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ABSTRACT using well-established data, and the radiation effect is taken into
account. This synthesizer is then applied to model samples from

In this paper, we address the issue of how the perception of dig-corpus of speech data from persons with a range of speech pro-
orderness in selected types of speech disorders may be correlagg@tion disorders. By manipulating the vocal-tract area function
with the abnormal articulatory structure and with the related acougnd the voice-source characteristics, the synthesized speech can be
tic properties. As a first step towards this end we have develop@gtiged as being perceptually similar to the disordered speech sam-
an articulatory synthesizer based on frequency-domain simulatigyles (“target” sounds), thereby enabling a better understanding of
of vocal-tract wave propagation. The synthesizer has been implghat aspects of the synthesizer parameter manipulations and their
mented by three numerical methods — Runge-Kutta, ABCD magcoustic consequences are correlated with the perception of disor-
trix, and Finite difference, which provide frequency-domain solugerness.
tions to the transmission-line equation characterizing a lossy vocal
tract. The synthesizer is applied in preliminary experiments wheerevious work on disordered speech includes replacing the voicing
the synthesizer's outputs are used to match samples from a cormmirces of tracheoesophageal speech using LPC synthesis [6], anal-
of steady-state speech sound, obtained from a dysarthric speakssis of vocal tract area function in Parkinsonian speech [3], acoustic

uttered in the /hV/ context. analysis of dysarthric speech [4]. In the present paper, we focus on
studying steady-state speech sounds in the /hV/ environment, ob-
1. INTRODUCTION tained from a dysarthric speaker. The applications of our results are

primarily to understanding the effects of speech disorders on speech
The object of this study is to improve understanding of the articulaacoustics and on the perceived quality oésph. The work also
tory correlate(s) and the related acoustic properties associated wifis implications for understanding the interaction between speech
selected speech disorders. While listeners may distinguish dis@roduction disorders and speech coding methods which have been
dered speech from normal speech quite readily, studies have as glesigned and evaluated using only normal speech. As such, these
failed to identify the acoustical factors underlying these perceivegsults are expected to assist in the design of future systems for con-
distinctions. We hypothesize that an improved understanding of therting disordered speech samples into speech which is perceived
perceived differences between samples of some types of disordeeggbeing more like normal speech.
speech and normal speech may come from studies of differences in
the articulatory structures and in the articulatory-to-acoustic rela2. VOCAL-TRACT WAVE PROPAGATION
tions.

Sound waves are created by vibration and are propagated in air
Reported in this paper is a first step towards examining the abowgrough the transmission system. The vocal tract is a non-uniform
hypothesis by developing a specialized articulatory synthesizer cacoustic tube which begins at the opening between the vocal cords,
pable of simulating certain aspects of disordered (as well as najr glottis, and ends at the lips. A set of linear partial-differential
mal) speech. The design of the synthesizer has been basedejuations characterizing the acoustic wave propagation in a nonuni-
frequency-domain simulation of vocal-tract wave propagation. Thgyrm vocal tract system can be found in [5, 8]. et p(z,t) rep-
articulatory synthesizer is implemented by three numerical methesent the variation in sound pressure in the tube atipos: and
ods — Runge-Kutta approach, ABCD matrix approach, and finitemet, w = u(z, t) the variation in volume velocity flows the equi-
difference approach, which provide frequency-domain solutions faibrium density of air in the tubeg the corresponding velocity of
transmission-line equations that characterize a lossy vocal tragbund, andd(«, t) the “area function” of the tube. 1(z,t) = A
Both vocal-tract shaping (filter) and source excitation are modelgd time invariant, then sound waves in the vocal tract tube satisfy the

following equations
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Since the vocal/inasal tracts constitute lossy tubesoofuniform 3. FREQUENCY-DOMAIN SOLUTIONS

cross-sectional area, it is conventional to break up the tracts into a

number of contiguous cylindrical sections so that the sound wavé the following, we will present three numerical integration ap-
in each section satisfy Eqn. (1). proaches, with tradeoffs between computation efficiency and sim-

ulation accuracy, to solve Eqgn.(3) with boundary citinds given
If the vocal tract configuration is constrained to be quasi-static (ovdry Eqns.(4) and (9) for arbitrary vocal tract area functions. Such
a short period of time which we call a frame), then the steady-staslutions provide considerable insights into the nature of the speech
solution to the vocal tract transmission equations can be obtaingdoduction process and of the spectral properties of the speech sig-
by transforming the equations to the frequency domain. Expresal. For purposes of simplifying the writing, we will use the fol-
the variation in sound pressupéz, t) and the variation in volume lowing notations:Py = P(0,w), Uy = U(0,w), P = P(z,w),
velocity flow u(z, t) for a complex exponential excitation directly U = U(z,w), P, = P(l,w) andU; = U(l, w).
as

