 
sign for successive epochs, this alternation being implicit
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in the decoding process, was arranged to be unaffected by 
the thresholding process.

Figure (4.3): Symmetrical thresholding of speech waveform.
(A) Waveform before thresholding.
(B) Waveform after thresholding.

It was subjectively found that a threshold varying 
between 30 to 36dB depending on the speaker, can be applied 
to speech without causing noticeable loss of intelligibility. 
This value for the dynamic range agreed with the figure 
found in other investigations.

The average epoch rates measured in continuous speech 
as a function of the zero-crossing threshold for the speech sig
nals originating from two male and one female speakers are 
shown in Figure (4.4) indicating that the average epoch 
rate and the threshold level, S, expressed as a function
of the peak signal level, approximately follow an inverse
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square-root relationship of the following form:

% K/i7S epochs/s (4.4)

where K is a constant equal to 12 8 in the example shown; 
it was similar value for the three speakers.

For the above mentioned speakers the threshold of -36dB 
with respect to the peak amplitude of the speech produced 
epoch rates of 1103, 1004 and 704 epochs/s as compared to 
the unthresholded rates of 2075, 2181 and 2163 epochs/s res
pectively giving a reduction of between 46% and 6 7% in the 
epoch rate. Limiting the dynamic range by setting a 
higher threshold level, although reducing the epoch rate, 
degraded the speech as more of the low-level epochs are 
put to zero-level. The effect on the speech was heard 
firstly as the removal of the fricative consonants with 
other phonemes mainly unaffected, until the speech eventu
ally became unintelligible for a dynamic range less than 
12dB to 18dB.

A similar threshold may be applied to the epoch shape 
information in the detection of the number of extrema 
where it is possible to discriminate against minor extrema 
differences during an epoch, hence retaining only the sig
nificant number of extrema within one epoch. The propor
tion of epochs containing three or more extrema is shown 
in Figure (4.5) as a function of the extrema differences 
in the epochs. For epochs having more than three extrema, 
only the maximum difference between any consecutive pair
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was taken into account. The larger the threshold level set 
for the difference between the extrema, the larger becomes the 
proportion of epochs having only a single extrema. It is 
also seen that applying a zero-crossing threshold resulted in 
"a considerable increase in the proportion of epochs con
taining three or more extrema. This is due to the reduction 
in the epoch rate as the low-level epochs are put to zero- 
level. The reduction, for example, from Figure (4.5) with 
speaker (JR), for a zero-crossing threshold set at -35dB 
was approximately in the ratio 3.0:1, whilst the increased 
proportion of epochs having three or more extrema for the 
same speaker was approximately in the ratio 1:2.5 for an 
extrema difference threshold also at -36dB with respect to 
the peak value of the speech signal. The two types of 
thresholding operations therefore reduced the number of 
epochs containing 3 or more extrema to about 5% of the 
total number of epochs, that is a reduction of 13% in the 
proportion of those epochs having 3 or more extrema.

The effect of changing the speech bandwidth on the 
epoch rate and the proportion of epochs containing 3 or 
more extrema, when applying both types of thresholding, has 
shown that a reduction in the signal bandwidth by inserting 
more low-frequency attenuation gave an increased epoch rate 
especially at a low zero-crossing threshold, and also gave a 
reduced proportion of epochs containing 3 or more extrema. 
These two effects were consistent with the frequency domain 
description of speech signals in that the attenuation of a
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lower formant intensity gives greater prominence to the 
higher formants in the waveform leading to an increased 
epoch rate and fewer epochs with multiple extrema.

An improved version of the zero-crossing threshold 
was the differential thresholding, one form of this being 
a two level threshold which gave an improved speech quality 
as a result of restoring some of the fricative consonants 
removed by the single level thresholding. In this version 
a slightly lower threshold was set for the epochs with the 
shorter durations, mostly unvoiced sounds, than that for the 
epochs with the larger durations. From informal listening 
trials, it was found that epochs of up to 0.35ms duration 
may be considered as short and they were more sensitive to 
the zero-crossing threshold.

4.4.2 Zero-Crossing and Peak Amplitude Distributions
The waveform characteristics of concern in a time 

encoding system based on waveform segmentation at the zero- 
crossings are the time intervals between zero-crossings, 
i.e. the epochs, the segment shape and a magnitude measure. 
The distribution of the intervals between successive zero- 
crossings have been investigated by Davenport (D1), who 
also investigated the amplitude probability distribution 
for the sampled data of the speech waveform. However, this 
investigation and other similar studies of the amplitude 
distributions (R3) are not applicable directly to the time 
encoded segment magnitudes since a classification on the 
basis of segments was not undertaken.
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The epoch distributions shown in Figure (4.6) give 
the relative number of the epochs found in each resolvable 
interval from the speech waveforms of three male speakers.
The largest deviations from the average are marked accor
ding to the inidividual speaker. Also shown in Figure (4.6) 
is the epoch distribution for bandlimited white noise 
which will be discussed later in section (4.5) of this 
chapter.

The signal for the three male speakers was filtered to 
the telephone bandwidth prior to sampling at three times 
the Nyquist rate allowing the epochs to be determined to a 
0.05ms resolution. To reduce the effect of the system noise, 
a zero-crossing threshold set at -36dB with respect to the 
peak amplitude of the speech was applied. From the epoch 
distributions shown in Figure (4.6), it can be seen that 
the maximum occurred for epochs having durations approximately 
0.15 to 0.2ms, there being a subsidiary maximum in the range 
1.1 to 1.4ms. The distributions are in general agreement 
with the expectation from previous measurements (Dl) and 
from the frequency description of speech in which the sub
sidiary maximum is considered to arise from the lower formants 
in voiced speech and the unvoiced speech gives rise to the 
large number of small duration epochs. The differences 
between the distributions for the individual speakers are 
considerable and may be related amongst other factors to 
the pitch of the voices, since the subsidiary maximum is 
more marked for the voice having the lowest pitch.
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The distribution of the peak magnitudes classified 
in 3dB steps, shown in Figure (4.7) for the corresponding 
speech waveforms, indicates the distributions for 
the three speakers to be very similar in nature with a 
generally decreasing proportion of the larger magnitudes in 
the epochs. Davenport (Dl) presented the argument for 
separating the amplitude distribution into two components 
corresponding to the unvoiced and voiced sounds for the 
lower and higher amplitudes respectively. Application of 
the same argument to the peak magnitude distributions in 
Figure (4.7) may be justified by the change of characteristic 
apparent at approximately 20dB. Other studies (R3) have 
taken the amplitude distribution to be reasonably approxi
mated by only a negative exponential distribution. Fitting 
this form of distribution to the measurements results in the 
peak magnitude distribution:

P(x) « (0.12/c/2)exp(-x/T/o) (4.5)

where x is the peak magnitude normalised to unity and 
a w 0.85. This expression significantly underestimates 
the measured probabilities for magnitudes less than 9dB 
(R3), i.e. 27dB below the peak signal level. Also shown 
in Figure (4.7) is the distribution of the peak magnitudes 
for bandlimited white noise which will be discussed later 
in section (4.5) of this chapter. These amplitude distri
butions are for the peak values within a segment,whereas 
the previous investigations were for regularly sampled 
speech data.
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4.4.3 Epoch Duration Coding
It can be seen from the zero-crossing and amplitude 

distribution discussed earlier that, with bandlimited speech 
signals, the range of epoch values is directly related to 
the bandwidth and has an upper limit. For telephone band- 
limited speech, the epochs with durations greater than 2ms 
have little amplitude information, especially when a thres
hold of -36dB with respect to the peak amplitude of the 
speech signal is applied.

In order to assess the relative importance of alloca
ting data to the different parameters, the epochs may be 
grouped into different classes corresponding to the number 
of bits allocated for the epoch information. Great care 
is needed when grouping the epochs for the reason that in 
the speech waveform itself there are significant acoustic 
features which last for one or a few cycles in duration.

At a 20kHz sampling frequency for original speech 
with telephone bandwidth limitation, the epochs were grouped 
into 15 classes occupying approximately equal logarithmic 
intervals without producing significant degradation in the 
reconstructed speech. Further reductions in the number of 
classes were found to cause a noticeable degradation.
Various arrangements of the epochs into classes were inves
tigated and compared by listening to the corresponding 
reconstructions. The most satisfactory results were obtained 
when the epochs of duration up to 0.5ms were grouped in 
pairs, except for the epoch of duration 0.15ms which was
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left unaltered, whilst the groups for the epoch durations 
greater than 1.5ms contained between 3 and 24 interval 
values. Alternatively, by taking 32 instead of 16 classes, 
epochs of duration up to 1.6ms were coded singly, all the 
epochs of longer duration being set to zero amplitude in 
the reconstruction process whilst, still maintaining compara
ble quality.

4.4.4 Segment Peak Amplitude
It has been stated that the speech amplitude is a 

slowly varying function and need not be particularly 
accurately signalled (K4). It has been found that one or 
two bits were sufficient to signal the amplitude. Methods 
of reducing the epoch amplitude information by amplitude 
compression, averaging over a number of epochs and 
differential amplitude signalling were investigated.

4.4.4. 1 Amplitude Compression

Amplitude compression was applied by reducing the 
peak amplitudes of epochs down to a number of levels rela
ting to the number of bits which can be allocated to the 
amplitude information. This form of companding was carried 
out on a linear scale, a logarithmic scale and on an inter
mediate companding law. The international telecommunication 
authorities use the ' |i ' and 'A' companding laws designed 
for a 50 to 60dB dynamic range, compared with the 36dB 
found satisfactory for time encoding. The companding law 
used was derived from the 'A' law and employed only 4 bits 
for the amplitude information. As a result of the amplitude
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compression, the noise between words became obtrusive and 
the speech lost a great deal of its naturalness. It was 
found that an amplitude compression to minimise the ampli
tude data below 3 bits caused excessive degradation.

4.4.4.2 Averaging over a Number of Epochs"  —  Mr mb mb bm mmm bm mim w  mm «ta bm

Amplitude data averaged over a number of epochs was 
found to produce a more pleasant speech quality compared 
with the same number of bits employed with amplitude com
pression. Since the amplitude is a slowly varying function, 
averaging over certain number of epochs and then signalling 
the average values every 4, 8 or 16 symbols was found to be 
practical. A further improvement was made by interpolating 
the signalled average amplitude at the receiver so that it 
produced a gradual change from one group of epochs to 
another, rather than having a step change.

4.4.4.3 Differential Amplitude SignallingBB BB BB BB ̂B ̂B ̂B BM MB BB ̂B B» BB BB ̂B B̂ BM 4M BB BM BB ̂B BBB BB

One or two bits for differential amplitude signalling was 
found to be the most suitable method for the low data rate 
system. Two types were investigated, the first was to use 
predetermined quantisation steps and the second type was to 
use proportional quantisation. Epochs amplitudes were com
pared with the amplitude of the previous epoch and from the 
difference a decision was made whether to step up or step 
down by one predetermined quantisation step in the 1 bit case 
or a choice of two predetermined quantisation steps in the 
2 bits case. A significant improvement was noticed when 
using the two choices steps compared to the single step,
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the latter giving a poor reproduction of the speech. To 
overcome this problem proportional quantisation requiring 
1 bit of amplitude information was used. Instead of having 
a predetermined quantisation step, the step size was made 
proportional to previous epoch amplitude produced at the 
receiver according to a look up table derived from the 
following expression:

M-1STEP = ^  (4.6)J

where M is the modulus of the previous epoch amplitude 
produced at the receiver and has the value 1 < M < 512,
J is a constant found to have a value J=4 for best results 
with different speakers. The figure 512 corresponds to 
the peak value of the speech signal as a result of using 
the 10 bit A/D converter. For values of M=0, the step 
size was put to 1 and in this case the maximum step size 
is 127.

4.4.5 Redundancy in Epoch Duration and Amplitude 
Information

Redundancy can be defined as the presence of any 
detail in a source, a code, a message, a signal, a channel 
or a system, other than the minimum necessary for the repre
sentation or transmission of the required information. To 
allow for a more economical transmission of the coded 
information, it is necessary to code the speech into non- 
or less-redundant form. The redundancy in the epoch and 
amplitude information is indicated by conditional probability 
measurements.

- 55 -



The first probability distributions of the epoch 
durations for the three male speakers discussed in section 
(4.4.2) showed that:

The average information arising from the first 
probability distribution, P(i), is given by:

Average information (Entropy) H(i) = - P(i) logyP(i)
i

bits/epoch (4.7

The epoch durations were grouped into i=16 classes 
occupying approximately equal logarithmic intervals, and 
the above expression was calculated for the average of the 
epoch distribution for the three speakers to give the value 
of 3.68 bits/epoch. A uniform distribution results in
4.0 bits/epoch.

The 8% possible reduction in the data from entropie 
coding based on the assumption of no correlation in the 
epoch sequence is seen to be small.

However, by measuring the conditional probabilities 
associated with pairs of epochs, a correlation in the epoch 
sequence was detectable.

In the case where the probability of a symbol does not 
depend on any other symbol except its predecessor, we have 
the expression for the overall entropy as (R7):

- E  E
i j

for the pair of successive symbols being the ith followed

H(j/i) = - 2 ^  2 ^  P(ij) log P(j/i) bits/symbol (4.8)
i j
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by the jth. Evaluation of the above expression for the 
three male speakers discussed earlier with the same 15 
classes grouping resulting in an average information of 
3.131 bits/epoch. A significant reduction in the data is 
therefore available from a coding strategy taking into 
account the second probability distribution of the epochs 
in speech waveform.

A variation of the second probability distribution 
whereby alternate epochs in place of successive epochs was 
considered, resulted in an average information of 3.22 
bits/epoch.

The redundancy indicated from the conditional proba
bility measurements was particularly evident by the large 
proportion of epochs found to be followed by an epoch in 
the same group for epochs in the range 0.15ms to 0.25ms 
and 1.3ms to 1.7ms. The proportion was approximately a 
fifth, increasing to a quarter for the condition that 
alternate rather than successive epochs were in the same 
groups. An elementary non-optimal coding procedure to 
utilise this correlation, for example with codes in these 
groups for each pair or a short symbol indicating a repeat, 
is suggested as worthwhile for reducing the average data 
rate whilst maintaining the simplicity of the time encod
ing system.

The presence of significant redundancy in the sequen
ces of shorter epochs arising from unvoiced speech gives
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the additional advantage to redundancy removal coding pro
cedures, whether elementary or near optimal, of reducing 
the system buffer delay in matching to a uniform data rate 
channel.

A similar procedure was used to evaluate the average 
information by measuring the conditional probabilities 
associated with the peak amplitudes for successive pairs of 
epochs for the same three male speakers. The peak ampli
tude values were grouped into i=13 classes in 3dB steps, 
resulting in an average information of 2.668 bits/epoch 
amplitude, compared with 3.7 bits/epoch for a uniform 
distribution.

Once again there was a considerable reduction in the 
amplitude information. This is mainly due to the fact that 
the speech amplitude is a slowly varying function.

4.5 CODING CHECK WITH BANDLIMITED NOISE
In order to validate some aspects of the encoding 

programme, a white noise signal was encoded to examine the 
distributions of the zero-crossing intervals and the peak 
amplitudes for the purpose of making comparisons with the 
known forms of the corresponding distributions available 
in the literature. The difference in features between 
speech signals and noise signals was clearly shown in the 
distributions.

The noise waveform produced from white noise generator 
was filtered to the telephone bandwidth prior to sampling
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at three times the Nyquist rate, allowing the epochs to be 
determined to 0.05ms resolution. The basis for comparing 
the noise and the speech waveforms was that each contained 
the same proportion of samples attaining the limiting amp
litude of the A/D converter. A zero-crossing threshold was 
set to -36dB with respect to the peak amplitude, resulting 
in only a small reduction in the number of epochs for the 
noise file because the noise signal is continuous and has 
no pauses between the words or the sentences as in continuous 
speech.

On the same Figure (4.6) as the speech epoch intervals 
distribution, the noise zero-crossing intervals distribution 
shows no similarity with the speech distribution. An 
approximately exponential distribution is followed, as 
expected from Rice's studies (R7), except for the epochs 
having a duration less than 0.15ms where a deviation arising 
from the prefiltering may be expected. Attempts to match 
the speech distribution by shaping the noise spectrum were 
only partially successful and worsened the already poor 
match between the magnitude distributions for the speech 
and noise signals.

The distribution of the peak magnitudes for the noise 
signal, also shown in Figure (4.7), differs markedly from 
that for the speech by the low probability found for the 
smaller peak magnitudes in the noise. The distribution 
for noise has a similar general shape to that derived by 
Rice (R6) for the envelope maxima of narrow-band noise
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though there is a poor detailed agreement since the narrow
band premise implying a narrow epoch distribution was 
insufficiently satisfied.

4.6 CONCLUSIONS
Measurements of the first probability distributions 

of the zero-crossing epochs and the peak magnitudes during 
the epochs in speech waveforms and in noise waveforms have 
shown the separate and distinctive features arising from 
the two waveforms. Short duration epochs predominated in 
both waveforms with the distribution decreasing monotoni- 
cally for the noise waveform, whereas that for the speech 
waveform showed a secondary peak for longer epochs. The 
peak magnitude distributions showed a preponderance of low 
peak magnitudes in the speech waveform contrasted with a 
preponderance at approximately the rms value in the noise 
waveform. The coding and reconstruction strategies have 
been discussed, and will be assessed in a later chapter. 
From the examination of the factors affecting data rates it 
was found that the application of a zero-crossing and an 
extrema difference thresholding to discriminate against 
minor waveform fluctuations exerted a considerable influ
ence on the data rate required for transmission. A zero- 
crossing threshold set -36dB below the peak amplitude in 
the speech waveform for the different speakers gave epoch 
rates ranging from 704 to 1103 epochs/s, with approximately 
5% of the epochs containing three or more extrema.

The redundancy in the epoch data from the speech
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waveforms was determined from conditional probability 
measurements, and indicated that a significant reduction 
in the data was possible from coding procedures taking 
account of the epoch sequence. A reduction of approximately 
a quarter in the data was found possible in the investigation 
of the various speech samples by considering the joint infor
mation from only successive epoch pairs.
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CHAPTER F I V E  

SPEECH S IG N A L P R E-E M P H A SIS

5.1 INTRODUCTION
In the previous chapter a coding and reconstruction 

scheme based on the collection of the zero-crossing duration, 
the shape and the amplitude statistics was discussed for 
speech signals unprocessed other than by bandlimiting. The 
factors governing the data rates for such processes were 
discussed in detail.

In this chapter the effect on the data rate, the 
epoch distributions and the redundancy in the epoch infor
mation of pre-emphasising the speech signal prior to the 
encoding process are discussed. Further effects of pre
emphasis on the time delay and distortion from data 
buffering for transmission are discussed in the next chapter 
where the results for both unemphasised and pre-emphasised 
speech are compared.

The purpose of the investigation was to examine the 
above-mentioned effects, and to draw conclusions about a 
possible trade-off between the improvements in speech intel
ligibility against the increased data rate arising from 
pre-emphasis.

The choice of signal pre-emphasis was 6dB/octave, 
approximately corresponding to differentiation, was applied 
to the same speech sections discussed in the previous 
chapter, using the same bandwidth limitation for the purpose

— 6 2 —



of comparison. In terms of a zero-based signal representa
tion differentiation converts some complex zeros to real 
zeros, allowing more information to be extracted from the 
waveform and expressed by the real zeros (R2). Previous 
investigations have demonstrated that the differentiation 
of speech waveform yields a higher intelligibility, a number 
of papers associated with speech differentiation having been 
published, and in the following section a review is made of 
some of these papers to show the importance of audio 
processing for a high intelligibility.

5.2 EXPERIMENTS CONCERNING DIFFERENTIATION OF CLIPPED SPEECH
Many investigations on differentiated speech were 

carried out in conjunction with clipped speech for the 
purpose of improving the intelligibility, such results being 
useful to the work on time encoding because of the similarity 
between the two processes. The following are examples of 
some work on differentiation of clipped speech.

5.2.1 Licklider and Pollack (L4)
In a series of experiments on the effects of distor

tion in voice communication circuits using infinite peak 
clipping, Licklider and Pollack introduced a differentiator 
or integrator into the speech channel at various points. 
Speech processed by differentiation (without clipping) 
had virtually a 100% intelligibility. However, Licklider 
and Pollack emphasised that "Differentiation, because it 
greatly emphasises the fricative consonants and weakens the 
low-pitched vowels, makes speech sound overly crisp.".
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When differentiation was followed by infinite peak clipping 
it resulted in word intelligibility scores of over 90%.

5.2.2 Ainsworth (A2)
Ainsworth extended Licklider and Pollack's experiments 

on infinitely clipped speech by investigating the intelli
gibility of transforms of clipped speech. The work also 
covered differentiated speech waveform. The results of the 
investigation using standard PB (Phonetically Balanced) 
word lists have shown that the signals which retain zero- 
crossing position and "polarity" (i.e. signal going from + 
to - or from - to + at a zero-crossing) information are 
the most intelligible, while the signals retaining only 
positional information are least intelligible. Differen
tiation of the speech waveform, however, caused an increase 
in intelligibility in almost all the cases.

5.2.3 Meter, Mlodzeevskaya and Sapozhkov (M4)
A study of the amplitude distribution and the dynamic 

range of speech signals subjected both to differentiation 
(frequency response with a rise of 6dB/octave) and ampli
tude clipping was carried out by Meter et al. The results 
of the investigation have shown that for the differentiated 
signal, the dynamic range for the overall signal turned 
out to be one third less than for the unprocessed signal. 
Clipping introduced after differentiation reduced the 
dynamic range of the output levels in narrow frequency 
bands to an average of 15dB to 17dB, in contrast with the 
value of 36dB to 38dB for the unprocessed speech.
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For the process of time encoding the results above 
suggest that amplitude information is less critical than 
some other aspects of the process.

5.3 EXPERIMENTS CONCERNING DIFFERENTIATION PRECEDING
ENCODING PROCESS
An analogue pre-emphasising circuit (frequency res

ponse with a rise of 6dB/octave) was used to differentiate 
approximately the speech waveform. The measured gain and 
phase characteristics for the pre-emphasising circuit are 
shown in Figure (5.1), the characteristics show the 6dB/ 
octave rise over the majority of the speech bandwidth range 
but with the phase characteristic noticeably departing from 
the 90° for frequencies greater than 1kHz.

