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Abstract 
The   success   o f   Code-Exc l ted   L lnea r   P red lc t ron   (CELP)   f o r   cod lng   speech  
s ignals   depends  on  the  accurate  representat lon  o f   the  p l tch  s t ructure  and 
t h e   f o r m a n t   s t r u c t u r e   o f   t h e   I n p u t   s p e e c h   I n   t h l s   t y p e   o f   c o d e r   a n   e x c l -  
ta t ton   waveform  chosen  f rom  a   d lc t lonary   o f   waveforms  d r lves   a   cascade 
o f   a   p l tch   and  a   fo rmant   syn thes is   f l l te r   Th ls   paper   deve lops   the   method-  
o logy   t o   a l l ow   fo r   a   Jo in t   op t lm lza t l on   o f   t he   wave fo rm  se lec t i on   p rocess  
w a v e f o r m   s c a l l n g .   a n d   t h e   p l t c h   f i l t e r   d e t e r m l n a t l o n   M e t h o d s   t o   a c c o m -  
modate   h lgh-p i tch   speakers   (p l tch   lag   smal le r   than  the   ana lys ls   f rame  s lze)  
a re   g iven   Add l t lona l l y .   the   requ l rements   fo r   cod lng   the   syn thes ls   parame-  
te rs   In to   a  bit s t r e a m   a t  4 8 kbis  are discussed 

1. Introduction 
Thls   paper   examlnes   Code-Exc l ted   L lnear   Pred lc t lon  ( C E L P )  fo r   t he  

cod lng   o f   speech  s igna ls   Th ls   c lass   o f   coder   uses   b lock   cod ing   o f   the  
exc l ta t l on   s lgna l   t o   ach teve  hlgh qua l l t y   speech   rep roduc t l on   a t   med ium  to  
l o w  btt rates [I] The   pu rpose   o f   t h t s   paper  I S  to descr ibe   methods   tha t  
a l l o w   f o r   t h e   o p t l m l z a t l o n   o f   t h e   s y n t h e s i s   f l l t e r s   f o r   t h e   e x c l t a t l o n   w a v e f o r m  
chosen  In   add l t lon .   the   cod lng   s t ra tegy   fo r   the  synthesis parameters   a t   a  
blt r a t e   o f  4 8 kb  s I S  described 

2. Code  Excited  Linear  Predictive  Coding 
In CELP. each  t r la l   waveform I S  syntheslzed by pass lng   I t   th rough 

a  cascade o f   syn thes i s   f l l t e rs   The   f i r s t   pa r t  of  the   cascade  te rmed 
the  p i tch  synthes ls   f i l ter   Inser ts   p l tch  per lod lc l t les   In to   the  reconst ructed 
speech  The  second  f i l ter  I S  the   fo rmant   syn thes ls   f l l te r   wh lch   In t roduces  
a   f requency   shap ing   re la ted   to   the   fo rmant   resonances   p roduced  by   the  
human   voca l   t rac t   The   syn thes i s   s tage   o f   an  CELP coder  1 5  shown In 
F l g  1 

In CELP t h e  excitation waveform I S  chosen  f rom  a  dictionary o f   wave-  
forms  Conceptual ly   each  waveform In  the   d lc t lonary  I S  passed  through 
the   syn thes ls   f l l te rs   to   de termlne   wh lch   waveform  "bes t   matches   the   Input  
speech  The  opt lmal l ty   cr l ter lon  uses  a   f requency  welghted  mean-square 
er ro r   c r i te r ion   The  Index   o f   the   "bes t '   waveform I S  t r a n s m   t t e d   t o   t h e  
decoder   In   addr t lon .   bo th   the   fo rmant   and  p l tch   f l l te rs   a re   updated   pe-  
r lod lca l ly  The parameters  o f   these  fd ters   are  sent   to   the  decoder  as  side 
l n f o r m a t l o n   t o   a l l o w  It to   fo rm  the   appropr la te   syn thes ls   f l l te rs  

T h e  C E L P  coder  does  not  d l rect ly  need  an  analysis  stage  Ideal ly 
the  synthests  f i l ters  would be op t lm lzed   f o r   each   t r l a l   wave fo rm  The  
fo rmula t lon   o f   an   op t lma l   ( In   a   mean-square   sense)   fo rmant   syn thes ls   f i l te r  
leads to   a   h lgh ly   non- l lnear  set o f   equat ions   wh lch  IS not   amenable t o  

so lu t lon   However .   the   fo rmant   f i l te r   can   be   Imp lemented  as   the   Inverse  
of a  f l l ter   determined  by  an  anaiys ls   s tep 

