Journal of Computer Science 7 (8): 1310-1317, 2011
ISSN 1549-3636
© 2011 Science Publications

Modeling of Fundamental Frequency Contour of Thai Expressive
Speech using Fujisaki’'s Model and Structural Model

Suphattharachai Chomphan
Department of Electrical Engineering,
Faculty of Engineering at Si Racha,
Kasetsart University, 199 M.6, Tungsukhla,
Si Racha, Chonburi, 20230, Thailand

Abstract: Problem statement: In spontaneous speech communication, prosody isipartant factor
that must be taken into account, since the prosdfiycts on not only the naturalness but also the
intelligibility of speech. Focusing on synthesisTdfai expressive speech, a number of systems has
been developed for years. However, the expresgigech with various speaking styles has not been
accomplished. To achieve the generation of expresspeech, we need to model the fundamental
frequency (FO) contours accurately to preservespieech prosody to preserve the quality of speech
prosody.Approach: This study presents a comparison of two succe&€fuhodels. One approach is
based on the Fujisaki's model which has been agpfitie many tonal and toneless languages. Another
one is based on the structural model which has beaducted primarily for Mandarin Chinese. It is
based on the assumption that the behavioral cleaistats of vocal-fold elongation in vibration cdul

be approximated by those of a simple forced vibgatsystem. Therefore this approach has been
applied to model Thai expressive speech with hiestiiiction. Our speech database consists of male
and female speech and each one contains 4 diffspa@ch styles including angry style, sad style,
enjoyable style and reading style. Five sentencesused for each speech style and each sentence
includes 100 samples. The speech sample in eacip gg@nalyzed for an FO contour, subsequently a
number of Fujisaki’s and structural modeling partargare extracted for each contour. Thereafter, th
parameters are used to synthesis the FO contouhandhe synthesized contour is compared with that
of natural speech by calculating RMS errBesults: From the experimental analysis, it has been
observed that RMS error of each speech style ferdiit from the others for both models. It also
reveals that the RMS error of the Fujisaki’s modehigher than that of the structural model for all
speech styles. In other words, the structural mgilels the better fit for modeling of the FO contoti

the expressive speech than that of the Fujisakiidah Conclusion: From the finding, it is a definite
evidence that the structural model is more appatgrihan that of the Fujisaki’s model for modeling
four different speech styles including angry stgled style and enjoyable style and reading style.

Key words: Noised speech, speech analysis, fundamental fregueontour, speech enhancement,
speech synthesis, speaker-independent, local-acnedel parameters, Fujisaki’'s model

INTRODUCTION and speech coding. A number of modeling technigues
the former studies have been performed in various
The fundamental frequency of voice speech is thevels of speech units, e.g., utterance level (Saitd
most important feature among all of the featuresam  Sakamoto, 2002; Let al., 2004; Taoet al., 2006),
to carry prosodic information which is an inhergntl word and syllable levels (Fujisaki and Sudo, 1971;
supra-segmental feature of human speech. The HRranet al., 2006). In Thai speech, Fujisaki’s model has
contours of an utterance convey the stress, intmmat peen successfully applied for modeling of utterance
and rhythmic structures, which determine thetones and words (Hiroya and Sumio, 2002;
naturalness and intelligibility of synthetic speeéls a  Seresangtakul and Takara, 2002; 2003). In the Thai
result, the appropriate modeling of €ontour plays a speech synthesis, the statistical modeling pédhtour
significant role in the speech processing area, e.ghas been conducted by Chomphan and Kobayashi in the
speech recognition, speech synthesis, speech @&nalysmplementation of both speaker-dependent and speake
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independent systems in 2007-2009 (Chomphan and The symbols used in three equations denote that F
Kobayashi, 2007; 2008; 2009). Lately, the Fujisaki’ is the smallest FO value in the FO contour of e¢eand
model has been applied within a speaker-independedt, and A are the amplitudes of the i-th phrases and of
system as extended modules. Moreover, it has @sn b the j-th tone command. Hereg TS the timing of the i-
exploited in the modeling of Thai expressive speechth phrase command and;land Ty are the onset and
ie., sad, happy, angry styles (Chomphan and)ffset of the k-th component of the j-th tone comaha
Kobayashi, 2008: 2009). Another study has beerf! andpy are time constant parameters, while I, J, K(j)
conducted by using a structural model which is dasecorrespon(: t? ththe_z thntjmber ?f_ pr:jras?rs], tlt(:g:S and
on the assumption that the behavioral charactesist components of the J-Ih tone contained In the utieea
vocaHfold elongation in vibration could be To find the optimal representative parameters,