In order to compare the results with those obtained 
in the previous chapter, the same three speech samples, 
originating from three male speakers (JR, CE and JD) were 
used. The speech signal was passed through the pre-emphasising 
circuit, then through an 8th order Butterworth high-pass and 
low pass filters before analogue to 10 bits digital con
version for subsequent digital processing. A block diagram 
giving additional details for this arrangement is shown in 
Figure (5.2).

The factors of interest in this investigation were the 
effects of speech signal pre-emphasis on the epoch rate, 
the epoch duration and the shape distribution, and the 
redundancy in the epoch information. A comparison of epoch 
rates between the unemphasised and pre-emphasised speech
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signals is considered next.

5.3.1 Data-rate and Thresholding
Measurement made previously on the zero-crossings in 

speech waveforms (Dl, M2) have shown that unvoiced speech, 
mainly fricative consonants, gave rise to the large number 
of short epochs which make a large contribution to the 
epoch rate. An increase in the epoch rate was expected 
since differentiation greatly emphasises the fricative 
consonants (L4) and also converts the extrema of the 
voiced sections into zero-crossings.

Epoch rate (epochs/s) Percentage
Speaker Unemphasised Pre-emphasised Increase (%)

JR 2181 3413 56
CE 2075 3432 65
JD 2163 3363 55

Table (5.1): Comparison of epoch rates for unemphasised
and pre-emphasised speech waveforms for 
three male speakers.

The epoch rates for three male speakers for both 
unemphasised and pre-emphasised speech are shown in Table 
(5.1) indicating an increase of zero-crossing rates as 
expected. These results may look discouraging since the 
main aim was to achieve a low bit rate system.

The thresholding process described in the previous 
chapter performed an important role in the reduction of the
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epoch rates. The threshold was applied symmetrically to 
the speech waveform, to discriminate against epoch detec
tion in a low-level signal, ensuring no disturbance of 
the epoch sequence to allow for further processing.

The average epoch rates measured in pre-emphasised 
continuous speech as a function of the zero-crossing 
threshold for one of the three speakers (JR) are shown in 
Figure (5.3). The relationship between the average epoch-rate, 
R^y,and the threshold level, S, expressed as a fraction of 
the peak signal level, approximately follows an inverse 
square-root relationship shown by the straight line simi
lar to that obtained for the unemphasised speech and of 
the form:

R^^ « K/17 S epochs/s (5.1)

where K is a constant equal to 170 in the example shown.
This is higher than the value of K=12 8 obtained for the 
unemphasised speech of the same speakers, but by comparing 
Figures (4.4) and (5.3) the slopes of both curves are of 
similar magnitudes.

It was subjectively found that a threshold value 
ranging between 30dB and 35dB can be applied to the pre- 
emphasised speech without causing noticeable loss of intel
ligibility. The epoch rates of the pre-emphasised speech 
for a threshold value set at -35dB below the peak amplit
ude, produced epoch rates of 1626, 1817 and 1294 epochs/s 
in comparison to the results shown in Table (5.1) for the
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three speakers. This reduction in the epoch rates, ranging 
between 47% and 61% for the three speakers, is mainly due 
to the contribution to the increased epoch rate caused by 
emphasising low-level system noise signal having been 
greatly reduced by the process of thresholding.

An inter-extremal threshold was also applied to dis
criminate against the minor extrema differences during an 
epoch, hence retaining only the number of significant 
extrema within one epoch.

For the same speaker as in the above example, the 
proportion of epochs containing three or more extrema is 
shown in Figure (5.4) as a function of the extrema differ
ences. The Figure shows a considerable reduction in the 
proportion of epochs containing three or more extrema.
Also shown in the same Figure is the effect of applying 
an additional fixed value of threshold of -36dB with 
respect to the peak amplitude of the signal. Both curves 
show a similarity with those in Figure (4.5) for the 
unemphasised speech.

The increase in the proportion of epochs containing 
three or more extrema as a result of the addition of zero- 
crossing threshold was due to the reduction in the epoch 
rate as the low-level epochs were put to zero. The reduc
tion in the proportion of epochs containing three or more 
extrema with either the inter-extremal threshold set at 
-36dB or the zero-crossing threshold of -36dB, is approxi
mately the same as for the results obtained with unemphasised
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speech. A figure of 6.7% for the proportion of epochs 
containing three or more extrema was obtained when the 
two types of thresholding operations were applied to the 
above example. This proportion is slightly higher than 
the figure of 4.7% for the unemphasised speech of the 
same speaker.

5.3.2 Zero-crossing, Peak Amplitude and Shape 
Information

The increase in the epoch rate as a result of the 
signal pre-emphasis had an effect on the epochs distri
butions compared with the distributions for the unemphasised 
speech.

The epoch distributions shown in Figure (5.5) give 
the relative number of epochs found in each resolvable 
interval from the pre-emphasised speech signals of the 
three male speakers described earlier. The same zero- 
crossing threshold of -36dB with respect to peak amplitude 
used with the unemphasised speech was applied to the three 
pre-emphasised speech signals to reduce the effects of 
system noise whilst largely unaffecting the speech. In 
comparison with the unemphasised speech, it can be seen 
that the shape of the epochs distribution has a noticeably 
higher maximum for epochs having duration of 0.15ms to 
0.2ms and a lower subsidiary maximum for epochs having 
duration between 1.1ms and 1.4ms. This change is expected 
since pre-emphasis increases the unvoiced content and
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therefore the number of short epochs in the speech.

The distribution of the peak amplitudes classified 
in 3dB steps, shown in Figure (5.6) for the pre-emphasised 
speech waveforms, indicates the distributions for the three 
speakers to be very similar, with a generally decreasing 
proportion of the larger magnitudes in the epochs. The 
change in the characteristic is apparent at about 9dB 
instead of at 20dB for the unemphasised speech. This is 
due to the larger concentration of lower level epochs in 
the pre-emphasised speech signal. A comparison of the 
results with those obtained for the unemphasised speech, 
again approximated to by a negative exponential distribution 
(R3), resulted in a peak magnitude distribution similar in 
form to that for the unemphasised speech, shown earlier 
by Equation (4.5) :

P(x) % (0.12/o/2) exp(-x/2/c) (5.2)

where x is the peak magnitude normalised to unity and 
a « 1.9 for the pre-emphasised speech. The expression in 
Equation (5.2) underestimates the measured probabilities 
for the magnitudes less than 6dB (R3), i.e. 30dB below the 
peak signal level. The value of a is more than double 
that for the unemphasised speech as a result of the increase 
in number of epochs due to pre-emphasising the signal.

Shape information for the pre-emphasised signal has 
been investigated by pursuing two approaches:-
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(i) The first approach was to show the number of extrema 
within a segment in order to be able to form at the 
receiver a synthetic segment related in shape to the 
original. Tables (5.2, 5.3, 5.4) show the statistics 
of the number of extrema occurring for each epoch duration 
in the pre-emphasised speech of the three male speakers.
The results from the statistics show that:

The percentage of epochs having one extrema 
ranges between 79% and 82%.

The percentage of epochs having three or more 
extrema ranges between 7% and 8%.

These figures do not include the effects of either zero- 
crossing or inter-extrema thresholding, and show a consider
ably reduced proportion of the number of epochs having three 
or more extrema compared with the unemphasised speech. The 
application of both zero-crossing and extrema difference 
thresholds set at -36dB with respect to the peak value to 
the pre-emphasised waveform for the three speakers showed 
that the proportion of epochs having 3 or more extrema 
ranged between 6.6% and 7.55%, a similar percentage to 
that for the unthresholded case.

The above results are important when choosing epoch 
shapes for the reconstruction strategy based on multi
extrema epochs information, since data bits allocation for 
the epoch shape may in this case be reduced. The reduc
tion in the proportion of epochs having 3 or more extrema 
is regarded as mainly due to the conversion of multi-
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extrema epochs into epochs having one extrema due to dif
ferentiation .

(ii) The second approach was an investigation of the asymmetry 
(skewness) in the segments. From the description of the 
zero-based signal theory in Chapter 3 it was shown that 
skewness is a feature arising from the distribution of the 
zeros representing a waveform. Table (5.5) shows the number 
of epochs having such features for one of the speech samples 
(JR). The results show that the number of epochs having 
asymmetry form 42.5% of the total number of epochs. This 
figure is similar to that obtained for the unemphasised 
speech, indicating that pre-emphasis has little effect on 
the proportion of epochs having asymmetry as coarsely 
classified in this example.

5.3.3 Redundancy in Epoch Duration and Amplitude 
Information

The improvement in intelligibility obtained by differ
entiation is overshadowed by the disadvantage of an in
creased epoch-rate. Within the aim of using time encoding 
to establish a low data rate system, one must look for 
ways of reducing the data rate. To this end an investiga
tion was made of the redundancy in the epoch information 
from the first probability distribution of epoch intervals 
in the speech samples. The same three examples of pre- 
emphasised speech for the three male speakers discussed in 
section (5.3.2) were investigated. The epoch durations 
were grouped into i=16 classes occupying equal logarithmic 
intervals and the average information H(i) was calculated
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using equation (4.7) for the average of the epoch distri
bution for the three speakers.

The average information was found to be 3.22 bits/ 
epoch compared with 4 bits/epoch for a uniform distribution 
This shows a possible reduction of 19.5% in the data from 
entropie coding based on the assumption of no correlation 
in the epoch sequence. The reduction is significantly 
greater than the figure of 8% obtained for unemphasised 
speech. Correlation in the epoch sequence was found to be 
significant when measuring the conditional probabilities 
associated with pairs of epochs.

For the case where the probability of a symbol does 
not depend on any other symbol except its predecessor, 
evaluation of equation (4.8) resulted in an average infor
mation of 2.867 bits/epoch. A significant reduction in 
the data is therefore available from a coding strategy 
utilising the second probability distribution of the epochs 
in the pre-emphasised speech waveform. A comparison of 
the above figure of 3.131 with that for unemphasised speech 
indicates that the increased epoch rate due to pre-emphasis 
introduced greater redundancy. These results have an 
important bearing on the decision to apply pre-emphasis 
to speech, since an efficient coding strategy taking into 
account this degree of redundancy can be used.

The conditional probability for alternate symbols has 
been considered as for pre-emphasised speech, resulting in

- 73 -



an average information of 2.91 bits/epoch in comparison 
with a figure of 3.22 for the unemphasised speech.

An elementary coding procedure may be used to take 
into account the above epoch redundancy for reducing the 
average data rate whilst maintaining the simplicity of the 
system.

A similar procedure was used to evaluate the average 
information by measuring the conditional probabilities 
associated with the peak amplitudes of pair of successive 
epochs for the pre-emphasised speech of the three male 
speakers. The peak amplitude values were grouped into 13 
classes in 3dB steps, resulting in an average information 
of 2.8 bits/epoch amplitude compared with 3.7 bits/epoch 
amplitude for a uniform distribution. This considerable 
reduction in the amplitude information is mainly due to 
the fact that the speech amplitude is a slowly varying 
function. The figure is similar to that for unemphasised 
speech, since the pre-emphasis mainly alters epoch duration 
with little effect on the amplitude variation.

5.4 CONCLUSIONS
Signal pre-emphasis was found to produce a higher 

intelligibility but at the same time increased the data 
rate. A considerable reduction in the data rate was 
obtained as a result of zero-crossing and extrema difference 
threshold applied to the speech waveform. The pre-emphasised
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speech was found to tolerate a higher threshold level 
than that for the unemphasised speech before any appreciable 
disturbance was caused to the speech signal. For the 
threshold level set -36dB below the peak amplitude in the 
speech waveform for various speakers the epoch rate 
produced a reduction between 47% and 61%, with approximately 
6.7% of the epochs containing three or more extrema.

The first probability distributions of the zero-crossing 
intervals and the peak amplitudes during the intervals were 
found to be similar to those for the unemphasised speech.
The distribution of the zero-crossing intervals produced 
double maxima with a higher peak for the short epochs due to 
the speech signal pre-emphasis which increased the number 
of short epochs derived from the unvoiced speech.

The redundancy in the epoch data for the pre-emphasised 
speech signal, determined from conditional probability 
measurements, indicated that a significant reduction in 
the data was possible from coding procedures taking account 
of the epoch sequence. A reduction of approximately 28% 
in the data was found possible in the investigation of 
various pre-emphasised speech samples by considering the 
joint information from only successive epoch pairs.

— 7 5 —



CHAPTER S I X  

TR A N S M ISS IO N  DELAY FOR T IM E  ENCODING

6.1 INTRODUCTION
Time encoding based on the segmentation of a waveform 

at the zero-crossing times and the coding of transmission 
symbols depending on the duration of the segment, as well 
as other characteristics of the segment, is an example of a 
variable-rate data source. For transmission over a digital
channel, a uniform data rate is required. Matching the
irregular data generation and utilisation rates of the 
encoder and decoder can be achieved by storing the symbols 
in a first-in first-out stores(FIFO) at the encoder and
decoder prior to transmission. The irregularity of the data
necessitates a time delay for channel rates less than the 
instantaneous peak-rate for the sources. Since the average 
symbol rate is considerably less than the peak rate, 
transmission at a low channel rate is advantageous, provided 
that delays unacceptably long for a duplex speech link are 
not thereby introduced.

Qureshi and Forney (Q1) on their work on an adaptive 
residual coder have used variable-length codes for trans
mission of the quantised residual at 9.6 and 16 kb/s 
together with a buffer management scheme to handle initial 
synchronisation, underflow and overflow. Filler words 
were included in the codes to prevent transmit buffer 
underflow whilst no action was taken in the event of 
receiver buffer overflow resulting in the deletion of the
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affected samples. No figures for time delay were reported 
and the effective buffer size used at the transmitter and 
receiver was 128 bits.

Mathews (M2) in the work concerning Extremal Coding, 
based on the transmission of amplitudes and times of suc
cessive extremes, used buffering with delay techniques to 
receive the randomly occurring extremes and transmitted 
the extremal information at a constant rate.

Measurements of the zero-crossing rates in speech 
signals have been reported by Turner et al (T1) with an 
analysis relating to data compression for variable source- 
rate to constant transmission-rate schemes. The work also 
covered a "symbol injection" system in addition to the 
buffer stores at the transmission terminals.

Estimates from Mathews and Turner et al of the delay 
necessary for avoiding distortion from data buffering were 
of the order of one second. This delay is regarded as 
excessive for a duplex link.

The reduction of the overall amount of data by recoding 
is the first aspect to be considered in this chapter, and 
a second aspect is to recode the transmission symbols in 
order to reduce the time delay, different recoding schemes 
being necessary for these two aspects.
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Data on epoch sequences from speech waveforms are 
presented and encoding methods for reducing the delays 
to lower values than those reported above have been 
discussed in this chapter. Two examples of variable-length 
trnasmission codes are discussed and compared with 
a fixed length 5 bits per symbol code. Another method 
for reducing buffer delay made the use of combining length 
codes with the channel rate set between 10% and 20% higher 
than the minimum rates. It may be noted that although 
minimum rate is simply the total number of epochs divided 
by the total number of seconds for the waveform, this is 
only valid for simulation work because in an on-line system 
no such figure will be available.

A further possibility of allowing a small amount of 
distortion through buffer underflow and overflow at the 
coder and decoder has been considered. Only a slight 
degradation is produced by discarding information during 
buffer overflow arising during the high symbol, rates from 
the fricatives.

The relationship between delay, distortion and trans
mission rates and how a balance can be achieved between 
delay and transmission rate for distortionless transmis
sion are also discussed in this chapter.

An interesting concept of whether there will be sig
nificant differences arising from pre-emphasising the
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speech signal has been investigated.

6.2 VARIABLE-LENGTH CODING
Variable-length coding, also known as minimum- 

redundancy or optimum coding, e.g. Huffman code, has been 
discussed previously (Dl, H2) with the aim of minimising 
the average message length for a message ensemble consisting 
of a finite number of members having a non-uniform proba
bility distribution which is known for a typical ensemble. 
The transmission of messages or symbols arising from time 
encoding is an example where variable-length coding can be 
applied since a finite number of symbols are employed to 
make up an ensemble, the long-term probability distribution 
of the symbols being determined from the characteristics 
of speech waveforms.

Time encoded symbols may be recoded into variable 
bit-length transmission words and the allocation of the 
shorter length words to the symbols that occur at the 
highest rates and the longer length words to those occur
ring at the lower rates, in order to even out to some 
degree the data rate arising from speech. In order to 
smooth the variable data rate so that it can be transmitted 
using a constant-rate trnasmission facility it is 
necessary to provide buffer storage at the transmitter and 
the receiver. An unavoidable and obvious consequence of 
this buffering is that delays are introduced into the 
communication process. By considering an example of each 
transmission word
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having a length directly proportional to the duration of 
the speech segment from which it was derived, then it is 
seen that a uniform bit-rate is produced with buffering 
being required only to insert a constant delay equal to 
the duration of the longest waveform segment allowed by 
the encoder. The transmission bit-rate in this extreme 
case is greater than is necessary since it is determined by 
the maximum symbol generation rate rather than by the long-term 
average rate arising with complete buffer smoothing.
There is a compromise between the largest time delay and 
the regular transmission bit-rate, the optimum bit-rate 
being determined by the choice of transmission word encod
ing, the constraint on the tolerable time delay and the 
statistics of the time encoded symbols for typical speech.

In the following sections, two examples of the appli
cation of variable-length codes for the transmission of 
the symbols are outlined.

6.2.1 Bit Framing and Twin Stream Variable-Length Codes
Two examples of variable-length codes for the transmis

sion of time encoded symbols over a single serial channel 
were selected because each was self-synchronising, i.e. no 
start signal was necessary, each being capable of implemen
ting by simple hardware or software. The time encoding 
process was taken to generate a set of 32 symbols having 
a known frequency probability distribution, the symbols 
were then encoded into 32 variable-length data words for 
serial transmission. The first example used framing bits
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associated with data words , and in the second a synchron
ised bit stream for delimiting the data words was combined 
with the data word bit stream.

6.2.1.1 Bit Framing Code
mm mm m» mm ^m ^m

In this type of coding an adjacent pair of Is in the 
bit stream was taken to indicate the framing between the 
data bits, the first data bit following the framing never 
starting with a 1. Adjacent Is therefore were precluded 
from occurring in the data bits but there were no restric
tions placed on the sequence of Os or on the final data 
bit before the next framing Is. Since the final data bit 
could be a 1, then three adjacent Is were interpreted as 
a 1 from the data word followed by the pair of framing 
bits. The number of codes available from a given maximum 
bit length are tabulated below:

Data-word length 
(bits)

1 2 3 4 5 6 7 8

Number of codes 1 2 3 5 8 13 21 34

Bit length and 
framing (bits)

3 4 5 6 7 8 9 10

Cumulative number 
of codes

1 3 6 11 19 32 53 87

Table (6.1): Bit Framing.
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It is seen from Table (6.1) that the'transmission codes, 
i.e. data bits and framing, varying in length from 3 bits 
to 8 bits, are necessary for 32 symbols. The cumulative 
number of codes, N^, available from all bit lengths up to 
a maximum length of bits is given by:

B = C 

B = 1

where c = Total number of codes

No = 1 
N 1 = 1

The code consisting of the framing bits alone, i.e.
No, has been excluded from Table (6.1), since a series of 
these codes provides a gain of only one code and destroys 
the inherent decoding simplicity otherwise arising from 
only a pair or a triple 1 code ever having validity in the 
bit stream. Recovery from corruption of the bit stream 
takes place within the time of one transmission code pro
vided that not more than one bit per transmission code is 
in error.

6.2.1.2 Twin Stream Code
A variable length code was composed from a word delimi

ting signal and a data word signal transmitted either 
through two separate channels or through a single channel 
by taking alternative bits from the two signals to form a 
single serial stream. In the latter case the two signals

- 8 2 -



were recovered in the receiving unit with decision logic 
which determines the significance of the two streams 
obtained by taking alternate bits. For a word delimiting 
signal consisting of a 1 at the start of a data word 
followed by Os for the duration of the data word, then the 
delimiting stream contains more Os than Is and may be 
identified at the receiver provided that the data word 
stream contains an equal number of Is and Os over a suffi
ciently long period. The number of bits required for this 
variable length transmission code was therefore twice that

. binary sequence. as shown .in Table (6.2)

Data-word length 
(bits)

1 2 3 4 5

Number of codes 2 4 8 16 32

Transmission word length 
(bits)

2 4 6 8 10

Cumulative number 
codes

of 2 6 14 30 62

Table (5.2): Twin Stream.

A comparison between the two coding schemes shown in 
Tables(6.1) and (6.2) indicates that Bit Framing coding is 
advantageous for more than 30 equiprobable symbols, and 
that the Twin Stream coding is advantageous for fewer than 
14 equiprobable symbols. In the next section a typical
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probability distribution of symbols arising from a speech 
signal is used for evaluating the average transmission- 
word length with various strategies for utilising the 
variable-length codes.

6.2.2 Average Transmission-word Length
From use of the earlier mentioned codes, the average 

transmission-word length has been measured for the symbol 
probabilities for a section of continuous speech. The 
average transmission-word length is a measure of the saving 
in data that can be achieved by the use of the variable- 
length codes.

Two cases were considered:

(i) Speech without any pre-emphasis prior 
to sampling.

(ii) Pre-emphasised speech prior to sampling.

For both cases the speech waveform originated from 
continuous speech consisting of short sentences spoken by 
a male speaker (JR) was filtered to the telephone bandwidth 
prior to sampling at three times the Nyquist rate allowing 
the epoch to be determined to a 0.05ms resolution. A 
zero-crossing threshold was set to -36dB with respect to 
the peak amplitude of the speech waveform to reduce the 
effects of system noise whilst largely unaffecting the 
speech signal.

Both speech files were chosen out of the other speech 
files under investigation because they exhibited a typical
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epoch distribution similar to those reported by other 
investigators (Dl), The distributions for the pre- 
emphasised signal differed slightly due to the increased 
number of short epochs. Both had probability distribu
tions conforming with measurements from other male speak
ers. The zero-crossing probability distribution is related 
to the time encoding symbol probability which was the basis 
for calculating the average transmission-word lengths using 
the transmission coding schemes.