The  p l tch   syn thes ls   f l l te r   can   a lso  be determlned by  ana lyz ing   the  
Input   speech  Indeed  some  tmplementat lons  o f   CELP  ut111ze  th is   form of 
analysls.   However  under  certaln  constralnts the  pi tch  synthes is   f l l ter   can 
be  chosen to   op t lm ize   the   recons t ruc ted   speech  s igna l  

3. Formant  Filter 
Convent lona l l y   the   fo rmant   syn thes ls   f i l te r  1 5  an  a l l   pole  structure 

T h l s   s t r u c t u r e  is cons is ten t   w l th   a   voca l   t rac t   mode l   and  has   been  shown  to  
be able to   p roduce   good   qua l l t y   speech   The   usua i   app roach  I S  t o  der ive  the 
corresponding  synthesis  fdter  by  analyzing t h e  Input   speech  The  Inverse 
f t l ter   (an  a l l -zero  predlct lon  error  f i l ter)  IS d e t e r m l n e d  b! f l nd lng   t he   f l l t e r  
whlch  mln lmlzes  the  mean-square  predic tkon  er ror  

A n u m b e r  of different analys is   methods  can  be  used  to   f lnd  the 
fo rman t   p red lc t l on   e r ro r   f l l t e r   The   au toco r re la t l on   app roach   l eads  to a 
se t   o f   equa t ions   j l h l ch  I S  ef f lc lent ly   so lved  and  whlch  g ives  a  mlnlmum 
phase  solut lon  and  hence  a  stable  synthests  f l l ter 

The   res ldua i   m ln lm lz lng   c r l t e r l on   can   be   shown  to   resu l t   I n   a   syn thes l s  
f l l ter   rvh lch  matches  the  formant   enveiope of the   o r lg lna l   speech  The flt 
IS  such  that   formant   peaks  are  bet ter   matched  than  the  va l leys  Thls  f l t 1 5  

appropr ia te  for   human  speech  percept lon  as It has  been  shown  that   these 
fea tu res   a re   Impor tan t   f o r   good   qua l l t y  

The  res idua l   match ing   p roper ty   can   be   e rpressed  In   the   f requency  
domain  for   an  autocorre la t lon  analys is   The  express lon  for   the  er ror  I S  

glven  by [?] 

where S i @ - )  1 5  t h e  Fourler t r a n s f o r m   o f   w n d o w e d   I n p u t   s e q u e n c e .  H ( e J - )  
I S  the   Four le r   t rans form  o f   the   syn thes ls   f l l te r ,   and g I S  an  appropr ia te 
c o n s t a n t   t h a t  wll b e   c h o s e n   t o   n o r m a l l r e   t h e   o u t p u t   v a l u e   M l n l m l z l n g   t h e  
predlct lon  error also r n ~ n ~ m ~ z e s   t h e   v a l u e   o f   t h e   f r e q u e n c y   d o m a l n   I n t e g r a l  
I n   t he   above   equa t lon   Th is   i n teg ra l   can  be Interpreted as m e a s u r l n g   t h e  
flt between H l e I - ]  a n d  . 5 ( e T i )  T h e   c o n t r l b u t l o n  d l  be  largest  and 
t h e  fit w ~ l l  be   enhanced  In   those  reg ions   o f   the   spec t rum  In   wh ich  .T i e . - )  
IS  large,  I e   a t   the  formant   peaks 

4 .  Synthesis  Optimization 
A new  ware fo rm I S  selected  for   each  b lock  o f   samples  In   addl t lon 

the   p i tch   and  fo rmant   syn thes is   f l l te rs   a re   updated   a t   In te rva ls  For conve-  
nlence w e  v ~ ~ l l  refer t o  a   f rame  o f   samples   Each  f rame  o f   samples  V!IL be 
s u b d l v l d e d   I n t o   s u b f r a m e s   T h e   f o r m a r t   f l l t e r  I S  updated   once  per   f rame 
w h i l e  the   ga ln   p l tch   f i l te r   parameters   and  waveform  se lec t lon   a re   updated  
a t  the   sub f rame  leve l  

