Eurospeech.1995-178

o4

) |

10.214:

ISCA Archive

http://www.isca-speech.org/archive

4™ Eyropean Conference on

Speech Communication and Technology

EUROSPEECH ’95

Madrid, Spain, September 18-21, 1995

An Improvement on Syllable-based Continuous Mandarin Speech
Recognition via Using Inter-syllable Boundary Models

Saga Chang and Sin-Horng Chen
Department of Communication Engineering
and Center for Telecommunications Research
National Chiao Tung University, Hsinchu, Taiwan, ROC

ABSTRACT

One of the most important problems in contin-
uous speech recognition is to accurately model
the acoustic variabilities caused by coarticula-
tion in order to obtain high recognition accura-
cy. In this paper, a novel approach to slove the
problem for compensating inter-syllable coartic-
ulation effect on syllable-based continuous Man-
darin speech recognition is proposed. Inter-
syllable coarticulation is directly modelled by
supplementing the context-independent syllable
HMM models with some inter-syllable bound-
ary models. Experimental results showed that
the syllable recognition errors of a speaker-
dependent continuous speech recognition task
was reduced by 24%.

1 INTRODUCTION

One of the most important problems in con-
tinuous speech recognition is to accurately mod-
el the acoustic variabilities caused by coarticu-
lation in order to obtain high recognition accu-
racy. In the past several years, the techniques of
using context-dependent phone models (phone-
like units) to capture the local acoustic vari-
ability associated with a known context have
been shown to be an effective way to solve the
problem for English continuous speech recogni-
tion [1, 2, 3]. For Mandarin continuous speech
recognition, a simpler approach can be adopted
to deal with the problem of coarticulation effec-
t by taking advantages of the simple phonetic
structure of Mandarin syllable. Mandarin Chi-
nese is a monosyllabic language. Each character
is pronounced as a syllable. There are only 411
phonetically distinguishable base syllables when
we disregard their diferences in tone. With such
a simple phonetic structure, it is wise to adopt
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the syllable-based approach for speech recogni-
tion so that only inter-syllable coarticulation is
needed to be additionally considered. We there-
fore propose in this paper a novel approach to
improve the context-independent (CI) syllable-
based continuous Mandarin speech recognition
method by incorporating some inter-syllable
boundary models for compensating the inter-
syllable coarticulation effect.

The organization of the paper is stated as fol-
lows. In Section 2, the inter-syllable bound-
ary models are described in detail. The pro-
posed speech recognition ap.proach using inter-
syllable boundary models to compensate the
inter-syllable coarticulatiou effect is presented
in Section 3. Experimental results are shown in
Section 4. A simple conclusion is given in the
last section.

2 INTER-SYLLABLE
BOUNDARY MODELS

For each pair of consecutive syllables, a fixed-
length feature vector sequence located sym-
metrically across the inter-syllable boundary
1s extracted for constructing the corresponding
inter-syllable boundary model. Since the aous-
tic characteristics in the t-ansition region be-
tween two syllables are, in general, not station-
ary, a segment-based statistical model [4, 5] is
adopted in the study to deal with the nonsta-
tionarity of the feature vector sequence. Specif-
ically, instead of modelling the feature vector of
each frame independently as a Gaussian distri-
bution, we represent, in an inter-syllable bound-
ary model, the feature vector sequence of the
whole segment by a reference template with the
residual vectors between the feature vector se-
quence and the reference template. Here, resid-
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ual vectors are treated as an independently and
identically distributed Gaussian noise with zero
mean vector and covariance matrix R. By this
model, feature vectors are regarded as a non-
stationary Gaussian vector process with mean
vector sequence being set :o equal a reference
template and common covariance matrix R be-
ing estimated from residual vectors.

Two methods to generate reference templates
of inter-syllable boundary model were proposed
in this study. One is to employ the matrix quan-
tization [6] to find some representive reference
templates for each syllable pair by taking each
feature vector sequence as a matrix. The oth-
er uses contour quantization [7] to firstly take
the time sequence of each component of the fea-
ture vector sequence as a contour and represent
it by the first few lower-order coefficients of an
orthonormal polynomial expansion. Then, col-
lect coefficents of all components to form a new
feature vector and apply vertor quantization to
find some reference templaces for each syllable
pair. Here, the first three discrete Legendre
polynomials were chosen as the basic function-
s [4] of the orthonormal polynomial expansion.
These basis functions are ncrmalized, in length,
to [0,1] and expressed as
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fore =0,1,---, N, where N + 1 is the length
of the feature vector sequence.

I

If we construct one model for each sylla-
ble pair, there will be 411 « 411 inter-syllable
boundary models. But, as we consider the fac-
t that the training data is usually very limited
in practical application, the number of inter-
syllable boundary models should be greatly re-
duced somehow. We solve the problem in this s-
tudy by simply assuming that the acoustic vari-
ability of an inter-syllable boundary segmen-
t results soly from the twe phones located n-
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earest to the boundary. According to the pho-
netic structure of Mandarin syllables, there are
in total 11 similar ending phones and 27 simi-
lar starting phones. So, only 297 inter-syllable
boundary models are needed. Besides, silence is
needed to be specially treated. By considering
it as an ending phone for the following sylla-
ble as well as a starting phone for the preceding
syllable, we construct 38 additional models.

