10.21437 /Eurospeech.1995-9

ISCA Archive

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

4™ Eyropean Conference on

Speech Communication and Technology

EUROSPEECH 95
Madrid, Spain, September 18-21, 1995

HMM-BASED TONE RECOGNITION OF CHINESE TRISYLLABLES
USING DOUBLE CODEBOOKS ON
FUNDAMENTAL FREQUENCY AND WAVEFORM POWER

Keikichi Hirose
hirose@gavo.t.u~tokyo.ac.jp

and

Xinhui Hu
xinhui@gavo.t.u~tokyo.ac.jp

Department of Information and Communication Engineering
Faculty of Engineering, University of Tokyo
Bunkyo-ku, Tokyo, 113 Japan

ABSTRACT

An HMM-based method has been developed for the tone
recognition of trisyllabic speech of standard Chinese. Several
schemes developed for the tone recognition of dissyllabic
speech were also incorporated: use of macroscopic and micro—
scopic parameters of fundamental frequency contours, speaker
normalization with fundamental frequency offset, coping with
tone sandhi effect by additional tone models, concatenated
learning of HMM, etc. Adding to these, a scheme of double
codebooks on fundamental frequency and power was newly
incorporated to the method to cope with the rather low recog—
nition rate for light tones. By further discriminating light
tones from third tones using syllabic durations, the recognition
rate of 75% was obtained for the light tone. The total recogni-
tion rate was reached 97.2%.

1. INTRODUCTION

Chinese is a typical tone language where a syllable is
pronounced with several tone types. Although there are dia-
lectal differences in the number of tone types, in the case of
standard Chinese, the number of basic tone types is 4, usually
denoted as T (first tone), 75 (second tone), T; (third tone) and
T, (fourth tone).  Since a syllable possesses different lexical
meanings depending on its tone types, tone recognition is
considered to be an essential function in automatic speech
recognition system of Chinese. Although several methods
have already been reported for the tone recognition, many of
them were based on rather rude approximations of fundamen—
tal frequency. contours (henceforth, Fy contours) and were
mostly developed for monosyllables. In the case of monosyl-
lables, Fy contour of each tone has a rather stable shape, and,
therefore, it is not so difficult to achieve a high recognition
rate. In the case of polysyllables and continuous speech,
however, due to tone sandhi effect, F, contours occasionally
are deformed largely, making high rate of correct tone recog-
nition difficult.

Hidden Markov modeling is one of the most attractive
ways to cope with large variations of tone features of continu—
ous speech. Moreover, in an HMM-based method, the error—
some process of syllable~unit segmentation can easily be
avoided by the scheme of concatenated learning. In develop-
ing HMM-based method, we should find parameters which
can well represent the tone features. In ref. [1], logarithmic
fundamental period and its first derivative produced a high
performance for monosyllabic speech. For dissyllabic speech,
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we have chosen a feature vector of F, (normalized by the
average value for the speaker) and its contour slope, and have
realized the recognition rate of 96% by adding several models
for tone variations due to tone sandhi and by introducing
interpolation scheme for voiceless part of the F, contour [2,
3]. In the case of trisyllables and continuous speech, however,
the appearance of light tone increases, which makes tone
recognition only with Fy related parameters difficult. In ref.
f4], it was shown that a favorable result could be obtained for
the light tone by adding power and duration for feature
parameters. The method, however, was without concatenated
learning and was not free from segmentation process. More—
over, the method required a number of training samples,
because the dimension of feature vector was simply increased
to four to add power and durational information.

From the above viewpoint, we have incorporated power
information into the HMM-based method of ref. [3] by adopt-
ing the scheme of double codebooks [3], and have obtained a
favorable result for trisyllables. In this paper, after the expla—
nation of tone sandhi phenomena, the developed method is
explained in detail with results for the tone recognition exper—
iment of trisyllables.

2. CHARACTERISTICS OF TONE SANDHI
2.1 Toune Sandhi in Trisyllables

A trisyllable can syntactically be regarded as a combina—
tion of a monosyllable and a dissyllable. Tone sandhi rules
for dissyllables are therefore applicable to trisyllables as fol—
lows taking the intra—word syntactic structure into considera—
tion.

