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PREFACE,

The work bezan at the same time as the setting up of a speech
research group in the Department of Communication. Practical experience
and apparatus were acciuired gradually, and it was not until the later
part of this study that both were of a2 standard to attack the more crucial
problems of speech analysis, The work has therefore been set at the
level of basic research info orne method of speech analysis rather than
that of the solution of more urgent problems that are holding up progress

towards ertificial speech recognition.

The work described in this thesis comprises one half of a two
pronged attack on the problem of the statistical analysis of clipped
speech. The techniques which have been developed have in many cascs
been‘applied both to speech analysis, evaluated by attempts at artificial
recognition, and to speech synthesis, evaluated by subjsctive testing,
The interaction between these two approaches has proved invaluable in the

development of ideas and in the interpretation of results.
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ABSTRACT.

Techniques are described for the statistical analysis of
clipped speech in terms of the time intervals between the zero crossirgs
of the speech waveform or its time derivaetive, The only statistic of
this kind which had been used prior to this study was the time interval
histogram, This suffers from great variability and does not have any
perceptual evidence to support its use, The present studies have high-
lighted some causes of its limitations, especially the perturbations due
to the pitch of a wvoiced sound. Its usefulness as a discriminator of
the continuant phonemes of the English language has been shown to be fairly
restricted.

An analysis of the second order, or digram statistics of the
time intervals is described, The use of this for discrimination of speech
sounds has some perceptual support and has been found to yield some inter-
esting differences in patterns between various speech sounds, A real time
visible speech display based on this statistical measure has been developed
employing simple analogue circuitry. A wide range of samples of speech
sounds have been examined using this novel method,

A technique of pitche~synchronous analysis of the time-intervals
has been developed to facilitate selective rejection of noise during wvoiced
speech, This method has been found to reduce the effects of conventional
noise and of pitch perturbations in the time interval statistics, A
similar technique has been developed for use with the real time visible

speech display.



A FDP - 8 computer was programmed to make quantitative
measurements on the time interval statistics of vowel sounds, in order
thet the relative diseriminability of the sounds analysed by the three
techniques of histogram, digram, and pitch-synchronous analysis of the
time intervals could be assessed.

The results of this analysis have shown that for a given
speaker and a limited set of sample utterances greater diserimination
between vowels can be achieved using digrem rather than histogram
statistics. No significant difference in discriminative power was
found between histogram and digram analysis when the set of utterances
was not restricted. Pitch-synchronous analysis has been found to
reduce the dependance of the statistics mon pitch but to give no corres-
ponding overall increase in vowel diseriminstion,

It is concluded that these time domain techniques can form a
useful component of the analysis needed for automatic speech recognition,
but that other types of signal processing will be required in parallel if

jdentification is to be reliable,
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INTRODUCTION,.

The recognition of specch is but one of the many functions of
which man alone is capable but which he has thus far been incapeble of
fully understanding or imitating artificially, It is one of the processes
in the human brain which has proved to be remarkably efficient in the most
adverse circumstances, when the perception of other auiitory signals of
similer complexity would be impossible.

It is clear that the understanding of speech is deeply involved
in the physiological and psychological development of ‘all human beings,

Tor this reason it is considered that the luman analysis system which has
defied imitation is likely to do so until a far greater understanding of

the functions of the elements and larger orgenisation of the brain has been
attained, and the links between physiological and psychological observations
have been established,

However, pressing humanitarian and technological problems of
giving aid to the deaf and durb and of commmnicating with digital computers
which have 'brain-like' information handling capabilities, have caused
partial answers to the basically unsolved problem of artificial speech
recognition to be sought and implemented.

I.1. The production of speech.

The method of speech production is important to all research
into the analysis or synthesis of speech, It is this human process which
the latter field of study is attempting to imitate, and on which the former
bases many of its methods. It seems likely that there is a complex link
between speech perception and speech production in both directions, The

disturbance of normal auditory feedback has been shown to impair speech



production (36, 18). It seems likely that tactile and proprioceptive
feedback &lso play an important part in speech production., This is
evidenced by difficulty ’in speech production encountered while suffering

the effects of anaesthesia of part of the articulatory system, These modes
" of feedback may also influence speech perception if imitation is induced in
the listener. The basics of speech production are therefore relevant to
our present study end to describe them provides a useful opportunity to
review the terminology of speech description,

The acoustic power for speech production is created by muscular
cortraction within the chest and abdomen causing an excess internal pressure
(59). The gradual outflow of air during a breath cycle is caused by contr-
action of the chest miscles, while pulsed abdominal contraction modulates
the air flow at the syllabic rate of speech,

This modulated flow of air is further modified in a large variety

of ways in the vocal tract. (See fig. I.l) These modifications are des-

cribed in great detail by Flanagan (21). The glottis or wocal chords at the
lower end of the tract consist of two lips of ligament and muscle which can
be stretched tightly across the tract so as to close it or can be relaxed so

as to allow the passage of eilr, The other articulators of speech are the

lips, velum, tongue and jaw, The 1ips act 4n a similar way to the glottis

in forming & closure or partial closure at the upper end of the tract, known
as the oral cavity., They are however far more flexible as they are capable
of mich greater movement relative to the cross sectional area of the tract,

The velum &cts as & valve either opening or closing the rear entrance to the

nasal cavity of which the nostrils form the front entrance, The tongue and

Jaw, in conjunction with the lips and cheek ruscles, modify the size, shape
and partitioning of the oral cavity.
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Fig. I.4 Speech articulatory organs.
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These articulators are capable of rapid movement enabling the
successive utterance of sounds which are perceived as the mutually exclusive
signals whith compose the repertoire of the speakers language., These sounds
have been classified by linguists into categories called phonemes (7).  The
phoneme is defined as the smallest linguistic unit which can cause a change
in meaning in a given lenguage., A set c¢f such units can be defined for any
language,

I.2. The dynamics of speech production.

The production of woiced sounds originates with the tension in

the glottis. Vhen a certain tension is achieved the combination of the
Bernoulli force caused by the_passage of air, and the state of tension,
causes the glottis to vibrate allowing short bursts of air into the vocal
tract at a2 frequency controlled by the subglottal pressure and the glottal
tension, This fregquency determines the pitch of & sound which is seen as
a periodic variation of amplitude in the speech wave end can be objectively

measured as the glottal reriod or the fundamental frequency.

The errival of the air pulses in the tract sets up resorances
in the various cavities between the asrticulators., The position of the
articulators determines the colour of the wvoiced sound. In pure voiced

sounds, the vowels, semivowels, and dipthongs, this colour is of utmost

importance for their diserimination, This colour can be indicated by the
time period or freguency ol each resonant cavity. When the acoustic wave
js analysed on a frequency scale, the colour is revealed as several bands
of energy which are termed forments. These formants are given. numerical
subscripts according to their rank ordering from low to high frequency.

Yhen the glottis is more relaxed air passes freely and various
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consonant sounds are produced, The simplest consonants from the productinn
point of view are those which ere caused by a single constriction of th
vocal tract cansing a continmuous noise-like sound., These fricative sounds
are rroduced by constrictions at the glottis itself, and combinations of

tongue-tip, teeth and lips. A conrlex sound knovwn as a woiced fricative

can be produced by a combination of these latter constrictions and a
vibrating glottis,

Stop conscrnants are a class of sounds which are caused by a

build up of rressure behind a complete closure of the tract at some place
or other, ceusing a silence, followed by a release of this »ressure causing
a short sharp burst of noise,

Nasal sounds are o subset of the voiced sounds in which the

. or lips
velun opens the nasal cavity and the tongue/close. the oral cavity, The

sound is emitted from the nostrils via the nasal cavity which typically hes
a low intensity high frequency resonance.

I.3. Speech Analysis.

The only general purpose speech recosgniser which csn opsrate
with great accuracy is the human ear-brain system, For this reason most
methods of speech analysis have been modelled on insights into how this
system wWorss, These insichts can be gained from experiments on two levels:
objective experiments to measure mechanical and electrical activity in the
ear and associzated nervous system, and subjective experiments to measure the
perception of suditory stimili, Some experiments of the objective type are
not usually possible on the mman auditory system for ethical reasons.
Experiments on the electrical activity associated with auditory stimuli have

been done meinly on cats and guinea pigs, with the result that the workings

of auditory systens in many ways similar to the human systenm are partially
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understood. A recent review of this work has been given by Thitfield (67).
The mechanical activity in the middle end inner ear of animals and humens
has been studied by Bekesy (4), His work has provided the basis for an
understanding of the relationship between the electrical activity observed
in the lower regions of the anditory nervous system and the characteristics
of the acoustic stimilation, TIn the study of speech these experiments form
a background reference inasmuch as speech is typical of all auditory signals.

Experiments of the subjective type have been desizn=d in several
ways. Two methods which will be reviewed in more detail in subseguent
sections inwvolve the measurerent of speech perception by the classification
of speech sounds by subjects, (ne way is to use speech which has been
synthesised from acoustic parameters which are thought to be important for
intelligibility, and the other way is to use natural speech which hes been
distorted, to remove acoustic information which is not thought to be important.
The subjects' classification of speech stimmli of these kinds can give
important information concerning the ascoustic features which are necessary
for intelligibility. A further method of measuring a s@jact's perception
of speech sounds, which uses the procedure of stimilus imitation, has been
reported by Kozhewnikov and Chistovich (32). An objective analysis of the
similarities and differences of the sound produced by the subject in imitating
the stimilus sound was used to study the way in which speech sounds are
perceived by the human ear-brain system,

I.4. Perception Experiments, using synthetic speech.

All experiments reported in the literature on the synthesis of

speech are based on frequency a.nalysis. Work on time domain synthesis has

been conducted by Underwood (66) in parallel with this present study.



Synthesisers using the vocoder principle described by Dudley (15) have
been built and produced speech of high intelligibility, Such experiments
reveal that a quantised description of the speech spectrum is sufficient for
intelligibility. An attempt to further reduce the bandwidth for speech
description waé made by Lawrence (35) who constructed a synthesiser to operate
on the clear visual features of the spectrographic display & speech made
famous by Potter, Kopp & Kopp (52). Detailed work on the synthesis of
speech using these parameters has been done at the Haskins Laboratory

(11, 14, 37) and by others in various laboratories. These experiments have
revealed that highly intelligible speech can be prodiced when described by
such parameters as the frequency and amplitude of the lowest three or four
forments, high frequency noise and larynx frequency.

I.5. Perception Experiments usinz distorted speech.

Most of the experiments using distorted speech have arisen from
the problems of the commnicstions engineer who wishes to econowise on the
bandwidth of a speech transmission chamnel, To do this he requires to
decrease the frequency range which he is to transmit end increase the power
of the signal to be transmitted. These two processes have led to two types
of distortion experiment. Firstly there is distortion of the frequency
dimension by low pass, high pass or band pass filtering or more complicated
processes, and secondly distortion of the amplitude of the waveform by non-

linear peak clipping.

Frequency distortion,

An experiment of this form was done by French and Steinberg (24).
They measured the intelligibility of speech as successively more severe high

pass, then low pass filtering was applied. Kryter (33) used bandpass filters
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which were moved through the speech band. A band pass filter whose band
width was successively widened to include more of the speech band was used
by Egan and Wiener (17). Similar work to the three studies mﬁtioned has
been conducted by several workers and a large degree of agreement on areas
of the frequency dimension that are important for speech intelligibility has
been achieved,

Amplitude distortion.

The classical experiment on amplitude distortion of speech was
‘done by Licklider and Pollack (4LO) taking the earlier work of Licklider (39)
to its logicel conclusion. They showed that the intelligibility of speech
is not greatly reduced when its waveform is subjected to 'infinite clipping'.
This process is the reduction of the speech waveform to "a succession of
rectangular waves in which the discontimiities correspond to the crossings
of the time axis in the original speech signal". Licklider (41) further
investigated the effect of distortion on the time axis of already infinitely
clipped speech, These papers will te considered in more detail,

Licklider and Pollack used three basic circuits which were linked
in different combinations for the processing of speech, The circuits were
a differentiator, an integrator and an infinite clipper. Their results
indicated that the preclipping processing of speech had a great effect on .
the intelligibility of the clipped waveform but that this intelligibility
was nearly independent of further processing after clipping. Differentiation
or integration without any cl\ipping gave similar articulation scores to the
undistorted waveform, differentiation prior to clipping gave a very slightly
smaller articulation score, simple clipping gave significantly less and

integration prior to clipping gave a very small articulation score indeed.
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The effect of post clipping integration or differentiation was shown to be
very small, An extension of this work to cover all possible combinations
of post-clipping differentiation with pulse shaping is reported by Ainsworth
(2) giving the same result.

In a later paper Licklider (41) investigated the effect of
distortion in the time dimension by quantising the time intervals between
zero crossings, He found that & reduction from 20,000 quenta per second
to 10,000 quanta per second corresponded to a drop in articulation score from
96% to 91 for pre-differentiated clipped speech, Further reduction ceused
considersble deterioration of the articulation score, It is interesting to
note that the zero-crossings of the clipper output in Licklider's experiments
were not accurately described as the zero crossings of the original speech
wave, There will have been a shift in the zero level of the signal due to
a,c, coupling in thé clipping electronics and the magnetic recording machine
used., It is rnot clear what difference d.,c. coupling throughout would have
had on the articulation score. It would of course very slightly from one
waveform to another.

Tanska and Okamoto (63) investigated some similar forms of time
intervel distortion. They allowed the negative-going edge of a different-
jated and clipped speech waveform to vary randomly in time subject to various
maximum delays. Syllable erticuletion dropped from 985 for a 1 pssc.
meximum,to 84 for 10 psec, and 55/ for 100 psec.  This decrement is ruch
lerger than that found by Licklider (41). A difference is that Tanaka and
Okamoto used a 'slice level' about which to elip rather than zero, in order
to reject noise, 4O db. below the speech level, in silent periods of the

speech.,  In relation to this, they showed the fall of syllsble articulation
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as the slice level was moved awray from the zero level, Syllable articulation
decreased from ~90/5 to ~~757 when the level wes lifted from =50 db. to
-30 db, and to 457 when the level was raised to =-20 db,

Tt wns concluded that the experiments described above showed that
the am:litude information in a speech waveform is of little wvalue in eonveying
intelligibility,but a certain accurecy of definition of the time intervsls
between true zero crossings is immortont., The acoustic patterns of the
speech which remained after climping were the temoral secuence of zero-
crossings of the waveform and the distorted spoctral pattern, It is possible
that cuss for the high intelligibility retained by clipped speech are containe-
ed in either or both of these patterns,

I. 6, Discussion on speech perceptinn,

The question,"Hlow doss the umon analyse end subsequently
recognise sounds of spzech?’, is still an open question after over half a
century of research into this topie. It has been ssen in this brief review
of verious approaches to the problem that rmch ground has been covered in
discovering what is, and what is not important for intelligibility to be
retained. Ixperiments have sugcested that such different measures as a
description of the short term frecuency spectrum, or of the time patterm of
zero crossings could be major explanations,

It seems likely that the human listener perceives speech as a
result of several separate auditory eues. ot all are necessary but no
one alone is sufficient. Some of these may best be described in the
frequency domain, others in the time domain, and others as relative features
in either domain, It should, however, be noted that human speech perception
jnvolves far more than ecoustic analysis (25). The muman listener can

supplement auditory ecues by visual ones from the speakesr if they are available



10.

to him. If they are not, he still has a vast experience of speech con-
straints to cope with a chenge of spesker or narrow his choice when a single
speaker is speaking. He also has experience of linguistic constraints
which enable him to accurately guess unrecognised sounds.

I.7. Analysis basad on the intellizibility of clirned speech.

The reason for the high intellizibility of clipped speech has
been pondered by several workers, Fourcin (23) has investigated the extent
to which the clipped speech retains the spectral quality of the original
unclinped speech wave, He found thot formant frequencies are still apparent
if their intensities are within 5 db, of each other, If one forment is
more intense than another by more than 5 db. it 'captures' the other by
dominatirg the zero-crossing pattern of the waveform, Thomas (64) has
recently shown that the experiments of Licklider and Pollack and several
other distortion experiments in the frequency dimension indicate that
preservation of the second forment is crucial for the intelligibility of
speech, The superior score obtained for speech which has been different-
jated before clipping is the major point in his argument fram these clipped
speech experiments. The +6 db./ octave frequency emphasis will cause the
higher formants to have more effect on the zero-crossing pattern and there-
fore be retained in the spectrum of the clipped siznal, He reports high
scores, only slightly less than those obtained by Licklider, for clipped
speech which hes been bandpass filtered prior to clipping, to admit only
th= range of the second formant,

Other workers have based their analysis on a direct measurement
of the time intervals between zero-crossirgs. Sekai and Inoue (55) assumed

that "it is reasonsble to expect" that a histogrem of these time intervuls
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would ensble one to "extract the indispensable factors which contribute
to articulation.,” They produced histograms for five Japanese vowels
using both normal end differentiated speech. In each case they found one
or two peaks in the distribution and found that they could recognise the
vowels by the positions of the pesks. They also produced histograms for
consonants and showed how they varied when followed by the wowels already
mentioned. The histograms of the unvoiced fricatives /s/ and / f / were
shown tc be independent of the following vowel but the stop consonant /k/
was seen to produce histograms very similar to those of the vowels which
followed it. Histograms of /m/ and /n/ were found to be dominated
by the effects of the fundamental frequency and a high pass filter was used
to remove these, Their general philosophy was to avoid the use of filters
in order to retain the time resolution that zero-crossing measurements afford.

Sakai and Doshita (56) have developed a more comprehensive speech
recognition system. The basis of operation has however shifted,from an
analysis of the histograms of the time intervals between zero-crossings,to
the use of zero-crossing information from the outputs of two frequency filters.
These filters were chosen to match the range of the first two formants,
Their analysis is therefore on the basis of the intelligibility of two
formant synthetic speech although they have not used narrow band filters
to determine the formant frequencies.

Bezdel and Chandler (5) were more cautious in their approach
to the analysis of ZzZero-crossings. They said "while it is clear that
there is sufficient information left for the human to recognise clipped

spesch, the extent to which zero-crossing information will allow machine

recognition of speech has still to be established."



12,

They analysed four English vowels /A /, /e/, /i /, avd /u/,
and the dipthong /pu/. They performed a qualitative analysis using a
histogram with 16 bins, but reduced this to 6 bins when obtaining
quantitative results using a recognition test., Histograms were compered
for similarity using several decision functions, one of the aims of the
study being to find the best decision function. Using a weighted Euclidean
distance decision function scores of 97%, 95% and 94% were obtained for
women, men and mixed groups of speakers, They further analysed clipped
speech by prefiltering into two bands 300 - 1000 ¢/s and 1000 - 3400 ¢/s
prior to clipping. Noticeable improvement was found in the recognition
of some sounds.

Chang et al.(8) also used a measure of the time intervals between
zem—crossingé in order to produce a form of visible speech similar to
thet of the spectrogram, They produced volteges related to the time
intervals between zero-crossings and displayed the variation of these
voltages in real time on an oscilloscope with a long persistence phosphor,
This work was essentially an attempt to reproduce the visible speech patterns
of the spectrogram using zero-crossing information as this could be obtained
with very simple circuitry. ’I.‘{my showed that the intervals between the
gero-crossings of the originel speech wave emphasised the first formant of
vowel sound whereas those of a differentiated form emphasised the second
forment, A superposition of the patterns achieved by both methods gave
an 'intervalgram' depicting the variations seen in the two formants.

They found that the many extra tracks across the screen not releted to

formant movements ocould be largely removed by combining two or four
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adjacent intervals and plotting their mean value,

This combined interval measure is tending towards a measure of
zero-crossing rate which meny workers including Chang (9) have used es
a measure of frequency.

I.8. The development of anaslysis using waveform information,

Without proposing that the information ocontained in the patterns
of time interwvals between zero-crossings of the speech wave provide the
whole answer to the speech recognition problem, it is proposed that analysis
of this information bhas some singulerly attractive features which merit
further investigation.

The study of the speech waveform has recently been urged by Dudley
(16). EHe points out that many of the 'parameters' extracted by extensive
filtering systems can be simply extracted visually in the time domain,
This wes elso the philosophy of Chang (8), and more recently of Reddy (54),
who both maintain that these ‘'parameters'! can be extracted by simple circuitﬁr
or simple computer routines, without the constraints imposed by time- |
frequency uncertainty.

A large rumber of the features of the waveform can be extracted
from a reasurement of the zero-crossings of various simple tranaforms of
the original waveform, When a differentiating circuit 1s fed with al
speech wave, the zero-crossings of its cutput will give the timing of the
looai maxima and minima of that waveform, This enables measurement of the
reletive positions of the pesks in time and detection of high frequency

ripple even if 1t is at low amplitude relative to the major components of

the waveform, Similerly if en analogue integrator is used, the time



course of asymmetries in the waveform can be measured, The zero-
crossing pattern of the integrated waveform was found by Licklider's
perceptual experiments to carry very little intelligibility, but it does
give information as to the shape of the waveform and as such it could be
useful in resolving ambiguities that may arise, or indicate where noise
is most likely to disturb other zero-crossing measurements. The pattern
of zero-crossings of the original speech wave ltself of ocourse provides
information as to the dominant acoustic component of the sound, It is
clear that any combination of these preprocessing conditions can be
achieved by mixing in varieble ratios the ocutputs of two or more pre-
processing oircuits before zero-crossing patterns are measured. A parallel
oombination of features extracted by the various preprocessing cirecuits
could be achieved by analysis of the zero-crossing patterns after clipping
the outputs of two or more such circuits,

The possibilities are very great and it was not possible to treat
all of them in the studies to be described,

I.9. The need for a statistical approach,

The need for a statistlical approach to the qualitative or
quantitative measurement of speech sounds has became aocepted: over recent
yesrs, The advent of quantitative measures has certainly extended the
use of such measurements (51) although the usefulness of statistical models
has become apperent in the more quslitative areas of linguistics and
phonetics, Herdan (28) reviews the use of mathematical statistics in the

relationship of phonemic and phonetic categories, He quotes, in trenslation,
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8 simplified picture presented by Zwirner and Zwirner (69) "Since such
norms (phonemes) cannot be realised by the speech organs in exactly the
same wey twice, the transition from phonology as a science of the norms
to phonetics as their realisation in speech must be of a statisticel nature,
such that the variations of a sound are distributed around their average
eccording to the Geussian law (normal curve), and these averages are what
correspond to the norms", Herden points out that Trubetzkoy cannot
reconcile the phoneme with a 'phonetic average' of the realisations of
that phoneme, 8s it is possible for same phonemes to have several discrete
phonetic averages depending on their contextusl circumstances.,

It is clear that in proposing a statistical analysis of speech
on a phonemic level either @tmm distributions mist be accepted or
a less wide ranging analysis must be attempted. The following study on
‘isolated ~’sounds is attempting to work within the constraints of unimodal
phonetic distributions. In the investigation of zero-crossing measures
as partial descriptions of such distributions it is clear that statistical
measures mst be made in both the tims interval dimension and the ongoing
time dimension. This is necessary as the time intervals between gero-
crossings are measurements on a time scale which is miecroscopic when
compared With the time scale of phonemic variations,

1.10. The basis of the present thesis,

In this thesis the development of stulles conducted on statistiocal

measurements of the time intervals between the zero-crossings of speech

waveforms will be described. A limited analysis has been done on & few
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English vowels by Bezdel and Chandler (5) and a wider ranging analysis

on Japenese phonemes has been done by Sekai and Inoue (55). Both these
studies have been based on histogrems of the time intervals and some
success has been reported (seé section I.7.) However, the assumptions
of Sekai and Inoue that the intelligibility of clipped speech suggests
that the infarmation contained in such a histogram is sufficient to extract
®the indispenssble factors which contribute to articulation® cannot be
Justified, There is no evidence that the perception of a time pattern
of pulses is uniquely related to the characteristics of their first order
interval distribution. Contrariwise it seemed eminently reasonable that
a change in the ordering of such a time pattern, so that the first order
distribution remains constant, would cause a change in the perceived
auditory sensation. This was shown to be true bj some preliminary
experiments conducted by M.J.Underwood (66). It was en aim of this
present study to investigate higher order statistics of the time interval
patterns of speech to see if they provide more information relevant to
the separation of speech sounds that are perceived as different by human
listeners,

The times damain of the speech wave is dominated by information
concerning the pitch of woiced sounds, This feature is very dependent
on the speaker and his emotional state rather than what he is trying to
commmicate, It is appreciated that on a semantic level pitch has a
considerable effect in the creation of distinoctions of meaming ; but on
s phonemic level in the English language, distinotions ere not pitch
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dependent, A practical aim of this study was to overcore some of the
inherent problems of time domain measurements in speech by taking advant-
age of the redundant nature of its waveform,

At the suggestion of Professor D,M.Mackay it was decided to
evaluate the following techniques of measurement of the time interwvals
between zero-crossings,with a view to the discrimination of speech sounds,
on a wide range of English phonemes,

1. Simple histogram analysis,

2, Second order, 'digram' analysis,

3. The further use of speech wave redundancy,

The structure of this thesis is as follows,

In chapter one the basic apparatus to examine time interval
histograms is described and results of histogram measurements are presented.
The way in which these zero-crossing measurements reflect distinctive wave-
form features are emphasised as well as histogram features which allow the
original sounds to be distinguished,

In chapter two the development of apparatus to measure second
order statistics is described and results presented. These resultg ecover
a wider renge of speech veriations due to different speakers and differently
pitched utterances being used, Methods of rejecting urwanted information
in these statistics are reviewed and a nev; method incorporating speech
wave redundancy 1s employed.

In chapter three the growing need for a quantitative measurement

on these statistics is dealt with and a suitsble one employed. Limitations
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of this measure are found and modifications to overcome them and take
further advantage of the redundancy of the signal being analysed are
discussed,
In chapter four quantitative measurements on all three proposed
techniques are Me and more general estimates of their usefulness assessed.
In the final chapter conclusions on the usefulness of the three
techniques investigated are presented. The wgy forward in the application

of these techniques to artificial speech recognition is suggested.
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CHAPTER (NE, - Qualitative analysis of the first order statistics of

the time intervals between zero-crossings of the speech
waveform, ‘

Introduction.

The aim of the studies which form the basis of this thesis was
to evaluate the usefulness of the statistics of the time interwvals between
gero-crossings (2Z.C.s) of the speech waveform (to be referred to as T.I.
statistics) in discriminating between speech sounds. The philosophy
dominating early thought on this work was that information extracted from
such statisties eould be used as a partial tool for this diserimination.
However the T,I. statistics alone have been used in thé present sudies
whose central enquiry has become, "What questions about speech sounds can
be simply answered by reference to these statistics?",

It is the purpose of this chapter to explore the first order
7, I. measurements of apeech; to illustrate any relationships to the more
conventional frequency domain of measurement and to evaluate the possibil-
jties of statistical measurements being used to discriminate speech sounds.

It was not clear from the literature what the stability of the
m,I. statistics of various speech sounds is like, or how the statistics
are effected by pitch in voiced sounds, The initial aim was to obtain a
visual display of the T.I.s that would provide some statistical information
on which measurements of stability and pitch dependence could be made,

1.1 Description of Electronioes.

The electronies required to perform this analysis can be



considered in four perts, Firstly there is the circuitry in which the
speech waveform is processed prior to clipping; secondly the clipping
amplifier itself; thirdly the post-clipping processing of the clipped
waveform which is needed to define the T.I.s by the intervals between
pulses and fourthly circuitry to present the measured T.I.s in a statistical
form.

1.1.1 The preprocessing of the speech waveform,

‘ The forms which this could teke can be divided into two categories,
There is preprocessing which will eliminate unwanted information and noise,
and that which will extract specific features from the waveform to be
analysed in parallel with or instead of the original waveform.

The former could take the form of a limitation of the bandwidth
of the speech signal to that which is known to contain important aspeech
information., Extensive studies on the spectral analysis of speech have
' been carried out by Potter, Kopp and Kopp. (52). No such bandwidth
limitation was used in the early experiments although simple R -~ C integ-
ration was used to limit the high frequency gain when differentiation of
the waveform was used, The use of sharper low pass filtering for this
parpose will be discussed  later.

As the system to be evaluated is easentially a temporal enalysis
of the speech waveform, selective filtering which involved temporal smooth-
ing of the waveform was avoided .

Another form of noise which could be eliminated at this stage

is that of spurious Z.C.s which are not truly descriptive of the major



features of the waveform, The elimination of these is discussed in
the next chapter, The initial epproach to this problem was to measure
every T.I. accurately and rely on a high signal to noise ratio to render
the effect of noise negligible, The signal to noise ratio for the
microphone and pre-clipping circuitry was 52 db,

Two forms of preprocessing to extract features from the waveform
were used, A method of locating the start of each glottal period, defined
as the position of the maximim amplitude lobe of the waveform within a
certain period, was used in a later stage of these studies and will be
desoribed in a later chapter. The second process of feature extraction
was differentiation of the waveform with respect to time, As seen in
the previous chapter the clipping of this waveform will define the intervals
between the maxima and minima of the original waveform. Differentiation
can also be considered as a frequency shaping of + 6 db., per octave together
with a phase shift of -Tr/z . This preprocessing was included,as other
workers, notably Licklider and Pollack (40) end Ainsworth (2), have shown
that the intelligibility of clipped speech is enhanced significantly if
the waveform is differentiated prior to clipping. A further variant of
preprocessing was made possible by feeding the normal speech signal and
the output of the differentiator to either end of a potentiometer, The
signal at the variable slider was a mixture of the two signals in a ratio
dependent on its position.

The circuit used to provide the differentiation was a long-

tailed pair amplifier with capacitive input and resistive feedback.
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The d.c., operating position of this amplifier was adjustable to give
equal positive and negative peak limiting., This was found to be neceasary
to awvoid distortion of the Z.C.s when high frequencies of appreciasble
ampl itude were used during testing with a sine wave., However the
probability of these combinations of frequency and amplitude are quite
low es shown by the long term speech spectrum given by Miller (47).
1.1.2 The clipping amplifier,

The most accurate end stable circuit that was built to act as
a 'clipper' was a long-tailed-pair symmetrical smplifier., A diagram
of the basic stage is given in appendix 1. As this circuit is basically
a linear amplifier and not a trigger circuit end each stage is a,c. coupled
to the next one, the clippiig level was maintained by ensuring that pesk
clipping of a sine wave wes equal for positive and negative exoursions,
The s.c., coupling used had a time constant of over 100 msecs., This was
far greater than the time constant inherent in the tape recorders used,
Four stages were required to provide sufficient gain to achieve fast
positive and negative going edges to drive an Eccles Jordan bistable
oircuit from the signal of lowest frequency and emplitude likely to be
encountered. The bistable was included as a waveform shaper to ensure
that the slope of the positive and nepative going edgesof the olipped
waveform were independent of the emplitude/frequency characteristies of
the original waveform. The four stage amplifier was extremely stable
despite the fairly severe temperature changes that it experienced in the

temporery buildings in which the early part of this research was done,
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1.1.2,1 The setting up of the clipping amplifier for use with speech.

The initial setting up of the clipping emplifier was performed
using a sine wave input. It was realised however that such a signal would
not give a true impression of the performance of the amélifier when used on
speech waveforms, On the basis 61’ the long term spectrum of speech given
by Miller (47), 500 o/s was chosen as the frequency most likely to dominate
the average speech waveform, and therefore its Z.C,s, A 1 volt peak to
peak 500 ¢/s sine wave was used to typify the most probsble speech wave
input. An output of unity mark to space ratio was achieved for this input
by adjustment of each stage to give equal positive and negative peak clipping.
The merk to space ratio of the output remained unity for all frequencies
within the speech bandwidth at this amplitude. At .a.n amplitude of 0.1
volt peak to peak the mark to space ratio equalled 0.8. |

The setting up of the clipping amplifier using a sine wave was
considered as the initial check that accurate T.I.s of the input wave were
being measured. It Was reelised that any Z.C. perturbation due to the
a,c. coupling of the amplifiér stages would not be seen using such a regular
signal, and also that the effects of rapidly changing amplitude of individual
w;veform lobes as found in speech could not be observed.

