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©  Multichannel  digital  speech  synthesizer  employing  adjustable  parameters. 
Device  for  decoding  a  number  of  linear-predictive-coded 

speech  signals.  The  device  comprises  a  digital  noise  gener- 
ator,  a  pitch  generator,  a  voiced/unvoiced  switch,  an  adjust- 
able  ladder  filter  and  a  volume  control.  In  order  that  the 
device  can  be  used  as  efficiently  as  possible  for  a  number  of 
channels  simultaneously,  the  device  also  comprises  a  pre- 
processing  unit  (9),  a  store  (10)  and  a  computing  device  (12), 
permitting  the  speech  signals  to  be  reproduced  more 
accurately  according  as  fewer  channels  are  used  at  the 
output.  When  all  channels  are  used,  the  quality  of  speech 
decreases.  This  variation  of  quality  according  to  the  number 
of  channels  used  is  achieved  by  varying  the  number  of 
adjusting  coefficients  per  channel. 



The  i n v e n t i o n   r e l a t e s   to  a  d i g i t a l   speech  s y n t h e s i z e r   c o m p r i s i n g  

a  d i g i t a l   noise   g e n e r a t o r ,   an  a d j u s t a b l e   d i g i t a l   p i tch   g e n e r a t o r ,  

an  a d j u s t a b l e   d i g i t a l   f i l t e r   and  a  d i g i t a l - t o - a n a l o g   c o n v e r t e r ,  

the  p i t ch   g e n e r a t o r ,   the  m u l t i p l i e r   and  the  f i l t e r   being  a d j u s t e d  

accord ing   to  parameters   derived  from  the  o r i g i n a l   speech  s i gna l   by 

the  " l i n e a r   p r e d i c t i v e   coding  (LPC)"  method,  and  means  for  com- 

put ing  the  a d j u s t i n g   c o e f f i c i e n t s .  

Devices  of  th i s   type  are  g e n e r a l l y   known  and  have  the  a d v a n t a g e  

tha t   for  s y n t h e s i z i n g   the  speech  s i gna l   s to rage   and  p r o c e s s i n g  

r e q u i r e   a  c o n s i d e r a b l y   smaller   number  of  b i t s   than  with  o t h e r  

d i g i t a l   speech  s y n t h e s i z i n g   m e t h o d s .  

In  known  devices   of  said  type,  i t   is  a  problem  tha t   the  r e l a t i v e l y  

complex  computing  equipment  r equ i r ed   for  the  i n t e r p o l a t i o n s   and 

for  a d j u s t i n g   the  f i l t e r s   is  e x p e n s i v e .  

The  device   accord ing   to  the  i n v e n t i o n   provides   a  s o l u t i o n   for  t h e  

said  problem,  because  a  large  number  of  channels  can  be  h a n d l e d  

s i m u l t a n e o u s l y ,   so  that   a  c o n s i d e r a b l y   h igher   e f f i c i e n c y   can  b e  

a c h i e v e d .  

Another  ob jec t   of  the  i nven t ion   c o n s i s t s   in  p rov id ing   a  device  o f  

the  said  type,   in  which  the  q u a l i t y   of  the  speech  produced  depends  

on  the  degree   of  occupat ion .   By  making  an  admiss ib le   s a c r i f i c e   o f  

q u a l i t y ,   the  degree  of  occupat ion   can  be  cons ide rab ly   changed.  This  

can  be  done,  for  example,  by  d e c r e a s i n g   or  i n c r e a s i n g   the  number  o f  



i n t e r p o l a t i o n s   between  s u c c e s s i v e   speech  samples,   by  changing  t h e  

ad jus tmen t   of  the  a d j u s t a b l e   f i l t e r   or  by  changing  the  d e - e m p h a s i s .  

