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ABSTRACT 

A new method is presented for text-to-speech 
synthesis   using  diphones.  The diphone  database 
c o n s i s t s  of the  diphone waveforms l abe led   w i th  
pitch-marks  indicating  the  pitch-periods.  A t  
s y n t h e s i s  time, the  diphone waveforms are pro- 
cessed through  a new ana lys is -synthes is  system, 
providing  an  independent   control  of a l l   p r o s o d i c  
parameters ,   whi le   re ta in ing   a  good degree  of na- 
tu ra lness .   This   sys tem is based on a representa-  
t i o n  of the   speech   s igna l  by its short-time  Four- 
ier t ransform (STFT) a t  a  pitch-synchronous sam- 
p l i n g  rate. The syn thes i s   pa r t   o f   t he   sys t em 
works by overlap-adding  the  modified  short-term 
s i g n a l s  and it ensures  a smooth concatenat ion of 
the  diphone  waveforms. The synthe t ic   speech  ob- 
t a i n e d  by t h i s  method sounds more na tu ra l   t han  
-wi th   the   convent iona l  LPC method. 

INTRODUCTION 

The most common technique  used for diphone 
or demi-syl lable   synthesis  is l i n e a r   p r e d i c t i v e  
coding of the  speech  e lements .   This  scheme is 
very  convenient  because it p rov ides   a   f l ex ib l e  
c o n t r o l  of the   p rosodic   parameters   th rough  the  
e x c i t a t i o n   s i g n a l  of t h e   s y n t h e s i s  f i l ter .  
Unfortunately,  LPC coded  speech  suffers from a 
l a c k  of na tu ra lness ,   e spec ia l ly  for sounds l i k e  
vo iced   f r i ca t ives .  Many a t t empt s   t o   enhance   t he  
q u a l i t y   o f  LPC speech were made through  improving 
t h e   n a t u r e   o f   t h e   e x c i t a t i o n   s i g n a l .  Most re- 
cent ly ,   researchers   have   used   the   mul t ipu lse  
model of t h e   e x c i t a t i o n   s i g n a l  [1,21, b u t   t h i s  
model is not  well adapted to   t he   man ipu la t ion   o f  
prosodic   parameters .   In   a   s imilar   experiment  
[31, we obtained  a good degree of na tura lness  by 
a raw concatenat ion of mul t ipu lse  coded diphones. 
The prosody of the   syn the t i c   speech  was then cor- 
rected by use   o f  a high  qual i ty   system to  modify 
t h e   p i t c h  and t h e   d u r a t i o n  of natural   speech,  
based  on  short-term  Fourier  synthesis [41. 
Unfortunately,   the  combination of th i s   sys t em and 
of t h e  LPC s y n t h e s i s  scheme introduced  an unde- 
s i rab le   hoarseness   o f   the   speech   qua l i ty .  

I n   t h i s   p a p e r ,  we propose t o  bui ld  a 
text- to-speech  system  ent i re ly  on a short-term 
Four i e r   r ep resen ta t ion  of the   speech   s igna l .  
Consequently,   the LPC s y n t h e s i s  f i l ter  is re- 

placed by a   short- term  Fourier   synthesis  scheme. 
A lot   of   systems  based on modi f ica t ions  of t h e  
STFT have  been  proposed t o  manipulate some o f   t he  
speech  parameters   while   re ta ining  a   high  degree 
of na tura lness .  The ea r l i e r   sys t ems   u sed   t he  
f i l ter  bank  summation (FBS) approach,   but   this  
u sua l ly   l ed  t o  excess ive ly   heavy   o r   i n t r i ca t e  al- 
gorithms [4,51. The overlap  and add (OLA) appro- 
ach was p re fe r r ed   i n   ou r  case because it y i e l d s  
faster and s impler   a lgori thms [6,71. The OLA 
methods   genera l ly   cons is t   o f   sp l i t t ing   the   speech  
s igna l   i n to   ove r l app ing   sho r t - t e rm  s igna l s  
(ST-signals) a t  a c e r t a i n   a n a l y s i s  frame rate, 
modifying them appropriately  and  then 
overlap-adding them a t  a d i f f e ren t   f r ame  rate. A 
non-uniform frame r a t e  a t  t h e   s y n t h e s i s   s t a g e ,   a s  
recent ly   proposed by the  synchronized OLA method 
(SOLA), can  produce  high-quality  speech  with a 
modified time-scale [81. This  non-uniform frame 
rate corresponds t o  a sort of resynchronizat ion 
o f   t h e  modified ST-signals   with  the  pi tch of t h e  
ou tpu t   s igna l .  

