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Abstract :  "llais paper presents a new prol~x4al to syntbesize natural sounds with less control tmrameters by 
combining the inverse speech production and pitch-synchronous articulatory synthesis. The pitch-synchronous 
excited Reflection-Type Line Analog (RTLA) model is employed as the synthesis filter. Multi-rate system 
sampling and dynamic scattering wave adjustment are used to handle the variable VT length and the acoustic 
continuity. "lice synthesizer is controlled by vcw.al-tract (VT) a~a  functions. Given the targets of formant tra- 
jectories, the dynamic: VT area function which is modeled by time varimat VT length is derived using an inverse 
solution of speech production. A distinguishing feature, of this rnethcxt is that aait3ci',dly specified fomumt trace 
can be precisely aimed in the synthetical sounds. Experin~ntal results show that the forrnant target can be well 
matched by the synthetic sounds. Potential application to tex t - to-s i~ .h  conversion of this method is dis- 
cussed. 
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INTRODUCTION 

Synthesis of natural speech sounds with less 
control parameters has practical significance, es- 
pecially in text-to-speech ( T I S )  for producing 
sounds with artificially specified formant targets 
and scaled pitch parameter so that the timbre of 
speech output can be arbitrarily toned. Klatt's 
forrnant synthesizer and articulatory synthesizer 
are traditional parmneter controlled synthesizers. 
However, the forrnant synthesizer needs too 
many parameters and the natural quality of the 
sound is not satisfactory. The articulatory syn- 
thesizer which is mainly driven by vocal-tract 
(VT) area function has shown its promising ad- 
vantage in producing natural sound with less con- 
trol parameters. But the inverse problem stands 
in the way of the application of articulatory syn- 
thesis. Gupta et al. (1993) and Schroeter et al. 
(1994) proposed an analysis-by-synthesis meth- 
od to estimate the VT shape (with a fixed VT 
length) by matching the entire spectrogram of 
synthetic speech to the target spectrogram. How- 
ever, if we wish to synthesize sounds of targeted 

formants that are either real estimated or speci- 
fied "artificially, it is essential to invert formants 
to VT area function and co-design the articulato- 
ry synthesizer accordingly. 

Schroeder (1967) and Merrnelstein ( 1967 ) 
established the fundamental theorem for resolving 
the problem from formants to VT shapes. Kelly 
and Loch-baum invented an area function con- 
trolled synthesis model ( K-L model) ( Kelly et 
al. , 1962). Later, this model was developed as 
the Reflection-type Line Analog model (RTLA) 
(Liljencrants, 1985), which is simple and has 
good flexibility to take into account the effect of 
dynamic VT change and to insert various types of 
losses into the sound production simulation. The 
authors of th'~s paper have proposed an improved 
method to determine VT area function from the 
formant target based on perturbation theory and 
interpolation method incorporated with codebook 
techniques (Yu et a l . ,  1996; 1997). But how 
to combine the inverse solution and the synthesis 
model to produce sounds for targetted formant 
traces still remains to be. resolved. 

This paper presents recent developments in 
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combining the RTLA synthesizer and the inverse 
solution for specified formant trace targets of 
vowel-to-vowel ( V V )  transition. The reason for 
using the RTLA synthesizer is that it is simple 
and has good flexibility to take into account the 
effect of dynamic VT change and to insert various 
types of losses into the simulation procedure of 
speech production. The VT model with variable 
VT length for obtaining more reasonable and 
smoother dynamic behavior is featured in this 
method. 

P1TCH-SYNCHRONOUS RTIAt SYNTHESIZER 

The entire system to implement the synthesis 
consists of two mainparts: the synthesis model, 
and the inverse solution of speech production. 

The synthesis model is shown in Fig. 1. The 
vocal-tract is simulated by a reflection type line 
an'dog model with which the forward and back- 
ward partial waves of either air pressure or flow 
are handled by the scattering principle (Liljen- 
crants, 1985).  The RTLA model is excited by 
the Rosenberg's glottal wave with pitch-synchro- 
nous pulse shape (Rosenberg,  1971).  The time 
varying pitch duration and the gain of the excita- 
tion can either be estimated from real speech,  for 
voice copy synthesis, or artificially specified as 
desired on the base of estimation, for voice mim- 
ic synthesis. To fit in with the variable VT 
length and under-sampling of VT area function, 
two special aspects are emphasized. The first as- 
pect is ass.o~, iated with the dynamic scattering 
that elaborates the area change during wave scat- 
tering and the second aspect is related to the 
variation of VT length. 

