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ABSTRACT 

The shape  of 
t r a n s i t i o n s  convey 

t h e   v o c a l   t r a c t  and i ts  dynamic 
a n   e s s e n t i a l  D a r t  o f   the   phonet ic  

information  in   speech.   Therefore   the way t o  
r e p r e s e n t   t h i s   s h a p e  i s  impor t an t   fo r   t he   qua l i t y   o f  
speech  coding o r  speech   syn thes i s .   I n   t h i s   pape r ,  we 
first s tudy   the   in f luence   o f   the   spa t ia l   sampl ing   of  
t h e   a r e a   f u n c t i o n  upon t h e   a c o u s t i c   c h a r a c t e r i s t i c s  
of t h e   v o c a l   t r a c t ,  and  determine an optimal 
sampling  step  minimizing  the  computational  cost  
without   perceptual   degradat ion.  In a second  par t ,  w e  
dea l   w i th   t he  problem  of  continuous  variation  of  the 
v o c a l   t r a c t   l e n g t h   f o r  a KELLY-LOCHBAUM r e f l e x i o n  
l i n e   a n a l o g   s i m u l a t i o n  : we propose a method of  
temporal  sampling  frequency  conversion. 

INTRODUCTION 

The transformation  of  an  idea  into  speech 
s i g n a l  is real ized  through a s e t  of  semantic, 
syn tac t i c ,   phono log ica l ,   a r t i cu la to ry  and  acoustic 
opera t ions .  The production  of  the  speech  signal 
i tself  s t a r t i n g  from t h e   v o c a l   t r a c t   s h a p e  is t h e  
l a s t  s t e p   i n   t h e   c h a i n  : a t  t h a t   l e v e l ,   t h e  
information is coded as q u a s i   s t a t i c   s h a p e s   o f   t h e  
v o c a l   t r a c t  as wel l  as dynamic t r a n s i t i o n s .  Thus, 
f o r   o b t a i n i n g  a good qua l i ty   syn the t i c   speech ,  it is  
important  to  have a good desc r ip t ion   o f   t he   a r ea  
f u n c t i o n .   I n   t h i s   p a p e r ,  we first a t t e m p t   t o   a s s e s s  
the   e f f ec t s   o f   t he   spa t i a l   s ampl ing   o f   t he   a r ea  
f u n c t i o n  upon the  corresponding  acoust ic   character i -  
s t i c s ,  and we t r y   t o   d e t e r m i n e   t h e   o p t i m a l   s p a t i a l  
sampl ing   s tep   for   the  area func t ion .   In  a second 
p a r t ,  we study  the  problem  of  vocal  tract   length 
cont inuous  var ia t ion  in   the  f rame  of  a KELLY- 
LOCHBAUM (K-L) ref lexion  l ine  analog  s imulat ion  and 
der ive  a sampling  frequency  conversion  method. 

1. AREA FUNCTION SAMPLING EFFECTS 

1.1 The Problem 
In  speech  production  simulations,   the  vocal 

tract i s  conventionnally  approached by a cascade  of 
c y l i n d r i c a l   t u b e s  : t he   a r ea   func t ion  is then 
def ined by the  length  of   these  tubes  and  their  
c ross -sec t iona l  areas. I n   t h e  frame of a K-L 
s imulat ion 161 171, we a r e  bound t o  use  the same 
l e n g t h   f o r   a l l   t h e   t u b e s  : t h i s  i s  a kind of s p a t i a l  
sampling  of   the  area  funct ion.  The problem is  t o  
s tudy  the  effects   of   the   sampling  s tep  ( the common 
l eng th   o f   t he   cy l ind r i ca l   t ubes )  upon t h e  

corresponding  acoust ic   propert ies   (e .g .   formants  and 
bandwidths),  and t o  determine  an  opt imal   s tep  to   get  
the  lowest  computational  cost   without  any 
percept ib le   degrada t ion   of   the   acous t ic   p roper t ies  
o f   t h e   s i g n a l .  