The pitch-synchronous OLA method (PSOLA) 
p resen ted   i n   t h i s   pape r  is an   ex tens ion   o f   t he  
SOLA method, i n  which the  pitch-synchronization 
of the  ST-signals  is introduced a t  t h e   a n a l y s i s  
stage.  Every  ST-signal is made t o  correspond t o  
one   p i t ch   pe r iod   o f   t he   speech   s igna l ,   bo th  a t  
the   ana lys i s   and   syn thes i s   s t ages .   Th i s   imp l i e s  
a   p re l iminary   segmenta t ion   of   the   speech   s igna l  
i n t o   i n d i v i d u a l   p i t c h   p e r i o d s .   I n   t h i s   r e s p e c t ,  
t h e  PSOLA method is similar to a  previous method 
for   the  t ime-scal ing  of   speech,   the  time-domain 
harmonic  scal ing (TDHS) algori thm [91. However, 
t h e   a n a l y s i s  rate is not   exac t ly  
pitch-synchronous  in  the TDHS algori thm,  but  it 
is r a t h e r   p r o p o r t i o n a l   t o  a t rue   p i tch   synchro-  
nous  rate,   and it depends  on  the  time-scaling 
fac tor   in   compl ica ted  way. 

A major  novelty of t h e  PSOLk method is t h e  
in tegra t ion   in   the   over lap-add  scheme o f  an a l -  
gorithm for modifying  the  pi tch  and  the  global  
spectral shape. This is obtained by r e l a t i v e l y  
s imple   opera t ions   in   the   f requency   domain ,   tha t  
do  not  require  any  phase  computation.  Finally,  
t h e  PSOLA analysis-synthesis   system  provides   a  
f lexible tool for an  independent  and time varying 
c o n t r o l  of a l l  prosodic  parameters,   and it is 
the re fo re   a   su i t ab le   cand ida te   fo r   a  
text-to-speech  system. 
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THE  ANALYSIS-SYNTHESIS SYSTEM 

I n   t h e  PSOLA ana lys i s - syn thes i s   syn thes i s  
system,  the  speech  signal is analyzed  into  a  suc- 
cession  of  pitch-synchronous  ST-signals.  These 
ana lys i s   ST-s igna ls   a re   then   modi f ied ,   e i ther   in  
t h e  time or i n   t h e   s p e c t r a l  domain, i n   o r d e r  ob- 
t a i n  a sequence  of  synthetic  ST-signals,  syn- 
chronized  with  a  modified  pitch  contour.  
F i n a l l y ,   t h e   s y n t h e t i c   s p e e c h  is obtained by 
overlap-adding  the  synthetic  ST-signals.  We now 
descr ibe  i n  more d e t a i l   t h e   d i f f e r e n t  components 
of  the  system. 

Pitch-svnchronoN-qverlaD a n a l v s i s  

A reasonable   l ength   o f   the   ana lys i s  window 
is chosen,   in   order   to   cover  e t  l e a s t   t h r e e  times 
the   longes t   p i tch   per iod .   In   our   exper iments ,   a  
512  point Hamming window, corresponding t o  a 
usual  30 LIS duration,  has  proved t o  be   su i t ab le  
in   p rocess ing   speech   a t   a  16 kHz sampling  ra te .  

The i n i t i a l   r e p r e s e n t a t i o n  o f  the   speech 
s i g n a l  is t h e   s p e e c h   d i g i t a l  waveform with  suc- 
cessive  l lpi tch-marksl l   d is t r ibuted  a long  the 
time-scale.  These  pitch-marks (€'-marks) a r e  set 
synchronously  with  the  pitch  periods  over  voiced 
p o r t i o n s ,   b u t   t h e i r   p o s i t i o n s   a r e   a r b i t r a r y   o v e r  
unvoiced  port ions,   provided  that  two a n a l y s i s  
windows centered on two successive P-marks should 
over lap  by a   s u f f i c i e n t  amount. The a n a l y s i s  
ST-signals   are   obtained by m u l t i p l y i n g   t h e   s i g n a l  
by t h e   a n a l y s i s  window centered on t h e  corres- 
ponding P-marks.  Each ST-signal is labe led   wi th  
a   voiced/unvoiced  f lag  associated  with its 
P-mark. 

