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Abstract: Problem statement: Appropriate modeling of fundamental Frequency) (Eontour for
speech is a key factor to preserve the qualitypeesh prosody. One successful approach has been
conducted for tonal language of Mandarin Chinese& based on the assumption that the behavioral
characteristics of vocal-fold elongation in vibaaticould be approximated by those of a simple fibrce
vibrating system. Therefore this approach has lbg@tied to model Thai expressive speech with best-
fit function. Approach: An approach of structural modeling of voicg dontours of Thai expressive
speech utterances using an approximation by thése simple forced vibrating system has been
conducted. Nowadays, modeling of €ontours of Thai expressive speech is very imporia an
analysis of speech, which brings about the speeninwnication with more interesting and effective.
Our speech database consists of male and femaéets@and each one contains 4 different speech
styles including angry style, sad style and enjtyatyle and reading style. We use 5 sentences for
each speech style and each sentence includes h@flesa The speech sample in each group is
analyzed for an fJcontour, subsequently a number of structural ningdgdarameters are extracted for
each contour. Thereafter, the parameters are ossghthesis the gcontour and then the synthesized
contour is compared with that of natural speechchiculating RMS errorResults: From the
experimental analysis, it is observed that RMSresf@ach speech style is different from the othitrs
reveals that the mentioned structural modelingomses to each speech style differently. Moreower th
reading style has the smallest error among alest@onclusion: From the finding, it is a definite
evidence to apply the modeling approach to the dpsgnthesis systems with good preservation of
speech prosody.

Key words: Thai expressive speech, fundamental frequency rmaedtructural modeling, expressive
speech, simple forced vibrating system

INTRODUCTION tones and words (Hiroya and Sumio, 2002;
Seresangtakul and Takara, 2002; 2003). In the Thai
Prosody is an inherently supra-segmental feattire sspeech synthesis, the statistical modeling pédntour
human speech. The fundamental frequency of voickas been conducted by Chomphan and Kobayashi in the
speech is the most important feature among alhef t implementation of both speaker-dependent and speake
features known to carry prosodic information. The F independent systems in 2007-2009 (Chomphan and
contours of an utterance convey the stress, intimat Kobayashi, 2007; 2008; 2009; Chomphan, 2009).
and rhythmic structures, which determine thelately, the Fujisaki's model has been applied withi
naturalness and intelligibility of synthetic speefls a  speaker-independent system as extended modules.
result, the appropriate modeling of €ontour plays a Moreover, it has also been exploited in the modetih
significant role in the speech processing area,, e.gThai expressive speech; i.e., sad, happy, angtgssty
speech recognition, speech synthesis, speech @naly§Chomphan, 2010). This study proposed another
and speech coding. A number of modeling technigques approach of § modeling of Thai expressive speech
the former studies have been performed in variousising the structural model which is based on the
levels of speech units, e.g., utterance level ¢Saitd assumption that the behavioral characteristicsochir
Sakamoto, 2002; Lkt al., 2004; Taoet al.,, 2006), fold elongation in vibration could be approximateyl
word and syllable levels (Fujisaki and Sudo, 1971ithose of a simple forced vibrating system (Ni and
Tranet al., 2006). In Thai speech, Fujisaki's model hasHirose, 2006). The RMS error calculation has been
been successfully applied for modeling of utterance done for evaluation the modeling performance fdor al
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speech styles including angry style, sad style and\ssumption: The behavioral characteristics of vocal-

enjoyable style and reading style. This study is &old elongation in vibration can be approximated by

preliminary study for the advanced research in arthose of a simple forced vibrating system (Ni and

advanced speech synthesis with various speakitgssty Hirose, 2006).

for Thai. Formulating the assumption, the behavioral
characteristics of a simple forced vibrating sysiean

MATERIALSAND METHODS bg characteri;ed by the amplifying coefficientsitsf
vibrating amplitudes:

Sructural model: The voice k contour is modeled in o2 1
a logarithmic scale, as depicted in Fig. 1. TheA(=%,0) = -
mathematical model has been applied (Ni and Hirose, \/ 1_(1_ 212)°’§} . 4(2(1- 22)2‘2

@)

2006) by using a structural control consisting laicing
a series of normalizedyRargets along the time axis,