1.2 Tools,  Method  and Results 
To as ses s   t he   e f f ec t s   o f   t he   spa t i a l   s ampl ing ,  

we have  defined  as  references 4 vowel and 9 
f r i ca t ive   conf igu ra t ions   ( f rom 141 ) ,  of  which a r e a  
f u n c t i o n s   a r e  sampled  every 1 mm.  Then, w e  have 
computed for   each   re ference   conf igura t ion ,  new a r e a  
funct ions  with a sampling  s tep  increasing from 2 t o  
30 mm.  

This  undersampling is  r e a l i z e d  by a 
transformation  under two c o n s t r a i n t s  : (1) keeping 
t h e   t o t a l   l e n g t h   o f   t h e   v o c a l   t r a c t   c o n s t a n t ,  ( 2 )  
keeping   the   loca l  volume cons t an t ,   i . e .   t he  volume 
of  each new c y l i n d r i c a l   t u b e  is equa l   t o   t he  volume 
def ined by t h e  same coord ina tes   a long   the   voca l  
t r ac t   mid l ine  as i n   t h e   r e f e r e n c e   t r a c t .  

The undersampled  vocal t r a c t   c o n f i g u r a t i o n s  
a re   then   used   to  compute t h e   t r a n s f e r   f u n c t i o n s  
(between  the  l ips   output   f low and t h e   g l o t t i s   i n p u t  
flow  for  vowels,  or t he   cons t r i c t ion   i npu t   p re s su re  
f o r   f r i c a t i v e s )  and the i r   decomposi t ions   in to   po les  
and  zeros,  by means of  a frequency  domain  vocal 
t r a c t   s i m u l a t i o n  111. I n   o r d e r   t o  assess t h e   e r r o r s  
induced by the  undersampling, we determine  the 
r e l a t i v e   e r r o r s  on t h e   p o l e s   i n   r e l a t i o n   t o   t h e  
r e fe rence   va lues   ( s ee  example on Fig .  1) , and t h e  
curve  difference  between  the  t ransfer   funct ion 
computed  with  the new s p a t i a l   s t e p  and the   r e f e rence  
t r a n s f e r   f u n c t i o n   ( s e e  example on F i g . 2 ) .  

1.3 Discussion 
Acoustic level 

Genera l ly ,   i n   t he  low frequency  region,   the  
t r a n s f e r   f u n c t i o n  is r e l a t e d   t o   t h e   g l o b a l   b a l a n c e  
o f   t he   voca l   t r ac t  main c a v i t i e s  141 121 , whereas 
the  high  frequency  region is more s p e c i f i c a l l y  
defined by the   geomet r i ca l   de t a i l s   o f   t he   a r ea  
func t ion .  More p r e c i s e l y ,  it is es tab l i shed   (c f  
FANT's  nomograms, 141 , and STEVENS & HOUSE'S model, 
191 ) t h a t   t h e   c h a r a c t e r i s t i c s   ( p o s i t i o n ,   c r o s s -  
s ec t iona l   a r ea ,   l eng th )   o f   t he  main c o n s t r i c t i o n   i n  
the   voca l   t rac t   a re   fundamenta l   for   the   acous t ic  
cha rac t e r i za t ion   o f  a given  sound. The genera l  
e f f ec t   o f   i nc reas ing   t he   spa t i a l   s ampl ing   s t ep  is  t o  
dec rease   t he   p rec i s ion   o f   t he   voca l   t r ac t  
descr ip t ion .  The e r r o r s  on t h e  main c a v i t i e s  modify 
r a t h e r   t h e   h i g h   f r e q u e n c i e s   ( t h i s  phenomenon is  
c l e a r   i n   t h e   c a s e   o f  our  vowels),   whereas  the  errors 
on t h e   c o n s t r i c t i o n  have also  consequences on t h e  
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low f r equenc ie s   ( t he   f r i ca t ive   consonan t s   a r e  more 
s e n s i t i v e   t o   t h i s  phenomenon). We have  found t h a t  
t he   e r ro r s   due   t o   unde r sampl ing   a r e   gene ra l ly   l a rge r  
for   the   conf igura t ions   having  a smaller   cross-  
s e c t i o n a l   a r e a  a t  t h e   c o n s t r i c t i o n  : when using 
STEVENS & HOUSE'S model of   vocal ic   configurat ions 
generat ion  for   the  four   vowels  / a / ,  / i / ,  /u/ and 
/o/, an   a rb i t r a ry   dec rease   o f   t he   cons t r i c t ion   a r ea  
l eads   t o   an   i nc rease   o f   t he   e r ro r  on the  formants.  
I n   t h e  same way, t h e   e r r o r s   a r e   l a r g e r   f o r   t h e   h i g h  
than   fo r   t he  low vowels.  This  can  be  explained by a 
gradual  opening or smoothing  of   the  constr ic t ion 
related  to   undersampling.   This   opening is very 
l ike ly   the   cause   o f   the   roughly  monotonous evolut ion 
o f   t h e   e r r o r s  on given  formants : fo r   i n s t ance ,   t he  
formants "more associated"  with "HELMHOLTZ 
resonator"  type  resonances,  as F1 f o r  /a/ and / i / ,  
and FZ f o r  /u/ and /o/ increases  when t h e  
cons t r i c t ion   a r ea   i nc reases   w i th   t he   spa t i a l   s t ep .  

