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Abstract

Speech recognition in its most general sense, where utterances of
unspecified speakers have to be converted into phoneme strings, has to
cope with individual differences of speakers and mutual interferences of
phonemes. A novel approach is presented to overcome these difficulties
in the case of connected vowels., Techniques for accurate extraction of.
formant frequencies and for reliable recognition of isolated vowels are
combined with a model of the coarticulatory process in the formant fre-
quency domain to perform unambiguous segmentation and recognition of
successive vowels by the method of 'Analysis-by-Synthesis.' The validity
of the approach is demonstrated by experiments in which all the vowels in
two- and three-vowel words are successfully recognized.

1. Introduction 1

Realization of speech recognition in its ultimate sense, whose objec-
tive is to accept, without restrictions on the vocabulary and the speaker,
connected discourses of a particular dialect of a language and identify each
of the linguistic units and their interrelationships, and thus extract and
process the semantic information therein contained, is a problem covering
a wide range of academic fields, both established and inter-disciplinary.

It is superfluous to say that a vast number of previous efforts aiming at
automatic speech recognition have certainly contributed to clarification of
the extent and depth of the problem, but have hardly achieved anything
more than limited success.

With increased awareness of the difficulties involved in the achieve-
ment of the ultimate goal, recent efforts in speech recognition seem to
have been concentrated mostly on placing heavy restrictions either on
vocabulary or on speakers or on both, and have tested the validity of speci-
fic methods for problems of heavily limited scopes. In this way, a number
of less drastic but none the less important achievements have been steadily
accumulated in recent years., It is apparent, however, that these achieve-
ments cannot by themselves constitute a solution to the ultimate goal;
rather a judicious combination of individual methods of approach is re-
quired with full understanding of their limitations, along with development
of new methods for dealing with intricacies not encountered in solving indi-
vidual problems.

*  Paper to be presented at Speech Communication Seminar, Stockholm,
Aug, 1-3, 1974,
** TFaculty of Engineering; University of Tokyo.
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The problem of speech recognition in the most general sense can
be roughly divided into three stages:

(1) extraction of an effective set of parameters from a continuous
speech signal,

(2) conversion of extracted parameters into a sequence of discrete
linguistic units,

(3) recognition of larger linguistic units and their interrelationships
based on lexical, syntactic and semantic structure of a language.

The present work is concerned with the second stage, which is
usually called segmentation and recognition of phonemes, and has to cope
with two major difficulties: wvariability due to individual differences of
speakers and intersymbol interference between successive phonemes,
commonly called coarticulation, It proposes a novel approach to overcome
both of these difficulties in the case of connected vowels. A method of seg-
mentation based on the 'Analysis-by- Synthesis' of formant trajectories is
combined with a method of recognition of isolated vowels, achieving both
unique segmentation and recognition of connected vowels at the same time.
Although the proposed scheme is applicable to recognition of vowels and
vowel-like sounds in more generalized contexts, the scope of the present
paper is restricted to recognition of connected vowels.

H]

2. Extraction of parameters of connected vowels

Since accurate extraction of acoustic characteristics of speech is
considered to be essential for reliable recognition by the proposed scheme,
formant frequencies are extracted using techniques that have been proved
to be most accurate and reliable. Formant frequencies are preferred to
predictor coefficients because of better separation of linguistic from non-
linguistic information. * In order to follow their temporal variations,
pitch-synchronous frequency analysis is adopted. That is, short-term
frequency analysis is performed on the input speech signal with a time
window approximately equal to one fundamental period, centered at suc-
cessive local maxima of the absolute value of the speech signal. An exam-
ple of such pitch-synchronous analysis is illustrated in Fig, 1, which indi-
cates reliable and accurate detection of the spectral envelope in spite of
the extremely short analysis window.,

Formant frequencies are extracted from the spectral envelope by
the method of 'Analysis-by-Synthesis' in the frequency domain. The model
for synthesis of the spectral envelope over the frequency range of 0-5 kHz
consists of factors representing contributions of the vocal tract transfer .
function, glottal source and radiation, and an additional factor for miscel-
laneous frequency characteristics that are not accounted for by other com-
ponents. Frequencies of the first four formants are extracted by the
method of successive approximation, minimizing the mean squared error
between the observed and the synthesized spectra expressed in dB scale,
and are determined with a quantum step of 50 Hz., Figure 2 shows an
example of formant {rajectories extracted from an utterance of connected
vowels faoi/. :

- 80 -



—~

™ 3
;Ic:m . S

v
8—' :: )); @ ¥ /g /}
To Rm;\\mm &

TINE (SEC)

1

}Ak T ™~

Fig. 1 An example of pitch-synchronous short-term spectral analysis
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Fig.2 An example of extracted formant trajectories in an utterance
of faoi/, obtained by analysis-by-synthesis in the frequency domain.