The   exc l ta t l on   wave fo rm  fo r   t he   cu r ren t   b !ock   l sub f rame)  I S  r " I n )  
T h l s  I S  scaled  by  the  galn  factor G and  used  to   d r ive   the   p l tch   syn thes ls  
f l l te r   The  p i tch   syn thes is   f l l te r  I S  specl f led  by  a  p i tch lag .\I and  a  set o f  .\-z 

f l l te r   coe f f tc len ts   The  c r l te r lon   used  to   measure   the   e r ro r   In   the   syn thes lzed 
signal I S  based on a  f requency  welght lng The t r a n s f e r   f u n c t l o n   o f   t h e  
we lgh t l ng   f t i t e r  I S  glven by I1 ( z i  = HI?:) H i ; ) ,  where 7 15 a   b a n d w d t h  
e r p a n s l o n   f a c t c r  The role of the   we lgh t l ng   f l l t e r  I S  t o   c o n c e n t r a t e   t h e  
cod lng   nmse  In  t h e  fo rmant   reg lons   where  I t  15  e f iect lve ly   masked  by  the 
speech signal 

W i t h   t h e   g i v e n   f o r m   o f   t h e   i v e l g h t l n g   f l i t e r   t h e  calculation o f   t h e   f r e -  
quency   vwgh ted   e r ro r   can  DC rearranged  as  shov/n I n  the   b lock   d lag ram  In  
Flg 2 In th l s  arrangement  t h e  fo rmant   syn thes ls   f l l te r   and  the   we lgh t ing  
f l l te r   have  been  combined  to   fo rm  a   bandwld th-expanded  syn thes ls   f l l te r  

The n o t a t l o n  for the  slgnals  uses  prlmes  (e  g s ' i n ] )  t o  Indicate  s ignals 
w h l c h  use the bandwidth-expanded synthes ls   f l l ter   and  carets  ( e  g i i n ) )  
t o   l nd l ca te   coded   s igna ls  

The  waveform  Index 2 the   ga ln   fac to r  G and   the   p l t ch   f l l t e r   pa -  
rameters i d  be  chosen to mln lmize   the   mean-square   f requency   we lgh ted  
recons t ruc t i on   e l ro r  I n  the l n t e r v a i  0 5 n < .I-, 
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where   the   we lgh ted   e r ro r  1 5  p v e n  bv 
1 

e, i n )  = ,s’(r iJ - 1 d [ A - ) / , ’ I n  k )  1 :< 1 
k x- 

a n d  { h ’ t k j )  denotes   the   Impu lse   response  o f   the   bandwid th-expanded 
syn thes i s   f l l t e r   The   ou tpu t  of the   p l t ch   syn thes l s   f i l t e r   can   be   w r l t t en  
as 

.3 r 

ijn) = ~ r ’ l J ( r ~ 1  - 3,d jn  - .I! - I - 1 1  ( $ 1  
. = I  

I t  I S  conven ien t   to   revdr l te   the   tve lgh ted   e r ro r  e ,  [ n )  In  a f o r m  w t h  
t h e   t e r m s   r d h l c h   a r e   n o t   a f f e c t e d   b y   t h e   o p t l m l z a t l o n   l u m p e d   I n t o  a single 
t e r m  

e ,  I n )  = ~ ’ j n )  - 8 ( k ) h ’ ( n  - k )  
XI 

i s )  
k-0 

T h e   l h r n l t s   o f   t h e   c o n v o l u t i o n  sum serve t o  select a p o r t i o n   o f   t h e  
s lgnal  It I S  useful t o   d e f i n e  a i v l n d o w   f u n c t l o n  

Now t he   we lgh ted   e r ro r   becomes  

P 

e , j n ) = s ” ( 7 l ) - ~ ? ~ ’ . \ , i n 1 - ~ 3 , i ~ , . , ) 1 n , . ~ ~ - ~ -  1 ) .  ( 7 )  
, = I  

i vhere  the  f i l tered  vers lons  o f  r “ j ( n )  a n d  d j n )  have  been  deflned  as 

S o l u t l o n   f o r  .I1 2 .\ 
The   va lues   o f   t he   ga in   f ac to r  G and   the   coe f f l c l en ts  {.j:} rdhlch 

m ln lm lze   t he   squared -e r ro r   a re   t o   be   f ound   In   ma t r l x   f o rm,  B a  = b 
where 