Perceptual level 
Our aim being  to   decrease  the  computat ional  

cos t   for   the   synthes is   wi thout  any percept ib le  
degradat ion  of   the  output ,   the  problem is t o  
eva lua te   t he   spa t i a l   s t ep   co r re spond ing  t o  t h e  J u s t  
Noticeable  Difference ( J N D )  between t h e   o r i g i n a l  
s i g n a l  and the  modif ied  one.   Since  there   are  no J N D  
s t u d i e s   a b o u t   t h e   p e r c e p t u a l   e f f e c t s   o f   v o c a l   t r a c t  
undersampling,  and  since it is known t h a t  a s l i g h t  
change  of  formant  frequency is more important  than 
t h a t  of  bandwidth or amplitude, we r e f e r ,   i n  a f irst  
s t e p ,   t o  two bas ic   papers  on the   Di f fe rence  Limens* 
( D L )  formant  frequencies : FLANAGAN 151 has   s tud ied  
t h e  DLs f o r  vowel formant   f requencies   in   i so la ted  
c o n t e x t ,  and MERMERLSTEIN 181 i n  CVC contex t .  

Table 1 g i v e s   t h e   v a l u e s   f o r   t h e   s p a t i a l  
sampling  s tep  corresponding  to   the DL for  formant 
f r e q u e n c i e s   f o r   s t a t i c  vowels i n   i s o l a t e d   c o n t e x t .  
We conclude   tha t  a 8 mm s t e p   l e a d s   t o   e r r o r s   n o t  
pe rcep t ib l e   acco rd ing   t o  FLANAGAN's  D L s .  Since  these 
D L s  are  average  values  around  which we must  take 
s c a t t e r i n g   i n t o   c o n s i d e r a t i o n ,   s i n c e  our re ference  
conf igu ra t ions   a r e   a l so   ave rage   conf igu ra t ions ,  and 
s i n c e  we have  neglected  other   var ia t ions  (e .g .  
bandwidths  and  amplitudes), we must consider  an 
opt imal   s tep  smaller   than 8 m m ,  i n   o r d e r   t o   i n s u r e  
e r ro r s   a lways  below the   pe rcep tua l   l eve l .  

However we t h i n k   t h a t  F L A N A G A N ' s  r e s u l t s  
r ep resen t   t he   abso lu t e  lower limit f o r   t h e  D L ,  and 
t h a t  MERMERLSTEiN's ones   in  CVC con tex t   a r e   c lo se r  
t o   r e a l i t y  and  continuous  speech : from 
MERMELSTEIN's da ta   (c f   a l so   Table  1) we der ive  a 
25 mm op t imal   s tep .  But f o r   t h e  same reasons 
mentioned jus t   above ,  we should   cons ider   p rac t ica l ly  
smaller   values .  