Rg 
ug(t) 

LI 

Reflection 
type line 
analog of 

vocal-tract :fILL 
Fig.  1 S t ruc ture  of  the ardcula tory  synttw~lTer 

1. Dynamic wave scattering 

Usually, wave scattering occurs simulta- 
neously with VT area function changes. Dynamic 

scattering is employed to account for area change 
for the purpose of better smoothness of wave 
scattering. The scattering is divided into two 
separate stages, a stage of area change and a 
stage of static scattering. First, the waves are 
adjusted as expressed below. 

ri,tb = r i , t_  -- ( ri, t_ + s i , t_  ) . / k Z i / 2 Z i +  

Si,tb = S i , t -  -- ( l ' i , t -  + S i , t -  ) ~ A g i / 2 Z i +  ( 1 )  

where r i and  si are the forward and backward 

partial waves of air flow, Zi  = p "  c / A i  is the 
acoustic impedance of the i-th section tube with 
cross-sectional area A i . t - and  t + are the  

successive sample intervals, and tb denotes the 
moment after area change and before scattering. 
Then, static scattering is (tone as expressed be- 
lOW. 

r i+l , t+ = (1  + k i )  �9 ri. b + k i �9 Si+l,tb (2) 
Si,t+ - ~ -  k i �9 ri, b + (1 - k i )  Si+l,tb 

where k i is the reflection coefficients of waves at 

the joint of two successive tubes and k i = ( A i +  1 

--  A i ) / (  A i  + A i + l  ) = ( Z i  - Z i +  1 ) / (  Z i + 

Z i + l  ) �9 

2. Sampling rate conversion 

The second aspect is the variation of VT 
length, qlae inverse solution gives frame-by- 
frame and pitch-synchronously segment-based 
VT parameters. For obtaining good smoothness, 
area functions and VT lengths is interpolated in 

1 
each frame with ~- at the system sampling fre- 

quency. To have a fLXed section number of VT, 
the system sampling should vary as by the 
~lua t ion  Ti  = 2"  l o / c  ( l o  is time-variant now).  

output signal x ( n ) is converted into y ( m ) 
with constant sampling of To by an interpolation 
fdter (Wu et a l . ,  1987),  

y ( m )  = Ti N~ 
2----~ " ~ x ( n )  �9 ( m T o  - n T , )  �9 

t~ = N I 

s i n [ 2 7 r ( m T o  - n T i ) / T c  ] 
(3)  

2 ~ r ( m T o  - n T i ) / T c  

where Tc > T i / 2  and T~ > To/2  is temporal sam- 
piing rate. The 4 - 5 points rectangular window 
w ( �9 ) is symmetric around the point of the input 
signal. 

To account for the VT losses, a loss factor 

)'i = 1 - 0 . 0 0 6 "  lo /~ /~ i  is inserted into ( 2 )  to 
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attenuate partial waves in each section tube. 

THE INVERSE SOLUTION 

The inverse solution of speech production 
yields the dynamic VT area function for given 
targets of formant trajectories. The proposed in- 
verse solution is achieved by using a VT area 
function modeling, an unique acoustic-geometric 
mapping codebook, zero frequencies and VT 
length interpolation, and the perturbation theo- 

ry. 

1. VT area function modeling 

In the application of the perturbation theory, 
the VT area function is represented by 

2N 
l o g [ A ( i ) ]  = log[A0] + ~ [ p ( k ) -  cos(k~r �9 

k=I 
i �9 l0 

]L ) ] '  i = 1 , - - - , M  (4)  

where i indicates the concatenate section tubes 
from glottis ( i = 1 ) to lip end ( i = M,  the num- 
ber of sections),  l0 is the length of each section 

tube, L is the total VT length which varies with 
time, A0 is the area of the uniform VT tube, and 
p ( k ) ,  k = 1 , ' " ,  2 N  are the coefficients of the 
terms of band-limited Fourier cosine expansion. 