I n   t h i s  manner, t h e   s i g n a l  is expanded into 
a  sequence  of  overlapping,  pitch-synchronous, 
short- term  s ignals .  The unvoiced  ST-signals  are 
not   conver ted   to   the   f requency  domain s ince   t hey  
will only  need  time-scaling. B u t  t he   r ep resen ta -  
t i o n   h a s  to be f u r t h e r   r e f i n e d   f o r   t h e   v o i c e d  
portions:  a  short-term  spectrum is computed by 

DFT wi th   t he  time o r i g i n  set t o  co inc ide   w i th   t he  
P-mark; it is t h e n   s p l i t   i n t o   a   g l o b a l   s p e c t r a l  
envelope,  and  a  Itsource  componentt1,  which is t h e  
short-term  spectrum  divided by t h e   s p e c t r a l  en- 
velope. 

Frequency-domain modi f ica t ions  

The p i t c h  and  envelope  modifications  algor- 
ithm is descr ibed   in   F ig .1 .  They a re   ob ta ined  
through  a  frequency-domain  processing  of  the 
ST-signals. The source or the  envelope compo- 
nents   of   the   spectrum are i n t e r p o l a t e d   s e p a r a t e l y  
i n   o r d e r   t o   o b t a i n  two s e p a r a t e   r e s c a l i n g s   o f   t h e  
f requency   ax is .   In   the   case  of the   source  compo- 
nen t ,   a   l i nea r   i n t e rpo la t ion  is performed on both 
t h e   r e a l  and  imaginary  parts  of  the  spectrum. If 
necessary ,   h igh   f requencies   a re   regenera ted  by 
copying   the   lower   par t   o f   the   spec t rum  to   the  
upper   par t .  Such  a resca l ing   of   the   source  com- 
ponent   resu l t s   in to   a   modi f ica t ion   of   the   p i tch .  
In   o rde r  to  avoid  corrections  of  the  phase  spec- 
trum,  the  spacing between t h e  P-marks is simul- 
taneously  modified by the   p i tch   modi f ica t ion   fac-  
t o r ,  and t h i s   r e s u l t s   i n t o  a mod i f i ca t ion   o f   t he  
time-scale. The envelope component is a l s o  open 
t o  modi f ica t ions   tha t   can   be   usefu l  t o  modify t h e  
voice q u a l i t y .  For  instance,  a  female  voice  can 
be  converted t o  a male or a  child  sounding  voice 
by lower ing   or   ra i s ing   the   formants  by an  average 
15% and by s u i t a b l y   a l t e r i n g   t h e   a v e r a g e   p i t c h  
level. 

Time-scale  modifications 

Time-scale modif icat ions  are   performed en- 
t i r e l y   i n   t h e  time domain. The time-scaling  pro- 
cedure  performs  directly  on  the  unvoiced 
ST-signals  but on the  voiced  ones  only  af ter   pro-  
cess ing  by the  pi tch  modif icat ion  procedure.   In  
t h e   l a t t e r   c a s e ,   t h e   a l g o r i t h m  must  compensate 
for the   t ime- sca l e   mod i f i ca t ion   imp l i c i t   t o   p i t ch  
modif icat ion.  