S i n c e   t h e r e   a r e  no J N D  or DL s tud ies   about  
f r ica t ive   consonants ,  we have  applied FLANAGAN's  D L s  
t o   t he   de t e rmina t ion  of  the  optimal  sampling  step 
f o r  our f r i ca t ives .   Tab le  1 g i v e s   t h e   r e s u l t s .  For 
/ f /  and /f  ,/ t h e r e   a r e  no prominent   poles   in   the 
frequency  range  of our analys is  (0-5 kHz),  and  thus 
the  method can  not  be  used ; f o r  / q / ,  t h e r e  i s  only 
one  pole  around 2 .5  kHz. For / f / ,  t h e  low formants 
a re   ra ther   sens i t ive   to   undersampl ing ,   because   o f  

In genera l ,   the  DL s tud ie s   co r re spond   t o   t he  
r e s t r i c t i o n  of J N D  s t u d i e s   t o   t h e   c o n t r o l l e d  
v a r i a t i o n  of  only  one  specific  parameter a t  a time, 
fo r   i n s t ance  a formant  frequency or a formant 
ampli  tude. 
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the   rap id   opening   of   the   cons t r ic t ion  a t  t h e   t e e t h  
level.   For  the  whole set o f   t h e   f r i c a t i v e s ,  i f  we do 
not   t ake   in to   account  /J/, t h e  J N D  is reached  for  a 
s tep   o f  10 mm. I n   t he   ca se   o f   t he   f r i ca t ives ,  our 
approach must be  considered  with  caut ion  s ince  there  
is no evidence   tha t   the  same formant   errors  on 
f r i c a t i v e s  and  vowels  should  be  perceived  in  the 
same way : perceptual  experiments  are  needed  to 
c h e c k   t h i s   f i r s t   e s t i m a t i o n .  

1.5 Conclusion 
I n   t h e  frame  of t h i s   s t u d y   l i m i t e d   t o  a 

cons tan t  spat ia l  sampl ing   s tep   ( to  be able   to   use a 
K-L type  model), we have  measured i n  an objec t ive  
way the   e f f ec t s   o f   t he   spa t i a l   s ampl ing   o f   t he   a r ea  
func t ion  upon the   acous t ic   p roper t ies   o f   the   voca l  
t r a c t .  From previous   s tud ies  on D L s ,  we have made a 
f i r s t  approach  for   an  opt imal   sampling  s tep  in  
d i f f e r e n t   s i t u a t i o n s  : 8 mm f o r   s t a t i o n n a r y  vowels 
i n   i so l a t ed   con tex t ,  25 mm f o r  vowels i n  CVC 
contex t ,  and 10 mm f o r   v o i c e l e s s   f r i c a t i v e  
consonants. We have  seen  that   these  values must be 
considered  with  caution : to  determine a more 
p r e c i s e  and r e l i a b l e   o p t i m a l   s t e p ,   p e r c e p t u a l   t e s t s  
with  sounds  synthesized  from  the  undersampled 
configurations  should be r e a l i z e d  first i n  a s t a t i c  
c o n t e x t ,  and f u r t h e r   i n  a dynamic contex t .  

2. CONTINUOUS VARIATION OF THE VOCAL TRaCT LENGTH 

2.1 The Problem 
Since  the  vocal   t ract   length  vary  roughly 

between 16 and 19 cm during  speech, we need t o  
i n c l u d e   t h i s   f e a t u r e   i n  any  vocal   t ract   acoust ic  
simulation.  For a K-L type  of   vocal   t ract   temporal  
s imulat ion (or improved vers ions ,  171 1 ,  a l l  t h e  
tubes  have  the same l eng th   ( spa t i a l   s ampl ing   s t ep ) ,  
and the  sampling  frequency  of  the  temporal  signal 
produced i s  inve r se ly   p ropor t iona l   t o   t h i s   l eng th .  A 
cont inuous  var ia t ion  of   the  vocal   t ract   length  can 
be  achieved by a cont inuous  var ia t ion  of  t'ne tube- 
length  around a given  value,  which l e a d s   t o  a 
r e l a t e d   v a r i a t i o n  of signal  sampling  frequency. 
Therefore, i f  we wish a s i g n a l  sampled  with a 
constant  frequency, we need a system  to   convert   the  
s i g n a l  sampled  with  the  variable  frequency  into a 
s i g n a l  sampled  with  the  constant  frequency. 