In  th is   manner,  the  q u a n t i t y   of  the  speech  channels   handled  by  t h e  

device   can  be  i n c r e a s e d ,   a l b e i t  -   as  has  been  s a i d  -   at  the  e x p e n s e  

of  the  q u a l i t y .   On  the  other   hand,  in  l o w - t r a f f i c   hours ,   t h e  

q u a l i t y   can  be  improved  c o n s i d e r a b l y .   Such  a  device   o f f e r s   g r e a t  

advan tages ,   e .g .   with  message  sources ,   such  as  those  for  t ime  

(speaking  c lock ) ,   weather   f o r e c a s t s ,   cueing  systems  a n d - s o . o n .  

When  use  is  made  of  a  t r a n s m i s s i o n   medium  having  a  high  t r a f f i c  

d e n s i t y ,   a  s p e c i a l   embodiment  o f f e r s   the  p o s s i b i l i t y   of  p r o v i d i n g ,  

a l r eady   at  the  t r a n s m i t t i n g   end,  means  for  t r a n s m i t t i n g   a  r e d u c e d  

q u a n t i t y   of  i n f o r m a t i o n   per  channel  on  the  t r a n s m i s s i o n   medium  i n  

per iods   of  i nc r ea sed   t r a f f i c   d e n s i t y .  

The  device   accord ing   to  the  i n v e n t i o n   is  the  s y n t h e s i z i n g   par t   and 

is  c h a r a c t e r i z e d   in  t ha t   the  means  for  computing  the  a d j u s t i n g  

c o e f f i c i e n t s   can  serve  a  p l u r a l i t y   of  channels   on  a  t i m e - d i v i s i o n  

b a s i s .   Thus,  a  more  e f f i c i e n t   use  can  be  made  of  these   r e l a t i v e l y  

expens ive   means .  

Another  f e a t u r e   of  the  device  according  to  the  i n v e n t i o n   c o n s i s t s  

in  tha t   the  q u a l i t y   of  the  reproduced  speech  s i g n a l   is  a d j u s t a b l e ,  

because  this   device  comprises  means  for  computing  the  number  o f  

b i t s   per  a d j u s t i n g   c o e f f i c i e n t   according  to  the  number  of  c h a n n e l s  

for  which  speech  samples  have  to  be  computed.  
The  device  may  comprise  means  for  computing  the  number  of  b i t s   o f  

the  a d j u s t i n g   c o e f f i c i e n t s   according  to  the  i n f o r m a t i o n   content   o f  

the  s i gna l   supp l ied   to  the  input   of  the  d e v i c e .  

The  i n v e n t i o n   w i l l   now  be  expla ined   in  connec t ion   with  the  appended 

drawing,   in  wh ich  

Fig.  1  is  a  genera l   block  diagram  of  a  speech  s y n t h e s i z e r ;  

Fig.  2  is  a  block  diagram  of  the  speech  s y n t h e s i z e r   according   to  t h e  

i n v e n t i o n ;  

Fig.  3  i l l u s t r a t e s  a   p r e f e r r e d   embodiment  of  t h e - p r e - p r o c e s s i n g   u n i t  

of  the  device  accord ing   to  the  i n v e n t i o n ;  

Fig.  4  i l l u s t r a t e s   a  p r e f e r r e d   embodiment  of  the  computing  un i t   o f  

the  device  accord ing   to  the  i n v e n t i o n ;  

Fig.  5  is  the  f l o w - c h a r t   of  the  p r e - p r o c e s s i n g   u n i t   (9)  of  the  d e v i c e  

of  Fig.  2  and 



Fig.  6  is  the  f l o w - c h a r t   of  the  c e n t r a l   p r o c e s s i n g   uni t   (11)  of  t h e  

device  of  Fig.  2. 

Fig.  1  is  a  genera l   block  diagram  of  a  speech  s y n t h e s i z e r .   The 

a d j u s t i n g   parameters   for  the  device  are  d e s i g n a t e d   by  the  l e t t e r s   a ,  

b,  c  and  d.  The  c i r c u i t   comprises  a  d i g i t a l   noise  source  1,  which  

genera te s   white  noise   for  unvoiced  speech  components,  and  a  d i g i t a l  

p i t ch   g e n e r a t o r   2,  which  genera tes   the  fundamental   f requency  f o r  

voiced  speech  components  and  is  ad ju s t ed   accord ing   to  parameter   a .  

