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A speaker-independent speech recognition system was constructed
which implements a solution to one of the most difficult and most
important problems in speech, that of speaker-to-speaker variability.
The system, which recognizes words in naturally spoken, uncontrolled
text, is based on a theory of speech perception which is consistent
with the linguistic universals of world languages. The representa-
tion is invariant under certain adaptive transformations which

render the speech speaker-independent.

The problem of speaker-to-speaker variability was solved by
reducing the multi-speaker problem to a single-speaker proposition.
A single speaker may train the system to recognize a given vocabulary.
A subsequent speaker need speak only a predetermined sentence or
word sequence to transform the system for operation on his voice.

Performance has been evaluated using constraint-free speech,
spoken in natural word sequences. Recognition results for 25
American male speakers are given, indicating an overall recognition
accuracy of 97.6%.

It is concluded that the method of speaker transformation has
produced marked improvement in the recognition of comnected speech,
and that the method is applicable to a multiplicity of speech
recognition systems for overcoming speaker-to-speaker variability
as well as variations due to vocabulary and language.
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One of the most serious ﬁmSSiinl-iﬁhirint iﬁ Automatic Speech Recognition .
systems is tho»aitrdne variations that occur in the speech signal when ihe
sana*wutés are spoken by different individunlo. This program addresses this
problem area by tﬁe’impleuéptdéioﬁjéf'a perceptual theory of speech recognition
which minimizes speaket-tofq§eak¢r vatintiona. The technique achieves a
speakér independent automatic word recognition system by means of speaker
ttanifotnntions based on short time learning. The successful results of this
program even though not 1np1e@ent¢d in real-time show the féasibility of this
technique for practical applications involving speaker independent limited
vocahulary connected speech recognition systems. With some further improve-
ments and optimizations. it is envisfoned that this technique will he in-

valuable in otker areas of Automatic Speech Recognition such as keyword re-

cognition (uofd spotting), speaker identification, and language classification.

‘1F2A4b‘4U~d‘~IQLAGV\hbdlk_
RICHARD VONUSA
Project Fngineer




I. INTRODUCTION

The theory of speech perception utilized in this work falls within a
more general approach to the problem of perception. This approach is evolu-
tionary in its philosophy and statistical in its methods. The essence of
- the approach is as follows: First, consider the physical properties of the
stimulus energy and its statistical distributions in the environment;
second, consider the needs of the organism in terms of individual and
social survival. Given suitable neural material and biochemical processes,
and given enough time for evolutionary forces to assert themselves, we then
postulate that the perceptual devices evolved proceed toward a functional
optimun. When supplemented with additional conditions of metabolic and
constructional nature, and perhaps some restrictions related to early genetic
fixation, the above statements are assumed to provide a suitable foundation
to deduce mathematically the overall properties of a perceptual device.

As with all evolutionary processes, the perceptual organization is a
matter of compromise and balance between various stimuli in terms of their
relevance and statistical distribution. The statistical attitude is here
quite basic because perceptual devices are not designed for specific stimuli.
Furthermore, we are not interested in specific designs or mechanisms, but
rather, in the functional behavior of ensembles of devices under varying
distributions of stimuli. We are interested in an optimal functional repre-
sentation so as to minimize the dependence of perception on speaker vocabu-
lary or language. In other words we are interested in a method of perception
and recognition based on the universal characteristics of human speech.

Our general evolutionary adaptive approach to speech perception is
described in our previous reports (See Reference Secticn). Recently signifi-
cant advances are made in this theory which are as follows:

1. The need and the form of a fourth expansion function is
established by detailed perceptual experiments.

2, Studies of variability in rate and mammer of speaking have
led to a more efficient sampling-normalization procedure.

1




The addition of these two advances into our understanding led to a
better control over the variabilities inherent in speech so that we are now
able to recognize continuous speech consisting of a small vocabulary with
sufficiently high accuracy to render the machine usable in practical appli-
cations. , :

The system is at present in an experimental stage and has not yet been
bmmhtwarealtiuq)entim. This is not a barrier to real-time
cperationsinceﬂnmthodmbetmdintomdmnlmemthina
reasonable length of time.