Fig. 3 An example of determination of decision boundary b for a pair of
normally distributed pattern classes,
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3. Recggnition of isolated vowels 4

Due to coarticulatory interferences, most of the vowels in con-
nected discourse are hardly stationary, and their formant frequencies are
not identical to those of isolated sustained vowels even at points where
they appear to be nearly stationary. The initial vowel is an exception,
however, and possesses a quasi-stationary portion which may be recog-
nized by the technique that has already proved to be effective for recogni-
tion of isolated vowels.

A sample of a stationary vowel can be represented by a vector in a
multidimensional space of formant frequencies, and samples belonging to
a particular vowel are statistically distributed in the space. Thus opti-
mum classification of vowels requires partition of the space into sub-
spaces bounded by complex surfaces. For practical reasons,
however, these boundaries may be approximated by a set of hyperplanes
called linear discriminant functions,

A linear discriminant function is defined by a vector (X and a
scalar quantity b as g (X) = axX - b (1)

and F (X) = 0 is a hyperplane which dissects the feature space. Though
there are many ways to approximate optimum boundaries between pattern
classes by a set of such hyperplanes, we first calculate the linear dis-
criminant functions for the optimum separation of each pair of vowels, and
then utilize them sequentially to construct the optimum decision tree for
the classification of all the vowels with the minimum error rate.

The vector (L is determined for each pair of vowels such that the
separability 0 , defined as the ratio of inter-class variation to the sum
of intra-class variations, should be maximized when samples of the pair of
vowels are projected on (). . The maximum separability P between
vowel classes V; and Vj is given by

P'%( 9y - gj)t( Ci+ C")-l( 9.-9yp (2)

where my gl and C; are the number of samples, the mean vector, and the
00var1ance matrix of the vowel V;. The mapping vector Q. is then given

by a-pC,+Cpq,-gyp (3)

The decision boundary b is determined to minimize the error rate
when Bayes' decision rule is adopted for the discrimination of a pair of
normally distributed patterns, and is given by

b= {o;ui- + 0,0 \/(“1 p 2+2(oj-o )log(o /o )/(o - o s (4)

where . and 0; respectively denote the mean and the standard deviation
of the samples of V; projected on (., and },,( is assumed to be greater
than M (see Figure 3).
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Figure 4 shows the optimum decision tree constructed to minimize
the rate of recognition error using a linear discriminant function for each
pair of vowels., Calculation of the decision function is based on isolated
utterances of five Japanese vowels collected from a total of 60 speakers,
including male and female adults and children differing widely in their
ages. 5 The scores of correct recognition are 89. 0% and 96. 3% for the
F,-Fy space and the Fl’Fz'FB space respectively, and indicate that high-
ly reliable recognition is possible for isolated vowels by utilizing the first
three formant frequencies. The result also suggests that information con-
cerning the individual idiosyncrasies of speakers, contained in the set of
three formant frequencies but discarded in the recognition of isolated
vowels, may prove to be useful in the recognition of succeeding vowels in
connected speech,

4. A model of the coarticulatory process in the formant frequency dom:.-u’n6

As shown in Fig. 5, the information content of an utterance is
coded into phoneme strings at the center of speech, which are then con-
verted into motor commands at the motor speech center and are sent out
in parallel to various articulators. Although the commands for the reali-
zation of speech may be assumed to be stepwise signals, the resultant
motions of the articulators are smoothed due to their inherent physiologi-
cal and physical characteristics. Consequently, the area function of the
vocal tract, as well as its formant frequencies, undergo complex process-
es of smoothing, i.e. coarticulation or concatenation. Since an exact for-
mulation of this multi-stage intersymbol interference is beyond our present
knowledge about mechanisms of speech production, an attempt is made
here to approximate the entire process by a hypothetical linear system
which accepts target formant frequencies of each vowel as input and con-
verts them into the observed formant trajectories.