The  choice  between  gene ra to r s   1  and  2  is  made  by  switch  3  as  c o n -  

t r o l l e d   by  parameter   b.  Then  the  d i g i t a l   s igna l   is  app l ied   s u c c e s s i v e -  

ly  to  an  a d j u s t a b l e   d i g i t a l   ladder   f i l t e r   4,  c o n t r o l l e d   by  parameter   c ,  
and  a  d i g i t a l   volume  r e g u l a t o r   5,  c o n t r o l l e d   by  parameter   d.  A  d i g i t a l -  

t o - a n a l o g   conve r t e r   6  converts   the  d i g i t a l   s igna l   into  an  analog  s i g n a l .  

Fig.  2  is  a  block  diagram  of  the  device   according   to  the  i n v e n t i o n .   A 

d i g i t a l   input   s igna l   i n c o r p o r a t i n g   the  pa ramete r s   a,  b ,  c   and  d  i s  

appl ied   to  input   7  of  the  speech  s y n t h e s i z e r   and  led  to  a  bu f f e r   8.  

The  parameters   a,  b,  c  and  d  have  been  de termined  by  the  " l i n e a r   p r e -  
d i c t i v e   coding"  method  and  can  come  from  a  s to rage   medium,  in  the  c a s e  
of  a  message  that   has  to  be  r epea ted   r e g u l a r l y   or  from a  t r a n s m i s s i o n  

l i n e .   A  p r e p r o c e s s i n g   uni t   9  ensures  the  read ing   of  the  parameters   and 

t h e i r   s to rage   in  po r t ion   10.1  of  s t o r e   10,  the  i n t e r p o l a t i o n   of  two 

s u c c e s s i v e   groups  of  pa ramete r s ,   the  t r a n s f e r   of  the  i n t e r p o l a t i o n  

r e s u l t s   to  other   par t s   of  the  c i r c u i t   and  the  pass ing   of  con t ro l   d a t a  

to  the  c e n t r a l   p roces s ing   uni t   11. 

The  data   s tored   in  s tore   po r t i on   10.1  can  be  t r a n s f e r r e d   to  a  second 

s to re   p o r t i o n   10.2-,  when  the  p r e c e d i n g  d a t a   s to red   in  10..2- 

have  been  p rocessed .   P rocess ing   takes  p lace   in  a  computing  uni t   12, 

which  employs  the  i n t e r p o l a t e d   data  for  a d j u s t i n g   the  l adder   f i l t e r  

(Fig.  1;4)  i n c o r p o r a t e d   in  the  computing  u n i t .   In  the  meantime  s t o r e  

p o r t i o n   10.1  is  f i l l e d   again.   The  computing  uni t   12  of  th is   embodiment 

can  compute  the  d i g i t a l   speech  s i g n a l s   for  16  speech  c h a n n e l s  

s i m u l t a n e o u s l y .   These  d i g i t a l   speech  s i g n a l s   a r e - s t o r e d   in  " f i r s t - i n -   -  
f i r s t - o u t "   bu f f e r s   13.1  . . .   13.16  (one  s igna l   per  channel)  a n d  t h e n  

led  to  d i g i t a l - t o - a n a l o g   conve r t e r s   6 . 1 . . .   6.16,  r e s p e c t i v e l y .   The 

computing  uni t   12  is  c o n t r o l l e d   in  conformi ty   with  fixed  ru les   b y . a  



c o n t r o l   un i t   14,  which  r e c e i v e s   i t s   i n s t r u c t i o n s   from  the  c e n t r a l  

p r o c e s s i n g   un i t   11. 