Many improvements and optinizatims are being investigated. We are
planning to incorporate these refinements and optimizations in the future.




II. THE FOURTH FUNCTION

Our previous implementations of the percepcual space have been based
upon three expansion functions. The first of these is a measure of inten-
sity. The other two make possible a two-dimensional representaticm after
intensity normalization. These two functions are similar to sing and, cos¢.
The theory allows for additional functions of the form similar to sin (n¢)
and cos (n$) for n = 2 and higher. We have suspected for a long time that,
at least one additional function would make possible more accurate distinc-
tions between the continuous speech sounds (vowels, nasals, continuants),
but until last year we were unable to find a suitable fourth function
satisfying perceptual requirements. ;

It was suggested by Professor Roman Jakobson during a discussion that
linguistic universals emerging from comparative studies of world languages
and especially the distinctive feature analysis seem to imply an 8-vowel
cubic representation. The vowel cube so conceived may be considered as
existing inside a spherical perceptual space. This is a generalization of
our previous speech circle into a sphere. The spherical perceptual space
is obtained by utilizing four expansion functions (three plus normalized
intensity). The resulting vowel cube is shown in Figure 1.

In the cubic representation, the eight basic sounds are associated
with the eight vertices of the cube, and pairs appearing on opposite vertices
are complementary. The following complementary pairs have been previously
verified experimentally in connection with ouwr two-dimensional representa-
tion.

u +« €
o +« i
a « u

The phoneme & (similar to the vowel in bird) is predicted by the
distinctive feature theory as one of the other two sounds for the vowel
cube, but the identity of the last remaining sound is not possible to pre-




dictbyﬂnedistimdwfumwmiqwly hmmh
identify this sound and have performed various tests.

rfmmumjmmwmammwmuam
thrwghmappositevuﬁces.theromltuuhmzmasmmﬂumz.

Ifaisatthetop(closesttot’wnﬂr'sm)ﬂmﬁ o, and € are
-on a higher level than u, a, and i. misfumiswodinlm:lmd
uthodofzdentifyimthafmﬂxﬁn:timofﬂnpomﬂnlw Itlns.
then clear that the missing complementary (namely, the complementary tc!!)
must be a sound similtanecusly similar to u, a, and i. Byrepuudqpari
mentation, a complementary sound to & was found and it was verified by in-
verse filter listening experiments and by its ability to produce the theo-
ret1callypredictedfanﬂ1ﬁmctimd\mmedwiﬂxoﬂwrplmsoftho
cube. This sound that pacsed both of these tests is similar to nasal n (as
in king), but in sustained form. Itcmpletesthesetof4eq>1mtuy
pairs which are

ittt

o:p O &
S g oo

Listening Experiments

An & was spoken into the microphone and its spectrum was obtained on the
PTC spectrum analyzer. The spectral display was carefully traced in pen on
the face of the oscilloscope display. A flat spectrum (narrow pulse) was
next fed to the spectrum analyzer, and filter gains were adjusted until the
spectrum exactly matched the original 6. Listemers verifxed that percep-
tually, the resulting sound was 8.

Listeners were then asked to first listem to the § until they became
fully adapted to it, then immediately switch to the flat spectrum. Through
perceptual adaptation the flat spectrum is expected to assume the form of
the complement of 8. Indeed listeners most often heard nasals, n and some-
times m or n.

In a similar way, the reverse relationship (that & is the complement
of m, n) was verified. Inalmstmrycueustemrshauda. In these
contrast experiments, it was fmmdtobeofmimcrtmﬂmtmbjocts

4




were convinced of the identity of the first sound before switching to the
flat spectrum. The resulting sound always seemed to be the complement of
what the subject thought he heard, rather than what was physically presented.