In the case of connected vowels and semivowels, results of analysis
indicate that a formant transition from one phoneme to another is usually
characterized by a gradual increase of the slope at the initial part and a
non-oscillatory approach to its final or asymptotic value. The simplest
mathematical expression satisfying these requirements is a step response
of a critically-damped second-order linear system and is given by

ft)=1-(1+Q0t )exp (-0t ) . (5)

Although there is no proof that the approximation by a critically-damped
system is optimum, and most of the results of analysis indicate that a
better approximation could be obtained by an over-dampted system, the
former is adopted here because it meets the above-mentioned requirements
with the least number of parameters and yet is capableof approximating the
major part of a formant transition with a fair degree of accuracy. The
validity of such an approximation has already been proved in experiments
on speech synthesis by rules. U

When a sequence of m vowels is pronounced in succession, there-
fore, the observed trajectory of the n-th formant frequency £, (t) can be
approximated by
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Fig. 4 Optimum decision tree for recognition of five Japanese vowels
by linear discriminant functions (LDF').
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Fig. 6 Extracted formant trajectories and their best approximations
based on a model of the coarticulatory process for fao/ (left)

and Jie/ (right).
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where F_ . and T respe'ctively denote the target value of the n~th for-
n, . -

mant freq&ency and the time of onset of the command for the j-th vowel.
Figure 6 shows examples of comparison between the observed for-

mand trajectories (in empty circles) and their best approximations ( in

solid lines) for connected vowels /ao/ (left) and /ie/ (right).

5. Principles of a scheme for recognition of connected vowels

On the basis of techniques and results described earlier, a scheme
is proposed for the recognition of connected vowels, as shown by the flow
chart of Fig, 7. The input data are three formant frequencies extracted
from pitch-synchronous short-term spectra by the method of 'Analysis-by-
Synthesis' and the instantaneous power within each analysis frame.

Since initial vowels are comparatively free from coarticulatory in-
fluences, the method of linear discriminant functions described in Section 3
for the recognition of isolated vowels can be applied to the mean formant
frequencies averaged over the initial portion of an utterance.

Once the initial vowel is recognized, its formant frequencies can be
utilized for estimating target formant frequencies of other vowels of the
same speaker, since the primary cause of individual variations in formant
frequencies is known to be the difference in vocal tract length.

The detection and recognition of succeeding vowels are performed
by iterating the following procedures. Unless the termination of an utter-
ance is detected by a threshold of the instantaneous power, the match
between measured formant patterns and the outputs of coarticulatory model
is evaluated by the running average of squared relative errors in the three
formant frequencies. A threshold value is selected to decide whether the
same vowel is being sustained or a new vowel is initiated. When the latter
is detected, an 'Analysis-by-Synthesis' of formant trajectories is per -
formed using estimated target formant frequencies of other vowels of the
speaker. One set of target formant frequencies among the four possible
candidates as well as the instant of initiation of the transition is determined
on the basis of the best match to measured formant transitions, thus accom-
plishing unambiguous segmentation and recognition of the succeeding vowel.
The procedures are iterated to recognize a string of connected vowels until
the end of an utterance is detected.

6. Experimental procedure and results

Recognition experiments were performed to test the validity of the
proposed scheme., The speech material consisted of all possible combina-
tions of two and three vowels of Japanese uttered by two male adult speak-
ers, sainpled at 10 kHz with an accuracy of 11 bits/sample, and stored in
the magnetic tape unit of a digital computer. Each of these utterances was
then analyzed by the method of Section 2, and the first three formant fre-
quencies were extracted along with the instantaneous power within each
analysis frame, the latter being utilized for the determination of the speech
intervals.
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As mentioned above, the initial portion of approximately 30 msec of
connected vowels can be regarded to be prior to the onset of commands for
the second vowel, so that the method for recognition of isolated sustained
vowels can be applied to the mean formant frequencies of the initial portion
For the speech materials under study, a recognition score of 100% was
obtained.