Fig.  3  i l l u s t r a t e s   a  p r e f e r r e d   embodiment  of  the  p r e - p r o c e s s i n g  

uni t   9  accord ing   to  the  i n v e n t i o n ,   and  s to re   p o r t i o n   10.1.  The  d a t a  

coming  from  the  b u f f e r   (Fig.  2;  8)  are  led  to  a  s e r i e s - t o - p a r a l l e l  

conve r t e r   15.  The  d i s c r i m i n a t o r   16  i n f e r s   from  the  f i r s t   few  b i t s  

of  a  2 4 - b i t   frame  whether  th is   frame  con ta ins   speech  data  or  c o n t r o l  

i n f o r m a t i o n ,   in  which  cases  a  data  bu f f e r   17  or  a  c o n t r o l   bu f fe r   18 

is  opened,  r e s p e c t i v e l y .   The  speech  data  are  led  from  the  data  b u f f e r  

17  via  a  data   bus  19  to  a  m ic rop roces so r   20,  which  is  connected  t o  

the  c e n t r a l   p r o c e s s i n g   un i t   (Fig.  2;  11)  via  a  c o n t r o l   bus  21  and 

an address  bus   22.  Store  23  (RAM)  and  decoding  s to re   24  (ROM)  a r e  

also  connected  to  t h i s   data   bus.  F u r t h e r ,   the  c i r c u i t   comprises  a n  

a d d e r - m u l t i p l i e r   25  for  c a r ry ing   out  pa r t s   of  i n t e r p o l a t i o n  

c a l c u l a t i o n s .  

The  group  of  pa ramete r s   comprises ,   as  has  a l ready   been  observed,   t h e  

fo l lowing   f o u r :  

a.  the  p i t c h ,   for  which  the  data  are  led  via  output   27  to  the  com- 

pu t ing   uni t   (Fig.  2;  12) ;  

b.  the  v o i c e d / u n v o i c e d   d e c i s i o n ,   for  which  the  data  are  also  led  t o  

said  computing  un i t   via  output   26; 

c.  the  r e f l e c t i o n   c o e f f i c i e n t s   Kn1 to  KnM, 1st  and  Mth  r e f l e c t i o n  

c o e f f i c i e n t ,   r e s p e c t i v e l y ,   of  the  nth  group  of  parameters   r e a d ,  

the  data  of  which  are  led  to  s to re   p o r t i o n   10.1,  while  the  d a t a  

t r a n s f e r r e d   to  s to re   po r t i on   10.2  are  being  h a n d l e d ;  

d.  the  volume  of  output   s igna l   en,  the  data   of  which  are  also  led  t o  

s to re   p o r t i o n   1 0 . 1 .  

The  da ta   for  pa ramete r s   a  and  b  have  no  e f f e c t   upon  the  ladder  f i l t e r  

(Fig.  1;  4),  so  tha t   they  can  be  handled  in  a  d i f f e r e n t   manner  and  need  

not  pass  the  s tore   10,  as  wi l l   be  de sc r ibed   h e r e i n a f t e r .  

The  f u n c t i o n   of  the  speech  data  p o r t i o n   of  the  c i r c u i t   of  Fig.  3  i s  

d e s c r i b e d   as  s e p a r a t i n g   the  parameters   a,  b,  c  and  d  and  i n t e r p o l a t i n g   -  

the  pa ramete r s   c  and  d.  I n t e r p o l a t i o n   is  n e c e s s a r y ,   because  the  s p e e c h  
i n f o r m a t i o n   a r r i v e s   in  bu r s t s   and  because  annoying  c l i cks   could  o c c u r  

wi thou t   i n t e r p o l a t i o n .   Every  time  a  group  of  data  n  is  w r i t t e n  i n  



r e g i s t e r   23,  a f t e r   which  the  i n t e r p o l a t i o n   with  the  preceding  group 

of  data ,   n-1,  is  c a r r i e d   out  by  the  m i c r o p r o c e s s o r   20  with  the  a i d  

of  the  a d d e r - m u l t i p l i e r   25  and  s to re   24  in  accordance   with  t h e  

f o r m u l a  

in  which  I  =  0   . . .   L- l ,   L  being  the  number  of  i n t e r p o l a t i o n s   d e s i r e d .  