As an independent experimental verification of these concepts, correla-
tions resulting from a word recognizer were interpreted as cosines of the
angles of vectors representing them in a four dimensional space, Then the
recovered distances are used to construct a three-dimensional figure which
turned out to be approximately a cube, as predicted. These results are
being implemented into the program of word speech recognition for practical
applications.

A computer program was written for directly graphing the fourth function
as obtained from one person or a small number of people. The method consists
of sumning the spectra of sounds above the center plane of the vowel cube and
summing those below the center plane, then obtammg the difference of the
two. Sounds actually spoken were

u, a, i
n

Four examples of each phoneme were spoken by each speaker covering the range
of nommal pitches. Figure 3 gives the result as averaged over ten speakers.
The resemblance of this curve to a sin 2¢ function is quite apparent.

In the implementation of a four-dimensional representation one could
therefore chose, as primary vowels, u, a, i and 8. If the vocabulary does
not contain & one could replace & with € without sacrificing anything in the
representation of that wvocabulary.

Rk
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Thenomnutimispartofmmre gmralprobiemoftmtosqle‘
speech for efficient recognition. The general problem of smq:ling has my ‘
aspects only one of which is time-normalization.

~ The basic idea of time normalization is to sample the speech so as to
render it more or less time independent. It is usually achieved in a crude
way by taking the samples only after a significant amount of spectral change
occurs. This, however, is not sufficient because the intemsity, rate of
change of intensity, voicing etc. are part of the recognition criteria. The
time-normalization was therefore improved by adding additional parameters
which represent the influence of these variables. Intensity and rate of
change of intensity are controlled by two parameters. Voicing is used to
label voiced and unvoiced samples. Additional improvements are made in the
fricative and gap areas to reduce oversampling. In the present sampling
procedure we have utilized correlation, peak normalized intensity, voice-
unvoice and the channel characteristics during silences. The improved
sampling procedure so obtained has been tested and is working fairly satis-
factorily. The computer printouts of recognized words given elsewhere in
the report are produced under this sampling procedure.

We point out, however, that even this improved sampling method is not
fully satisfactory, because it is still dependent on how saturated the
spoken words are. In particular, distinctly pronounced or saturated words
result in more samples than the ones which are not saturated. The main
problem caused by such mismatch of samples is that they get out of step and
occasional recognition errors occur.

There are various ways of overcoming thisproblm. meistosubdivide
the word into smaller, phoneme size, components and prevent the matching as

a whole from getting out of step by first processing the components. Another
is to provide word alternatives. A third would be to take into account the
saturation explicitly in the course of sampling. This is equivalent to

introducing another parameter to the sampling procedure. Roughly speaking




this is analogous to an image sharpening operation. We have devised a b
method of renormalizing the sylld:ic segmts to achieve the equivalent of o
%va?‘: an image sharpemning or contrast enhancement process. This, however, is not ‘
yet implemented. Mallofﬂnsemdawtheprmdm'em,m,
b langer equivalent to a standard time-mmlizatlm,or time-warping technique.
Our eqae;;,ghee' to date seems to show ﬂmt one ’of t‘he most crucial mamt %
; of a oontimom speech raoogmtmn systeln is the sauplmg procedm'e We g
beheve we have ach:.eved a xeascnably good sgmpling process. and gxpect to ;
improve . 1t s1gmf1cant1y m the fuﬁn‘e : :
. :
7 {
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“IV. IMPLBMENTATION

" We have implemented a speaker-independent comnected speech recognizer
based on & generalization of the techniques developed and tested under pre-
vious contracts. The techniques include the perceptual representation of
vowels and its application to speaker transformations. We have also devel-
oped and implemented a time-normalized sampling procedure and applied it to
comnected speech recognition.

1. Extraction of Vowels
We have built the necessary hardware and devised the necessary software
programs to extract a set of four suitable vowels from a connected utterance
of common words.
The concept of extracting vowels from common words has the following
practical advantages:
a) A speaker need not be trained to say the vowels, instead, only
a set of common words are required from him.
b) A speaker is more likely to give consistent utterances in common
words than in isolated vowels.