The variable-length transmission codes were assigned 
to the symbols for the strategy aiming at:

(i) Minimising the average word length (bits) 
or (ii) Minimising the time delay and buffer size.

A minimum average word length strategy followed in 
this case was simply assigning the transmission code lengths 
in inverse ranking order to the relative probability of the 
symbols.

A minimum delay and buffer size may be obtained by 
making the lengths of the transmission codes equal to the 
duration of the speech waveform segment from which it was 
derived. This is seen as a uniform bit-rate with a con
sequent buffer delay equal to the duration of the longest 
segment allowed in the coding scheme. As a result of 
this scheme, many more bits are needed to cover all the 
necessary binary codes. Consequently, the equality of the 
code lengths was not maintained since all available code
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States w ere used in assigning the code lengths in ranking 

order to the length of the w a v e f o r m  segment.

The average word lengths have been used to introduce 
figures for the average bit rate necessary for transmission 
The results, summarised in the following table, show also 
the time spread as a measure of time delay between the 
start of data transmission and the waveform output from 
the receiver without buffer underflow distortion. The 
delay is referred to in Figure (6.1) as the time spread 
for the utterance.

Code
Average bits/ 

symbol
Time Spread 

(ms )
Bit rate 

comparison (%)
A B A B A B

5 bits/symbol 5.0 5.0 1235 1449 100 100
Huffman 4. 42 4.26 1194 1405 90 85
Bit Framing 5.40 5.21 1200 1420 109 104
Twin bit stream 4.82 4.46 1173 1395 97 90

Table (6.3):

are :

Variable-length codes assigned in inverse 
order of symbol frequency.
A = Unemphasised speech 
B = Pre-emphasised speech.

The transmission codes mentioned in the above table

(i) 5 bits/symbol code: this is taken as the basis
for the comparison between the other codes.
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(ii) Huffman code (H2): the method expounded by
Huffman for the construction of Minimum- 
Redundancy codes has been applied to this 
example.

(iii) Bit Framing Scheme: described earlier in
section (5.2).

(iv) Twin Bit Stream: described earlier in
section (5.2).

The first two codes requires symbol synchronisation 
but it is inherent in the last two.

The time spread shown in Table (6.3) is the total time 
found to be necessary to accommodate the irregular symbol 
rate in a transmission buffer to match a uniform channel 
transmission rate. For example, intermediate storage of 
the code is required when the rate is greater than average, 
the transmitted code therefore lagging the generated code. 
When the rate is less than average, the transmitted code 
is gaining on the generated code and previously stored 
code needs to be available to maintain the uniform trans
mission rate without a break. Time spread is related to 
time delay and a further discussion of the time delay and 
the effects of alternative variable-length code assignments 
are given later in section (6.3.1).

6.2.3 Comparison of Bit Rates
The Huffman code has achieved a saving of 10% and 15%
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in the bit rate for the unemphasised and pre-emphasised 
speech respectively, compared with the 5-bits fixed length 
code. The other variable length codes did not achieve 
such a saving and in the case of the bit framing scheme, 
there was a noticeable increase. The increase is not 
necessarily disadvantageous for transmission of the coded 
speech, since both of the bit framing and twin bit stream 
codes have the extra advantage of not requiring a synchro
nising or start-of-code sequence signal and there is a 
degree of inherent recovery from transmission errors. The 
Huffman code has been evaluated because of its optimal 
property before taking into account the overhead necessary 
for synchronisation and error protection if used as a 
transmission code. The amount of overhead required for the 
Huffman or the 5 bits fixed length codes depends greatly on 
the error rate which varies from noisy line to a quiet line. 
Subject to some error expectations, the "tolerable" bit error 
rates in most speech coding procedures are in the order of 
1O”" (F4).

An error in transmission with the bit framing and twin 
stream coding scheme results in the generation of one or two 
corrupt symbols with synchronism being regained by the 
following symbol. For time encoded process the corruption 
of one or two symbols in the reconstructed speech occurs 
only intermittently. It is known that speech intelligibility 
is only marginally affected by intermittent interference.

For both unemphasised and pre-emphasised speech the



difference in bit rates for the codes and speech utteran
ces under consideration is not great, keeping in mind that 
the Huffman code needs synchronising signals. The twin, stream 
code offers more advantages than the others, depending upon 
whether the codes will be used for transmission over a 
channel liable to errors or for speech reconstruction from 
an error-free source.

The concept of data reduction using variable-length 
codes have been presented and the next aspect is to inves
tigate the reduction of time delays.

6.3 TIME DELAYS
Variable-length code assignments aimed at reducing 

the time delay in the Transmission buffers have been con
sidered for the symbols derived from the speech. The time 
delay was determined by monitoring during the course of 
the speech the difference between the number of data bits 
transmitted at the long-term average rate and the number 
of data bits generated at the irregular rate determined by 
the speech symbol rate, the symbol sequence and the code 
length assigned to each symbol. The individual delays in 
the transmitter and receiver FIFO buffers necessary to 
avoid data corruption from overflow/underflow as well as the buffer 
capacities are functions of the difference value between 
the maximum and minimum data bits in the buffer store.

The resulting difference between data input to and 
data transmitted from the buffer store varies during a 
speech utterance and may be used to express a time function
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by forming the quotient from the difference value and the 
average transmission rate. The sign of the difference 
indicates either a time lag when there is a surplus of 
data bits awaiting transmission or a time lead when there 
is a deficit of data bits for transmission. An observed 
time lag at any instant may be regarded as the time to 
transmit the accumulated data bits if the generation were 
to be stopped at that instant. A time lead indicating a 
deficit of data bits is removed by the interposition of a 
delay between the start of the data bit buffering and the 
start of the transmission from the buffer to allow data 
bits to be accumulated in readiness for transmission. The 
peak time lead observed to occur during a speech utterance 
therefore specifies the time delay necessary in the trans
mit buffer.

The typical fluctuations in the time function for a 
section of a speech utterance are shown in Figures (5.1) 
and (6.2) for both unemphasised and pre-emphasised speech, 
indicating the peak lead time of 408ms and 312ms respec
tively for the arbitrary start time in those two examples.

The delay necessary in the receiver buffer likewise 
can be found from the time function by interchanging the 
lead and lag labels since now the buffer is supplied at a 
regular rate and emptied at an irregular rate. Taking 
the data bit utilisation rate in the waveform reconstruc
tion process to be equal to the generation rate in coding 
the waveform, then it is a necessary condition that the
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data bits always are available from the receiver buffer 
for processing. A buffer delay of at least the interchan
ged peak lead time fulfils this condition.

The total delay for a transmit-receive system, there
fore, is the time spanned by the peak lead and lag times 
observed for a speech utterance, referred to earlier as 
the time spread.

In the examples shown in Figures (6.1) and (6.2) for 
a fixed-length code, the receiver delay is seen to be 
approximately 800ms and Is respectively, giving a time 
spread of approximately 1.2s and 1.3s for the total delay 
in the transmit-receive buffers. This delay is excessive 
for duplex link (R5).

The apportioning of the total delay between the trans
mitter and the receiver buffers is dependent on the initial 
time arbitrarily taken as the start of coding. For the 
example shown in Figure (6.1) it can be seen that no trans
mitter delay would be necessary if coding were started at 
the time when the peak lead occurred. In this case the 
receiver buffer necessarily provides the total delay.

A buffer capacity at the transmitter and the receiver 
is not apportioned similarly to the delays, since the 
capacity is independent of the start of coding time. The 
capacity is determined only by the largest difference 
between the numbers of generated and transmitted data bits.
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Insufficient buffer storage or delay causes data to 
be irretreivably lost or the insertion of unwanted data, 
resulting in the distortion of the speech. By placing 
limit lines on a time spread graph, e.g. Figures (6.1) and 
(5.2), the duration of the distortion from either cause 
may be estimated. A buffer capacity inadequate to contain 
data generated at a high rate causes the omission of data 
from transmission. Whilst a degree of repetition or omis
sion may be subjectively tolerable, the acceptable duration 
is likely to be less than that for a speech syllable. 
Measurements of the time delays as a function of the repeti
tion or omission distortion are introduced later.

6.3.1 Comparison of Time Delays
The time spreads resulting from the bit framing and 

the twin stream codes with the code lengths assigned to 
the symbols in ranking order of the waveform segment 
lengths associated with the symbols are shown in Table 
(6.1+). The fixed-length 5 bits per symbol assignment is 
included for comparison. Results for both unemphasised 
and pre-emphasised speech are shown.

By using the new variable-length code assignment, a 
reduction of approximately 30% and 2 7% in the time spreads 
for the unemphasised and pre-emphasised speech respectively 
was produced compared with the fixed length code. As a 
consequence the bit rate for this reduction in delay was 
17% and 2% greater than for the fixed length code for the 
two types of speech respectively. With the addition of
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B

Time
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A
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B

Time
compari

A

Spread 
son (%) 

B

5 bits/symbol 
Bit Framing 
Twin bit stream

5.0
5.93
5.82

5.0
5.41
5.09

1235
1034
876

1449
1224
1070

100
83
70

100
84
73

Table (6.4): Variable-length codes assigned with code
length and symbol waveform segment in 
ranking order.
A = Unemphasised speech.
B = Pre-emphasised speech.

allowances for synchronisation and error protection to the 
fixed-length code, as previously discussed, the bit rates 
remained comparable without any appreciable advantage for 
either coding schemes.

A more direct comparison of the coding efficiency for 
reducing the time spread was made with the previous minimum 
bit assignment of Table (6.3). Comparing Tables (6.3) and
(6.4), a time spread reduction of approximately 14% and 
25% for the two variable-length codes was observed for a 
bit rate increase of approximately 9% and 17% respectively for 
unemphasised speech. For pre-emphasised speech, a time 
spread reduction of approximately 14% and 2 3% for a bit 
rate increase of approximately 4% and 12% respectively was 
observed for the two variable-length codes. A balance 
between the time spread and the bit rate in the above
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cases was not expected, since the time spread is primarily 
determined by the short term symbol sequence which is not 
necessarily related to the long term symbol frequency 
occurring within the speech.

Since the minimisation of the time lead and lag for 
an arbitrary symbol sequence was achieved by a symbol code 
length directly proportional to the length of waveform 
segment for each symbol, the departure from this direct 
proportionality by the variable-length codes is next con
sidered. The lengths of waveform segments allowed in the 
symbol coding spanned the ratio 1:64. The Huffman code 
lengths were from 3 bits to 7 bits , the bit framing code 
3.5 bits to 8 bits and the twin stream code 2 bits to 10 
bits. Despite the lack of proportionality between the 
segment lengths and the code lengths, the code spanning 
the widest range and therefore nearest to proportionality 
was observed to produce the smallest time spread.

It can be seen from Figure (6.1) that there is a mis
match between the code and segment lengths for the fixed- 
length 5 bits per symbol code. The upper part indicates 
time lead and the bottom part indicates time lag. The 
rising graph during the first half-second of the speech 
sample was produced by a pause prior to speech utterance, 
a pause being coded by the longest allowable waveform 
segment and therefore the bit generation rate lagging 
behind the transmission rate. The first sentence of the 
utterance has a duration of approximately 4 seconds , during
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which the bit generation rate varied, followed by a pause 
before the second sentence starts at approximately 5.5 
seconds. From Figure (6.1) it is clear that during each 
of the three sentences the bit generation rate was greater 
than the average rate produced overall by the inclusion of 
the intersentences pauses. The largest time spread was 
produced by the second sentence with the spreads arising 
from the succeeding pauses and sentences fitting within 
this spread.

A similar description may be applied to the pre- 
emphasised speech, where Figure (6.2) shows the time lead 
and lag for the fixed-length 5 bits per symbol code. The 
shape is slightly different due to the increased number of 
short epochs corresponding to some parts of the three sen
tences. Unlike the unemphasised speech, the largest time 
spread was produced by the first sentence, but the shape of 
both Figures are similar.

A comparison of the time spreads in Figures (6.3) 
and (6.4) for the variable-length codes assigned to mini
mise the buffer time delay shows the reduced time spread 
resulting from the improved matching of the symbol and 
data bit generation rates. For both unemphasised and 
pre-emphasised speech, the time spread during the senten
ces and the intersentence pauses are smaller than with the 
fixed-length coding. Clearly the simple transmission 
scheme on which the present comparisons are based will 
lead either to large time delays or to serious distortion
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for other speech utterances containing either prolonged 
pauses or the absence of pauses.

6.3.2 Filler-Symbol Injection
A method of avoiding the problem of the low data rate 

in the intersentence pauses is by inserting in the data 
stream null or channel filler-symbols to maintain a uni
form transmission rate (Ml, Tl). A filler-symbol injec
tion scheme caters for low data rates of any length.
Whilst filler-symbols remove the need for a delay in the 
transmission buffer, it follows that the necessary delay 
at the receiver buffer is increased in order to ensure 
that sufficient data is available in the buffer after dis
carding the filler-symbols to allow for the periods of 
high data utilisation in the receiver. This transfer of 
the total delay to the receiver may be illustrated in 
Figure (6.1) by noting that the filler-symbols prevent a 
lead condition arising, for example during the first half- 
second, but a subsequent high rate of data generation, 
shown on the graph by the negative slope and the lagging 
portions, leaves the total time spread as before. The 
graph following a filler-symbol period is displaced in a 
lag direction but unchanged in shape. The previously 
needed transmitter delay is added to the receiver delay 
with the time spread remaining unchanged by the use of 
filler-symbols.

The time delay remains the same when using filler- 
symbol injection technique. A start up delay at the trans-
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mitter buffer does not have to be incorporated and the 
necessary system delay is now provided solely at the 
receiver. Setting the delay at only the receiver buffer 
is advantageous in a practical implementation.

6.4 DELAY AT NON-MINIMUM TRANSMISSION RATE
The reduction in the time spread produced by a uni

form transmission rate set fractionally higher than the 
long-term average data rate arising from the encoded speech 
was investigated to determine the possible reduction. In the 
earlier discussion it has been shown that the addition of 
filler-symbols resulted in a receiver delay predominantly 
determined by the sequence of encoded symbols occurring 
only at a higher than average rate during a speech utter
ance. With a higher uniform transmission rate, a closer 
match is achieved at these rimes to result in a reduced 
delay. The increase in the average data rate after remov
ing the intersentence pauses was 10% to 20% depending on 
the encoding method in use. The time spreads observed 
for the increased transmission rates are shown in Figures
(6.5) and (6.6) for the unemphasised and pre-emphasised 
speech. A summary of the time spreads is shown in Table
( 6 . 5 ) .

Table (6.5) shows that a considerable reduction in the time 
spread was obtained from the increased transmission rates 
for each encoding method. A reduction was expected since 
the variable-length code allocation had previously smoothed 
to a degree the data rate variations. Inspection of the
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Transmission
code

Time spread for 
10% increased 

transmission (ms)

Time spread for 
20% increased 

transmission (ms)
A B A B

518 743 325 357
327 500 205 179
249 375 155 128

5 bits/symbol 
Bit Framing 
Twin bit stream

Table (6.5): Time delays for transmission rates set
higher than long-term average rate.
A = Unemphasised speech.
B = Pre-emphasised speech.

remaining instantaneous variations in the time spread 
shown in Figures (6.5) and (6.6) indicates that the time 
spread is determined by minor portions of the speech 
signal, generally arising from prolonged unvoiced phonemes, 
with the major portions fitting within a smaller time 
spread.

This method of reducing the time delay by setting a 
higher transmission rate reduced the time delay to an 
acceptable value. In the following section an alternative 
method of reducing time delay by permitting small amounts 
of distortion is considered.

6.5 DISTORTION FROM BUFFER LIMITATIONS
Distortion caused by buffer overflow or underflow of 

data arising from the fricative consonants in the speech 
is likely to be less noticeable than in the voiced speech.
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Distortion arising from either insufficient buffer storage 
capacity or insufficient delay in the receiver buffer is 
caused by data either overflowing or unavailable for wave
form reconstruction in periods following a high data rate. 
These high data rates arise from the fricative consonants 
in the speech. As a result of this distortion, the speech 
is not totally obliterated or masked since the result of 
data being lost by overflow is the removal from the recon
structed speech of some waveform segments to shorten that 
section of speech together with the apparent addition of 
noise attributed to the disturbance of the segment sequence. 
The reconstructed waveform retains some of the waveform 
characteristics during the periods of distortion since its 
segments were derived from the original waveform. The 
buffer overflow is regarded as discarding sections of 
speech while buffer underflow forces a repeat of speech 
sections. Since these sections are associated with frica
tives, the effect on the message intelligibility is minimal.

The buffer delay to avoid underflow distortion com
pletely and the distortion for a set buffer delay with the 
time encoded sample utterance have been measured as func
tions of the constant transmission rates. The same speech 
material previously used was retained.

System delays and distortion were measured for differ
ent transmission rates using a 5 bit fixed-length code 
only for both unemphasised and pre-emphasised speech. The 
distortion measured was not a waveform or harmonic distortion
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but a proportion of an utterance duration when the buffer 
limits were reached.

6.5.1 System Description
In the previous section (6.4), the insertion in the 

data stream of null or channel filled symbols to maintain 
a uniform transmission rate during the low data rate 
periods have been discussed. The system is described in 
more detail as an aid to explanation of the conditions 
giving rise to underflow distortion.

The system contained a transmitter buffer supplied 
with symbols from the encoder at a varying rate determined 
by the speech waveform, the symbols being removed from the 
buffer at the constant transmission-rate to the data 
channel provided that they were available on demand.
When data was unavailable for transmission because of the 
low encoding rate, the data channel was occupied by a 
filler symbol to be discarded at the receiver prior to 
the receiver buffer. The system delay was incorporated as 
the time between the start of symbol input to and symbol 
output from the receiver buffer for waveform reconstruc
tion. No redundancy reduction scheme for the higher symbol' 
rate periods was included in the system.

The minimum system delay to avoid underflow distortion 
in a system having the decoder-rate delayed but otherwise 
equal to the encoder-rate was determined from a measurement 
of the number of symbols found to be stored in the trans-
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mitter buffer during speech utterances. The minimum delay 
condition is established by the following argument, pre
sented as an alternative to the previously stated condi
tions (Tl) .

No system delay is necessary for waveform sections 
producing transmission symbols at a rate less than the 
long-term average rate since the encoding and decoding 
rates are equal. Buffering and delay may be interposed 
for other reasons.

After a transition to a waveform section giving an 
encoding rate higher than the channel rate, the effective 
transmission rate becomes equal to the channel rate. 
Sufficient symbols must have been accumulated in the 
receiver buffer prior to the transition, by having a sys
tem delay, for no underflow to occur subsequently during 
the period of a higher decoding-rate. The number of data 
bits accumulated at a time t following the transition is 
given by the difference between the symbols entered at 
the transmission rate R bits per second for time (T+t),
T being the system delay, and the symbols removed for 
decoding at rate s(t) bits per second,

t
n(t) = R-(T+t) - j s(t)-dt (6.1)

o
Thus underflow is avoided by the condition,

t
T » (1/R) j (s(t)-R)-dt (6.2)
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Defining n as the peak number of symbols found to 
occur in the transmitter buffer,

n =
r t
j  { (s(t)-R)*dt} 

^o

( 6 . 3 )

peak
the minimum system delay to avoid distortion is,

T ^ in  = f i / R  ( 6 . 4 )

The above analysis shows the minimum system delay to 
be determined from the high encoding rates occurring 
during an utterance. An insufficient delay in the 
receiver buffer results in data underflow and consequent 
distortion. Figure (6.7) shows a diagramatic representa
tion for buffer delay and the peak number of data bits 
where the number of data bits against time is shown for 
the buffer delay sufficiency condition.

The proportion of an utterance containing distortion, 
because of the sufficiency condition not being met, was 
evaluated from the measurements of the buffer occupancy 
throughout the utterance.

6.5.2 Interrelationships between Delay, Distortion 
and Transmission Rate

Examples of the buffer occupancy during continuous 
speech consisting of either the first or second sentence 
of the speech utterances discussed earlier, are shown in 
Figures (6.12) and (6.13) for unemphasised and pre-empha
sised speech respectively. The system delay to ensure
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distortionless transmission and the proportion of a sent
ence containing underflow distortion for set values of 
delay were determined from the buffer occupancy graphs to 
give the results for unemphasised speech shown in Figures 
(6.8) and (6.9) and for the pre-emphasised speech shown in 
Figures (6.10) and (6.11).

For both types , it can be seen that the proportion of 
distortion is increased as the system delay is reduced in 
an approximately inverse ratio. As similarly expected, 
the distortion is reduced as the transmission rate is inc
reased .

Results obtained for unemphasised speech are shown in 
Figures (6.8) and (6.9), the delay necessary to avoid dis
tortion varied between 3 30ms and 390ms with the transmis
sion rate set to 1600 epochs/s.

The alternative procedure of setting the delay at 
200ms for the 1600 epochs/s rate resulted in approximately 
3% and 6% distortion, the distortion becoming negligible 
for this delay as the transmission rate was increased to 
approximately 2500 epochs/s for both sentences.

A comparison with previously reported results (Tl) 
and the subsequent extrapolation (Ml) shows there is 
general agreement on the compromise between delay and 
transmission rate necessary for distortionless transmission 
The results shown in Figures (6.8) and (6.9) indicate the 
considerable reduction in the transmission rate from
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allowing a small amount of distortion. A reduction in the 
rate from 2000 epochs/s to 1600 epochs/s introduced less 
than 6% distortion for sentence (a) and 2% distortion for 
sentence (b) for a 200ms system delay.

Comparisons of results at equal epoch rates between 
unemphasised and pre-emphasised were not possible because 
the segmentation rates in the waveforms were inherently 
different. However a similar analysis of the distortion 
delay balance is summarised in the following paragraphs.

