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ABSTRACT completely automatic estimation of the parameters is quite
difficult and some approximations or manual modifications of
Although flexible control of acoustic features is possible inparameters witla priori knowledge are required.

formant-based speech synthesizers, their development requires . L )
precise estimation of parameters related to vocal tract and sour¢&Ppropriate estimation of parameters easily leads to poor

This requirement is difficult to satisfy and often results inquality of synthetic speech. This is especially the case with
limiting quality of the synthesized speech. The difficulty issounds characterized by their transitional portions such as stops
derived from the fact that estimation of the parameters is a no@"d liquids, and those characterized by zeros such as nasals. In
linear problem. Therefore, the completely automatic estimatiofder t© cope with these problems, we have developed a
of the parameters is quite difficult and some approximations dPrmant-based analysis-synthesis = system, where pole-zero
manual modifications of parameters wilpriori knowledge are analysis with glottal source waveforms is carried out based on
required in the development. In this study, mainly to make th&RX (Auto-Regressive and eXogenous input) model. Though
estimation more efficient and/or to assist developers doing tH¥' ARX mod_el-based _analySIS-synthe5|s system [4] was
manual modifications of parameters, a formant-based analysfl0P0Sed previously, unlike this system, our system has been
synthesis system is build. The system introduces pitdp_unt mainly to assist the manual modifications of parameters
synchronous acoustic analysis to reduce fluctuation of th@Uring acoustic analysis. In the system, to decrease unexpected
estimated parameters. Experiments show that quality ferturbations of parameter values, pitch-synchronous acoustic

synthetic speech of Japanese /r/ sounds is significantly improv@@2!ysis is introduced.
by using the proposed system. For evaluating the developed system, it is applied to the analysis
of Japanese /r/ sounds to improve their quality in synthetic
1. INTRODUCTION speecF;L Tough Japanese /r/ sgunds are ggnera%/ed sir%ilarly to
Recently, speech synthesizers based on waveform concatenati¥pivels within a short period, their formant movement is more
which can be built with a quite large amount ofeggh data, transitional. This characteristic usually makes it rather difficult
have been widely studied and used. These synthesizers dgfxtract formant frequencies precisely.

generate synthetic speech with high quality when the synthesji§ ihis paper, basic analysis methods in the system are presented
requires only a little modification from the original speechin section 2. In Section 3, our formant-based analysis-synthesis
waveforms. However, recent speech applications, such @Sctem s described. And application of the system to high

spoken dialogue systems, have come to request synthetic spegifijity synthesis of Japanese /r/ sounds and evaluation of the

with various speaking styles and emotions. To synthesize thegg,ngs are discussed in Section 4. Finally, Section 5 concludes
speech with the above synthesizers, a further larger speegly

corpus is necessary. In other words, without such a huge speech
corpus, the above synthesizers can hardly generate high quality 2. ACOUSTIC ANALYSIS

synthetic speech of various speaking styles. )

On the other hand, since a formant-based synthesizer can wgnl' M Ode“ng based on ARX model

simulate human processes of speech generation in frequeryr formant-based synthesizer is configured with four paths of
domain, flexible control of acoustic features is possible [1][2]cascade connection of pole/zero filters and three source
This means that, once a formant-based synthesizer is built withygaveform generators [3] (see Figure 1). And voiced sounds are
relatively small amount of sech data, it may be possible to generated by pole-zero filters excited by waveforms of a glottal

generate high quality synthetic speech of various speaking stylegurce model. FL (Fuijisaki-Ljungqvist) model [5] is adopted as

and emotions. the glottal source model. This model represents a voiced source
aveform as polynomials with six parameters and divides one

quality formant-based synthesis. The main problem is th Xcitation cycle into four sections. In this study, we used this
difficulty of precisely estimating acoustic parameters related tBnOda with twq parameters being f'.xed and the remaining fgur
vocal tract and glottal source. Although the formant-base arameters being Cof‘”o'!ed dynamlcally.and adequately. This is
synthesis has been studied in our laboratory [3], quality of th one to make the estimation process easier.

synthetic speech is often limited by this difficulty, which is The process of voiced sound generation in the synthesizer is

mainly derived from the fact that estimation of the targetmodeled by ARX model, which is represented in the following
parameters is a non-linear problem. It indicates that thequation.

paper.