The present software requires a prescribed set of common words which we
chose to be the sequence "one three seven'. Upon receipt of this utterance,
which can be spoken in a discrete or comnected manner, the system proceeds
to extract vowels.

The vowel 'U" is taken at the onset of the voiced portion of 1.

The vowel "A" is taken at the dominant voiced portion of 1.

The vowel "I" is extracted from the region following the dominant
voiced portion of 3.

The vowel "E" is extracted from the dominant voiced portion of 7.

The extracted vowels, each represented by their spectrum, are stored
in the fomm of filter outputs, which contain 16 numbers for each vowel.

SRR S P T 5 S PO




: mmtnmmmtmaminﬂ»mmﬁd
below: = = vt bl R CIR :

systuisdesmdmhmﬂnq-buityof m“ipl
dmtimofz.zs.'oec at each entry. Mingﬂndlowdzgs“c the
syste-uhsareadingofﬂwmmalogfutorsmrymmnum,
gxnngnnd-ofzzsfiudintmalsqles for each utterance. .

B. Nomlenluﬂdetectimofbegimﬂngmderﬂofszml. :

Silence portions are monitored for the purpose of determining the noise
level. The noise level is taken to be the time average of noise energy in
thechmldmngmeabsenceofspeechsmmds 'lhethresholdlevelfor

signal is set at 1.3 times the detected noise level. The first and last
signals having energy greater than the threshold level are marked, respec-

tively, as the begiming and end of an utterance.

C. Selection of Normalized Samples.
Final samples are selected from the fixed-interval samples, starting at

8 samples before the beginning of an utterance. The selection is based on
the time-normalization procedure and includes the following factors:

a) The amount of change in spectral shape

b) The rate of change in energy

c) The level of signal energy

d) The nature of the signal i.e., voiced or unvoiced

e) The duration of the signal

All these variables are monitored sequentially from ane sample to the next
and the combined changes are calculated. When the combined changes exceed
a preset criterion, a sample is selected. This process is repeated umtil

the whole utterance is exhausted. In general, in an utterance of three
comectad mmerals, the total mmber of such samples varies between 30 and

40. The mmbers are nearly independent of time but vary with habit and

dialect. This method of selection performs the following functions:

a) It time-normalizes the samples

b) It treats tramnsition regions and steady vowels on equal footing




mmw otderin;ofs-ples

a) It uhs i!m)amt the rate of tm-develqnent of tha signﬂ

mmﬁmuoﬁwm&hobtdmdasasetofmfum
‘readings. For fb pm'pou of syeaher-indq:ﬁent transformation, these
saples are expanded in terms of the four vowels extracted sbove. The
Tesulting representation for the s-ple then consists of 4 coefficients
@, B8, v, and ). Bl:hofﬂnmhzedsuples is represented as in

P= dJ+M+yI+AB

'Inu'brtorepmmtagimsupleoflﬁ futerreadingsbytheabovefom
the following steps are taken:

a) The 4 x 4 symmetric Matrix containing the correlauons, XY, between
any pair of the base functions is calculated

W AU U B

UA AA UA EA

T oo

UE AE IE EE

1l U B

UA 1 IA EA

i C i

UE AE IE 1

b) The inverse Matrix M ' is calculated
..; , ) W ow |t

o UA 1 IA EA

® *lum 1w

UE AE IE )

c) The colum Matrix of correlations between the normalized sample, P,
ndﬂnmls d:we are alcuhted as:

Eoxsiniiian
SRS

10

T

EANRE = Y
S A

s |




d) The coefficients of expansion for t.he nomnhzed sag)le can then be
obtained as
-1

a 1 U IU B PU
e8| . |uw 1 IEERA[, |PA
Y UL AT 1 EI PI
A UE AE IE 1| | PE

It can be shown that this representation is equivalent to first constructing
a set of four orthogonal functions and then representing the sample by these
orthogonal functions as long as the choice of vowels is linearly independent
and perceptually consistent with section II. For example U, A, I and al + bl
camnot be chosen as primary vowels, as M ! will vanish.