A further estimate of the clipping accuracy was made by simple
compaerison of the clipped waveform and unclipped waveform of several vowels,
The comparison of these waveforms was facilitated by the application of the
clipped waveform to the Z - modulation of the oscilloscope. In this way a
regular or even continuous check on the accuracy of the clipping emplifier



could be made, The error in Z.C, measurement observed when using low
amplitude sine waves was not evident when similar amplitude lobes of the
speech waveform were examined. It was therefore assumed that the
irregular mark to space ratio experienced with a low amplitude sine wave
was due to drift caused by a change in the long term energy of the signal
rather than its instantaneous amplitude., The input to the clipping
amplifier was thereafter controlled to give a constant average voltage
inpat.
1.1.3 FPost clipping processing,

The rectangular ocutput waveform of the clibping emplifier was

used to drive pulse circuitry which provided pulses at the Z,C.s of the
pre-clipping waveform, Two simple R - C differentiators and rectifiers
operated on the out of phase outputs of the Eccles Jordan circuit producing
positive pulses at the positive and negative Z.C.s separately, A switch
enabled either or both these sets of pulses to be transmitted to a stage
of pulse shaping. The resultant waveform was a frain of pulses of defined
amplitude, duration end rise time at either the positive going, negative

going or every Z.C. of the pre-clipping waveform.

1.1.4 Apperatus to present the T.I.s in statistical form.

There are three features of the measured T.I.s that were oonsider-
ed important in the study of their first order statistics, These are the
lengths of the intervals, their probability of occurrence and the varisbility
jn time of intervals of very similar length which have a high probsbility

of ocourrence in a particular section of speech waveform. Two methods were
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used to derive the first order statistics; one of them displayed all three
features whilst the other sacrificed the third feature for greater accureacy
| in the first and second. The former method resulted in a display very
similar to that used by Chang et al.(8). A real time display of each
interval was made on an oscilloscope as the vertical displacement of a spot
from a horizontal line, The horizontal time axis was selected by the time
base controls of the oscilloscope used., The frequency of occurrence of
any one interval length or group of interval lengths was given by the
brightness of the spot at a point in time or by visual integration of the
brightness of a succession of spots in a horizontal plane, This depended
on the speed of the time base selected.

The display was achieved in the following way. 2.C. pulses
were caused to arrest the charging of a capacitor, discharge it and then
allow it to recharge until the next Z.,C. pulse occurred., As a constant
voltage source was used to charge thé capacitor, the charge on the capacitor
gave an exponential transform of the T,I, that was ocourring, By causing
the discharge of the capacitor with the trailing edge of the Z.C. pulse,
the pulse itself could sample the voltage on the capacitor by modulatiné
the brightness of the C,R.T. to whose Y amplifier the voltage on the
capacitor was presented.

1.1.4.1 A more sophisticated way of compiling and displaying
the first order statistics of the T.I.s was achieved by the use of one of
three preprogrammed modes of operation of the Mnemotrm Computer of Average

mransients (hereafter called the C.A.T.). The major raison d'etre of this
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computer in the department was the averaging of electroencephalographic
responses, but it was capable of providing a visual display of the T.I,
distributions and was used fairly extensively far this.

The C.A.T. has a core store of 400 20 bit words. An address
pointer can scan the 400 word addresses at a variable linear rate using
the internal analysis sweep,or at any other rate less than 800,000 words
persecond using an external sweep controlled by pulses at the addreas
advance input, The arrival of a pulse at the address reset inpat ocauses
the contents of the address whioch is currently being scanned to be incre-
mented; the address pointer returns to the first address,and after a dead
time of 50 ps. restarts its address acan, Clearly the length of the
interval between the pulses applied to the address reset input is proport-
ional to the number of addresses that "are scenned before a pulse arrives
and the process .is restarted.

The C.A.T. is provided with a C.R.T. display on which is displayed
the contents of the core stors, This is in the form of 40O spota which are
1ifted from a base line according to the number of oounts in each word.

This display is clearly in the farm of a histogram, If the rate of scamning
the addresses is increased to its maximum velue,by use of an external pulse
generator, the histoéram approaches a contimious distribution,

1,1.5 Majmetic Recording of sounds.

Two recording machines were used at different times during this
work. They were a Siemens 12 stereo tape recorder and a Bell and Howell

Language Master. Descriptions of these machines and their use will be

found in appendix 3.



27,

1.2 The variation of T.I. statisties in time,

The first method of displaying T.I. information is basically
the same as that used by Chang et al to provide similar visual information
to that available from the spectrogram, It was used in the present study
to give the experimenter experiemnce of the temporal characteristiocs of T,I,
distributions as parameters of speech sounds, Several utterances were
recorded on magnetic tape and played back, displaying the T,I.s on the
secreen of an oscilloscope. The utterances were of various durations,
from single phonemes to complete sentences. These displays (fig. 1-1)
are presented to give a genersl impression of the intervals that are present
in oertain speech sounds and an estimation of their stsbility in time.

A simplification of this display to enhance its usefulness as 'viaible
speech! which is not the main concern of thias study, is presented briefly
in appendix 6,

Several importent points derived from this displey are illustrated
in figure l.1. It should be noted that in this and subsequent photographs,
7?,I.s are measured dowrwards from the solid horizontal line and that the
7T.I. scale is exponential with respect to time, The display or 'interval-
grem', to use Chang's terminology, of the sentence "She said it." illustrates
the stark difference between vowel and fricative T.I. distributions and minor
differences between the three wowels and between the three fricatives present.
The extent to which the interval distributions are constant within each
phon@ segment is encoursging for the analysis of steady state contimants,

The totally vocalic utterence of "Where are you?" presents less



(b) Where are you?

(d) /a/
Fig. 1.1 Time interval patterns of speech sounds.
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clear cut distinctions although smooth trends and steady state portions
can be detected,

The intervealgrams of the two vowels /i/ and /a/ have a time scale
which has been expanded by a factor of two. They illustrate two forms of
variation of the T.I, distributions of steady vowel utterances of constant
pitch, In the case of / i/ one peak of the distribution is well defined in
the long time interval region. The scatter of points in the shart time
interval region indicates that distributions measured over short duretions
may differ quite considerably within the ssme steady utterance, This
intervalgrem illustrates’ the need either to measure distributions over
periods longer than some empirically defined minimum or to describe the
distribution as a histogram using bins of sufficient width to smooth the
fluctuation observed.

The variation with time in the intervalgram of the vowel /a/ is .
slower than that of/i/. It is interesting to note the strong negative
correlation between the variation of the shortest and longest intervals.
The sum of the characteristic intervals is seen to remain fairly constant
but three of them vary considerably within this constraint. An inter-
pretation of this will be made in a later section when the effects of pitch
are considered.

1.3 The choice of phonemes and speakers,

The choice of speech material on which to perform the proposed
analysis presented several problems, It was desired to use speech sounds

defined on & scale which was as widely accepted as possible, The cardinal
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vowels defined by Jones (31) were considered as a partial fulfilment of
the above aim, Such a choice would however restrict the choice of speskers
to those sufficiently trained to produce these sounds accurately. It was
therefore decided to use speech sounds which could be produced by any
speaker with a minimum of instruction and which would also conform as nearly
as possible to those used by other experimenters in the analysis and synthesis
of speech. The large volume of work done on American English was obviously
unsuitable for comparison with the present wark on a phonemic level due to
the large differences in vowel quality.

The phoneme set finally chosen was that defined by Abercrombie
(1) as "based on the accent of Standard English which is best called 'R.P,'
or ‘received pm'omnciation;.”, and used by Holmes et al (30) in their work
on 'Speech Synthesis by rule'. This set was found to be the best approx-
imation to the phonemes produced by the available speakers, These were
the three members of the group working on speech in the Laboratory. They
were naive phonetically,but had experience in the analysis and synthesis of
speech, A selection of contexts from which the phonemes could be extracted
was compiled,based on agreement between the three members of the group .

These contexts consisted of severel isolated words which were
agreed to define a perticular phoneme. When an utterance of a certain
phoneme was required, the selection of woards were spoken after which the
spesker would articulate the required phoneme common to each of the words
previously uttered. In this way the problem of memorising the positions

of the articulators for the unnatural isolated utterances wes overcome by



TABLS 1

P ad

Ji/ :seek,teach,peel,becn,lecave,hear.
/1] isick,pill,wit,king,fizz,dig.

(e :shed,then,rest,sell,met,ten.

%[ :bad,nass,sap,tang,vat,rack,

[3] :bird,shirk,learn,verse,were,hurt.
IAl :cup,dung,pus,fun,gust,sud.

Iv| stook,bush,could,put,foot,good.
[ul smoon,boot,to0l,z00,5p00n,lune,
o] stop,pot,shone,gong,doll,what.
o] :law,sawn,port,fork,all,thoughte.
a/ :mark,car,art,barn,psaln,large.
la/ :the.(As distinct from [3] )

vl :eva,votes

[z] teasy,200e

/3] tazure.

[¥] :then,this.

[f] :if ,for.

[0l :thin,thanke

[s] 1ass,s0cKe

[f| :she,shirte

|l she,hum.

[m| :mat ,mop,mo0d,omo,coue,loom.
[n :nock,night,noon,ana,clan,bun.

/7[:sing,king,ring,wrong,rang,pang.




the use of the short term memory of the phoneme defining contexts, A
1ist of the phonemes used and their defining contexts sre shown in Table 1.

1.4 Time interval histograms of control stimali,

The results illustrated in fig.l.l confirm the findings of Chang
et al,that the T,I, distribution of speech socunds varies in a fdirly smooth
way in the manner of the well-known spectrogram of speech. The work des-
cribed in the rest of this chapter is an extension of the work published
by Bezdel and Chandler (5) and Sskai and Inoue (55), and is based on the
above observed fact,

Before locking in detail at the time interval histogrems, which
are essentially quantised sections of the intervalgram pattern averaged
over a short duration, T,I, histogrems of control stimuli will be presented.
The purpose of this is to reveal the accurasy of operation of the apparatus
described earlier in the chapter,and to femiliarise the reader with the use
of this analysis on simple signals,prior to investigating their use with
complex speech waveforms,

A1l the analysis of time interval histograms was originally done
using the C,A.T. computer and will be described as such. However the actual
displays illustrated in this thesis were produced using the PDP-8 computer
and its associated 338 display using the C,A,T. simulating program. This
1line of action was taken when difficulty was experienced in printing the
photographs taken fram the screen of the C.A.T.. In the simulated display
solid lines of varisble length rather than the displacement of e dot are

used to indicate the contents of a histogram bin,
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The time interval scale was derived by driving the eddress
advance of the C.A.T. externally with a variable frequency mltivibrator.
This could be adjusted to give any linear time interwval scale within its
renge. In practice this was usually set to oscillate at 50 K¢/s and
expansions of the scale by factors of two and four were made by use of
a 'horizontal size'! control. The bin widths of the histograms produced
by this system were always 20 ps. but the bins were displayed more or less
densely along the horizontal axis.

l.4.1 T.I. histograms of simple auditory signals,

The form of the control stimuli and their time interval histo-
grams sre shom in figures 1.2, 1.3 and l.4. Figure 1.2 illustrates the
T.I. histogréms of two sine waves, On the left hand side is the histogram
of a sine wave of frequency 200 ¢/s. and emplitude 1 v. peak to peak, and
on the right,that of a sine wave of frequency 1000 ¢/s, and the same ampli-
tude. Only & very slight departure from the ideal unity mark to space
ratio of the clipped signal is experienced at very low frequencies at this
emplitude. As wes mentioned in section 1.1.2.1 the signal strength for
subsequent speech input to the system was maintained at a mean level of
1 v peek to peak.

Figure 1.3 illustrates the T,I, histograms of white noise
generated by a Dawe white noise generator. Low pass and band pass

£iltered versions are presented for comperison with the histogrems of

noise-like speech sounds.



200c/s. (b) 1000c/s.
fige 1.2 T.I. Histograms of sine waves.
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(¢) 3 ke/s. L.P.
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Fige 1.7 T.I. Histograms of bandlimited white noise.
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l.4.2 T.I. Histogreams of synthetio speech,

Figure 1.4 illustrates T.I. histograms of synthetic acoustic
parameters of speech produced by a parametric speech synthesiser built
by W.A.Ainsworth to the design of J.N.Holmes, This device is capable
of p&odncing synthetic speech from twelve parallel parsameter controls.

components under the control of

In normal operation/these parameters are mixed together to produce a
synthetic waveform, Here it was thought instructive to exsmine some
acoustic parameters separately, The synthesiser was designed on the
formant model of speech, and it is individual formants that are examined
here. Unless otherwise stated,a constant excitation frequency was main-
tained throughout,thus giving a constant glottal period in the time domain,

The purpose of this control was to use simple, yet speech-like,
waveforms to illustrate same basic features of the analysis of the T.I.s
of speech waveforms, The single formants illustrated in figure 1,4 parts
A and B, and D and E,were added together in antiphase with relative
amplitudes chosen to give the subjective impression of an /3 / (pert C)
and an /i/ (pert F). It can be seen that the T.I, histograms of single
forments of decreasing frequency, (i.e. the sequence E, B, A, and D in
figure 1.4) reveal increasing complexity, The reasons for this are the

uymetrical form of the glottal excitation, and the temporal constraints

of g]_ottal mpetition.
' These two reasons for the complexity of the T.IL histogram of

signsel which has a comparatively simple specifieation in the frequency
a

gomain will be discussed in more detail,
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1.4.3 The asymmetry of glottal excitation.

The repetitive damped simisoid which constitutes the waveform
of a single speech formant is not symmetrically placed about its zero
level, This is due to the asymmetrical nature of the exsitation function
which is a succession of unidirectional pulses of air. In the case of
the synthesised speech this asymmetry was controlled by the a,c. coupling
of the signal, but to some extent this compensated for the idealised
tglottal pulse' used to excite the synthesiser, The asymmetry, so produced,
tended towards the expected effect that a more natural excitation function
would have on the waveform.

This asymmetry causes the interval which is half of the inverse
of the formant frequency to be at the centre of a spread of intervals and
not to occur alone as in the case of a sine wave, This perturbation of
the intervels can be loosely associated with the bandwidth of the farmant
which has not been found to be an important feature in the frequency domain
measurenments of apeech,

1.4.4 The constraints of glottal repetition,

The effects of these constraints,as seen in figure l.k,are
correlated with the relative values of glottal period,or fundamental
frequency, and the formant frequency. However the effect of a finite
glottal period will be considered first of all in isolation.

The facts of the case are very simple, The glottal period ocontains
o set of time intervals which ideally are thought to be repeated within

every such period of a constant sound. When the glottal period chenges



Pitch increasing — .

Fig. 1.5 Pitch perturbation of a voiced speech waveform,



and the sound remains the same, albeit giving a different pitch sensation,
the set of time intervals must change, either to occupy a longer interval
between glottal excitations or a shorter one. Figure 1.5 illustrates a
typical case of a vowel waveform in which the perceived pitch is increasing
and the observed glottal period is decreasing. It has been observed by
vj_gwing‘ the waveforms of both natural and synthetic ' :vowels.. that intervals
corresponding to A, B and C coalesce when a shortening of the period is
required,and reappear as separate intervals when a lengthening of the period
ocours. If the glottal period is shortened further the interval under peak
R is reduced by the same smount until a further three intervals coalesce,
The relation of this to the effects seen in figure 1.4 is as follows,
When & high frequency formant has a glottal period of a certain value, the
perturbation to the T,I. statistics of the change in one intervel or the
coalescing of three intervals is small when oompar-ed to the number of stable
jntervals contributing to the statistics. It is clear that when a low
frequency formant has a similar glottal period the perturbation dus to these
tend effects' is quite substantial., Thus these perturbations are seen to
be proportional to the relative values of the glottal period and formant
frequency, or more directly to the number of T.I.s there are in each glottal

period.
1.4.5 [The effect of gross pitch changes on the T.I. histogram.

The changes that are caused in a T.I. histogram by gross changes

in pitch, and therefore in the glottal period, can be seen in figure 1,6.

The histograms of & single synthetic formant are seen to contain a pre-
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(a) Double formant synthesis.
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(b) Single formant synthesis.
4.6 ms,

Fige 4 .6 Histogran variation with the pitch of a synthetic voiced speech wave
(4 msec. scale)
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dominant peak at half the inverse of the formant frequency. As the
glottal period is reduced the effect described in figure 1.5 occurs
and both longer and shorter intervals occur. When very short glottal
periods are produced the effect on the major peak of the histogram is
seen to be far greater than at longer glottal periods. It has already
been observed that at such pitches a far greater proportion of the time
intervals are involved in pitch perturbations, Tﬁe alternation between
the shorter and longer intervals as a result of pitch perturbation for
the glottal period values used is fortuitous. To illustrate this two
histograms with the glottal period at approximately 6.4 msecs, were
taken and their difference is marked,

It should be noticed that a change in pitch does not only
affect the Waveigm in the way illustrated in figure 1.5. The wave-
form consists of/ :uperposition of the harmonics of the glottal excitation
fundamental frequency, modified in amplitude by the frequency response of
the vocal tract. When the fundamental frequency changes,this set of
discrete components of the waveform also change. When a certain harmonic
of the fundamental coincides with the centre of a formant in the
frequency response of the vocal tract, the amplitude of this frequency
is enhanced slightly. When this formant does not coincide with such
a harmonic the amplitude 1s dependent on the summation of off centre
harmonics whose amplitudes depend on the shape of the formant peak,

It is clear that the fundamental will be a subharmonic of a formant

frequency at different values of fundamental frequenoy for different
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formants.

V/hen the T.I. distribution is poised nicely between being
dominated by one of two formants of nearly equal amplitude, this
effect can cause a different kind of pitch perturbation in the
distribution. 7%This effect plus the previously mentioned pitch
dependence can be seen in figure 1.6, where the histograms of a double
formant sound, giving the subjective impression of an /u/, are shown.
At glottal periods of 5.6 msec. and 6.4 msec. the effect of the higher
formant is reflected in the histogram. The only modification to the
synthesiser was a change of excitation frequency.

1.4.6 Application to T.I. measurements on real speech.

It was seen in figure 1.1 that there is a variation with time
of the T.I. distributions. The explanation of this was reserved until
now. It seems that these variations can be explained on the basis of
changes in the length of the glottal period. During a subjectively
steady pitch utterance, the length of the glottal period is seen to
jitter back and forth around some mean value. It is assumed that the
intervals which showed variation in figure 1.1 are those at the end or
beginning of the glottal period which are maximally perturbed by any
change in the length of the glottal period. The correlation noted
petween the occurrence of the longest and the shortest intervals can
be interpreted as the occasional slight crossing of the clipping level
which caused a pair of short intervals to be created reducing the long

one of which they had previously been a part.
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l.4.7 The effect of monotonic pitch variations.

To assess the effect of contimally reducing or increasing the
length of the glottal period on the T.I. pattern, vowels with rising
end falling pitches were produced, The vowels /a/ and /u/ were
chosen to represent open and close ' wvowels; the waveform of the former
showing greater formant demping than the latter, TFigure 1,7 depicts
the variation of T.I.s in time as the pitch is falling and as it is
rising. The pitch change was approximately one octave,

In both vowels the rising pitch involves the shortening of certain
intervels and the falling pitch involves the lengthening of certain
intervals. In the case of /u/ this is seen to be a long slow pro-
cedure involving several intervals, Two of the four characteristic
intervals of the waveform are involved in major changes,end the other
two in minor perturbations, In the case of the open vowel /a. /, the
major formant being higher than in /u/, there are more intervels within
the glottal period. A far smaller proportion of them are effected by
the veriation of pitch end fewer long slow variations in the intervals
are seen. This indicates that certain vowels, especially close vowels,
whosil/z;f‘izmants do not decay aprreciably in the glottal period,are effected
very greatly by pitch variations such that the majority of intervals are
changed. This nbehavi.our is seen in such vowels as /u/, /v/ exd /i /,

In most other vowels however the variation of time intervel patterm with

pitch is more like that of /a /.



(a) rising pitch /a/. (b) falling pitch /a/.

(¢) rising pitch /u/. (d) falling pitch Ju/.

Fige 1.7 Time interval patterns of vowels with rising and falling pitch.

(Scales as in fig. 1.1 (c) and (d).)
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1.4.8 The mixing of synthetic formants,

The T.I. histograms of the mixed formant waveforms,shown in
figure 1.4 (C, F), indicate further points which are typical of the
histograms of vowel sounds,

The histogram of /3 / has no strong peak to correlate with that
produced by the second forment; instead the first formant pesk has been
split into two peaks separated by an amount approximately equal to the
characteristic interval of its second forment., The reason for this can
be clearly seen from the waveform where the effect of the lower amplitude
second formant is to add to and subtract from the basi first formant
intervals.

In the case of /:i/ the same process is seen in the splitting
of cne of the long T.I. peaks, but also the second farment is strong enough
to produce T,I.s at its own characteristic interval.

If the effects of pitch are ignored, the mixing of two forments
censes similar changes in the T.I, pattern to those seen when two simusoids
are mixed. .

In most unstressed vowel sounds it is usual that the second and
higher forments are weaker than the lowest formant, Thus the effects of
a low eamplitude high frequency added to a higher amplitude low frequency
are commonly seen.

When the amplitude ratio is large only the lower frequency is

reflected in the T.I. distributim., As this ratio is reduced the higher

frequency pertwrbs this distribution by lengthening and shartening the long
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intervals by amounts up to 1/n (where fn is the higher frequency). As
the ratio approaches unity,a peak st 1/,, appears in the T,I.distribution.

During studies on the synthesis of speech on a two formant model,
Delattre et al.(13) shoved that for some vowels,vowel colowr is critically
dependent on the relative amplitudes of the formants, It is therefore
unlikely in the case of these vowels that gross changes in the T,I.
distributim of a particular vowel will occur, caused by changes in the
reletive amplitudes of the formants. The vowels whose colour is not so
ecritically dependent on the relative amplitude of the formants are those
whose two formants are well separated, The influence of these separate
formarts on the T,I. distribution can more easily be extracted if confusion
due to variatim of relative amplitudes of fox_'ma.nts should occur,

Miller (48) also states that formant amplitudes are importent and
sometimes critical for vowel perception,

It has proved helpful to use the simplified speech like waveforms
produced by a parametric synthesiser to illustrate some basic transforms
erom the more traditional frequency deseription of spesch bo the time
jnterval description. It should be noted however that it is not possible
to regain the frequency description from the time interval description
except in the most trivial of cases, Cobb (10) and Rainal (53) have
studied the mathematics of the interval distribution for a single sine
wave mixed with noise, but when additional sine waves are added, relative
amplitudes and phase relationships of the frequency components greatly

complicate the descriptim in frequency terms and render any attempt to



derive these variables from a T,I., distributim impossible .,

Observations of the dependence of the T,I. distributions on the
relative formant amplitudes revealed variatims very similar to those
reported by Fourcin (23) when measuring the distribution of spectrsl energy
after infinite peak clipping of the waveform, He reported that tle
spectrum is dominated by the strongest farmant if it exceeds the second
strongest formant by 5 db. In the spectral case formant harmonics are

also present,

1.5 First order T,I, distributions of isolated speech sounds,

1.5.1 The display of distributions,

The isolated speech sounds described in section 1.3 were recorded
on megnetic tape and used as input to the system shown in figure 1.8.

The zero-crossing pulses were applied to the address reset input
of the C.A.T. The address advance was operated using an external milti-
vibrator. It was necessary to contime to use a rapid sweep, against which
to measure the T.I.8,in order to obtain a displey of reasonable horizontal
dimension on the screen of the C.A.T.. The maximum internal sweep gave a
histogram whose features it was difficult to resolve, At the time no
suiteble oscilloscope was availsble to be linked to the analogue output
of the C.A.T.'s vertical deflection signal. This was done later,achisving
mch wider histogram bins and flexibility in horisontal aize,controlled by
the time base of the oscilloscope.

Histograms were produced for a full range of tape recorded

continuant speech sounds and were recorded photographically. Spontaneous
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Fig. 1.9 Waveforms and clipped waveforms of vowels
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rig. 1.10 Waveforms and clipyed waveforms of fricatives.
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Fige 111 Waveforms and clipped waveforms of voiced fricatives and nasals,
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Fig. 1.12 Time interval histograms of vowel sounds.
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Fig. 1.13 Time interval histograms of voiced fricatives,
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zero-crossing counted) - except /&/ 8 msec.
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utterances of these sounds were also made and their histograms were computed
on-line using the C,A.T.. These were compared with the photograph;tc records
to ensure the typicality of the latter. |

The duration of a continuant contributing to a particular histogram,
which was termed its 'duration of compilation', was controlled using a gate
operating on the Z,C., pulses immediately before they entered thes C,A.T,.
The gate was inserted at this point in the system to avoid signal distortion,
The error involved was limited to the first and last intervals in the
compilatimn period. The gate was controlled by a mamally operated mono-
stable of variable refractory period, giving a wide range of possible
durations. The effect of varying the on-period of this gate, on the T,I.
distributions of various speech sounds is reported in section 1.6,

The time interval distributims of individual members of the
four olasses of contimiant speech sounds, vowels, ﬁ'i;catives, voiced
fricatives and nasals are presented in figures 1.12 and 1.13. The duration
of compilation of each histogram was 0.5 secs, For most phonemes two
histograms are presented. They are taken at random from different parts
of the same tape recorded utterance in order to illustrate some of the
variation that occurs within a steady state utterance at this rate of
It can be seen that in most cases this is very slight. The

sampling.
nasals and certain vowels are the only exceptions,

1,502 ZT.I. distributions of vowel sounds.
The range of vowel T.I. distributions was found to be 2200 ps.

The most striking featuwre of these distributions is their 'peakedness’,



In many cases four separate peaks can be distinguished, This is more

than those observed by Sakai and Inoue (55),but they measured intervals
under positive or negative lobes of the waveform only., These distributions
are & combination of both. Some general features can be extracted vimally
and a certain amount of mesning attached to them by reference to the histo-
grams of control stimuli (section 1.4) and the vowel waveforms (fig.1.9).

In most of the histograms the distribution centres eround a
maximum peak. The other peaks are often separated by a constant value;
this is very clear in the first histograms of /i / and /a/. In many
others this pattern can be seen to emerge although largely obscured by
noise. This suggests that the time interval histogram is capable of
reflecting information of the vowel colour which may be equivalent to that
conveyed by the two most dominant formants. It can alzo be assumed that
some of the 'noise' in this simple model of mixing two formants is due to
the presence of a third fairly strong formant,

A study of some of the vowel waveforms reveals that more inform-
ation concerning the higher and weaker formants is available in the T.I,
histogram than might have been expected. It can be seen clearly in the
case of /i / that the second fomant‘ is not present in a constant amplitude
ratio to the first formant. It has been shown by Holmes (29) that the
gecond and higher formants are commonly excited twice within the glottal
period. This variation in the relationship of formant amplitudes, which
is not seen in the frequency analysis if fairly narrow bandwidth filters
a.;:'e used, is of casiderable importance in time domain analysis, In the
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case of /1 /, the first and second formants alternately dominate the
wavefcarm end hence the T,I.distribution.

The above 1s but one explanation of some of the features evident
in the T,I. histogram, It is clear from the exsmination of thewave form
of /u/ that the histogram pattern produced, not unlike that of /i /, is due
rather to the interaction of the first and second formants. Intervals
characteristic of their difference occur rather than intervals charecter-
istic of one or both of them, as Was seen in the histogram of the two
formant synthetic /3/.

The ordering of the vowel T,I., histograms in figure 1.12 is
roughly according to their measured positions on a farment 1 / formant 2
(F1/F2) plsne. It was seen that certain characteristios of the histogram
followed grouping in this plane, As F1 increases (left to right) there
is a trend towards more compact histogrems on the T.I. axis, This can
be seen especially in the top and bottom rows, which represent the extreme
velues of F2, Certain subgroups of vowels cen be distinguished on the
basis of histogram features. The clearest ones observed in figure 1,12
are /2 /,/a/, /o /s /i), [u/s ed [a/, /3 /.

It will have been noted that no reference has been mads to the
variability of the T.I. histograms of these sounds under the typical speech
variations of pitch, stress and speaker. Experiments were don® to examine
the effect of change of pitch and change of spsaker., A change in stress
coculd not be controlled and was not investigated seriously. The result

of these experiments showed that some of the features observed in figure



4l

1,12 remained as characteristic of a particular wvowel,but in many cases
the histograms loocked completely different fram the ones illustrated.
The effect of these changes will be discussed in the next chapter where
the more sensitive and unique display of second order statistics will be
described. It will be seen that the first order statistics can be easily
extraected from the presentation of the second order T.,I. statistics used.
1.,5.3 The T,I, histogrsms of Unvoiced fricatives.

The five unvoiced fricatives in English,/f/, /6/./s/, /[/

and /h /, are illustrated by one histogrsm esch as their variation within

a given isolated utterance could not be deteoted. In figure 1,13 they
are represented by histograms displayed on the seme linear time interval
scale as the vowel histograms, | This scale was used throughout figures
1.12 ard 1,13 to illustrate the different parts of the T.I. dimension
occupied by various classes of sounds. The amplitudes of the fricative
histogrems have been reduced by a factor of 16.

These fricatives can be considered acoustically as bandlimited
white noise,and tpeir histograms may be compared to those mroduced using
noise as & control stimilus (fig.1.3). They differ in the band of noise
present in some cases, according to the manrer and place of production of
this noise.

The sounds /f / end /6 / have almost identical histograms, They
are both produced by a constriction at the front of the mouth,either by
1ip and teeth or tongue tip amd teeth. The histogram consists of a pesk

at the very shortest intervals experienced in speech plus a slight peak
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at about 200 ps. This subsiduary peak was found in most of the histo-
grams produced for these two sounds. A amall number of much longer time
jntervels sre sometimes found due to an inadvertent whistle produced with
these sounds,

The sounds /s / end /[ / are produced by constricting:a’ continuous
o wo.Plow. of . alr by means of the tongue, Their histograms have a
similar shape but are in a different position on the T,I., scale, The
peak of /s / is at approximately 100 psec.and that of /[ / at 200 psee.
They are both very similar to a T.I. histogram of a single high frequency
formant.

The sound /h/ is different from the previous four as it is
produced due to a constriction at the glottis rather than at the front
of the oral cavity., As such it can be likened to a whispered neutral
vowel sound, The formant cavities through which the excitation noise
passed are reflected in the T,I. histogram as a double peak distribution.

It was found for the utterances examined that the unvoiced fricative
sounds could be discriminated by means of their T.I. histograms,with the
exception of /f / end /6 /. It has been found by others (11, 32) that
these sounds are only separated by their context and not by any known
acoustic specifioation of their isolated form. '
1,504 The T.I, histograms of voiced fricatives,

The voiced ﬁ‘icati:ves /v/s/3/y/2/, end /3 / can be likened

to the fwf front articuleted unvoiced fricatives with the addition of

voicing. The fricative parts are articulated in the seme wey as /{/,
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/6/,/s/ axd /[ / respectively. If the short interval portion of each
T,I. histogram is observed it is seen that this fact is reflected in them.
In the case of /3 / however, there seem to be extra very short intervals
not found in /[ /.

However,the most characteristic features of the histograms taken
as a whole are the very long intervals representing the voicing. These
are often much longer than those found in vowels; see especially /v /,
/5/ end /z/.

Discrimination between the woiced fricatives by means of their
7.I. histograms was found to be unrelisble due to the variable emphasis
on the friction and the voicing.

1.5.5 The T.I. histograms of nasals,

The nasals are produced in a similar way to the wvowels except
the nasal cavity is used instead of the oral cavity as the final resonant
cavity. The spectral components of the sounds produced are highly damped
revealing very clearly the periodicity of the glottis. In all the nasals
there is a small amount of & high frequency component which can perturb
the T.I. distributions sometimes.

The T.I. distributions produced by nasals are typified by long
T.I.s but,as can be seen in the case of /7 /, these can be differently
perturbed within the same utterance owing to the presence of high frequency.