I I I I  

Conslder   the  case  that  .if 2 .Y The  f l l te red   s lgna l  d 3,.\.,jn.m) 
whlch   appears   In  v n: d e p e n d s   o n l y   o n   t h e   s ~ g n a l  d j n )  for n < 0 T h l s  
p a r t  of the   s lgna l  I S  k n o w n   f r o m   t h e   p r e w o u s   s u b f r a m e  For a p i t c h   l a g  
l a rge r   t han   t he   sub f rame sIze t h e   m a t r l x  B and   the   r l gh thand   s lde   vec to r  
b a r e   k n o w n   q u a n t l t l e s   T h e   d e t e r m l n a t l o n   o f   t h e   o p t l m u m   c o e f i l c l e n t s  
Invo lves   so lwng  the   se t  of l inear simultaneous e q u a t l o n s  

4 1 Performance  i - j l th   the Optimized Parameters 

The   so lu t l on   me thod   cons ide red   f l nds   t he   Jo ln t l y   op t lma l   va lues  of 
t h e   l i a v e f o r m   I n d e x  I t h e   p i t c h   l a g  .if t h e   g a l n  G and   the   p l t ch   f l l t e r  
coef f lc lents  { J ; }  T h i s  I S  accomplished b y   f i n d i n g   t h e   o p t l m a l   c o e f f l c l e n t  
vector  for each  palr  ( 7 .  . I f )  T h e   p l t c h   l a g  .if I S  cons t ra lned  to   be   a t   leas t  
as  large  as -1- 

T h e   J o f n t   o p t l m l z a t l o n   c a n   b e   c o m p a r e d   r J l t h  a s t ra tegy   wh ich   chooses  
the   p i tch   f l l te r   parameters  (.if a n d  13 , ) )  by  analyz lng  the  Input   speech 
For t h l s   compar l son   t he   sa rnp l tng   f requency  IS 8 k H z  T h e   f r a m e  s l z e  I S  80 
sampies ( 1 0  ms) fo r   t he   f o rman t   f l l t e r   upda te   and   t he   sub f rame s1ze 1 5  40 
samples ( 5  ms) for t he   wave fo rm  se lec t l on   and   ga ln   and   p i t ch   f i l t e r   upda te  
T h e   p l t c h   l a g   t a k e s   o n   v a l u e s   f r o m  40 t o  103 (5-12 9 m s )   O n l y  a single 
p i tch   coe f i l c len t  w I I  be   used .   Bo th   t he   ga in   and   t he   p l t ch   coe f f l c ren t   a re  
u n q u a n t l z e d   T h e   e x c l t a t l o n   w a v e f o r m  r ! ‘ ) ( n )  I S  chosen   f rom a reper tot re  
o f  32  t vave forms  These  parameters   a re   appropr la te   fo r  a C E L P   c o d e r  
opera t lng   near  5 k b  s 

Figure 3 sho iv r   t he   c~equency   we lgh ted  SNR (s igna l - to -no lse   ra t lo )  
~n dB for a CEL P coder   l rs lng   p l tch   syn thes is   parameters   de termined  by  
ana lvz lng   the   InDut   speech  and  us lng   syn thes is   parameters   op t lm lzed  fo r  
the  svnthes ls   s tage  The  average  f requency  welghted SNR Increases   f rom 
4 d B  t o  7 when   the   op t lm lzed   pa ramete rs   a re   used   Compar l son   o f   t he  
s h o r t - t l m e   s p e c t r a   s h o w s   t h a t   t h e   h a r m o n i c   s t r u c t u r e  15 be t te r   rep roduced  
w l t h   t h e   o p t l m l z e d   c o e f f ~ c l e n t s  Also the   g ross   spec t ra l   l n fo rma t lon   t ends  
t o  be  preserved  even  towards the h lgh   f requenc les   The   scheme  wh lch  
uses the   f l l te r   deve loped by ana lyz lng   the   Input   speech  o f fe rs  a p o o r   m a t c h  
espec la l l y   a round  the   zeroes   In   the   spec t ra l   enve lope.  

As m o r e   s t r u c t u r e  1s added to t h e   e x c l t a t l o n   w a v e f o r m   t h r o u g h   t h e  
se lect lon of an   op t l rna l   p l t ch   f l l t e r   t he  size o f   t he   codebook   becomes   l ess  
c r t t l c a l   W l t h   t h e   p r o p o s e d   s c h e m e   o p e r a t i n g   o n   b l o c k s   o f  5 ms d u r a t i o n ,  
d lc t lonary  s izes  as  smal l  as 16 or 32 waveforms  produce  reasonable  speech 
quality T h e  quality I S  d i r e c t l y   c o m p a r a b l e   t o  a C E L P   c o d e r   w l t h  1024 
w a v e f o r m s   b u t   w h l c h  uses a p i tch   f i l te r   der lved   a t   the   ana lys ls   s tage.  