4, Categorization : _
Categorization is aimed at circumventing the problem of speaker vari- ;
ations, in the manner of speaking, accent or dialect. The differences in
vocal characteristics are the parts that are removed by the above transforma-
tions which do not affect non-phonetic variabilities such as dialectual and
habitual idiosyncracies. The categorization isa process by which a speaker
can be placed in one of a few categories according to accent, dialect and
habitual differences. Whether a new speaker falls into one of the chosen
categories is determined by the degree of closeness with which his common
word characteristics match those in the category.

5. Data Bank

For each category described above, we store in our data bank the expan-
sion coefficients of normalized samples belonging to the vocabulary to be
processed by the recognizer. These are gathered from the speakers belonging
to the same category. In general there are a great deal of similarities
among speakers in the same category. In those cases where large deviations
occur alternative forms of the same word resulting from idiosyncracies, are
stored. The systematic gathering of data is a time-consuming and tedious

1n
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‘ s for the tm dizits.  OF these cnly 8 categories wers used. ¥ith-

- 'mobusicidahereisthatmmkmm spukarstqlatesfm'ﬂa
*_wcahnnymdsmbesi-ﬂm:a&byhudngthefoum '

a) Hisvwalsu.A, I.aﬂB(oerfocamintbsvouhzhry)
b) Autagoryclmttohismmlcharamﬁsnw

c) 'l‘heooeffzciwts ofempmimbelcngingtothautegory

mmmsp; mary vowels are obtained by requiring him to .
sqr&setofprescﬁbadmwrdssuchas"anﬂ:mwm"mm

 system.. A Bethas.sut Muidd be “she. to sust, leamy'” but tiss-idiadow linits:
“tions didnotpmlitits mforallsponketsmismtly. Thus the.

mwrdsmjudicamlyd\pmbntﬂmymmtmmlytobe
takenfmthsvocabmuywrﬂsaslmgasﬂwymuinﬂamsuymls
for the vocabulary. Acutegoryisselectedforthemﬂmmspeakerby
cquinghsmmrddmtemticswithminthemstﬁucate-
gories. The category in which the comon word characteristics are most
ahlceistahmtobeﬂutoftheuﬂmmspeaker :

The mmhzed smles for the mkmwn speaher are them simlated using

theequatim
P-dl+ BA*yl'tAB

uherec, B.Ymdlmcoefficzmtsofmmsimstomdmﬂwdlubmk

under the category closest to that of the unknown speaker. The sequential

ordering of these computed samples are strictly adhered to. Inthi.sw:ytha
tqhtesofthewedmlarywordsmmatodforﬂwmhmspeabrﬁth-_
wthisspeciﬁcanytrain:mgthesystu stweﬂntenplatosmcroated ¥
by\slagtlnspuhrsamcategmyﬁnctimsasﬂwyocminmm'“

mmﬂs.mlyas-nmtofvnﬁabiutymmsbemmml
tqiamaﬂﬂnmmated\vtheabovoproeess.
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- Preliminary Recognition

The capability of simulating the templates for the unknown speaker
renders a single speaker recognizer conducive to multi-speaker use. The
recognition algorithm in this system is therefore designed for achieving
high accuracy in the single speaker case and its extension to multi-speaker
use is through transformation to categories existing in the data-bank.

The utterances of an unknown speaker undergoes signal processing as
stated earlier. The resulting normalized samples are compared with those in
the simulated templates. Time-sequence of these samples in a given block
and sequence of blocks in a given word are strictly maintained throughout
the comparisans. The section of an utterance that compares favorably with
certain words, (the figure of merit exceeding a prescribed value), is
assumed as one of these alternative words but no decision is yet made. We
call this stage the preliminary recognition stage.