2. The perturbation theore~ 

According to Schroeder (1967) and Mermel- 
stein ( 1 9 6 7 ) ,  given the distortion of the reso- 
nance frequencies of the VT (poles,  identical to 
the formants) Fp ( k ) ,  k = 1 , ' - - ,  N and that of 

the lip closed VT (zeros) Fz ( k ) ,  k = 1 , ' " ,  N ,  

the area perturbation can be uniquely deter- 
mined, assuming that L is known in advance. 
Define 

DF = [ A F p ( 1 ) / F p ( 1 ) , " ' , A F p ( N ) / F p ( N ) ,  
AFt(  1 )/ F , (1)  , " - ,  AF,(  N) /Fz(  N) ]T 

(5) 

and 

Dp = 

A p ( 2 N )  ] T ( 6 )  

where Ap ( k )  is the variance of the k th area 
perturbation, and 3Fp  ( k ) / Fp ( k ) or AFz ( k ) / 
F , (  k ) is the variation of the kth pole or zero 

frequency. A cross sensitivity matrix AeN• = 

{ ai.) I is defined by 

D ~ = A2N• • D O, (7)  

where D ~ is the testing variance of area pertur- 

bation and D Ò is the corresponding variation. 

The element of AzN• ~i,j, is the Jacobian 
which can be. obtained by direct VT calculation. 
The following formula can serves as guideline for 
inferring the trial increments { Ap ( k ) t for de- 
sired variation of I Fp ( k ) } and I Fz ( k ) I 

A2Nx2N • Dr (8)  Dp = -1 

Incorporated with the direct VT calculation, the 
Newton-Raphson procedure is employed to mini- 
mize the error between the calculated { F p  ( k ) ,  

Fz ( k ) } of the candidate t p ( k ) } and the target 
(Yu et al.  , 1996).  

3. Dynamic acoustic and geometric constraints 

Usually, only the poles (formants)  can be 
estimated from the normal speech signal, while 
the zeros cannot or are very difficult, if not im- 
possible, to estimate. To utilize the above per- 
turbation method given formant targets only, ad- 
ditional acoustic targets, viz. { F,  ( k ) t , and 

VT length L are interpolated between the end- 
points, i . e .  the starting and destination of the 
VV transition (Yu  et a l . ,  1996) .  These {Fz 

( k ) t and L are then merged with the given for- 
mant target I Fp ( k ) } to become the virtual tar- 
get of the inverse process. The endpoints param- 
eters can be determined by an improved acoustic- 
geometric mapping codebook ( Y u  et a l . ,  
1997).  The codebook is generated in the follow- 
ing way. Initially, seven VT pmmneters,  namely 
L,  { p ( k ) , k  = l ' " , 2 N } ,  are quantized in 
suitable ranges. From these quantitative vectors, 
VT area functions are calculated by ( 4 ) .  Geo- 
metrical constraints are applied to avoid unrea- 
sonable VT shape. Acoustic constraints that 
vowels normally reside in a confined boundary in 
each of the Fl - F2,  F1 - F3  and F2 - F3 sub- 
spaces are also applied on the calculated acoustic 
vectors. In addition, a distributed VT length in 
Fl - F2  subspace which is well defined based on 
measured data is used as a combined geometric 
and acoustic criterion to ensure the uniqueness of 
the code vectors. Finally, all the surpassed code 
vectors are clustered by acoustic and geometric 
optimization into an unique acoustic-geometric 
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mapping codebook with a much smaller size. 

EXPERIMENTAL EVALUATION TESTS 

Experimental tests were cor~ducted for evalu- 
ating the proposed method. The procedure of the 
test is shown in Fig. 2.  

I Specification of formant targets 

I Inverse solution [ 

I Synthesis 

I Formant trace analysis 

I Comparison k 

Fig. 2 Flowchart of experimental test 

The formant trace target, pitch and gain pa- 
rameters are either artificially specified or esti- 
mated from real uttered vowel-to-vowel sounds. 
In the case of real sounds, the parameters are 
estimated by the " Xwaves" of Entropic ESPS 
tools (Entropic ,  1993 ) .  The inverse solution 
and synthesis are performed with the method de- 
scribed above. Quantitive analysis with nunmri- 
cat comparison between the formant trace of the 
target and that of the synthetic sounds ia t a r r ied  
out. A root mean square relative error ( R M -  
SRE) and a root mean square error ( R M S E )  be- 
tween the formant trace of the synthetic sound, 
F ~ ( t , k ) ,  and the target, F ~  a r e  de- 
f n e d  as 

ES. 'V  T . K  

and 

= 7  

(9) 

, ~ _ ~ + [ - P ( t , k ) -  P ( t , k ) ]  2 
T -  K (10)  

The RMSRE and RMSE indicate the average 
level of the relative error and the absolute error, 
respectively, between the formants of the syn- 
thetic and the targets againt time and all the 
three formants. Fig. 3 and Fig. 4 show the spec- 
trograms of the synthetical sounds "targetted to an 
estimated formant trace of real s o u n d / a e / a n d  to 
an "artificially specified formant trace o f / a e / ,  re- 
spectively. Fig. 5 and Fig. 6 show comparisons of 
the formant trace of synthetic sound (solid lines) 
to the target trace (dashed l ines ) .  The numeri- 
cal data revealed that the SRMRE and SRME of 
the estimated target are 0.  056 and 3 5 . 5  Hz re- 
spectively, and SRMRE and SRME of the artifi- 
cial target are O. 027 and 3 3 . 0  Hz respectively. 
These data indicate that there is good matching 
of the formants of the synthetic sounds to the tar- 
gets; and that the sounds are perceptually rea- 
sonable. 