4 2 S e q u e n t i a l   O p t l m l z a t l o n  

In   o rde r  to r e d u c e   t h e   c o m p u t a t i o n a l   l o a d   o f   t h e   p a r a m e t e r   o p t l m l z a -  
t lon   p rocedure .   sequent la l   approaches  fo r   de termln lng   the   syn thes ls   param-  
e te rs   a re   cons ldered  The  sequent la l   a lgor l thm  de termlnes   the   p i tch   lag  .\I 
u s l n g  a z e r o   i n p u t   f r o m   t h e   d l c t l o n a r y  (G = 0) 

Y - 1 

zOpr  = 2 s 2 ( n )  - b T F 1 b .  (11) 
n = O  

The   second   te rm  In   t h l s   exp ress lon  i s  a f u n c t l o n   o f   t h e   p i t c h   l a g  M t h r o u g h  
t h e   d e p e n d e n c e   o f  b a n d  0 o n  v ( ~ )  w h l c h   I n   t u r n   d e p e n d s   o n  M T h e  
o p t l m a l   v a l u e   o f  .M c a n   b e   f o u n d  by a m a x l m l z a t l o n  of t h e   q u a n t i t y  
bTB-’b. 

With t h e   o p t l m u m   l a g   d e t e r m l n e d   f o r  a z e r o   e x c l t a t l o n ,   t h e   l a g  is  
k e p t   f l x e d   a t   t h l s   v a l u e   T w o   v a r i a n t s   o f   t h e   b a s l c   s c h e m e  wI1 b e   c o n -  
s ldered   In   the   t l r s t   var ian t .   the   o ther   parameters   o f   the   syn thes izer   a re  
de termlned  by   search ing   over   waveform  lnd lces   For   each  waveform  Index ,  
t h e   o p t i m u m   g a l n   a n d   p l t c h   c o e f f m e n t s   ( a s s u m i n g   t h e   p i t c h   l a g   a l r e a d y  
d e t e r m l n e d )   a r e   f o u n d   I n  t h e  second  var lan t .   the   p i tch   coe f f l c len ts   a re  
a l so   de te rm ined   fo r   ze ro   e rc l t a t l on   Keep lng   t he   p l t ch   f l l t e r   f l xed   (bo th   l ag  
and  coef f l c len ts )   the   search  I S  conducted   over   waveform  Ind lces .  For each 
I n d e x .   t h e   o p t i m u m   g a i n  1s f ound .   assumlng   t he   o the r   syn thes i s   pa ramete rs  
a re   f i red  

O n e   l n t e r p r e t a t l o n   o f   t h e   o p e r a t i o n   o f   t h e   s e q u e n t i a l   a p p r o a c h e s  1 5  

as  fo l lo \us  The  exc l ta t lon  s lgnal   whlch IS used to d r l v e   t h e   f o r m a n t  
synthes ls   f i l ter  1s c o m p o s e d   o f   t w o   c o m p o n e n t s   T h e   f i r s t  I S  a scaled  and 
de layed  vers lon   o f   the   p rev lous   exc l ta t lon   s lgna l   In   vo iced  speech.   th is  
app roach   supp l l es   t he   p l t ch   componen t   The   ga ln -sca led   wave fo rm  f rom 
t h e   d l c t l o n a r y  f l l l s  I n   de ta i l s   t ha t   a re   m iss lng   I n   t he   exc l ta t l on   s lgna l  It 
a l so   supp l l es   t he   s ta r tup   componen t   f o r   t he   p l t ch   exc l ta t l on   I n   t rans l t l on  
reglons  (unvolced  or  si lence t o   v o l c e d ) .  

One   can   expec t   t ha t   t he   pe r fo rmance   o f   t he   sequen t la l   app roaches  
t o  be  Infer lor  t o   t h e   o p t l m a l   J o i n t   s o l u t l o n   T h e   m e t h o d s   w e r e   c o m p a r e d  
us tng   unquant lzed   coe f f l c len t   va lues   The  sys tem  parameters   a re   as   be fore .  