. ; .-~ optimization is carried out by minimizing the mean
approximated by those of a simple forced vibratinggq, areqd error in the Ln FO(t) domain through thé hi

system (Ni and Hirose, 2006; Chomphan andgjimping search in the space of model parameters
Kobayashi, 2009). The RMS error calculation hambee(Seresangtakul and Takara, 2003). To use this model
done for evaluation the modeling performance fahbo the parameters are extracted from the speech databa
mentioned speech models and also for all speet#ssty utterance by utterance. The derived parameters are
including angry style, sad style, enjoyable stylel a subsequently computed.

reading style. This study mainly aims at compatimg

Fujisaki's model and the structural model. Derived parameters: From the conventional
parameters, we proposed seven derived parameters
MATERIALS AND METHODS which reflect the geometrical appearance of the FO

contour of an utterance as follows:

Fujisaki's model: The FO contour is treated as a

linear superposition of a global phrase and local= Baseline frequency

accent components on a logarithmic scale, as thgpic « Numbers of phrase commands

in Fig. 1 (Chomphan and Kobayashi, 2008; 2009). . Numbers of tone commands

Typically, the phrase command produces a baseline  phrase command duration

component, while the accent command produces the Tone command duration

accent component of an FO contour. Mathematically,  Amplitude of phrase command

the FO contour of an utterance generated from a@  Amplitude of tone command

extension of the Fujisaki's model for tonal langesg

has the following expressions (Seresangtakul and All of them have been extracted for four speech

Takara, 2003): expressions of angry style, sad style, enjoyabje st
and reading style. Thereafter, the extracted paemne
are used to resynthesize the FO contour in the

|
INFO(t)=InF, + Z A,[G, (t- Ty)l+ evaluation process.
i=1
: (1)
3 K(’)Al UG (t=T,) =G (t=T, )] Structural model: The voice g contour is modeled in
=t : ! : a logarithmic scale, as depicted in Fig. 2. The

mathematical model has been applied (Ni and Hirose,
2 2 2006; Chomphan and Kobayashi, 2009) by using a
Gpi(t):{(ait)eXp( o 1) :ortzo (2) structural control consisting of placing a series o
0 ort<0 normalized b targets along the time axis, which are
also specified by transition time and amplitudeke T

[L-(1+B,)exptR, )] fort= 0 transitions between targets are approximated by

G ()= 3) connecting truncated second-order transition foneti
0 fort<O

From the background knowledge that the

physical factors to regulate the frequency of
Where: _ _ vocal-fold vibrations are the mass, lengthnd

Gyi(t) = Represents the impulse-response function ofension of vibrating structures, all of which are
the phrase-control mechanism _ dynamically controlled primarily by the intrinsima
Gi(t)= Represents the step-response function of thextrinsic muscles of the larynx and secygrig
tone-control mechanism the  sub-glottal pressure (Ni and Hird3206).
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Phrase commands

Gpi(t)
Phrase Phrase components
t —={control
mechanism Ln FO(t) TU_ﬂe component
£  Phrase component
AL
() S P — N—. 1 .
Tone commands In FO—(t)}—= Tln F