The delay necessary to avoid distortion varied between 
800ms and 3 50ms with the transmission rate set to 2000 
epochs/s. In order to consider the same setting of time 
delay of 200ms mentioned earlier, resulted in approximately 
6% and 1% distortion for the transmission rate set to 2400 
epochs/s. An increase of the transmission rate to 2800 
epochs/s was needed to remove distortion for both sentences

A reduction in the rate from 2800 epochs/s to 2400 
epochs/s introduced about 6% distortion for sentence (a) 
and 2% distortion for sentence (b) for a 200ms system 
delay. The results show general agreement on the trends 
for the unemphasised and pre-emphasised speech with the 
pre-emphasised figures being set at a higher data rate.

The results from a reconstructed number of utterances 
showed that distortion occurring during the high epoch 
rates in the speech, generally the fricatives, did not 
cause serious impairment. It would seem to be a useful
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technique for reducing the delay by allowing a small dis
tortion to occur.

6.6 CONCLUSIONS
Measurements of the buffer delays and capacities for 

transmitting time encoded segments at a regular rate have 
been presented for unemphasised and pre-emphasised continu
ous speech sections. With a linear 5 bits/symbol code, a 
time delay of the order of 1.2s was produced, this delay 
being excessive for duplex speech link. In order to reduce
the time delay, four approaches were investigated for both
unemphasised and pre-emphasised speech signals:

(i) Using variable-length codes.
(ii) Using Filler-symbol injection.

(iii) Transmission rate set above the minimum 
rate (10% and 20%).

(iv) By allowing buffer overflow distortion 
to occur.

The Huffman optimal coding produced a saving of appro
ximately 10% in the bit rate compared with a fixed-length 
code, both of these codes requiring synchronisation and 
error protection overheads for use as transmission codes. 
Variable-length self-synchronising codes allocated for the 
minimisation of the buffer delay have shown a reduction of 
approximately 30% for the unemphasised speech and 27% for 
the pre-emphasised speech, the reduction being achieved 
with the penalty of a small increase in the bit rate com
pared with a fixed-length code. The reduction in the
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buffer delay has been seen to be the more significant app
lication of variable-length codes, with elaboration to a 
simple coding process being necessary for handling general 
speech inputs.

The filler-symbol injection technique was found to be 
a useful method of avoiding the problem of the low data 
rate in the intersentence pauses. The time delay remained 
the same when using filler-symbol injection and the total 
delay was transferred to the receiver making it a receiver 
problem. In a practical implementation this eases the prob
lems of establishing the buffer delay.

The delay arising in the transmission of the sample 
utterances was reduced to a level acceptable for duplex 
speech communication by employing variable-length transmis
sion encoding and a transmission rate between 10% and 20% 
higher than the minimum rate. Time delays of 2 49ms and 
155ms for 10% and 20% increased transmission rate respec
tively were obtained with the unemphasised speech. The 
corresponding figures for the time delay with the pre- 
emphasised speech were 375ms and 128ms respectively.

It was found that the transmission rate and the sys
tem delay necessary for time encoding were strongly influ
enced by the distortion permitted in the decoded speech 
arising from the buffer management. For unemphasised 
speech with a 200ms delay, the rate was reduced by appro
ximately a third with data underflow distortion introduced
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for approximately 5% of the speech. A smaller reduction 
was produced in the rate for the pre-emphasised speech 
for the same amount of distortion. The degree of distor
tion permitted forms a major factor in minimising either 
the delay or the transmission rate for the time encoding 
process.

Results for the time delay and transmission rate can 
be further improved by making use of redundancy removal 
techniques such as run-length coding for effective removal 
of the large variations that can occur in the high epoch 
rates arising in the fricatives of the speech.
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CHAPTER SEVEN 

PERFORMANCE ASSESSMENT

7.1 INTRODUCTION
The difficulty of carrying out a complete assessment 

of signal quality is well known. The conversation-opin
ion method of assessment used by the British Post Office 
provides the most general basis for telephony performance 
planning (R4). It requires elaborate laboratory facili
ties, is very costly and is said to still lack complete 
precision unless conducted on a large scale. Scores 
obtained from this method depend to an appreciable extent 
on the conditioning and adaptation of the subjects to the 
system under test.

The present chapter is devoted to an assessment of the 
performance of the various waveform reconstruction strate
gies presented earlier in this thesis. The approaches 
reported in the literature to performance assessment falls 
into either subjective or objective measures. The subjec
tive assessment is measured from listeners’ opinion scor
ing, and the objective assessment is usually based on 
spectral comparisons.

The major part of this chapter is concerned with 
subjective assessment of the speech signal, this assess
ment being supported by a limited number of objective 
measures. The objective measures require great experi
ence to interpret from the point of view of the quality 
of the speech.

- 108 -



Quality assessments reported in the literature fall 
into two parts :

(i) Articulation and intelligibility testing.
An example is the conversation-opinion 
method used by the British Post Office 
(R4); the data required for this assess
ment procedure have to be obtained by 
laboratory tests using subjects; such 
tests are reported to be time consuming 
because of the large amount of material 
required and lacking precision, unless 
conducted on a large scale. Another 
example is the American standard method for 
the measurement of monosyllabic word 
intelligibility (A3), this test employ
ing phonetically balanced monosyllabic 
word lists: such tests are also time
consuming because of the size of these 
lists.

(ii) Quality or preference evaluation.
An example is the IEEE Recommended 
Practice (II) for speech quality measure
ment based on lists of phonetically 
balanced sentences. The evaluation of 
the test is accomplished by means of 
Mean Opinion Scores, using five categories 
to rate the quality of the stimulus
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(unsatisfactory, poor, fair, good and 
excellent). Alternatively 1 to 9 
grading levels were used by Goodman et al 

(G2), 1 for the worst condition, 9 for _ 
the best one, and intermediate numbers 
for intermediate quality. The test 
involved 22 listeners, four talkers, two 
male and two female, reading different 
lists from 40 phonetically balanced 
sentences.

These tests were not applicable in our case because 
of the very extensive non-real time processing required 
and the large number of listeners required for the tests.

A diagnostic rhyme test (DRT) for comparison purpo
ses, rather than for an absolute measure of intelligibility, 
was developed by Voiers (V3). The test provides a rapid 
and convenient assessment of intelligibility, and its 
validity has been checked out extensively in the develop
ment of the test.

A reduced version of the DRT was reported by Wong and 
Markel (Wl) to economise on the effort for conducting the 
test. The reduced version was chosen to compare the vari
ous reconstruction strategies discussed earlier in this 
thesis. This form of DRT was conducted conveniently using 
the available audio equipment together with the facilities 
of a language laboratory. A panel of listeners was formed
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from postgraduate students, some of whom had been involved 
in listening to processed speech and others with no exper
ience in such a field, but none of them had any familiarity 
with the DRT procedures.

7.2 THE DIAGNOSTIC RHYME TEST DESCRIPTION
The DRT (V3) is a two-choice test of consonant dis- 

criminability yielding a gross measure of speech intelli
gibility and additional scores relating to specific aspects 
of the performance of the speaker, listener, or system 
under test. A panel of listeners was required to make 
closed choices from selected rhyme word pairs to single 
word stimuli. Using single word stimuli removes possible 
apperceptual cues.

The listener's task was then to indicate which member 
of the pair of words has been spoken. A correct choice 
indicates that the listener has, in effect, discriminated 
the state of one of six perceptual attributes of English 
consonant phonemes.

These attributes are:
Sustention
Sibilation
Graveness
Compactness
Nasility
Voicing.

An incorrect choice indicates that the listener has
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failed to discriminate the source state of one of the six 
attributes. By selecting word pairs that differ phonemi- 
cally only in the initial consonants by one of the above 
six attributes (i.e., minimal word pairs), evaluation is 
made along six feature dimension, therefore allowing diag
nostic interpretations, in addition to providing a unidi
mensional figure of merit. A specific feature of the DRT 
procedure is the minimal effect from listener experience.

7.3 COMPARISON TESTS
Four various reconstruction strategies were compared 

against sampled speech (PCM) using the reduced diagnostic 
rhyme test. The tests, labelled Test 1, Test 2, Test 3, 
Test 4 and Test 5, are described as follows.

Test 1: Sampled original speech (PCM). This is
included as the reference, a high DRT 
score being expected in order to show 
the correct operation of the procedure.

Test 2: The speech signal reconstructed from a
code containing the following epoch data:
(i) Epoch duration.

(ii) Epoch symmetry and asymmetry
(skewness), as shape information.

(iii) Peak amplitudes for every epoch.

Tests 3, The speech signal reconstructed from 
4, 5 codes containing data on epoch duration,

epoch shape and amplitude employing a
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difference scheme of coarse quantisation 
of 1 bit of amplitude information for 
every epoch. The shape features for tests 
3, 4 and 5 are described respectively as 
follows :

Epoch symmetry and asymmetry (skewness).
Number of extrema within an epoch.
Excluding any shape information.

Information regarding the types of reconstructions 
and epoch amplitude data are explained in Chapter 4.

7.4 DRT IMPLEMENTATION
In the time scale available, one male talker was used 

whilst the number of listeners was increased to sixteen 
since the DRT scores are much more sensitive to number of 
listeners than they are to talker differences (Wl). The 
same sixteen listeners were used for one session covering 
all five tests.

The full list of 45 word pairs in the reduced size 
DRT developed by Wong and Markel (Wl) was used, the list 
being shown in Table (7.1).

7.4.1 Recording
The word pairs list was recorded in a room lined with 

acoustic tiles and shielded from external noise, resulting 
in background noise at a low level. A Sony omnidirectional 
microphone type ECM170 was used together with a Sony 
cassette recorder type TC158CD with the noise reduction

- 113 -



facility included. The speech recorded on the audio tape 
was then sampled with a 10 bits (9 bits + sign) A/D con
verter at 20kHz and stored on computer disk. An 8th order, 
Butterworth band-pass filter set to (300-3400Hz) was placed 
between the cassette recorder and the A/D converter.

The individual words were isolated into separate 
files with care being taken to include the initial and 
final low-level signal components in each individual word 
file.

7.4.2 Processing Operations
Files for the individual words were processed to 

derive the following time encoded parameters:

Epoch duration.
Number of extrema within each epoch.
Epoch peak amplitude.
Data regarding symmetry and asymmetry (skewness)
of each epoch.

Further processing involved the removal of unwanted 
low-level epochs by introducing a small threshold result
ing in a small reduction in the number of epochs. Epoch 
amplitude information was further reduced to 1 bit per 
epoch by using a difference scheme of coarse quantisation.

Printed lists of the word pairs in different sequences 
were prepared. Each list had the word pairs occurring ran
domly twice in the list , the spoken word being either the
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first or second of the pair.

The sampled data (PCM) file and the reconstructed 
word files were processed through the D/A converter in 
the same sequence as that of the random list and were 
recorded on test tapes, ensuring that the recommended 
spacing of approximately 1 second (Wl) was maintained. A 
reduced specimen of the scoring sheet is shown in Figure 
(7.1).

7.4.3 Test Session
The test was carried out in a Tanberg Language Labora

tory type IS6-B. Listening was performed through Amplivox 
(Astrolite) headphones, by sixteen listeners while seated 
in a double-walled sound booth and were given instructions 
on the form of presentation and their response to the test 
prior to the test.

An introductory run covering only 31 PCM word pairs 
was used at first for the purpose of familiarising the 
listeners and to establish that there were no technical 
problems or enquiries.

All five tests were then conducted consecutively, 
each taking about 6 minutes with a pause between every 
group of words in one column of the scoring sheet, and a 
longer pause between each test.

7.4.4 Scoring Procedure
The correct and incorrect responses were accumulated
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according to the six groups representing the phonemic 
attributes of the speech. To obtain the DRT score, the 
difference between the correct and incorrect responses 
were taken. The range of scores extended from negative to 
positive values with zero score represented 50% correct 
response. The score is given by the following formula:

D = ^  X 100% (7.1)

where D is percent correct discrimination, R is the number 
of correct responses, W is the number of incorrect respon
ses, and T is the total number of responses.

7.5 DRT RESULTS AND OBSERVATIONS
Results for the six phonemic features and the overall

DRT scores are shown in Tables (7.2-7.8), the averaged 
score values are presented graphically, in Figures (7.2) 
and (7.3), by plotting the percentage of correct discrimi
nation against the five test conditions averaged over 16 
listeners. The tables show the variability between list
eners expressed as the standard deviation shown at the 
foot of each table. The overall DRT scores show signifi
cant variation between the various test conditions.

The overall DRT score for the test conditions, shown
graphically in Figure (7.2), had quite clear differences 
between the scores for the various reconstructions, 
averaging 82% and 91.5% for PCM. The scores for the 
various reconstructions were very similar with that for 
the half sinewave reconstruction being slightly less than
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the others.

On examining the scores for each individual spectral 
feature, we can see:

(i) Nasility: The scores of the six phonemic
features shown in Figure (7.4) indicated
that the nasility feature was the best 
perceived feature, giving a very high 
score and showing little variation from 
the PCM score. Nasility was insignificantly 
affected by the reconstruction strategies 
(Tests 2-5) and with PCM a perfect score 
was obtained.

(ii) Sustention: Scores were low for tests 3,
4 and 5 as compared to that for test 2 
which gave a score only slightly less than 
that for PCM. This indicates that susten
tion score was improved by the larger 
amount of data conveying the amplitude 
information. The lowest score was that of 
test 4 which scored approximately 15% 
lower than that for PCM. Results have 
therefore demonstrated that the sustention 
score can be improved by about 9% from an 
increase of amplitude information from 1 
bit to 9 bits.

(iii) Compactness: The compactness score showed
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little variation amongst tests 2, 3 and 5.
A reduction of approximately 30% below the 
score for PCM was noted for test 5, which 
gave a large variation amongst the 16 listen
ers’ scores having a standard deviation of 
17 (Table 7.5). However, apart from test 5 
the other tests gave scores of approximately 
10% less than that for PCM.

(iv) Voicing; The scores for processed speech
tests showed in all cases lower scores than 
that for PCM.

(v) Sibilation: The Sibilation scores were low
for most tests including PCM, the lowest 
being test 3 whose score was 34% lower than 
that for PCM.

(vi) Graveness: The Graveness scores were the
lowest of all the six features. The wide 
gap between PCM and test 5 arose in distin
guishing the pairs of words falling within 
the graveness group, even for PCM the DRT 
score of 60.9% was low. From examination 
of the scores for individual listeners.
Table (7.8), large variations amongst listen
ers was noted for both the PCM and the various 
reconstructions.

From the above observations, the following conclusions
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about the various reconstruction strategies are drawn:

(i) The overall DRT score for the various test
conditions 5 shown graphically in Figure (7.2), 
has clear differences between the scores 
for the various reconstructions and PCM.

(ii) In view of the closeness of the DRT score
means for the different reconstructions, 
further statistical tests on this data are 
unlikely to show any significant differences 
between the individual processes. The number 
of listeners used is well above the number 
recommended for the Diagnostic Rhyme Test. 
However, the acceptability of the reconstruc
ted speech can be marked in the following 
order :

(a) Reconstruction strategies including 
epoch shape information were found 
to have the most acceptable speech 
quality.

(b) A comparison between the various 
reconstructions showed no statistical 
significant increase in the DRT score 
due to the increase of epoch amplitude 
information.

(iii) When the epoch amplitude information was
increased as in test 2, the DRT scores for
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most features were improved except voicing 
which showed a drop of approximately 30% 
below that for PCM.

(iv) No one listener showed extraordinary score
on any of the tests and therefore the listen
ers can be regarded as all having normal 
hearing.

7.5 SPECTRAL DENSITY MEASUREMENTS
Short-time spectral density measures are important for 

objective quality measurements. They are widely accepted 
in vocoders work since vocoders depend on the replication 
of the spectral features that were extracted from the 
speech signal.

Without background experience there is a difficulty 
in the interpretation of the spectral density plots in 
terms of the consequent speech intelligibility. However, 
some obvious features from the spectral density plots may 
be compared.

Three sampled speech sections were chosen as illustra
tive examples of the spectral contents arising from dis
tinct shape features in the segments between successive 
zero-crossings. Time blocks of 25.6ms duration were chosen 
for the comparison. Blocks of this duration have also been 
used in making comparisons in vocoder performance (F4).

Spectral density plots were obtained using a digital 
fast Fourier transform (DFFT) software package
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(using raised cosine window) for the following conditions:

(i) Unprocessed speech (PCM).

(ii) Reconstruction strategy employing epoch 
skewness as shape information.

(iii) Reconstruction strategy employing number 
of extrema within an epoch as shape 
information.

(iv) Reconstruction strategy employing single 
half sinewave shape.

All four conditions retained information on amplitude 
for the individual peak amplitude during an epoch.

The spectral density plots for each speech section, 
shown in Figures (7.4.1 to 7.6.4), were compared with each 
other and with the unprocessed speech sections. In most 
plots the first spectral maxima, which may be regarded as 
the first formant, showed variations in the peak values 
and the corresponding frequency of the peaks. The inten
sity and frequency of the higher formants differed depend
ing on the type of reconstruction, some reconstructions 
preserving the spectral features better than the others. 
The following observations from the comparisons are made:

(i) First speech section. Figures (7.4.1-7.4.4 ) ; 
for PCM three prominent peaks appear in the 
spectral envelope at approximate frequencies
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of 550Hz, 1650Hz and 1800Hz. Only the 
first spectral peak and its frequency 
were preserved by the three reconstructions. 
The skewness and extrema reconstructions 
produced slight reduction in the second 
peak and removed the third, but introduced 
a new peak in the trough between the first 
two peaks of amplitude 15dB below the first. 
The half sinewave reconstruction greatly 
reduced second and third peaks without 
introducing other spectral peaks.

(ii) Second speech section, Figures (7.5.1-7.5.4)^ 
only slight variations in the peak values 
and frequencies can be observed for the 
three reconstructions against that for PCM 
except for regions 30dB below the first 
spectral peak where PCM spectral envelope 
shows prominences in the region 2000 to 
3000Hz.

(iii) Third speech section. Figures (7.6.1-7.6.4); 
for PCM four prominent peaks appear in the 
spectral envelope at approximate frequencies 
of 300Hz, 550Hz, 800Hz and 1400Hz. Only the 
first spectral peak and its frequency were 
preserved by the three reconstructions. The 
skewness and extrema reconstructions have 
shown there to be noticeable effect, on the
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amplitudes of the third and fourth peak.
The skewness reconstruction produced a 
reduction in the fourth peak by about 8dB 
with the introduction of a small peak 30dB 
below the first in the trough between third 
and fourth peaks. The extrema reconstruc
tion enlarged the third peak by about lOdB 
and reduced the fourth peak by about 12dB 
causing a large change in the trough between 
third and fourth peaks. The half sinewave 
reconstruction failed to preserve the spec
tral components apart from the first spectral 
peak.

From the above observations, it was shown that the 
half sinewave reconstruction was inefficient in preserving 
the spectral components in the limited set of speech spec
tral density plots, while skewness and extrema reconstruc
tions showed small variations, but preserving the main 
spectral features of the unprocessed sections of the speech

The sections of the speech chosen for the above com
parisons were typical because they included epochs con
taining multiple extrema, these epochs form 5% of the total 
number of epochs in speech as shown in early part of this 
thesis.

In the case of skewness, which is very coarse discri
mination of the peak position within an epoch, a greater 
number of the epochs, ranging between 30% and 50% of the
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total number of epochs, had been shown in the earlier part 
of the thesis to exhibit this feature.

The variations observed from the spectral density plots 
in terms of the spectral components' amplitude variations or 
displacement may be inspected from the viewpoint of the 
critical bands of auditory perception (T2). Two effects are 
known, firstly, the loudness of a band of noise remains 
constant as the bandwidth increases up to the critical band 
beyond which the loudness increases; secondly, the threshold 
of the noise drops precipitously when the separation between 
two frequency components reaches the critical band. The 
width of the critical band is known to become wider when 
the duration of the stimulus is less than 100ms.

Suppression of some of the spectral peaks was observed, 
for example, in the half sinewave reconstruction. Figure 
(7.6.4); from the viewpoint of the critical band auditory 
theory the strong spectral components no longer mask the low 
level spectral components. Since the low level spectral com
ponents may be thought of as arising from the distortions 
introduced by the reconstruction process, their increased 
loudness through suppression of some of the formants may 
account for the observed noisiness in the reproduced speech. 
It has been reported that even the diminished spectral com
ponents were more readily apparent when their harmonic 
components were separated by at least one critical band.

In connection with the differential discrimination of
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the formant amplitudes and changes in the formant frequencies 
using synthetic vowel sounds, it was reported by Flanagan (F3) 
that changes of approximately 1.5dB in the amplitude of the 
first formant and a 3% to 5% change in a formant frequency 
were just discriminable. It is observed on the spectral 
density plots that these just discriminable changes were 
exceeded with some of the reconstruction strategies.

The subjective assessment tests indicated only small 
differences between the various reconstruction strategies.
In comparison with the unprocessed speech, the differences 
between PCM and the various reconstructions were not quanti
fiable from the spectral density plots comparison in contrast 
with the DRT scores having shown approximately 10% difference 
between PCM and the various reconstructions. That it was 
not possible to present a large quantity of spectral density 
plots in the amount of time available for this investigation, 
added to that the difficulties in interpretation of those plots

7.7 CONCLUSIONS
Subjective assessment using a reduced version of the 

Diagnostic Rhyme Test (DRT) has shown only small differen
ces between various reconstruction strategies, the DRT 
scores ranging between 81.5% and 83% were obtained in con
trast to the score of 91.5% for the unprocessed speech (PCM). 
The performance achieved with time encoding has shown ade
quate quality in transmitting the physical correlates of 
the perceptual attributes nasality  ̂ sustention, aompaotness
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and voicing whilst a significantly deficient performance 
was shown in the case of sibilation and graveness attributes

Complementary to the DRT, a spectral density measure 
of performance for three speech sections was presented to 
compare the various reconstruction strategies. Results 
from the spectral density plots agreed with those found 
from subjective assessment in that only small differences 
were detected between the various reconstruction strategies.

- 125(a) -



CHAPTER E IG H T  

CONCLUSIONS AND RECOMMENDATION FOR FUTURE WORK

8.1 DISCUSSION OF THE LOW DATA RATE TIME ENCODING SYSTEM
The aim at the outset of the investigation was to 

study the factors governing the data rates, the speech 
intelligibility and the buffer delay for communication by 
a coding process based on waveform segmentation at zero- 
crossings. The effects of pre-emphasising the speech sig
nal was also investigated.