The  f l r s t   var lan t   p roduces   speech  wh ich   can   be   descr lbed  as   smoother  
t h a n   t h e   o p t l m a l   m e t h o d .   b u t   w h l c h   l a c k s  a cer ta ln   fu l lness.   In   addl t lon.  
the   energy   var la t lons   a re   no t   rendered  qu i te   as   accura te ly   The  second 
var lant   produces a p i t c h  coefficient w h l c h  1 5  w l t h l n  10% o f   t h e   v a l u e   g l v e n  
by  the  f i rst   var lant   In  steady  volced  speech.  Larger  d l f ferences  are  observed 
In   sdence  and  t rans l t lon  reg lons as we l l   as   I n   \ aced   segmen ts   w i th   rap ld  
formant   changes  The  overa l l   d i f ferences  betvdeen the o p t t m a l   s c h e m e   a n d  
the   f l r s t   va r lan t   a re   sma l l   enough   tha t   t he   compu ta t l ona l   sav lngs   assoc la ted  
w l th   t he   sequen t la l   app roach   a re   a t t rac t l ve  ’ 
So lu t l on   f o r  .If < .\- 

T h e   l l m l t a t l o n   t h a t   t h e   p l t c h   l a g   b e   g r e a t e r   t h a n   t h e   s u b f r a m e  s1ze 
causes   some  p rob lems  fo r   h lgh   p l tched  female   speech  The  p l tch   per iod   In  
our female  samples  can  become  as low as 23 samples ( 3  5 ms correspond-  
l n g   t o  a 285 Hz p i t c h   f r e q u e n c y )   O n e   c a n   a r g u e   t h a t   p i t c h   d o u b l i n g   c a n  
capture   th is   shor t   p l tch   per lod   However .   some  waver ing   In   the   speech  can 
be  observed  whenever t h e  p l tch   per lod   hovers   a round  the  40 sample  va lue 
T h l s  IS  caused   by   t he   p l t ch   l ag   chang lng   sudden ly   be tween   I t s   f undamen ta l  

_____ 
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ba lue   and   I t s   p l t ch   doub led   va lue   I n   add# t i v r  on* a r  '7ote a r  m p r e  #>lor  
In   the  harmonlc   s t ructure  when  p l tch  doubled  va lues  dre  used 

The  bas ic   problem  In   so lv lng  for   the  ga P a n d   p l t t h   ; o e f i l u e n t  f r r r  lags 

less than  the   sub f rame size I S  t h a t   t h e   e q u a t ( \  ns oecomt   non i lnear   In  t h e  

coefflcdents  for .if ; .\ T h l s  1s due to the   f ac t   t ha t  bo t t  t h e  r n a t w  P 
and  the   vec tor  b con ta ln   t e rms   In  d ( n )  f o r  n : U These  te rms ~n t u r r  
depend  on   the   coe f f l c len ts   The  genera l   so lu t lon   o f   the  nonlinear set 0' 

equat lons IS  Impract ica l  

1 )  fo r   a   zero   Input   f rom  the   d tc t lonary  ( G  = 0) Also le t   the   p l tch   lag   he   In  
the   In te rva l  .Y 2 5 ,if *. .Y where .\- 1s the   sub f rame  s ize   The  exc i ta t ion  
s lgnal   takes  on  one  o f  two f o r m s  

Conslder   the  case  that   a   s lng le  p i tch  coef f lc lent  IS  be ing  sought  (.\F - 
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The  squared-error   sum  can  be  expressed  as 

r 1 s " ( n ] . ?  - 23 1 s ' ' ( n ) i 0  ,,, I n .  \ I )  - 3' x 8,, .t,,[n .VI ? 

\ - I  .x ~ 1 .\ ~ 1 

r. = C' 
Y 

n=O n = L  

v - I  . \ - I  

23' 1 ~ " ( n ] d . ~ ~ . ~ , ( r t .  2.if) - 23' d3.\,;(n, . i f ) d . v . y , ( n .  2.11)  
r.= M " = .v 

.v ~ 1 

- 3' d.&,.v,[n.2.\1) '  
z = .\I 
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S e t t l n g   t h e   d e r l v a t l v e   t o  zero glves  a  cubic  In 3 whtch  can  be  solved  tn 
c losed  form.   However   the  so lu t ion of the  cublc   Invo lves  t ranscendenta l  
functions 

The   p roposed   me thod   fo r   f t nd lng   t he   op t lmum  va lue   f o r  .i takes  a 
short   cut   based  on  using  quant ized  values for 3 In  th ls  scheme  the s u r  

te rms  a re   p recomputed  Each of the  possible  quantlzed  values for .'i I S  

substituted I n t o   t h e   e q u a t l o n   T h e   v a l u e   o f  3 whlch  gtves  the  smal lest  
va lue  for  E 1s chosen  For  a  re lat lvely  smal l   number  of   quant lzed  values 
th is   approach I S  c o m p u t a t l o n a l l y   a t t r a c t l v e  