Gy(t) Fundamental frequency

Al
)
Tio T Tone contour
J:__ ]—':r—'-;_ —| control
Ty Top mechanism | Tone

components

Fig. 1: An extension of Fujisaki's model for thengeation of FO contour

where,wy andw denote the natural angular frequencies

‘ﬁ._,.(‘\ , of the driven system and the driving force, respebt,
( is called damping ratio indicating how tightly the
driving force and the driven system are coupled

together. Subsequently, replacingy /o’ (square

frequency ratio) by and substituting A, ¢) expressed
in Eq. 5 for x of Eq. 4, as a result, the logarithm
fundamental frequency can be expressed as:

w
=]
S

[
=1
=]

Fundamental lrequency (1z)

=]
S

02 04 06 08 10 12 14 16 18 2.0
bx

ZCA(A, 0 +In(vac,) (6)

Time (sec) |nfo =

Fig. 2: iy contour with a trend line in a logarithmic

scale . -
where, C is a constant coefficient.

Fujisaki explained that logarithmic fundamental Typically, a speaker has an individual vocal range
frequency varies linearly with vocal-fold elongatia  Let fy, and f, denote the top and bottom frequencies of
(Fujisaki, 1983), which can be represented in thehe vocal range of a speaker ana@ndA, denote two
following mathematical term: values that are one-to-one mapped goafid f,. The

b relationship between f within the vocal-range
Inf, =oX +In(vac,) (4) frequency interval and its correspondihgs shown as
follows:

where, a, b andqcare constant coefficients (Fujisaki,
1983). Inf, =Inf, _AND-AMLY)
Inf, =Inf,  A(A,Q -A(A, ]

(7)
Assumption: The behavioral characteristics of vocal-
fold elongation in vibration can be approximated by
those of a simple forced vibrating system (Ni and Since §; and f, are the top and bottom frequencies

Hirose, 2006). . ~ of the vocal range); and A, shall be determined
Formulating the assumption, the behaV|oraIregard|ess of.

characteristics of a simple forced vibrating systeam Practically, § andA can be determined through=f
be characterized by the amplifying coefficientsitsf To(\, 0) andA = Ty(fo, 1), where they can be derived

vibrating amplitudes: from Eq. 7 as followings:

AL = 1 ®) AT AL
“ Y A Y PYS T (A0 =exp A TARRG) L pa g 8
J[l -z | (29 L) exp[A(A“Z)_A(Ab,Ox LY B
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Table 1: Target values for sparsely specifying @oRtour

i 0 1 2 3 4 5 6 7

ti (s) 0.32 0.46 0.57 0.72 0.89 1.00 1.18 1.25
foi (Hz) 351.00 296.00 287.00 323.00 275.00 280.00 (256 296.00

Ai 1.28 1.40 1.42 1.34 1.44 1.42 1.46 1.40

300

250

200

Fundamental frequency (Hz)

02 04 06 08 10 12 14 16 18 20
Time (sec)

subsequently approximated by connecting the rising
and falling transitions through these target points

For an kfalling movement, say i = 0, first compute
A(t) for te<t<t; by using following equation:

4.8
A=A +AN|1-|1+—t
=2, { [ - j

_ﬁ}[
e At

], fort= Q (11)

with the following parameters (based on TableA}j=
Ao) = 1.28;AN = AN/0.95 andAt = Aty/0.95, wheré\\,

= (AA-Ag) = 0.12;Aty = (4-tg) = 0.14. Second, synthesize
contour by usingoft) = Ti(A(L), {g) of Eqg. 5. The thick
line between the ™ and ' targets shown in Fig. 3

Fig. 3: Example of pitch target allocation on ag F indicates the re-synthesizegidentour.