It was noted that there is an increase in the spread of time intervals

recorded in the sequence /m/, /m/ then /m/.
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1.6 The effect of variation of the duration of compilation of T,I.

histograms,
It was expected that the time taken for the T.I. distributions

of different classes of speech sounds to attain statistical stability
would vary. The T,.I, distribution of fricatives with their very short
T?,I.8, distributed in a random pattern would be expected to exhibit
stability feirly rapidly. Voiced sounds with their longer T.I.s. and
the constraint of glottal repetition mey need a longer duration.
Experiments were performed to test these sxpectations in case

any departures from them indicated either the need for a change in the
measurement parameter of 'duration of compilation', or alternative
procedures for analysing voiced and unvoiced sounds in future experiments.

| The effect of reduced 'duration of compilation' for histogrems
of six durations of the vowel /A / is illustrated in figure 1.14. The
histograms of this vowel were found to be fairly typicel in this respect.
The four peaks evident in the 250 msec, histogram are still present in the
10 msec. histogram although their pesk positions are less well defined.
Departures from this behaviour were observed only in open vowels, The
case of /a/ hss already been exemined (fig.l.1) where the T,I.distribution
is seen to vary slowly with respect to 10 msec. segments. Histogram peaks
of such vowels,when measured in 10 msec. segments,are seen to move aleng
the time interval dimension end sometimes disappear. The shorter term

variations in the vowel /i / (slso shown in fig.1.1) average out within a

auration of this length.
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The T.I. histogrems of 10 msec., of the voiced fricatives are
also seen to bear a strong resemblance to the long term T.I.statistics
of these sounds, The unwvoiced fricative T.I. histograms retain their
peak positions far more reliably at 10 msec. duration of compilation as
had been expected.

The nasal sounds showed the least stability at short durations,
They achieved a similar level of stability to the vowels in approximately
twice the time,

It is seen that the expected results were obtained in this
experiment, The T,I. distributions of the voiceless fricative sounds
retain their characteristic shape to the samllest dqurations measured,
Those of the voiced contimants all. seemed to lose some of their character-
istics when the duration was of the order of a few glottal periods., It
wes also confirmed in isolated cases that the use of a duration of compilation
less than one glottal period would cause a selective destruction of the
distribution, depending on which part of the period was included.

The T.I. distributions of wvoiced sounds for durations 10 - 30
msecs., illustrate clearly the degree of tolerance required in the measure-
mert of T.I.s to correctly classify a given T.I. as being within a character-
istic peak of the longer term distribution. Decisions based on these
observations will be discussed in chapter 3,

Teacher (65) has attempted to judge the minimum time needed for
the perception of a steady state vowel sound. He reported that only one

cycle of the fundamental pitch was required for vowel recognition, The
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voiced utterances used in the duration of compilation experiments described
above had a glottal period of approximately 6.5 msecs. The minimum
duration over which histograms of these sounds were compiled is equivalent
to 1,5 glottal periods. Only a loose oomparison can be drmwmn between the
findings of Teacher and the minimm duretion of compilation for the
stability of vowel T,I, statistics as no information concerning the per-
ception of 'elipped speech!' at such durations is available,

1.7 The significance of histograms of time intervals delimited by

unidirectional Z.C.s.

Bezdel and Chandler (5) reparted that histograms of the time
intervals between successive positive going 2.C.s (+ZC), and those of
time intervals between successive negative going Z.C.s (=ZC), revealed
asymmetry. Experiments in this study confirmed this,

The investigation of these histograms and their comparison with
those using all the 2.C.s (3ZC) is essentially a probe into the second
order statistics of the 1ZC time intervals, If ths I 20 histogram
jndicates that N different intervals occur, then the +ZC and -ZC histo-
grans indicate which of the possible sequential combinations of these
jntervals occur. The possible combinations are the N double length
jntervals and the N(N-1)/2 mixed pairs of the N original different inter-
vals indicated by the TZC histogrem, It seems therefore that if the
three histograms produced by measuring intervals between ?-m. +ZC and =ZC
are taken together they will include extra information conocerning the

ordering of the T.I.s. As second order stetistics are the subject of
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the next chapter, the T,I. histograms of +2C anmd -ZC will simply be
described here, o

The T.I. histograms of all ths contimants used in the previous
experiments were produced for the two unidirectional ZC. conditions. The
histograms were compiled over a duration of 0.5 sec. The purpose of this
experiment was to look for any asymmetry and observe how it varied for

various speech sounds.
The general form of difference that might be expected in the

histograms is that the mean interval of each histogram will be doubled,
thus distributing the +ZC or -ZC histogram about a 'centre of gravity'
on the T.I. dimension of twice that found in the %20 case, The more

interesting feature will be the change of the histogrem shape involved
in this process and how this change differs for +ZC and ~ZC histograms,

1,7.1 Vowel histograms using unidirectional Z.C.s.

It was expected that the unidirectional Z,C., histograms of wvowel
sounds would show some asymmetry which could b§ attributed to the uni-
directional form of the excitation fumction. This may well produce
petter definition of Z,Cs in one direction at particular points in the
glottal period. It is difficult to deteot such a tendency from the
waveform alone, tut this could well be observed as peak sharpening in a
7,I. distribution of unidirectional Z.C.s.

The unidirectional Z.C. histograms of the twelve wowels are
shown in figure 1.15. It can be seen that although certain histograms

seem to have better defined peeks then their contra-directionsl Z.C.



/2 /

Fig. 1.15 Histograms of time intervals between unidirectional
sero-crossings of vowel waveforms.(4 ms. time scale)

(positive Z.C. - above , negative Z.C. - below)



(8 ms. time scale)

(4 ms. time scale)
Fig. 1.16 Histograms of time intervals between unidircctional
zero-crossings of voiced and unvoiced fricatives.

(positive and negative Z2.C. - top, positive 2,C. - middle,
negative Z.Ce = bottom)



o /m/ //

Fige 1l.17 Histograms or time intervals btetween unidirectional
zero-crossings ot nasal waveforms. (8 ms. time scale)

(positive and negative Z.C. - top , positive Z.C. - middle,
negative Z.C. - bottom)
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versions, there is no overall pattern to suggest that the above suggested
difference is observed .

The variability of order information available from the three
histograms is evident from the following two examples, The four character-
istic T.I.s of /4 /, indicated by the =ZC histogram of /i /, combine in
sequential pairs to produce two intervals only, in both unidireotional Z.C.
histograms, The area under each peak is similar; this indicates that
there mist be a mpotitive eycle of four intervals and the exact formation
of this sequence of intervals can be deduced from the three very simple
histograms, The narrowness of the peaks allows 'unambigums pairing.
This case may be compared to that of the wowel /2 /. It is by no means
obvious from the three histograms how the intervals are combined in the
clipped speech waveform. It is clear from observation of the T.I.
histograms of figure 1,15 and from the above discussed examples that in
most cases the order information revealed is fairly small. This is due
both to the simplicity of the snalysis and the complexity of the subject.
Tt should alsc be noted that in most vowel T.I. histograms it is not
possible to derive the I ZC histogram from the two unidirectional Z.C.
histograms, It is therefore necessary to measure all thres histograms
to obtain the maximm order information possible by this method.

1.7.2 Fricative histograms using unidirectional Z.C.s=.

The unvoiced fricatives show no change in the shape of their
r,I. distributions when unidirectional Z.C.s are used. The centre of

the distribution is simply shifted along the time interval scale by a
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factor of two, The histograms illustrated in figure 1,16 were compiled
over 100 msecs, which allowed for statistical stability to be achieved
without running into storage problems in the PDP-8/338 aystem (see appendix

}4) by which the photographs were produced.

1.7.3 JVoiced F;icative histograms using unidirectional 2.C,s.

The unidirectional Z,C. histograms of voiced fricatives are also
j1lustrated in figure 1,16, In all the histograms, except -2C /3 / and
-2 /¥ /, there is a peak representing two intervals of length, indicative
of the presence of voicing, occurring together, This pesk is 'a.t approx-
ijmately 6 msecs., which is the glottal period of the speaker.  This
feature is strongest in the +ZC histograms. It could be explained if
the low frequency component of the waveform had a more rapid +ZC than its
subsequent «ZC, This is evident in some of the woiced fricative waveforms,
It could also be explained by an uneven fricative amplitude throughout a
glottal period.

1.7.4 Nasal histogrems using unidirectional Z.C.s.

The unidirectional ZC histograms of the three nasal sounds show
similer properties to each other (fig. 1.17). In each case the +ZC histo-
grem contains a peak at en interval equal to the sum of two of the longer
jntervals in the tx histogram., The only other intervals recorded on the
histogrems sre very short ones, By contrast the ~ZC histograms contain
jntermediate intervals spproximately equal to the longer one$ of the o

histograms,
This asymmetry would indicate that when the waveform of & nasal
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sound crosses the gero axis in a positive direction there are several
rapid Z.C.s due to a high frequency component, but when in a negative
direction there is only a single Z,C.. Such a result gives information
concerning the relative damping of the high and low frequency components
within the glottel period. The fact that this is so cleerly reflected
in the unidirectional Z.C. histrograms is due to the simple form of the
waveform of nasals with its widely seperated components along the
frequency dimension., This is an example of how the study of uni-
directional Z.C. separately can give added information concerning the
waveform.

1,8 Conclusion.

The study of time interval histograms on a qualitative level has
resulted in many general impcressions being formed oconcerning its useful-
ness as & speech sourd discriminator., Most of these impressions have
been gained from the utterances of a single spesker,

An attempt was made to quantify the impressions gained from
viewing T.I. histograms,based on the coincidence of their peak positions,
Rules were developed to decide when a pesk had oocurred ard when two peaks
wore deemed to have coincided. The result of this semi-quantitative
analysis revealed that it was quite common for wowels spoken by the sems
speaker at differemt times to give histograms whose peaks showed 100%
coincidence if the ssme vowel was uttered. This coincidence never ocourred
when different vowels were uttered. There was however a large area of
jndecision where it was not clear whether similar or different vowels had

produced the histograms. Deviations from 100% coincidence were also



experisnced when the same vowels were uttered at different pitches,

The result of this study suggested that there are certain characteristics
of a vowel's T,I, histogram which are characteristic of the sound itself
but in addition there is that which is characteristic of the particular
utterance only.

It has been found when considering the effect of pitch on both
synthetic and natural vowel sounds that there are certain predictable
changes in the T.I, histogram due to this constraint, It is clear that
slight differences in pitch, even if formant frequencies remein constant,
can cause changes in the T,I. histogram which may cause confusion between
vowel sounds,

It seems that the four classes of contirmant sounds studied can
be distinguished from each other on the following basis, The histograms
of vowel sounds typically have several fairly narrow peaks in the region
of 0-2000 ps. The voiced fricatives have time intervals of both very
short and very long duration, the peeks tending to be wider than those
found in the vowel histograms, The unvoiced fricatives are distinctive
4n their lack of any appreciable number of lang intervals. The nassls
have very long time intervals with occasional short ones tut can be
distinguished from woiced fricatives by the width of their peeks. Certain
of these broad distinctions could also be made fram measurements of the
gero-crosaing rate,

The possibility of discrimination of the sounds within the four

groips has been discussed sbove with referemce to the semi-quantitative
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analysis performed on the wvowels whose histograms sre illustrated in

figure 1,12,and histograms of spontanecus vowel utterances. This method
was very crude and the numerical results are not mich more helpful than

the qualitative impressions., These results, both qualitative and semi-
quantitative, cannot be compered with those of Bezdel and Chandler (5)

or Sakai and Inocue (55) until some wider ranging quantitative investigations
have been made, Howgver many of the difficulties of measuring and analys-
ing T.I. histograms have been discovered and discussed. A thoroughly
quantitative enalysis of the first order statlstics of vowel sounds will

be considered in chapters 3 and 4.

The diserimination within the three smaller groups of socunds
can be summarised as follows.  Same of the fricative sounds, /f/ and
/9 / veing the exoeption,‘ could be distinguished by their T,I. histograms
when taped or spontaneous utterances were presented to the analysis system,
The voiced fricatives were more confused but they could sometimes be
distinguished by the shape of the short interval peak of the histogram.
The only ous for the discrimination of nasals by means of their T.I.
histogrems was the spread of the long interval peeks, but this was very
dependent on speaker.

The fact that a knowledge of the histograms of time intervals
petween t‘ZC, +#C, and -ZC can give information conserning the shape of
the wavefobm and the second order temporal structure, in certain simple
cases, has been considered. The subJect of measuring second order

statistics will be developed in chapter 2,
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Chapter 2. =~ The qualitative study of second order statistics of the

time intervals between zero crossings of the speech wave,
Introduction,

The study of the second and third order statistics of the letters

of the alphabet and of English words,as used in English prose,has demonstrat-

ed that more information about the probsble form of the data from which they

are derived can be obtained from them,than fran the first order statistics
(58).

These digram end trigram probsbilities are defined by the equations
2 plui) =1 %( plejk) =1
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where i, J and k represent three sequemntial 'symbols' of a sequence of
syubols, and Py pji*, and pk sre the first order probsbilities of these
separate symbols occurring.

' Yhen tl;e clipped speech waveform is considered as the subject
for analysis it is evident that even at the level of individual T.I.s

there is temporal structure, Information concerning this structure

could add to the accurate description of the waveform if incorporated
in the statistical analysis.
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Fourcin (23) found that the information rate required to trans-
mit T,J, digram information was only slightly less than that needed to
trensmit monogram information. However it was thought likely that certain
classes of soun;is might conteain more digram redundancy than others, and
therefore to concentrate on the digram analysis of these sounds might yield
some interesting results. TFourcin's results suggest that it is unlikely
that there will be an advantage in using digram information for the T.I.
description of all phonemes,

This chapter is concerned with the qualitative analysis of the
digrem structure of the various sounds of speech. A visual display was
again used for this purpose. A real time display was developed in con-
junction with M, J, Underwood who was responsible far most of the electronic
development, This display was based on two patented ideas of Professor
D. M. Mackay (42, 43). As this display is unique in its application to
speech,it has been used to illustrate soms of the basic problems and the
veriability of the T.I. description of speech, which ﬁem omitted in
chapter 1,

2,1 Methods of measurement of second order T.I. statisties,

It has already been mentioned in section 1.7 that the comparison
of the three types of histograms of the Z,C. intervals will yield sore
jnformation concerning the sequence of 2 ZC time intervals, The three
nistograms are those mroduced when every zero-crossing (& ZC), only
positive (+ZC),or only negative (~ZC) zero-crossings are used to delimit
each time interval, As the intervals being measured in the latter two
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cases are combinations of sequential pairs of Iz intervals, the sequence
information is clearly second order.

By combining discussion of thias measure of second order information
with that of further measures of the same information, it is hoped to answer
the question left open by Bezdel and Chandler (5).

"As the effect of asymmetry in the speech wave was not known,
positive, negative and total zero-crossing distributions were analysed
separately. <...... it was noticed that distinet asymmetry does exist
in certain channels, If this feature is to be used to advantage, further
investigations will be required, as it is far fran obvious how this
additional information can be used to improve recognition scores".

These further measures were in fact two implementations of the
sams idea, It was to displey the second order T.Il. statistics in a two
dimensional array,such that the coordinates of a point in the display
gefined a sequential pairing which existed in the T,I, pattern (42).

A similar display has been used by Fetz and Gerstein (19) for the display
of the second order statistics of neural spike intervals,

One of the methods of campilation of such a display is very
similar to that used in compiling the unidirectional Z,C., histograms,

The T.I. pattern of a speech wave is processed by extracting pairs of
sequential intervals and using them to define the coordinates of a point
jn the 2-D display, or using their sum to define a bin in the unidirectimal
histogram., In the latter case fhe two histograms are conpiled by two of
4hese processes going on in parallel btut ocut of step with each other by
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one ¥ 2.C, time interval. A similar parallel process must operate in
the campilation of the 2-D display to ensure that every sequential pair-
ing is included and not every other one.

However, whereas the 2-D display describes mrecisely the intervals
that are involved in each sequential pairing,the three histograms give only
the probability of such intervels being paired. For example, if a
distribution peak at T psecs. occurs in the unidirectionsl Z,C. histogram,
this only indicates that two intervals whose sum is Y psecs. ocaur
together with a certain probability, If there are more than one pair
of intervals giving peaks in the ¥ ZC histogram whose sum is 7 psecs,
then the actual pairing can only be described in more remote probebility
terms which are based on the probabilities indicated by all three
histograms. It is therefore clear that a display of the 2-D form will
preserve more of the second order information than the three histograms,
The asymmetry between the unidirectional Z.C. histograms ment ioned earlier
(section 1.7) will always be present except in certain very simple T,I.
patterns. (e.g, where the basic repetition cycle consists of two different
jntervals grouped separately in groups containing an odd mumber of inter-
vals - e.g. llong + 1 short; 3 long + 1 short; 3 lorng + 3 short, etc.)

In proceeding with the analysis of the 2-D representation of the
second order statistics,the question left open by Bezdel and Chandler was
peing followed up in a more powerful way than that inmediately suggested

by their question,
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2.1.1 The parallel time base system,

Two forms of electronic circuits were used to investigate the
second order T.I. distribution by means of a 2-D display. The first was
a simple extension of the time base which was reset by each Z.C. pulse,
as used to produce the intervalgrem patterns. The second was an analogue
shift register. (43).

A functional diagram of the time base system is shown in figure
2,1 and its detailed circuit in appendix 2, A parallel arrangement of
two time bases was used, They were driven by the out of phase outputs
of a bistable circuit,which in turn was triggered by the Z.C. pulses,
Each time base ocould provide a variable exponential run-down, and was so
arranged that after one pulse had initiated the run-down, the next pulse
terminated it and caused the ocutput to remain at a level which indicated
the magnitude of the interval that had elapsed., The outputs were applied
as X and Y deflections of the spot on & C,R.,T., whose brightness was sup-
pressed except far a brief interval immediately before each time base was
reset for a fresh cycle.

Typical displays of vowel sounds using this system (£ig.2,2)
exhibited an axis of statistical symuetry about the X=Y line. This is
explained by the fact that the occasional very short T.I. is missed during
the dead time of the circuit. This gave roughly even chances that a
partioular interval would be represented by an X or Y deflection. This
observation points to & basic drawback of this system. It is never

nowvn whether a given non-axial point on the display represents a short
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(a) the vowel /&/ (b) the vowel /Q/

Fig. 2.2 Typical displays using the parallel time-base system.
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interval followed by & longer one or vice versa, This display simply
indicates that a certain pair of intervals are adjacent . If the start
of compilation of statistics was displaced by one interval the display
would be inverted about the line X=Y, As the repetitive waveform of a
wowel sound must contain an even number of intervals, one or other of the
two possible patterns will appear, Consistent and symmetrical patterns
will only appear when a fairly large number of single Z.C.s are missed.

This problem could be overcome either by syndhronising the X and
Y deflections with the clipped speech wave, displaying intervals under
positive waveform lobes against those under negative lobes; or by intro-
ducing & time interval filter which would not allow the clipped speech to
change sign for less than a time interval T. T may then be chosen to be
larger than the dead time of the system. Both these precautions would
ensure that no inverting of the display, sbout X=Y, occurred. Such a
display still would not give any informatiom about the direction in which
ordered pairs occurred.

An experiment of playing clipped vowel sounds backwards was
performed,  Informal listening tests revealed that there was no change
in its intelligibility. Even if the overall direction of the speech T,I.s
in time is unimportent, this does not preclude the fact that long-short and
short-long pairs occurring in different parts of the speech wave may be
jpportant to a specific distinction between two vowel soundsowingto their

relative ordering.
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2.1.2 Analogue shift register system,

It was decided that the 2-D display would contain more relevant
information if the axes reliably represented the 'nth' and the 'n+1th'
intervals respectively, In order to achieve this,an analogue shift
register (A.S.R.) was used. (43). This was designed by M.J.Underwood.
The functional diagram of this is shown in figure 2,3 and its detailed
circuitry is described in eppendix 2., The Z.C, pulses of the speech wave
were used to reset the single time base via a chain of flip-flop delays,
Each input pulse causes the sample and hold circuit §/H - 2 to sample and
hold the output of a similar circuit S/H - 1. The first delayed pulse
cauées S/H - 1 to sample and hold the output of the time base, the second
delayed pulse resets the time base, If the X reflection of a C,R,T. is
driven by S/H - 2 and the Y deflection by §/H - 1,the required display will
be produced.  The horizontal deflection will be rroportional to the nth
sntervel and the vertical deflection proportional to the n+1P interval.

This method of display has additional advanteages over the parallel
time base method. The voltages representing the intervals are constantly
aveilable during the measurement of a new time interval and the timing of
prightness modulation is less critical. The simple histogram may be
read off as the projection of the display on to either axis rather than
the projection on to the X=Y line as in the parallel time base system,

The range of the time base was controlled by e switch and a
Potentiometér. Although basically exponential in design it was possible

to switch between a variable nearly linear run-down and a more truly

exponential run-down, The latter was most useful for viewing the real
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time display of contimious speech.

This form of 2-D display of second order T.I. statistics was
used throughait the work to be described in this chapter and was termed
the 'digram display' or simply the 'digram' of the T.I.s.

2,2 Digram displays of control stimli,

Digram displays of familiar signals and of synthetic parameters
of speech are presented to familiarise the reader with the basic capabil-
jties of the displey as distinet from the simple histogram,

A sine wave input gives a single point on the display. The
distance of this po‘int from the origin or from either axis is a measure
of the frequency of the sine wave., If the frequency of the sine wave
is swept fram a low to high frequency the dynamic display shows the move-
ment of the spot along the X=Y axis of the displé.y,towards the origin,

A white noise input gives a diffuse pattern of spots whose shape
can be mdifiéd by bandlimiting the noise source by low pass and bandpass

filters, The digram patterns for several such band limitations are shown

in figure 2.4.
Digram displays of synthetic parameters of speech are also

j1lustrated in figure 2.,  Figures 2,4 A and D show the digrems of a
two formant synthesis of /i / end /3/ respectively, while figures 2,4
B & C, and figures 2,4t E & F are their x'espectj.ve first and second
formants. The possible changes in the T,I. distributim of a major
formant when perturbed by the mresence of a minor formant have been

reviewed in section 1.4.8. However one or two further points arebbvicus



(B) (C) (D) (E) (F)
Digrams of synthetically produced formants.
(Axes length - 3 msec. linear)
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Fig. 2.4 Digram displays produced by control signals.
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from these digram displays. In the case of /1i/, the interval character-
istic of the second formant is seen to slightly perturb three of the first
formant intervals but to completely mask the fourth. This illustrates
the point that the constituent formants of a vowel can be predominant in
different parts of the glottal period. In this synthetic case it is due
to the greater damping of .the higher fémants. This is seen clearly on
the digrsm display as the points of the first formant digram ere so well
separated. When considering the campilation ofvthe digrem statistics it
is clear that the occurrence of a pair of short intervels between two
normelly sequential long intervals can make a major change in the digram
pattern. In this respect it provides a more sensitive visual indicator
of the presence of & minor high frequency component than the simple histo-
gran does,

In the case of /3 / the perturbation of the first farmant Z,C.
pattern by the weaker second formant can be seen as a rotation of the
first formant digram display. This effect indicates the relationship
petween the formant frequencies and their amplitudes, their phase relations
peing fixed by the gynthesiser design. An explanation of this effect is
that the second formant is a harmonic of the first formant of such an
order that every other Z,C. is unperturbed when the second formant is
added, but the one in between is disturbed to a degree proportional to
the wtatién observed., This is proportional to the relative amplitudes
of the forments which are seen to be such that no intervals characteristio

of the second formant alone are produced.



65.

This point is made as the rotation effect has been observed
in the dynamic display of strings of voiced phonemes. This could
therefare be interpreted as the uneven onset of harmonically related
formants. |

2,3 Digram displays of continuant sounds.

The digram display of speech sounds was first of all viewed as
a real time dynamic representation. Many interesting features concem-
ing the movement of parts of the display were noted, similar to the one
mentioned in the previous section, It was Immediately obvious that to
attempt to analyse the display in this dynamic form would be a large task
in whichever way this was attempted. An objective aprroach of contimally
monitoring individual points or large features in the display would need
a large amount of information storage,possible only with a sizeable
digital computer., A subjective approach of discovering which features
of the display were important to a humen subject, attempting to 'read' it
as visible speech, would need the training of & psychologist. This
latter approach has since been followed up by I. K, Taylor.

It was decided to proceed with analysis of the digrem display
in a similar way to the previous histogrem analysis, Digrams of the
continuant sounds specified earlier were produced on a C,R.T. and
Pﬁotographed for comparison with one another. In this section the effects
of pre-clipping differentiation will be examined together with the variations

jn the digram display due to change of pitch and apesker.
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2.3.1 Digrams of vowel sounds,

The question, "Do vowel digrems discriminate between the vowels
better than the vowel histograms?", cannot be answered from the present
qualitative analysis, The more specific question, "Can two utterances
with similar histograms be discriminated better by their digrams?" cen
be answered by the comparison of the two digrams and of the projection of
each digram on to a single axis, An affirmetive answer to thié latter
question would indicate that the different ordering of a similar distri-
bution of T.I.s. could be the basis for the subjective discriminatim of
the sounds.

A single example of such a case is illustrated in figure 2,5.
These two vowels have very similar histograms (as seen in the pro jection
of the display on to & single axis) yet the ordering of the intervals is
markedly different, The extent to which such an isolated and clear cut
case is significant will be seen in the following sections dealing with
the variability of. the digram display.

The digrams of the wowels whose histograms were discussed in the
previous chapter are illustrated in figure 2,6. The format.: of this
figure is in accordance with the rough positions of the vowels on the
cardinal vowel chart (31). These positions were determined by Miss D.
Scott, a student of speech therapy., This format' bears a close relation
to the F1/F2 plane already used for the illustration of wvowel histograms.
The front and close position corresponds to a high F2 and low Fl, the
open position to high Fl,and the back and close position to low F2 and

low Fl,



Fig. 2.5 Time interval digrams of vowels /i1 / and /I /.

Twelve knglish vowels on the
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Pig. 2.6 Vowel digrams of speakers J.B.M. and M.J.U.

(axes length - 3 ms. line=zr)
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It was observed when viewing the histograms that certain vowels,
especially the close vowels,had discrete histogram pesks whereas the open
vowels had a more diffuse noisy looking histogream, This trend can also
be seen in the digrams of figure 2,6a. From same of these displays the
actual ordering of the intervals is easily deduced by moving in an anti-
clockwise direction around the typical four dot pattern. Ambiguity
arises when more than one T.I. of the same length occurs in a glottal period,
It can be seen that the noisy effect is often related sequentially to a
single intervel. A steady interval followed by an unsteady one,when
avereged over meany glottal periods, produces dots in a straight line
parallel to an axis, This can be seen especielly in the digrams of
/a/ and /D /.

2.3.2 Subjective classification of steady state vowel digrams.

Twelve photographs depicting digrams of the vowel sounds were
presented to each subject. He was instructed to divide the twelwve into
gubgroups according to some identifiable features of the patterns, with
the aim of dividing them into as many groups as possible, He was then
tested by presentation of the twelve photographs in random order. He
was required to classify each orne according to his prior grouping of them,
His grouping was accerted as a measure of the discriminability of these
static displays if he achieved 100% recognition within his groups after
two complete presentations of the set. Most subjects managed to classify
the twelve sounds into three or four groups.

Digram displays of the time intervals between +ZC and «=ZC were
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also presented. The results were 5 - 6 and 4 - 5 groups respectively,
This spparent improvement is now discounted following studies of the effect
of pitch on the vowel digram, In these combined interval cases the
pumber of intervals per glottal period was at times reduced to two,making
the ssmple used extremely pitch dependent. This is also a factor in the
case where 120 are measured,but to a smaller extent.

The conclusion of this experiment is that the subjective
impression of the experimenter is confirmed by the majority of the
subjects: that only four categories of wvowel can be discriminated by
this method of display. It is admitted that certain extra cues might
be present in the effects that pitch jitter has on each vowel digram if
the real time display was used instead of photographs.

2,3.3 Digrams of fricative and nasal sounds.

The digrams of the twelve consonant continuants considered in
the previous chapter are illustrated in fiéure 2,7. The voiceless
fricatives have a T.I. axis expansion of X4, with the exception of /h/
which has an expansion of X2, It can be seen thgt there is very little
extra information presented by the digram for these socunds,

The voiced fricative digrams are more interesting in that the
degree of intermingling of the very short and the very long intervals
cen be seen, The length of the long intervals which do occur sequentially
is seen to decrease with the ordering of phonemes used, This fact is not
available from the histogram of the same utterances where such a trend could

pe detected only in the case of / }/ « It was therefore simply regarded as



(a) Speaker J.B.M.

(b) Speaker M.J.U.

Fige 2.7 Fricative,voiced fricative and nasal digrams.,
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an isolated difference,

The digrams of the nasals show that the predominant structure
is long intervals paired with long intervals, The perturbation of this
pattern due to short intervals is in all cases very slight, there being
no appreciable short with short pairing. It was seen in the histograms
of these sounds that the spread of T.I.s increases from /m/, through
/n/ to /U /. It is very clear fram the digram structure that /m/
consists of similar intervals,‘ /m/ consists of a repetitive cycle of
two intervals which are slightly different, and /»J/ consists of two
intervals of greater difference also repeating in a cycle of.two. The
additional information given by the digrem is the number of intervals in
a repetitive cycle which is evident from the pairing of the intervals
observed.

It can be seen that the digrams of these consorant sounds do
give added information concerning the latter two classes of sounds and
reveal certain trends within them. Inasmich as these trends discriminate
petween the sounds,the digrams énhance the discrimination possible using
the simple histogram,

The distinctions between the classes of sounds are far greater
than those within the classes, This fact could prove very helpful when
the real tiwe display is considered as part of a visible speech display
presenting continuous speech.  In such a situation the class of the

sound together with its context gives a major cue to its identity.
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2,3.4 The effects of duration of compilation on vowel digrams.

The digrams of vowel sounds reveal a structure which is more
pronounced than in most other speech sounds. Investigations were made
to compare the temporal stability of this structure with that of the
simple histogram, Several investigations were made into the effect of
reducing the duration of compilation of the digram on the measurements or
observations being studied at various times during the work described in
this thesis,

Early in the study of the digram,small differences in the
digram of the steady vowel were seen typically between 200 and 500 msec.
duration of compilation, This was reported by Mackay, Millar and
Underwood (44). It was later realised that these variations were due
to pitch variations similar to those illustrated by the running histogram
of /a/ (fig. 1.1).

The wriations in the digram structure,when compiled over
successively shorter periods of the same utterance,ars shown in figure
2,8, Three samples using the shortest duration of compilation are given,
as they would be expected to show the greatest variation, Histograms
of this same utterance at the same duration of compilation were found
(section 1.6) to exhibit intervals under all the peaks oflonger term
histogram for every sample that was taken. The variation in the three
digrams shown is similar to that experienced with the histogranms,

There are spots on the 10 msec, digram at all the major points evident

on the 500 msec, digrams, but where the points on the 500 msec.digram
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Fig. 2.8 Variation of a vowel digram with the duration of compilation.
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are large, there is a correspondingly large variation from one 10
msec, digram to another,

It was concluded that there is not a gross difference between
the effect of duration of compilation on the digram stat istics and its
effect on the histogram statistics, It can also be deduced from the
resilts of this e xperiment and fram observations of vowel waveforms
that, in a steady vowel sound, the mejority of T.I.s and their second
order structure remain constant from one glottal period to the next.

2.3.5 The variation of the digrams of utterances of similar sounds

by a different speaker.

To illustrate the differencs in the digram displays produced
from utterances by different spesakers, those of speaker JEM are compared
to those of speaker MJIL in figures 2.6 and 2.7, The voiced sounds were
produced at the speakers most natural pitch; there were no constraints
to maintain constant pitch for all utterances. An utterance of natural
pitch by J.B.M. had a glottal period of approximately 6.5 msees,, and
that by M.J.U., a glottal period of approximately 8,0 msecs,,

It can be seen in figure 2,6 that some vowel digrams of M,J.U,
resemble more nearly the digram of a different vowel spoken by J.B.M.
and vioce wersa, This can be seen espscially in the cases J.B.M. /b /
epd MMIU. /2/; J.BM, /u/ and M.J.U., /v /; end J.B.M. /v/ end
M. J.U. /u/. Note that all these pairs of vowels are adjacent on the
cardinal vowel plot. In most of the other vowels the N.J.U. digrams

appear mare noisy and reveal that more short intervals are present,
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However, some features charecteristic of the vowel rather than the speaker
can be seen. The three central vowels /a/, /3/ and /A/ of speaker

l/d'.J .U, contain the simpler patterns of their countgrpax*ts spoken by J.B.M.,
in the midst of noise,

A siniler comparison of the d igrams of unvoiced fricatives
(fig. 2.7) shows very little difference between the digrams produced by
both speakers. The voiced fricatives show differences which are similar
to those seen in soms of the vowel comperisons, The maximum interval is
ahorter in the M.J,U. digrems than in the J.B.M. digrams end there are
more different intervals present in a rather noisy array. Additional
put more well defined intervals are seen in the M, J.U. digrams of the
naéa.l sounds,

It is possible that most of the differences between the digrams
of these two speakers can be explained on the basis of the difference in
patural pitch of their voices., The similarity of the digrams of sounds
which are unvoiced and therefore have no glottal pitch would be compatible
with this explanation.