1) A dissyllable with tone combination of 7575 is pronounced
as T,T5. Except for the case of T5T5T5 combination, this
rule can be applied to trisyllables without taking the syntac-
tic structure into account. In the case of 7. 313713, tone sandhi
rules depends on the syntactic structure as follows [6]:

- When the syntactic structure is "dissyllable + monosylla-
ble," T5T3T; is uttered as T,T5T5. This sandhi rule can be
explained as follows: the dissyllabic part is first changed
into 7575 and, then, the tone types of the 2nd and the 3rd
syllables are changed into T,75.

— When the syntactic structure is "monosyllable + dissylla~
ble," only the dissyllabic part is changed into T>T;, pro-
ducing T3T2T3.

2) When a T; syllable is followed by a syllable other than T 3
rear part of its Fyy contour is largely depressed to be denoted
as Ty [2, 3]. In the case of trisyllables, this sandhi occurs
whether the 75 syllable is located at the st syllable position
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Fig. 1. An example of the trisyllabic Fy contour with a large
deformation at the 2nd syllable of 7,. The content of the
utterance is "yuan2-ming2-yuan2 (Yuanming garden),”
where the numeral attached to each syllable means the
original tone type.
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Fig. 2. Specch waveform, F; contour and power pattern for a
trisyllabic utterance with the 3rd syllable of To. The
content of the utterance is ""gu3-lao3-de0 (ancient)."

or the 2nd.

3) In the case of 74Ty combination, Fy contour of the first T,
syllable does not show a major downfall, thus denoted as Ty,
{2, 3]. For trisyllables, this sandhi occurs in the T4T, part
whether it is located in the 1st and the 2nd syllable positions
or in the 2nd and the 3rd syllable positions.

Besides the above cases, in trisyllables, Fy contour of the 2nd

syllable is largely influenced by the surrounding syllables.

Among the four basic tone types, T, was found most vulnera—

ble to the influence. Especially when the preceding syllable

ends with a high Fo and the succeeding syllable starts with a

rather low Fo, Fy contour of the second syllable is deformed

to a rather flat shape as shown in Fig. 1. Henceforth, T, with

this deformation shall be denoted as T;.

2.2 Characteristics of Light Tone

For the cases other than monosyllables, Fy contour some—
times loses its original shape at some of constituent syllables.
This is one of the tone sandhi phenomena usually called "light
tone" or "neutral tone,” and denoted as Ty. It is also called the
Sth tone.  Although this phenomenon only occurs for a smail
number of Chinese characters, they are mostly particles with
important grammatical functions and frequently appear in
Chinese sentences. Therefore, correct recognition of light
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tone is indispensable to realize a high quality in continuous
speech recognition. The light tone will not appear at the 1st
syllable of an utterance and will appear mostly at the last
syllable of a phrase.

Different from the basic four tones, the light tone has no
stable shape in its Fo contour. After analyzing 144 samples of
the light tone from 8 speakers, we concluded that its Fy
contour generally had two distinct shapes as follows:

1) rising contour when the preceding syllable is T3, and
2) falling contour for other cases.

The light tone has two distinctive prosodic features other
than Fy contour, viz., low power and short duration. These
features will compensatc the lack of stability in Fy contour for
tone recognition. As an example, prosodic features are shown
in Fig. 2 for an utterance with the 3rd syllable of 7y,

3. TONE MODELING
3.1 Double Codebooks

As mentioned above, Fy contour of a light tone has no
stable shape, and, therefore, its correct recognition is rather
difficult only with the Fy related parameters.  We have sclect—
ed waveform power and its derivative as the additional infor-
mation for the tone modeling. Duration will also be useful for
the light tone recognition, but it was not included in the
HMM-based recognition process. In the current method, it
was included in the postprocessing as explained later. This is
because the duration cannot be defined for each frame. It can
be defined for the larger unit, such as the voiced part of a
syllable.

Although the power information can be included in the
model simply by increasing the dimension of feature vector,
this method was not adopted to avoid the requirement for the
increased number of training data. Instead, the scheme of
double codebooks was adopted. Different from the case of
single codebook of Fy, a discrete HIMM outputs two output
symbols for each transition: one of Fy code and the other of
power code. Although there is a correlation between Fy and
power, they were assumed as independent in calculating the

_output probability of emitting double symbols.

