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Abstract: Problem statement: In HMM-based Thai speech synthesis, tone is aroitapt issue that
brings about the intelligibility of the synthesizedeech. Tone distortion resulted from imbalance of
the training data should be appropriately treateplproach: This study described an HMM-based
speech synthesis system for Thai language. In ystem®, spectrum, pitch and state duration are
modeled simultaneously in a unified framework of MMtheir parameter distributions are clustered
independently by using a decision-tree based cortdkstering technique. The contextual factors
which affect spectrum, pitch and duration, i.estpd speech, position and number of phones in a
syllable, position and number of syllables in a dyoposition and number of words in a sentence,
phone type and tone type, are taken into accountdostructing the questions of the decision tree.
Since Thai is a tonal language, tone questions gtaynportant role in the context clustering praces
Results: An experimental result compared FO contours betwbese of synthesized speech with and
without tone questions; furthermore the size of iThgeech corpus is varied to investigate the
synthesized speech qualit€onclusion: By using the tone questions in the tree-basedesgbnt
clustering process, the tone distortion is reliesigghificantly.
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INTRODUCTION As for Thai speech synthesis, a TTS synthesis
system based on unit selection is initially implenee
Speech synthesis is one of the key technologies fdy Luksaneeyanawin in 1991 (Chomphan and
realizing natural human-computer interaction. Hist Kobayashi, 2008). Subsequently, a TTS synthesis
purpose, Text-To-Speech (TTS) synthesis systems asystem based on unit selection with TD-PSOLA
required to have an ability to generate speech witllechnique is developed by National Electronics and
arbitrary speaker’'s voice characteristics and wewrio Computers Technology Center (NECTEC) in 2003
speaking styles. A number of TTS techniques haem be (Hansakunbuntheunrg al., 2005). Since Thai is a tonal
proposed and state-of-the-art TTS systems based danguage, this study is proposed to implement a Tha
unit selection and concatenation can generate alaturspeech synthesis based on HMM which has the ability
sounding speech. However, it is still a difficuitbplem  of  synthesizing speech with  various voice
to synthesize speech with various voice charatiesis characteristics and various speaking styles. Intribe-
and various speaking styles. based context clustering stage, the tone quesson i
Hidden Markov model (HMM) based TTS system applied to improve the overall speech quality. An
in which each speech synthesis unit is modeled bgxperiment is conducted and it shows a considerable

HMM is proposed in the past decade (Masekal., improvement.
1996; Yoshimurat al., 1999; Al-Haddadkt al., 2008).
A distinctive feature of the system is that the exje MATERIALSAND METHODS

parameters used in the synthesis stage are gesherate

directly from HMMs by using a parameter generationHM M -based speech synthesis. A block-diagram of the
algorithm (Tokudaet al., 2000; Curranet al., 2005; HMM-based TTS system is shown in Fig. 1. The
Aliwa et al., 2010). Since the HMM-based TTS systemsystem consists of two stages including the trginin
uses HMMs as the speech units in both modeling andtage and the synthesis stage (Tameiral., 2001;
synthesis, the voice characteristics of synthgtieesh  Yamagishiet al., 2003). In the training stage, mel-
can be changed by transforming HMM parametersepstral coefficients are extracted at each arsafyasine
appropriately. as the static features from the speech database.thk

1474



J. Computer <ci., 6 (12): 1474-1478, 2010

dynamic features, i.e., delta and delta-delta patars, From the sentence HMM, phoneme durations are
are calculated from the static features. Spectraletermined based on state duration distributions
parameters and pitch observations are combined intfroshimura et al., 1998). Then spectral and pitch
one observation vector frame-by-frame and speakegparameter sequences are generated using the latgorit
dependent phoneme HMMs are trained using thdor speech parameter generation from HMMs with
observation vectors. To model variations of spenfru dynamic features (Tokudat al., 1995). Finally by

pitch and duration, phonetic and linguistic context
factors, such as phoneme identity factors, arentake

using MLSA filter (Fukudaet al., 1992), speech is
synthesized from the generated mel-cepstral aruh pit

account (Yoshimurat al., 1999). Spectrum and pitch parameter sequences.

