Sp eech Synthesis Metho d for Man-Machine Dialogue

System and Psychological Ev aluation of Synthetic

Sp eech

Hideki KASUY

A, Chang-Sheng Y

ANG, W en DING, Jin-Lin Lu, and

T ak amitsu MA

TSUSHIT A

Department of Electrical and Electronic Engineering, Utsunomiya University

2553 Ishii-Machi, Utsunomiya 321, JAP AN

e-mail: kasuya@utsunomiya-u.ac.jp

1. Introduction

Required for sp eech synthesis in a man-machine dialogue system are exibility in con-

trolling 1) proso dic features, 2) segmental features and 3) extralinguistic (p ersonal) features

and 4) natural sounding voice quality

. In order to meet all these requirements, a sp eech

synthesis metho d that allows to indep endently control voice source and vocal tract char-

acteristics is indisp ensable. Although a waveform concatenation metho d as PSOLA (pitch

synchronous overlap add) is now appreciated well b ecause of its ability of generating natural

sounding sp eech, the metho d lacks by nature the �rst three requirements mentioned ab ove.

A formant-type sp eech synthesis metho d which obviously meets the �rst three requirements

has a long history of elab orated research and development and has realized many pro d-

ucts, but still su�ers from insu�cient synthetic voice quality

, p ostp oning achievement of

the fourth requirement. It is b elieved, howev er, that this is not b ecause of its theoretical

limitation as a synthesis scheme but b ecause of an insu�cient set of rules that has b een

used to generate synthesis parameters. In particular, acoustic manifestation of a consonant

is quite complex and thus control rules for the synthesis must b e highly sophisticated. Any

approximation to the acoustics causes degradation of p erceived quality of the consonant.

W e have developed a novel formant-type sp eech synthesizer based on concatenation of

CV templates, in which a set of formant and voice source parameters is stored as a template

of each of vowel-consonant-vowel segments of Japanese, instead of b eing generated by rules.

This is a compromise b etween scienti�c and technological approaches. Advantage of this

method is that structure of formant/antiforman t �lters b ecomes quite simple, consisting only

of a set of cascaded �lters. In this rep ort, presented are a novel ARX (an auto-regressive

with exogenous input mo del) analysis metho d to automatically extract formant/antiformant

and voice source parameters from an utterance, an algorithm to create the CV template,

a synthesis metho d, applications to the study of rhythm control in sp eech synthesis for

man-machine dialogue.

2. ARX Sp eech Analysis Metho d

2.1 ARX Sp eech Mo deling

Sp eech pro duction pro cess is mo deled as a time-v ariant I IR (in�nite impulse resp onse)

system with an equation error describ ed as the following equation:

p

X

i=0 a

i

(n)s(n � i) = q

X

j =0 b

j

(n)u(n � j ) + "(n) (1) where s(n) and u(n) denote an observed sp eech signal and an unknown input glottal

wa veform at time n, resp ectively

. In the ab ove equation, ai(n) and b j(n) are time-v arying co-

e�cients. p and q are mo del orders, and e(n) is an equation error asso ciated with the mo del.

F urthermore, u(n) is the di�erentiated voicing source signal based on RK (Rosenberg-Klatt)

model in which the radiation characteristics of the lips are included. The RK wa veform

model includes four parameters: pitch p erio d T0, amplitude A

V, op en quotient OQ, and

spectral tilt parameter TL. Equation (1) represents an auto-regressive with exogenous in-

put (ARX) mo del, b ecause the input signal u(n) of the equation is not white, whereas e(n)

is assumed to b e white. This is in contrast with ARMA (auto-regressive moving average)

model in which the input signal is assumed as white. Howev er, b oth mo dels can b e viewed

as a p ole-zero mo del. By p erforming the z-transform onto eq.(1), one gets the following

equation,

S (z ) =

B (z )

A(z )

U (z ) +

1

A(z )

E (z ) (2)

where S(z), U(z) and E(z) are the z-transform of sp eech signal s(n), voicing source

signal u(n), and equation error e(n), resp ectively

. Figure 1 shows an ARX mo del consisting

of an I IR �lter and an AR �lter. The vocal tract transfer function of voiced sounds is

represented by B(z)/A(z), whereas the sp eech pro duction pro cess of unvoiced sounds could

be approximated by an AR mo del with a transfer function 1/A(z).

2.2 Joint Estimation of V oice Source and V ocal T ract Parameters

An adaptive algorithm based on Kalman �lter is used to estimate the time-varying

coe�cients of ARX mo del, while the simulated annealing metho d is applied to estimate RK

voicing source parameters. By solving a p olynomial equation consisting of A(z) co e�cients,

formant frequencies and bandwidths are obtained, whereas the ro ots of a B(z) p olynomial

equation yields antiformant v alues. As there is no theoretical guarantee for the stability

of Kalman �lter, the estimated formant frequencies and bandwidths are monitored. F or

each unstable estimate, the negative v alues of bandwidths are inverted to achieve the stable

formant parameters. In the analysis, pitch p erio d T0 is de�ned as the interv al b etween

tw o successive glottal closure instants, since the instants can b e easily obtained from the

estimated RK glottal waveform. This de�nition seems quite reasonable from b oth pro duction

22

and p erception viewp oints. The op en quotient OQ is an imp ortant parameter to determine

spectral characteristics of the glottal waveform. A hybrid metho d has b een devised for the

estimation, in which two di�erent optimization criteria are successively applied in the time

and frequency domain.