8. Final Decision

At the end of the preliminary recognition stage only a few possible
outcames await final de¢ision. In fact if the figure of merit is set high
enough most of the words are already reduced to a single choice, hence they
are already recognized. There are, however, few remaining cases where
further decisions are to be made to resolve conflicts and ambiguities. These
are of the following type:

a) A short word matcking with part of another word and causing
a "phantom", such as 3 + 38, 7 -+ 71.
b) The number of samples being too large and reducing the score,
due to mismatch, such as 7 + ?
c) A long template '"swallowing" a short word due to fast speaking,
such as 38 + 3, '
d) The parts joining two words triggering a third one, such as
34 -+ 0.

These ambiguous cases are resolved by what we call, the "final editing"
procedures. For example 3 + 38 is corrected for the 'phantom" 3 by a pro-
gram which will not allow an 8 followed by a 3 unless that 8 is higher in
figure of merit than a preset threshold. This threshold is such that it
allows a "'true" 8, hence 38 + 38 is secured whereas 3 + 38 is corrected

13
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into 3 + 3. Similar editing procedures are applied for the other ambiguous
cases. These procedures are explicitly given in the overall recognition
‘program. Meemfmimsmdd:iguiﬁesmmddmtwmatﬂw
Mmmmlwuwﬁmemrs.-

- Figure 4 shows a schematic diagram of the system configuration.

9. %ta Hardware Dascrintim

A block diagram of the system is shown in Figure 5. It comsists of a
Digital Bquipment Corporation PDP-S8E computer with twenty eight thousand
words of memory and an Extended Arithmetic Element Type KE8-E, 512K fixed
head disk, dectape drive, a tektronics CRT graphics terminal, speech pro-
cessing circuits and the interface between them and the computer. The
system is activated at the begimning of an utterance, processes the string
of words and prints out their identity after the end of the utterance.

The signal from the microphone is amplified, high-frequency pre-
emphasized, and passed through the 24 dB/octave bandpass filter with cut-off
frequencies at 250 Hz and 5300 Hz. From the resulting signal, two types of
information are extracted, the spectral distribution, and auxiliary features.

The spectral distribution of the speech signal is determined by passing
it through the bank of 16 bandpass filters, the outputs of which are recti-

ied, smoothed, sampled every 10 msec, and stored in the computer. Linear
combinations of these 16 chamnels are calculated and tabulated in the
computer to form the data points in the four-dimensional, frequency domain
representation.

A specially designed circuit involving audio compression and zero-
crossing information distinguishes between noise and an utterance. It
provides a binary waveform which is sampled every 10 msec, stored, and,
under program control, used to determine the voicing state and the end of
the utterance.




V. RESULTS

The results are presented in four sections. Each section describes
evaluanm tests conducted to test a specific stage in the development of
the speech recognition system. The first two sections cover prelmimry
evalmtxm of a partially canpleted system, the last two sectims show per-
formance of the final version of the recognition system.

Recopnnon Results for a Selected "Hard- Set" of Digits
In order to test the approa-h under a severe condition a set of diffi-
cult comected digits was established. The strings of digits were selected
based on past experience with other methods of recognition. The strings
were chosen because they presented problems in previous recognition schemes
due to coarticulation and stress.
The results for 10 speakers are shown below:

Speaker # of Digits $ Correct
B.P. 48 95.8

R.V. 42 95.3
A.K. 75 97.4
L.F. 53 100.0
W.B. 75 98.7
H.K. 54 100.0
N.J. 69 98.6
W.S. 75 97.4
R.W. 39 95.0

F.D. 30 96.7
Total 561

The results show overall accuracy of 97.4% for individual digits and
93% correct sequences for the 'hard set''. There were 187 sets and 13 errors.




The sequences used for the 'hard set' were as follows:
118,111, 311, 318, 418, 411, 711, 718, 911, 918, 831, 838, 839, 841, 848,
849, 859, 088, 188, 288, 388, 488, 788, 888, 988.