[ " ' , ' r,+ i" l,,,lli'!r'l '~ .... I .... , .... I .... , .... i .... , .... 

+ + . 

" - - - - - - - - + "  i'+"l'+ +x+'lilll " 
k. ""'-I ~''++" " #  + + I . '  ,,~. I_ +..-k - 

I ..... +, 
" , _  , , .  , ,  ,,u 

0.1 0.2 0.3 0.4 0.5 

Fig.3 Spectrogram of/ae/for estimated target 
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. taitul i/i,i.ilLlidli'ltt ,,tmi'rHIl ~'ff~r"' ' ' 
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Fig.4 Spectrogram of/ae/ for artificial target 

DISCUSSION AND CONCLUSION 

There are several features of this present 
method. Firstly, this proposal implemented the 
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formant trace targetted synthesizer. VT area 
function that is modeled with variable VT length 
and derived from the format trace target through 
inverse solution, controls the synthesizer in the 
way of simulating the real world human speech 
production. Therefore, it provides natural quali- 
ty and good dynamic behavior of the synthetic 
sounds. The elaborately designed optimized co- 
debook combined with the multi-rate sampling 
conversion overcomes the increased non-unique- 
ness of the inverse mapping and multi-rate sam- 
pling in synthesis due to the variable VT length. 
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Secondly, this approach needs only the first 
three formant traces as the acoustic target to find 
the VT shapes. There is an advantage concern- 
ing its potential application to speech synthesis 
in TYS. In traditional rFFS, a database from 
which the acoustic signal is synthesized is neces- 
sary. If the database is created according to 
spectrogram matching for an individual speaker, 
it is difficult to modify the sound timbre other 

than that of the training speaker. While with our 
method, the formants trace and pitch period can 
be artificially and arbitrarily specified indepen- 
dently of an individual training speaker. This 
property cannot be obtained by the method of 
Gupta et al. (1993) .  Furthermore, unlike the 
formant synthesizer, the bandwidths need not be 
targetted because the RTLA model synthesizer 
inherently yields these characteristics. 

Thirdly, compared with the concatenate 
technique, typically the PSOLA approach, of 
speech synthesis, the present method can more 
feasibly control speech timbre. In PSOLA, only 
the pitch can be controlled. While in the present 
method, both pitch and formant traces can be 
controlled. Pitch control can be achieved just as 
same as in PSOLA. Formant trace control can be 
realized by deriving the area functions from for- 
mants in the inverse phase. The area functions, 
on the other hand, affect the formant traces 
through the RTLA module in the synthesis 
phase. Therefore, by using the present ap- 
proach, pitch and formants as speech timbre can 
be controlled precisely and separately. 

It should be pointed out that this approach 
cannot cover the consonants because it is mainly 
based on the perturbation method aimed only at 
the resonance frequencies of the VT as the 
acoustic target of the inverse problem. However, 
it is possible to deal with the consonants by other 
simple ways such as the overlap-add technique 
being employed. The general idea is, the vowel 
part can be handled by our present technique 
while the consonant part can be simply copied 
from the real speech waveform and the entire 
speech can then be reassembled by using the 
overlap-add technique, for instance PSOLA 
(Moulines, 1995). Another possible solution is 
that a consonant to vowel transition can be artic- 
ulatorily synthesized with dynamic transitional 
VT shapes. The VT area function of the vowel 
part is resolved as described and that of the con- 
sonant part can be selected from a frozen set. 
The frozen VT shapes can be estimated by some 
other methods, for example, direct measurement 
or analysis-by-synthesis technique. Because 
there are only limited consonants and the sound 
timbre is mainly involved in the variation of vow- 
els, it is reasonable to freeze the consonants' VT 
shapes while determining the underline vowels' 
VT area shapes. In this way, there is no neces- 
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sity of an on-line inverse process for consonants. 
Our ongoing investigation is addressing this sub- 
ject. 
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