I  i n d i c a t e s   the  number  of  a  group  i n t e r p o l a t e d   between  the  g roups  

n-1  (1=0)  and  n  (I=L).  The  c o e f f i c i e n t s   L-I L  and I L  are  generated  by 

the  m ic rop roces so r   20. 

The  r e f l e c t i o n   c o e f f i c i e n t s   i n t e r p o l a t e d   on  the  bas i s   of  rule  (1)  and 

the  i n t e r p o l a t e d   volume  are  led  to  s to re   1 0 . 1 .  

According  to  the  i n v e n t i o n ,   the  p r e - p r o c e s s i n g   un i t   compr i ses  means  

for  a d j u s t i n g   the  q u a l i t y   of  the  speech  reproduced  according  to  t h e  

degree  of  occupa t ion   of  the  t r a n s m i s s i o n   medium.  T h e r e f o r e ,  a t   t h e  

t r a n s m i t t i n g   end,  r e l e v a n t   data  are  sent  along  with  the  con t ro l   s i g n a l s .  

T h e s e  d a t a  a r e   i n t e r p r e t e d   in  the  f u n c t i o n   decoder  28.  Fu r the r ,   t h e  

c i r c u i t   comprises  a  r e g i s t e r   29,  for  r e c o r d i n g   the  number  of  i n t e r -  

p o l a t i o n s   to  be  c a r r i e d   out  by  the  m i c r o p r o c e s s o r   20  on  the  u n v o i c e d  

par t   o f  t h e   speech,  and  a  r e g i s t e r   30,  which  has  an  analogous  f u n c t i o n  

with  regard  to  the  voiced  par t   of  the  speech.  R e g i s t e r s   29  and  30  a r e  

connected  to ROM  s t o r e  3 1 ,  w h i c h   conver ts   the  number  of  i n t e r p o l a t i o n s  

to  be  c a r r i e d  o u t   into  a  s i g n a l  f o r   p o s i t i o n i n g   counter   32,  s t e p p i n g  

in  s y n c h r o n i s m  w i t h  a   counter   i n c o r p o r a t e d   in  m ic rop roces so r   20.  The 

p o s i t i o n   of  counter   32  is  passed  to  a  f r a c t i o n   t ab l e   33  (ROM),  c o n n e c t e d  

via  a  s e l e c t o r   34  to  con t ro l   bus  21 and  address   bus  22.  Under  t h e  

con t ro l   of  the  c e n t r a l   p roces s ing   uni t   (Fig.  2;  11),  the  number  o f  

i n t e r p o l a t i o n s   to  be  c a r r i e d   out  by  the  m i c r o p r o c e s s o r   20  can  be  f i x e d .  

The  c i r c u i t   o f  F ig .   3  also  conta ins   r e g i s t e r s   35  and  36  for  r e c o r d i n g  

a d j u s t i n g   data  for  the  a d j u s t a b l e  f i l t e r   i n c o r p o r a t e d   in  the  comput ing  

un i t   (Fig.  2;  12).  The  a d j u s t i n g   data  for  unvoiced  speech  are  s t o r e d  

in  r e g i s t e r   35,  those  for  voiced  speech  in  r e g i s t e r   36.  A  ROM  37,  -  

conver ts   the  a d j u s t i n g   data  into  p o s i t i o n i n g   data  for  counter  38.  

Via  s e l e c t o r   39  the  counter   p o s i t i o n   is  passed  to  buses  21  and  22, 

a f t e r   which  the  number  of  c a l c u l a t i o n s   to  be  c a r r i e d   out  by  the  c o n t r o l  



uni t   (Fig.   2:  14)  is  f ixed  under  the  con t ro l   of  the  c e n t r a l   p r o -  

ces s ing   un i t   (Fig.  2;  12) .  