are modeled by mulyi-stream HMMs and output

distributions for spectral and pitch parts are twmttus
probability distribution and Multi-Space probabjlit
Distribution (MSD) (Tokudeet al., 1999), respectively.
Then, a decision tree based context clusteringniqab
is separately applied to the spectral and pitclspair
context dependent phoneme HMMs (Youey al.,

Thai Speech Attributes: As for tonal language hsuc
as Thai, a syllable is composed of consonants, lgowe
and tone (Chompun, 2004). The basic Thai textual
syllables can be represented in Fig. 2, whereVCGC
and T denotes an initial consonant, a vowel, alfin
consonant and a tone respectively.

The significant difference between tonal and

1994). Finally state durations are modeled by multi toneless language is the syllable tone, where mgani

dimensional Gaussian distributions and

the stat®f a syllable changes as the syllable tone changes

clustering technique is also applied to the duratio (Thathonget al., 2000; Chompuet al., 2001). Table 1
distributions (Yoshimurat al., 1998). In the synthesis summarizes the number of the Thai characters and

stage, first, an arbitrary given text to be synites is

transformed into context dependent phoneme label

phones according to each part of syllables.
In Thai language, four different tone markers are

sequence. According to the label sequence, a sentendenerally used to indicate 5 Thai tones; middle @),

HMM, which represents the whole text to be syntrexi

is constructed by concatenating adapted phonenté$iM
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low tone (1), falling tone (2), high tone (3) arnidimg
tone (4). For example the syllablatu” (to widen) has

a middle tone which is pronounced as /ba:n/,
meanwhile syllable finu” (home) has a falling tone
which is pronounced as /ba:n/. Each syllable tome c
be characterized by its corresponding fundamental
frequency contour which is depicted in Fig. 3
(Chompun, 2004; Chompuat al., 2001). Each contour
line is constructed by plotting the voice fundanaént
frequency extracted periodically via the normalized
syllable duration.

CiCHVT(V)CE
Fig. 2: Thai syllable structure
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Fig. 3: Fundamental frequency contours of 5 ton@hii
¥ Table 1: The number of Thai characters and phones
‘ Synthetic speech ‘ Type Character Phone
Initial consonant (Ci) 44 38
. . Vowel (V) 16 24
Fig 1: A block diagram of an HMM-based speechFinal consonant (Cf) 37 9
synthesis system Tone (T) 4 5
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Questions for tree-based context clustering process.
Since tone information is a very crucial factorTihai
language as mentioned above, therefore tone numbe
(0-4) is employed in the context clustering proceks
HMM-based TTS system. Moreover, the following
contextual factors were also taken into account:

G
w
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1500

» Syllable position in word

e Part of speech

e Number of syllables in word

e Word position in phrase

* Number of syllables in phrase

» Phrase position in sentence

*  Number of syllables in sentence
*  Number of words in sentence

*  Number of phones in syllable

* Phone position in syllable

1000

Number of training sentences

500

Score (%)

Fig. 4: Evaluation of naturalness of Thai HMM-based
system and unit selection (US) approach

o No tone question ® Tone question
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Experimental conditions. Set of phonetically balanced & ] |
sentences of Thai speech database from Nationa s '000 HLI 880
Electronics and Computer Technology Center (NECTEC) £ 550 (24 D v |
is used for training HMMs. The whole sentence teas “ : = 1050

collected from Thai part-of-speech tagged corpased
ORCHID (Hansakunbuntheurgtyal., 2005). The speech
in the data}base IS uttered py a professional femalEig. 5: Evaluation of correction of syllable toneTdai
speaker with clear articulation and standard Thai HMM-based approach

accent. The text dependent phoneme labels are
extracted based on the phoneme labels and linguist
information included in the database. There areosim
79 phonemes including silence and pause.