2.2 The Sampling Frequency Conversion 
The sampling  frequency  conversion is  r e a l i z e d  

by a time-varying  low-pass d i g i t a l   f i l t e r  131 , 
implemented a s  a F . I . R .  (Finite  Impulse  Response) 
f i l t e r .  The method of windowing the  impulse  response 
of an I . I . R .  ( i n f in i t e   Impu l se   Response )   f i l t e r   fo r  
F.T.R. f i l t e r   des ign   p rov ides   t he   avan tage   t ha t   t he  
F .  I . R .  l ength ,  and thus  the  computat ional   cost   of  
t h e   f i l t e r ,  can  be e a s i l y  and  independently  varied. 
Therefore, our time  varying  low-pass f i l t e r  is  
obtained by windowing t h e  I .  I . R .  of an i d e a l  low- 
p a s s  f i l t e r .  The e x p r e s s i o n   f o r   t h e   f i l t e r ,  
including  sampling  with  the new frequency, is : 

where  x(ny is the   i npu t   s igna l  sampled  with  the 
frequency f i  = l / T i ,  y(m) is the   ou tput   s igna l  
sampled  with  the  frequency  fo = 1/To, W ( t )  i s  t h e  
windowing func t ion ,  and N 1  and N2 are   determined  as  
func t ions   o f  f i  and f o ,  and of   the  length  of   the 
window. 

10 



We know t h a t   t h e   t y p e  and the   l eng th   o f   t he  
window used   in f luences   the   p roper t ies   o f   the   f i l t e r .  
Therefore we need t o   e v a l u a t e   q u a n t i t a t i v e l y   t h i s  
in f luence .  

2.3 Evaluation of the Transformation 
In   order   to   evaluate   the  performance  of   the 

sampling  frequency  conversion, we have made t e s t s  
with  s inewaves  of   dif ferent   f requencies ,  and  with 
s y n t h e t i c  vowels  generated by our K-L r e f l e x i o n  l i n e  
analog. 

Sinewaves analysis 
The inf luence  of   the  t ransformation on a 

single  sinewave  has  been  analyzed : f o r   d i f f e r e n t  
fundamental   frequencies,  two sinewaves  with  the same 
fundamental  frequency,  amplitude  and  phase, 
sampled  with  the  system  input  frequency f i ,  and S , 'fi 9 

sampled  with  the  system  output  sampling  frequencyf?o 
have  been  generated. Then S has  been  converted 
i n t o  S '  by the   sys tem,   andf$ ina l ly   the   fo l lowing  
parameters  have  been compared f o r  S and S '  . (I) 
the  difference  of  amplitude  between  the  sinewaves,  
(2 )   t he   d i f f e rence   o f   phase ,  and ( 3 )  t h e  
S igna l /Dis tor t ion   (S /D)   ra t io .  

Because  of  the  nature of  t h e  low-pass f i l t e r ,  
an  undulat ion i s  in t roduced   i n   t he   pas s  band o f   t he  
f i l t e r  transfer func t ion  : it i s  always smaller than 
;tl dB, which  can be considered  negl igeable .   Since 
t h e  window we use is symetr ic   around  the  or igin 
point ,   the   impulse  response is symetric  and  thus a 
l i n e a r   p h a s e   f i l t e r  is  insured  : the   t ransformat ion  
has  no e f f e c t  on t h e   s i g n a l  waveshape. 