F u r t h e r m o r e ,   the  c i r c u i t   may  con ta in   a  r e g i s t e r   40  for  r e c o r d i n g  

a  s i g n a l   i n d i c a t i n g   that   the  next  one  or  two  frames  c o n t a i n   no  s p e e c h .  

The  r e l e v a n t   data  can  be  passed  via  s e l e c t o r   41  and  buses  21  and  22 

to  the  c e n t r a l   p r o c e s s i n g   uni t   (Fig.  2;  12),  so  tha t   the  computing  u n i t  

(F ig .2 ;   14)  can  spend  the  time  thus  saved  in  d e a l i n g   w i t h - o t h e r   c h a n n e l s .  

The  c i r c u i t   may  comprise  a  r e g i s t e r   42  and  a  s e l e c t o r   43  for  r e -  

cord ing   the  s igna l   i n d i c a t i n g   that   one  or  two  new  frames  con t a in   t h e  

same  i n f o r m a t i o n   as  the  preceding   frame,  so  tha t   the  new  frames  need 

not  be  t r a n s m i t t e d .   Because  the  p receding   frame  is  in  the  b u f f e r  

(Fig.  2;  8)  for  i n t e r p o l a t i o n   purposes ,   r e p e t i t i o n   w i l l   s u f f i c e ,   so  

tha t   t r a n s m i s s i o n   capac i ty   is  saved.  In  an  analogous  way  i n f o r m a t i o n  

conce rn ing   the  degree  of  compression  and  expansion  of  the  s p e e c h  

s igna l   can  be  r ece ived   and  h a n d l e d .  

Fig.  4  i l l u s t r a t e s   a  p r e f e r r e d   e l a b o r a t i o n   of  s to re   10.2,  comput ing  

uni t   12,  b u f f e r s   13  and  con t ro l   un i t   14.  The  data  s to red   in  10.1 

(Fig.  2)  are  t r a n s f e r r e d   to  s to re   10.2  under  the  con t ro l   of  the  c e n t r a l  

p r o c e s s i n g   un i t   11.  The  data  s to red   in  10.2,  c o n t a i n i n g   the  i n f o r m a t i o n  

for  computing  the  d i g i t a l   s igna l   to  be  suppl ied   to  the  b u f f e r s   13,  a r e  

led  to  m u l t i p l i e r s   44  and  45  working  in  p a r a l l e l ,   a d d e r - s u b t r a c t o r   46 ,  

AND-ci rcu i t   47  and  D - f l i p - f l o p   4 8 . S e l e c t o r   49  de te rmines   the  number  o f  

b i t s   to  be  c a l c u l a t e d   per  PCM-word  and  a  round-of f   f a c t o r .   D - f l i p - f l o p  

50  ensures   in  a  well-known  manner  the  a d a p t a t i o n   to  bus  t r a f f i c .   The 

r e s u l t s   of  a  f i r s t   c a l c u l a t i o n   are  w r i t t e n ,   for  s i x t e e n   s e p a r a t e  

channe l s ,   in  bu f f e r s   51,  from  which  they  can  be  output   via  D - f l i p - f l o p s  
52.  The  v o i c e d / u n v o i c e d   and  p i tch   data   are  sent  via  output   42  t o  

e l e c t r o n i c   switch  3  and  via  output   43  to  gene ra to r   2,  r e s p e c t i v e -  

ly,  and  combined  by  means  of  D~flip~fl@p  53  with  the  d i g i t a l   s i g n a l  

to  be  c a l c u l a t e d .   The  whole  a lgo r i t hm  can  be  r e p r e s e n t e d   by  t h e  

fo l lowing   f o r m u l a e :  

and 



in  which  

and 

M u l t i p l i e r s  4 4   and  45  ensure   the  m u l t i p l i c a t i o n s   and  a d d e r -  

s u b t r a c t o r  4 6   c a r r i e s   out  the  adding  and  s u b t r a c t i n g   o p e r a t i o n s .   The 