3.2 Extraction of Feature Parameters

Extraction of the Fy was conducted frame by frame (with
10 msec frame interval) with a method based on the newly de-
fined autocorrelation function with frame length proportional
to the time lag [7]. After the extraction, if an Fy contour in-
cludes portions without Fy for less than S succeeding frames,
such portions are regarded as voiced and their Iy values are
recovered by the linear interpolation using Fy's of three pre-
ceding and three succeeding frames. When the initial conso-
nantal part of the 2nd or the 3rd syllable is voiceless, the Fy
contour of a trisyllable will not show a continuous curve.
Although, for the voiceless parts, a special code can be as—
signed to produce HMMs [8], the linear interpolation scheme
is further applied to generate a continuous Fy contour. This is
because trisyllables with the same tone combination have
more or less similar Fy contours whether they include sylla—
bles with voiceless consonants or not. If a special code is
assigned to voiceless parts, trisyllables are expressed different—
ly for the two cases, which may degrade the recognition
performance. Moreover, for dissyllables, we have already
shown that a better result can be obtained for the interpolation
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Fig. 3. Configuration of syllabic and trisyllabic tone models with schematic illustration for concatenation and decomposition in the
training process. The syllabic models in the dotted line are necessary for the tone combinations of types A and B, while it is not

necessary for other combinations.

scheme as compared to the scheme of assigning a special code
[3].

Using the Fy of each frame, thus obtained, the following
F, feature vector (U;, 1) was calculated for each frame:

Ui=a;,

Vi=log F; - LF,,, . @
where F; denotes the Fj, at ith frame, a; denotes the inclination
of Fy contour at ith frame defined as the slope coefficient of
the recursive line for 5 successive frames (-4 ~ i), and LF,,
denotes the offsct value for speaker normalization calculated
as the averaged value of log Fy over several speech samples of
the speaker. For the current experiments, 16 trisyllables were
selected and their utterances of each speaker were used for
calculating LF,,. After the calculation of tone feature vectors,
vector quantization was further conducted using the LBG
algorithm in the feature vector plane to convert the vectors
into labels, which would be used in the discrete HIMM of the
proposed method. Based on the result of monosyllabic tone
recognition {2}, the codebook size was sét to 32.

As for the waveform power, it was defined as the sum of
square amplitude at each sampling point of a frame in dB:

N
P=101ogZ 5p), Q)
J=1

where s; is the speech signal of the jth sampling point of the
ith frame, while N indicates the number of sampling points
included in a frame. For the current experiment, N is set to
256 with sampling interval of 0.1 msec. Then, using the
frame power P; thus obtained, the power feature vector (R, S)
of the 7th frame is calculated as follows:
S
P40~ Dma
where P, represents the maximum of frame power in a tri-
syllabic utterance. Vector quantization for the F, feature
vector was also conducted to produce 32 codes for the power
feature vector.

3.3 Syllabic Tone Models

As shown in the upper side of Fig. 3, a syllabic HMM has
the configuration of 4 states and 3 loops, which is the same for
the case of dissyllabic recognition in refs. [2, 3]. Besides 4
tone models for basic four tones Ty, T5, T3 and Ty, 5 models
were selected: one model for each of Ty, Tas, Tas, and two
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models for the light tone. Light tone models were made two

by taking the discussion in section 2.2 into account: one

following to a syllable with T , and the other following to a

syllable with other tone types.

A trisyllable can usnally be modeled by concatenating
syllabic tone models for the 1st, the 2nd and the 3rd syllables.
If the following tone combinations are included, however,
mere concatenation of three models will not give a good re-
sult:

1. Combinations of T1T,, T'\Ts, T,T, and T,T3, where the
contour of the 1st syllable has a high end and contrarily that
of the 2nd syllable has a low beginning. (Henceforth, type
A combinations.)

2. Combinations of TsTy, TsT4, TsT; and T4Ts, where the
contour of the 1st syllable has a low end and contrarily that
of the 2nd syllable has a high beginning. (fHenceforth, type
B combinations.)