Using formant frequencies of the initial vowel thus recognized,
target or steady-state formant frequencies of other vowels of the same
speaker are estimated by the following procedure. Since the primary
cause of variations in formant frequencies is the individual difference in
vocal tract length, formant frequencies of all the vowels are distributed
mainly along the radial dimension in the space constructed by three for-
mant frequencies, as illustrated by Fig. 8. Based on the knowledge of
typical formant frequencies of all the five steady-state vowels, and those
of one vowel of a particular speaker, therefore, it is possible to obtain a
proportional coefficient, by which the typical formant frequencies of the
other four vowels can be converted into fairly good estimates for those of
the other four vowels of the same speaker. Namely, let the typical n-th
formant frequency of a vowel V; be F ; and the measured n-th formant fre-
quency of the same vowel of a particular speaker be f i- Then the for-
mant frequency of another vowel Vj of the same speaker can be estimated
as

£0,3°Fn, 3 /ifﬁ,i/ﬁ,k‘%.i (7)
n=1 n=1

For reliability of estimation, the weighted mean of the above estimate and
the observed formant frequency of the same vowel at the initial position,
whenever it is available, is adopted as the true estimate for the target for-
mant frequency.

When the initial vowel is recognized, the output of the coarticula-
tory model sustains its formant frequencies, and the overall match be -
tween measured and predicted formant trajectories is evaluated at every
10 msec by taking the running average of squared relative errors in three
formant frequencies over the immediately preceding interval of 40 msec
duration, The comparison is repeated until the mismaltch exceeds a cer-
tain threshold, indicating the existence of a succeeding vowel.

Once the mismatch exceeds the predetermined threshold, a search
for the optimum set of target formant frequencies among the four candidate
sets and for the instant of onset of transition is initiated, based on compari-
son of measured and predicted formant trajectories over an interval start-
ing at the instant 50 msec prior to the instant of detection of the succeeding
vowel and extending approximately over the duration of a mora, which is
set equal to 250 msec in the present study.

After the second vowel is thus recognized, the match between mea-
sured and predicted formant trajectories is again evaluated at every 10
msec to see whether the same vowel is being sustained or a third vowel is
initiated. In this case, however, the target formant frequencies can be re-
adjusted within a narrow range around the originally estimated values to
improve the estimation. These procedures are repeated for the sequential
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segmentation and recognition of each of the connected vowels until the end
of the final vowel.

An example of analysis and recognition of connected vowels /aoi/
is shown in Fig. 9, where empty circles indicate formant frequencies,
and dotted curves in the left figure indicate formant trajectories obtained
by 'Analysis-by-Synthesis, ' while the siraight lines in the right figure in-
dicate extracted target formant frequencies as inputs to the coarticulatory
model. The crossing of trajectories of the second and the third formant
frequencies during transition from the back vowel /o/ to the front vowel
/i/ is based on considerations of continuity of resonance modes in the
vocal tract. If, however, we adhere to the conventional numbering of for-
mants in the ascending order of their frequencies, the apparent instants of
onset for the second and the third formants may differ considerably in
transitions between a back vowel and a front vowel, in spite of the fact that
an articulatory transition should cause simultaneous onset of all the for-
mant transitions.

Due to the existence of coupling between resonance modes, fre-
quencies of two formants never coincide in the actual speech signal, but
always tend to separate, as shown by the extracted results. The solid
curves in the left figure indicate outputs of an improved model of coarticu-
lation which takes into account the separation of formant frequencies due
to coupling between resonance modes, with the degree of coupling being
estimated from measured formant trajectories.

Except for speech materials with insufficient recording levels, all
the vowels in 35 samples of two-vowel words by two speakers and in 71
samples of three-vowel words by one speaker were correctly recognized.
Although theé proposed method has to be tested both for a greater number
of speakers as well as for a wider range of talking rates, preliminary re-
sults of recognition of some five-vowel words indicate that a highly reli-
able recognition will be possible without limitation on the length of utter-
ances to be recognized,

7. Conclusions

A new method for recognition of connected vowels has been pro-
posed to cope with both individual differences of speakers and mutual inter-
ferences of phonemes due to coarticulation. On the basis of techniques for
accurate extraction of formant frequencies and for reliable recognition of
isolated vowels, both previously developed by the authors, the process of
coarticulation between vowels has been formulated in the formant frequency
domain and utilized as a model in the 'Analysis-by-Synthesis' of formant
trajectories, thus accomplishing unambiguous segmentation and recognition
of successive vowels, The validity of the method has been confirmed by
recognition experiments on a number of two- and three-vowel words.
Further work is in progress to test its applicability to a greater number of
speakers and a wider range of talking rates, as well as to recognition of
vowels in more generalized contexts than in connected vowels.
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Fig. 9 Analysis-by-Synthesis of formant trajectories (left) and their
target values (right) of vowels in an utterance /aoi/ based on
a coarticulatory model in the frequency domain.,
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