The noisy appearance of same digrams could be due either to
pitch Jitter or to noise present with the speech. 1TIn-the latter case
the 2.C.s of the speech wave will be perturbed maximally when the speech
mplime is low, ' This happens to a certain extent in each glottal period
as the resonances decay. If the pitch is low and the glottal period long,
the amplitude decdy is most marked, Thus in this condition the proportion

of Z.C.8 that are likely to be perturbed by noise is greater than when the
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glottal period is shorter. Other differences could be caused by the
shortness of the glottal period perturbing long time intervals. Such
perturbation would be seen in vowels in the back-close position of the
vowel chart. It is therefore noted that the simplicity of the digrams
of vowels spoken by J.B.M. does not of itself add weight to their
reflection of specifically vowel, rather than speaker, or pitch

characteristies,

2.3.6 The effect of differentiation of the speech wave on vowel digrams,
The studies on the intelligibility of clipped speech by Lichlider
and Pollack (40) and Ainsworth (2) show that if the speech wave is differ-
entiated with respect to time before clipping,a greater proportion of the
intelligibility of the original speech is retained. This suggests that
petter discrimination between speech sounds may be possible if the T,I.
statistics of differentiated speech are used. The process of different-
jation will, as seen in the introduction, mean that the T,I.s measured
will be those between successive maxima (- 2C.s) and minima (+ ZC.s),
The transformation to convert these extrema into Z,C.s., involves a
frequency emphasis of +6 db./octave, Such Preprocessing was expected
to give greater weighting to the T.I.s descriptive of the second and
higher formants,
The effect of differentiation on the digram form of the T.I.
statistics of vowel sounds is shown in figure 2,9, The utterances used
were the same as those whose digram statistics are shown in figure 2,6,

The T.I. scale in both these figures is the same so that a comparison of



ipeaker J.B.M,.

(b) Speaker M.J.U.

Fige 2.9 Digram displays of' differentiated vowel waveforms.
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the effects of differentiation on the time interval values can be made,
In all the digrams of differentiated vowels there is a shift of the
distribution towards the shorter intervals, This shift is more marked
in some cases than_ in others. The back vowels retain their long inter-
vals more strongly than the front wvowels, This is due to different
formant amplitude ratios and the separation between formants which are
characteristic of the verious vowels,

Some interesting points can be observed by comparison of the
digrems of normal speech (fig.2,6) and those of differentiated speech
(fig. 2.9). Firstly, in the sequence of vowels /i/, /1/, /€ / exd
/2 /, ean ascending first formant is seen in the descending magnitude of
longer intervals of the normal speech digram., In the differentiated
version of the same vowels, the descending second formant is seen in the
ascending magnitude of the longer intervals.

Secondly, it is interesting to examine the digram appearance
of the differentiated form of /v/ and /u/. These vowels had very pitch
dependent T.I.,s when a flat spectrum was used. It was noted in section
2.3.5 that the digrams of these two vowels as uttered by M.J.U., and J.B.M,
could easily cause confusion., It has also been noticed that two of the
four intervals in the glottal period of these vowels are more stable then
the other two when’ the pitch is varied. This suggests that these stable
jntervals are more descriptive of the vowel concerned, When normal
speech is used it is not immediately obvious from the digrams of /v/ and

/u. / of both speskers which spots represent intervals which are stable, as
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all the spots are well defined. The digrem of /w/ spoken by M.J.U.
shows longer intervals than that of J.B.M. and only one spot occupies
the seme position on both digrams, It is this spot which is retained
by the digram of the differentiated form of the M,J.U. utterance, The
differentiated form has removed some of the speaker and pitch dependent
features of the display. However, in doing so, it introduces many short
intervels which complicate the display.

Such results as these suggest that an intermediate type of
waveform preprocessing may be called for. If the normal speech signal
was mixed with the differentiated signal in wvariable proportions, some
optimum position might be found where high and low frequency components
of the speech waveform contribute equally to the T.I. distribution,

This was done using the simple mixing facility already mentioned (section
1.1.1). It was found that for individual vowels a balance between high
end low frequency components could be achieved. However, this balance
position was different for each vowel and it was not clear how to derive
a general rule for its use. The only system which was conceived,but
never implemented,was one using feedback from & measure of the Z.C.rate
to control the mixing proportions. Such a system would cause a change
in the mixing ratio until the Z.C, rate attained some predetermined value

in the middle of the vowel T.I. range. There would however still be

problems in extreme cases such as /u/.



2.4 Some changes in instrumentation.

2.,4.1 The use of the Lancuage Master,

The Bell and Howell language Master (see appendix 3) was
used for most of the recorded speech sounds in the latter psrt of the
qualitative studies and throughout the quantitative studies, The
adventages of this device were many, It replaced the awkward tape loop
previously necessary when a particular sound was required many times.

It enabled such sounds to be literally filed away and tlms be randamly
accessible rather than being in the middle of a spool of tape. It
enabled random orderings of stimali for listening tests to be reordered
simply by the shuffling of the cards.

The only disadvantage was its restricted frequency response
(fig.A.3.1). The low frequency deficiency did cause the ratio of first
to second formant amplitudes to be modified. Certain vowels with low
first formants,such es /4/ and /1 /, were reproduced with waveforms
whose T.I. patterns were governed more by the higher frequencies than
would be expected from a device with a wider flat pass band,

The intelligibility of the reproduced waveforms,when clipped,
wes not impaired by this frequency response, as is shown by the results
of Ainsworth (2).

2.4.2 The use of low pass filtering to remove high fregquency noise.

A variable low pass filter was acquired and inserted in the
preprocessing circuit to remove high frequency noise which was outside

the band useful to the digram display. It was found that for vowel
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utterances recorded on the languege master, 2,5 K¢/s was the lowest cut-
off point for which no effect on the digrem display of eny vowels could
be seen. This check was made for the more stringent condition of
differentiated speech and the same cut-off value was used for normal
and differentiated preprocessing., If the low pass ctit-off was reduced
below 2.5 Ko/s the digrams of the differentiated versions of /1 / were
disturbed.

2,5 The digrem analysis of utterances of controlled pitch by two

speakers.

Several of the differences between the digrams of the two
speakers M.J.U and J.B.M. have been explained in terms of the difference
between the natural pitches of their voices, It was the aim of the
following experiments to discover whether two speakers could produce
the same or more similar digrams by controlling the pitch of their
utterances,

Two values of glottal period were chosen, 8,0 msecs. and 6,5
msecs. The former was a medium pitch for speaker M,J.U. and the latter
was a medium pitch for speaker J.B.M. Both speakers experienced no
strain in producing vowel sounds at the prescribed pitch levels,

The pitch of the utterances were controlled in the following
way. A sine wave oscillator was set at either 125 ¢/s or 154 ¢/s to
give a similar impression of pitch to a vowel sound whose glottal period
was 8,0 msecs, or 6,5 msecs, respectively, The speaker could listen to

the oscillator through headphones,prior to uttering the vowel sound,to
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aid his memory of the pitch required. The glottal periods of the result-
ing utterances were checked by viewing their waveforms on an oscilloscope.
Results. -

The digrams of utterances produced by both speakers at a glottal
period of 8,0 msecs. are shown in‘ figure 2,10, Many of these digrams are
far fran being identical to the corresponding digram of the other spesker, .
The control of pitch has however resulted in some vowel digrams being more
similar to those of the same vowel by another spesker. A clear example
js that of /u/ which had previously shown great differences, It had
been‘ seen previously that the T,I. pattern of /u/ was very pitch depend-
ent but what is shown here is that its dependence on the speaker is very
slight, even at the level of the digram structure, if the piteh is
controlled, In contrast to this case the vowel /V/ has a strikingly
aifferent digrem for the different speskers, The vowels /9 /, /A/,

/a/ end /o/ also show differences, It is noticed in several of these
cases that the differences sre not only in the second order structure of
the T.I.s but also in the first order distribution,

It is clear that the control of pitch can eliminate same of the
differences in the first and second order T.I. distributions of utterances
by different speakers. A greater understanding of the effect of pitch
and the difference between speakers, as separate entities, was expected to
pe gained fran an examination of the utterances of both these speakers at
snother controlled pitch. Accordingly,digrams of utterances having a

glottal period of 6.5 msecs, are shown in figure 2,11. These results
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(axes length

3ms.linear)

Fig. 2.10 Digram displays of vowel wavef'orms with a
glottal period of 8 msec.
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Fige 2.12 Digram displays of diff'erentiated vowel
wavef'orms with a glottal period of 8 msec.
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ig. 2.13 Digram displays of differentiated vowel
wavef'orms with a glottal period of 6.5 msec,



present a fairly confusing plcture. Certain vowel digrams of spesker
J.BM., e.g. /1/, /1/ end /A /. with a glottal period of 6.5 msecs.,
are more similar to the sasme vowel digram of spesker M,J.U. with the
same glottal period than to that of J.,B.M. with a glottal period of 8,0
msec. These cases point to the dominance of pitch rather than any other
speaker characteristics in determining the T.I. structure of the vowel
waveform. There are, however, those vowels of spezker J.B.M, e.g. /3/
end /E/, Whose digrams of utterances with different glottal periods are
more similar to each other than to those of M.J.U, with a similar glottal
period.

A more detailed analysis was performed on the features that
appear in the digrams of vowels by the same spesker, irrespective of pitch.
They were compared with the features observed in digrams of wowels with
the same pitch, irrespective of ;peaker. This comparison revealed that
there is a greater variation in both first and second order T.I.statistics
with pitch than there is with speaker, for the four sets of utterances used.

2,5.1 The effect of waveform differentiation on digrams of controlled

pitch utterances,

The effect of waveform differentiation on digrams of utterances
with a glottal period of 8.0 msecs. is shown in figure 2,12, There is
more agreement beﬁeen the digram patterns of the two speskers than was
apperent when pitch was not controlled. It is interesting to note however
that this extra agreement between speaskers does not occur in the digrams

of the same vowels that showed this tendency for utterances which were not
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differentiated., For example, the digrams of the differentiated version
of /u/ are fairly different, whereas when normal speech was used, there
was & large amount of agreement. Conversely there is a larger amount of
sgreement between the digrams of the speakers after differentiation in
the case of their utterances of /3/, /v/ and /2 /.

The digrams of the differentiated version of the 6.5 msec.
glottal period utterances of both speakers, illustrated in figure 2,13,
are on a different T.I. scale, The patterns are megnified four times to
reveal more of the structure of the T,I,s of the differentiated waveforn.
In certain isolated cases, for example /p/ and /3 /, the fairly clear
pattern for one speaker can be seen in the midst of the more complicated
pattern for the other., TIn many vowels the first order T.I. statistics
are dissimilar and the genersl impression is one of considerable divergence
between speskers when these digrams are examined in detail.

It was found that no general elimination of the inter-speaker
differences in the T.I. statistics was achieved by differentiation of the
speech before clipping. It was not possible on the basis of these results
to draw any more definite and positive conclusions on the effect of
differentiation without describing each digram pattern and comparing them
in detail, The introduction of quantitative measurements ensbled more
general conclusions to be drawn concerning the e'fect of differentiation on
the perturbations of the T,I. statistics caused by different speskers and
pitches. The use of quantitative measures will be described in chapters

3 and 4.
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2,6 The removal of urwanted information from the dicram display,

The aim of measuring T.I, statistics is to discover whet relation=-
ship they have to the discriminability of speech sounds. It is known from
work done on various models of speech analysis that only some of the inforine
ation present in the speech wave is of importance to this discrimination,

Tt has been pointed cut (in the introduction) that the phenomenon of pitch
is of no discriminatory wvalue in the separation of voiced sounds on a
phonemic level. It has been seen, however, in the preceding sections
that this very factor of pitch has a large effect on the T.I, statistics.
The perturbations that are caused are considered spurious when related to
the overall aim of speech sound discrimination.

A further cause of spurious intervals is the effect of noise.

A filter has been used to reject all noise which lies outside the frequency
band of the signal of interest. No attempt has been made to reject noise
within this band, which will be amplified with the speech signal and will
dominate the T,I. pattern when the signal to noise ratio is low. This
will occur according to the relationships between the relative amplitudes
and the relative frequencies of the components of the signal and the noise,
in a similar way to that discussed for the mixing of two formants (section
1.4.8).

As the study is concerned with isolated contimuant soumds, the
Jominance of the noise during silent intervals was not a problem, In the
early stages of the stuly,when the electronie circuits were designed, it

was thought better to awvoid the indescriminate T,I. distortion of differing
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magnitudes involved in any of the several ways of rejecting noise (see
section 2,6,1), It was decided to provide a high signal to noise ratio
thus keeping the electronics simple and the T,I. measurements accurate,

The noise problem was left until a later stage when some experience had
been gained in the accuracy of T,I. measurement required for discrimination
of certain sounds, and in the sensitivity to noise of the statistics being
measured.

Before describing the meesures that have been taken to combat
the perturbations of the T,I.s which constitute 'noise' in this analysis,
ﬁhe methods of noise rejection that have been used by others working on
Z.C. measurements of speech will be briefly reviewed.,

2.6.1 Noise rejection methods used by other workers,

The use of a trigger circuit with controlled positive and negative

hysteresis,
The clipping transformation performed by this system is shown

in figure 2,14 (a). A crossing of the actual zero level is not registered
as 2 'zero-crossing' unless it crosses by more than a defined amount *h/pt,
Such a system effectively quietens the clipping amplifier when the input
signal has a peak to pesk value of less than h, This discrimination
against emplitude applies to all inputs whether noise or speech, and also
o) al};.}gfl;‘equency components of a complex wave, such as the speech wave,
which have an amplitude of less than this level,even though the overall

amplitude is greater. In addition it inwolves an error in the measurement

of T.I.s under high amplitude lobes of the waveform,owing to the use of



(a) Clipping level hysteresis.

(b) Low frequency square wave bias.
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Pig. 2.14  Illustration of noise rejection methods.
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displaced clipping levels on the asymmetric waveform. This error is
however the smallest in all the simple noise rejection techniques that
have been used.

The addition of low frequency bias,

The clipping transformation performed by this system is shown
in figure 2,14 (b). The additisn of a low frequency (~20¢/s) square
wave to the speech signal will 1ift low amplitude noise away from the
gero level either positivelj or negatively depending on the instantaneous
stete of the square wave, This would woark admirably during silence
periods, keeping the clipping amplifier quiet. The only Z.C.s that would
be registered would be those representing the frequency of the square wave,
when used during the presence of speech a greater degree of T.I. distortion
occurs than with the previous method, as one interval is shortened then
the next is lengthened while the bias is towards one side or amother;
then various distortions or spurious int ervéls could occur when;}'lbeias wave
switches, It has the advantage of being easier to control for varying
noise levels,

The addition of a high frequency bias,

The clipping transférmation performed by this system is shown in
pigure 2,14 (c).  This method is similar to the previous one in that it
causes T,I.s, outside the range expected during speech to occur during
silence periods, In this case these intervals are very short, caused by
the addition of a signal of ~ 20 - 50 K¢/s. The peak to pesk amplitude

of this signal is h, the level below which the speech signal is to be
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ignored. The interesting effect of the bias is that on the T,I, pattem
of a speech signal with an amplitude greater than h, This system offers
more scope in the way in which the spurious Z.C.s that are produced, may
be processed, To ignore all the very short intervals invites more T,I,
distortion than either previous method. To add these intervals into an
adjacent interval,ocould be nearly equivalent to the first method if the
phase of the clipped wave was synchronised with the original speech wave,
This present method would in fact have the advantage of giving en indication
of the presence of a low amplitude high frequency ripple component on a
high amkplitude low frequency waveform,which the hysteresis system would
ignore. _

If an on-line computing system was used with the higzh frequency
bias system,a more accurate estimate of the tiue 2,C.s could be made by
interpolation within the bursts of short intervals at each true Z.C.

2,6.2 Noise rejection in the present study.

These three noise rejection methods have been reviewed, as noise
rejection is considered important for a practical Z.C. measuring system
working in undefined ambient noise, or for a system which is working on
sontimious speech where a constant signal to noise ratio is not possible
aue to the nature of speech.

In the présent situation the need for such precautions is minimal
although noise is present in the room, microphone, tape recorder and
electronic circuits of preprocessing and clipping., The signil to noise

ratio at the recording amplifier stage in the tape recorder was measured
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at +52 db, In such favoursble circumstances it was decided to investigate
forms of noise rejection specifically related to the speech wave; a system
that will take account of the redundancy present in speech. Two forms of

such a system were investigated.

2,6.2.1 The amplitude modulated digram display,

One problem was encountered with a branch study, on the digram
display of contimuous speech. It had become obvious in the early stages
of experimentation using the digrem display that it had some potentisl as
a form of 'visible speech' (see appendix 8). Accordingly some Work has
been progzressing in parallel with the present study on this aspect of
display, used in a real-time dynamic mode. A suggestion for noise rejection,
during silence or low amplitude portions of speech,was made by M.,M.Taylor,
An electronic system to implement the suggestion was designed and built in
collaboration with M,J. Underwood., It was subsequently used by I.K.Taylor
to evaluate the usefulness of the display as visible speech.

The basic idea was to display the digram on a C,R.T. as previous-
1y described, but to modulate the brightness of each spot by an smount
proportional to the differential amplitude of the waveform lobes which
defined the two T.I.s displayed. It was intended that in the real-time
tvisible speech' display,this amplitude modulation of the brightness would
separate syllables and darken the display during silent intervals. The
system was evaluated separately from the 'visible speech' project as an
example of a noise rejection scheme which gave a weighting to T.I.s. under

various parts of the waveform depending on the instantaneous signal to
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noise ratio, Where the signal to noise ratio was high the intervals were
measuwrcd as accurately as possible and given a high weighting, but where
the ratio was low, the intervals, still measured without distortion due to

the noise rejection, were given a low weighting,

Mode of operation.

| The detailed aim of the system can be seen by reference to figure
2.15(2). Vhen the interval pair, t;, followed by t, are to be displayed,
the brightness pf the spot,with coordinates proportional to t4 and tp; will
be proportiona.l to hy + ho. Jore generally, and illustrated here for
the- lower _amplitude part of thewaveform, the intervals tn and t neq 8T
displayed with weighting proportional to hn + hn+ 1 It was therefore
necessary to store bothh and h , until ¢, had elapsed,

Figure 2,15 (b) represents the function of the system designed
to provide this weighting. Two analogue shift register (A.S.R.) stages
were used to record the maximum positive and negative excursions, and hold
voltages proportimal to them until they were required, The T.I,s were
measured in parellel with the amplitude measurement,and sequential pairs
stored by a double stage A.S.R. as previously described, The positive
end negative amplitude peaks were recorded by charging two cepacitors
through diodes of opposite polarity. These peak detectors were sampled
alternately at every other Z,C.; the negative peak detector at the -Z.C.,
and the positive at the + Z.C.. Immediately after their voltages had been
transferred on to an A.S.R. stage,théy were reset and allowed to recharge

according to the amplitude of the waveform at that time, The outputs of
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" the two A.S,R. stages were fed to & .differential emplifier, During the
period of each time interval tn+ 23 the output of this amplifier provided
a voltage proportional to h, + hn+1' The delayed Z.C., pulse,which reset
the time-base in the T.I., measurement system,controlled a gate on the
output of the differential amplifier. The output of this gate provided
the 2 - modulation for the C,R.T,

Results.

The difference between the T,I. statistics produced using this
amplitude weighting and those produced without amplitude weighting is
illustrated in figure 2.16.% It can be seen that in most cases a much
clearer w}owel digram is achieved using amplitude weighting. Most of the
noisy areas of the display have been removed indicating that they were due
to low amplitude areas of the vowel waveform. Thus amplitude weighting
of the T.I.s can be considered as an effective noise rejection technique.
There are some disadvantages which are similar to those of the methods
reviewed in section 2,6,1., The low amplitude high frequency ripple
component of sounds such as /i / and /I / will be affected by this weight-
ing. A small crossing of the axis will only be displayed with any
appreciable weight if followed or preceded by a large amplitude lobe, It
is seen in figure 2,16 that in the case of these two vowels, the short-
short pairings have disappeamd from the digram leaving only some short-
long pairings in the case of /I /.

.....o-.-o.'Ooooooo..'o.o'000000000...0000..0-0......ooo'o-oOoo..o---..'...

# These photographs were taken by M,J. Underwood,



/w/ [/ /P/

Fig 2,16 Vowel digrams obtained (a)with and (b)without Amplitude Modulation.

Time interval scale

o 1 2 3 msec.
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Thus stable features of the digram display have been removed,

This method also does nothing to remove that other form of
noise whieh perturbs the T.I, distribution; that due to pitch. The
six spots of the digram of /u/ which remain after ami:litude weighting
are known to be very pitch dependent. It therefore seemed reasonasble
to build more speech wave redundancy into the analysis in an attempt to
remove this other form of noise,

2,6.2,2 Pitch synchronous gating.

Amplitude weighting of the T.I.s was still a fairly general
purpose approach. The only information concerning speech that it used
to advantage is that the signal to noise ratio is not a constant, and
varies very widely even during vowel productim, Ina t;;,rpical vowel

waveform however, a :low amplitude lobe .- ... .. in one part of the
glottal period could be important, but unimportant if it occurred in
enother part. TFor example, the low amplitude lobe of the / i / waveform
petween the larger amplitude low frequency lobes can be important for
the discrimination of /1/ and /u/, but a similar low amplitude lobe
near the end of the glottal period of /s / would be quite unimportant.
There seems to be a case for devising a noise rejection technique
which uses the redundancy of the speech wave caused by the constraint of
pitch. A method has been developed which is based on the assumption
that all vowel waveforms ere a mixture of damped simusoids whose amplitude
falls significantly towards the end of the glottal period. This method

should therefore be most effective when a vowel waveform approximates
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closely to this model,

This method can be considered as a simplification of the
amplitude weighting system. The latter part of each glottel period
is considered to be of low amplitude and is given zero weighting. The
method is described as pitch synchronous gating (p.s.g.) as it is equiv-
alent to gating the waveform such that only the early part of each glottal
period is measured, Yhen applied to a waveform similsr to the model on
which p.s.g. was based, it has a very similar effect to that of amplitude
weighting,except that low emplitude crossings of the clipping level near
the beginning of the glottal period are given high weighting. When
applied to waveforms which do not decay so rapidly, it has the desired
effect of rgmovi.ng same of the most pitch dependent intervals at the end
of the glottal period,which constitute T.I, noise in a varying pitch
signal. A similar form of analysis has been reported by David and
Macdonald (12), Mathews et al. (46) and more recently by Stover (61).
These workers have used pitch synchronous measurement in an attempt to
reduce the bandwidth for speech transmission while retaining intellig-
jbility, or to separate the characteristics of the glottal excitation
from those of the vocal tract. The present use of the technique, for
analysis solely in the time domain with the latter purpose in mind, has
pot been reported in the literature.

The proposal of this method posed two questions. "What is the
most relisble and simple method to detect the beginning of each glottal

period, and on what basis can a decision be made on the extent of the



gating to be used in each period?",

2,6.2.3 Pitch detection,

The relisble detection of pitch has been the subject of many
studies in recent yeers. Several methods have been used and they vary
in the amount of information given about the excitation function,
Inverse filtering of the speech spectrum (29, 49) gives the actual
excitation function mimus a few harmonics. The accuracy end great detail
obtained using this method depends on the spectral structure being well
defined. It therefore requires accnrat.e formant tracking if it is used
in continuous speech. Harmonic detection in the speech spectrum using
tcepstrum' analysis (50) can give a measure of the fundamental frequency
even if no energy at this frequency exists, Two further methods operate
in the time domain of the speech waveform., The length of the glottal
period can be obtained from short term autocorrelation measurenents on
the speech waveform (27, 62.). If the additionel information of the
position of the start of the glottal period in time is required some form
of peek detection mist be applied to the waveform. (26, 5k, 61).

It was clear that in order to control a gate to perform p.s.g.,
a pitch detection method which incorporated peak detection was necessary.
A peak detector preceded by an automatic gain control was designed by M.J.
Underwood. This circuit incorporated a dead-time whiéh did not allow
the circuit to record a peak within 3 msecs. of a previous one. This
avoided the error of detecting two high amplitude lobes near the beginning

of the period, This system was found to follow the pitch of most vowels
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although more difficulty was experienced in tracking the pitch of close
vowels, which do not conform to the model of damped simusoids so well as
the open vowels, The performance of this circuit was improved for use
with vowels of a steady pitch by introducing a variable dead-time which
could be adjusted to be Just less than the glottal reriod which was to
be detected, The output of this circuit wes a positive going edge when
esch peak wes detected; this feature was termed a 'pitch marker'.

2,6.2.4 The extent of gating in each glottal period,

Eaving found a method to extract the start of the glottal
period with sufficient reliability for the present purpose, the way in
which the pitch markers should be used to control a gate on the T,I.
measuretient remained an open question. This question was discussed with
¥,J. Underwood in order that experiments on pitch synchronous synthesis
of speech could be made parallel to the present study on pitch synchronous
analysis of speech.

Evidence from perceptial experiments and analysis of articulatory
and waveform behaviour contributed to the answer to this questicn,

Underwood (66) reports parallel work on the perception of pitch
synchronously gated clirped speech, Slight improvement was found in the
jntelligibility of isolated vowels when only 6 msecs. of each 7 msec,
glottal period were retained. A spectral analysis of the waveform after
Do SeZey showed that formant peaks were apparent after 3 -~ L msecs, of ezch
glottal period were included. Then the whole period was included these

pesks were sametimes not so well defined, Some similar perceptual
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experiments have recently been reported by Stover (61).

The acoustic waveform can be considered as a carrier of
information concerning both the state of the articulators and the excit-
ation function, There is nothing in the excitation function of voiced
sounds which distingquishes one phoneme from another, Flenagan (20)
has shown that changes in the wocal tract can have only a negligible
effect on the excitation function, The state of the articulators are
however most importent in phoneme discrimination.

It was suggested by W, Lewrence (private cormmmnication) that
the latter part of the glottal period may not be a very good reflection
of the positions of the articulators for the following reason,. Studies
in inverse filtering of woiced sounds to examine the glottal excitation
function (49) have shown that the maximm amplitude peak of thewaveform
corresponds most closely in time to the rapid closure of the glottis,
Holmes (29) has shown that the higher formants can be excited more than
once in a glottal period; typically at the opening and closing of the
glottis. The decaying resonances of each excitation due to the closurs
of the glottis are therefore perturbed towards the end of the glottel
period by the effects of the reopening of the glottis, These effects
will include a gradual build up of pressure and the re-excitation of the
higher formants, It would therefore seem that theré is a case based
on articulatory arguments,for looking only at the waveform which follows
the maximum amplitude peak. This will be a more pure reflection of the

resonances due to the positions of the articulators. TFlanagan (21) states
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that in vowel production the glottis remains closed for between 407 and
70% of the glottal period. These figures suggest that it may be worth
ignoring up to 607 of the glottal period; that is, the time when the
glottis is open.

Further observations have been made of the stability of Z.C.s
at various parts of the glottal periods 1In the majority of vowels some
variation is seen in the intervals immediately preceding the maximum
amplitude peak., When the stress or pitch of the utterance is changed
it is most evident that such variation takes place (fig.1.5). Holmes
(29) reported changes in the shape of the glottal waveform accompanying
such subjective cheanges,

It would seem from this evidence that in some cases the removal
of up to 60% of the glottal period might make the T,I. statistics less
pitch dependent, The portion of the period to be gated out would be
that terminating at the first Z.C, after the maximum amplitude peak,

This position was chosen as it is clear from figure 1,5 that the interval
under the maximum peek is very unstable In so far as its initial Z,C. is
concerned.  This choice differs from thet of Mathews et al,(46) and Stover
(61) who commenced their pitch synchronous analysis at t he Z.C, before

the principal peak,

Measureuent of the gating period.

The control of the gating period according to the mumber of
7.I.8 which had elapsed was considered, in order to awoid the problem of

rregmentary T.I.s. occurring to complete the 'on' period of the gate,
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It was considered that such an approach would cause more severe DP.Se.ge.

on the vowels that were close to the assumed ideal of heavily damped
simisoids. Those which are not close to this ideal temd to have longer
time intervals and thus more of the period would be included if a constant
muber of T.I.s per glottal period were measured. If the only aim was

to remove the low amplitude portions of the waveform this approsch would
be helpful, but it would admit the end of the glottal period if very few
Z.C.8 occurred, This fact combined with the uncertainty in the mumber
of Z.C.s per glottal period, especially in vowels such as /i /, caused
this approach to be abandonned,

Other methods can be summarised as those which use a constant
ton! period, or a constant 'off' period, or a constant ratio between the
two, To maintain a constant 'on' period assumes that as the glottal
period increases the portion that reliably reflects the position of the
articulators is constant, and the end of the period is increas:lngl& filled
with either low amplitude signal disturbed by noise or that perturbed by
the glottel excitation., The perturbation of pitch, or pitch jitter, has
been found by Lieberman to increase with increasing glottal period (38).
Flanagen (22) has shown that as pitch and intensity increasaé, the width
of 'glottal pulse' is often reduced, thus tending to maintain a fairly
constant closed period or perhaps a fairly constant rafio of open and
closed periods., The constant ‘on' period method is the only one that
can be implemented simply for real-time analysis; it would use a mono-

stable controlled gate,and logic circuitry to avoid spurious fragmentary
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intervals being created.

The other two methods could easily be implemented when the
glottal period was measured and stored. They were partly investigated
later in this study when using the FPDP-8 computer.

2,7 T.I, analysis after p.s.gz. of wvowel waveforus,

2.7.1 Experimental method.

The effect of p.s.g. on the T,I., statistics of vowels was
investigated using the FDP-8 canputer and three registers for the input
and output of data. (see appendix L4). The T.I,s were stored in the
FPOP-8 store as described in appendix 4B. The program which controlled
the analysis was based on one written by M.J. Underwood; modifications
were added to control the duration of compilation,and later to retrieve
T7,I.8 stored on digital magnetic tape.

The T.I. during which the start of a new glottal period was
detected was denoted by adding to the value of the stored T.I. a large
nuwber, in the form of setting the most significant bit of the 12 bit
computer word equal to ‘one'. This was equivalent to an interval in
excess of 24 msecs,therefore no confusion with long intervals was likely.
In this way the T,I.s together with pitch markers were stored in the
machine, A piteh synchronous analysis of the T,I.s was then ‘carried out.
The gating period was controlled in steps of 1 msec. by the switch register
on the computer console, The T,I.s which were within this period were
denoted by setting the most significant bit of the computer word contain-

ing their value. The state of this bit was used to control the
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Z- modulation of a digrsm display. This display was produced by feeding
the values of adjacent T.I.s into digital to amnslogue converters which
in turn controlled the X and Y déflections of a C.R.T, This letter
part of the program was a complete simulation of the analogue shift
register described earlier (section 2,1,2).

The simulation of the A.S,R. and the process of p.s.g. within
the FIP-8 had same great advantages. The earlier work on the analysis
of digrems had involved three photographic exposures to obtain the digram
pattern, plus two refergnce axes, on film, This had involved the use of
a complex switching system, The A.5,R. simulator used a simple subroutine
to write axes on the C.,R,T. display. The output of the same intervals
was cycled contimiously enaebling detailed observation of the digram pattemns,
The effects of p.s.g. could be seen by changing the severity of the gating
on the same intervals in a non-destructive manner, thus enabling comparison
and recomparison of verious p.s.g. conditions. This use of the computer
greatly reduced the number of experimental parameters that needed monitor-
jng to ensure that accuracy in T.I. measurement and pitch detection were
maintained during analysis of the digrams, Such monitoring was now
required only while the T.I,s were being measured and stored in the
computer, In all subsequent analysis the experimenter was able to devote
all his attention to the effect that p.s.g. had on the 'digrams displayed,

The aims of this analysis,

The aim was to answer several questions that were raised by

the influence of pitch on the T,I. statistics, Firstly, "What effect



97.

does varying the gating period have on the digram statistics, and does
this effect vary from one vowel or class of vowel to another?", Secondly,
"Does PeSeg. reduce the digram display of utterances of the same vowel at
different pitches to the same pattern?". Thirdly, "Does it reveal that
digrams of differently pitched utterances of two speakers can be reduced to
the same pattern?".