The first part of the investigation was approached 
by examining the first probability distributions of zero- 
crossing intervals and the peak magnitudes during the 
intervals in speech waveforms and in noise waveforms.
Short epochs predominated in both waveforms with the dis
tribution decreasing monotically for the noise waveform, 
whereas that for the speech waveform showed a secondary 
peak for longer epochs. From the examination of the factors 
affecting data rates it was found that the application of 
a zero-crossing and an extrema difference thresholding to 
discriminate against minor waveform fluctuations exerted a 
considerable influence on the data rate required for 
transmission. A zero-crossing threshold set -36dB below 
the peak amplitude in the speech waveform for the different 
speakers gave epoch rate ranging from 704 to 1103 epochs/s, 
with approximately 5% of the epochs containing three or 
more extrema.

The redundancy in the average information conveyed by
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the epoch duration data in the coded speech was investiga
ted from conditional probability measurements to indicate 
that a significant reduction was possible from coding pro
cedures taking account of the epoch sequence. A reduction 
of approximately a quarter in the data was found possible 
in the investigation of the various speech samples by con
sidering the joint information from only successive epoch 
pairs.

Signal pre-emphasis was found to produce a higher 
intelligibility, but at the same time increased the data 
rate. A considerable reduction in the data rate similar to 
the above case was obtained as a result of zero-crossing 
and extrema difference threshold applied to the speech wave
form. The pre-emphasised speech was found to tolerate a 
higher threshold level than that for the unemphasised speech 
before any appreciable disturbance was caused to the speech 
signal. For the threshold level set -36dB below the peak 
amplitude in the speech waveform for the same speakers 
used with the unemphasised speech investigation the epoch 
rates produced a reduction ranging between 47% and 61% with 
approximately 6.7% of the epochs containing three or more 
extrema.

The first probability distributions of the zero-crossing 
intervals and the peak amplitudes during the intervals were 
found to be similar to those for the unemphasised speech.
The distribution of the zero-crossing intervals produced 
double maxima with a higher peak for the short epochs due to 
the signal pre-emphasis which increased
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the number of short epochs derived from the unvoiced 
speech. When considering the joint information for 
successive epochs for pre-emphasised speech, a reduction 
of approximately 2 8% was found possible from redundancy 
measurements of epochs data.

Measurements of the buffer delays and capacities for 
transmitting time encoded speech at a regular rate showed 
that a time delay of the order of 1.2s was produced using 
a linear 5 bits/symbol code. This delay was regarded as 
being excessive for a duplex speech link.

The following four approaches to reduce the time delay 
were investigated for the unemphasised and pre-emphasised 
speech signal:

(i) Using variable-length codes.
(ii) Using filler-symbol injection.

(iii) Transmission rate set above the minimum 
rate (10% and 20%).

(iv) By allowing buffer overflow distortion 
to occur.

The Huffman optimal coding produced a saving of 
approximately 10% in the bit rate compared with a fixed- 
length code, both of these codes requiring synchronisation 
and error protection overheads for use as transmission 
codes. Variable-length self-synchronising codes alloca
ted for the minimisation of the buffer delay have shown 
a reduction of approximately 30% for the unemphasised
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speech and 2 7% for the pre-emphasised speech, the reduction 
being achieved with the penalty of a small increase in the 
bit rate compared with the fixed-length code.

The filler-symbol injection technique was found to be 
a useful method of avoiding the problem of the low data 
rate in the intersentence pauses. The time delay remained 
the same when using filler-symbol injection and the delay 
requirement from the transmitter and receiver buffers was 
transferred to the receiver buffer. In a practical imple
mentation this eases problems of establishing the buffer 
delay.

The delay arising in the transmission of the sample 
utterances was reduced to a level acceptable for duplex 
speech communication by employing variable-length transmis
sion encoding and a transmission rate between 10% and 20% 
higher than the minimum rate. Time delays of 249ms and 
155ms for 10% and 20% increased transmission rate respec
tively were obtained with the unemphasised speech. The 
corresponding figures of the time delay for the pre- 
emphasised speech were 375ms and 128ms respectively.

It was found that the transmission rate and the system 
delay necessary for time encoding were strongly influenced 
by the distortion permitted in the decoded speech arising 
from buffer management. For unemphasised speech with a 
200ms delay, the rate was reduced by approximately a third 
with data underflow distortion introduced for approximately 
5% of the speech. A smaller reduction was produced in the
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rate for the pre-emphasised speech for the same amount of 
distortion. The degree of distortion permitted forms a 
major factor in minimising either the delay or the trans
mission rate for the time encoding process.

Results for time delay and transmission rate can be 
further improved by making use of redundancy removal tech
niques such as run-length coding for effective removal of 
the large variations that can occur in the high epoch 
rates arising in the fricatives of speech.

The assessment of the speech quality included a sub
jective measure using a reduced version of the Diagnostic 
Rhyme Test (DRT) and a spectral density plot as an objec
tive assessment.

The assessment was carried out to show the relative 
importance of allocating data to code the segment duration, 
the amplitude and shape features such as segment asymmetry 
and number of extrema. The results obtained from the DRT 
showed only small differences existed between various 
reconstruction strategies covering the segment amplitude 
and shape features. A DRT score ranging between 81.5% and 
8 3% was obtained for the various reconstructions against 
a score of 91.5% for sampled speech (PCM). The performance 
achieved with time encoding had shown adequate quality in 
transmitting the physical correlates of the perceptual 
attributes, nasility^ sustention^ com pactness and voicing 

whilst a significantly deficient performance was shown in 
the case of sibilation and graveness attributes.
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Complementary to the DRT, a spectral density measure 
of performance for three speech sections was presented to 
compare the various reconstruction strategies. Results 
from the spectral density plots agreed with those found 
from subjective assessment in that only small differences 
were detected between the various reconstruction strate
gies. In comparison with the unprocessed speech, differ
ence between PCM and the various reconstructions was not 
quantifiable from the spectral density plots comparison in 
contrast with the DRT scores having shown approximately 
10% difference between PCM and the various reconstructions.

The investigation carried out on time encoding has 
shown that this process of speech waveform coding to follow 
a simple processing algorithm and to give adequate results 
for low data rate transmission.

8.2 RECOMMENDATION FOR FUTURE WORK
The following areas of development are suggested for 

improvement of the time encoding systems :

(i) The work was concentrated on stylised 
shapes between zero-crossings of the 
speech waveform as a method of describing 
the zeros of the speech waveform based 
on the zero-based signal theory. A 
different approach to the stylised shapes 
between zero-crossings is to consider a 
larger segment of speech containing 
several zero-crossing intervals and to
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build the coding and reconstruction 
strategies on the zero information 
within this larger segment. In this 
way the zero-based signal theory is 
better represented because the effects 
of the zeros in adjacent epochs are 
taken into consideration rather than 
the present method which deals with the 
speech waveform between two successive 
zero-crossings.

(ii) Some form of pitch detection can be 
included in the encoding process by 
comparing epoch durations over a certain 
section of speech waveform. This method 
of coding can be used for other encoding 
systems requiring pitch 'detections.

(iii) A real time system implementation is
necessary for the investigation of buffer 
delay and distortion for a wide range of 
speakers and speech processing conditions 
since it is possible to set the different 
variables while the system is working 
showing immediate reactions to these 
variables.

(iv) An alternative method for pre-processing 
the speech signal by integration or de-
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emphasis would be expected to reduce the epoch 
rate. However, such pre-processing results in 
increasing the dynamic range and the complexity 
of the epoch shape as a result of real zeros to 
complex zeros conversion. Extensions of methods 
of coding the shape information are needed to 
take advantage of the lower epoch rate and be 
adequate for the wider dynamic range.

(v) Although the intelligibility results have shown
that the Diagnostic Rhyme Test (DRT) is an
effective tool for comparing and diagnosing 
different time encoding strategies with respect 
to the intelligibility, an opinion rating of 
the quality of the processed speech is needed 
in order to present a more complete meausre of 
the quality attained by the encoding process.

(vi) Since it is commonly accepted that a replication
of the spectral density achieves a satisfactory 
reproduction of the speech, it is suggested 
that the reconstruction strategies are assessed 
by the faithfulness of this replication. 
Facilities necessary for showing the spectral 
density are therefore important for the exten
sion of this work.

8.3 CONCLUSION
An off-line study of factors governing the data rate, 

the speech intelligibility and the buffer delay for
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communication has been made for a coding process based on 
waveform segmentation at zero-crossings. The application 
of zero-crossing and extrema difference thresholding to 
discriminate against waveform fluctuations was found to exert 
a considerable influence on the data rate required for 
transmission. For the threshold level set -36dB below the 
peak amplitude in the speech signal for different speakers 
produced epoch rates ranging from 704 to 1103 epochs/s 
with approximately 5% of the epochs containing three or 
more extrema. Signal pre-emphasis and dynamic range were 
found to be the major factor influencing the segmentation 
rate and hence predominantly to determine the average data 
rate. The variation in segmentation rate during an utter
ance was found to be the determining factor in establishing 
the buffer capacity and delay. Measurements of buffer 
delays and capacities for transmitting time encoded speech 
at a regular rate showed that by introducing a data under
flow distortion for approximately 5% of the speech, a time 
delay of 200ms was produced in addition to a transmission 
rate reduction of approximately a third. The use of 
variable length codes has been shown to produce signifi
cant reduction in the data rate.

The assessment of the speech quality using various 
reconstruction strategies covering a number of segment 
amplitude and shape features showed that only small differ
ences existed between the various reconstructions. The 
subjective assessment using a Diagnostic Rhyme Test (DRT)
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showed a DRT score ranging between 81.5% and 83% for the 
various reconstructions against a score of 91.5% for 
sampled speech (PCM).

The investigation has shown that intelligible and 
acceptable reconstruction of speech has been achieved 
from the coding of segment duration and shape features.
The delay and buffering aspects influencing the implementa
tion of practicable communication system were taken into 
account and seen to be resolvable without undue complexity
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A PP EN D IX  A 

ALGORITHMS FOR CODING AND RECONSTRUCTION PROGRAMMES

A.l CODING PROGRAMME
The coding programme was used for the general inves

tigation of time encoding. Data on many aspects of time 
encoding was obtained from the programme for the explora
tory phase, therefore it is not presented as being suitable 
for implementing a time encoded transmission link. For 
each epoch between successive zero-crossings, the coding 
programme provides the following information:

(i) Epoch duration.
(ii) Two forms of epoch shape information:

(a) Number of extrema within the epoch.
(b) Epoch asymmetry (skewness).

(iii) Epoch peak amplitude.

Only one epoch shape parameter was used for the recon
struction, but by including both forms of epoch shape, 
statistical information can be obtained from the code file 
containing both parameters. The programme works on a 
sampled speech file (PCM) and the output data file con
tained the code parameters.

For convenience, the algorithm is split into two 
parts, firstly, the main programme, and secondly the coding 
subroutine. The flow charts for both are shown in Figures 
(A.l, A.2 and A.3).
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A.1.1 Algorithm for Main Programme
(1) Check before starting the programme that the 

speech data file is on disk and there is enough 
space on disk for output file.

(2) Open speech input file and the code output 
file. Set initial conditions.

(3) Compare the sign of two adjacent samples.

(4) If sign of two samples is the same call a new
sample and compare its sign with its predeces
sor and repeat step (3); else:

(5) Start the coding subroutine.

(6) Store the epoch parameters produced by the 
coding subroutine on the code file.

(7) If there are more samples on the speech file 
which have not been read go to step (5); else:

(8) Close output code file.

(9) Stop.

A.1.2 Algorithm for Coding Subroutine
(1)(2) Start and set the initial conditions.

Fluctuation error = 1.
Direction (towards an extremum) = 0.

(3)(4)(5) Compare two adjacent samples of speech file 
and look for change of sign, also store
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largest amplitude (M) and its position.

(5) If product of two samples is other than zero,
go to step (15) for negative product or to 
step (8) for positive product; else:

(7) If direction of climb is away from an extremum 
(i.e. Direction > 0) go to step (15); else:

(8) Obtain the difference between the two samples (A)

(9) If difference greater than fluctuation error 
go to step (12), or less than the fluctuation 
error go to step (3); else:

(10) Check whether this A = fluctuation error 
persists (i.e. steadily rising curve).

(11) If curve rising steadily, go to step (12) 
otherwise go to step (3).

(12)(13) Check sign of the difference (A) against the
direction of the curve to decide whether there 
is a maxima or a minima and set the new direc
tion accordingly (see Figure A.3).

(14) Increase number of extrema by 1 and calculate 
the number of dips from the integer division
of the number of extrema by 2 and go to step (3).

(15) Determine the skewness parameter from the 
position of the stored peak amplitude within 
the epoch, and then store all parameters.
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(15) Return.

A.2 RECONSTRUCTION PROGRAMME
The reconstruction programme for the different recon

struction strategies are very similar in using stored 
look-up tables corresponding to the required stylised 
shape.

Two data files are needed on the computer disk in 
order to run this programme, these are:

(i) Data file containing the look-up tables 
corresponding to the stylised shape.

(ii) Data file containing the code parameters
for conversion into synthetic speech file.

The algorithm for the reconstruction programme is 
shown in the following steps corresponding to the flow 
chart shown in Figure (A.4):

(1) Before starting the programme check that 
the data files corresponding to the look-up 
tables and the code parameters, are on the 
disk and there is enough space on the disk 
for the output file.

(2) Read data from look-up tables.

(3) Open speech output file and the input code 
file.
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(4) From the code file read one set of epoch 
parameters :

(i) Epoch duration (L).
(ii) Epoch shape parameter (either number of

extrema or skewness parameter).
(iii) Epoch peak amplitude (M).

(5) If L > 32 (i.e. duration > 1.6ms), go to
step (9) ; else :

(6) If M k 0, go to step (9); else:

(7) Scale the stylised shape to correspond to 
epoch parameters.

(8) Output L scaled samples corresponding to the 
nearest increment, and go to step (10).

(9) Output L samples of zero amplitude.

(10) Are there more epoch parameters to be read?, 
go to step (4); else:

(11) Close speech output file.

(12) Stop.
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EPOCH
XO. 05

NO OF
EPOCHS

NUMBER OF EPOCHS WITH CORRESPONDING
NUMBER OF EXTREMA

( M':: ) M=0 1 3 5 7 9 1 1 =>13
1 1. 918. 0. 0. 0. 0 0 0.
2 1642. 371 4 0. 0 0. 0. 0. 0.
3 91 2. 5239. 0. 0. 0 0 0 <:».
4 757. 361 4. 0 0. 0. 0 0. 0.
5 347. 1581. 4. 0. 0. 0 0 0.
6 281. 875. 30. 0 0 0. 0 0.
7 175. 535. 70 0. 0 0. 0.
8 128. 418. 48. 0. 0 0. 0 0.
9 1 1 3 341. 69 1. 0. 0. 0 0.

10 73. 356. 54 2. 0. 0. 0 0.
1 1 62. 303. 51. 3 0 0 0 0
12 313. 48. 2. 0 0 0 0
13 28 334. 55 8. 0. 0 0 0
14 30. 314. 48. 17. 0. 0. 0 0
15 20. 320 40 6. 3 0 0 0
16 16. 288. 58 6. 1 0 0 0
17 3. 277. 45 8. 2. 0 0 0.
IS 6. 284 60. 13. 2. 0 0 0.19 5. 291. 68. 18. 3 1. 0 0
20 3 260. 60. 18. 0 0. 0 0.
21 2. 238. 50 15. 0 1 0 0
22 202. 53. 14. 5 0. 0 023 0 165. 45. 13 2 1 0 024 0 175. 36. 1 1 3. 0 0 0.25 1. 176 54 16. 2 1 0. 0.26 0 181 61 29. 2. 0. 0 0.27 0 175. 42. 15. 6 0 1 0.
28 1. 205. 44 18 3 1 1 029 0. 173 67 13 7 2. 0 030 0. 183. 55. 16 8. 2 0. 0.
31 0 177. 52. 16. 6 0 0 0
32 0. 184. 59. 16. 3. 2. 3. 0
33 0. 172. 38 17. 5 3. 0. 1.34 0 172. 31. 14. 4. 2. 0. 135 0. 145. 30. 9. 2. 1. 0. 0.36 0 108. 23. 8. 4. 0. 0. 0.37 0. 83. 26. 11. 0. 1. 0. 0.38 0. 62. 23. 4 1. 0. 1. 0.39 0. 44. 24. 2. 2 0 0 0.40 0. 37. 14. 8. 0. 0. 0. 0.>40 0. 172. 134. 25. 6. 0. 1. 0.

TOTAL 4641. 23804. 1774 392. 82. 18. 7. 2.

PROPORTION 15. 1 
( % )

77. 5 5. 8 1. 3 0. 3 0 0 0. 0 0.

EPOCHS NUMBER = 30720 SPEECH TIME = 14 08 S EPOCH RATE = 2181 EPOCI

Table (4.1): Distribution of epochs containing multiple
extrema for bandlimited speech.

speech JR
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NUMBER OF EPOCHS WITH CORRESPONDING
EPOCH NO OF NUMBER OF EXTREMA
XO. 05 
(MS)

EPOCHS
M=0 1 3 5 7 9 1 1 =>13

1 0. 2926. 0 0 0 0 0 0
1397 3221. 0 0. 0 0. 0. 0.

.3 975. 4723. 0. 0 0. (.■) 0. 0.
4 653. 4200. 0. 0. 0. 0 0. 0.
5 1 13 2301. 1. 0. 0. 0 0 0.
6 74 1633. 6. 0 0 0. 0. 0
7 39. 1062. 29 0. 0. 0. 0 0
8 14. 856. 1 11. 0 0 0. 0. 0
9 30. 904. 0. 0 0 0. 0.
10 5. 676. 180. 0. 0. 0. 0. 0
1 1 2. 523. 163. 0. 0. 0. 0. 0.
12 1. 4:31. 158. 2. 0 0 0. 0
13 1. 300. 106. 5 0. 0. 0. (.■>
14 0. 326. 86 9 0. 0. 0. 0
15 0 226. 1 15. 13. 0. 0. 0. 0
16 0. 136. 139. 18. 0 0 0. (■)
17 2. 221. 168. 35. 0. 0. 0. 0.
IS 0 1 73. 205. 32. 2 0 0. 0.
19 0. 151. 169 61 10 0. 0. 0
20 0. 143 20'-' 87. 1 1. 0 0 0
21 0. 137 215. '85. 19. 0. 0. 0.
22 0 144. 240. 94 20 0 0. 0.
23 0. 140. 206. 79. 14 0. 0 0
24 0. 136. 143 58 16. 1. 0 0
25 0 137 1 70. 16. 3. 0. 0.
26 0. 1 29. 157 57 18. 10. 0. 0.
27 0. 204 1 30 64 18. 5 0 0.
23 0 1 46. 107. 65. 12. 3. 0 0.
29 0. 100. 100 46. 21. 4. 0. 0.
30 0. 140 0 4 43 14 5 0. 0.
31 0. 106. 62. 46 1 5 9. 0. 0.32 0. 89 54 33 15 3 2. 0.
33 0. 83. 7.3. 33. 19. 5. 2. 0.34 0 53. 40 31. 14. 1. 3 0.
35 0. 50. 20. 9. 3. 0. 1.
36 0. 25. 32. 23. 5. 2. 0. 0.
37 0. 14. 21. 24 4. 3. 1. 0.
33 0. 17 47 19. 4. 3. 1. 0.39 0. 6. 23. 24. 6. 2. 0. 0.
40 0. 9. 23. 6. 3. 0 1. 0.

>40 0. 41. 1 90. 251. 157 52. 25. 32.
TOTAL 3316. 27153. 4165. 1421. 442. 114 35. 33

PROPORTION 10. 3 73. 0 11.2 3 8 1. 2 0. 3 0. 0 0.
( % 

EPOCHS
)
NUMBER = 37134 SPEECH TIME = 17 92 5 EPOCH RATE = 2075 EPOCI

Table (4.2): Distribution of epochs containing multiple
extrema for bandlimited speech.
speech CE
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NUMBER OF EPOCHS WITH CORRESPONDING
EPOCH 
XO 05

NO. OF 
EPOCHS

NUMBER OF EXTREMA
(MS) M=0 1 3 5 7 1 1 =>13

1 1. 3413. 0. 0. 0. 0. 0. 0.
2 2460. 2506. 0. 0. 0. 0. 0. 0.
3 1523. 2790. 0. 0. 0. 0. 0. 0.
4 957. 3264 0. 0. 0 0 0. 0.
5 263. 1533. 0. 0 0. 0. 0. 0.
6 179. 935. 3. 0 0. 0. 0. 0.
7 104. 597. 17. 0 0. 0. 0. 0
S 64. 393. 43. 0. 0. 0 0. 0
9 63. 449. 47 0 0 0. 0. 0.
10 17. 273. 53. Ü. 0 0. 0. 0
1 1 12. 236. 56 1. 0 0 0. 0.
12 7. 355. 43. 3. 0. 0 0 0.
13 3. 1 97. 57. 3. 0. 0 0 0
14 3. 247 53. 6. 0 0. 0. 0
15 3. 240. 52. 7. 0. . 0 0 0.
16 0 166. 62. 6. 1. 0. 0. 0.
17 3. 263. 62. 6. 0 0 0 0
IS 0. 202. 74 4. 0. 0 0 0.
19 0. 139. 47. 7. 2. 0 0 0
20 1. 233. 73 16. 1. 0. 0. 0.
21 0. 191. 90. 3. 2. 0 0 0
22 0. 237. 72. 10. 4, 0 0. 0.
23 0. 261. 95. 12. 1. 0. 0 024 0 217 90 7. 1. 0 0. 0.
25 0. 302. 96. 6. 0. 1 0. 0
26 0. 272. 109 23 0 0 0. 027 0 223. 92. 32. 1 1. 0 0.
23 0 273. 113. 34 2. 0 0. 0
29 0. 206. 39. 23. 2. 0. 0. 030 0. 156. 91. 15. 2. 0. 0. 0.31 0 177 36. 21. 0 0 1. 0.
32 0 146. 63. 17 0 1. 0. 0.33 0. 154 76. 23. 6 0. 034 0. 103. 62. 25. 2. 0. 0.
35 0. 64 43 25. 6. 1. 0.36 0. 46. 90. 25. 8. 0. 0. 0.
37 0. 31 42. 22. 3. 0. 0. 0.38 0. 32. 14. 7. 3. 1. 0. 0.39 0. 25. 37. 20. 2. 1. 0. 0.40 0. 11. 20. 11. 4. 0. 0. 0.