p(z,t) = P(z,w)e’", u(z,t) = U(z,w)e’™", 2 3.1. Runge-Kutta approach

wherew is angular frequency angl is the imaginary unit. Sub-

stituting these solutions into Eqn.(1) gives the ordinary differentiaP©!Ving Ean.(3) with boundary coitibns given by (4) and (9) is
equations relating the complex amplitudes a two-point-boundary-valugl’P BV') problem. Since initial value
Uy and boundary valug; are known, we first transform tfi 8P BV

dP(z,w) _ —ZU(z,w), dU(z,w) _ —YP(z,w), (3) Problemtoaninitial-value problem, i.e., to obtain the initial value
du du P,. The boundary coritions (4) and (9) can be expressed in the

where ) ) standard form as

g Jwp _ JwA(m)‘

A(z)’ pc? M[Po]+N[PI]:[o] (10)
The boundary coritions are (in an ideal case) Uo Ui Ug |’
P(l,w) =0, U(0,w) = Uy(w) (49 andEqn.(3) as
EliminatingU (¢, w) or P(z,w) from the two equations (3), the set dP/dw p
of equations for sound propagation reduces to thélfanwWebster [ U /d: ] =1L [ U ] , (12)
Horn equation:
2 where
TPEY) — 2vP(e,0) © ]
x _[0 0] _[1—Zmd] _[0 —Z]

or M = , N = , L= . .

P2U (5, 0) Y, 1 0 0 -Y o

g = ZYU (z,w). (6) . _ o (12)
This pair of equations have been derived under the assumption%lpCe the solution to Eqn.(11) is given by
no energy loss in the tube. In reality, energy lose exists as a result p LI
of viscous friction between the air and the walls of the tube, heat [ U: ] =e" U (13)
conduction through the walls of the tube, and vibration of the tube L -
walls. To include these effects should be changed intd = At — 1, we have
Z + R,,andY intoY =Y 4 Y, + G, whereR, characterizes i i
the effect of viscous friction at the tube wa¥,, the effect of the P nl Po
vibration of the tube wall(yielding wall), an€, the effect of heat [ U, ] = Uy (14)

conduction. Since the vocal tract tube terminates with the opening _ o
between the lips, the effect of speech radiation at the lips can aibstituting Eqn.(14) into Eqn.(10), we can elimindteandU;

represented by from Eqn.(10) to obtain the initialandition
Pmou l7 - Zra Umou l7 =0 7
en(l,w) d en(l,w) (7) (M + Net [ 50 ] _ [ g ]7 (15)
whereZ,.q is the frequency-domain radiation load: 0 g
pc  JwRiL; o
Zrad = 5 8
1T Aw) B+ gl ©) [ Po ] — (M + Ny~ [ 0 ] : (16)
Uo U,

with R; being the radiation resistance of the vocal-tract &ntie- ] ) o N
ing the radiation inductance of the vocal tract. For the purpose &folution to Eqn.(3) with the initial endition Eqn.(16) can then be
studying the frequency-domain characteristics of the vocal-tract, t§&Sily obtained.

relation between pressure and volume velocity at the glottis is giv

by [2]: “For notational convenience, we note that in Eqn.(&4),is a2x2

Y, P(0,w) + U(0,w) = U, (w), ©) matrix. Therefore, let

whereY is the admittance of the glottis aff (w) is the equivalent [ A B ] Ll
=e .
¢ D

volume-velocity source. 17)



Then by interval[0,!]. The differential equations are transformed to finite-
difference equatiortsaccording to the rule

Y,Po+Uy, = U, (18)
df
|: ]UJI :| - |: é g :| |: ]UJO :| (19) % - (.fk - fk—l)/A.’L‘ (28)
1 0 g = (gk + gk+1)/2 (29)
P = ZradUh (20)

whereAz = 1/(N — 1), fr = f(kAz), gr = g(kAz). We obtain
we obtain the following relations

Pk—Pk_l _ > Uk+Uk+1
g - P _ Zwa(AD - BC) 21) —, = h—— (30)
Uy A—CZyaa Uy —Upr o Pr+ Pry
—_ = -, — (31)
7. _ & _ -DZrad - B (22) Az 2
o - UO - A-— CZrad or
U, AD - BC
- = 23 _ _
Uy A—CZraa (23) P+ %ZkUk —Puly %Zk_lUk_l = 0 (32
L T _ _
Note that the mat_rlxc: can repre_sent any portion of the tract, of EYkPk LU+ EYk—IPk—l —Ui, = 0 (33)
any length or variable cross-sectional area. Therefore any portion 2 2

Lix; + _
i 171 —

of the tract is obtained by multiplying the matricpge fork =1,2,..., N — 1. The complete system of tl2éV equations

L., N for _:he sequence of elementary homogeneous SegmeRfSiermines the acoustic pressure and volume velocity distributions.
comprising it.