Preliminary Demonstration

The preliminary demonstration was based on twelve sets of random digits
recorded by twelve speakers, two of which were from RADC. The recordings
consisted of twenty sets of three digit strings. Of the 720 digits, 1 was
an amission error and 4 were extraneous errors (phantoms). The overall
accuracy of recognition was 96.1%. The extraneous errors as well as the
omission errors are due to the fact that the number of digits in a string
is not known. The program scans through the data and any number of digits
is likely to came up.

Close examination of these results indicated that the phonetic editing
programs were deficient. The phonetic editing programs were rewritten and
a set of editing rules was implemented before the final evaluation.

Final Demonstration

The final demonstration consisted of a technical session and a live
demonstration of recognition of English digits in comnected strings. Each
of seven speakers read a random list of digits in groups of four, three, two
or one digits per string. Most of the total of 282 digits were in groups of
three digits per string (70%). The other 30% consisted mostly of single or
double digit strings. :

The demonstration was conducted live so that when an error occurred the
speaker repeated the same string again. Using this procedure it was possible
to test whether the system can be used as a practical data entry system.

The overall recognition accuracy for the seven speakers was 97.5% per
digit. After a single repetition of each of the error-strings the accuracy
was 99.3%.

Final Evaluation

In order to obtain a higher level of confidence in the results obtained
during the final demonstration the system was retested for twenty five (25)
male speakers. Each speaker recorded a list of random digits. There were
two sets of recordings one set was recorded at Perception Technology Corpo-
ration and contained sixteen (16) speakers. The PIC recording consisted of

16




150 digits per speaker, 20 strings of triple digits, 25 strings of double
digits and 40 single digits recorded in random fashion. The RADC recordings
were recorded in the same mammer for nine (9) speakers except for five addi-
tional strings of three digits for a total of 175 digits per person.

The results indicate that only three of the twenty five speakers were
below 958. The average recognition score including all sources of errors
and rejections was 97.6% per digit.
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Perception Technology Corporation has been working for the last
several years toward the solution of the problem of speech perception and
recognition under various conditions of chammel distortion and speaker vari-
ability. Our past work in the area of speech perception could be described
as an effort toward invariant extraction of relevant parameters of human
speech under various conditions of variability. These variabilities are
partly extemal, such as channel noise and distortion, and partly internal
such as intra- and inter-speaker variability, interphonemic interaction,
accent, and dialect. In its most general form the problem is formidable,
especially since the human perceptual process is not completely known or
understood.

Perception Technology Corporation pursued the solution of this problem
through what we believe an effective combination of theoretical and experi-
mental research into speech perception. What we have done is essentially
the application of the "scientific method" so well known to be operative in
positive sciences, namely, to first fornulate a plausible theory of the
phenomenon based on what is already known, and then test this theory by new
experiments it suggests to find out more, and to determine its limitationms.
As new facts are uncovered one is then in a position to improve, modify or
alter the original theory until all the facts, previously known and newly
uncovered, may be sunmarized by the improved theory.

Perception Technology Corporation went through this process, and by so
doing produced what we believe a theoretically coherent and experimentally
viable theory of speech perception at the phonetic and phonemic level.

Three main conclusions of the theory and the supporting experimental
data are:

a) That there exists a multidimensional perceptional space, independent

of language or of speaker, in which speech sounds can be repre-
sented.




b) That this space is not in one-to-one correspondence with the
physical signal-space but is defined up to some adaptive trans-
formations.