2.3 Results of ARX Analysis

Figure 2 illustrates an example of the ARX analysis for an utterance of /muzuk asii

reedaio ob o eru/ (to learn a di�cult example problem) by a male, in which (a) and (b)

represent sound sp ectrograms of original and re-synthesized sp eech, resp ectively

, and (c)

and (d) resp ectively indicate original and re-synthesized sp eech waveforms. It can b e seen in

the �gure that acoustic characteristics of the re-synthesized sp eech signal stands comparison

with those of the original. In fact, p erceived quality of the re-synthesized sp eech was quite

similar to the original.

3. Creation of CV T emplates

Since acoustic features of a consonant C spreads not only over a sound interv al of CV

(consonant-v owel) but over a transitional segment from a preceding vowel V to the con-

sonant, the templates should b e prepared for all the combinations of a VCV sequence of

23

Japanese phonemic system. VCV was read by a sp eaker in a carrier sentence as /sorewa VCV

desu/ (That is VCV), for which the ARX analysis was p erformed. Articulatory movements

were then traced on the formant tra jectories, by computing several time-v arying functions of

formant frequency tra jectories. A starting p oint of a CV template is de�ned as a time p oint

where a value of the functions abruptly increases, while an end p oint of the template is re-

garded as a time p oint where a v alue of the functions rapidly decreases, signaling stationary

mov ements of the articulatory organs.

4. Sp eech Synthesis System

A prop osed sp eech synthesis system based on concatenation of the formant/antiformant

and voice source parameters is illustrated in Fig. 3. Inthe template dictionary

, formant/antiformant

(vocal tract) parameters and normalized values of the voice source parameters are stored for

each of the CV segments. On the basis of segmental information obtained by text analysis,

the vocal tract and voice source templates are retrieved in the dictionary . V oice quality

control algorithms, e.g., conv erting female to male voice, op erate on the vocal tract tem-

plates, which is followed by concatenation pro cess based on given duration of each mora.

The vocal tract parameters are given to the formant/antiformant network. Proso dic in-

formation, on the other hand, is used to generate a basic time pattern of the voice source

parameters and sub jected to the voice quality control, e.g., generating breathy voice. The

voice source parameters are then used to generate voice source signals which excite the for-

mant/an tiformant network. Moraic duration is determined on the basis of b oth proso dic

and segmental information.

Fig.3 Blo ck diagram of the sp eech synthesis system for man-machine dialogue.

5. Sp eaking Rate in Man-Machine Dialogue

5.1 Characteristics of Mora Duration in Dialogue

24

T emporal structure of Japanese mora duration was investigated in conversational sp eech

and read sp eech and compared in terms of variability of the duration and degree of context

dependency

. A text to b e read was made from the conv ersation, by syntactically smo othing

the original utterance in the dialogue. This metho d allowed us to compare the characteristics

of the duration in the tw o sp eaking mo des, based on nearly the same phonemic context.

Ma jor �ndings are as follows: (1) moraic durational variation increases by 30 % as compared

to the read utterance, (2) the average duration decreases by 21 % in the dialogue, (3) the

duration within a breath group and within a proso dic phrase is a�ected much more in

the dialogue than in the read utterance, and (4) putting emphasis do es not always cause

elongation of morae.

5.2 Preference Measurement of Sp eaking Rate of Synthetic Sp eech in Man-

Mac hine Dialogue

As a man-machine dialogue exp eriment with synthetic sp eech pro duced by the prop osed

method, tourist information task was organized, in which a tourist asked the machine several

questions ab out Nikko National Park by voice. Since sp eech understanding system was

not av ailable, a human exp erimenter recognized a question, chose an appropriate answer

to the question from the entry of answers and generated synthetic sp eech. T ourists were

required to make judgments on the preference of sp eaking rate of synthetic sp eech. Also

made was the same preference judgment for read-style synthetic sp eech, results of which

were compared with that for the dialogue. It was concluded from the exp eriment that (1)

addition of variabilit y of the moraic duration was not signi�cant to make synthetic sp eech

in the dialogue more natural, (2) faster sp eaking rates were preferred more in the dialogue

than in the read sp eech, (3) p eople who sp oke fast tended to prefer faster sp eaking rate,

and (4) elderly p eople preferred slow sp eaking rate b oth in the dialogue and read style than

younger p eople, indicating strong sp eaker dep endency of the sp eaking rate.

6. Summary

A nov el sp eech synthesis system has b een developed, which allows a exible control of

the proso dic, segmental, and voice quality features, using multiple templates of a Japanese

CV syllable consisting of formant/antiformant and voice source parameters. A new ARX

analysis metho d was developed to automatically estimate the template parameters from the

utterance. The metho d incorp orated time-varying Kalman �lter and simulated annealing

algorithm to jointly estimate the voice source and vo cal tract parameters. Man-machine

dialogue exp eriment with synthetic sp eech showed that a voice resp onse system should

manage sp eaking rate dep ending on individual questioners.

Keywords: sp eech synthesis, formant template, concatenation metho d, sp eaking rate