2,7.2 The variation of the gating period.

.The purpose of this experiment was to investigate the effect
on the digram display of removing a successively greater proportion of
the glottal period. It was expected that the removal of a small portion
ot the end of the period would tend to reduce the noisiness and pitch
dependence of certain vowel digrams, As this portion was increased it
was e@ected that some of the characteristic pattern of the digram would
begin to disappear.

This was found largely to be true with some exceptions., Some
of the digrams which followed the expected pattern are shown in figure
2.17. The vowel /I / spoken by M.J.U. with a glottal period of 6.5 msecs
(which will be abbreviated to /I / - MJU - 6.5) is seen to become less
noisy end finally to lose its characteristic short intervals as successive-
1y only 5 msec., 3 msec., and 1 msec, of waveform is retained in each
glottal period. The p,s.g, versions of /o/ - JBM - 6;5 down to 2 msecs.
sre simply less noisy versions of the ungated form, but at 1 msec, the
pattern begins to break up, The digrams of the other three utterances

shown in figure 2,17 are seen to behave in a similar way.
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Certain vowel digrams are reduced to a single spot by severe
DPeSegee If the spot is not on the axis it must represent the first two
intervals of the glottal period amd illustrates the degree of stability
of these intervals from period to period. An example of this is ssen
in figure 2,17 d. If the spot is on the axis it could represent a wave-
form which is domirated by & particular frequency, and the T,I, perturb-
ations seen in the digram of the ungated form are due solely to end of
period intervals. A very clear case of this has not been photographed
but close approximations are seen in figure 2,18, |

A further effect of reducing the gated portion of each period
is for portions of the digrem pattern,which seem to be equally strong in
the ungated form,to disappear completely., Some examples of this are
shown in figure 2.19. In these cases the latter part of the period
seemns to contribute a significant part of the display of a constant pitch
utterance, but it may be very pitch dependent. Most of the digrams that
exhibit this type of bechaviour under p.s.g. are of vowels which do not
conform to the model on V;hich P.Seg. Was postulated: they do not show
significant damping with/:he glottal period.

Discussion of these results,

It is clear from the above results that p.s.g. does have
different effects on different vowels. It is also clear that these
different effects do follow certain classifications of the vowels and
are not very different within these classifications.

The classes of sounds which in general are effected differently;
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Fige 2.17 Vowel digrams af'ter pe.sSegee

(axes length - 3ms. linear)
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although certain overlapping characteristics are seen, are front-close,
back-close,and open vowels, The central vowels /3/, /3/, /A/ and /2/
seem to be affected in less predictable ways depending on the particular
utterance concerned. It should be moted that for the first two classes
of wowel it was more difficult to detect the start of the glottal period
reliably. Examples of slight unreliability in this detection sre seen in
figure 2,19 when a strong spot in the digram display is almost but not
quite removed by p.S.g. The best possible pitch detection was achieved
in these cases by fine edjustment of the dead time of the peak detector.

| The front-close vowels,/i/ and /I /, very often had a greater
propor‘tion of their short intervals towards the end of the glottal period,
This can be explained by the secondary excitation of the higher formants
at the opening of the glottis, as described by Holmes (23). As the
relative emplitudes of first to second formant is smaller at the secondary
excitation of F2,there is a greater probability of short intervels dominat-
ing the T.I, pattern at this point. The consequent effect of p.s.g. is
to remove the short intervals before the longer ones, In such a case
PS8 has little value. = .., , Pitch perturbations tend to be assimilated
in the short intervals which individuaelly contribute so little to the whole
glottal period. Except in extremely long glottal periods, the amplitude
remains highowingto the slow decay of the first formant résona.noe.

The back-close vowels, having very long T,I.s, were usually

reduced by the removal of a sirgle prominent spot or pair of spots from

the display, These spots have been shown (section 2,3.5) to be very pitch
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dependent, fheref‘ore PeSeg. Was exceedingly useful in these cases,

The open vowels shoved a gradual reduction in the noisy aress
of the display as the gating period.was decreased., Such features as
lines of dots parallel to an axis,revealing a steady change of one inter-
val adjacent to a stable one,were removed with fairly slight p.s.g. It
was for such vowels as these that p.s.g. had been suggested in place of
the more elaborate amplitude weighting system. In most of these cases
the use of p.s.g. was fully Jjustified in producing simple patterns from
the midst of noisy displays.

The extent to which p.s.g. can remove perturbations dve to
piteh, beyond those caused by noise in the case of open vowels and by
long pitch dependent intervals in the case of back-close vowels ,» Will be
examined more closely in sections 2,7..4/5.

2.7.3 The effect of p.S.g, on differentisted vowel digrexs,

The effect of p.s.g. on differentiated speech might be expected
to be different to that on normal speech for several reasons,

The use of the differentiated waveform enzbles ths measurement
of reliable intervals earlier in the glottal period than in the normal
case. This is apart from the reduction in average length of the interwvsls,
The first interval to be measured is the one immediately after that in
which the stert of the period is detected. In the case of a normal wave-
form, measurement starts at the end of the interval under the maximam
amplitude wateform lobe, whereas :Ln the differentiated case measurement

starts at the maximum of this lobe. ATherefore the pitch synchronous
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measurement of the T.I.s of the differentiated waveform provides a slight
adventage over that of the normal waveform,in that the T,I.s measured are
under a part of the waveform which is deemed to be a more reliable reflect-
ion of the state of the articulators. The advantage is of course dependent
on the detection of the start of the glottal period from the normal wave-
form,even when differentiation is included before clipping.

The T.I. statistics of the differentiated waveform might also
be affected by p.s.g. differently to those of the normal waveform, as the
portion of the glottal period which is gated out is that which will contain
any secondary excitation of the higher formants. It could reasonably be
assumed that the end of the period in the differentiated form could contain
a large amount of information concerning the second formant.

Results,

In fact p.s.g. was found to have little general effect on the
differentiated vowel digrams until the gating period was reduced to 2 ~ 3
msecS.. The use of this gating period was found to have a fairly similar
effect on most of the vowel digrams (f£ig.2.20). The digrams of the
ungated form are found in figure 2,13, In the case of /i/, /I/, /€/,
/a/, /3/ ard /9/ the digram is reduced to a much simpler pattern
representing very nearly the T.I. characteristics of the second formant,
An example of the usefulness of the digram over the histoéram is seen
jn the digram of /2 /. A continuous first arder spread of intervals
petween two velues is seen to lie, in digram space, on a line of approx-

jmately X + Y = constant. This indicates the presence of some low



Fig. 2.20 'The et'fect of p.s.g. on the digrams

of dirterentiated vowel wavetorms.

(axes length = 0.75 ms. linear)
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frequency, presumably the first formant, dominated by a higher frequency,
presumably the second formant. An estimate of F2 could be made by use
of the equation

F.2 =1/C where C = X + Y, *

The digrams of /®/ end /A/ cannot be described so simply owing to the
effects of third formant in the case of /2 /, and first and third forments
jn the case of /A/. The digrams of the vowels /o /, /¥/ amd /u/ show
a larger dependence on the first formant.

The result of the use of p.s.g. on the differentiasted vowel
wavefarm is to produce a more general noise elimination in the digram
display. This often results in T.I.s characteristic of the second
farment being predominant., The secondary excitation of this formant,

described by Holmes, seems to have little effect on the T.I. distribution.

* Strictly the value of C is given by the X and Y coordinates
only st the ends of this line, That is when the low frequency compon-
ent's waveform has zero slope. If the separation of the frequencies
concerned is great,and the amplitude of the higher frequency is much
larger than that of the lower one, the line X + Y = C is approximated

by the display.
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2.7.4 The stability of p.s. gated vowel digrams undef piteh variation,

The effect that p.s.g. has in removing the effects of pitch
on vowel digrams of two differently pitched utterances of the same speaker
was investigafed. Comparison was made between the digrams of utterarces
with glottal periods of 8,0 msec, and 6.5 msec. by the two speakers,
J.B.M, and M,J.U,, Figure 2.21 illustrates the effect of p.s.g. on the
digrams of same of these utterances, In all the cases illustrated, it
is clear that the digrams of waveforms which are more severely gated are
more similar to those of a similar utterance of dif‘ferent pitch,than are
their respective ungated digrams, This was only found to be true in a
minority of vowels. The digram pattern of utterances after gating often
retained features which were perticular to the utterance and perhaps to
its pitch. It has been realised throughout that perturbations of the
T.I. pattern due to pitch are not solely at the end of the glottal period.
Wien a formant becomes a harmonic of the fundamental frequency, a change
in the T.I. pattern can be censed in other parts of the glottal period
(section l.4.4). This perturbation is of course most pronounced in
vowels where the T.I. pattern is nicely balanced between the influences
of two formants. It is not clear how such a perturbation could be
eliminated or accounted,far while working solely in the time domain,

2.7.5 The stability of p.s. gated vowel digrams under speaker variation.

In the light of the results of the previous section it seemed
unlikely that pitch, as seen in its effect on the T.I.s of the latter part

of the glottal period, could be the major cause of difference between the
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Fig. 2.21 The effect of p.s.g. on digrams of differently pitched
vowel sounds by the same speaker.(2xes length - 3ms. 1in.)
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Pig. 2.22 The effect of pese.ge. on digrams of diffeerently pitched

vowel sounds by different speakers.
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T.I, statistics of different speskers whose natural pitch was different.
Indeed the utterances of M. J.U., end J.B.M. at different pitches,when com-
pared after a certain amount of p,s.g., only revealed two wvowels whose
digrems were similar (fig., 2,22), The digram of the wvowel /A / ~ JDi -
8.0 is reduced to a very similar pattern to that of /A/ - MJU - 6,5 if
only the first 3 msec, of each glottal period is retained. The converse
pair of digrams (/A/ - JBU - 6.5 and /A/ - MU - 8.0) do not show such
aimilarity. In these converse sets of vowels however, the simple one spot
pattern of /5/ - MU - 8.0 is found in the digram of /o / - JR - 6.5,
sgain after approximately 3 msec, of the glottal period is retained.

Further comparisons were made between the digrams of vowels
uttered by different speakers but at the same pitch, It was thought
that the operation of p.s.z. on these.utterances might lead to the
elimination of certain spesker dependent features due to the indivijuel
shape of his glottal excitation waveform. Evidence for any such
elimination was very small and spread over many vowels, There were no
vowel digrams that were photographed which revealed clear evidence for
the above hypothesis.

2.8 Conclusions on the cualitative study of pe.s.g.

When p.S.g. was applied to the open vowels which most nearly
resenble the damped simsoid model of vowel waveforms, from which the idea
of PeSef. €volved, dramatic rejection of noise on the digram display has
been seen. The clesr pattern which appeared has sometimes been similar

to that which has emerged from noise in the digram of the same vowel but
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in a different utterance, of a different pitch, or from a different
speaker., This is certainly not the case for all vowels, It seems
that the intervals even at the start of the glottal period are somewhat
pitch dependent, both in their first and second order statistics, This
difference in the T.I.s at the start of the period could be exrlained in
two ways. Firstly, there is the effect of changing relative amplitudes
between farmants, as the pitch changes cause alterations of the harmonic
structure of the sound. Secondly, there is the effect of the a.c,
coupling of the recording machine on differently pitched signals. The
effective removal of one section of an asymmetric waveform will cause a
slightly different a.c. zero level to be defined.

The extent to which similarity between digram patterns of
similar sounds has been increased by p.s.g. of the waveform camnot be
adequately measured using a qualitative photographic approach. The
same problem arises as with the qualitative histogram snalysis. Although
there are a wider variety of features in the digrem display, the human
observer is not able to retain and compsre full impressions of the patterns
involved., In addition, the digrem display uses two dimensions for the
display of T.I. information,and the probability of occurrence information
has to be recorded as brightness modulatim, A great deal of this latter
dimension is lost during the photographic process., Differences in the
texture of the display, occasional drift of the d,c. brightness of the
C.R.T., and variations in the photographic process itself have catributed

to this,
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These problems of visual analysis led to the quantification
of the method of analysis where all three dimensions were measured to
any desired accuracy. The facility of an accurate memory of previous
displays unpertwrbed by photographic limitations was a great advantege.
The use of the FPDP-8 computer in this analysis is described in the

following chapters,
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Chapter 3, The introduction of quantitative measurements.

Introduction.

The qualitative enalysis of the histogram and digram statistics
described in the previous chapters has indicated many of the variations
that occur in the T,I. distributions of speech, even during isolated
phonemes, It has also shown that a quantitative estimate of variation
between statistics could be a useful aid to memory of the visual present-
ation, assuming that it offered a reliable measure of difference and
similarity between these patterns,

This chapter is concerned with the quantification of both the
statistics themselves and the relationships between them, The first
problem was to decide in what units and on what scale the T,I.s should
be measured, in order that the first and secord order distributions would
be quantised in some optimum way. The second,was to find a suiteble
meesure of similarity or difference,which would make possible a flexible
comperison of all the statistics which have been investigated.

The chapter also describes further investigations into these
two forms of quantification which have the aim of making them more related
to measurements of speech.

3.1 The reduction of scope to the study of vowel sounds.

On the basis of the photographic results illustrated in the
grevious chapter, it was clear that the digram statistics revealed more
structuring of the T,I.s of vowel sounds than of the other classes of

sounds examined. The nasals and voiced fricatives revealed structuring
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which wes descriptive of their class,but within the classes the time
intervals changed only in size with no obvious changes in structure.
The digrems of unvoiced fricatives yielded little extra information to
that obtained from the simple histogram.

It was considered that a quantitative measurement on the
statistics of the twelve vowel sounds was within the storage and
rocessing capabilities of the small digital camputer available. This
oved to be true,although the complexity of the analysis was restricted
until magnetic tape storage became available (see appendix 4). The
size of the machine was a problem because of the requirement that the
statistics of all twelve vowels should be present in the machine for
final analysis of the difference between them. The completion of this
enalysis in vone program run greatly speeded up the analysis procedure,
eliminated the high probability of human errar in handling meny paper
tapes, and mroduced a corplete matrix of the inter-relationships bet-
ween the vowels.

3,2 The general farm of quantification,

It has been mentioned in section 2,3 that there are two forms
of quantification open to the experimenter in speech analysis; one, the
subjective method involving the quantification of a subject's response
to speech stimuli, the other, the objective method where specific physical
measurements are made,and some form of 'artificial response' is similated
after computation has been done. The former method was employed, at the

same time as this present study, by Underwood (66)s  The availability
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of on-line computing facilities being ahticipated, experiments to measure
the discriminability possible between vowels using the histogrem and
digram analyses were planned. Quantitative answers were sought to
questions such as, "How does the discriminability of T.I. histograms
based on a unidirectional Z,C, definition of the T,I.s compare with that
possible when bidirectional Z.C.s are used?". "What effect does pre-
clipping differentiation have on vowel discrimination using both histogram
and digram statistics?". "Is digrem analysis better ‘f'or discrimination
of vowels than histogram analysis?", "What effect does pitch synchronous
gating have on the discrimination possible with these statistics?".

3,2,1 The scale of time interval cuantisation.

Clues to the most appropriaste quantising scale for the T,I.s
were sought both from the earlier work of this present study, end reports
of the work of others who have used the T,I. dimension in the analysis
of speech,

The distributions, or narrowbin histograms, produced in the
esrlier part of this study were based on & linear T.I. scale. It was
seen that a particular linear scale enabled a good distribution of the
features of each class of sounds, but that different linear scales were
required for the distribution of features of different classes of sounds.

Chang et al.(8) reported on several T,I, scales considered for
use with the ungnantised 'intervalgram' display. They showed that a
simple exponential curve,of time constant O, ms., rrovided a good approx-

jmation to the subjective pitch scale of Stevens and Volkmann(60) and
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the articulation index scale of French and Steinberg (24). A similar
exponential curve was used in the present study when the T,I.s of
contimious speech were displayed in unguantised form.

Bezdel and Chandler (5) used a quantised scale affording equal
accuracy of measurement for each bin, having found that,"a number of
different channel distributions can produce equally successful scores",

Sakai and Inoue (55) used a quantised exponential scale on
which they did not comuent, They used this same scale for analysis of
the original speech wave and that of the differentiated version.

T+ was decided to use a shallow exponential time scsle in
preliminary experiments on vowels. This decision was based on the facts
that only vovels were to be analysed and that a fuller exponential curve
would not be warranted unless high resolution of short intervals was
required. The experience gained from the use of a linear scale during
the experiments using the C.A.T., also suggested that a 'near linesr!'
scale should be sufficient for the analysis of vowels,

3,2.2 The quantisation of the T,I. scale.

The linear scale that had been used in the C,A,T., was quantised
in 20 ps. units. The distributions obtained had revealed that the average
peak in the case of vowels had been 7 - 8 quan ta wide, Some later
ad hoc experiments were done using quanta of 150 rsec. and displaying
the histogram stored in the core of the C,A.T. on an external oscilloscope,
making‘ possible much greater magnification of the harizontal dimension,

In these experiments histogram peaks were found to be only one or two
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quanta wide,

The quantisation chosen,started with a bin of 120 ps. at
the shortest time interval end, rising to 350 Js- at the longest time
interval end, This scale of 16 bins had a range of 4.2 msecs. which
was sufficient to cover all the T.I.s found in vowel sounds,whether
defined by unidirectional or bidirectional Z.C.s,

3,2,3 Statistical Analvsis,

The use of the term 'time interval statistics' has been rather
loose thus far. In the case of the histogram analysis described in
chapter 1,the bin widths used were much smaller than the significant
varistions in the time intérval distribution, thus the histogram
approximated towards this distribution. The digram analysis,described
in chapter 2,used simply the digram distribution, i.e, the statistical
averaging was over a period of time rather than over the time interval
dimension. It was necessary to quantise the time interval dimension
in order to make quantitative measurements on both first and second order
gistributions. From now orwards the term 'digram' will be used to denote
a quantised digram distribution. The same quantisation scale and bin

divisions were used for both histogram and digram statistics.

3.3 Measurements of separation or difference between statistics.

One of the major difficulties of the qualitative work was the
1ack of criteria on which to base the statement that one digram statistic
was mare similar to a second statistic than it was to a third.

The most natural form of simulation of the visual diserimination
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of the patterns would involve some form of feature extraction, measure-
ment of the 'strength' of these features,and possibly a measurement of
+he difference between same of the festures. However it seemed that
a simpler approach was required to provide an initial quantitative
evaluation of the discrimination possible using these T,I, statistics.
Consequently two forms of difference or separation measures were
investigated. They were (a) the correlation coefficient, which defines
the extent and phase of any similarity between two patterns in space
or time, and (b) the euclidean distance which defines a distance of
separation in an N dimensional space, where N equals the mumber of
measured parameters of the patterns. In the present case these could

be the number of bins used in the statistie,

3,3.1 Correlation coeffic ient.

The correlation coefficient of two paterns x, (t=1....n)

and ¥y (1=1. ... N) is given by the expression

C= Zxg - NE3

N
S¢ xi - .
where x:Z /N and U=ZS"/N .
L (A
This measure gives the value #1 if the patterns being
compared are identical, <1 if they are completely 'out of phase'

with one another and O if their relationship is campletely random.

A preliminary trial was carried out by applying this measure
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to T.I. histograms of vowel sounds. Histograms were compiled for eight
sequent ial segments of each vowel utterance. The values of correlat ior;
coefficient obtained for comparisons between histograms from the same
vowel utterance ranged over + 0.7 to + 0.99. Those for comparisons
between histograms of different vowels ranged over - 0.2 to + 0,92,

This method clearly had some potentialities as a discriminating measure,
A basic disadvantage soon became apparent however. If extra bins were
added to the statistics in order to accommodate further variations of

the T.I. distributions, the carrelation coefficient was not comparable
with that computed using & smaller number of bins, This became very
apparent when empty bins were added in anticzpation of their use by extra
long T.I.s when unidirectional Z.C. intervals were to be measured.

The extra zeros in the catalogue of bin contents constituted additional
similarity to another histogram with the same umused bins. This
inflexibility of the measure made it impossible to compare the differences
between histograms with different numbers of bins. The measurement that
was required was one that would ignore the empty bins until they were
used, thus rendering statistics with different mumbers of bins more
directly comparable.

3,3,2 Buclidean distance.

The euclidean distance measure was chosen as it overcame the
problem found using the correlation coefficient. In this measure the
contents of each of the N bins of the statistic are normalised then

considered as excursions along each of N orthogonal dimensions of an
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N-dimensional space. It is defined by the expression

N ST S
ED. = [y[nEh- st

Tl I=Zy

The addition of empty bins in no way changes the measurement
between two existing patterns as there is no term in the expression
dependent on N, Thus the facility exists to extend the nmuber of bins,
if especially long T.I.s are anticipated, or reduce them if the time
scale is contracted, (e.g. if it is to be used for differentiated sPeech).

The maximum value of the above expression occurs when two
statistics have only one bin with non-zero contents, this bin being a
different one in each statistie, As the bin contents are normalised
end all the bins which are empty in both X, and ¥y, can be ignored, this
case reduces to a 2-dimensional space with each statistic being represent-
ed by a unit vector at right angles to that of the other statistic. The
maximum value of euclidean distance is therefore A7 .

This can be expressed mathematically

N % é 2
XLy - Yiex

E.D. max, = Z —

‘ % 2y,

N N )
where - Z X, = Xy and Z‘j; = Y s ke
13 L
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is
This/based on the mathematical inequality aZ 4 p° < (a+ b)2 as E,D.

max., is expressed as a sum of squares; i.e. the contents of each statistic
are in one bin rather than in several.-

2
. ED. max = (35 4j = gi=) +(eey - yex,)
' (2w y4;)?

E.D., max

/é— as xXj = Y =0

Thus a measure of euclidean distance which has a maximum of

-+ 1 and a minimum of O is defined by the expression

N N
oo - /gu_ x5y - adx
2

N N
Exfy

2

Bezdel and Chandler (5) used both correlation coefficients
and a form of euclidean distance in discrimination tests on the T.I.
histograms of five vowels, After exhaustive tests they found that the
euclidean distance measurements gave the better discrimination. This
may well have been due to the problem mentioned above: the positive
effect of bins with zero contents, They also proposed the use of a
tweighted euclidean distance' thereby giving greater importance to some
of the bins of their histograms. In the present work the storage of

weighting factors posed a problem until additional computer storsge was
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obtained. The importance of some form of weighting will be discussed
in section 3.6.4, and discrimination measures using weighted euclidean
distance will be described in the following chapter.

2.3.3 The measurement of euclidean distance in the computer.

The computing facilities eveilable at this time were those
of the phase I installation of the FDP-8 system described in appendix 4.
Programs were written to compile the statistics of the T,I. distributions
within the computer as described in appendix 4 B, The measurément of
euclidean distance was then achieved by a program of a hybrid type, using
both the mechine language, FAL 3, and the higher level, Fortran language.
The flow diagram of this program is shovm in figure 3.,1. The output was
a triengular matrix of the euclidean distances between all the vowel T,I.
statistics in the machine, The maximum mumber of statisties that could
be analysed by this program was twelve,

When the statistics of sequential segments of an utterance were
analysed, only the values on the hypoteruse of the triangle were used.

E RN Experiments using Buclidean distance separation measurements on

the T,I. statistics of vowel sounds,

3,4.1 The effect of 'duration of compilation' on Buclidean distance.

This experiment was done partly as a control and partly as an

extension and a quantification of observations made during the qualitative

studies.

As a control it was viewed as a useful way in which to become
(E.D.)
familiar with the variation of euclidean distance/while varying a parameter
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whose effect on the T.I., statistics was fairly easily understood, This
understanding wes based on the experience of similar qualitative work and
an elementary knowledge of statistical sampling theory.

The E,D. that was measured in the present éxperiment was that
between digrams of sequential segments of the utterance, The duration
of these segments was varied and two sets of results were measured., Firstly,
as illustrated in figure 3.2 (top), the overall variation of E,D. with
duration of compilation was measured. Secondly, as illustrated in figure
3,2 (bottom), the variation of E.D. far individual vowels was measured,

Figure 3,2 illustrates that the effects of a short duration of
campilation,and therefore of a lack of statistical stability, are seen
when this duration is reduced between 50 -~ 20 msecs. Delow 20 msecs.
the effect is most marked, as the length of a single glottal period is
approached.

When the resultsof this experiment are broken domm into the
E,D. separation for each vowel taken separately, the majority of vowels,
independently of their characteristic T.I. distribution, conform to the
overall trends of figure 3.2. The obvious divergences from this, seen
in the 30 msec. segments of /v/ and /9 /, have significantly higher
stendard errors ( ~ 30%) than the average (~10 -15 %).

The rank ordering of the vowels at the edges of figure 3,2
is intended purely as an 2id to distinguishing one vowel plot from another.,
No significance is placed on the order in which they occur for different

gurations of compilation. The differences between the level of the plots
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on the E,D. scale is in some cases significant and in other cases not so.
A knowledge of whether there was a significant difference in E,D, for
different vowels analysed under similar conditions was considered important
for the design of subsequent analysis schemes,

The euclidean distance separation between segments of an utter-
ance which were not sequential did not show any significant increase over
that between sequential segments,in the majority of cases, Thus the
results presented,represent the level of statistical instability rather
than & gradual movement from one pattern to another,

The result of this experiment was that a smoothly varying
numerical representation of a trend,already observed qualitatively,was
observed. This gave a degree of confidence in the interpretation of
the numerical results to follow. It has also enabled the extensim of
the earlier work,to check that all the vowels behave in a similar way,
However it is important to observe that different vowels analysed at the
same duretion of compilation have very different E,D, separation figures..
Tt is therefore obvious that a separation of N units of E.D. does not
have the sare meaning for each vowel, There must therefore alweys be
a relative scale against which vowel separations are measured.

On the basis of the results of this experiment it was possible
to choose a duration of compilation of statisties,most useful for future
analysis. It was desirable to use the shortest duration compatible with
statistical stability,in order that rapid phonetic changes could be

resolved in a full recognition system working on téntinuous speech,
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The value of 50 msecs. was chosen,

3.4e2 The measurement of seperation on a relative scale,

The separation between digrams compiled in different temporal
segments of the same utterance of various vowels has been found to vary
quite widely. In each measurement relating two speech categories, it
is important to derive the spread in N-dimensional space within both

categories that are to be compared. The speech category can be either
a vowel,defined by sevéral utterances of it, or simply one utterance of
a vowel, defined by several sequential segments of it. Initially the
latter case only was lnvestigated,

The method used in the subsequent experiments was as follows,
Each utterance that was to be compared with another utterance was divided
into eight sequential 50 msec. segments. A measure of the spread of the
digrams of these segments in euclidean space was made,in order to define
the 'territory' of each utterance. At the same time,one of these
sequential digrems was chosen to represent the utterance for comparisons
with the representstive digrams of other utterances,

The centre of the distribution of sequential digrems was
found by computing the mean digrem. This was simply a digram whose bin
contents were the mean of the contents of the respective bins of the
sequential digrams. The E.D.s of each of these sequential digrams from
the mean were computed,and their mean and standard”™ deviation found,

The choice of the representative digram.

The digrem chosen to represent the utterance in further



120,

analysis was the one closest to the mean digram in euclidean space.
This digrem was chosen rather than the mean digram itself for the follow-
ing reason. When viewing the real-time digram display for a continuously
uttered vowel sound, certain discrete movements were noticed apart from
certain cortimous movements,  Such discrete movements could typically
be caused by the loss or gain of two T.I.s in the sequence of intervals,
Rather than choose a mean digram, which might be represented by a point
in euclidean space which was midway between occurrent or even possible
positions for the utterance concerned, the digram which was nearest to
the mean digram position was chosen as typical of the utterance. This
choice could be important if the sound were to be synthesised from the
stored statistics in an active analysis-by-synthesis procedure, This
form of representative statistic was used throughcut the work described
in the present charter. In subsequent work, when the effects of mixing
the statistics of several speakers or of several differently pitched
utterances were investigated, the mean statistic was chosen to represent
the speech category. In these later experiments there was no intention
of basing synthesis on the representative statistics. They were simply
a measurenent used in the recognition process.

The choice of the representative digram is described in
diagran(a’én ic farm in figure 3,3, The N-dimensional space has been
pro jected on to two dimensions, In addition to the representative
digram being chosen, a circle whose radius is the mean distance of the

sequertial digrams from the mean digram was drawn,with the mean digram
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as centre, The distribution of distances of the sequential digrams

from the mean digram approximated to & normal distribution. This was

a sufficient condition for the statement that 507 of the digrams lay

within this circle. It proved most difficult to derive a mesasure of

the probability of confusion on the basis of overlap of such circles of
different vowels, The trenslation of measurements of a narmal distribution
of distances, being a single dimensional model, to probabilities in a

256 dimensional model is not a simple matter,  Such analysis was not
attempted at this stage. Later on in this study this difficulty was
avoided, end the probabilities found using a different method (chapter 4).

Computer progrem for this analysis.,

Computer programs (fig.3.4) to perform the analysis described
above were basically similar to that described in section 3,3.3. The
major difference was in the choice of output data. The important outputs
of these programs were the rajius of the mean distance hypersphere in.N
dimensional space, the standard deviation about that mean, and the bin
contents of the representative digram, It was also possible to obtain
the bin contents of the mean digram end the individual E.D.s of the
sequential digrams from the mean. At an earlier stage,prior to entrance
into the Fortran progran, the bin contents of each of the sequential

digrams could be obtained if required for detailed analysis or diagnostic

p_lrposeS.
The output of the above important data was wvia the ASR-33

teletype. The bin contents of the digrams Were printed out in a two
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dimensional array, thus facilitating comparison with earlier qualitative
results., The bin contents of the representative digram were also recorded
on paper tape, in preperation for re-entry into the machine far inter-
utterance enalysis,

3.4e2,1 The estimation of likely confusions between vowels on comparison

of their representative statistics,

A further hybrid program was used to operate on the represent-~
ative stgtistics roduced on paper tape. As there was no storsge space
available in the Foriran program to contain these representative statistics,
they were transferred into another part of the store by a PAL 3 mrogram
as soon as they were accepted from the papertape :.: reader, The form of
the program from this point onwards was the same as shom in figure 3.1.

The elements of the output matrix referred,in this mogram,to
the inter-vowel E,D.s. These inter-vowel separations were then related
to the known spread for each of the wowels, Hyperspheres of radii
equal to the mean spread, and the mean spread plus one, two and three
standard deviations,were constructed around each vowel digram to define
several confusion thresholds, The likely confusions based on these
_various thresholds could then be estimated, The results were expressed
as percentages of the total number of vowel pairs which were separated
from one another by this analysis,

Zelie3 Experimental Results.

Sounds used in these experiments,

Three speakers (W.A.A., ¥.J.U., J.B.M,) recorded the twelve



123,

vowel sounds previously described, on language master cards, These
utterances were used as input to the clipping circuitry,with 2,5 Kc/ s
low pass filtering as standard preprocessing.

3.4.3.1 Vowel discrimination using unidirectional Z.C. histograms,

The three sets of twelve utterances were processed three times,
Once using bidirectional Z.C. information, and once each using the two
sets of unidirectional Z.C. information. The likely confusions between
vowels using these three faorms of T,I. histogram were computed according
to the methods cutlined in section 3.4.2.

The rumber of confusions between vowels,when unidirectimal
Z.C.s of both signs are used for histogram compilation,is seen to increase
more quickly as the confusion threshold is lowered,than when bidirectional
Z.C. histograms are used. Confusions likely when using the two uni-
directional Z.C. histograms are-seen, however,to be similar, There is
no evidence of an advantage in the use of either + Z.C.s or - Z,C,s.
The results (fig.3.5) show that this trend is true far the utterances
of all three speskers.