On concatenating syllables of the above combinations, a sharp
falling Fy contour appears around the syllable boundary for
type A combination and a sharp rising Fy, contour for type B
combination. A close inspection of these inter-syllabic
contours inspired us to assume them as T, (falling) or T,
(rising) in the training and the recognition processes. For
instance, "yuan2-ming2-yuan2" in Fig. 1 is assumed to have
the tone sequence of T,T4 T T4 Ts. As indicated in the exam—
ple, on applying the above rules of inserting additional tone
models, Ty, Ty, and Ty, were treated as the same with their
corresponding original tone types.

4. TRAINING AND RECOGNITION

Training of HMM was conducted with Baum-Welch
algorithm using speech material without syllable segmenta-
tion. Based on the tone sequence information, trisyllabic
HMM was produced by concatenating corresponding syllabic
HMMs. After the training, trisyllabic IIMMs were decom-—
posed in a converse manner to obtain syllabic HMM:s. Figure
3 schematically shows these concatenation and decomposition
processes. As already mentioned in section 3.3, an IIMM was
inserted between the two HMMs of type A and type B combi~
nations: T, for type A and T;, for type B.

Full Viterbi search was adopted for the matching process.
As for the transition between two syllabic models / and J, the
transition probability to the 4th (last) state of the model / was
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Fig. 4. Results of trisyllabic tone recognition for the cases of
single codebook on Fy, and of double codebooks on Fy
and power.

used as the transition probability to the 1st state of the model
J- Results of the matching process were given in the form of
frame by frame sequences of tone labels. These sequences
were first segmented into sections with the same tone labels.
If a section includes frames under a threshold (6 frames, for
the current experiments), such a section was assumed as an
insertion error. It was merged to a nearby segment with the
same label. In case no nearby segment with the same label, it
was ignored. When more than four sections were left after
the procedure above, three Sections were simply selected with
longer one basis. Since inserted models for type A and type B
combinations usually have shorter durations, they will be not
selected by the process.

5. RECOGNITION EXPERIMENTS AND RESULTS

Recognition experiments were conducted for the follow—

ing two cases to evaluate the proposed method:

(Casc 1) method with I codebook only, and

(Case 2) proposed method with double codebooks.

Recordings of trisyllabic utterances for 4 male and 4 female
speakers of standard Chinese were used for the experiments.
In trisyllables, 4 basic tones were possible for the 1st and the
2nd syllables, and, for the 3rd syllables, the light tone is also
possible besides the basic tones. Therefore, all the tone
combinations will produce 80 trisyllables. We have selected 2
trisyllables for each combination, totally 160 trisyllables.
Each speaker uttered these trisyllables once. The speech
material for 2 male and 2 female speakers was used for the
training and the rest was used for the recognition. So, the
recognition was conducted in open condition.

Recognition results are shown in Fig. 4 for the two cases
as averages over all 4 speakers for recognition. The figure
also shows the results for the 1st, the 2nd and the 3rd syllable
separately. As for the 3rd syllable, the results for the light
tone are also shown separately. Although on the average, the
increase in the recognition rate from case 1 to case 2 is small,
it reaches 13 % for the light tone, indicating the validity of the
developed method.

Since T3 usually has a waveform power lower than the
other basic tones, the light tone is frequently mis-recognized
as T3. In order to cope with this problem, a postprocessing
was further carried out for the results of T5. As shown in
Table 1, T; has the longest duration among 5 tones, while the
light tone has the shortest. Based on this result, a simple
decision rule was added: if the duration of the third syllable,
recognized as T, is closer to the mean value of Ty than that of
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Table 1. Means and standard deviations for the syllabic dura—
tions of four basic tones and light tone.

Tonetype  Mean (s) SD (s)
T, 0.238 0.053
T, 0.265 0.034
T, 0.279 0.043
T, 0.165 0.043
To 0.122 0.046

T3, change the recognition result to 7o, With this postprocess—
ing, 70% of the light tones, mis-recognized as T, were
correctly recognized, and the final recognition rate of light
tone reached 75% with the total recognition rate of 97.2%.

6. CONCLUSION

A tone recognition method has been developed for the
trisyllabic speech of standard Chinese using discrete syllabic
HMMs. Recognition performance for the light tone was large—
ly improved by introducing double codebooks on Fy and
power. Further studies are planned for the optimization of
power feature vectors and for the improvement on the use of
durational information. Expansion of the method to continu-
ous speech is also within the scope of future study.
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