A second  method for ca lcu la t lng   the   p l tch   coe f f i c ien t   fo r  .\I I .I I S  

m o r e  empirical In   th is   scheme  the   pas t   p l tch  filter o u t p u t  I S  per lod lca l ly  
c o n t i n u e d  

Th is   scheme  embod ies   an   au tomat l c   p l t ch   doub l l ng   f o r   pa r t   o f   t he   sub -  
f r a m e   W l t h   t h l s   f o r m u l a t l o n   t h e  solution f o r  3 resul ts  In  a lhnear e q u a t i o n  

4 3 Resul ts  for   an  expanded  pl tch  lag  range 

The  o r lg lna l   spec t ra   fo r  cases In   wh ich   t he   p i t ch   l ag  IS doubled  show 
spur lous  energy  between  harmonlcs (F ig  4 )  These  ef fects disappear w t h  
t h e   e x p a n d e d   p l t c h   l a g   r a n g e   ( p i t c h   c o e f f m e n t   q u a n t i z e d   t o  16 values) 
The  resu l t lng   speech IS  considerably  lmprovea  In  qual i ty  for   those  speakers 
for  cwhlch t h e   p l t c h   l a g   f a l l s   b e i o n  4C samples 

The   me thod   e rnp loy lng   t he   pe r lod l c   con t l nua t lon  of  the   p l t ch   f l l t e r  
ou tpu t   was   a lso   t r led   From  the   fo rmula t lon   one  can see tha t   me thod   does  
no: a l lo \ t f   for   p l tch  pu lses  In   a   subf rame  ivh lch  change  In   ampl i tude f rom 

one  pu lse  to   another  I t  can   underes t lmate   the   Impact   o f   coe f i l c len t   va lues  
grea ter   than  one This represents  a  potentla1  cause  for  local  degradatlons 
o f   the   syn the t ic   speech Idore obvlous !$as  the  presence of  o c c a s ~ o n a l  
a r t i fac ts   In   the   recons t ruc ted   speech  due  to   sudden  burs ts  of the   h lgh  
frequencles 

5.  Parameter  Coding 
The   ta rge t   b l t   r a te  1s 4800 b l ts  sec for  E kHz  sampled   speech  The 

bi t  a l locat lons  used  are  summarlzed  In  Table 1 The  a l loca t ion   a l lows tor 
a  d lc t lonary of  32 waveforms of 40 samples  each (1000 b s )  

5 . 1  Fo rman t   f l l t e r   cod lng  

Our  quant lza t lon   scheme 1s based  on  a 81ne spect ra l  frequent? I L S F )  
parameter lzat lon of  the  formant   synthes ls   f81ter   Th ls  L S F  c o d l n g  uses 
1 1  blts t o   c o d e  10 fo rman t   coe f f l c~en ts   The   coe f f l c l en ts   a re   compu ted  
f o r   f r a m e s   o f  120 samples (15 m s )   T h e   s c h e m e  uses a combination o f  
In t ra -   and  In te r - f rame  cod lng   Th ls   par t  0' the  scheme IS conceptual lh  
srmllar t o  one  described by Crosmer  and  Barnwel l  ( 3 )  The  quant lzers   a re  

. ~ -~ 
Transmss lon   Ra te  

b i t s   upda te  b s 

p l tch   f i l te r  10 40 2000 
fo rmant   f i l te r  24 14C EO0 
waveform  Index 5 4c 1000 
galn  factor  5 40 1000 

t o t a l  4800 

Parameter  -~ -~ ~- ~ ~ ~~ .. 

. ~ ~ ~. - ~~ 

~ - ~. ~- 

- _ ~ _  _ _ _ ~ _  ~~ ~ _ _ _ _ _ _ ~ ~  

Table 1 61t a l locat lons  for   a  4800 b s CELP coder  

des lgned  based  on   h is tograms  o f   occur rences .   w i th   care   taken  to   avo ld  
LSF crossovers  To  help  lock-In  af ter   t ransl t lons  f rom  s i lence  unvolced 
segments   to   vo lced  segments   an   adapt ive   p red ic t ion   scheme I S  used  for  the 
In ter - f rame  coder   The  s tep size adapta t lon   uses   ex t ra   cues   taken  f rom 
the  speech  energy In addl t lon  predlc t lon  leakage  and  automat lc   reset   In  
s l lence  ml t lgate  er ror   propagat ion  In   the  presence  o f   channel  errors 