A supplementary experiment was done using synthetic speech
(produced by the parametric synthesiser), The confusions calculated
for these sounds were fourd to be just slightly less than those for the
three sets of natwal utterances in the bidirectional 2,C. case but
substantially less in the unidirectional case. The reason for this
lack of increase in the number of confusions for a unidirectional Z.C.,

T.I. histogram description of synthetic speech is not clear. Note that
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the results for synthetic speech and speaker M.J,U. are not presented
for the = Z,C, case owing to loss of data, The major outcome of the
experiment , however, can be seen fram the results presented.

A related perceptual experiment was conducted by Ainsworth (2),
who presented short pulses,generated at either + 2,C.s or - Z.C.s,to a
munber of subjects. His results for unidirectionel Z,C.s also show
similarity between recognition scores for + Z.C. and - Z,C., both of which
are approximately half that registered for pulses at every Z.C.. There
is the difference that Ainsworth used phonetically belanced (P.B.) words
as the speech subject of his distortions, whereas the I;resent wark has
been done on isolated vowel sounds, If this difference can be ignored,
a similarity between human and artificial discrimination of wvowel sounds
is seen. When the speech information is reduced fram the pattern of
bidirectional Z,C.s to the pattern of unidirectimal 2,C.s, human dis-
crimination scores are halved. A similar reduction is seen when the
T.I. histogram information of these patterns of Z,C.s is used as the
bssis of artificial discrimination.

3,4.3.2 Vowel discrimination using differentiated speech.

In these experiments differentiation was used in addition to
2.5 K o/s low pass filtering in the preprocessing stage. The results
for histogram and digram statistics are mresented. Similar trends can
pe seen in the effect of differentiation on both statistics for all three
speskers and for synthetic speech. (fig.3.6). There is a general

jncrease in the number of confusions calculated at all threshold levels
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for all speskers., This is a very decisive result which was partially
expected from experience in observing the digrams of differentiated
vowels on the C.R.T. display. Eowever, this result runs counter to the
results of subjective experiments by Licklider and Pollack (40) axd
Ainsworth (2) in so far as they are comparable. Possible reasons for
this are discussed after further experiments reported in chapter L.

3,5 Limitations of this analysis due to the unweighted distance

measurerent,

The quantitative measurenments to detect likely confusions
between vowels are restricted in their application owing to the use of
unweighted euclidean distance,

The model of analysis and canparison which has been proposed
is one in which a certain speech category, a single utterance of a vowel
sound, a vowel by a particular speaker on different occasions, or even
a vowel by many speakers, is represented by a set of concentric hyper-
spheres in N-dimensional space. Zach of these hyperspheres includes a
certain percentage of the points defining particular utterances within
the category. The decision that a confusion between two categories is
likely, must be based on the extent of overlap of the respective sets of
hyperspheres.

The use of wmweighted E,D. has resulted in all directions in
the N-space being treated with equal weight, thus causing all volumes
to be described as hyperspheres., The true shape of the spread of the

individusl utterances within each categary is lost, The assumption
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that no weighting is required will be called the hypersphericity
assumption,

The acceptance of the hypersphericity assumption had unequal
effects on the enalysis of histogram and digram statistics. In the
latter, the number of dimensions of the hypersphere that did not contain
variation was far larger than in the case of the histogram, as a much
smaller proportion of digram bins than histogram bins were occupied.
Therefore more spurious confusions were calculated, owing to the assumption
of hyperspherical distributi§ns, when digram rather than histogram analysis
was being used. The only experiments that could usefully be done using
this system were those in which comparisons were made between various
types of processirg on the same statistic, that is, histogram or digram.

3,6 Improvements in the definition of the analysis space end the method

of difference measurement,

The assumption of hyperspherical distributions in the analysis
space has clearly resiricted the direct comparison of histogram and digram
ax;alySiS. There are alsoc further errors implicit in this assumption.

It is likely that certain vowels have varistion in a different number of
dimensions compared to other vowels, This will give an uneven overestim-
ation of the confusions actually occurring between all possible vowel pairs,

It was obviously necessary for the success of this analysis
that the hypersphericity problem should be solved. This could be done
by meking measurenents on the T,I.s and their statist ics,which were more

deperdent on the T.I. characteristics of the signal being measured. The
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previous measurements had assumed hyperspherical distributions rather
than the actual distributions of the vowel statistics in the analysis
space.

The analysis space itself could be made more specific to the
perticular vowels being analysed,rather than being defined sarewhat
erbitrarily on the basis of gereral cbservations of the characteristics
of vowel T,I, distributions.

3,6,1 Empirical measurements to derive the optimum shape for the

analysis space,

The work of Fourcin (23) revealed that a long term T,I,
distribution for continuous speech showed certain features which could
be interpreted as the contributions of certain classes of sounds,

Vowel sounds,with their strong isolated frequency components in the
middle of the speech band,were suggested to be responsible for the
‘plateau’ in the middle of the distribution.

A computer program wes written to make a similer measurement
for all the twelve vowels used in these studies. The aim of this
measurement was to investigate whether an empirically derived time scale
could be a variable between different sets of vowel utterances, and so
be useful as a 'tune-in' adjusiment to a new speaker, Differences in
the long term T,I. distributions for various speskers were found by
Fourcin. He found them mainly in the plateau region which he attributed
to vowel sounds, Therefore in studying only the vowel sounds a signi-

ficent difference was expected.
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3.6.2 The measurement of 'equiprobable bin divisions'.

The measurement of the shape of the T,I, distribution was
eprroached in a different way fram that of Fourcin. The aim wes to
specify histogram bins which would be equally filled when equal segments
‘of each of the twelve wowels were presented for T,I. measurement and
accumlative histogram compilation.,

The equiprobable bin divisions are defined as follows, let

Pij be the probability that a T.I. of length i occurs in vowel J§, then
L max
2 Z Py o= ]
=me

The equiprobable bin divisions are given by

L n+l

A Z Py =/

LEL'\ Js

where N is the total mmber of equiprobable bins and (n< L & tna)

th

is the range of the n™" bin. The use of this scaling of the T,I,

dimension made the measurement space relative to the particular set of
vowels within which discrimination was required, As the overall
probability of each bin's having the same contents is the same, this

choice of bin divisions provides a measurement space of maximum inform-

ation capacity for the set of vowels concerned, if all bins have equal
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weight (68).

The computer program to perform this transformation is
described by its flow diagrem in figure 3,7, A T.I. histogram of the
twelve vowels was compiled on any convenient T.I, scale, A large number
of small bins was preferred, to reduce any errors due to linear inter-
polation at a later stage. This histogram was used as the input to
the program, It was normalised and the probability content of each bin
was found., These probebilities were compared with the desired probability
1imits of the set of equiprobable bins, The new equipmﬁable bin
divisions were calculated in terms of the ihput bins by a process of
1inear interpolation.

3,6.3 The results of equiprobable bin measurements,

The variation of the overall distribution of T.I.s of the
twelve vowels,when spoken by different speakers,was measured, The sets
of vowels recorded on langusge master cards by speskers W.A.A., J.B.M.,
1..J.U. were used in this experiment. A L,P. filter of 2,5 Kc/s was used in
the preprocessing stage as previously described.

The plots of the time intervals defining the equiprobable bin
divisions for these three speskers are shown in figure 3,8 a, The plots
are seen to differ far each spesker,but all approximate to a certain general
ghape. The two bins at either end of the distribution include a1l T.I.s
grester than, or less than the respective extreme bin ;livisions.

To assess the significence of the variation observed in figure

3,8 a, three utterances of J.B.ll, with glottal periodséf 8.0 msec, 6,5 msec,
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and 5,0 msec, were measured in the same way, The plots for these sets
of utterances are shown in figure 3,8 b, The variation observed here
is slightly less than that seen belween the three speckers but the
previous utterance of J.B,M. (used in the three speakers experiment)
lies Jjust outside this spread.

This result did not cause a complete rejection of the use of
this measure as a useful tune-in factor, but showed that it is likely to
be fairly limited in such a role.

This experiment did however give an indication of the shape of
the overall vowel distribution in temms of theeyuiprobzble bin divisions.
They define an empirical time scale which does not approximate to any
simple function of time. It seemed reasonable to adopt this time secale
as measured for any body of data which itwas proposed to anz2lyse,

T.I., distribution of differentiated wvowels,

The shape of the equiprobable bin division plot for the
differentiated version of the vowels of the three speakers used above
was measured (fig. 3.9). The plot is seen to retain very weakly the
characteristic shape of the normel speech plots. This fact was noted
by Fourcin (23) in the case of the T,I, distribution of differentiated
continuous speech. The curve could be matched fairly closcly to a &
octave curve between 50 }15. and 1000 ps.. However, it seemed most reason-

able that the empirical curve should be used here also.
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3¢6e3.1 The effect of DP.s.g. on the overall vowel T.I, distribution.

The mean equiprobable bin division plot for three sets of
utterances by J.B.M, at ciiff‘erent pitches is given by the contimuaas
line in figure 3,10, When several forms of p,s.g. were performed on
these utterances the equiprobable plot given by the dotted line was
obtained., There was an insignificant difference in this plot when the
smount of gating was varied from 10 - 50% of the glottal period.

The overall difference between the equiprobable plot for
Do Sege vowels and that for non-p.s.z. vowels,is that the former shows
a decrease in thelength of the average interval, There is no major
change in the shape of the plot. This result can be explained by the
fact that the longest interval in the glottal period is often that under
the maximum amplitude lobe of the waveform,as it often engulfs the last
two intervals of the previous period. This interval is the first to be
rejected by the p.s.g. mocedure, This result indicates that after this
initial decrease in the length of the mean interval, any further gating
effects time intervals of all values evenly.

The difference in the equiprobable plot caused by p,s.z., is
within the spread experienced between different utterances of the same
speaker, thus it was not considered important to vary the time scale when

using p.s.g. analysis,
3,64 Methods to overcane the vrcblem of hypersphericity.

The empirically derived equiprobable bin distribution was

desigred to make the T.I. measwrement space more 'speech-shaped’,
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It had been thought that it could be given a form characteristic of a
single speaker, but the results of section 3.6.3. showed that this shape
was insignificantly different far the three male speakers used. In the
case of the digram,the equiprobable bin distribution provides only a
partial transformation to a 'speech-shaped' space,as it was only derived
for the one dimensional histogram statistic.

Even if a 'speech-shaped' measurement space has been derived,
there still remains the fact that certgin of its dimensions contain more
reliable components of the statistic of a particular sound than other
dimensions,

A measurement system was required which wauld weight the
contribution of each dimension to the measurement of separation between
two statistics, This weighting would be proportional to the variation
of the contents of this dimension in one or both of the vowels.. being
compared., These weights for every dimension would replace the previous
estimates of spread within each utteran-ce, which were given in terms of
the scalar distances between the positions,in euclidean space,of the
variant forms of the statistic, In this way the shape as well as the
size of the spread is measured.

Two methods of analysis of these data are possible, Firstly
the spreads of two statistics could be matched dimension by dimension to
check for overlapping distributions of bin contents. This method would
necessitate the computation of the probability of confusion for each

dimension. A final decision on the probability of confusion, that is of
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identifying the statistics as similar, could then be made from a combin-
ation of the results from each dimension.

The second method is a simplification of the first,by the use
of a recognition system. The absolute probebility that the statistics
of two utterances represent the same vowel is not required, That is
required is a rank ordering of the vowels, according to the rroximity of
their T.I, statistics, This ordering could be derived using a measure
monotonically related to this probsbility. In a recognition system the
weights of only one of the statistics to be compared (statistic A) would
be used. The other statistic (statistic B) would be compared in such a
way as to answer thg question, "How similar is statistic B to statistic
A, bearing in mind that statistic A can vary .- . a8 | described by
its weights for each dimension?". This simplification amounts to the
fact that a measure of the probability of B being confused with any member
of the spread of A is computed, but not the overall probability of an
A - B confusion.

This method may be implemented by using the E,D., measurement
and weighting the contribution of each dimension. The resulting weighted
E.D. could only become meaningful in terms of likely confusiéns when com-
pared with the numbers similarly obtained when statistic B is compared
with all the other statistics of the set, The comparison yielding the
smallest separation in weighted euclidean space would indicate the most

likely identity of statistic B,
This method is similar to that used by Bezdel and Chendler (5)
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in their recognition experiment on five English vowels,

The computer storagé to contain the mean statistics plus
their weights and each of the sequertially compiled statistics of an
utterance which it was desired to recognise, was not available until
phase 2 of the PDP-8 system was installed. Experiments using the

second method proposed above are described in chapter 4,



Chapter 4, Quantitative analysis using a vowel recognition system.

4el Introduction.

The approach to the quantitative analysis of the T,I.
histogram and digram statistics was modified to inclule empirically
derived weighting of the dimensions of the measurement space, which
itself was based on the equiprobable bin distribution.

A vowel recognition program based on this analysis was
written for the FPDP-8 (including the second phase of the installation

~ see appendix 4). The possibility of artificial recognition based

135,

on both histogram and digram analyses of the vowels of several speakers

was investigated., More detailed studies were made on the recognition

of a single speaker's utterances,when only some of these utterances

were used to compile the reference statistics., The effects of pitch
on vowel recognition were examined, together with the counter effects
of pitch synchronous gating. Further checks were made on the effect

of rre-clipping differentiation of the waveform,which confirmed the

results previously reported. Finally,the effect of grouping the vowels

according to an articulatory model was investigated,

4,1.1 Comparison of statistics using a weighted euclidean distance,

The weighting factor chosen to give emphasis to bins in

which there was little variation was

!
w, = /g,

3
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where O; was the standard deviation of the contents of the 1M bin,
as measured in sequentially compiled statistics from a single utterance,
This weighting was chosen as it represented the same variation expressed
by the within-utterance spread,used in the previous asnalysis., This was
the minimum amount of variation that could be considered as charscteristic-
of the sourd, That between different utterances and between different
speakers could be added at a later stage by combining these weights
derived for single uttérances.,

4,1,2 Outline of the recognition system.

The basic purpose of the recognition system was to compare,
using the weighted E.D. reasure, the T.I. statistics of a sound presented
to the computer in Z.C. pulse form, with the stared statistics of all the
sounds fraa which it wes hoped to recognise the newly presented sound.
These stored statistics comprised the mean statistic of an utterance,
or set of utterances, of a given vowel,plus the standard deviation of
each bin of that statistic, A set of twelve such statistics for all
the vowels will be referred to as a set of reference statistics,

4.,1.3 Experimental aims,

The aim of these experiments was to answer the following
questions. ™7hat is the relative importance of digrem information as
compared to histogram information,for the discrimination of vowvel sounds
according to their T,I. distributions?" "iyhat effect do the perturbations
of the T.I. distributions:due to pitch have on vowel discrimination?”.

rHow effective is the counter measure of p,s.g. in removing pitch effects
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which cause reduced vowel discrimination, from the T,I., distribution?".

These questions Were not answered in chapter 3 owing to,either
the restrictions of the hypersphericity assumption,or lack of time while
using the earlier more laborious method. The present experiments are
based on the more realistic seperation measure of weighted E.D,, in the
context of a recognition system,

4,2 Description of programs,

The programs necessary to conduct the recognition experiments
fall into two categories. Firstly, those concerned with the computation
and storsge of the reference statistics, and secondly, those concerned
with the comparison of newly Iresented vowel sound statistics with the
reference statistics, and the recognition of the presented sound on the
basis of this comparison.

4.2,1 Computation end starsze of reference statistics.

It was necessary to construct a store of reference statistics
for each vowel sourd that was to be recognised. These reference
statistics comprise the mean contents expected in each bin and the
standard deviation about this meen for each bin.

The T.JI. statistics, in this case 256 bin digrams, were coxﬁ—
piled for ten sequential 50 msec. durations of a single utterance, and

were retained in the core store (see sppendix 4,B). These statistics
occupied over one quarter of the core store available. The mean digranm
and the standard deviation of the ¢ontents of each of the mean digram's

bins were calculated. The original statistics were destroyed in this



138,

process owing to lack of space in the computer store, The mean digram
and its standard deviations were then transferred to digital magnetic

tape., Vhen this enalysis had been completed for each of the twelve
vowels, a full ‘'single utterance reference set', that is a reference

set in which each vowel 1s typified by a single utterance, was stored

on the magnetic tape.
L4e2.2 The computation of mixed reference sets,

It was required to obtain more general descriptions of the
characteristics of each vowel,rather than that allowed by the measure-
ment of several sequential segments of a single utterance. A program
was written to mix the single utterance reference sets to obtain a

tmixed reference set', The mixture could be, for example, of reference
sets of single utterances at different pitches by the same spesker, or of
reference sets of single utterances by several speakers, The mathe-

maticel derivation of the mixing algorithm is presented in appendix 7.

Le2¢3 Comparison and recognition programs.
The function of this part of the system was to compile the

statistics of a nevly presented vowel and compare them with the reference

set,by computing we ighted E.D.s. The vowel whose reference statistic

was found to be nearest to the nevwly presented vowel's statistic,was

jdentified with this presented vowel.
The program measured statistics of only eight sequential seg-

ments of 50 msec. because of storege limitations, These limitations

were caused by the need to recall,from magnetic tape into core store,the
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reference statistics of each vowel, one at a time, These reference
statistics need twice the space of the basic unprocessed statistics
owing to the addition of standard deviation values for each bin,

Instead of producing a mean value of these eight statistics
end obtaining a single euclidean distance fram each reference statistic,
which would of course give the valve zero if the same single utterance
reference was used, all eight actual digrams were campared to each
reference statistic. This preserved the within-utterance variability
factor in the T.I, statistics,through to the firal act of recognition.
Using this method,it was not necessary to make any assumptions about the
variation of the statistics within the utterance and the uncertainty in
recognition that this variation would cause, The probability of the
presented vowel being recognised as a particular vowel,was indicated
simply by the score out of eight in the final stage.

For each presented vowel, the program computed 96 weighted
E.D.s. It then searched for the minimum distance in each of the eight
groups of twelve distances, which indicated the seperation of the eight
sequential segments of the utterance from each of the twelve vowel refer-
ence statisties. |, The vowels which coincided with these minima were
punched out in numerical code on the high speed paper tape punch. The
flow diagram of this program is shown in figure 4.l1.

4.2.3.1 The use of digital megnetic tape storage,

The full PDF-8 system, described in appendix 4, was available

from the outset of the use of these recognition programs. This enabled
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two spools of digital magnetic tape to be in use during the saxe progrem,
although not at the same time, Initially one spool was used to store

the reference statistics required by the mogram, and the other was used
to store the velues of weighted E.D., rroduced and used by the mrogram.
Only the results of the recognition procedure were punched out on paper
tape, This magnetic record of the E.D. measurements enabled a check to
be made if unexpected results were obtaired, It was most useful in the
early stages of this experiment, The tapes on the second unit were
leter used to store the T,I.s of the waveforms of &1l the utterances
which it was desired to recognise. This was found to be exceedingly
useful as it eliminated the relatively high chance of error in the contin-
ual presentztion of vowel sounds to the computer from the Languaze Master
recorder, This process became more error prone when information concern-
ing the start of the glottal period was required for experiments on p.S.g..
Various vowel sounds required different adjustments to the dead time of
the glottal period detector for this period to be detected accurately.
This was in addition to the need to monitor the gain of the pre-amrplifier,
in order to maintainen input voltage compatible with accurecy in the
clipping amplifier,

The T,I.s of each sound together with the glottal period
merkers were measured in the normal way, The block of core store contain-
ing them was then transferred to magnetic tape, Only when different
preprocessing,or the speech of a different speakgr,was required for analysis,

were new intervals recorded on to magnetic tepe in this way. The same



intervals were used for many variants of analysis to be described in
this chapter. A major advantage of this sysiem was that the recognition
programs could run untended for periods up to nine hours.

4,3 T,I. analysis of vowels by three speskers,

A series of experiments were done in which the vowel utter-~
ances of three speskers were used as inputs and references of the recog-
nition program. These experimenis can be divided into two parts; those
where the reference statistics were derived from the utterances of single
speekers, and those where they were derived from the utterances of all

three speakers.

4.3.1 Experiments using same speaker as reference,

The purpose of these experiments was to obtain an estimate of
the within-utterance variability, as measured by the recognition program,
As mentioned in section 4.2.3, no measure of this veriability was made
explicitly during the recognition procedure, but as a sequential set of
time segments from each utterance were used as the input, this varisbility
is inherent in all the results.

The link between the variability of the statistics,and the
recognition scores obtained in this experiment,mist be thought of in the
following terms. Variability is seen as the risk of a wowel venturing
nearer to the centre of another vowel's territory, defined in the N-space
of the statistics, than to the centre of its own territory. This point
is mde,as it is cleer that it is not possible for a histogram description

to be more variable than the corresponding digram description,in absolute
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terms, Veriability of the statistics was therefore defined, as above,
in terms of the phoneme-shaped hypervolumes in the N-space.

The utterances of each spezker were compared with his own
reference statistics derived from the same utterances. Recognition
sc§res were obtained for analyses using digram and histogram statistics
of both normal and differentiated utterances, The time scale used in

these analyses wes the mean equiprobesble scale for all three speakers,

DIGRAY, HISTOGRALM.
SPEAKER.  yormal, Differentiated. Normal., Differentiated,
J.B.M, 96, 96, 91, 87.
W.A.A, 96. 91. ok, 69.
3.0, 85. 78. 7. .

Table 2, Recognition scores (out of 96) illustrating the within-utter-
ance variability of various analyses of the T.I.s of vowels
by three speakers.

The within-uttersance variability is seen to very with speaker,
type of statistic, and preprocessing of the waveform. The recognitimn
scores (table 2) reveal that M.J.U. has more variable T.I. statistics
than the other two speakers. The scores for all speakers show poorer
discrimination between sounds when using histogram rather than digram

statistics, amd when using differentiated rather than normal speech,
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This result shows that for each speaker the digrem statistics of the
bormal speech T,I,s is the least variable of the four statistical
representations of the vowel phonenmes,

4o3,2 ZExperiments using mixed speaker reference,

The purpose of these experiments was to find what effect the
two types of statistic ard farms of preprocessing have on the recognition
of the utterances of all three speakers,against a mixed referermce., Tle
veriability of the T.I. statistics of three speskers with differently
pitched voices, which had been observed qualitatively in chapter 2, was

therefore being investigated. The recognition scores are given in

table 3.
DIGRAM. HISTOGRAM,
SPEAKER,
Normsal, Differentiated. Normal, Differentisted,
J.B.LI. 900 56' 85' 630
V.A. A, 8. 73. 80. 61,
M.J.U. 62. 58. 66. 5k

Table 3., Recognition scores illustrating the effect of mixing the
references of three spezkers,
The most useful analysis of these figures,is in comparison
with those obtained in the single speaker experiments Just described,
They do not show any clear distinctions between the type of statistic

or preprocessing. The only pattern that can be discerned is in the



averaged differences between the results of this experiment and those

of the experiment using single speaker references. Tor example, in four
cases,scores for differentiated speech show a bigger difference than those
for normal speech, but in the other two cases the opposite is true.
However,the averaged difference shows that the variation due to the
mixing of speakers causes a greater reduction in recognition score for
differentiated speech than for normal speech. Similarly the digram can
be seen to be more sensitive to speaker variation than the histogram.
Note that this sensitivity is defined in a similar wey to 'variability!

in section 4.3.1.

Le3.3 The enalysis of confusions in these experiments.

It seemed reasonable to assume that the pattern of confusios
between vowels, on the basis of these statistical descriptions, might
differ from one group of vowels to another. The open vowels were soe-
times found to have T.I. statistics that were very similar to each other,
The close vowels occasionally showed such mutual similarity,depending on
the relative amplitudes of the first and secand formants. It has been
seen that differentiation of the vowel /u/ caused the digrams of this
vowel,uttered by J.B.l. and }.J.U., to be more similar to e':ach other
(section 2,3.6). Such isolated cases may be indicative of groupings
of vowels whose discriminability is dependent on speaker, type of statistie,
end preprocessing, in a different way from that of other vowels, The
following enalysis of confusions was therefore made.

Confusions were mapped on to the cardinal vowel chart ard
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categorised as follows, Those which occurred between adjacent positions
on the chart were considered separately fron those which occurred over
more than one vowel boundary, In this way serdious and trivial confusions
were separated. The confusions were further subdivided into front-back,
open-close,or diagonal shifts in the cardinal vowel space., These corres-
pond respectively to the acoustic dimensions of first formant, second
formant,and a mixture of both.

It could be predicted on the basis of the knowm functiom of
differentiation on the waveform, that fewer second forment confusions
should take place efter differentiation. The ratio of F1 to F2 confusions
should be relatively high and should increase as inter-spesker differences
are included. The reverse should be true of normal speech, It was
not cleer prior to this experiment how histogram and digrem confusimns
would differ.

The choice of the cardinal vowel diagram,as a space into which
to mep confusions,was made after a preliminary survey of the results,

It was obvious that a one dimensional spece was unsuitable as parallel,

in addition to serial, canfusion links between the vowels occu.t/eg frequently.
A model based on articulatory proximity secmed a reasonable choice, as the
long term aim of acoustic analysis of speech is to esteblish acoustic
correlates of articulatory status erd movement,

A relative measure such as direction was chosen in preference
to specific displacements in the space, The latter was obtainable, when

required, from confusion matrices which were plotted for all the recog-
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Plots of the confusions between the various categories when
summed for all three speakers, are shown in figure 4,2, It is a conven-
ient shorthand when referring to front-back confusions, open-close, and
diagonal confusions,to call them F1, F2 ard X confusions respectively,

4e3e3.1 Analysis of trivial confusions,

The pattern of non-diagonal confusions is expressed in terms
of the ratio of Fl confusions to the F2 confusions, and the change in this
ratio when spezker differences are introduced into the analyses.

Confusions in normal speech histogram analyses were seen to be
mainly due to F2 confusion. When inter-speaker differences were intro-
duced, the F1 and X confusions increased, but the increase in the former
was not significant for all three speakers, In the corresponding digram
analyses, the ewxphasis on F2 confusions was increased by the spesker
variations in the case of two speakers.

In the case of differentiated speech the ratio of F2 to F1
confusions was increased insignificantly when speaker variztions were
jncluded in the histogram analysis. The digram snalysis showeda signifi-
cant swing in the opposite direction.

So it is seen that some different trends in .the most likely
confusions occur in the histogrem and digram snalyses,  The F1/F2 ratio
and changes in this ratio when spezker differences are included, are seen
to be as predicted for all the digram amalyses, but are largely against

the prediction in the case of the histogram analyses, In all cases,



Means and standard deviations of

points plotted in figure 4.2

1 52 X |
ean Std.deve llean Std.deve Iean B Std.dev,

confusions

Histogran

analysis
NeSeSe 3 16 16 8 3 3
N.M.S. | 15 10 16 6 22 18
DeSeSe 9 13 9 16 15
DelleSe 20 9 23 17 13 11

Digram

analysis
NeSeSe 2 3 1l 15 2 3
NeM.S. L 3 19 5 15 11
D.SeSe 1 2 1, 22 3 5
D.MeSe L1 jo 13 2 33 30

Serious

confusions

Histogram

analysis
NeSeSe 11 17 1 2 2
NoMeSe 7 12 10 7 2
DeSeSe 10 17 12 19 17
DeMeSe 3 17 7 Sk 23

Digram

analysis .
NeSeSe 2 3 1 2 1 2
NolleSe 7 10 10 15 5 9
DeSeSe 0 12 11 3 5
DelleSe 1l 2 9 5 10 7

T&ble l&-o 2



7.

except the histogram amalysis of different iated speech, the X confusions
are also increased with speaker variations.

It has been found, by reference to the standard deviations of
the original data in table L.2,that only a small proportion of the trends
shown in figure 4,2 are significant for all three speskers. The
variation in the histogram confusians is seen to be greater than that in
the digram confusions. The above facts tend to reduce the significance
of the unexpected trends observed in the histogram recognition scores.

4e3.3.2. The analysis of serious confusions.,

The higher F1/F2 confusion ratio, found for the serious confusions
mroduced by the histogram analysis of normal speech, is seen to be insigni-
ficant when aversged over all speakers, The péttern of confusions mroduced
by digram analysis of normal speech,does not show any significent differences
between F1 and F2 canfusions,

Both the digram and histogram analyses of differentiated speech
moduce significantly more F2 than Fl confusions. The decrease in the
F2/F1 confusion ratio,when speaker differences are introduced,is not
significant ineither case .

4.3.3.3 Conclusions on analysis of confusions.

This analysis of the types of confusions has revealed that trivial
canfusions in the digram analyses always confirmed the prédiction made in
section L.3.3. This result suggests that some simple transform of the

two formant frequency description of vowels is mresent in the digram

patterns, with a few excertions which cesuse serious canfusions which do
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not conform.

Howeverya lerge number of the confusions based on histogram
analysis, including most of the serious ones, do not conform to the pre-
diction,but are of low significance, In the absernce of further detailed
analysis based on a learger amount of data, this suggests that the histogram
analysis does not moduce patterns which are as simple transforms of the
Fl - F2 description as the digram patternms.

Lou Variation in recognition scores between two program runms,

The reference statistics for each utterance were compiled over
ten consecutive segments of 50 msec. Subsequent recognition program runs
used the same intervals plus those that followed these ten segments, The
first program run was started at exactly the same interval as the compilation
of the reference statistics; the secand run wes started 256 intervels
later. This corresponds to two blocks of magnetic tape storage. This
arrengement meant that the 50 msec. segments, within which the statistics
were compiled, coincided during the first run with those used in the refer-
ence compilation, in fact with the first eight of the temn used. By the
choice of a displacement in time equal to an arbitrary number of time
intervals, the boundaries of the eight segmerts used in the second run
were displaced from those used in the first run. In additim,use was
made of the extra 100 msec. of the utterance,used in the reference compil-
ation but not in the first recognition run.

An analysis of the difference between the recognition scores

obtained on these two runs was done. The results were;-
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Mean Difference, Standard Deviation.
Speaker. J.B.l% 3.46 3,2
Spea.ker. I“IQJ.UO li-olj 302

If a normal distribution of these differences is assumed, 68
of the same utterance scores will be within 7 units of each other, ard
95¢% within 10 units of each othsr, The unit is defined as a recognition
score of 1 out of 96. Individual tests of these differences were mde on
the six differert forms of statistics used in the following experiments,
but no coherent difference wes evident. There were, therefore, no grounds
for expecting some statistics to give more reliable scores than others.

In the following experiments the scores are presented a2s the memn
of the two runs, thus the above differences are equivalent to a tolerance
of £ 2,5 (687 confidence) and * 5,0 (957 confidence). These figures are
presented as a guide to the interpretation of the results to follow.

4.5 A comparison of recognition results using histogram and digram analvsis,

The discriminative powers of a digram analysis of the T,I.s of
vowel waveforms were investigeted qualitatively in charter 2. The main
concern of that study was to determine how stable the digram display was
with the usual speech perturbations of changes in pitch and spezker, and
also when pre:—cli?ping different iation was used. The digram was used
simply because it was a sensitive and original method of T.I. analysis of
speech waveforns., It was shown for an isolated c=se (section 2.3.1), thet

two vowel sounds could have very similar T.I. histograms but be clearly

distincuished by their digram patterns. At that stage this could be
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shown only for isolated cases, and the overall advantage of analysis by
tle digram statistics, if any, could mot be Jjudged.
These experiments to be described now were designed to answer
the question. "Is there any additional information in the digram statistics
of the T.I.s of vowel waveforms that will improve the discrimination bet-

ween vowels achieved using histogram statistics?"

Experimental procedure.