\;V:]'Clht j‘ég a'll'sr?e Sﬁgﬂgign Sby bg?ng’g'non ta;[:meets ar;(:where,uh andwy denote the natural angular frequencies
plituges. - W Y %f the driven system and the driving force, respebt,

approximated by connecting  truncated second-ordei is called damping ratio indicating how tightly the

transition functions. riving force and the driven system are coupled
From the background knowledge that the physicafj 9 >Y Y P
together. Subsequently, replacingy,/wf (square

factors to regulate the frequency of vocal-fold
vibrations are the mass, length and tension ofatiibg ~ frequency ratio) by and substituting A(, {) expressed
structures, all of which are dynamically controlledin Eq. 2 for x of Eq. 1, as a result, the logarithm
primarily by the intrinsic and extrinsic musclestbe  fundamental frequency can be expressed as:
larynx and secondly by the sub-glottal pressureaiid
Hirose, 2006). Fujisaki explained that logarithmic Inf
fundamental frequency varies linearly with vocdtfo
elongation x (Fujisaki, 1983), which can be repntse
in the following mathematical term: where, C is a constant coefficient.

Typically, a speaker has an individual vocal range
Let fy, and f, denote the top and bottom frequencies of
the vocal range of a speaker an@ndA, denote two\
values that are one-to-one mapped ¢oahd f,. The
relationship between f within the vocal-range
frequency interval and its correspondihgs shown as

o =AMLY +in(vacy) 3)

Inf, =gx +In(v/ac,) (1)

where, a, b andqcare constant coefficients (Fujisaki,

1983). follows:
Info-Infy A -AM,Q

< 3 A A = (@)

% 300 : W k |f'lfo‘—|r|f0b A()\pZ)_A()\bZ)

é 200 yM Since §; and f, are the top and bottom frequencies
B of the vocal range); and A, shall be determined
= regardless of.

5 Practically, § and A can be determined through
E 100 fo = To(A, ) and A = Ty(fo, {), where they can be
3 derived from Eq. 4 as followings:

02 04 06 08 10 12 14 16 18 20

- f
Tf ()\,Z):ex A()\,Z) A()\b! Z) x Ini_'_ |nf0 (5)
° A(}\tv Z) _A()\bv Z) fob ’
Time (sec)
and T,(fo, {) can be obtained by searchikgfrom 1
Fig. 1: R contour with a trend line in a logarithmic step-by-step in small increments (e.g., 0.000yemi
scale Ap>Ay, until A satisfies the following conditions:
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fo _ A(A+0.00012)- AQ, £ )XIn fo For an kfalling movement, say i = 0, first compute

Ini A(M, Q) -A(M, Q) fo 6) A(t) for te<t<t; by using following equation:
4.8 ) 5%
and A1) =A, +A)\[1—[1+A'tt}e at ] , fort=0 (8)
- — f
|nfL°<A()‘ (;\'00011 ))\A()‘b £ )xlnfi (7)  with the following parameters (based on TableA}j=
o ARO-AR D 0 A = 1.28;A\ = AMYJ0.95 andAt = At,/0.95, where

A)\o = (A)\l')\o) = 0.12; Aty = (tl'to) = 0.14. Second,
Allocation of pitch targetss By applying the synthesize contour by using(t) = Ti(A(t), {o) of
structural model, theitch targets on angfcontour is  Eq. 5. The thick line between thd" @nd f' targets
allocated in advance. Thereafter the parametehef t shown in Fig. 2 indicates the re-synthesizeddatour.
structural model will be approximated. For example, For an krising movement, say i = 2, first compute
Fig. 2 shows a sparser specification of theéntours  A(t) for t<t<t; by using Eg. 8 with the following
shown in Fig. 1, the ‘o’ signs indicate the tonabks, parametersh, = 2-\,=0.58;AA = AX,/0.95, whered\ =
the ‘X’ signs indicate the tonal valleys, and tlpi@e  (2-\,)-(2-\,) = 0.08 andt = At,/0.95, whereht, = t-t,
sign indicates a neutral target to reset an intonal = 0.15. Then, synthesize contour by usigt) £ Tio(2-
phrase. A(t), Zo) of Eq. 5. It has been noted thabA{) = A(2-A,

" Let { and § denote the timing andofvalue of the 7y s applied to the computation. In Fig. 2, thekhine
i target, respectively. Table 1 lists the first ¢itivget  perween the ™ and & targets indicates the re-

points (t fo) and corresponding; = T,(fqi, (o), given synthesized fcontour.

A= 1;Ap = 2; fyp= 120Hz; §; = 420Hz and, = 0.156.