contour
and T,(fo, {) can be obtained by searchinrgfrom 1
step-by-step in small increments (e.g., 0.000yemi
Ap>Ay, until A satisfies the following conditions:

fo o A +0.00012 )= AQ, Z), | fo

In-2% 9
fo, AN, O -A(A, Q fo

and

info < A(A=0.00012)- AQ, & )xmfi (10)
fo, AN, Q) =AM, Q) fo

Allocation of pitch targets: By applying the structural
model, thepitch targets on angFeontour is allocated in
advance. Thereafter the parameter of the struatuvdkl
will be approximated. For example, Fig. 3 shows
sparser specification of the Eontours shown in Fig. 1,
the ‘0’ signs indicate the tonal peaks, the X' rsg
indicate the tonal valleys and the square sigrcatds a
neutral target to reset an into national phrase.

Let t and f; denote the timing andyFvalue of the
i target, respectively. Table 1 lists the first eitirget
points (1, fo)) and corresponding; = Ty(foi, o), giveni,
=1; A, = 2; fp = 120Hz; §; = 420Hz and(y = 0.156.

The " local R, movement, i = 0, ..., 15, is defined as a

scope extending from th¥ target ( o) to the next. If
fosfoir, the local  movement is therefore rising;
otherwise, falling. The measured, Feontours are

For an krising movement, say i = 2, first compute
A(t) for t=<t<t; by using Eq. 8 with the following
parametersh, = 2-A,=0.58;AN = AX,/0.95, wheré\a =
(2')\3)'(2')\2) = 0.08andAt = At2/095, Wher%tz = t3't2
= 0.15. Then, synthesize contour by usigt) £ Ti(2-
A1), Co) of Eq. 5. It has been noted thabAl) = A(2-A,
() is applied to the computation. In Fig. 3, theckhiine
between the " and ¥ targets indicates the re-
synthesized §contour.

A mathematical model: Subsequently, let &)
represent angeontour as a function of time t in a vocal
range [fn, fo (Ni and Hirose, 2006; Nicknaret al.,
2009). Assumel(t) to indicate a sequence of virtual
tone graphs il-time space to specify the underlying
lexical tone structures. Additionally, assume ettt
scale {(t) to characterize the intonation components.
Thus, the F contour on the logarithmic scale of
dundamental frequency is expressed as a scale
transformation fron\(t) to Ry(t), corresponding to the
syllabic tones fitting themselves with sentence
intonation in the vocal range:

InF (1)~ Infy, _ A(A®), 2(1) -AR, (1)

Info‘ —Infob A(A, (1)) —A(A, 1)) (12)
fort=0
Where:
AMD) = =
o Ja-a- 2Ry &7 Z20) (13)

forA=1
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where,A,(t) and Ag(t) indicate the rising and falling

transitions of the"l bell-shaped pattern, respectively.
Their definitions are as follows:
E A, +AN (A-D, (t, —t), fort, <t<t
- /\r (t) - Pi § ( § ( R )) Ra ] 3 (15)
A ' 0, otherwise,
%<
S 3307 0§ 05 1 12 137 1§ T 7\p + AN, (- Dy ('[—'[p )), for t, st<t,
2= 400 ESTNF. DR=0.50) A ()=4 " ‘ ‘ . 16
ZOE 300 [F g &_.,_,. s "1[;_ v {O otherwise, (16)
£ 200 ) ) Fy 4
% 02 04 06 \.‘ST 17‘1 14 16 138 Where:
ime (sec)
4.8t
Fig. 4: An example of re-synthesis of €ontour by t)=| 1+ 4.8t e %y “H (17)
using the structural model (RE-SYN denotes * At, ' ’

“resynthesized”, DR denotes “damping ratio”)
The model parameters in Eq. 12-17 are defined as
follows:

m [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
Pitch target ranges irh
allocation ): Latent scales