Since
3.2.  ABCD matrix approach 1 Z P | 1 —Zr, Pi_y
;o1 U | | =Y, 1 Ur_y
The characteristics of sound propagation in the vocal tract tube can (34)
be described by drawing upon the elementary electrical theory. Fgr P, 1 7 -1 1 _7: P,
a vocal tract withl in length, sending-end(glottis) pressure and vef[ U ] = [ v o1 ] [ _yr 1_1 ] [ Uy |
locity P, andUy, the receiving-end(mouth) pressure and velocity k k=t (35)
P, andU; are given by [8] where
" Az — « Az _
P, = cosh(yl)Py — Zsinh(y1)Us (24) Zy = 2r Vi = 5T, (36)
Ui = -—Ysinh(y)Py + cosh(yl)Uo, (25) we have
Py_1 = ZraaUn—1 (37)

whereZ, = (Z/Y)/?, Yy = (Y/Z)'/* andy = (ZY)'/2. The
above equation can be represented by the followA®R)” D matrix [ 5§—1 ] — A;fl—lBN—lA;fl_QBN—Q-..Al_lBl [ 52 ] 38)

al-le s [n] 26) YR+ = U @)
U, C D U
where

as Eqn. (18). Again, thd BC D matrix can represent any portion = [ _Yl* Zlk_l
of the tract, of any length or variable cross-sectional area. Therefore k=t
the cross-sectional area function is computed at some finite numhes;

of points NV and the tube approximated as a concatenation of piece-

wise _constant segments. Th(_e cr_]ain matrix for_any portion of the A B ] — A Bn1AS ,By_s.. AT By, 41)
tract is then obtained by multiplying tie<2 matrices for the se- ¢ D

guence of elementary homogeneous segments comprising it.

with obviousA, B, C andD elements. Eqn.(26) has the same form 1z
Ap = [ ] , B ] (40)

then Eqn.(38) can be seento have the same form as Eqn.(18).

3.3. Finite difference approach 4 SIMULATION RESULTS

The differential equations ] ]
The vocal system is characterized by a set of resonances (formants)

dP 5. dU 5 that depend primarily upon the vocal tract area function. When the
=-ZU, —=-YP 27) . .
area function4(z), the wall impedance, and the loss parameters of

dr T dz
) - . . . the vocal tract are specified, we can compute the speech signal for
are first transformed to a set of finite-difference equations. leeg variety of sounds F\)Nith a s’ource of eithgr a uasiF-) eriodicg Ulse
the lengthl of the vocal tract, the glottis located at= 0, and the y q P P
mouth located at = [, we seek the acoustic pressure and volume 1This approach is identical to that used to solve the basilar membrane

velocity at N equally spaced point§ = 0,1,...,N — 1) onthe vibration model published in [1].




waveform or a random noise waveform. In our current early stagerogresses of this research will lie in refinement of the articulatory
of the study, we used the synthetic pulse waveform of the form [7lsynthesis tool and in detailed examination of the synthesizer pa-
rameters responsible for producing sounds of the disorderditiqua
- Our experiences also suggest that there is a strong need to develop
semi-automatic approaches to aid selection of the synthesizer pa-
rameters, from which further fine modifications of the parameters
otherwise (42)  will quickly lead to synthesis of the sounds close to the target one

. . . . _containing a quality of disorderness.
The synthesized speech signal in the frequency domain is obtained
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This paper reports our preliminary efforts devoted to understar
the possible articulatory and acoustic correlates of the percept
the disordered speech ditya We have described in detail the toc
of specialized articulatory synthesis already developed that v
enable us to tackle the problem. Among the three methods (R
Kutta, ABCD matrix, and Finite-difference) for implementing 1
frequency-domain synthesizer by finding numerical solutions t
transmission-line equation characterizing the vocal tract, the f
difference solution appears to best balance the tradeoffs be
computation efficiency and simulation accuracy.

While at the early stage of the study, we have run a version ¢
synthesizer aimed at matching samples from a corpus of st
state speech sounds recored from a dysarthric speaker. By pe
ing detailed acoustic analysis on the disordered speech, we
been able to manipulate the vocal-tract area function and the
tation waveform characteristics so as to gradually improve the
ilarity between the synthetic speech and the target speech, b

the quality of perception and in the spectrographic display. Fu Jisor

2The speaker is a 78-year old male. His dysarthria is characteriz
slurring, omission of phones and by a rapid but unstable rate of speak