>40 0. 31. 146. 116. 40. 8. 5. 0.
TOTAL 5673. 21759. 2373 546. 93. 14. 6. 0.

PROPORTION 13. 6 
( % )

71. 4 7. 8 1. 3 0. 3 0. 0 0. 0 0.

EPOCHS NUMBER = 30464 SPEECH TIME = 14. 03 3 EPOCH RATE = 2163 EPOCH

Table (4.3): Distribution of epochs containing multiple
extrema for bandlimited speech.
speech : JD
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EPOCH
XO. 05

NO. OF 
EPOCHS

NUMBER OF EPOCHS WITH CORRESPONDING
NUMBER OF EXTREMA

(MS) M=0 1 3 5 7 9 1 1 =>13

1 0 2517. 0 0 0. 0. 0 0.
2 2229. 0 0. 0 0 0. 0.
3 1067. 2073. 0. 0 0. 0. 0 0
4 491. 2326. 0. 0 0. 0. 0. 0.
5 137. 1555. 0. 0. 0 0. 0. 0.
6 34. 1469 9. 0 0. 0. 0. 0.
7 37. 1114. 43. 0 0 0 0 0
3 20. 734. 41. 0. 0 0 0. 0
9 14 91 3. 32. 0. 0 0. 0 0.
10 3. 615. 56. 1. 0 0. 0 <:>
1 1 1. 522. 49 0 0 0 0 0
12 3. 75. 6 0. 0 0. 0
13 1. 453. 77. 1 0 0 0. 0
14 0. 391. 0. 0. 0. 0.
15 0. 390 36. 5. 0 0 0. 0.
16 0 103. 1 O 0. 0 0
17 0. 404 127. 13 1. 0. 0 0
13 0. 357. 95 10 0 0. 0 0
19 0. 355. 37. 3 0 0 0 0
20 0. 366. 112. 14 1 0. 0 0
21 0. 305. 31 13. 0 0 0 0
22 0. 323. 70 13 2. 2. (•) 0.
23 0. 379. 36. 14 3 1 0. 0.
24 0 351. 32. 17. 1 0. 0 0
25 0 . 267 53 1 1 4 0 0. 0
26 0 209. 67. 5. 0. 0. 0. 0.
27 1. 1 30. 50 14 4 0. 0. 0
23 0. 133. 59 1 1 1 0 1. 029 0. 36 53. 10 2. 1. 0 0
30 0 43 54. I 1 1. 1 0 0
31 0. 50 56 10 0 0 0 0
32 0. 32. 40 10 2. 0. 0 0
33 0. 26. 34 13. 2. 0. 0 0.
34 0. 13. 37 12 . 1. 0. 0 0.
35 0, 3. 25 5. 1. 0 0 0.
36 0. S. 20. 9 1 0. 0 0.
37 0. 3. 13 10 . 0 1 0 0.
33 0. 5. 12. 6. 0. 0. 0 0.
39 0. 5 10 . 3 0 0. 0. 0.
40 0. 2. 3. 3 1. 0 0 0.

>40 0. 7. 35. 23. 16 . 2. 0. 0.
TOTAL 4033. 22270. 2035 290. 44 3. 1. 0.

PROPORTION 14. 
( % )

77. 5 7 1 1 . 0 0. 2 0. 0 0. 0 0. 0

EPOCHS NUMBER = 28736 SPEECH TIME = 12. 30 S EPOCH RATE = 2245 EPOCHS/S

Table (4.4): Distribution of epochs containing multiple
extrema for bandlimited speech.

speech FWl

- 151 -



NUMBER 1:F EPOCHS WT TH CORRESPONDINO
EPOCH NO. OF NUMBER OF EXTREMA
XO 05 EPOCHS
(MS) M=0 1 3 5 7 9 1 1 =>13

1 0. 3407 0. 0. 0 0 0 0
2 2251. 1906. 0. 0. 0. 0 0. 0.
3 1619. 1 458. 0 0. 0. 0. 0. 0
4 1208. 1533. 0. 0. 0 0 0. 0
5 989 0. 0. 0. 0. 0. 0
6 205. 969. 0 0. 0 0. 0. 0.
7 97. 696. 13 0. 0 0. 0. (:).
8 54 444 21. 0 0. 0 0. 09 90 633. 27. 0. 0 0 0 0
10 10. 470. 0 0 0. 0. 0.
1 1 15. 497. 42. 0 0. 0. 0. 0
12 10. 498. 44 0 0 0 0. 0.
13 3. 336. 55. 0 0. 0 0. 0
14 5 472. 0 0 0. 0
15 0. 348. 80. 3. 0. 0. 0. 0.
16 1. 316. 92. 1. 0 0. 0 0.
17 2. 372. 116. 5 0. 0. 0. 0.
18 0. 249. 151 5. 0. 0. 0 0
19 0. 343. 159. 19. 0 0. 0 0.
20 0. 231 159. 35. 1 0 0. 0
21 0. 282. 169. 32. 0 0 0 0.
22 0. 306. 200. 41. 0 0 0 0.
23 0. 250 140 52. 0 0 0. 0.
24 0. 281 96. 39. 0. 0. 0. 0.
25 0 248 139 46. 1 0 0. 0
26 0. 223. 33. 5. 1 0. 0.
27 0. 289. 1 1.3 26. 15 0. 0 0.
28 0 196. 94 33. 5. 0 0. 0.
29 0. 178. 101 35. 8 (.') 0 0.
3n 0 191. 129 30. 12. 2. 0 0.
31 0. 96. 84 25. 3. 0. 0 0
32 0. 144 82. 16. 11. 0. 0 0.
33 0. 1 20. 96. 25. 2. 0. 0 0.34 0. 81. 73. 24 3 1. 0 0.
35 0 99. 1 10 17. 3. 0. 0. 0.
36 0 43. 56. 21. 1. 2. 0 0.
37 0. 48. 44 15. 2. 0. 0. 0.
38 0 31. 63. 25. 4 0 0 0.
39 0. 30. 40. 20. 6 0. 0. 0
40 0 38. 53. 17 8. 0. 0. 0.

>40 0. 136. 356. 344. 133. 44 15. 9.
TOTAL 5809. 19527. 3391. 987. 228. 50. 15. 9.

PROPORTION 19. 4 
( % )

65. 1 11.3 3. 3 0. 8 0. 1 0. 0 0.

EPOCHS NUMBER = 30016 SPEECH TIME = 17 92 S EPOCH RATE = 1675 EPOCT

Table (4.5): Distribution of epochs containing multiple 
extrema for bandlimited speech.
speech ; JSRU conversation
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EPOCH
NUMBER OF EPOCHS CONTAINING SKEWNESS

XO. 05 LEFT CENTRAL RIGHT
( MS ) REGION REGION REGION TOTAL

1 582. 0. 0. 582.
2 133. 0. 1315. 1493.
3 5. 972. 1203. 2180.4 0. 1409. 754. 2163.5 51. 819. 360. 1730.
6 42. 939. 501. 1532.7 23. 951. 318. 1292.
3 92. 501. 397. 990.9 54. 533. 257. 84410 33. 513. 208. 75411 79. 345. 224. 647.12 67. 334. 193. 644.13 55. 373. 171. 59914 33. 233. 173. 54415 66. 250. 152. 468.16 52. 237. 125. 464.17 59. 237. 173. 51913 49. 295. 107. 451.19 42. 333. 85. 460.20 45. 264. 95. 404.21 31. 298. 62. 39122 19. 345. 53 422.23 29. 343, 42. 414.24 17. 312. 45. 374.25 14. 260. 32. 306.26 11. 21 1. 29. 25127 7 176. 33. 216.23 6. 114. 31 151.29 15. 66. 24. 105.30 11 62. 13. 36.31 12. 47. 16. 7532 9. 24. 26. 5933 8. 23 12. 43.34 13. 13. 10. 41.35 5. 10 6. 21.36 3. 7. 4. 19.37 1. 3. 4. S.33 3 2. 3. 3.39 0. 2. 1. 3.40 2. 0. 4. 6.>40 21. 5. 8. 34.

t o t a l 1903. 12116. 7774. 21793.

PROPORTION ( % ) :5. 7 55 6 35 7 100 0
EPOCHS NO = 27904 SPEECH TIME = 12. 30 S EPOCH RATE = 2130 EPOCHS/: 

NUMBER OF EPOCHS HAVING ZERO AMPLITUDE = 6106

Table (4,6): Distribution of speech containing skewness
for bandlimited speech.
speech : FW2
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NUMBER OF EPOCHS CONTAINING SKEWNESS
EPOCH 
XO. 05 
(MS)

LEFT
REGION

CENTRAL
REGION

RIGHT
REGION TOTAL

1 3407. 0. 0. 3407.
2 226. 0. 1680. 1906.
3 29. 676. 753. 1453.
4 42. 946. 54.5. 1533.
5 72. 523. 394 989.
6 10. 698. 261. 969.
7 15. 513. 181. 709.
8 50. 268. 147. 465.9 60. 441. 159 660.
10 15. 336. 92. 493.
11 67. 296. 176. 539.
12 53. 351. 133. 542.
13 33. 296. 62. 391.14 90. 300. 173. 563.
15 47. 277. 107 431.
16 47. 231. 31. 40917 85. 247. 161. 493.
18 57. 230. 118. 405.
19 77. 309 135. 521.20 79. 254. 143. 476.21 66. 298. 119. 483.22 66. 323. 158 547.23 50. 292. 100 442.24 36. 295. 35 416.25 31. 304 99 434.
26 30. 257, 58. 34527 30. 302. 111. 443.28 25. 245. 53. 328.29 33. 218. 71. 322.30 27. 216. 121. 36431 28. 138 47. 21332 31. 141. 81. 25333 29 142. 72. 243.34 27. 113. 42. 182.35 20. 91. 1 18 22936 11. 71 41. 123.37 9. 54. 46. 109.38 13. 47. 63. 123.39 14 39. 43 96.40 15. 48. 53. 116.>40 1 16. 258. 663. 1037.
TOTAL 5273. 11 134. 7750 24207.

iRTION ( % ) 21. 8 46. 2 32. 0 100. 0
= 30016 3PEECH TIME = 17 92 S EPOCH RATE = 1675 EPOCHS/8
NUMBER OF EPOCHS HAVING ZERO AMPLITUDE = 5809

Table (4.7): Distribution of epochs containing skewness
for bandlimited speech.
speech : JSRU conversation
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EPOCH
XO. 05

NUMBER OF EPOCHS CONTAINING
PEAK AMPLITUDE IN 3 dB RANGES WITH RESPECT TO FULL SCALE

{MS) -36 -33 -30 -27 -24 -21 -18 -15 -12 -9 -6 -3 0 dB

1 915. 2. 2. 0. 0. 0. 0. 0. 0. 0. 0. 0. 0.
2 4632. 310. 251. 118. 36. 9. 0. 0. 0. 0. 0. 0. 0.
3 3521. 607. 719. 494. 331. 210. 152. 76. 34. 7. 0. 0. 0.
4 2440. 232. 297. 267. 267. 274. 264. 183. 110. 25. 7. 0. 0.
5 1272. 109. 133. 92. 108. 73. 71. 45. 16. 10. 3. 0. 0.
6 361. 66. 80. 53. 48. 35. 14. 13. 10. 2. 4. 0. 0.7 574. 51. 43. 30. 29 21. 7. 12. 2. 4. 5. 2. 0.
3 433. 37. 31. 23. 20. 16. 5. 2. 1. 3. 3. 5. 0.9 380. 27. 29. 17. 21. 20. 14. 7. 5. 2. 1. 1. 0.10 317. 31. 35. 19. 20. 22. 7. 8. 9. 7. 6. 1. 3.
1 1 265. 24. 21. 14. 17. 11. 10. 19. 6. 3. 5. 8. 16.
12 206. 17. 32. 26. 11. 9. 17. 10. 15. 10 . 16. 12. 14.13 169. 27. 21. 24. 26. 20. 20. 9. 12. 13. 25. 35. 24.14 160. 20. 29. 22. 14. 14. 19. 16. 12. 20 21. 21. 41.
15 143. 9. 16. 11. 15. 16. 12. 14. 19. 25 21. 30. 53.16 136. 17. 21. 10 . 3. 15. 18. 20 21. 27. 28. 21. 27.17 126. 9. 7. 19. 11. 7. 16. 11. 21. 29. 23. 21. 35.13 105. 20. 1 1. 4. 11. 8 . 11 . 23. 37. 23. 39 25. 48.19 126. 13. 15. 14. 11. 6. 8. 23. 34. 26 47. 34. 29.20 105. 3. 8. 8. 6. 15. 11. 21. 33. 27. 31. 38. 30.21 97. 11. 12 . 9 7. 13. 13. 15. 31. 18. 29. 27. 24.22 101. 4. 15. 6. 6. 12 . 19. 20. 20. 24. 18. 17. 15.23 78. 7. 7. 5. 6. 5. 15. 12. 21. 30. 21. 13. 6.24 37. 5. 9 8. 5. 11 . 12 . 17. 23. 26. 11 . 7. 4.25 88. 8 . 7 6. 10. 13. 22. 16. 31. 25. 10. 8. 6.26 36. 11. 13. 5. 8. 12 . 14. 31. 36. 27. 17. 11 . 2.27 74. 1. 9. 9. 6. 4. 22. 35. 36. 22. 12 . 8. 1.23 33 9. 5 8. 15. 10 . 24 24. 43. 31. 13. 3. 0.29 77. 9. 10 . 8. 4. 5. 26. 33. 35. 26. 13. 16. 0.30 32. 5. 10 . 8. 14. 14. 28. 21. 30 13. 8. 13. 13.31 68. 5. 4 3. 12. 13. 21. 36. 37 17, 15. 9 1 1 .32 32. 5. 10 . 10 . 3. 19. 29 31 36. 12 . 15. 10 . 0.33 62. 5. 10 . 10. 13. 21. 28. 37. 23. 1. 5. 18. 3.34 61. 6. 7 8. 11 . 32. 33. 31. 13. 8. 3. 5 1.35 56 1. 6. 10 . 14. 27. 32. 25. 10. 3. 1. 2. 0.36 43. 3. 4. 11 . 13. 25. 20. 12. 3. 2. 0 1 1.37 58. 3. 3. 11. 5. 16. 11. 9. 3. 0. 0. 1. 1.33 49. 2. 7. 5. 2. 10 . 13. 7. 0. 0. 0. 1. 0.39 46. 0. 3. 6. 3. 4. 7 1. 0. 1. 1 0. 0.40 44 0. 2. 2. 3. 3. 2. 3. 0. 0. 0. 0. 0.>40 275 4. 8 . 5. 14. 19. 6. 5. 1. 0. 1. 0. 0.TOTAL

13593. 1962. 1139. 1073. 329. 478. 408.1740. 1423. 1089. 938. 554. 434.

EPOCHS NUMBER = 30720 SPEECH TIME = 14. 08 S EPOCH RATE = 2181 EPOCHS/S

Table (4.8) : Distribution of epochs containing peak
amplitudes in amplitude ranges for the epoch
durations.
speech : JR
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NUMBER OF EPOCHS CONTAINING
EPOCH PEAK AMPLITUDE IN 3 dB RANGES WITH RESPECT TO FULL SCALE
XO. 05 
(MS) -36 -33 -30 -27 -24 -21 -13 -15 -12 -9 -6 -3 0 dB

1 2892. 15. 6. 8. 4. 1. 0. 0. 0. 0. 0. 0. 0.
2 4566. 208. 169 93. 41. 25. 13. 3. 0. 0. 0. 0. 0.3 3337. 530. 677 519. 307. 163. 90. 58. 19. 3. 0. 0. 0.4 2577. 333. 479 449. 331. 252. 191. 102. 53. 25. 13. 3. 0.5 1130. 174. 235. 210. 188. 137. 116. 98. 43. 41. 33. 15. 0.6 966. 95. 135. 114. 33. 30. 64. 68. 77. 47. 17. 16. 1.7 574. 53. 67. 73. 48. 56. 56. 59. 51. 52. 27. 12. 2.3 387. 71. 74. 66. 48. 58. 73. 62. 50. 37. 30. 21. 4.9 495. 57. 72. 63. 45. 40. 39. 53. 66. 63. 38. 35. 6.10 334. 45. 40. 51. 33. 30. 49. 59 49. 55 44. 40. 27.11 193. 34. 47 29. 27. 30. 48. 45. 51. 52. 48. 47. 42.12 196. 22. 23 29. 29. 36. 30. 23. 39. 49. 57. 27. 27.13 109 26. 19. 17. 12. 22. 18. 32. 50. 48. 25. 19. 15.14 122. 14. 23. 24. 19. 19. 25. 33. 38. 41. 21. 19 23.15 83. 10. 20. 26. 23. 23. 22. 28. 38. 34. 17. 22. S.16 59. 9. 16. 25. 24. 20 24. 29. 40. 35. 35. 19 3.17 117. 11. 14. 22. 21. 26. 41. 41. 41. 33. 21. 18. 20.13 39. 12. 15. 13. 20. 24. 44. 55. 43. 35. 24. 14. 19.19 71. 12. 21. 21. 24. 26. 32. 48. 39. 34. 26. 29. 8.20 79. 9. 21. 21. 20. 31. 37. 60. 40. 46. 39. 28. 24.21 65. 10. 14. 29 30. 31. 45. 53. 57. 43. 30. 38. 11.22 96. 7. 13. 36. 29 36. 31. 49. 62. 42. 49. 27. 21.23 78. 8. 12. 26. 21. 41. 42. 54. 50. 37. 33. 30. 7.24 42. 7. 9 24. 22. 34. 39. 37. 57. 32. 20. 21. 10.25 94. 8. 13. 19 17. 25. 42. 41. 42. 35. 17. 27. 4.26 77. 7. 10 13. 27 33. 29. 36. 39. 23. 36. 20. 1 1.27 73. 12. 16. 30. 24 39. 39. 46. 37. 40. 37. 16. 12.23 69. 9. 15. 26. 14. 40. 29. 29 35. 25. 24. 10. S.29 57 4. 10 16. 15. 29. 26. 19. 42. 27. 15. 9. 2.30 92. 10. 8. 12. 16. 31. 16. 23. 33. 20 16. 12. 2.31 54. 8. 11. 11. 14. 30. 25. 25. 22. 13. 12. 12. 1.32 41 8. 9. 7. 15. 28. 25. 22. 19. 8. 4. 7. 3.33 73. 10. 12. 13. 20. 21. 14. 20. 15. 7. 6. 3. 1.34 56. 9. 6. 6. 11. 8. 20. 9. 11. 5. 1. 0. 0.35 77. 6. 6. 6. 7. 7. 16. 6. 4. 1. 2. 0. 0.36 46. 4. 4. 5. 4. 4. 5. 4 6. 1. 1. 3. 0.37 35. 5. 3. 4. 2. 5. 2. 8. 3. 0. 0. 0. 038 63. 3. 1. 3. 5. 4. 5. 3. 3. 0. 0. 1. 0.39 41. 2. 1 2. 1. 2. 4. 6. 1. 0. 1. 0. 040 25. 1. 2. 0. 0. 2. 6. 4 2. 0 0. 0. 0.>40 673. 6. 9 12. 6. 10. 13. 8. 4. 2. 0. 0. 0.TOTAL
20303. 2357. 1702. 1435. 1331. 819. 327.1384. 2133. 1559. 1463. 1096. 620.

EPOCHS NUMBER = 37184 SPEECH TIME = 17. 92 S EPOCH RATE = 2075 EPOCHS/S

Table (4.9): Distribution of epochs containing peak
amplitudes in amplitude ranges for the epoch
durations.

speech : CE
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EPOCH
XO. 05

NUMBER OF EPOCHS CONTAININGPEAK AMPLITUDE IN 3 dB RANGES WITH RESPECT TO FULL SCALE
(MS) -36 -33 -30 -27 -24 -21 -13 -15 -12 -9 -6 -3 0 dB

1 3414. 0. 0. 0. 0. 0. 0. 0. 0. 0. 0. 0. 0.
2 4945. 12. 6. 1. 2. 0. 0. 0. 0. 0. 0. 0. 0.
3 3816. 233. 129. 73. 53. 14. 0. 0. 0. 0. 0. 0. 0.
4 2926. 311. 365. 264. 197. 108. 36. 13. 1. 0. 0. 0. 0.
5 1164. 155. 139. 140. 105. 60. 28. 5. 2. 3. 0. 0. 0.
6 394. 62. 84. 47. 22. 14. 20. 4. 11. 3. 1. 0. 0.
7 543. 40. 38. 17. 13. 6. 14. 15. 16. 14. 2. 0. 0.
3 333. 43. 23. 15. 16. 10. 11. 19. 9. 10. 1. 0. 0.
9 415. 44. 37 19. 12. 10. 9. 4. 3. 4. 2. 0. 0.
10 232. 34. 25. 15. 13. 10. 12. 3. 2. 1. 1. 0. 0.
11 210. 36. 16. 12. 19. 13. 9. 10. 11. 5. 8. 6. 0.
12 260. 26. 21. 7. 12. 6. 9. 14. 14. 7. 11. 20. 1.
13 123. 15. 17. 9. 12. 15. 9. 10. 15. 11. 11. 9 4.14 175. 22. 14. 10. 8. 10. 17. 12. 5. 1 1. 12. 11. 2.15 139. 16. 17. 15. 6. 11. 15. 14. 15. 5. 13. 15. 21.16 94. 16. 3. 3. 13. 12. 16. 20. 11. 15. 12. 10. 5.17 182. 11. 5. 15. 15. 20. 17. 25. 9 9. 9. 15. 2.13 103. 8. 5. 10. 13. 15. 19. 20. 23. 13. 15. 24. 7.19 71. 6. 6. 7. 7. 14. 29. 22. 19. 17. 24. 17. 6.20 151. 9. 7. 7. 6. 17. 29 23. 23. 15. 24. 11. 2.21 84. 6. 12. 5. 16. 17. 21. 28. 23. 22. 30. 19. 8.22 115. 12. 9. 8. 17. 10. 17. 32. 25. 13. 34. 20. 6.23 121. 10. 10. 5. 9. 16. 27. 24. 24. 44. 47. 25. 7.24 73. 5. 3. 10. 13. 3. 20. 31. 27. 51. 44. 20. 5.25 141 13. 10. 6. 4. 7. 24. 31. 43. 56. 56. 12. 2.26 37. 10 6. 14. 16. 20. 14 37 52. 65. 69. 19. 0.27 72. 5. 9. 13. 11. 13. 22. 20. 64. 66. 47 12. 0.23 107. 14. 15. 10. 15. 9. 22. 43. 83. 69 31. 4. 0.29 75. 7. 9. 9. 5. 19. 19. 61. 58. 49. 9. 0. 0.30 76. 6. 3. 13. 10. 20. 23. 43. 39. 25. 1. 0 0.31 88. 3. 11. 12. 21. 18 23. 32. 69. 8. 0. 0. 0.32 39. 2. 3. 7. 17. 19 23. 56 46. 6. 4. 0. 0.33 71. 6. 12. 12. 19 10. 32. 64. 25. 7. 1. 0. 0.34 60. 4. 12. 10. 12. 20. 24. 43. 9 1 2. 0. 0.35 44 4. 8. 11. 9. 18. 29. 7. 5. 4. 0. 0. 0.36 90. 3. 4. 6. 9 17. 13. 7. 9. 1. 0. 0. 0.37 44 7. 3. 11. 4. 9. 5. 2. 8. 5. 0. 0. 0.38 25. 2. 4 3. 2. 3. 3 4. 10. 1. 0. 0. 0.39 51. 5. 5. 4. 1. 3. 3. 7. 6. 0. 0 0. 0.40 20 3. 3. 2. 5. 4. 2. 7. 0. 0 0 0. 0.>40 261. 
TOTAL

21939.
5.