i n t e r m e d i a t e   r e s u l t s   of  the  o p e r a t i o n s   are  put  away,  every  time,  i n  

the  5 . I -buf fe r   a s s o c i a t e d   with  the  channel  dea l t   with.   Every  time  one 

sample  has  been  c a l c u l a t e d ,   i ts   value  is  m u l t i p l i e d   by  the  volume 

f a c t o r   Cn.  The  var ious   o p e r a t i o n s   ca r r i ed   out  on  the  da ta   from 

memory  10.2  are  c o n t r o l l e d   by  a  programmable  s tore   (PROM)  54,  wh ich ,  

under  the  con t ro l   of  a  counter   55,  makes  a  step  every  time  a f t e r   t h e  

c a l c u l a t i o n   of  one  PCM-sample  for  each  of  the  16  c h a n n e l s .   The  s t e p p i n g  

of  counter   55  is  timed  by  clock  56.  Store  54  s u p p l i e s   the  data  r e -  

quired  for  ca r ry ing   out  the  va r ious   ope ra t ions   via  a  c o n t r o l   bus  57 

and  the  address   data  for  s tore   10  via  address  bus  58 .   The  l a s t  

i n s t r u c t i o n   in  s tore   54  r e l a t e s   to  wr i t i ng   the  c a l c u l a t e d   f i n a l  

r e s u l t s   in  b u f f e r s   13  and  s i g n a l l i n g   to  the  c e n t r a l   p r o c e s s i n g   unit   11 

(Fig.  2)  that   the  programme  has  f i n i s h e d .   Then,  under  the  con t ro l   o f  

c e n t r a l   p roces s ing   un i t   11  (Fig.  2),  a  f resh   set  of  data   is  t r a n s f e r r e d  

from  s to re   10.1  to  s tore   10.2,  clock  56  being  s t a r t e d   in  order  to  c a r r y  
out  again  the  programme  con ta ined   in  s tore   54.  The  data   produced  by 

the  programme  wi l l   only  be  s tored   when  the  c e n t r a l   p r o c e s s i n g   uni t   11 

(Fig.  2)  has  found  that   the  bu f f e r s   13  are  not  f u l l .   After   the  d a t a  

have  been  s tored  in  b u f f e r s   13,  the  programme  is  s t a r t e d   again  u n d e r  

the  c o n t r o l   of  the  c e n t r a l   p r o c e s s i n g   uni t   11.  Thus  the  i n v e n t i o n  

provides   a  r e l a t i v e l y   simple  device   for  g e n e r a t i n g ,   from  an  i n p u t  

s igna l   produced  by  the  LPC-method  r e f e r r e d   to  h e r e i n a b o v e ,   an  a n a l o g  

s igna l   for  a  la rge   number  of  channe ls .   The  p r e - p r o c e s s i n g   uni t   9  and 

the  c e n t r a l   p rocess ing   un i t   11  comprise  mic rocompute rs ,   for  which  t h e  

f l o w - c h a r t s   are  given  in  Figs.   5  and  6,  r e s p e c t i v e l y .   The  a r r a n g e m e n t  

is  not  r e l e v a n t   for  a  good  u n d e r s t a n d i n g   of  the  i n v e n t i o n ,   so  that   the  -  

f l o w - c h a r t   need  not  be  de sc r i bed   in  d e t a i l .   After   a  s t a r t   command  t h e  

microprogramme  s tored  in  the  con t ro l   uni t   14  (Fig.  4)  is  c a r r i e d   o u t .  



As  soon  as  counter   55  (Fig.  4)  has  reached  i t s   f i n a l   p o s i t i o n ,   t h e  

l a s t   i n s t r u c t i o n   conta ined   in  memory  34  passes   the  s igna l   "End  o f  

programme"  to  the  c e n t r a l   p r o c e s s i n g   un i t   11,  which  checks  w h e t h e r  

b u f f e r s   13  are  f u l l .   In  the  a f f i r m a t i v e   case  the  programme  is  s t o p p e d .  