To  fu r ther   reduce  the   b l t - ra te .   on ly   every   second  f rame  o f   coe f f l c len ts  
I S  coded  The  mlss lng   f rames  a re   f l l l ed   by   ln te rpo la t lng   ad jacent   f rames 
A 3-bl t   code  specl f les  whlch  Interpolat ton  value IS t o  be used  ir i ihlch of 
the 8 possible  lnterpolat lons t o  use I S  determlned  based  on   a   f requency  
Netgh ted   c r l te r lon   The  c r i te r lon   comblnes   we lgh ts   based  on   the   spec t ra l  
f requency   and  the   d is tance  f rom  ne lghbours  

The  fo rmant   f i l te r   cod ing   scheme  uses   a   to ta l   o f  24 blts  every 240 
samples .   cor respond ing   to   a  bit r a t e   o f  800 b s 

5.2 Pi tch   parameter   cod tng  

The   rema ln lng  3000 b s I S  al located to the   ga in .   the   p l tch   lag .   and 
the   p l t ch   coe f f l c l en t ( s ) .   The   t a rge t  bit ra te   on ly   a l lows for t h e  use o f   a  
s lng le  p l tch  coef f ic lent  Our experlence I S  t ha t   f a i r l y   rap ld   upda te  of t h e  
pi tch  predtctor I S  necessary   fo r   good  qua l l t k   The  p l tch  predictor I S  u p d a t e d  
every 5 ms The  ga ln   and  p l tch   f l l te r   a l loca t ion   then I S  15 bl ts   every 5 ms 

The  scheme  adopted  uses 5 b l t s   t o   c o d e   t h e   g a i n   p a r a m e t e r   T h e   g a i n  
parameter  I S  coded  as   s ign   and  d t f fe ren t la l   magn l tude  The  p i tch   lag   and 
the   p l tch   coe f i l c ten t   a re   coded  together  w t h  10 b i t s   T h e   p i t c h   l a g   t a k e s  
on  one  o f   73  va lues  and  the  s lng le  p t tch  coef f lc lent   takes  on  one of 14 
va lues  The  conf lgurat lon  chosen  a l lows  the  p i tch  to   cover   the  range  f rom 
31 samples t o  103 samples   cor respond lng   to   p i tch   f requenc les   o f  78-258 
Hz 

6. Summary  and  Conclusions 
The  CELP  coder   runs   as   a   s tmu la t lon   In   f loa t ing   po ln t   Hovdever  

m o s t  of the   components   have  been  p rewous ly   Imp lemented  In   f i xed-po ln t  
a r l thmet lc   In   recent   work   the  conversion f r o m   d t r e c t   f o r m   c o e f f l c l e n t s   t o  
LSF s and  v lce-versa  has  been  s imulated  on  a  f lxed-polnt   s lgnal   processor 
moth the   p roposed  metho?  fo r   p l tch   f t l te r   op t lm lza t lon .   the   computa t tona l  
ra te I S  compat tb le   rv l th   a   f ixed-polnt   s ignal   processor  w t h  a 100 ns  cycle 
t l m e  

The  coder   generates nlgh qual l ty   speech  a t  4 8 k b ,  s a n d  I S  relat lvely 
robust  t o  channel   errors It has  been  tested  a t   channel   er ror   ra tes  o f  
0 .001.  w l th   on ly   m inor   degradat lons   In   the   resu l t lng   speech In add i t i on .   an  
adapt ive  postf i l ter   has  been  added  to  achleve  a  smal l   Increase  In  perceived 
speech  qual l ty [4] Fur ther  work IS In  progress to   eva lua te   t he   pe r fo rmance  
for   degraded  speech  input  
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F i g  1 Synthesis stage  for  an CELP coder  
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Fig. 2 Model   fo r   the   ca lcu la t lon   o f   the   f requency   we igh ted  error 

m 
V 

1U m subframe no 
F i g .  3 Segmenta l   f requency  weighted SNR (dB) .   ( th in   l ine   fo r   parameters   deve loped by a n a l y r i n g  

the  input  speech,  thick  l ine  for  parameters  optlmlzed for the  synthesls  stage) 
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F i g .  4 Short - term  spect ra  for   female  speech.  
(a)  or ig inal   speech, 
( b )  synthes ized  speech  wl th   the  p i tch lag const ra lned to be  la rger   than 40 ssmples,   and 
( c )  syn thes ized  speech  w l th   the   p i tch   lag   a l lowed  to   fa l l  below 40 samples.  
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