The speech of one speaker was taken at a time. Several sets
of utterances of both speakers used,had been examined qualitatively: some
had a controlled pitch, others were not so controlled. Those chosen for
use in these gquantitative experiments were three controlled pitch utter-
ances and two uncontrolled pitch utterances for each vowel. The controlled
pitch utterances were chosen to cover the pitch range of the spesker, and
form the basis of a reference set of statistics. The uncontrolled pitch
utterances were included to provide a measure of the difference between a
single speeker's utterances at different times. The five utterances,so
used,would be a test far a single speaker recognition system; to determine
whet range of utterances would have to be used in the compilation of refer-
ence statistics, in order to cope adequately with all vowel utterances of
that speaker. The present experiments provide an estimate of the useful-
ness of three single pitch utterances in providing a vowel referemce, The
sets of utterances were labelled 1 - 5, where 1 - 3 were controlled pitch
utterances with glottal periods of 8,0 msec., 6.5 msec., and 5 msec. for

speaker J.B.M,,and 9,5 msec., 8,0 msec., and 6.5 msec. far speaker M,J.U.,
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The result of a recognition run on twelve vowels was given as a score
out of 96, This was the number of digrems compiled from the input
set of vowels,

The form of presentation of the recognition scores,to be used
throughout this chapter, is a chart with the utterance number (1.- 5) as
abscissa and the score out of 96 as the ordinate, In all cases the
scores for utterances 1 - 3 are linked by straight lines,and those of
utterances 4 and 5 by a further straight line. These lines are not
intenled to convey an interpolation of recognition score between the
utterances, but merely as a visual aid to distinguish the controlled
pitch 'within-reference' sounds, and the uncontrolled pitch 'ocutside-
reference' sounds,

Figure 4.3 A and B illustratesthe results for a histogram and
digrem analysis system respectively, for speaker J.B.M.. It is seen
that sounds used as part of the reference statistics (within-reference
sounds) are recognised mare reliably than those which were not used as
part of the reference statistics (outside-reference sounds). The scores
obtained using digram statistics are seen to be near 1005 for within-
reference sounds,and around 30,7 for outside-reference sounds. This
indicates that the analysis is far too sensitive to the peculiarities
of particular utterances, but also that the method of conbining statistics
to obtain a mixed reference set has, in this case, yielded recognition
results which are independent of pitch, The scores obtained using histo-

gram statistics show some interesting differences, The withir-reference
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Fig. 4.3 Recognition scores obtained using digram and histogram
analysis with three T.I. resolutions. (Speaker J.B.M.)
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sounds are also recognised more relisbly than the outside-reference
bnes, but the difference between them is reduced: this reduction
being mainly due to the poorer recognition of the within-referernce
sounds, which is seen to be very pitch dependent,

Le5,1 Comparison of results with those for another speaker.

Similer scores for histogram and digram analysis were found
using & similar set of utterances spoken by M.J.U. (fig.l.s A and B).
There is a slight decrease in the scores for the digram analysis of
within-reference sounds which is just significant (section 4.k.), and
& similer increase for the outside-reference sounds, compared with the
results of figure 4.3 A and 3B, The decrease in the within-reference
scores could be attributed to the overall lower pitch. Within each
50 msec. segment there sre fewer glottal periods, and therefore a greater
proportion of this time is occupied with intervals which are under low
emplitude lobes of the waveform in meny of the vowels, Thus there may
be a greater proportion of variebility in the reference statistics,

There ere greater differences between the speakers in the scores
for the histogram analysis. The meximuim and minimim scores for the
pitch dependent within-reference sounds sre similar for both speakers,
but the mean level over the three utterances is 71 for M.J.U.,and 65 for
JeBoNe This is-due_to the fact, which is obvious from figure 4.4 B,
that two of the 1L,J.U. utterances give the maximum score whereas only one
did for the J.B,ll, utterances, This result indicates that the pitch

dependence of the within-utterance statistics is not due to a monotonic
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change of the statistics with pitch, such that the mean pitch corresponds
most closely to the mean statistic, but rather is due to the pecularities

of particular glottal period lengths, This agrees well with the behaviour
of the T,I, distributions illustrated in figure 1.6, where certain features
appear, disappear and reappear as the glottal period is varied monotonically.

4,6 Turther analysis by recognition experiments,

The large difference between the scores achieved using within-
reference sounds and those achieved using outside-reference sounds, and
the pitch dependence seen when using the histogram analysis, suggested
two further variants of the analysis system. The first was to vary the
T,I.resolution used in the classification of the intervals, and the
second was the use of the already investigated technique of pitch syn-

chronous gating,

4.6.1 The veriation of T.I. resolution.

The reduction of the T,I, resolution was designed to eliminate the
separation of utterances of the same vowel whose intervals were slightly
different, and thus with a minimum of within-reference sounds, reliably
recognise all utterances of that vowel by the same speaker. This action
if taken too far would inevitably cause the merging of groups of vowels
with similar statistics.

The method used was to divide the 16 bin equiprobable time scale
into fewer bins, Reductions by factors of two and four were the simplest

to implement, The results of this experiment are shown in parts C, D,

E and F of figures 4,3 amd 4.4. The difference between scores achieved
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using within-reference sounds ani those achisved using outside-reference
sounds is seen to have be:n reduced, The major cemponent of this reduct-
ion has been the reddced score for the withine-refarence sounds,

For a given level of T.I. resolution,the digram analysis gives
significantly higher,and less ritch dependent recognition scores than
the histogrem analysis,for the within-reference sounds. In the case of
4 bin resolution of 2LJ.U. utterances, not all the digram scores are
significantly greater than the histogram scores. As the T,I. resolution
is reduced there is a slight overall increase in the scores for the outside-
reference sounds, In several cases this increase is only just significant
over the full range of 16 bin to 4 bin T,I, resolution.

The differsnces in therscognition score between the analysis using
digrams or histograms of the within-reference sounds, and the analysis
using digramsor histograms of the outside-reference sounis,lead to the
following conclusion. The greater detail of description possible in the
higher information capacity digram is more specific to the particular
sounds used as references,than the detail of descrirtion possible using
the lower capacity histogranm, The 4 bin resoluticn digrams, having 16
bins in 2ll, and the 16 bin resolution histogram,have the same capacity
and therefore provide a useful comparison, The results for both speakers
show that both within- and outsids-reference sounds have slightly higher
scores when the digram is used, but for several of the utterances this

difference is not significant.

The above results sugpest that many of the features observed in
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these recognition scores cen be correlated with the information capacity
of the statistics irrespective of the T.I. resclution used or the order
of the statistic compiled. There could be two variables of the speech
sounds used which are respcnsible for this pattern of recognition scores.
The first could be described as *utterance peculiarities' and the second as
*pitch peculiarities’', It nay well be that the former are a special form
of the latter, but they are secen as distinct in the results of this experi-
ment. The former variable is responsible for the difference in the score
between the within- and the outside-reference sounds. As this differerce
decreases with decreasing T.I. resolution, the pitch dependence, caused by
the second variable, increases in the scores of the within-reference sounds.
This could not be seen in the ocutside-referernce sounds as they are not of
controlled pitch, These two variables have been separated,as they have
been seen to act in opposite directions as the T,I, resolution is changed.
It has been found possible to offer an erxplanation of only the pitch
peculiarities of the utterances,and their effect on the recognition scores.
An explanation of the pattern of pitch depéndence observed could
be based on the same model of vowel waveform structure for which p.s.g.
was postulated in chapter 2. If the effect of pitch changes is simply
to perturb a rather noisy sequence of intervals at the end of the glottal
period, the use of high capacity statistics could result in many bins having
an odd one or two counts in them, In comparison,the low capacity statistics
will on aversge have larger bin contents, Any shift of noisy intervals

from one area of the statistic to another,will therefore cause a greater

separation in the euclidean space,when a small mmber of bins are used to
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contain the contribution of these intervals to the total probability
distribution of the statistic, This is based on the simple mathamntical
fact that (a2 + b)2 > al + b2, as E.D. is calculated using a sum of squares.

4.6.2 Conclusion on the varistion of T,I., resolution,

The desired result of reducing the difference bétween the scores
obtained when withinereference and outside-reference sounds were used, was
achieved, There were the undesirable side effects,which seem to be depend-
ent on the capacity of the statistics,of reducing the within-reference scores
with only a very slight increase in the outside-reference scares, The
pitch dependence of the forumer was also increased.

The informational capacity of the verious statisties ecould have
been kept constant by adjusting the quantisation of the contents of the
bins, An increase in this quantising unit would simply amount to the
addition of noise to the bin contents and would not result in any improve-
ment in recognition,

Quantisation of fhe dimensions of bin contents and of the T,I,
scale, have different effects in this analysis. The former is of advantage
only to the communication engineer, who requires the minimim informetion
specification,conpatible with adequate recognition, The latter defines
the groups of intervals whose values ars eassumed to be independent of all
others when E.D. mesasurements are male, It is seen therefore that the
effects of varying the T.I. resolution could not be changed iné way advant-

ageous to recognition by adjusting the quantisation of the bin contents,
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This quantisation is sufficiently small to measure the absolute number
of T,I.s involved in each statistic.

L,7 The quantitative investigation of pitch synchronous gating (p.s.g.).

The qualitative results obtained in chapter 2 éuggested that
there could be some advantage in the use of p,s.g. to eliminate pitch
dependent perturbations of the T,I, distributions of vowels. Sane
digrams of the remant of the glottal period after p.s.g., showed partial
similarity to digrams of differently pitched utterances of the same vowel
which had been similarly gated. The use of the recognition procedure on
these digrams and the corresponding histograms,should help to decide
whether p.s.g. is truly useful as an eliminator of noise and pitch effects.
The mixed reference statistic will accentuate those parts of the digram
which occur in other digrams of the same vowel.

Two types of peS.g. Will be described. "Reasons were given in
chapter 2 for the gating period to be a fixed time from the start of the
glottal period. In addition to this basic form of gating, one of the
other methods described was used., This method was to monitor the glottal
period of the speech being analysed, and rermove a fixed time segment from
the end of the pericd. This was done by measuring each glottal period
then assuming that the next period would be of similar length, The gating
period was then adjusted accordingly to give an 'on' period of the glottal
period mimis one millisecond or the glottal period mimis two milliseconds
(PG - 1 or FSG - 2). In the more orthodox method, when four or six

milliseconds at the start of each glottal period were included, the gating
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is referred to as FSG + 4 and FSG + 6,

The P3G - 1 and PSG - 2 gatingsware used on the speech of J.B.M..
It was thought that this form of gating might help to extract more relevant
informaticn from vowel waveforms which do not conform to the nodel on
which p.s.g. was first based, i.e, a waveform without a significant
arplitude decay in each glottal pericd. This type of waveform will
occur mainly at the higher pitches when there is little time for any decsy.
For this reason,the method was used on the utterances of J,B.). rather than
on those of 1LJ.U. Waen very little decay occurs with a high pitch, it
is typical thet o large proportion of the period is pitch dependent.
When very little decay occurs with a lower pitch, the T,I. information
in some of the latter half of the period is quite reliable and may well
be used. In this situation,if a fixed 'on' period is chosen, a smaller
and smaller proportion of the duration of compilation is actually centri-
buting to the statistics as the pitch is lowered. Therefore a fixed

period

'off!/could be an advantage,

The speech of l.J.U. used in these analyscs was gated using only
PSG + 4 and TSG + 6,as more of his vowels showed significant decay in the
glottal period,owing to their lower pitch.

4e7.1 The results of v.s.£. on recocnition scores,

Same preliminary experiments gave striking results. A typical
set of recognition scores for the five utterances used, and the effect of
PG - 1 gatirg, is shown in figure 4,5. It can be seen that the effect

of PSG -~ 1 gating has been to reduce the pitch dependence,and to increase
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Flgu.re Le5.
the outside-reference recognition score. When a score fairly uniform
with pitch was obtained for the gated within-reference sounds instead of
a strongly pitch dependent result from the ungated sourds, there was usually
little increase in the averege value of the recognition score, Such
results as these indicated that p,s.g. was a useful preprocessing to the
compilation of T.I. statistics,

These results were obtained in preliminary experiments snd are
not typical of all the experiments later conducted, using different types
and amounts of gating, on the speech of two speakers. Certain of their
features are seen however, in many other cases. These features include
the improvement of thé recognition score of one but not both of the ocutsile-~
reference sounds, and the smoothing of pitch dependence, for low but not
Ligh pitch and vice versa, for the within-reference sourds. The recogni-
tion scores for the p.s.gated speech of J,B.l, analysed by histogram and

digram statistics ere illustrated in figures 4.6 and 4,7 respectively.
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A1l the scores recorded are the means of two runs of the program,

L.7.2 Pitch dependence.

Very 1ittle pitch dependence is séen' in the results using the
higher capescity 256 bin and 64 bin digram statistics. The steady increase
in score seen in the ungated form of the 64 bin statistic, is Jjust signi-
ficant when related to the measurements of section 4). P.s.g. in this
case gives largely vinsignificant differences in score to the ungated fomm.
PG + 4 and PSG =2 gating give & just significant increase in score for
utterance 1.

A clear instance of reduced pitch dependence can be seen in the
16 bin digram, In 211 forms of p.s.g. there is no sigrificant change in
the score for the medium pitch, but for PSG -2 both high and low extremes
of pitch show significant increase. ISG -1 gating also improves the
score for the high pitched utterance (3), and PSG + 4 improves the score
for the low pitched utterance (1). Purther comment on this will be made
in section 4.7.4. The pitch dependence of the recognition scores is more
marked for histogram rather than for digram analyses. It becomes increas-
ingly severe as the number of bins is reduced. Vost of the forms of PeSefe
are less effective in removing the pitch dependence of these statistics,

4e7.3 The effect of Dp.S.gs on outside-reference sounds,

No clear picture of the differential effect of p.s.g. on the
within-reference and outside-reference sounds was seen in the recognition
scores. As the outside-reference sourds did not have a controlled pitch,

it was not possible to predict that one form of gating should increase the
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score for either utterance 4 or 5. All that is clear is that, for each
individual wvowel utterance, PSG + 4 will retain a fixed amount in each
glottal period, whereas P3G -1 and PSG -2 will retain a variable amount
dependent on the pitch.

Then 256 bin digram analysis was used, the recognition scores
for utterance 4 were increased by all forms of p,s.g., whereas those for
utterance 5 were decreased, The opposite was true for analysis by 61;
bin and 16 bin digrems, with one insignificant exception. Scores for
histogrem snalysis are increased by all forms of p.s.g. in the case of 16
bin and 8 bin histograms for both utterances 4 and 5, but are decreased
by all forms of p.s.g. in the 4 bin case. In both histogram snd digram
analysis, the 4 bin resolution statistics gave very low recognition scores
for all forms of P.S.g. on both the outside-reference soun:iS. Further
coment will be made on this in section 4, 7.6, after consideration of the
utterances of another speaker,

Lk.7.4 Review of the effect of p.s.g, on the recognition of the utterances

of J.B.M,

It was to be expected that the different forms .of p.s.g. would
affect differently pitched uttersnces in different ways. One case has
already been mentioned in section 4.7.2. In this particular instance, the
PSG + 4 gating gave a score insignificantly different from that obtaired
using F3G -2 gating of utterance 1. Both these scores are significantly
petter than the score in the ungated case. These gatings of the glottal

period correspond to the inclusion of 5075 (4 msec.) and 75% (6 msec, ) of
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the period. A similar comparison can be made between PSG - 1 and PSG - 2
. gating of utterance 3, when 807 (4 msee.) and 60% (3 msec.) of the glottal
period respectively are included, The reason for FSG + L4 gating (807 of
the period) giving poor results here,is not knovm. These two examples
indicate that, for a significant increase in recognition score caused by
Ds So g+, the for' period of the gate, or the proportion of the glottel
period that this represents, are not at all crucial,

There is evidence in figure 4,7 that P3G + 4 gating increases
the recognition score of the low pitched utterances most, whereas the
negative gating, usually FSG - 2, increasés the scores of the high pitched
utterances, As the caspacity of the statistics is reduced, it is evident
that the pattern of behaviour of the recognition scores after p.s.g.
changes. FPSG - 1 gives similar results to the ungated form, and the
other forms of p.sS.g. give scores which fall short,by a considerable
margin in some cases,

A further relationship was expected between the scores obtained
using PSG - 2 and P3G - 1 if the proporticn of the period gated out was
importeant. There is slight evidence of this in the 6) bin digram results.
At the low piteh (utterance 1),P33 - 2 gating, which geted out 257 of the
period, gave a similar score to that obtained using P3G =« 1 gating on the
high pitched utterance 3, which involved the gating out of 205 of the
period. The gating out of 407 of this latter period, however, did not
make a significent change in the recognition score.

It has been seen that all the verious forms of p.s.g. have

adventages in certain circumstances and that no one form canbe said té
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be most effective in improving the recognition scares for utterances of
J.B.M. There are several indications that a fixed 'on' period for the
gating is not optimum, and that a fixed 'off' period of 2 msec., is more
appropriate for the higher capacity statistics, being reduced to 1 msec.
for the lower capacity statistics, However the differences in score
were sometimes only Jjust significant and no overall conclusion can be

dravm,

4.7.5 The effect of p.s.g. on the recognition of utterances by M.J.U.

The major difference between the utterances of M,.J.U. and those
of J.B,M. was that the former were of lower pitch. Utterances 2 and 3
corresponded, in length of glottal period, to utterances 1 and 2 of J,B.M..
It could be predicted that p.s.g. would have & greater overall effect on
these utterances than on those of J.B,M.. The following results show that
this is in fact the case,

Both PSG + 4 and PSG + 6 gating increased the scores for 256
bin, 64 bin and 16 bin digram anslyses (fig.%48.) 4s the scores of the
ungated waveform for 256 and 64 bin analyses were not as high as in the
case of J,B.,M,, there was room for this just significant increase. The
strong pitch dependence of the 16 bin digram scores is completely eliminat-
ed using PS¢ + 6, and partially so using PSG + 4. Note that in the case
of utterance 1,with PSG + 4 gating, nearly 60% of each period is being
rejected. The effect of p.s.g. on the pitch dependent scores obtaineq
using histogram analysis is very clear and does not weaken as T.I. resolution

is reduced (fig. 4.9). PSG + 6 gating was consistently better for utter
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ance 1, but the scores using both PG + § and PG + 4 gating appradmate
to each other for the higher pitched utterances. This would indicate

that a certain proportion of the period is important rather than a fixed

length,
The effect that p.s.g. has on cutside-reference recognition scores
varies consideradbly. The scores obtained for 16 bin analysis of utter-

ance 4 are seen to be increased more by p. S.g. than by reducing the
resolution to 4 bins. This is not seen, however, in the case of utter-
ance 5. A further feature is that FSG + 4 gating always gives a higher
score for utterance 4 than for utterance 5, and P3G + 6 gating does the
opposite, This could be explained only in terms of the actual pitches
of the vowels making up the utterance sets, 4 and 5.

P.s.g. of the utterances of 1, J.U. is seen to be more effective
in removing pitch dependence than p.s.z. of the utterances by J.B.M. Just
examined, The relative advantages of P33 + 4 and PG + 6 gatihg are also
better defined than those of the mixed positive and negative gating of
J.B.1l, utterances.

L.7.6 Conclusions on the use of p.s.g.

The recognition scorcs obtained using p.s.g. on the vowel waveforms
have shown that a considerable reduction in pitch dependence is achieveq,
This has been sean in some cases to be loosely correlated with the proportion
of the glottal period whichwas retained after p.s.g.,. Vhen less than 507%
of the period has been retained, results no better than the score for the

ungated waveforia have been recorded. The results achieved when PeS.g.
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was applied to the speech of I.J.U,,who has a lower natural pitch than
J.B.M., were found to be more coherent throughout the range of statistics
examined, The applicetion of p. é.g. to the outside-reference sounds has
shown that when some increase in score has been achieved, it has been
limited to the higher T.I. resolution statistics, This cen be clearly
seen in the case of utterance 4 in figures 4.8 and 4,9; the same tendency
is evident in figures 4.6 and 4.7. On the basis of this evidence, it
may be cancluded that the increase in score for outside- reference sounds,
achieved by reducing the T,I. resolution, is not further enhanced by p.s,g.

4eT7e7 Recognition scores obtained,

Throughout this study it has been assumed that T,.I. analysis
alone is insufficient for a complete artificial recognition system. This
assumption has been reinforced by the great variability observed in the T.I,
statistics,especially that due to pitch. However,it has also been found
in subjective experiments, when the clipped vowel sounds,used in the analysis
experiments, have been presented to a number of subjects for recognition |
(append:ix 5), that very low scores have been achieved, It was therefore
thought useful to compare the scores achieved by human subjects with those
achieved by statistical analysis,

Direct parallels camnot be drawn between all the scores,owingto
differences in the recognition procedures. The human subjects were
presented with a sequence of twelve different vowel sounds in random order,
This set of twelve vowels by a single speaker was repeated three tines
during a 30 min, listening session. The average recognition scare for

these presentations was taken as representative of the recognition which
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is possible,

The artificial recognition of these sounds was the result of
the camparison of the T.I., statistics of a set of utterances with a
reference statistic,derived,either from the same utterances, or from
similar utterances by the same speaker. It could therefore be postulated
that the within-reference sounds recopnition scores are roughly equivalent
to a learned response of a subject who has studied the utterances concerned,
and has established a relationship between the defining symbols of these
vowel phoremes end the sounds themselves, This situation was not tested
by the subjective experiments, |

The outside-reference recognition scores are roughly equivalent
to the response of a subject who has had the chence to 'tune-in' to the
spesker briefly, but is then mresented with new utterances which he has
to recognise, This situation is much nearer to the subjective tests
which were done,

It is therefore proposed to carpare the outside-reference scores
with the human recognition scores., The mean values of the outside-

reference scores for speskers J.B,M, ard M.J.U, are sumarised in table 4.

DIGRAN, III3TOGRANL.
16 bin. 3505 385
8 bin. 415 427
4 bin. 487 4873

Table 4,
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The subjective score of L477% for the same twelve isolated
vowels indicates that similar scores can be achieved using both recog-
nition systems, the human and the artificial,

4.8 Recognition based on the analysis of the T.,I.s of the differentiated

waveform.

The scores obtained by the analysis of the differentiated wave-
form are given in figure 4,10. The results for ungated waveforms are
given by the points linked by solid lines and can be compared with those
obtained for normal speech waveforms in figure L4.3.

L.8,1 Within-reference utterances.

When high cepacity statistics are used in the analysis of within-
reference utterances there is very little difference in the scores for
both preprocessing conditions. When lower capacity statistics are
used,the scores for the differentiated speech are lower than those for
the normal speech, This difference becames significant only in the
case of 8 bin and 4 bin histograms.

4,8.2 Outside-reference utterances.

The increase in recognition score for the outside-reference
utterances,observed for normal speech when 4 bin resolution was used,
is not observed in the differentiated case,

4.8.3 Pitch synchronous gating,

The effect of PSG + 4 gating on differentiated waveforms was
investigated. The results are given by the points joined by the dotted

lines in figure 4,10, No significant increase in score is gained by this



Recognition scores for different settings of T.I. resolution.

16 bin

8 bin

L bin

DIGRAM ANALYSIS

HISTOGRAIY ANALYSIS

3 baby Bhen that 58 das v 0ignif

fig. 4.10 Recognition scores obtained using digram and histogram
analysis of differentiated vowel waveforms. (Speaker JeB.M.)

Recognition score significance limit :-[



168.

gating,or by any other forms of p.s.g. that were tried in conjunction

with the 16 bin histogram only.

L.8.4 Conclusions on the T,I. analysis of differentis=ted speech,

Throughout this study there has been the constant impression
that the T'I‘. statistics of differentiated vowel waveforms do not contain
such strong features, and hence do not discriminate between vowel sounds
as well as those of rormal speech. In sectisn 2.3.6, an isolated case
of the elimination of some pitch dependence,seen in the digram pattern
of the normal waveform,was seen, but this was accompanied by the intro-
duction of a noisy area of the pattern. The analysis of the different-
iated speech in section 3,4.5 showed that far more confusion between
vowels occurred when differentiated speech was used than when normal
speech was used. It was not clear, however, at that stage,whether this
result was affected by the restriction of hypersphericity or not, If
the variation between vowels was spread over fewer of the bins in the
differentiated speech statistics this could well be so.

In the present chapter, the recognition experiment, which did not
assume hypersphericity, gave similar results for both narmal and different-
jated speech when high capacity statistics were used, but lower scores for
differentiated speech when lower capacity statistics were used. It has
also been seen that p.sS.g. has no significant effect on the recognition

~ scores using differentiated speech T.I. statistics.
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4.8.4.,1 Check on the variance of each bin's contents over the twelve vowels,

A check was made on the variance, over the twelve vowels, of the
contents of each bin of the 256 bin digran statistic for both normal and
differentiated versions of two sets of utterances. Tvo arbitrary levels
of variance were chosen, The nurber of bins which had variances greater

than the higher level and those which had variances in between the higher

and lower levels were counted. The results are given in table 5.
NCR.AL, DIFFZ ENTIATID.
UTT. > HIGH 16 9
1 IOV - .HIGH INA 20
UTT. > HIGH 18 7
2. I0W - HIGH 57 20
Table 5,
given

This showed clearly that a/level of variance was shown by a
greater mmber of bins in the normal than i the differentiated speech
statistiec. The difference is of the order of a factor of two, Although
both types of preprocessing are analysed on their own equiprobable bin
scale, all the bin contgnts sre not equivariable. This fact could explain
some of the lower recognition scores obtained for differentiated speech,

It might be possible to extract more information fron the differentiated
speech T,I. statistics,if weighting proportional to the observed variance
in each bin was epplied in the E,D. analysis, The results ol listening
tests on the sounds used in these recognition experiments showed, however,

that the perception of clipped isolated vowels was effected very little
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by predifferentiation. This is contrasted with the results of
Ainsworth using FB words (appendix 5),

he8ele2 Compariscn of results with subjective recosnition scores,

If the subjective recognition score is compared with the mean
outside-reference scores,it is seen that the 537 recorded in the subjective
experiment is consistently higher than any of the scores obtained (Table 6).
Tt is noted that the scorss shown in table 6 indicate that the different-~
iated waveform T,I. statistics give the optimum diserimination when a
mexim:m nurber of bins are used. This is the opposite of the results
for normal speech. As fewer bins contain the variations which separate
the wowels, reducing the number of bins is likely to cause the cancellation

of a greater proportion of this variation than in the case of normal speech.

DIGRYM HISTOGRAL
16 bin 375 L0
8 bin R 360
4 bin 215 305
Table 6.

4,9 The effect on the recognition scores of grouping the vowels,

It was apparent froix the qualitative studies on the T.I, histo-
gram that the T.,I. statistics of scme vowels were more similar to onre
another than to those of the rest of the vowels, This sugzests that

certain groups of vovels might exist,within which,confusions based on
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T.I. statistics micht be guite common, but inter-group confusims might
be quite rare.

A test was perforned using the confusion matrix of the recognitbn
experiment based on a 16 bin histogram enalysis of ungated within-refercnce
utterences of speaker J.B.l.. It was found that a minimum number of inter-
group confusions were recorded if the following four groups were established.

1.  /i/, /1/.

2. /v/, /u/.

. /€/,/a/,/0/, [2/.

be /N/5 18/, 73/, /2/.

This grouping corresponds to the following areas on a eardinal
vowel diagrem.

CLOSE

FRAST BACK

OPZ=i
It czn be seen that the proposed groups are continuous on

this articulation chart.

L.9.1 The results of grouping the vowels,

A computer progrem was written to recalculate the recognition
scores from the confusion matrices of each recognition test, ignoring

confusions within these groups. The result of this further analysis
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is shown in figures L4.11, 4,12, The nature of this analysis meant that
there could only be an improvement in the recognition scores, but any such
improvement is at the cost of only discriminating four categaries of vowel
instead of twelve.

The improvement recorded for the within-reference sounds seems
to reach a ceiling when 16 bin digrams are reached, descending the capacity
scale. The improvement for the outside-reference sounds is fairly uniform,
The results for thel;bin histogram show that scores of between 70 and 90
were obtained for both within- and outside-reference sounds. The only
value in increasing the capacity of the statistics was to increase the
scores of the within-reference sounds, The effect of including some
D. Seg. 28 Well is negligible, as no form of p.s.g. for either speaker was
found to give significaent increase in the scores of the outside-reference
sounds when low capacity statistics were used.

The increases in scores obtained,when grouping the vowels of
J.B.M, after a recognition experiment on the T,I.s of their differentiated
weveform (fig. 4.13),Were in many cases less than those found in the case
of normal waveform analysis (fig. 4.11). The increases of the scores for
the outside-reference sounds were consistently smaller. The low scores
of the 8 bin and 4 bin histogram analyses of differentiated within-reference

sounds were not increased relative to the normal speech scares by the process

of grouping.

2962 Conclusion on the effect of grouping the wvowels,

The grouping of the twelve vowels into four categaries, compatible
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with proximity on an articulatory chai't, has been seen to increase the
recognition scores by up to a factor of two, This meximum improvement

in the score was for the normal waveform of the outside-reference utter-

ences.
The increase in the differentiated speech score due to this
grouping is not as great as that in the normal speech score. This

indicates that the reduced spread of intervowel variability, elready
messured (section 4.8.#.1), is not differentially related to these various

groups.
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CONCLUSICNS AND FUIURE FPROSFECTS.

The purpose of this study has been to investigate various
techniques for analysing the sequence of time intervals between the
zero crossings of speech waveforms, with a view to discriminating
between the speech sounds. These measurements have been made
independently of their relation to the conventional frequency analysis
of these sounds, by means of which a large amount of diserimination
has been shown to be possible (11, 48), On several occasions
similarities of pattern between the T,I. description of a sound and
the frequency description have been seen,and these have been noted.
No more r:'x_.gorous attempt has been made, however, to associate the
two. The object of all the measurerents used has been the
discrimination of speech sounds,

Conclusions from the present study.

7, I.s of speech waveforms and their histograms,

It is obvious that statistical measures of the T,I, patterns
of speech cannot regain the information lost during the clipping process,
except in the special cases of very long and very short T.I.s of a band-
1imited signel. The T.I, histogram represents T.I.s in isolation from
their context, and therefore the histograms of only simple waveforms
provide an indication of the T,I. pattern that they represent.

An interesting feature,which is important to the study of
speech via its T.I. pattern,has emerged from the study of woiced wave-

forms (1. 5.2). Not all frequency components of the complex waveform
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are present at the same time with the same relative amplitudes, Formant
decay times very, and their times of excitation relative to the glottal
waveforn are displaced with respect to one another. It is therefore
possible for the T,I., pattern to be influenced by frequency camponents
of low average emplitude,which would not affect the T.I.s if a1l compon-
ents were present with constant relative amplitudes.

The adiitional frequency informstion available in the time
domain did not result in T.I. histogrems which could be used to distinguish
the twelve vowel sounds examined., The result pointed rather to the
fact that only broad classifications could be made on the basis of the
7,I. histogrem (1.5.2).

The only speech sounds,in which there was found a clearer
relationship between the T,I, histogram and the frequency components,
were the fricatives and voiced fricatives (1.5.34). In both these
groups of sounds the general frequency description is simple, The only
merit of the T,I, histogram analysis is its simplicity compared with
frequency anzlysis, This latter point has already been made, concerning
T.I. analysis in general, by Chang et al.(8).

These comments about the T,I. histogram are expressed from the
point of view of relating it to other representations of spesech which
are known to characterise various sounds., The complexity of many of the
histogram patterns made it necessary to use a quantitative analysis to
estimate the discriminative power of this simple time domain measure,

The quantitative analysis for the twelve vowel sounds, as spoken
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by two male spezkers gave )the following generalised results. In most
cases the scores obtaired for within-reference sounds were highest for

the maximum T.I. resolution of 16 bins, and for outside-reference sounds
the 4 bin resolution often gave the maximm score. The spread of scores
for the differently pitched utterances of the within-reference sounds

was between 605 and 80;%, this spread being reduced to 705 to 807 for the
optimum p.s.g.. The scores for the outside-reference sounds were 407

to 504,  When the vowels were grouped into four categories, discriminatiom
between these categories was increased to give within-reference scores

of 78% = 947%,axd outside-reference scores of 785 - 857,

Comparison of the quentitative analysis of T.I. histocrams with that

of Bezdel ard Chandler.