A s  expected,  the S/D r a t i o   i n c r e a s e s   w i t h   t h e  
window length .  An informal   ana lys i s   (by   v i sua l  
i n spec t ion   o f   t he  FFT spectrum  of S '  ) has shown 
t h a t   t h e   d i s t o r t i o n  is mainly  duefoto  harmonic 
components  corresponding to   f requencies   such  as 
F + n . ( f o - f i )  or F + n . ( f o - f i ) / 2 ,  where Fo is  t h e  
frequency  of  the  sinevawe,  and  that   the non- 
c o r r e l a t e d   n o i s e  is very much below t h i s   d i s t o r t i o n .  
Therefore   the S/D r a t i o  is  defined as t h e   r a t i o  
between the  energy  measured  in a 300 Hz band 
centered  on  the  sinewave  fondamental  frequency  and 
the   ene rgy   ou t s ide   t h i s  band  (up t o  5 kHz).  Fig. 3 
shows the   evolu t ion   of   the  S/D r a t i o  as a func t ion  
o f   t he  number o f   po in t s   fo r   t he  window, f o r  a 
r ec t angu la r   and   fo r  a Hamming window, f o r  two 
different   sampling  f requency  conversions.   For   short  
windows ( i . e .  4-5 p o i n t s ) ,   t h e r e  is l e s s   s c a t t e r i n g  
i n   t h e  S/D r a t i o   f o r  a rec tangular  window than   for  a 
Hamming window, and fo r   l onge r  windows, t he   oppos i t e  
phenomenon happens : we conclude  that   rectangular  
windows l e a d   t o   b e t t e r  results than Hamming windows 
f o r   s h o r t  windows, and tWdt  Hamming windows g ive  
b e t t e r   r e s u l t s   f o r   l o n g e r  windows. 

f o  
f o   f o  . 

0 0 .  

- Synthetic vowel  analysis 
The t ransformat ion   has   a l so   been   tes ted   wi th  

vowels  synthesized  with our K-L model. The s i g n a l s  
for   the   synthe t ic   vowels  /a/, /i/ and /u/ have  been 
conve r t ed   i n to   s igna l s  sampled  with  various 
f requencies  ; the   cor responding   spec t ra   (ob ta ined  by 
t h e  Cepstrum  method)  have  been compared wi th   the  
o r i g i n a l   s p e c t r a   v i s u a l l y   a n d  by means of a 
"dis tance"  def ined by : 

D= I AdB(NAf)-AdRrpf(NAf) I (2) 

M = l  1024 

B 

where the   miss ing   po in ts   o f  AdB(NdF) a re   eva lua ted  
by l i nea r   i n t e rpo la t ion   ( s ince   t he   f r equency   s t eps  
f o r   t h e  two s p e c t r a   a r e   d i f f e r e n t ,  due t o   d i f f e r e n t  
sampling  frequencies).  On the   cu rves   ( s ee  example i n  
Fig.4)  we can   see   tha t   the   sys tem  re ta ins   the  
formant   charac te r i s t ics   very   wel l ,   the   e r rors  
appearing  mainly  in  the  spectrum  valleys.  

The e r r o r  measured by eq. ( 2 )  converges  toward 
a non zero  value when t h e  window l eng th   i nc reases ,  
depending on t h e  vowel conf igura t ion  and on t h e  
sampling  frequency  change.  Since we know t h a t   f o r  a 
long window t h e   e r r o r  must  be  very small, we 
conc lude   t ha t   t h i s   b i a s  is due t o  our "dis tance" and 
t o   t h e   l i n e a r   i n t e r p o l a t i o n ,  and w e  normalize  the 
r e s u l t s   i n   r e l a t i o n   t o   t h i s   c o n v e r g e n c e   v a l u e   f o r  
each  case.  Fig.5 shows t h a t   f i n a l l y ,   t h e r e  i s  no 
obvious  difference  between a rectangular  and a 
Hamming window. In every  case,   there  is a r a t h e r  
abrupt   decrease  of   the   scat ter ing  of   the  normalized 
e r r o r   f o r  windows longer   than 4 p o i n t s  : we conclude 
t h a t  a rec tangular  window with 5 p o i n t s  i s  opt imal .  

In   real   speech,   temporal   cont inuous  var ia t ion 
of   voca l   t rac t   l ength   usua l ly   happens .   In  a first 
at tempt ,  we have  not  taken  into  account  the dynamic 
e f f e c t s   o f   v o c a l   t r a c t   l e n g t h   v a r i a t i o n  : we have 
r e s t r i c t e d   o u r s e l v e s   t o  a "quas i - s ta t ic"  model. Then 
we have  extended  this  algorithm t o  frame-to-frame 
v a r i a t i o n s   o f   t h e   v o c a l   t r a c t   l e n g t h  by so lv ing   t he  
problem a t   t he   boundar i e s  between two consecut ive 
frames : t h i s  is not   discussed  here  due t o   t h e  page 
l i m i t a t i o n .  The temporal   cont inuous  var ia t ion  of   the 
voca l   t r ac t   l eng th   can  be  approached by tak ing  a 
frame  width small enough. 