1236.

8.
1136.

6.

868.

10.
769.

22.

647.

11.
636.

12.

829.

10/
334.

1.

652.

0.
521.

0.

269.

0.
73.

EPOCHS NUMBER = 30464 SPEECH TIME = 14.08 S EPOCH RATE = 2163 EPOCHS/S

Table (4.10): Distribution of epochs containing peak
amplitudes in amplitude ranges for the epoch
durations.

speecn JD
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NUMBER OF EPOCHS CONTAINING
EPOCH 
XO 05

PEAK AMPLITUDE IN 3 dB RANGES WITH RESPECT TO FULL SCALE
(MS) -36 -33 -30 -27 -24 -21 -13 -15 -12 -9 —6 -3 0 dB
1 151. 2. 2. 0. 0. 0. 0. 0. 0. 0. 0. 0. 0.
2 453. 310. 251. 113. 36. 9. 0. 0. 0. 0. 0. 0. 0.
3 164. 607. 719. 494. 331. 210. 152. 76. 34. 7. 0. 0. 0.
4 121. 232. 297. 267. 267 274. 264. 183. 110. 25. 7. 0. 0.
5 108. 109. 133. 92. 108. 73. 71. 45. 16. 10. 3. 0. 0.
6 92. 66. 80. 53. 43. 35. 14. 13. 10. 2. 4. 0. 0.
7 64. 51. 43. 30. 29 21. 7. 12. 2. 4. 5. 2. 0.
3 57. 37. 31. 28. 20. 16. 5. 2. 1. 3. 3. 5. 0.
9 56. 27. 29. 17. 21. 20. 14. 7. 5. 2. 1. 1. 0.
10 33. 31. 35. 19 20. 22. 7 8. 9 7. 6. 1. 3.
11 52. 24. 21. 14. 17. 11. 10. 19 6. 3. 5. 8. 16.
12 35. 17. 32. 26. 11. 9. 17. 10. 15. 10. 16. 12. 14.
13 27. 27. 21. 24. 26. 20. 20. 9. 12. 13. 25. 35. 24.14 34. 20. 29. 22. 14. 14. 19. 16. 12. 20. 21. 21. 41.
15 18. 9 16. 11. 15. 16. 12. 14. 19. 25. 21. 30. 53.16 14. 17. 21. 10. 8. 15. 18. 20. 21. 27. 23. 21. 27.17 22. 9. 7. 20. 11. 7. 16. 11. 21. 29. 23. 21. 35.13 10. 20. 11. 4 11. 8. 11. 23. 37. 23. 39 25. 43.19 15. 13. 15. 14 11. 6. 8. 23. 34. 26. 47. 34 29.20 25. 3. 3. 8. 6. 15. 11. 21. 33. 27. 31. 33. 30.21 14. 11. 12. 9 7, 13. 13. 15. 31. 18. 29. 27. 24.22 16. 4. 15. 6. 6. 12. 19. 20. 20. 24. 18. 17. 15.23 5. 7. 7. 5. 6. 5. 15. 12. 21. 30. 21. 13 6.24 1 1. 5. 9. 3. 5. 11. 12. 17 23. 26. 11. 7. 425 12. 8. 7. 6 10. 13. 22. 16. 31. 25. 10. 8. 6.26 9. 11. 13. 5. 3. 13. 15. 31. 36. 27. 17. 11. 2.27 12. 1. 9. 9 6. 4 22. 35. 36. 22. 12. 8 1.28 6. 9 5. 8. 15. 10. 26. 25. 43. 31. 13. 3. 029 1 1. 9. 10 8. 4. 6. 27. 33. 35. 26. 13. 16. 0.30 10. 5. 10. 3. 14. 14. 33. 21. 30. 13. 3 18. 13.31 4. 5 4. 4. 12. 16. 23 36. 37. 17. 15. 9. 11.32 9. 5. 1 1. 1 1 3. 20. 29 31. 36 12. 15. 10. 0.33 7. 5. 11. 10. 13. 22. 28. 37. 23. 1. 5. 18. 3.34 3. 6. 7. 9 13. 37 42. 31. 13. 3. 3. 5. 1.35 7. 1. 6. 10. 15. 31. 34. 25. 10. 3. 1. 2. 0.36 6. 4 4. 12. 14. 29. 21. 12. 3. 2. 0. 1. 1.37 9. 3. 3. 12. 6. IS. 11 9 3. 0. 0. 1. 1.38 6. 2 7 6. 2. 12. 13. 7. 0. 0. 0. 1. 039 7. 0 3. 6. 3. 4. 7. 1. 0. 1. 1. 0 0.40 6. 0. 2. 2. 4. 3. 2. 3. 0. 0. 0. 0. 0.>40 232. 
TOTAL

1963.
4

1741.

8.
1964.

5.

1430.

14.
1195.

1

19.

113.

6.
1096.

5.

939

1.
329.

0.

554.

1.
473.

0.

434.

0.
408

EPOCHS NUMBER = 14144 SPEECH TIME = 14. 08 S EPOCH RATE = 1004 EPOCHS/S

Table (4.11): Distribution of epochs containing peak 
amplitudes in amplitude ranges for the epoch 
durations.
speech : JR with -36dB zero-crossing threshold
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EPOCH
XO. 05

NUMBER OF EPOCHS CONTAINING
PEAK AMPLITUDE IN 3 dB RANGES WITH RESPECT TO FULL SCALE

( MS ) -30 -27 -24 -21 -18 -15 -12 -9 -6 -3 0 dB
1 368. 15. 6 8. 4. 1. 0. 0 0. 0. 0. 0. 0.
2 723. 203. 169 93. 41. 25. 13. 3. 0. 0. 0. 0. 0.
3 352. 530. 677. 521. 307. 163. 90. 58 19. 3. 0. 0. 0.
4 203. 333. 479. 449. 332. 252. 191. 102. 53 25. 13. 3. 0.
5 ISO. 174. 236 210. 189. 137. 117. 93. 43. 41. 33. 15. 0.
6 141. 95. 135. 114. 33. 31. 64. 68. 77. 47. 17. 16. 1.
7 89. 53. 67. 73 48. 56. 56 59. 51. 27. 12. 2.
3 34. 71. 74 66. 43. 59 74. 62. 50. 37 30. 21. 4.
9 53. 57. 72. 63. 45. 40. 39 53. 66. 63. 38. 35. 6.
10 53. 45. 40. 51. 33. 30. 49. 59. 49. 55. 44. 40 27
1 1 42. 34. 43. 29. 27 30. 48. 45. 51. 52. 48. 47. 42.12 26. 22. 23. 29. 30. 36. 30. 23. 39 49 57. 27. 2713 26. 19 17 12. 22. IS. 32. 50 48. 25. 19. 1514 24. 14. 23. 24. 19. 19. 25. 33 33. 41 21. 19 23.15 23. 10. 20. 26. 23. 23. 22. 28. 38 34 17. 22. 816 22. 9. 16. 25. 25. 20. 24. 29. 40. 35. 35. 19. 8.17 19 11. 14. 22. 21. 26. 41. 41. 41. 33. 21 18. 20.13 9. 12. 16. 19 20. 24. 45. 55. 43. 35. 24 1919 12. 12. 21. 22. 24. 26. 32. 48. 39. 34 26. 29. 8.20 9 9. 22 21. 20. 31. 33. 60. 40. 46. 39. 28. 2421 14. 10. 14. 29. 30. 32. 45. 53. 57. 43. 30 38. 11.22 1 1. 7. 13. 36. 29 36. 31. 49. 62. 42. 49 27. 21.23 9 8. 12. 26. 21. 41 42. 54. 50. 37. 33. 30. 724 1 1. 7. 10. 26. 22. 34. 39. 37. 57 32. 20. 21. 1025 13 9 13. 19 17. 27. 42. 41. 42. 35. 17. 27 4.26 7. 7. 10. 13. 27. 34. 30. 37. 39 28 36. 20. 11.27 16 13. 16 31. 24. 39 40 46. 37 40 37 16 12.23 4 9 15. 26. 14. 41 33 29 35 25. 24 10. 8.29 8. 4 10. 17. 15. 30. 26. 19. 42. 27. 15. 9. 2.30 7. 1 1. 3. 12. 16. 34. 16 23. 38. 20 16. 12. 2.31 5. 9. 11. 11. 15. 30. 25. 25. 13. 12. 12. 1.32 3. S. 9 7. 15. 29. 25. 22. 19 8. 4. 7. 3.9 10. 12. 13. 20. 21. 14. 20. 15. 7 6. 3. 1.34 5 9. 6. 6. 11. 3. 20. 9. 11 5. 1. 0. 0.o5 6. 6. 6. 6. 7. 7. 16. 6 4. 1. 2. 0. 0.36 5. 5. 4. 5. 5. 4. 5 4 6 1 1 3. 037 8 5. 4. 4 2. 5. 2. 8. 3. 0 0. 0. 0.33 6 3 1. 3. 5. 4. 5 3. 3 0 0 1. 039 3 2. 1. 1. 2. 4. 6. 1. 0 1 0. 040 5 1 2 0 0. 2. 6. 4 2. 0 0. 0 0.>40 222. 6. 9 13. 6. 10. 13. 8 4. 2 0. 0. 0TOTAL

2351. 2363. 1703. 1495. 1381 :? 1 9 327.1889. 2192. 1571. 1464. 1096. 620

EE'OCHS NUMBER = 19776 SPEECH TIME = 17 92 S EPOCH RATE = 1 1 03 EPOCHS/S

Table (4.12); Distribution of epochs containing peak 
amplitudes in amplitude ranges for the epoch 
durations.
speech : CE with -36dB zero-crossing thresholc
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EPOCH 
XO. 05 
( MS )

NO. OP 
EPOCHS 

M=0 1

NUMBER

3

OF EPOCHS 
NUMBER OF

5

WITH CORRESPONDINO 
EXTREMA

7 9 11 = >13
1 1. 1 563. 0 0 0. 0 0. 0
2 2378. 7546. 0. 0. 0. 0. 0. 0
3 1491. 10928. 0 0. 0. 0 0 0
4 587. 6669. 4. 0. 0 0 0. 0.
5 295. 3645. 44 0. 0 0. 0. (:i.
6 ISO. 1979 S3. 0 0. 0. 0. 0.
7 97 1 166. 37 0 0. 0. 0. 0
8 65. 882. 98 0. 0. 0. 0 0.
9 27. 840. 105 0 0 0 0. 0
10 17. 660. 119 1. 0. 0 0. 0.
1 1 6. 535. 106. 1. 0 0 0. 0
12 3. 454. 88. 4. 0 0. 0. 0
13 5. 400 95 1 1. 0 0 0. 0
14 0. 363. 73. 11. 0 0 0. 0
15 (.■>. 271. 75 13. 0. 0. 0 0
16 205. 78. 21. 0. 0. 0. 0.
17 0. 204. 79 25 0. 0 0 0.
rs 0 168 1 11. 32 3. 0 0 0.
19 0 175 154 44 6. 0. 0. 0
20 0. 137 154 58. 8. 0 0 0.
21 0. 95. 1 20. 54 7. Ii). 0 0
22 0 71 1OO 40. 3. 1. 0. 0.
23 0 60 53 34 4 0 0 0
24 0 45. 82. 34 7. 0. 0 0
25 0. 52. 47 41 5 1 0 0
26 0 37. 55. 56 18. 2. 0. 0
27 0 30 58. 65 24. 1. 0 0.
23 0. 42. 48. 42. 18 0. 0. 0
29 0 33. 35 38. 18. 1. 0 0
30 0. 35. 33 30. 20. 1. I 0.
31 0. 35. 31. 29. 15. 1. 0. 0.
32 0. 30. 33- 25. 17. 0 0. 0.
33 0. 13. 26. 14. 18. 3. 0. 0.
34 0. 14. 25. 15. 10. 2. 1. 0.
35 0. 10. 26. 16. 12. 3. 0. 0.
36 0. 9. 23. 11. 10. 3. 0. 0.
37 0. 9. 13. 12. 4. 1. 0. 0.
38 0. 5. 8. 9. 4. 1. 0. 0.
39 0 3. 5. 5. 4 2. 0. 0.
40 0. 1. 3. 5. 3. 0. 2. 0.

>40 0. 1. 1 1. 19. 1 1. 1. 0. 0.
TOTAL 5154. 39425. 2393. 815. 249. 24. 4. 0.

PROPORTION 10. 7 82. 0 5. 0 1. 7 0. 5 0. 0 0. 0 0
( % )

EPOCHS NUMBER = 48064 SPEECH TIME = 14. 08 S EPOCH RATE = 3413 EPOCHS/3

Table (5.2): Distribution of epochs containing multiple
extrema for bandlimited speech.
pre-emphasised speech ; JR

- 160 -



EPOCH
XO. 05

NO. OF
EPOCHS

NUMBER OF EPOCHS WITH CORRESPONDING
NUMBER OF EXTREMA

(MS) M=0 1 3 5 7 9 1 1 = > 1 3

1 0 . I 61 5 . 0 . 0 . 0 . 0 . 0 . 0
2 2 9 9 7 . 5 8 7 0 . 0 . 0 . 0 . 0 . 0 . 0
3 1 5 8 2 . 1 1 1 6 8 . 0 . 0 . 0 . 0 . 0 . 0
A 1 9 9 3 . 10 4 1 9 . 0 . 0 . 0 . 0 . 0 . 0
5 3 5 4 . 5731  . 9 . 0 . 0 . 0 . 0 . 0
6 3 4 4 . 3 7 3 0 . 3 7 . 0 . 0 . 0 . 0 . 0
7 1 9 0 . 2 3 6 2 . 1 4 8 . 0 . 0 . 0 . 0 . 0
8 1 1 6 . I 7 7 6 . 3 0 0 , 0 . 0 . 0 . 0 . 0
9 9 7 . I 4 8 9 . 4 6 2 . 0 . 0 . 0 . 0 . 0

I 0 3 6 . 1 0 2 4 . 5 5 7 . 3 . 0 . 0 . 0 . 0
1 1 4 4 . 7 3 0 . 3 7 2 . 0 . 0 . 0 . 0 . 0
1 2 1 6 . 4 7 8 . 2 4 5 . 7 . 0 . 0 . 0 . 0
1 3 1 2 . 4 2 9 . 1 9 3 . 2 6 . 0 . 0 . 0 . 0
I 4 9 , 2 8 8 . 1 4 7 . 3 2 . 0 . 0 . 0 . 0
1 5 4 . 2 6 5 . 1 2 9 . 4 6 . 0 . 0 . 0 . 0
1 6 5 . 2 0 3 . 1 2 3 . 2 5 . 1 . 0 . 0 . 0
1 7 1 . 1 7 4 . 1 1 3 . 2 6 . 0 . 0 . 0 . 0
1 8 2 . 1 4 4 . 9 4 . 31 . 0 . 0 . 0 . 0
I 9 3 . I 1 2 . 8 3 . 3 7 . 8 . 0 . 0 . 0
20 1 . 1 0 4 . 6 6 . 5 7 . 1 2 . 0 . 0 . 0
21 0 . 81 . 7 3 . 8 2 . 1 9 . 0 . 0 . 0
22 0 . 8 1 . 1 0 0 . 7 5 . 1 7. 0 . 0 . 0
2 3 0 . 7 4 . 8 7 . 6 4 . 1 0 . 0 . 0 . 0
2 4 0 . 6 2 . 6 5 . 5 9 . 1 3 . 1 . 0 . 0
2 5 0 . 6 9 . 7 7 . 4 5 . 2 0 . 2 . 0 . 0
26 0 . 6 0 . 7 2 . 3 7 . 1 6 . 3 . 0 . 0
27 0 . 5 2 . 4 |  . 2 7 . 7. 0 . 0 . 0
28 0 . 3 7 . 3 4 . 2 2 . 1 1 . 0 . 0 . 0
29 0 . 3 2 . 2 9 . 3 0 . 7 . 1 . 0 . 0
30 0 . 2 3 . 2 6 . 2 4 . 1 2 . 0 . 0 . 0
31 0 . 2 8 . 18 . 1 7 . 1 4. 3 . 0 . 0
32 0 . 2 7 . 1 8 . 1 4. 5 . 1 . 0 . 0
33 0 . 2 2 . 9 . 8 . 5 . 0 . 1 . 0
34 0 . 1 6 . 4 . 1 3 . 4 . 1 . 0 . 0
35 0 . 1 2 . 7 . 8 . 1 . 0 . 0 . 0
36 3 . 1 2 . 7 . 6 . 6 . 0 . 0 . 0
37 0 . 1 1 . 4 . 6 . 1 . 1 . 0 . 0
38 0 . 2 . 8 . 3 . 1 . 0 . 0 . 0
39 0 . 5 . 2 . 4. 2 . 0 . 0 . 0
40 0 . 4 . 1 . 1 . 0 . 0 . 0 . 0

> 4 0 0 . 1 3 . 6 . 5 . 1 . 1 . 0 . 0

1 OTAL 7 8 0 6 . 4 8 8 8  4 . 3 7 6 6 . 8 4 0 . I 9 3 . 1 4 . 1 . 0

PROPORTION 12. 7 
( % )

79 6 1 1. 4 0. 3 0. 0 0. 0 0. 0

EPOCHS NUMBER = 61504 SPEECH TIME = 17. 92 S EPOCH RATE = 3432 EPOCHS/3

Table (5.3): Distribution of epochs containing multiple
extrema for bandlimited speech.
pre-emphasised speech : CE
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NUMBER OF EPOCHS WITH CORRESPONDINGEPOCH 
XO 05 
(MS)

NO. OF 
EPOCHS 

M=0 1 3
NUMBER OF EXTREMA

7 1 1 =>13
1 1. 3'̂  61. 0 0 0 0. 0 0.
2 3322. 4060. 0 0 0 0. 0. 0.
3 1250. 9120. 0. 0. 0. 0. 0. 0.
4 225. 6565. O. 0 0. 0. 0.
5 90. 5144. 9. 0. 0 0. 0. 0.
6 65. 2401. 43. 0. 0. 0. 0 0
7 20. 1533. 34. 0. 0 0. 0. 0.
S 10 832. 74. 0 0. 0 0. 0
9 7. 853. 105 1. 0 0. 0. 0.
10 1, 500 1 22. 0. 0. 0. 0 0.
1 1 3. 470. 1 33 2. 0. 0. 0 0
12 1. 356. 133. 0 0 0 0.
13 0. 335. 141 4. 0. 0. 0. 0
14 0. 222. 103. 6. 0 0. 0 0
15 0. 215. 114 4 0 0. 0
16 0. 143. 4. 0. 0. 0 0
17 0. 137. 73. 7. 0 0. 0 0
IS 0. 90. 103 0 0 0 0
19 0. 96. 1 66 15. (.•). 0. 0 0
20 0 S3. 1 43. 34. 0 0. 0. 0.
21 0. 93 1 73. 47. 3. (:). 0. 0.

0. 93. 1 37. 57. 5. 0 0. 0.
23 0. 91. 1 13 42. 0. 0 0. 024 0. 37 105. 25. 2 1. 0 0
25 0. 76. 1 03. 37 3 0. 0 0
26 0. 55 S3. 51. 4 0 0 (•)
27 0. 65. 75 95. 8. 1. 0. 0.
23 0. 45. 74 90. 9. 2. 0. 0.29 0. 34 34 63. 7 0. 1. 030 0. 29 59 11. 0. I. 0.
31 0. 15. 56 36. 12. 1. 1. 0.
32 0. 30. 32 15. 1. 0 0.
33 0. 9. 27. 47 27. 2. 0. 0.34 0. 13. 24. 23. 9. 2. 0. 0.
35 0 7. 8. 15. 22. 1. 0. 0
36 0. 4 7. 14 12. 1. 0. 0.37 0. 0. 5, 11. 13. 0. 0, 0.
33 0. 0. 3. 9. 0. 0. 0.
39 0. 0. 1. 7. 5. 1. 2. 0.
40 0. 0 2. 0. 3. 0. 0. 0.