The fh local Ry movement, i= o, ..., 15, is defined as aA mathematical model: Subsequenﬂy, let 0&)
scope extending from th¥ target (¢ fo) to the next. If  represent angeontour as a function of time t in a vocal
fo<foi.1, the local i movement is therefore rising; range [fy, fo] (Ni and Hirose, 2006). Assuma(t) to

otherwise, falling. The measured, Feontours are indicate a sequence of virtual tone graphshitime
subsequently approximated by connecting the risingpace to specify the underlying lexical tone strres.

and falling transitions through these target points Additionally, assume a latent sc&l€) to characterize
o the intonation components. Thus, thgcéntour on the
Table 1: Target values for sparsely specifying @oRtour

| 0 1 > 3 4 - 5 logarithmic scale of fundamental frequency is
t(s) 032 046 057 072 089 1.00 118 1.25€xpressed as a scale transformation frbft) to Ry(t),

for (Hz) 351.00 296.00 287.00 323.00 275.00 280.006€96.00 corresponding to the syllabic tones fitting themsesl

A 128 140 142 134 144 142 146 1.40 with sentence intonation in the vocal range:

InFy (D= Info, _ AAD.LD) -ALLD) (0 (10 (o)
9 Info =Infy A\ L) -AM, L) T

Where:

124514 1

250 gi G AND) =

, forA=z1 (10)
1 JA- Q- 2PN P+ 42 (1 Z2)

200 ¥ Equation 9 and 10 jointly indicate a structural
10 formulation of the control process of coupling the
syllabic tones and sentence intonation togethdorm
L a final sentence melody. Equation 9 states that F
02 04 06 08 10 12 14 16 18 20 contour R(t) is a transformation of a sequence of
Time (sec) virtual tone graphd\(t) on a latent scalé(t). A(t) is
expressed as a concatenation of n parametric bell-
. 2: Example of pitch target allocation on ap F shaped patterns lining up in series on the time wiih
contour the following definition:
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n-1 400 T T T - —
A=A, (O + D min(A ().A,, (D)+A, (t) (11) 00 (Fowmen St N Y

i=1

P (1

200

Ni(t) and Agq(t) indicate the rising and falling
transitions of the"l bell-shaped pattern, respectively.
Their definitions are as follows:

Lamda

Z - 400
A +AN (1-D, (t -t), fort <t<t %= 30
/\r (t) = P r,( 1 ( n )) Ra . 2] (12) Pl oo b . ) . . . - i
i 0, otherwise, BT s 0.2 04 06 08 1 12 14 16 1
i RE-SYNF, (DR=10.156)
T2 300 [F ey M & : @ 1
(A, 8\, @-D, (t-t,)), fort st<t, 22 m} N g-f—"'é:l:;_
A (1) = otherwise (13) =7 02 04 06 08 1 12 14 16 18
Time (sec)
Where: ) )
Fig. 3: An example of re-synthesis of, Eontour by
agt) e using the structural model (RE-SYN denotes
D, (1) :(1+A't]e B xOdr,f} (14) “resynthesized”, DR denotes “damping ratio”)

Speech database

The model parameters in Eq. 9-14 are defined as

follows:
[fo,.fo] bottom and top frequencies of the vocal Range
in hertz Calculation of
. F; contour
[A,,A] bottom and top values of normalized vocal T
ranges im Pitch target
() latent scales allocation
n number of the bell-shaped patterns !
sth ; : : . Parameter
(t, A,) peak coordinate in A-time space; extraction for
t, :Oandtp =00 structural
e o odeli
At i rising transition time o Img
.th . . . -
AN, i rising transition amplitude Re-synthesis of
At i™ falling transition time and Fy contour
vy i" falling transition amplitudej =1,...,n !
i RMSE
calculation for
Figure 3 shows an example of re-synthesis pf F each speech stvle
contour by using the structural model. Figure 3awsh
the K contour extracted from the natural speech, while “
. . ata analvsls
Fig. 3b shows corresponding value uf for three

different fixed damping ratiog (0.156, 0.02 and 0.9).
Figure 3c shows the re-synthesizedcBntour with the  Fig. 4: Work flow for the experimental process

three damping ratios in Fig. 3b, while Fig. 3d camgs

the Ry contour extracted from the natural speech and th&ach style consists of 5 sentences with 100 sanufles

re-synthesized Fcontour with limited samples. utterances. Therefore our speech corpus conta@ 4,
utterances. At the beginning, the, Falues of an