<) Matleastinﬂwphmiclmlspeechsmﬂsmdtobeuu-

We hava slm tlut this work is dimctly applicabie wo the objectwes
perceptual spmdelimates the extent to which the physical sigm is to
be expanded into linearly independent base functions. The present data
shows that the mmber of such independent functions may not be more than
4-5 for speech intelligibility. For full naturainess and speaker identity
the number is larger but probably not larger than 10-15. The simplest case
of 3 independent functions was extensively studied. The case of 4 indepen-
dent functions is found to be necessary for higher accuracy in intelligi-
bility and recognition. The adaptive transformations imply the invariance
of perceptually relevant parameters under the conditions of variability such
as chamnel distortion and speaker-to-speaker variations. The adéptive trans-
formations have the dimensionality of the space itself, namely, if 4 indepen-
dent functions are chosen as adequate for a given purpose then the trans-
formations are 4 x 4 matrices. The intra-speaker transformations may be
viewed as a special case of the inter-speaker transformations. The inter-
phonemic transformations are more complex in nature although in some sense
they may be regarded as short-time (comtext dependent) limit of the intra-
speaker transformations. Finally the categorical perception of speech sounds
imply the Iargetmdencyofdiscratenessofpercepmal respoasetospeedi
sounds, especially to consonants.




VII. CONCLUSIONS

The present system demonstrates that speaker transformations reducing
the variabilities due to vocal characteristics can be achieved by using per-
ceptual expansion functions and their transformations from speaker to
speaker. The key element is the choice of a linearly independent and per-
ceptually significant set of functions. If the number of functions is too
small the representation is not accurate enough. If it is larger than per-
ceptually required for speech intelligibility then the representation is too
detailed, which makes the categories very large. ‘Furthemmore, too mamy
functions often tend to be not linearly independent and make the matrix
inversion meaningless. Four linearly independent functions seem to be both
perceptually required and computationally trouble free. Accuracies achieved,
although somewhat below human performance, are high enough to warrant further
elaboration of the system to produce a practical, highly accurate continuous
speech recognizer for a small vocabulary.

Many improvements, optimizations and refinements that we can incorporate
were not possible to implement due to program limitations. We are planning
to enlarge the time window so that a four word preamble such as "She too
must learn” can be used consistently. This would also allow the entry of
four or five digit strings for recognition. The parameters introduced for
recognition purposes are not fully optimized. They were set to certain
values after a limited number of trials. To really optimize these parameters
we must first bring the machine to a real-time operation. The real-time
operation is also essential for gathering statistics and of course for even-
tual use of the machine for practical purposes.

The conclusion seems to be that the present method is applicable to a
multiplicity of speech recognition systems and reduces the variabilities due
to speaker, vocabulary or language as far as the vocalic (acoustic-phonetic)
aspects are concerned. Alternative pronounciations due to accent and dialect
are not covered by the transformations when the variants are sufficiently
different.
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~To. gtnactunlennplasofbmm present. mtimms sp»ch ecognition

e v

: systan operates we have included some prmtaits Examples of one, uoo, three

_ ‘ﬂﬂfun'd:gitsmslmm mebarswiﬂxd;gitsmﬂwtupshowthelﬂceli-
_hood scores of each digit. The digits with ‘sltars are the ones actually
selected by the system. The numbers atthefarendoftlwbars correspond
to the mmbers of normalized samples iu the correspending digits.
mumbers at the bottom of the bars are absolute s\':ores ~ 'The recognit
ismademﬂnebasisofbarlmgthswhichmmlativescom The use of
relative score (relative to the highest in the utterme) minimizes the
omission errors. The (-) signs correspond to mvoiced areas . The system
evaluates the channel noise ‘before each utterance The beginning .and end
of sampling are govemed by this evaluatim. No samples are taken mless
the energy is 1.3 times the average noise level of the channel.
F;gmes6thrwgh9showsamm1esofme, two, three and four
digit strings processed by the system through final recognition. The four
digit strings must be pronounced quite fast as the total time-window is only

225 miliseconds, part of which is used for chammel evaluation. The illu-
strated utterances are as follows:

s

Figure 6 - " ..SEVEN.....ceienene.s
Figure 7 - ", ..FOUR ONE..ovvvvonnsss
Figure 8 - "...THREE EIGHT EIGHT...."
Figure 9 - "...ONE TWO THREE FOR..."
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Figure 9: "...ONE TWO THREE FOUR..." (First Section)
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