Score (%)

iThey were presented a pair of speech synthesiped fr
different approaches in random order and then asked

Speech signal were sampled at a rate of 16 kHz a Vc\ih'Ch one sounded more natural. For each subjeet, f

windowed by a 25 m sec Blackman window with a 5ms est sentences were chosen at random from 25 test
shift. Then %el-cepstral coefficients were extrdctsy sentences which were not contained in the training
mel-cepstral analysis. The feature vectors consist@s ~ SENtences. d'll'he pr:eferent;:_e SCores arei\ shown "4];':'9'
mel-cepstral coefficients including the zeroth fioint, Secondly, the subjective evaluation of tone

logarithm of fundamental frequency and their deitel ~ 9uestion in the context clustering stage was coeduc
delta-delta coefficients (Tachibasgal., 2005). The correction of the syllable tone of the synthedi

We used 5-state left-to-right HMMs in which the SPeech generated from 2 systems was evaluated by a
spectral part of the state is modeled by a sinigigahal ~ Paired comparison test. The first system has tone
Gaussian output distribution (Tachibastal., 2006; question in the context clustering process, mealewhi
Yamagishi and Kobayashi, 2005). The number ofanother system has no tone question. The preference
training utterances is varied as 500, 1000, 150002 scores are shown in Fig. 5.
and 2500 sentences.

Subjective evaluations of synthesized speech: First, DISCUSSION

the naturalness of the synthesized speech generated .
from 6 approaches; 5 are from the HMM-based system !t can be seen from Fig. 4 that the more the numbe
set up by varying number of training utterances an®f training sentences is increased the more the
another one is from the unit selection approactn wit naturalness of the synthesized speech is obtained.
the corpus size of 5200 sentencesAlthough, the score of unit selection approachbisve
(Hansakunbuntheune al., 2005), was evaluated by a of HMM-based approach with 2500 training sentences,
paired comparisontest. The subjects were ninepirabns.  the HMM-based approach can be further developed to
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synthesize the speech with various voice charatiesi Chompun, S., S. Jitapunkul and D. Tancharoen, 2001.

and various speaking styles as mentioned eariearl Novel technique for tonal language speech
be said that HMM-based approach is newly constdicte  compression based on a bitrate scalable MP-CELP
for Thai language. Moreover, we expect that theesys coder. Proceeding of the IEEE International

be further improved in the near future.
From Fig. 5, it can be seen that the score of the
system with tone question is considerably supehan
that of the system without tone question for every
number of training sentences. When increasing th
number of training sentences, the percentage sufore

Conference on Information Technology: Coding
and Computing, IEEE Xplore Press, Apr. 2-4, Las
Vegas, NV, USA., pp: 461-464. DOI:
10.1109/ITCC.2001.918839

%urran, K., X. Xi and R. Clarke, 2005. An investiga

no tone question case increases. The reason iththat into the use of the least significant bit subsittot
lacking problem of training syllable tones is rete. technique in digital watermarking. Am. J. Applied
Sci., 2: 648-654.
CONCLUSION DOI: 10.3844/ajassp.2005.648.654

Fukuda, T., K. Tokuda, T. Kobayashi and S. ImaB2,9
In this study, we propose an HMM-based Thai An Adaptive algorithm for mel-cepstral analysis of
speech synthesis. Thai speech characteristic is speech. Proceeding of the IEEE International
investigated and subsequently the conventional HMM-  Conference on Acoustics, Speech and Signal

based synthesis system is modified according thal to Processing, Mar. 23-26, IEEE Xplore Press, San
attributes of Thai. We found that the number oifnirsy Francisco, CA., USA., pp: 137-140. DOI:

sentences affected the naturalness of the synétkesiz 10.1109/ICASSP.1992.225953
speech while the tone information affected sigaifiity

Hansakunbuntheung, C., A. Rugchatjaroen and C.
with the output synthesized speech. |nbu 1ng "g ’

Wutiwiwatchai, 2005. Space reduction of speech
corpus based on quality perception for unit
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