I -L-J 
T 

original 
ST-signal 

1 

modified 
ST-signal 

t 

Fig.1  Block  diagram  of  the  frequency-domain  modifications  procedure. 
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The algori thm is i l l u s t r a t e d   i n  Fig.2. The 
desired  t ime-scale   modif icat ion  can  be  def ined as 
a time-warping  function  mapping  the  analysis 
t ime-scale   onto  the  synthesis   one.  From the   d i s -  
t r i b u t i o n   o f   a n a l y s i s  P-marks, the   a lgor i thm gen- 
e ra t e s   a  new set of s y n t h e s i s  P-marks in   such  a 
way a s   t o   p r e s e r v e  the p i tch   contour   th rough  the  
t ime-warping  function.  Generally,   a  synthesis 
P-mark will not   cor respond  exac t ly   to   an   ana lys i s  
P-mark. Therefore  an  approximation scheme is 
needed t o  assign  a   reasonable   ST-signal   to   every 
g iven   synthes is  P-mark. The s imples t   so lu t ion  is 
t o  ass ign   the   ana lys i s   ST-s igna l   cor responding   to  
t h e   n e a r e s t   a n a l y s i s  P-mark through  the 
time-warping  function.  This is e q u i v a l e n t   t o  ei- 
t h e r   c a n c e l l i n g  or d u p l i c a t i n g  some of t h e   p i t c h  
per iods.  A s l i g h t l y  more complicated scheme has 
been  used  here,   consisting  of time averaging  the 
two neares t   ana lys i s   ST-s igna ls .  

Pitch-svnchronous overlaD s v n t h e s i s  

The s y n t h e s i s  of non-unformly  sampled 
short- term  spectra  is p o s s i b l e  by use of t h e  
leas t - squares  OLA synthesis   procedure [ T I .  The 
synthesis   procedure is descr ibed in Fig.3. It  
c o n s i s t s  of two over lap  and  add b u f f e r s   t h a t   a r e  
rotated  s imultaneously by a v a r i a b l e  number of 
samples   P ,   equa l   to   the   cur ren t   synthes is   p i tch  
per iod.  The synthesis   ST-signals  are windowed 
and  overlap-added i n   t h e  first OLA buffer   and  the 
corresponding  synthesis  window is squared  and 
s imilar ly   overlap-added  in   the  second OLA buf fer .  
After   each  overlap-add  operat ion,   the  OLE1 b u f f e r s  
each  produce P samples,   and  the  P  signal  samples 
output  by t h e  first OLA bu f fe r   a r e   r e sca l ed  by 

windowed ST signal 

&wx of one unscaled period 

1 signal 

signal 

right  shift 
by one period 

one period 
O f  sDeech 

window 

weighting 
sequence 

squared window 

Fig.3  Least-squares OLA synthesis   procedure.  
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Fig.2  Time-scale  modification  scheme. 
Analysis   and  synthesis  P-marks a r e   i n d i c a t e d  
r e s p e c t i v e l y  by crosses and c i r c l e s ;   t h e   d a s h e d  
l i n e s   r e p r e s e n t   t h e  time-warping  function. 

t h e  P weight ing  coeff ic ients   of   the   second OLA 
bu f fe r ,   t o   p roduce   t he   f i na l   P   s amples  of syn- 
the t i c   speech .  The two OLE, bu f fe r s   a r e   even tua l -  
l y   r i g h t - s h i f t e d  by P  samples  and  the  missing 
samples   are   replaced  with  zeroes .  

THE DIPHONE SYNTHESIS  SYSTEM 

This  analysis-synthesis  system  has  been ap- 
p l i e d  t o  diphone  synthesis  of French. The block 
diagram  of  the  text-to-speech  system is shown i n  
Fig.4. The d iphone   da tabase   cons is t s  of two par- 
a l l e l   sou rces   o f   i n fo rma t ion :   t he   d iphone  wave- 
forms on one  hand,  the  corresponding P-marks on 
t h e   o t h e r .  The l a b e l l i n g  of the   p i t ch   pe r iods  
was o b t a i n e d   f o r   t h e  1200 d iphones   d ic t ionary  by 
use  of  a  semi-automatic  procedure. The P-marks 
were set  i n  a   cons i s t en t  manner so as t o   c o i n c i d e  
w i t h   t h e   g r e a t e s t  peak  of  each  period,  corres- 
ponding  roughly t o   t h e   i n s t a n t   o f   g l o t t a l   c l o -  
s u r e .  Voiceless p o r t i o n s  were segmented i n t o  a 
number of nominal  length windows. 