3 SPEECH RECOGNITION
APPROACH

By supplementing these 335 inter-syllable
boundary models to a set of 411 CI syllable H-
MM models, we can represent a speech signal
by a sequence of syllable HMM models over-
laid with a sequence of inter-syllable boundary

- models. Fig. 1 shows a schematic diagram of

the representation. By this representation of
speech signal, the task of continuous Mandarin
speech recognition is then to find the best syl-
lable string for a testing utterance based on the
given sets of Cl syllable HMM miodels and inter-
syllable boundary models.

In the training phase, a set of 411 initial CI
syllable HMM models is first generated by the
segmental k-means training algorithm [8]. We
then use the results of syllable segmentations of
all training utterances to extract inter-syllable
boundary segments for training a set of 335 ini-
tial inter-syllable boundary models. Iterative
training procedure is then applied to alterna-
tively segmenting all training utterances into
syllable sequences by using a modified Viterbi
algorithm and updating both sets of CI sylla-
ble HMM models and inter-syllable boundary
models. The only modification on the Viterbi
algorithm is to add an additional score at the
instant of deciding to make a syllable transi-
tion. It is the score of matching the input vec-
tor sequence across the boundary with an inter-
syllable boundary model of the syllable pair in-
volving the syllable transition. A normalization
of the local path score is then applied in order
not to favour the path with syllable transitions.
Repeatedly applying the procedure of segmen-
tation and models updating, we can obtain two
well-trained sets of 411 CI syllable HMM mod-
els and 335 inter-syllable boundary models.
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In the testing phase, an une-stage search algo-
rithm [9] is applied to find the best sequences of
Cl syllable HMM models and the overlaid inter-
syllable boundary models for the input utter-
ance. Same as the training algorithm, the one-
stage search algorithm is also modified by con-
sidering the additional scores contributed by the
inter-syllable boundary models. The syllable se-
quence associated with the best sequence of CI
syllable HMM models is tzken as the recogni-
tion output.

4 EXPERIMENTS

Effectiveness of the proposed method was ex-
amined by simulations using a continuous Man-
darin speech database uttered by a single male
speaker. The database contains in total 35231
syllabes including 28197 training syllabes and
7034 testing syllabes. *All speech signals were
sampled at a rate of 10 kHz and preemphasized
with the digital filter, 1 — 0.95z71. It is then
analyzed for each Hamming-windowed frame of
20 ms with 10 ms frame shift. The recognition
features consist of 12 mel-cepstral coefficients,
12 delta mel-cepstral coefficients, and the delta
energy.

First, the conventional MM method based
on 411 7-state CI syllable HMM models and an
one-state silence model was tested. The num-
ber of Gaussian mixtures in each state of a syl-
lable HMM model varies from 1 to 5 depend-
ing on the number of training data. Table 1
shows the recognition result. A syllable accura-
cy rate of 78.1% was achieved. Then, the pro-
posed recognition method was tested. A set of
283 inter-syllable boundary models for all syl-
lable pairs existing in the database was then
generated and supplemented to the set of 411
CI syllable IIMM models to assist the recogni-
tion. The number of reference templates in each
inter-syllable boundary molel is varied from 1
to 5 depending also on the number of training
data. The recognition results for the case of
using matrix quantization to generate reference
templates of the inter-syllasle boundary mod-
el were shown in Table 2. Svllable accuracy
rates of 83.1% and 83.4% were achieved as the
length of inter-syllable bourdary segments was
set to be 4 and 6, respectively. Table 3 shows
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the recognition results for the case using the sec-
ond method to generate reference templates of
the inter-syllable boundary models. Syllable ac-
curacy rates of 82.9% and 83.2% were obtained
when the length of inter-syllable boundary seg-
ments was set to be 4 and 6, respectively. By
comparing Tables 2 and 3, we find that the per-
formances for the two cases of generating ref-
erence templates are comparable to each other.
But, as comparing with that shown in Table 1,
we find that the syllable accuracy rate for the
proposed method was raised by about 5% which
corresponds to a reduction of 24% of recognition
errors. We can therefore conclude that supple-
menting with inter-syllable boundary models is
a proper way to improve the conventional HMM
method which uses only CI syllable HMM mod-
els.

%del | %ins
0.5 2.5

%sub
18.9

%acc
78.1

Table 1: Recognition result by using CI syllable
HMMs

boundary || %acc || %sub | %del | %ins
length

4 83.1 15.1 1.0 0.8

6 83.4 14.5 0.8 1.3

Table 2: Recognition results by using CI sylla-
ble HMMs and inter-syllable boundary models
trained by matrix quantization

boundary || %acc || %sub | %del | %ins
length

4 82.9 15.3 0.9 0.9

6 83.2 14.5 0.9 1.4

Table 3: Recognition results by using CI sylla-
ble HMMs and inter-syllable boundary models
trained by contour quantization

5 CONCLUSION

A novel approach to improve the conven-
tional syllable-based HMM speech recognition
method for continuous Mandarin speech has
been studied. The inter-syllable coarticulation
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effects are compensated by using a set of inter-
syllable models. Experimental results showed
that about 24% of syllable recognition errors
had been corrected in a speaker-dependent con-
tinuous Mandarin speech recognition task.
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Figure 1: The schematic diagram of representing a speech
signal by a sequence of syllable MM s overliad with a
sequence of inter-syllable boundary models
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