However, several problems must be solved to realize the hi



nasal path waveform since the location of glottal closure correspond

_F5-F4-F3-F2-F1-Z2-P2-Z1-P roughly to their local peak of power. The estimated pitch marks
are also used to lessen computation load required for analysis
-~ vowel path for positioning the glottal source waveforms.
glotta _F5-FA4-F3-F2-F1-Z2-P2-71-
generato AAEaRakakciake 3. ANALYSIS-SYNTHESIS SYSTEM
— fricative path The estimation method described above still have some
fgﬁztr';’teo -P3-72-P2-71-P1- difficulty to apply because pitch marks must be estimated with
9 good accuracy. As told above, estimated pitch marks are used to
X stop path estimate other parameters. And the estimation is done by
é;nnp;':% -P4-72-P3-P2-71-P1- successive approximation. Therefore, in some cases, it is
required to correct the estimated pitch marks and/or to give

adequate initial values of the successive approximation.
Figure 1: Configuration of our formant speech synthesizer. o o
Symbols A, Fx, Px, and Z denote amplifier, formant (pole) EVven if pitth marks are detected correctly and the initial values
filter, pole filter, and zero filter respectively [3]. are given adequately, it .do.es not always follow that quality of
the synthesized speech is improved. In most of these cases, the

estimated parameters still show unexpected perturbations and
those are considered to degrade the quality. To improve the
quality even in those cases, manual iterative modification of
parameters are inevitably required and the modification should

P q
y(n)+> ay(n-i)=> bju(n-j)+en) (1)
i=1 j=0

And Figure 2 shows a block diagram of ARX model. be done by listening to speech synthesized bydated
parameters, not only by inspecting parameters visually on a
e(n) , 1 spectrum level.
A2) To facilitate these operations, we developed a formant-based
u(n) B(2) + y* y(n) analysis-synthesis system, which provides several functions for
;f\ > . . .
> A2) A developers. 1) Waveform input/output from/to disks or audio

devices, 2) editing waveforms, 3) acoustic analysis described in
Section 2, 4) editing pitch marks for pitch-synchronous analysis,
5) editing initial values for parameter estimation, and 6) editing

) ) o the estimated parameters directly used in our formant-based
If input u(n) is known, estimation of the ARX model parameterssynthesizer.

can be done by solving linear equations. However, since it is ) ) ) )
has to be treated as unknown. For this reason, it is required ¥ consisted of several windows. Waveforms, spectral features,
estimate parameters of the glottal source waveform model (Fiesidual waveforms, and estimated parameters are presented in
model), which are used to estimate ARX model parameters. Thigdividual windows on PC. Editing of several acoustic
estimation is done by minimizing error terms and theP@rameters described above is possible by using a mouse. And
minimization is a non-linear problem to solve. ThereforeSPeech synthesis can be done instantaneously by using the latest
successive approximation and this should be done by using@nalyzing and editing. For example, estimated parameters can be

Figure 2: Block diagram of ARX model.

priori knowledge. evaluated by a waveform/spectrum image and/or re-synthesized
speech. Once appropriate parameters are obtained, analysis of
2.2. Pitch-synchronous analysis the next frame can be started by using the obtained parameters

as initial parameter values of the frame. And this can

In speech waveforms, their power tends to concentrate on gynificantly reduce computational load for the estimation.
short segment and the segment is often found near glottal

closure. Since an interval between two consecutive glottafigure 3 shows this system schematically. It says that the system
closures is not always constant, acoustic analysis with fixel$ comprised of several modules. Since the structure of object
frame rate usually gives undesired perturbations of estimatdides is extensible, new functions can be added easily to the
values of the target parameters. current system.

One solution to this problem is lengthening an analysis frameto 4, FORMANT-BASED SYNTHESIS OF

the extent where the power distribution can be considered even JAPANESE /r/ SOUND

over the frame. In this case, however, results of the analysis do

not reflect dynamic features in speech. Another one is to redudghe formant-based analysis-synthesis system was applied to
the perturbations between a frame and its neighboring ones. Reaking a sequence of parameters to synthesize Japanese liquid
the reduction, pitch-synchronous analysis is introduced here. /) sounds. Though /r/ sounds are generated through a process
reference point used to determine the position of an analysésmilar to vowels, formant movements of /r/ sounds are
frame is called a pitch mark. It is desirable that the center of thgansitional. /rV/ (V is one of Japanese vowels, /a, i, u, e, of)
frame is located near a local peak of power and pitch markemplates for the formant-based synthesis are newly built with
should also be assigned to these peaks. In this study, the pitebr proposed system. Collection of the templates was done by
marks are estimated from autocorrelation of LP residualsing /VrV/ sounds (two vowels are the same). They were
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Figure 3: Block diagram of the proposed formant-based .
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spoken by a native Japanese female speaker and recorded with E% )
12 kHz and 16 bit sampling. The use of utterances in the form of F4  ®
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To evaluate quality of the speech synthesized newly with theg T ettt
IrVI templates, listening experiments were designed and carried 00— ‘ ‘ ‘ ‘ ‘ ‘
out. Reference speech were the /VrV/ natural speech collected 018 02 022 024 026 028 03 032