Some comparable figures fram the work of Bezdel and Chandler (5)
are 977 for male speakers within the reference group and 877 for male
speakers outside the reference group., There are however several differ-
ences between their experiments and those of the present stuly. The
major difference, in terms of its effect on the recognition scores obtained,
is that their five vowel categories were each revresented by only a single
vowel, although spoken by different speakers, The nearest equivalent
scores of the present study are for the four vowel categories, but in
this case each category was represented by a wide phonemic range within
the category. Vowels on the peripheries of these categories would be
expected to be more readily confused with those in other groups than if
each group were rerresented by a single vowvel.  Although the vowel

categories of Dezdel and Chandler were not the same as those in this
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study, this foct could exrlain some of the difference in the scores,
A further differzree is that the present experirents were done for the
utterances of a single speaksr, and only three sets of utterances of
that speczker were used to compile the reference statisties, A rore
comprehensive refercnce set would be expected to cause an increase in
the scores of t he outside-reference sounds, but would, at the same time,
reduce those for the within-reference sounds, It has been seen that the
within-reference sounds in the rresent study rerpresemt a rather artificial
situation; that of & learned response to a particular set of uttersnces
(4. 7.7)-
The use of many speskers to define the reference stsatistic is

a further difference, If the small differences between the overall T.I.
distributions of vowel utterances for three different speakers (section
3.6.2) are corpared to the level of T.I. resolution which has been found
optimum for the recognition of outside-referénce sounds, it can be secen
that the additional generality of reference, obtained by including more
preselected adult male

/ spezkers, may outweigh the veriability introduced,

The uses of T.I, histosrsn enalwvsis,

The T,I, histogram is a simple measurc but it is not likely
to rrovide a basis for any perceptual clues. Thais can be deduced from
the fact mentioned above, that it represents T,I.s in isolation.
Sequencés of given T.I.s in any order will give a similar histogram,
tut as Underwood (66) has shown, they may shov little perceptual similar-

ity. Although virtually nothing can be claimed for this form of analysis



on the basis of percertual experiments, the broad discriminations
described gbove sugcest that it could have sorme uses in speech analysis,
I+t could be used in a limited vocabulary analysis whose constituent
phoneres happen to coincide with the distinguishable 7,I. patterns on
any suitable T.I. scale. This has been demonstrated in a particular:
case by Bezdel and Chandler (5). In a more general purpose analysis,
T,I. histograms could pvlay a partial role either as a preliminary feed-
forward device,as described by Mackaey (45),to control the appropriate
analytic action, or as a refinement of a crude frequency analysis. An
example of the former use could be the separation of voiced fricative
from vowel, 4 Z,C. rate measure could separste most of the other
classes of sounds,but a crude histogram would be necessary to separate
these two classes on the basis of T,I. measurement,

The digran measure of speech waveform T.I1.s.

The discriminatory power o this measure was expected to be
greater than that of the histogram of the T,I.s for two reasons, Firstly,
it has a slightly longer tern significance thaen the histogram, although
still very mch shorter than the time séale of the smallest perceptual
units of speeci, Secendly, the clear perceptual difference between a
sequence of short intervals followed by a sequence of longer ocnes, and a
mixture of both in one sequence, is reflected by differences in the digrem
pattern but not in the histogram, The digram is tlms capable of contain-
ing more percep’dually relevant information than the histogram, This has

been secn explicitly in isolated cases, It is also more sensitive to
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any chenge in the T,I.s than is the histogram. Such a charge causes
different relationships with the preceding and following T.I, For
exarple, the insertion of two short intervals bétW'een two previously
adjacent long ones would ceuse a completely different digrem pattern.
The corresponding histogram patterrswould be slightly different,but
would overlap if the long intervels did rot suffer a significant change .
in length,

The voiced sounds were seen to have .more structured digrams . -
than the fricative sourds (2,3.1/2/3). Digrems of voiced fricatives
simply showed that in most cases the long and short intervals were not
separate in the glottal period but mingled together in some way.

Digrams of nasals enphasised the difference in spread of the intervals,
Such a measure as the moment of the display about X = Y would be a
useful discrinirent of the individual nasal sounds analysed, The

digram patterns of vowels gave a genersl mpﬁssion of some significant
structure, but when visual discrimination of the various digram structures
was attempted, discrimination of the twelve vowels into only three or
four categories was possible (Section 2.3.2).

The variability of the T,I., statistics, when either the piteh
of the voice or the spzaker was changed, was investigated using the digram
representation, Digrzms of utterances by two male spezkers were seen to
be very different in some cases (2,3.5), but some of the differences vere
explained on the basis of the pitch difference involved. The control of

pitch was seen to eliminate some of these differences in both the first
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and second order T.I. distributions (2,5).

The effect of differentiation before clipping was also
investigated. The expected greater emphasis on higher frequencies
ceused sinmilarity between digrams to be seen in pairs and groups of
vowels which are different to those in the normal speech case (2.5.1),
No general elimination of inter-speaker differences in the T,I,statistics
was achieved by differentiation before clipping.

The variation of the duration of compilation of the digram
statistics showed that the major features of both first and second
order distributions remain constent from one glottal period to the
next, assuming that périod remains constent (2.3.4).

Preliminary quantitative measures relating digram and histo-
gram analysis showed that the least variable statistical representation
of speech wave T,I.s was the digram of normal speech (4.3.1). EHowever,
when spesker differenceswere included in the analysis, the digram was
seen to be more sensitive to these differences then the histogram (4,3.2).
Tt was also noted that the statistics of the differentiated waveform
were also more sensitive to these differences. An analysis of the
confusions involved in these experiments showed, amid very varisble
results, that the digram a.nalysi.s is a simpler transform of the two
forment analysis of vowels than/1 :he histogram analysis (4. 3.3.1).

Quantitative measures of the difference between the vowel
digram patterns of several utterances of single speekers,showed that

they did provide more discrimination than the simple histogram for the
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within-reference sounds, but not for the cutside-reference sounds.

Scores of 907% - 100 were achieved for the farmer, but only 40% - 50%

for the latter (4.6). Analysing the twelve vowels in the four groupings
ceused the latter score to be increased to 707 - 807, the former remaining
tre sare (4.9.1). The lack of any increase in the scores for the outside-
reference sounds when using digram analysis indicates that although there
is structure present in the T.I. pattern of the waveform, it is no more
invariant with respect to t he vowel than the T.I.s themselves.

It was noted that the scores obtained for the within-reference
sounds were mainly dependent on the capacity of the statistics, rather
than on the order of the statistics or the T,I. resolution used. In
perticuler, the scores for 16 bin histogram and 4 x 4 bin digram analyses
were very similar. It was seen however,that the outside-reference scores
were higher for the 4 x 4 Dbin digram analysis, As this score was most
similar to that for the 4 bin histogram analysis, it was assumed that the
level of T.I. resolution is important for the determination of these
sounds, rather then the capacity or order of statistics.

The effect of differentiation on the T.I. statistics and their
veriability, first investigated in the case of the digram (2,3.6), was
further studied for both histogram and digram statistics using the
quentitative measures. The intermediate unquantified result of section
2.4.5, where the T.I. statistics of differentiated vowels were seen to
give very poor discrimination, was largely due to the experimental
mrocedure.  The results of section 4,8 showed that for high capacity

statistics, scores nearly equivalent to those obtained for normel speech
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could be obtained. The scores for the low capacity statistics were ,
however, significantly below those for normal speech, Further, the
scores for outside-reference sounds were not increased by reduced T, I,
resolution.

A factor, which could explain these low scores for differentiated
speech, was found by examining the variange = of the contents of each
bin of the statistic over the twelve wowels, it was found, in the
case of the statistics examined, that the normal speech statistics have
twice as meny bins with a given variance as differentiated speech
statistics. Further anelysis incorporating an equal-variance bin
distribution along the T,I, scale was not performed.

Evaluation of the use of pitch synchronous gating.

It was seen early in this study that the effects of pitch on T,T.
statistics "are very great. Two reasons for this have been given:
1. End effects in the glottal periodgdue:both to the verying length
of the period, and the typically low signal to noise ratio in most
low pitch vowel sounds,
2, Varying relationship between the amplitudes of the formants-.due to
changes in their harmonic structure as the pitch veries.
Perturbations classed under heading 'l' have been investigated,
and largely removed,by the technique of pitch synchronous gating (p.s.g.).
Those classed under heading '2' have not been investigated in this study.
They could be studied by performing a T.I. statistical analysis using

D.S.g. on broad band filtered speech waveforms. The relative amplitude
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factor may then be avoided by analysing only one formant region at a
time. This approaches closely to the method chosen by Sakai and
Doshita (56) although this reason is n§t given for their choice, Such

a method would also be a closer simlation of the human ear-brain

system than either frequency or time domain methods.

The use of p.S.g. alone to eliminate some of the pitch depvendent
features of T,I. statistics has been successful. This technique has
removed both noisy areas and particularly pitch dependent spots of the
digrem display of normal (2.7.2.) and differentiated waveforms (2.7.3.).

The stebility of digrams of p. s;gated waveforms,when the pitch or
speaker was changed (2.7.4/5.),was found to be little improved over the
ungated case. It is assumed that perturbations under heading '2' above,
could be a major cause of the remaining instability with pitch.

Quantitative measures of the effect of p.s.g. on vowel discrimin-
sbility were made on the speech of two speskers (4.7.4/5). Its effect
was seen more clearly in the recognition of utterances of the spesker
with the lower pitched wvoice. No definite conclusions on a fixed rule
to give the optimum severity of gating within each glottal period were
possible from the results, There was slight evidence for all three
proposed rules at various points in the results, It was found however,
that in general,p.s.g. reduced pitch dependence, although in a large
proportion of cases there was no significant increase in the overall
score. The optimum scores for the ungated outside-reference scores,

those for the low T.I. resolution analysis, were not improved by p.s.g..
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The application of p.s.g. to the analysis of these sounds using higher
T.I. resolution, occasionally increased the scores more than reducing
the resolution.

A further application of p.s.g., Which has not been within the
scope of this wark,is in the extraction of formant freguencies from
bandlimited speech waveforms. The method of measuring Z.C. rate
gives the nearest harmonic of the fundamental,whereas the mean value
of the T.I.s of a2 p.s.gated waveform could give a more accurste value.
An application of pitch synchronous analysis for this purpose has been
investigated by Scarr (57), with successful results. (See the following
section on Parallel work).

Comparison of artificial and human recognition of isolated wvowels,

When the recognition scores for the outside-reference sounds were
compared to the scores achieved by human subjects listening to the
clipped speech waveform, they were seen to be nearly equivalent (4.7.7).
It must be emphasised that the artificial recognition system,in this
case, has the advantage. It is analysing a steady state signal which
is unnatural to the human listener. It has been found,over several
listening tests,that the spread of absolute scores for natural, clipped,
and differentiated and clipped wowels is extremely large, varying bet-
ween 20% --60%, but their relative scores are fairly stable. It was
noted that the utterances giving the highest scores had a more variable
pitch within ecach utterance than those which gave the lower scores.

It is possible that the human listeners were gaining cues from pitch
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variation. The process of elimination of pitch dependent festures

in the time domainyused in the artificial enalysis,may be analagous
to the human process of establishing what is the true vowel quality
when the veriability due to pitch can also be extracted. The pitch
synchronous analysis carried out in this study did not, however, cause
such a large difference in the recognition score.

It cen therefore be concluded that the artificial system using
an extremely simple T,I. statistical analysis can perform as accurately
as the human system on completcly steady state vowel sounds, but the
latter is capable of far greater accuracy df variation of such para-
meters as pitch is included. FPresumably the wvariation would cause a

reduction in the artificial recognition scores.

Parallel work,

Work relevant to the topic of this thesis that has been done
prior to this study has been reviewed in the introduction. Some
relevant work which has been carried out in parallel with this study,
both in conjunction with it and independently of it, will be reviewed
here.

Work in conjunction with this study has been done by Underwood
(66) on the synthesis of speech from a statistical description of the
time intervsls between zero crossings. One of his mejor findings
has been that ﬁhe T.I. description of speech is on too microscopic a
level to be suitable as a unit for the synthesis of speech. The time

scale of linguistic variations :is of the order of tens and hundreds
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of milliseconds,whereas the T,I. values extend from tens of micro-
seconds to a few milliseconds. Synthesis of isolated vowel sounds
was attempted, using first, second and third order statistics. Each
of these statistics in turn had a greater temporal span than the
previous one,and showed some improvement in the intelligibility or
the sounds produced.

If synthesis of recognisable speech from T,I. statistics had
rroved possible at the first or second order stage, then there would
seem no reason why artificial recognition should not be achieved on
the basis of histogram or digram statistics. As this was not the case,
however, the extraction of discriminative features from the T.I.
statistics must be viewed with more caution.

Parallel,but independent work has been done on the speech wave-
form by Stover (61) and Reddy (54), and on T.I. analysis by Bezdel (6),
Scarr (57) and Lavington (34).

Stover has arrived at the same conclusions as the author concern-
ing the redundancy in the speech wave caused by piteh, and has found
evidence that only 3 msecs. at the start of the glottal period is
necessary for perception. He also uses the redundancy of repetitive
glottal periods which is parallel to the use of histograms of very short
duration of compilation. His aim is that of economical speech trans-
mission rather than analysis, but the preservation of intelligibility
by these time domain distortions is relevant to both.

Reddy uses the speech waveform as the starting point for an
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analysis system which includes measurements of Z.C. rate, intensity,
and pitch synchronous fourier series expansion of the waveform. The

only overlap with the present work is the use of pitch synchronous

analysis and pitch detection using a peak detector. He does not use
a T.,I. statistical analysis. All his analysis is done within a
computer.

Bezdel (6) has developed a system based.on his earlier T,I.
histogram analysis (5). He has made modifications to reduce the
variability of the T.I. histogram with various speakers,to make
possible more accurate recognition. The only preprocessing employed
is the addition of h.f. bias to reject noise. Adaptive processing is
used at the level of compilation of the histogram. This mrocessing
includes the movement of the histogram bin divisions,and the variable
weighting of the bins, which are very powerful technigues. The
differences in the rate of arrivel of T.I.s in these veriable bins are
made the basis of speech pattern detection. These difference para-
meters are also adaptive to provide a common reference pattern for the
presence of.every sound, specified by a network linking certain histo-
gram bins.

This development of the use of T.I.s for speech recognition is
complementary to that described in this study. It relies on a great
deal of adaptive control whereas the present study has sought to answer
some of the problems of T.I. veriability in a static way. The strategy

of the present study does not eliminate the use of adaptive controls,

»
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but would reduce the complexity of such controls by building general
rules econcerning T.I. variability into the preprocessing.

Scarr has found that a good meassure of the first formant of
a vowel sound can be extracted from a T.I. measurement; that of the
second interval in each glottal period of the prefiltered waveform.
His prefiltering eliminates all but the first formant frequency range
for a1l vowels. This finding is compatible with the general observetions
of this study concerning the stability of intervals in various parts
of the glottal period. It is this interval that was chosen to be the
first intervel measured during pitch synchronous analysis of the un-
filtered waveform. Lavington has analysed a limited vocsbulary of
words by means of several software routines in an all computer analysis
system. He has used such parameters as the Z,C. rate of both the
waveform and its derivative, and the difference between these two.
A very crude form of T.I. histogram using three bins, fundamental
frequency detected by means of autocorrelation and amplitude peak
analysis have all been included in the time domain measurements.
Spectral analysis has also been done using two different routines,
High recognition scores have been achieved using these parameters.

The Way Forward.

The present work has concentrated on extracting the maximum
amount of information about speech sounds from their T.I. stmcﬁn‘e
alone. As such it has led to the conclusion that the use of these

measures is restricted, owing to their great variability and their
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short-term significance in the speech signal. The attempt to extract
as much information as possible from the T,I. statistics has however
provided some useful pointers. Some of the complicating factors
limiting time-domain measurements have been found and techniques of
measurement have been developed, which could usefully be incorporated

in any further experiments using T.I., analysis. The great variability
of the T.I. measures used,has indicated that they can only be applied
in restricted tasks such as the preliminery subdivision of speech sounds,
or for making fine distinctions after a crude frequency amalysis. They
could also be used in small wvocabulary speech recognition systems where
the constraints of the sequential relations between phonemes contain a
large amount of additional information, or where the total number of
phonemes is small.

A line of study which is likely to exténd this work in the
direction of speech recognition is the combination of the information
obtained through individual channels or features of the T.I. statistics
with other one dimensional measurements. The aim of such a study would
be to observe acoustic events in simply extracted parameters of speech,
These parameters could be short,or longer term amplitude measurements,
the rate of change of energy in a certain frequency band, frequency
change detectors, and T.I. measurements of a less detailed type than
those made in this study. The ultimate aim of such a study would be
to obtain correlates of these measures with articulatory movement. It

is thought that the combination of simple feature extractors of this
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typey is for nearer to 2 similation of the likely humen analysis

of speech waves,than a detailed measurement in any one dimension ’

such as the study just described.
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Clipping Amplifier circuit.
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Fig. Al.1 A single stage of the clipping amplifier.

The clipping eamplifier comprises four long-tailed pair
amplifier stages (fig. A 1.1). They were connected in differential
form with a.c. coupling,of 50 Pf'. into two 4.7 K parallel resistors,
giving a time constant of approximately 100 msecs,

The earlier work on histograms was done using OC 71
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transistors in this circuit. The OC L4 transistor gave a better gain

per stage (10 - 20). The non-linear amplification was made symmetrical

~

about the zero signal level by adjusting the 10 K potentiometer in the

pase lead of the second transistor of each stage.
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A, Parallel time-base system.,

FPig., A 2.1 Single time-base and hold circuit.

-~

%erat ion.

As two time bases were being used, there was no need for a
separate hold circuit: the time base capacitor itself was used to store
the voltage. The holding properties were achieved by maintaining a
positive level on A, which caused D 2 to be reverse biased and provide
high impedance to further charging of the capacitor C. A silicon
transistor was used as the discharge path for C, as its low leakage

current helped maintain the charge in C until it was discharged by a

negative pulse at B.
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B, Anzlogue shift register stage.
+9v
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68on
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22k
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Fig. A 2,2 A single analogue shift register stage.

A positive pulse at A, causes the voltage on B to be
rred accurately on to capacitor C. The variable 1 K potent-
jometer was used as a fine control to compensate for the difference
in base-emitter voltage drops in the two transistors following input

B. When connected as a multistage shift register, the voltage on C
4
v

. \ ) 7
provides the input (B) to a further stage.
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AEBendix é.

Magnetic recording machines.

A3.1 Siemens 12 stereo tepe recorder.

The stereo facility of this machine was not used in the
present study. The four tracks simply allowed greater economy of tepe.
The facilities of the machine which were used were the microphone and
electrical inputs, and the headphone and external speaker outputs. The
microphone was a moving coil type, supplied with the machine. When
used within 1 - 2 inches of the lips, it had very good signal to noise
characteristics. The measured signal to noise ratio for this microphone
and the recording amplifier was 52 db.. The record/replay frequency
response is given in figure A3.1. The major use of this machine was,
however, when the record amplifier was used as a buffer amplifier for
the high output impedance Language lMaster. The response of the record
amplifier was flat over the vowel frequency range, for which this

combination was used.(fig. A3.1).

A3.2 Bell and Howell Language Master.

This machine, designed primarily for language instruction,
was used in the majority of the experiments. It operates by recording
and replaying on a short strip of magnetio tape which is affixed to a
piece of card. 1his method of storing acoustic records of sounds made
the retrieval of required sounds, and repetitious play-back of them,

much less time consuming and arduous than using conventional spooled
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tape. 'There was also the great advantage of being able to shuffle
the ordering of sounds for use in listening tests.

The frequency response of this system, for electrical
recording, is shown in figure A3.l. The response for microphone
recording was found to be substantially similar. ©This response
is seen to be only just adequate for the vowel sounds. The
machine was certainly not capable of storing clipped speech signals
for use in listening tests. In these cases the clipping was
performed after reproduction, or the clipped signal was recorded

on the Siemens recorder.
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Agnend ix _{t.

The commutational facilities available during the present research.

The expectation of a small digital computer, and its
delayed arrival in two phases, was responsible for some of the structuring
of the work described. The facilities 2vailable and the way in which they

were used at various times during the work are described in this appendix.

A 4e1 The commter,

The computer used was a Digital Zquipment Corporation FDP-8.
This machine had 8K 12-bit words of core store, and a cycle time of 1,5 .
Fhase I of the installation comprised this basic machine with 10 character/
second input and output,via paper tape. The input/output device was a
Teletype ASR-3J. The work described in chapter 3 was done using this
equiprent.

Interface facilities with this basic computer were designed
and constructed by AW, Wright. These facilities included access to the
t progream intexrj‘ﬁpt' of the machine, an input/output register (12 bits)
which could be read and loaded by the computer, a further 12 bit output-
only register, and two digital to analogue converters operating on the
least significant 10 bits of each of these registers.

The contents of various important registers of the computer's
central processor were continually monitored by lamps buffered from each

bit of these registers. A console switch register was provided which

could be read by the camputer, This could be used not only for the
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debugging and starting of programs,but also as a control during the
running of the program,

Fhase 2 of the installation comprised high speed paper
tape input (300 characters/second) amd output (50 characters/second),
magnetic tape storage, and a 338 buffered display, Two magnetic tape
decks were controlled by a single TCFl control unit, enabling the use
of two tapes within a single program,but not at the same instant in time,
This pert of the second phase of equipment was most importsnt to the work
described in chapter 4, which would rot have been possible using the
basic machine's storage alone, The 338 buffered display was used to
provide a visual check on the statistics being manipulated within the
machine., A program was written to display the contents of any part of
the magnetic tape storzge of digram statistics on the 9 x 9 inch C.R.T.
display area, A whole set of 12 vowel digrams could be displayed at
once, together with axes,using the layout of the cardinal vowel diagrem
(fig.2 %.1). This not only provided & very quick check on the statistics
on the tape, but prcduced a display which revealed features of adjacent
vowel digrams which had not been previously noticed. This arrangement
of the vowels was then replicated for the presentation of the vowel

digrams in chapter 2,

A L.2 The production of visual displays using the commuter and a C,R,T.

The displays of T,I. statistics presented in chapters 1 and
2 were, in the main, produced under computer control. The photographs

which had been taken fram the screen of the C.A.T. and from a C.R.T,,



g .1 Three examples of the display of 256 bin digrams

e
on the 338 display.
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driven via an analogue shift register, most of which had never been
printed, were not easy to 'read! when printed. The operation of the
C.A.T. and the A,S,R., were similated within the FDP-8 solely to achieve
better photographic records of the qualitative experiments, The only
feature of the analogue digram display that was not similated was the
exponential time base, This was most useful when viewing unvoiced
fricatives and vowel sounds together,but when studied in isolation an
appropriate linear scale was adequate.

The T,I. histogram photographs were made more readsble by
representing the contents of each bin by a vertical line of length pro-
portional to the contents, rather than the single spot produced by the
C.A.T. display. The photographs were produced on the 338 buffered display.

The A.S.R. was similated using a program written by M.J.
Underwood for the synthesis of speech from statistics stored in the
computer (66). T.I.s stored in the computer were loaded into the two
registers (mentioned in section A 4.1) in sequential pairs. Voltages
corresponding to the least significant‘ 10 bits of these registers were
gerived by the D/A converters and applied to the X and Y plates of a C,R.T..
The most significant bit of one of these registers was used to control the
7 modulation of the C.R.T.. This latter facility was included in order
to perform pitch synchronous gating on the statistics, The pitch markers,
which had been stored with the T,I.s, were used to control the setting of
this most significant bit in order to provide the amount of p.s.g. specified

by the setting of the computer console switch register. The details of
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operation of this program are given by Underwood (66).

lodifications to this program were made in order to control
the 'duration of compilation' of the statistics from the stored intervals E
and to obtain the intervals from magnetic tape rather than via a T,I.
measurement program from a train of Z.C. pulses.

After each presentation of the digram statistics a subroutine
was entered which plotted axes for the display. This facility saved
considerable effort compared to the photography using the analogue system .

which required complicated switching of signals for the presentation of axes,

A dix 4 3.

A ) B, The compilation of T,I. stetistics within the FDP-8.

T.I. values were put into the computer by running a continuous
time measurement program, which could be interrupted, the time sampled,
reset, and restarted, on the arrivel of 2 ! program mtez;;.lpt' pulse (fig.
A 4 B.1). The Z.C. pulses produced by the electronics déseribed in
chapter 1 were buffered into the 'program intex;(‘lpt' line via a Schmitt
trigger. The measurement program measured the T.I,s to the nearest 6 -
(4 times the computer cycle time). As each T.I, was measured its value
was stored in the core store in the form of one interval per word, A
certain area of core was designated for T,.I., storage, and when this was
filled the program halted. When phase 2 of the equipment was in use,
) K of the store was filled with T.I.s and immediately trensferred to

magnetic tape, from vhere they were available for any subsequent experiment
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A further progrem operated on the stored intervals to compile,
in another part of the core store, T.I. statistics over a duration controlled
by accumulative addition of the intervals involved. The widths of the
histogram or digram bins were stored in a further section of the store,
The mode of operation of this program is described by the flow diagram in
figure A 4 3.2, Statistics were compiled for several sequential segments
of the speech input. During the process of compilation, the available
cor;e store was shared between the T.I. values and their statistics, the
latter being deposited in the place of the earlier T.I.s of the utterance,
The basic program was designed to mroduce digram statistics, but a simple

modification caused it to produce histogram statistics,
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A.5. The results of subjective testing of utterances used in analysis

and automatic recognition experiments,

The utterances recorded by speakers M.J,U., W.A.A., and J,B,M.
on Language Master cards were presented in three conditions of distortion
to a group of subjects in a series of listening sessions. The sounds
were presented in random order via a power amplifier and a loud speaker,
This output electronics was constructed and used by Underwood for
similar subjective experiments.

A typical set of results are presented,with the results obtained
by Ainsworth (2) for comparison, as his results were obtained using

almost identical apparatus,

ISOLATED P.B.

VOWELS. WORDS. (Ainsworth).
NATURAL. 61% 98%
NORMAL CLIEPED, WT% 85%
DIFFERENTIATED CLIFPED. 53% 997%

The articulation scores for the isolated vowels are consider-
gbly less than those for the P,B. words, This was expected owing to
the unnatural lack of context,

A large range of values for the recognition of isolated vowels
was obtained. Clipped vowel recognition varied between 20% and 60%
for different sets of utterances. The relative scores for the three

forms of processing remained fairly constant.
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The most interesting difference is that whereas in the
experiment on P.B. words, differentiation prior to clipping gave
a score similar to that of natural speech, in the experiment on
isolated vowels, this is not the case. The score is nearer %o
the normal clipped score. This result was also found by Underwood
(66) who has done more extensiye subjective testing of this.

A reason for this result can be found by considering how
differentiation effects characteristics of speech important for
intelligibility, which are present in continuous speech, but are not
present in isolated vowels. The formant transitions are certainly
one of these characteristics. Work on the synthesis of speech on a
formant model conducted at the Haskins Laboratories, New York, by
Cooper (11), Delattre (14) and Libermen (37),2nd extended more recently
ot the Commumnication Department, Keele, by Ainsworth (3), has shown
that the perception of different consonant-wvowel peirs relies largely
on differences in the second forment transition, the first formant
always falling, on moving away from the vowel. The r8le of the second
formant in the intelligibility of speech has also been investigated
by Thomas (64). As the clipping of the waveform gives emphasis to
the most dominant formant, the articulation scores obtained by Ainsworth
( 2) for normal and differentiated pre-clipping wavefarms can be explained
in terms of the importance of the second farmant in defining the conson-
ant-vowel transitions. This point is made by Thomas with reference to

the similer experiments of Licklider, 4As no such transitions occur
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in isolated wowels, the emphasis on the second formant owingto differ-
entiation may have less effect on the intelligibility of these clipped
sounds. This is not to say that the second forment has no effect on
the intelligibility of isolated vowels, this is highly unlikely; but
it may have a greater effect on the intelligibility of the consonant-

vowel transitions then on the steady state vowel segments.
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Appendix 6.

A.6. Application of pitch synchronous gating to the intervalgram

display.
The intervalgram display described by Chang et al.(8) was an

attemnrt to movide similar visual information concerning contimious
speech,to that available from the more complex spectrogram, They
found that a better approximation to the formant patterns of wvowels
could be achieved by combining adjacent intervels in groups of two

or four and taking their mean walue, thus approaching 2 Z.C. rate
measure. It has been seen that much of the perturbation of the

T.I.s of an utterance with a varying pitch,is caused by those at the
end of the glottal period. An altermative method of obtaining a more
stable measure of vowel colour would be to reject the most variable
intervels rather than smooth out the wvariations.

Some examples of the performance of this system,on the
intervalgram of voiced sounds with a varying pitch,are shomn in figure
4 o I t was found that only stable intervals remained when severe
D.Seg. Was applied to the waveform, but that it was necessary to reject

some stable intervals in order to avoid including unstsble ones.
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/Aa/ falling pitch /A / falling pitch PSG+2

Ittty M 1

/O / falling pitch /O/ falling pitch PSG+2

Fig. A6.1 Illustration of the effect of p.s.g. on the intervalgram
display of vowels with falling pitch.
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Ap_v:,endix [s

A,7. The mathematics of mixing the reference sets,

The mathematiczl background for the mixing algorifhm was
as follows, The single utterance reference statistics were compiled
from ten digreams compiled from sequential segments of the utterance.
Therefore the mean value and standard deviation of the contents of
each digram bin, given by the referenceé statistic, were derived from
ten actual values, The mroblem was to derive the mean and standard
deviation of all the constituent bins of N single utterance reference
statistics in order to derive the mixed reference statistic, It was
not possible to do this directly as only the means and standard
deviations of the bin contents making up the single utterance references

were available, The original statistics were destroyed as described

in section Le2.1.. Thus the following analysis of the problem was

required.
'
1
'
|
:
‘
'
1
|
: H
arbitrary T U XN
origin grand
mean
of N

distributions
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Consider the conbination of N distributions, each of n elements.
t the distributions be typified by the subscript i, and the elements
by subscript j,and the displacement of each element from some arbitrary
igin be X, ..
origin IlJ
The variance of all elements of all distributions about the

gra.nd meesn is

Z Z (x‘-.! "X)z

nN -1

The individual distribution means are defined by

The grand mean being the mean of the individual distribution
means
/is defined by

zl,*.*’l

X T2

The difference between the distribution mean of the ith

distribution and the grand mean is

X



X cen be replaced in the expression for
r'q

The grand variance becomes

S i e doxiies Fiaiy)

L J nN -1

ot Z Z OG- ) e %

o
0}
—~
X
|
X
Il
o

by definition.

There are therefore tw

Term one

S
S (x;_-\-‘:ci)
Laagid MN-1

If ni¥ is large and n)) N then

m, ~ o)
. . Termone -

o

Term one can be expressed as

4+

individual dis tributions.

the 'grand variance'

s the mean of the variances of the

-

Ry
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Xi + XL

o terms contributing to the grand veriance.
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2
Term two = ;_,Z Xi.
nN -1

As nll is large, nli = 1 &2 o, and term two can be approximated by

Term two = z X_‘z
ARy
This is a spreﬁd function of the N means of the individual distributions.
Tt was found therefore that by summing these two terms, the mean of the
varisnces of the single utterance reference statistics, and this spread
function of their means, a fairly accurate estimate of the variance of
the mixed reference statistics could be obtained. Note that this

analysis refers to each bin of the statistics separately.
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Appendix 8.

A.8. The use of the digram display as 'visible speech!,

The potentialities of the digrem displey as a visible
representation of contimuous speech were not investigated formelly
during the present study. Informal experience of the visual feed-
back of continuous speech provided by the display, has made possible
the following preli.miﬁary assessment of its usefulness as a 'visible
speech' systen.

The immediate impression on comparing the running histogram
display, that is Chang's 'intervelgram', and the real time digrem
display, is that of a greater spread of information, and of patterms
and changes in patterns which catch the eye in the latter. The extent
to which these patterns are discriminative of the vowel sounds has been
estimated in the quantitative studies. It is, however, unlikely that
information transmitted visually is processed in a point by point
manner as in the euclidean distance measurements,

One feature of the greater spread of information, and the
emergence of clear patterns,that is considered importent, is thet mach
of the moverment evident during non-steady state sounds involves more
than one area of the display, The running histogram display often
gives the impression of independent parameters with little coordination,
even though vertical displacements of one spot must be accampanied by

the opposite displacement of another if the number of T.I,s in the
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glottal period is constant, Typical movements in the digram display
often inwvolve positively correlated displacements at right angles to
each other, in addition to the negatively correlated ones which conserve
the length of the glottal period,
Some typical movements are:-
1. Along the diagonal X = Y as the dominant frequency of the sound
changes.
2, Outwards parallel to an axis as pitch decreases, and in again as
pitch increases.,
3, FRotation of the pattern as the quality of the sound changes, but
the dominant frequency remains constant.
Other more complicated patterns occur during transitions between
consonants and vowels: some of these seem to be quite repeatable.
Tn addition to the actual patterns involved, the tempo of pattern

change correlates well with tongue and lip moverents.
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