>40 0. 0. 1. 7. 9. 7. 1. 0.
TOTAL 5495. 37979. 2328. 850. 132. 20 6. 0.

PROPORTION 11.6 SO. 2 5. 9 1. 8 0 4 0. 0 0. 0 0.( % 
EPOCHS

)
NUMBER = 47360 SPEECH TIME = 14 08 S EPOCH RATE = 3363 EPOCH

Table (5.4): Distribution of epochs containing multiple
extrema for bandlimited speech
pre-emphasised speech : JD
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EPOCH
NUMBER OF EPOCHS CONTAINING SKEWNESS

XO. 05 LEFT CENTRAL RIGHT
( MS ) REG ION REGION REGION TOTAL

1 1562. 0. 0. 1562.
2 2443. 0. 5093. 7546.
3 71. 8278. 2579. 10928.
4 10. 5639. 974. 6673.
5 212. 1857. 1620. 3689.
6 106. 1327. 634. 2067.
7 71. 831. 351. 1253.
3 175. 323. 477. 930.
9 173. 317. 455. 945.
10 110. 347. 323. 730.
11 145. 201. 296. 642.
12 97. 254. 195. 546.
13 67. 290. 149. 506.14 65. 233. 144. 447.15 32. 182. 145. 359.
16 42. 156. 106. 304.
17 71. 117. 120. 308.
13 63. 157. 94 314.19 73. 198. 108. 379.
20 31. 142. 134. 357.
21 68. 123. 80. 276.22 51. 94 70. 215.23 34. 72. 45. 151.24 26. 100. 42. 163.25 18. 99 29 146.26 26. 1 15. 27. 163.27 17 130. 31. 178.23 10. 1 13. 27. 150.29 11. 85. 29. 125.30 9. 95. 16. 120.31 14. 80 17. 111.32 3. 87 10. 105.33 8. 61. 10. 79.34 6. 46 15. 67.35 7. 39. 21. 67.36 9. 33 9. 56.37 8. 25. 6. 39.38 4 16. 7. 2739 2. 10. 7. 19.40 0. 12. 2. 14.

>40 7. 25 11. 43.
TOTALS 6017. 22379. 14513. 42909.

OF\'T I ON ( 7. ) 14 1 52. 1 33. 8 100. (
= 48062 SPEECH TIME = 14. OS S EPOCH RATE = 3413 EPOCH:
NUMBER OF EPOCHS HAVINI1 ZERO AMPLITUDE = 51 53

Table (5.5): Distribution of epochs containing skewness
for bandlimited speech
pre-emphasised speech : JR
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GROUP (A ) SUS TENT ION ;
1 SHEET CHEAT

POOH POOH
SHOES CHOOSE

4 VILL BILL
5 THICK TICK
6 THOUGH DOUGH
7 THEN DEN
8 FENCE PENCE

THONG TONG
10 SHAW CHAW
1 1 SHAD CHAD
12 VON BON
GROUP (B )

21
23
24
25
26 
27

5IBILATION

GROUP (C ) GRAVENESS
FIN
MOON
BANK
POT
WEED
FOUGHT
FOOL-
MET

THIN
NOON
DANK
TOT
REED
THOUGHT
TOOL
NET

GROUP (D ) COMPACTNESS
29
0
1

GROUP (E) NASALITY

G I LI- DILL
GHOST BOAST
CAUGHT TAUGHT
SHAG SAG
KEG PEG
HIT FIT
YOU RUE
YIELD WIELD

37
38
39
40

MOSS
NAB
KNOCK
MILT

BOSS
DAB
DOCK
BILT

13 ZEE THEE
14 JLII CE GOOSE GROUP (F) VOIC INC :
15 CHAIR CARE
16 SANK THANK 41 BEAN PEEN
17 SING THING 42 DUNE TUNE
18 JOE GO 43 G IN CHIN
19 SAW THAW 44 ZED SAID
20 ZEN THEN 45 VAULT . FAULT

46 GOAT COAT

Table (7.1): A reduced DRT word pairs list showing 
the phonemic attributes.
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OVERALL INTELLIGIBILITY SCORE

LISTENER
1

2
3
4
5
6
7
8 
9
10
11

12

13
14
15
16

TEST 1
95. 7
90. 2 
87. 0
91. 3 
93. 5
96. 7
91. 3
92. 4 
34. 8
93. 5 
91. 3
91. 3
92. 4 
91. 3
93. 5 
S3. 0

DRT 
TEST 2
84. 8
85. 9 
82. 6 
S3. 7 
S3. 7 
35. 9
83. 7
32. 6 
81. 5 
85. 9
84. 8 
81. 5 
81. 5
33. 7 
80. 4 
78. 3

SCORE % 
TEST 3
84. 8 
35. 9 
73. 3 
83. 7
85. 9 
34. 3 
81. 5 
73. 9 
80. 4 
80. 4 
85. 9 
83. 7 
76. 1 
92. 4 
87. 0 
73. 3

TEST 4
84. 8
34. 3
30. 4
31. 5 
79. 3 
37. 0 
81. 5
32. 6
85. 9
31. 5 
81. 5
35. 9 
81. 5
32. 6 
81. 5 
32. 6

TEST 5 
81. 5 
84. 3
78. 3 
31. 5
81. 5 
83. 0
82. 6 
82. 6 
83. 7 
30. 4 
82. 6 
30. 4 
81.5
79. 3 
78. 3 
77. 2

SAMPLE MEAN 91. 5 % 83. 2 % 82. 7 % Î2. 8 % 81. 5 %

STANDARD
DEVIATION 3. 0 4. 7 2. 7

Table (7.2)

Test 1 
2
3
4

The mean DRT scores and standard deviation 
for the following test conditions:

sampled original speech (PCM)
skewness reconstructionj amplitude data 9 bits/epoch 
skewness reconstruction; amplitude data 1 bit/epoch 
multiple extrema

reconstruction; amplitude data 1 bit/epoch 
half sinewave

reconstruction; amplitude data 1 bit/epoch
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SUSTENTION ATTRIBUTE

DRT SCORE %
LISTENER TEST 1 TEST 2 TEST 3 TEST 4 TEST

1 91. 7 100. 0 91. 7 75. 0 83. 3
2 100. 0 100. 0 100. 0 91. 7 100. 0
3 91. 7 100. 0 91. 7 75. 0 75. 0
4 100. 0 100. 0 100. 0 83. 3 100. 0
5 100. 0 100. 0 100. 0 83. 3 83. 3
6 100. 0 100. 0 83. 3 91. 7 100. 0
7 100. 0 100. 0 100. 0 83. 3 83. 3
8 100. 0 75. 0 58. 3 75. 0 91. 7
9 100. 0 100. 0 91. 7 91. 7 100. 0
10 100. 0 91. 7 75. 0 100. 0
11 100. 0 100. 0 100. 0 91. 7 100. 0
12 91. 7 100. 0 83. 3 91. 7 100. 0
13 100. 0 100. 0 83. 3 S3. 3 91. 7
14 100. 0 100. 0 91. 7 75. 0 S3. 3
15 100. 0 91. 7 75. 0 75. 0 83. 3
16 100. 0 100. 0 91. 7 S3. 3 83. 3

SAMPLE MEAN 98. 4 7. 97. 4 % 88. 5 % 83. 3 % 91. 1

STANDARD
DEVIATION 3. 4 6. 6 1 1. 7 6. 8 8. 9

Table (7.3): DRT scores and standard deviation for the
Sustention attribute.
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SIBILATION ATTRIBUTE

DRT SCORE %
LISTENER TEST 1 TEST 2 TEST 3 TEST 4 TEST 5

1 87. 5 62. 5 37. 5 50. 0 50. 0
2 25. 0 37. 5 37. 5 37. 5 12. 5
3 12. 5 25. 0 -25. 0 37. 5 12. 5
4 62. 5 62. 5 12. 5 25. 0 50. 0
5 62. 5 37. 5 37. 5 12. 5 37. 5
6 75. 0 62. 5 37. 5 50. 0 75. 0
7 50. 0 37. 5 12. 5 37. 5 37. 5
3 62. 5 50. 0 25. 0 75. 0 75. 0
9 37. 5 50. 0 25. 0 50. 0 50. 0
10 62. 5 50. 0 37. 5 37. 5 37. 5
11 50. 0 50. 0 50. 0 0. 0 50. 0
12 50. 0 62. 5 50. 0 62. 5 62. 5
13 25. 0 50. 0 12. 5 25. 0 50. 0
14 12. 5 37. 5 50. 0 50. 0 12. 5
15 37. 5 50. 0 37. 5 37. 5 25. 0
16 37. 5 37. 5 50. 0 50. 0 62. 5

SAMPLE MEAN 46. 9 % 47. 7 % 30. 5 % 39. 8 % 43. 7 %

STANDARD
DEVIATION 21. 7 1 1. 4 19. 9 13. 4 20. 4

Table (7.4): DRT scores and standard deviation for the
Sibilation attribute.
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GRAVENESS ATTRIBUTE

LISTENER
1

4
5
6 
7 
3 
9

10 

11 
12

13
14
15
16

TEST 1 
75. 0 
62. 5 
50. 0 
37. 5 
62. 5 
37. 5 
50. 0 
50. 0 
12. 5 
75. 0 
50. 0 
75. 0 
87. 5 
37. 5 
87. 5 
25. 0

DRT SCORE % 
TEST 2 TEST 3
-12. 5 
25. 0 
12. 5 

-12. 5 
0. 0 
12. 5 
12. 5 
50. 0 

-25. 0 
25. 0 
0. 0 

-12. 5 
-25. 0 
12. 5 
0. 0 

-37. 5

12. 5 
0. 0 

-12. 5 
12. 5 
25. 0 
37. 5 
0. 0 

-12. 5 
-37. 5 
-25. 0 
25. 0 

-12. 5 
-37. 5 
75. 0 
50. 0 

-25. 0

TEST 4 
37. 5 
0. 0 

-12. 5 
-12. 5 
0. 0 
12. 5 

-25. 0 
12. 5 
12. 5 

-25. 0 
0. 0 
12. 5 
0. 0 
0. 0 
0. 0 

25. 0

TEST 5 
-12. 5 
25. 0 
25. 0 

-25. 0 
0. 0 
12. 5 
0. 0 

-25. 0 
-25. 0 
-12. 5 
-12. 5 
-37. 5 
-37. 5 

0. 0 
0 0 

-37. 5

SAMPLE MEAN

STANDARD
DEVIATION

60. 9 %

23. 2

1. 6 %

I 3

4.7 %

31. 9

2. 3 % -10. 2 %

16. 6 Ô.

Table (7.5): DRT scores and standard deviation for the
Graveness attribute.
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COMPACTNESS ATTRIBUTE

DRT SCORE %
LISTENER TEST 1 TEST 2 TEST 3 TEST 4 TEST

1 100. 0 100. 0 100. 0 100. 0 87. 5
2 100. 0 100. 0 100. 0 100. 0 37. 5
3 100. 0 87. 5 100. 0 87. 5 50. 0
4 100. 0 37. 5 37. 5 100. 0 62. 5
5 100. 0 100. 0 100. 0 75. 0 75. 0
6 100. 0 37. 5 37. 5 100. 0 37. 5
7 100. 0 87. 5 75. 0 100. 0 87. 5
3 100. 0 87. 5 62. 5 50. 0 62. 5
9 100. 0 100. 0 100. 0 100. 0 87. 5
10 37. 5 100. 0 100. 0 100. 0 50. 0
11 100 0 100. 0 62. 5 100. 0 75. 0
12 100. 0 75. 0 100. 0 37. 5 62. 5
13 100. 0 87. 5 75. 0 87. 5 87. 5
14 100. 0 87. 5 100. 0 37, 5 75. 0
15 100. 0 62. 5 100. 0 87. 5 50. 0
16 100. 0 75. 0 50. 0 50. 0 37. 5

SAMPLE MEAN 99 2 % 89. 1 % 87. 5 % 38. 3 % 70. 3

STANDARD
DEVIATION 3. 1 11. 1 17. 1 16. 3 17. 0

Table (7.6) : DRT scores and standard deviation for the
Compactness attribute.
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NASALITY ATTRIBUTE

DRT SCORE %
LISTENER TEST 1 TEST 2 TEST 3 TEST 4 TEST 5

1 100. 0 100. 0 100. 0 100. 0 100. 0
2 100. 0 100. 0 100. 0 100. 0 100. 0
3 100. 0 100. 0 100. 0 100. 0 100. 0
4 100. 0 100. 0 100. 0 100. 0 100. 0
5 100. 0 100. 0 75. 0 100. 0 100. 0
6 100. 0 100. 0 100. 0 100. 0 100. 0
7 100. 0 100. 0 100. 0 100. 0 100. 0
3 100. 0 75. 0 100. 0 100. 0 100. 0 .
9 100. 0 100. 0 100. 0 100. 0 100. 0
10 100. 0 100. 0 100. 0 100. 0 100. 0
11 100. 0 100. 0 100. 0 100. 0 100. 0
12 100. 0 100. 0 100. 0 100. 0 100. 0
13 100. 0 100. 0 100. 0 100. 0 100. 0
14 100. 0 100. 0 100. 0 100. 0 100. 0
15 100. 0 100. 0 100. 0 100. 0 100. 0
16 100. 0 100. 0 100. 0 100. 0 100. 0

SAMPLE MEAN 100. 0 % 98. 4 % 98. 4 % 100. 0 % 100. 0 :

STANDARD
DEVIATION 0. 0 6. 2 6. 2 0. 0 0. 0

Table (7.7) : DRT scores and standard deviation for the
Nasality attribute
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VOICING ATTRIBUTE

DRT SCORE %
LISTENER TEST 1 TEST 2 TEST 3 TEST 4 TEST

1 100. 0 66. 7 83. 3 66. 7 83. 3
2 100. 0 66. 7 100. 0 100. 0 100. 0
3 100. 0 66. 7 100. 0 100. 0 100. 0
4 100. 0 66. 7 100. 0 100. 0 100. 0
5 100. 0 66. 7 83. 3 100. 0 100. 0
6 100. 0 66. 7 83. 3 100. 0 100. 0
7 100. 0 66. 7 100. 0 100. 0 100. 0
3 100. 0 50. 0 33. 3 100. 0 100. 0
9 66. 7 50. 0 100. 0 S3. 3 100. 0
10 100. 0 66. 7 100. 0 100. 0 100. 0
11 100. 0 66. 7 100. 0 100. 0 100. 0
12 83. 3 50. 0 100. 0 S3. 3 S3. 3
13 100. 0 66. 7 100. 0 100. 0 100. 0
14 100. 0 66. 7 100. 0 100. 0 100. 0
15 100. 0 66. 7 100. 0 100. 0 100. 0
16 100. 0 66. 7 83. 3 100. 0 100. 0

SAMPLE MEAN 96. 9 % 63. 5 % 94. 8 % 95. 8 % 97. 9

STANDARD
DEVIATION 9. 1 6. 7 8. 0 9. 6 5. 7

Table (7.8): DRT scores and standard deviation for the
Voicing attribute.
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10 -20 - 4 0 -6 0

Zero-Crossing Threshold 
(d B  re.f. Full S ca le )

Figure (4.4) Epoch rate as a function of limitation on 
dynamic range by thresholding the peak 
amplitudes in the epochs
Individual speaker: O CE (M) A J R  (M) OFW (F)*
*(F) = female; (M) = male
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extrema having extrema differences exceeding 
a set threshold level.
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X  speaker JR with -36dE zero-crossing threshold
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Figure ( M-. 6 ) : Probability distribution of zero-crossing 
intervals in bandlimited speech and noise waveform, 
Individual speakers: □  CE A J R  OJD
• resultant from three speakers 
X  noise
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F igure (4.7): Probability distribution of the peak magnitudes 
between zero-crossings classified in 3dB steps 
for bandlimited speech and noise waveforms. 
Speech : □  CE A J R  OJD
Noise : X
Full line : negative exponential distribution
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Figure (5.3) Epoch rate as a function of limitation on the 
dynamic range by thresholding the peak ampli
tudes in the epochs.
pre-emphasised speech A J R
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Figure (5.4) Proportion of epochs containing three or more 
extrema having extrema differences exceeding 
a set threshold level.
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A  JR without zero-crossing threshold 
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F igure (5.5) Probability distribution of zero-crossing 
intervals in bandlimited pre-emphasised 
speech signal.
Individual speakers : □  CE A  JR
• resultant from three speakers

O JD
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Figure (5.5): Probability distribution of the peak magnitudes 
between zero-crossings classified in 3dB steps 
for bandlimited speech.
Pre-emphasised speech : □  CE A  JR OJD
Full line : negative exponential distribution
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Figure (5.3): Time spreads for fixed and variable length codes
(a) 5 bits/symbol
(b) Bit-framing scheme
(c) Twin-stream scheme 
speech : JR
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Figure (6.4) Time spreads for fixed and variable length codes
(a) 5 bits/symbol
(b) Bit-framing scheme
(c) Twin-stream scheme 
pre-emphasised speech : JR
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symbols at rates 10% higher than the minimum rates
(a) 5 bits/symbol
(b) Bit-framing scheme
(c) Twin-stream scheme 
speech : JR

- 18 6 -



Time s0.0
03

&

i
E-

0 .8  i -

Time s0.0

0.8
Time s

a

I
a  
s
s L

0.0
OQ

Q
i

0.8 L-

Figure (6.6): Time spreads for transmission with filler 
symbols at rates 10% higher than the minimum rates
(a) 5 bits/symbol
(b) Bit-framing scheme
(c) Twin-stream scheme 
pre-emphasised speech : JR
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Figure (5.9): Proportion of distortion introduced and the

buffer delay at set transmission rates, 
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Figure (6.12): Transmitter buffer contents with a constant
transmission rate of 1800 symbols/s during the 
utterance.

(a) ’shopping along tree shaded streets is a delightful pastime’ 
Cb) ’a flock of birds circled the quarantine station’
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Figure (6.13): Transmitter buffer contents with a constant
transmission rate of 2800 symbols/s during the 
utterance.

(a) 'shopping along tree shaded streets is a delightful pastime'
(b) 'a flock of birds circled the quarantine station'

(pre-emphasised speech)
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Figure (7.2); The mean DRT scores and standard deviation 
range for the following test conditions :

Test 1 : sampled original speech (PCM)
Test 2 : skewness reconstruction; amplitude data 9 bits/epoch
Test 3 : skewness reconstruction, amplitude data 1 bit/epoch
Test 4 : multiple extrema

reconstruction; amplitude data 1 bit/epoch
Test 5 : half sinewave

reconstruction; amplitude data 1 bit/epoch
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Figure (7.3): DRT scores of the speech attributes for the
following five test conditions: 

sampled original speech (PCM)
skewness reconstruction; amplitude data 9 bits/epoch 
skewness reconstruction; amplitude data 1 bit/epoch 
multiple extrema

reconstruction; amplitude data 1 bit/epoch 
half sinewave

reconstruction; amplitude data 1 bit/epoch

Test 1
Test 2
Test 3
Test 4
Test 5

Attributes ■ Nasality 
# Sustention 
A  Compactness 
O Voicing 
□ Sibilation 
A  Graveness
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Figure (7.4.1) : Section of speech waveform and its 
corresponding spectral density, 
speech section (1)
(a) original waveform
(b) spectral density plot

- 19



0}
3-p
AS<

0Q
T3

<uc
0)>

H-t-P«J1—40)IS

20

10

.10

-20

Frequency kHz

Figure (7.4.2)

note : figure shows the spectral envelope only 
of the individual aiscrete components

Section of speech waveform and its correspond
ing spectral density, 
speech section (1)
(a) waveform reconstructed using skewness data
(b) spectral density plot
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F igure (7.4.3)

note : figure shows the spectral envelope only 
of the individual discrete components

Section of speech waveform and its correspond
ing spectral density, 
speech section (1)
(a) waveform reconstructed using multiple 

extrema data
(b) spectral density plot
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Figure (7.4.4)

note: figure shows the spectral envelope only
of the individual discrete components

Section of speech waveform and its correspond
ing spectral density, 
speech section (1)
(a) waveform reconstructed using half sinewave 

segments
(b) spectral density plot
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Figure (7.5.1)

note : figure shows the spectral envelope only 
of the individual discrete components

Section of speecn waveform and its correspond' 
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Figure (7.5.2)

note : figure shows the spectral envelope only 
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(a) waveform reconstructed using skewness data
(b) spectral density plot
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note : figure shows the spectral envelope only 
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note : figure shows the spectral envelope only 
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(b) spectral density plot
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Counher by i.

Check Direchion ho 
Decide Whether ho 
Increase Exhremo 
Counher by 1.

~1

There There

Seh New Direxhon Seh New Drechon

Add One ho Exhremo 
Counher ( I I )

Find Tohoi Num.Dips

Dehoils in Figure (A.3)

Figure (A.2): F’low chart for coding subroutine used within 
miain coding programme.

-  212 -



ü

•H
•H

■H
•H •H

COOJ

•H •H

•H

(U
Ird
bûO
A
bû
•HX3Oü
0)

o•H-HOOJ-P(U"O

o>

0)ü-pXO)
00Td

isgS(UM-PXOJ
soüOh

rd G3 rd 00 3 GP> rd G Gw 0 0ns
O t— 1 5 0G G •H0 II II -P•H rd rd-P Q Q S Gü 0 P0 G üG -P G•P X 1— 1Q PG Ph

II II II

Q N)— 1 < 1

<I

rde0)HPX0)
s
oOh0)>rd3
bûG•H
3O
g :co
srdGbO(d•HQ

co
<

0HG
bO•HPh

<a)>
-h - 213 -



®

( H E l D

Rdad Dû̂ ’a from Look-Up 
Tabic for Shored 
Shyliôcd Shape

T
Open Speech Ouhpoh File 
Open Code Inpuh File

®
®
©
®

Read Epoch Paramehers 
from  Code File 

L~ Epoch Durahon 
K= Shape Porameher 
M= Epoch Peak Amplihude

Scale Shylised Shape 
File ho Hie 

Epoch Paramahers L &.M

Out'puh L Scaled Samples 
Corresponding ho hhe 
Nearesh Time Incremenh

Ouhpuh L Samples 
of Zero 
Amplihude ®

Close Speech Ouhpuh
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