. t
above. With the reference speech, several types of synthesized [sec]

speech were compared. (a) /VrV/ samples simply generated by
analysis-re-synthesis, (b) /VrV/ samples generated by formant-
based synthesis of /V/ and /rV/ templates using our proposedw
system and their concatenation, and (c) the same as (b) excef®
that our former /rv/ templates were used. In order the §
comparison to be made only in terms of segmental features ofg

(c) estimated formant frequencies

. -1 L L L L L L L
the speech samples, FO and power pbserved in the reference 018 02 022 024 026 028 03 032
speech were used. The concatenation in (b) and (c) was based on t [sec]

the rules made in the development of our former formant-based

synthesizer, where discontinuous formant frequency parameters (d) re-synthesized speech waveform

were interpolated by a step response function of a critically
damped or second-order linear system and the other parametgrigure 4: Examples of applying the system to analyzing an /ara/
were interpolated linearly [3]. sound and its synthesis. (a) is original speech waveform, (b) is

Procedure of the stimulus presentation was as follows. Pairs \A?]ource waveform estimated by FL model, (c) is estimated

the reference natural speech and a synthetic speech sample Qfg?hnt fretquertwc(ijes, and (td) is waveform of speech synthesized
presented in sequence to 10 native Japanese speak@‘J € estimated parameters.

individually through headphones. Here, the reference sample

was always given as the first stimulus. After hearing them, theyiewpoint.

were asked to judge the naturalness of the sample in a five- . . .

degree scale (1 to 5), where the first stimulus, i.e. the referenée2. EVvaluation experiments using /Vrv,/

sample, was assumed to rank at 5. samples

Figure 5 shows the naturalness score of each /VrV/ sampl§ rv,/ (two vowels are different) samples generated by
averaged over the subjects. It indicates that quality of newormant-based synthesis of NV and /rVy/ and their
templates is higher than that of old templates and thaoncatenation were used here. In the experiments, duration, FO,
naturalness degradation from re-synthesized speech (a) 48d power were generated by using the rules adopted by our
formant-based synthesized speech (b) can be said to be quiéémer formant-based synthesizer. Unlike the previous
small. And in several /VrV/ patterns, the averaged score is ovefxperiments, natural speech samples or analysis-re-synthesis
4.0, suggesting that sufficient quality of liquid sounds issamples were not used as stimuli here. A pair gfY¥A/ samples,
provided by formant-based synthesizers from a practicane was generated by new templates and the other was by old
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Figure 5: Averaged scores for /VrV/ samples over the subjects.
(a), (b), and (c) indicate speech samples by analysis-re-synthesi
those by formant-based synthesis with new templates, and thos
by formant-based synthesis with old templates respectively.

templates, were arranged randomly. And twenty pairs were alsc /ém/
presented randomly to the same subjects as those in the previol firo!
section. In this experiment, they were asked to judge which was luro/
more natural and how was the difference. And the two tasks Jero/
were done simultaneously by selecting one of five answer average

candidates, which were from score —2 meaning that the secon
stimulus was quite inferior to the first one in naturalness to score
+2 indicating inversely.
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. Figure 6: Preference scores for each kind of speech sample

averaged over the subjects. In every case, the higher sco
means the larger preference of samples generated with n
templates. Although a few samples of new templates show lowe
quality in naturalness than those of old templates, the averaged
preference over the kinds of samples indicates large superiority
of new templates to old ones. In the previous section, several
speech samples of new templates showed quite low scores, suchl:
as /iri/ and /uru/. In this experiment, speech samples using /rV/
templates of /iri/ or /uru/, namelyxi/ and kru/, also show low
preference scores. This implies that quality ofri,/ is rather 2.
dependent on /ry's quality.

5. CONCLUSION

In this paper, a new analysis-synthesis system was proposed 3
mainly to make parameter estimation more efficient and/or to
assist developers doing manual edition of the estimated
parameters. In this system, to reduce perturbations of the
estimated parameters, pitch-synchronous acoustic analysis was
introduced and user-friendly GUI was also provided for 4.
developers. Through the GUI, they can do several operations
quite easily. Evaluation experiments were carried out using
speech samples including Japanese /r/ sounds. Results showed
that speech templates made with the proposed system gave us
higher naturalness than those with our former system. Analysis

of other kinds of phonemes, such as stops and fricatives, is one
of urgent future works.

§veraged over the subjects. Higher scores indicate that speech
§§mples generated with new,\and /rV,/ templates has better
ality.
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