! n Number of the bell-shaped patterns

Parameter
extraction for
structural

(ty Ag): i" peak coordinate in A-time space;
tpo = O andtpml =®

maodeling
! At : i rising transition time
Re-svnthesis of ! dh . i
F, contour AN, : i rising transition amplitude
‘_ At i falling transition time and
RMSE i e - )
caleulation for AN, : i" falling transition amplitudej =1,...,n

each speech stvle

Figure 4 shows an example of re-synthesis pf F
- contour by using the structural model. Figure 4awsh
. . the R contour extracted from the natural speech, while
Fig. 5: Work flow for the experimental process Fig. 4b shows corresponding value Mf for three
. . . different fixed damping ratiog (0.156, 0.02 and 0.9).
Equauon 12-13 jointly indicate a str.uctural Figure 4c shows the re-synthesizedcBntour with the
formulation of the control process of coupling thethree damping ratios in Fig. 4b, while Fig. 4d comgs
syllabic tones and sentence intonation togethdornm C '
a final sentence melody. Equation 12 states that Fthe E,contgur extracted from thg ”at!”"?" speech and the
contour K(t) is a transformation of a sequence of'€Synthesized 4= contour with limited samples
virtual tone graphd\(t) on a latent scalé(t). A(t) is (Geravanchizadeh and Rezaii, 2009).
expressed as a concatenation of n parametric bell-
shaped patterns lining up in series on the timg with ~ An experimental design: The flow chart in Fig. 5
the following definition: shows the core process for our experiment. At fhist
speech corpus has been implemented. There is male a
_ & o female speech in the corpus. Each of them has four
A(t)_/\”(t)Jrzmm(Af‘ (A, )+ A, () (14) speech styles including happy, sad, angry and mgadi

i=1
1314
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styles. Each style consists of 5 sentences with 100
samples of utterances. Therefore our speech corpu:
contains 4,000 utterances. At the beginning, the F
values of an utterance have been calculated andthiee
pitch targets have been allocated by using local
minimum/maximum criteria. In between any two
adjacent pitch targets used as fixed points, anrexmtial
function has been approximated to minimize the
difference between the approximated function ara th
Fo contour. The corresponding parameters from all of
the functions along the utterance will be usedtas i

representatives. Subsequently, the resynthesis cof IFig. 7: Averaged RMS error for sentenceH® roig-
va&o-pA " in IPA “where have you been?” in

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.

RESULTS

The RMS error calculation process has been
performed, thereafter the experimental data can be
summarized in the following five bar charts (Figl®).

The averaged RMS errors from five different sengésnc
have been calculated. Each bar chart represents on
sentence and contains those of four speech style:
including happy, sad, angry and reading styles.
Moreover each bar chart contains four lines; twe G
the Fujisaki's model including male and female spee
while the other twos are of the structural model
including male and female speech.

UStructural-Male
EStructural-Female
OFujisaki's-Male
BFujisaki's-Female
4227

3624 |

333§
2848

4263

3454
3510

3322

Sad

Angry Enjoy Reading

Fig. 6: Averaged RMS error for sentenad'dv-tap-
NAv-0e[B-p\& -oaN” in IPA “have you
finished your work?” in English

1315

=Structural-Male
EStructural-Female
OFujisaki's-Male
OFujisaki's-Female

53.28

Enjoy

Reading

English

IStructural-Male
BStructural-Female
OFujisaki's-Male
OFujisaki's-Female

5048

go back home

Fig. 8: Averaged RMS error for sentencg"d&v-
X"aHAACB-Bald v-AEDlw-val? in IPA “I will
. in English

M.
46.3

6239
38 5301
44.99

29.56

Angry

38116

Enjoy

Dstructural Male
uStructural Female
DFujisaki's-Male
BFujisaki's-Female

242

Reading

Fig. 9: Averaged RMS error for sentencg"d&v-
paK-k"wv-THIO Four-vad-AoK” in IPA |

love you most in the world.” in English
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modeling of the FO contour of the expressive speech

BStructural-Male

wStructural Female than that of the Fujisaki’s model.
OFujisaki's-Male
OFujisaki's-Female
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