A t  s y n t h e s i s  t ine ,  the  diphone waveforrns a r e  
concatenated  as  follows: 

(a )  each  diphone is processed by t h e  PSOLA 
analys is -synthes is   sys tem  in  order t o  c o r r e c t   t h e  
t iming   and   t o  f i t  a   des i r ed   p i t ch   con tour ;   t he  
prosodic   parameters   are   obtained by the   p rosod ic  
module of   our   convent ional  LPC diphone  system 
[ I O ] ;  modif icat ion  parameters   for   the  pi tch  and 
the   t ime-sca le   a re   ob ta ined  by comparing  the  de- 
s i r ed   p rosody   t o   t he   i r i t r i n s i c   p rosody   o f   t he   d i -  
phone ; 

( b )  a t  t h e  boundary  between two success ive  
diphones,   the  ST-signals of the  fol lowing  diphone 
are  simply  concatenated t o  those   o f   the   p rev ious  
diphone,  and  the  smoothing is ensured by t h e  
overlap-add  synthesis   scheme;   the  t ransi t ion  can 
be  lengthened by c r e a t i n g  a v a r i a b l e  number of 
addi t iona l   per iods   ob ta ined  by time averaging   the  
two boundary  ST-signals;  an  energy  correction is 
made on the   fo l lowing   d iphone   to   e l imina te  a pos- 
s ib l e   ene rgy  mismatch. 
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RESULTS AND DISCUSSION 

Two d iphone   d ic t ionar ies ,   cor responding   to  a 
female  and t o  a male  speaker, were prepared  in  
o r d e r   t o  test our  text-to-speech  method. The syn- 
thetic  speech  obtained  with  both  voices  sounds 
more na tu ra l   w i th  our new method than  whith  our 
conventional LPC method. It does  not  suffer  from 
the  usual  buzzyness of LPC speech. It a l s o  
posesses  an improved qua l i ty   in   compar ison   wi th  
the   synthe t ic   speech   prev ious ly   ob ta ined  from mul- 
t i p u l s e  coded  diphones [31. There is still a 
s l ight   roughness   and it is probably  due  to   the 
mismatch of the  formants.  Further  improvements 
a re   expec ted   s ince   the  system provides  a f l e x i b l e  
con t ro l   o f   a l l   p rosod ic   pa rame te r s  and of t h e  
spectral   envelope.  

The PSOLA algori thm  runs on an  array  proces- 
sor  in  20-tirres  real-t ime for natural   speech sam- 
pled a t  a 16 L31z r a t e .  With the   d iphone   synthes is  
procedure, a second of s y n t h e t i c  is gene ra t ed   i n  
approximately a minute. The memory space  required 
by the   d iphone   d i c t iona r i e s  is q u i t e   l a r g e  (7 
Mbytes). By us ing   appropr ia te  waveform compres- 
sion  or  coding  schemes, it is l i k e l y   t h a t   t h e   s t o -  
rage for the  speech  database  could be  reduced t o  a 
size comparable t o   t h a t   o f   t h e   l e x i c a l   d a t a b a s e ,  
usually  needed t o  perform  high  qual i ty  
text-to-speech  conversion. 

CONCLUDING REMARKS 

A pitch-synchronous OLk algorithm  has  been 
p resen ted   i n   t h i s   pape r  for h igh   qua l i ty   p rosodic  
modi f ica t ions   o f   na tura l   speech .  It r e q u i r e s  a 
p re l imina ry   l abe l l i ng  of t he   p i t ch   pe r iods   u s ing  a 
semi-automatic   procedure,   but   this   task is t r a c t -  
able   for   diphone  synthesis   because  the  speech da- 
tabase  is re la t ive ly   l imi ted .   Consequent ly ,  a new 
text-to-speech system has  been  designed  and it 
produces  synthetic  speech  of improved na tura lness  
compared t o   t h e  LPC technique,  With t h e  PSOLA 
method, the  pitch  and  energy  mismatches  between 

I - - - - - - - - -  

I 

successive  diphones  can  be  completely  eliminated. 
S t i l l ,  more  knowledge has  t o  be  gained  in  reducing 
t h e  mismatch of the  formant  parameters.  However, 
t h e  main  advantage  of  this  technique is t h a t  it is 
c a p a b l e   o f   r e t a i n i n g   f i n e   s p e c t r a l   d e t a i l s  of t h e  
original  diphone  elements  without  the  smoothing  or 
d i s t o r t i n g   e f f e c t s   i n h e r e n t   i n   t h e   f o r m a n t  or LPC 
synthesis   techniques.  
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