2.4 Conclusion 
We have shown t h a t  it i s  p o s s i b l e   t o   s o l v e   t h e  

problem  of  the  continuous  variation  of  the  length  of 
t h e   v o c a l   t r a c t  by a sampling  frequency  conversion 
method.  This method l e a d s   t o  good r e s u l t s  even  with 
r a t h e r   s h o r t  windows (4-5  points) .   This  method has 
been t e s t e d   f o r  a "quas i - s ta t ic"  model : now it is  
needed to   ex t end   t h i s   a lgo r i thm  to  a f u l l y  dynamic 
model. 
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I V CVC 1 Reference DL f o r  V contex t  
I F1 F2 F1 F2 I (FLANAGAN) 
l /a / l  30 I 15 1 1  30 I 30 1 F1 : 12 H Z  (F1=300), 
l/i/l 20 08 1 1  30 1 25 1 26 H Z  (F1=500-700), 
I / u / ~  08 I 10 1 I 30 1 XX I F2 : 20 HZ (F2=1000). 

45 H Z  (F2=1500), 
20 Hz (F2=2000). 

. ,  

I / q  xx 1 xx 1 1  i 1 FI : 49 H Z  ( F M O O ) ,  
l / q / l  xx I 10 I I I I 70 HZ (F1=600), 

I/sJI 1 5  I 25 I I I I 186 HZ (F2=1780). 
l / j / /  20 I 15  I I  I I 

l/S/l 10 1 15 1 [ I I F2 : 171 H Z  (F2=2100), 

Table 1 : Spa t i a l   s ampl ing   s t ep   l ead ing   t o  a given 
r e l a t ive   e r ro r   co r re spond ing   t o  FLANAGAN e t  

MERMELSTEIN's D L s  on formant  freauencies.  

Rela t ive  error on F1 R e l a t i v e   e r r o r  on F2 

_- Fig .1  : R e l a t i v e   e r r o r s  on formant  frequencies for 4 
vowe l s   aga ins t   spa t i a l   s t ep .  

1ltkHz -> l6kHz  conversion  IltkHz -> 16kHz conv. (Ham.) 

~ F i g . 3  : S i g n a l / D i s t o r t i o n   r a t i o   a g a i n s t  window 
length  (expressed as a number o f   po in t s )   fo r  
sinewaves  with  frequencies  ranging from 50 Hz 
(symbol 1) to   4 .5  k H z  (symbol 9 )  by 500 Hz s t e p s  
(Ham. = Hamming windowing, o therwise   rec tangular  
windowing). 

- S B  

1 2  3 .  1 5  6 ? U 9 1 0  
UII.  

F ig .4  : Spectra  of a s y n t h e t i c  vowel /a/ (continuous 
l i ne ,   f i=16 .55kHz) ,   o f   t he   s igna l   r e su l t i ng  from t h e  
t ransformation  (dot ted  l ine,   fo=14.55kHz),   and 
d i f f e r e n c e  o f  t h e   s p e c t r a   ( b o t t o m   l i n e ) .  

__ 

16kHz -> 1LtkHz conversion 16kHz -> 1LtkHz conv.  (Ham.) 

Fig.5 : S p e c t r a l   e r r o r   a g a i n s t  window length 
(expressed as a number of p o i n t s )   f o r  4 vowels 
( H a m .  = Hamming windowing, o therwise   rec tangular  
windowing). 

Fig.2 : Curve d i f f e rence   (3 )   be tween   t he   t r ans fe r  
func t ion   fo r   t he   r e f e rence   conf igu ra t ion  /i/ (1) and 
t h e   t r a n s f e r   f u n c t i o n   f o r   t h e  /i/ with a 10 mm s t e p  
(2). 
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