An experimental design: The flow chart in Fig. 4 shows utterance have been calculated and then the pitch

the core process for our experiment. At first theexh targets have been allocated by using local

corpus has been implemented. There is male anddemaminimum/maximum criteria. In between any two

speech in the corpus. Each of them has four speedtljacent pitch targets used as fixed points, anreqtial

styles including happy, sad, angry and readiggs.  function has been approximated to minimize the
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difference between the approximated function ared th Each graph represents one sentence and contases tho
Fo contour. The corresponding parameters from all obf four speech styles including happy, sad, angny a
the functions along the utterance will be used tas i reading Sty'es_ Moreover each graph contains 2 lofe
representatives. Subsequently, the resynthesis c0f Fnale and female speech.

contour from the parameters has been conducted.
Thereafter, the RMS error between the naturgl F
contour and the resynthesizeg €ontour has been
executed. Finally, we analyzed the summarized data
from the previous stages.

DISCUSSION

From the experimental results in Fig. 5-9, we fbun
that the averaged RMS error of the angry speetieis
RESULTS highest level, meanwhile the averaged RMS errdhef
From the RMS error calculation process, theréading speech is the lowest level. The averades R
experimental data can be summarized in the fiveerrors of the happy and sad speech are in the eniddl
following graphs (Fig. 5-9). The averaged RMS esror level. It can be obviously seen from all Fig. Shattall

from five different sentences have beercudated. 5 sentences have the corresponding results. When
considering the differences between genders, wedfou

+—Mal ~8—Femal .
© e that the averaged RMS error of female speech iseabo

32_10 3338 that of male speech. It can be seen that all seesen
2547 _m3046 confirm this observation.
-— . .
7 2848 T—o .
Angry Happv Reading Sad

Fig. 5: Averaged RMS error for sentence-e o —
e % .o —e HO\N—e o 0 —%94" in |PA
“have you finished your work?” in English

—o— Male —8—Female 2936

Angrv Happv Reading Sad
3946

Fig. 8: Averaged RMS error for sentence9ee —
o Q%9 06 ~0 ¥rte 0 @ OG0 —0 Pk~
e o ++" in IPA “I love you most in the
world.” in English

34.20 24 88

273 1275

Angrv Happv Eeading Sad

Fig. 6: Averaged RMS error for sentence s#xe —
o 9%—e %@x—e e " in IPA “where have you
been?” in English

—4— Male —B—Female

—e— Male —8—TFemale
ikl‘lk/ 37.10
33.52 .
EGW 2272
30.74 s 2868 11.60
1311 Happv Reading Sad
Angrv Happv Reading Sad

Fig. 7: Averaged RMS error for sentence9ée —
F90—%e .0t—1P+e o —o *..0 ¢ —o 9.." in
IPA “I will go back home.” in English
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Fig. 9: Averaged RMS error for sentence %e —

o +k—vutk—e Pk—e H%re +eo —e %9.—
e ®e " in IPA “We do not go to the sea.” in
English
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CONCLUSION Fujisaki, H., 1983. Dynamic characteristics of voice
. fundamental frequency in speech and singing. In:

This study proposes an approach of structural  The Production of Speech, Mac Neilage, P.F. (Ed.).
modeling of voice f contours of Thai expressive Springer, New York, pp: 39-55.
speech utterances using an approximation by those ofigroya, F. and O. Sumio, 2002. A preliminary study on
simple forced vibrating system. Four different speech  the modeling of fundamental frequency contours of
styles have been considered. It has been observed from Thai utterances. Proceedings of the International
the experimental analysis that the RMS error of each  conference on Signal Processing, Aug. 2002, IEEE
speech style is different from the others. The reading  xplore Press, Beijing, China, pp: 516-519.
speech style can be modeled with best fit; meanwhile  nttp:/jieeexplore.ieee.org/xpl/freeabs_all.jsp?arnum
the angry speech style can be modeled with the highest her=1181106
RMS error. It can be concluded that the structuralj v, T. Lee andY. Qian, 2004. Analysis and modeling
modeling responses to each speech style differently. For  of |, contours for cantonese text-to-speech. ACM
further Study, this mode“ng approach IS expected to Trans. Asian Language Inform. Process_,
apply for the speech synthesis systems to preserve the 3: 169-180. DOI: 10.1145/1037811.1037813
speech prosody with various speaking styles. Ni, J. and K. Hirose, 2006. Quantitative and structural

Sricharoenchot for providing the speech database.

Chomphan, S.
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