If  t he re   is  space  l e f t   in  b u f f e r s   13,  the  next  PCM-word  is  c a l c u l a t e d .  



1.  D i g i t a l   speech  s y n t h e s i z e r   compris ing  a  d i g i t a l   noise   g e n e r a t o r ,  

an  a d j u s t a b l e   d i g i t a l   p i t ch   g e n e r a t o r ,   an  a d j u s t a b l e   d i g i t a l   f i l t e r  

and  a  d i g i t a l - t o - a n a l o g   c o n v e r t e r ,   the  p i t ch   g e n e r a t o r ,   the  m u l t i p l i e r  

and  the  f i l t e r   being  ad jus t ed   accord ing   to  parameters   de r ived   f rom 

the  o r i g i n a l   speech  s igna l   by  the  " l i n e a r   p r e d i c t i v e   coding  (LPC)" 

method,  and  means  for  computing  the  a d j u s t i n g   c o e f f i c i e n t s ,  

c h a r a c t e r i z e d   in  tha t   the  means  for  computing  the  a d j u s t i n g  

c o e f f i c i e n t s   can  serve  a  p l u r a l i t y   of  channels  on  a  t i m e - d i v i s i o n  

b a s i s .  

2.  Device  accord ing   to  claim  1,  c h a r a c t e r i z e d   in  that   the  means 

for  computing  are  a d j u s t a b l e .  

3.  Device  accord ing   to  claim  1  or  2,  c h a r a c t e r i z e d   by  means  f o r  

computing  the  number  of  b i t s  p e r   a d j u s t i n g   c o e f f i c i e n t   accord ing   t o  

the  number  of  channels   for  which  speech  samples  have  to  be  computed .  

4.  Device  accord ing   to  claim  1,  c h a r a c t e r i z e d   in  tha t   the  means  f o r  

computing  the  a d j u s t i n g   c o e f f i c i e n t s   on  a  t i m e - d i v i s i o n   bas i s   compr i se  

a  computing  uni t   (12)  i n c l u d i n g   a  d i g i t a l   noise   gene ra to r   (1),   a  

p i t ch   g e n e r a t o r   (2),  a  switch  (3)  for  swi tch ing   from  voiced  to  unvo iced  

speech  and  c o n v e r s e l y ,   a  d i g i t a l   f i l t e r   and  o n e  s t o r e   per  c h a n n e l ,  

which  computing  un i t   is  c o n t r o l l e d   by a  m ic rop roces so r   c i r c u i t   (14) 

c o n t r o l l i n g   the  number  of  computat ions   to  be  c a r r i e d   o u t .  

5.  Device  according   to  claim  2,  c h a r a c t e r i z e d   in  tha t   the  means  f o r  

a d j u s t i n g   the  c o e f f i c i e n t s   comprises  a  f u n c t i o n . d e c o d e r   (28),   which  

de r ives   the  kind  of  the  c o e f f i c i e n t   from  the  incoming  s i g n a l , a n d   a  

r e g i s t e r   for  each  kind,   in  which  the  value  of  the  a d j u s t i n g   c o e f f i c i e n t  

is  s t o r e d .  

6.  Device  accord ing   to  claim  5,  c h a r a c t e r i z e d   in  that   the  means  f o r  

a d j u s t i n g   the  number  of  i n t e r p o l a t i o n s   between  succes s ive   a d j u s t i n g  

c o e f f i c i e n t s   of  one  or  more  kinds  comprise  a  s to re   (31)  i n d i c a t i n g   -  
the  p o s i t i o n   of  a  counter   (32)  and  a  f r a c t i o n   table   (33)  p e r m i t t i n g  

to  i n d i c a t e   the  accuracy  with  which  a  m ic rop roces so r   (20)  i n c o r p o r a t e d  

in  a  p r e - p r o c e s s i n g   uni t   (9)  computes  the  number  of  i n t e r p o l a t i o n s .  
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