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y  Method  and  apparatus  for  generating  a  signal  transformation  and  the  use  thereof  in  signal 
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Z)  A  method  and  apparatus  for  generating  a  signal 
rahsformation  useful  in  signal  processing  is  pro- 
ided.  According  to  the  preferred  embodiment,  a 
iignal,  e.g.,  a  speech  waveform,  is  first  converted 
ito  a  sequence  of  digital  data  samples,  and  a  refer- 
>nce  position  along  a  first  sub-part  of  the  sequence 
s  then  selected.  A  "weighted"  histogram  corre- 
ponding  to  the  reference  position  is  then  generated 
ccording  to  a  correlation  function.  Thereafter,  a  new 
eference  position  is  selected,  for  example,  at  a  sub- 
iart  of  the  sequence  located  a  pitch  period  of  the 
ignal  from  the  original  reference  position,  and  an 
dditional  histogram  is  generated  for  this  sub-part, 
'he  plurality  of  histograms  comprise  the  transforma- 
on  of  the  signal,  which  retains  a  substantial  part  of 
ie  informational  content  of  the  original  signal, 
'herefore,  the  transformation  is  then  used  as  the 

signal  itself  in  signal  processing  applications  such  as 
speech  compression  and  synthesis. 
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METHOD  AND  APPARATUS  FOR  GENERATING  A  SIGNAL  TRANSFORMATION  AND  THE  USE  THEREOF  IN 
SIGNAL  PROCESSING 

TECHNICAL  FIELD 

The  present  invention  relates  to  signal  process- 
ing  techniques  and  particularly  to  a  method  and 
apparatus  for  generating  a  signal  transformation 
which  retains  a  substantial  part  of  the  informational 
content  of  the  original  signal. 

BACKGROUND  OF  THE  INVENTION 

Audition  is  a  temporally-based  sense,  whereas 
vision  is  primarily  spatially-based.  In  perceiving- 
speech,  temporal  events  as  brief  as  a  few  thou- 
sandths  of  a  seond  are  critical  for  making  simple 
phonetic  or  word-based  distinctions,  such  as  be- 
tween  "pole"  and  "bowl,"  or  "tow  down"  and 
"towed  down."  In  addition  to  its  highly  developed 
temporal-resolving  power,  the  ear  also  exhibits  ex- 
cellent  spectral  resolution  and  dynamic  range.  Ex- 
actly  how  the  ear  exhibits  such  fine  spectral  resolu- 
tion  without  sacrificing  temporal  resolution  remains 
a  mystery.  If  more  were  understood  about  how  the 
ear  works,  such  knowledge  could  be  applied  to 
speech  technologies  to  improve  the  performance  of 
speech  reocognizers  and  coding  devices. 

Satisfactory  temporal  information  from  an 
acoustic  speech  signal  is  important  for  performing 
certain  types  of  speech  processing,  e.g.,  speech 
segmentation  in  phonetically-based  recognition 
systems.  Likewise,  satisfactory  spectral  resolution 
of  the  speech  signal  is  important  for  other  types  of 
speech  processing  such  as  speech  compression 
and  synthesis.  Current  state-of-the-art  digital  signal 
processors  cannot  support  such  diverse  speech 
procesing  applications  because  all  suffer  the  clas- 
sical  trade-off  of  frequency  versus  time  resolution 
-processors  exhibiting  good  frequency  resolution, 
have  poor  temporal  resolution,  and  vice  versa.  A 
digital  signal  processor  having  good  spectral  and 
temporal  resolution  would  be  a  tremendous  benefit 
to  the  speech  industry  because  it  would  allow  a 
single  processing  system  to  approximate  the  per- 
formance  characteristics  of  the  ear  itself. 

An  ideal  digital  signal  processor  for  use  in 
speech  processing  would  provide  a  unique  repre- 
sentation  or  "transformation"  of  the  speech  signal 
from  which  all  relevent  speech  features  could  be 

derived.  As  is  well  known  in  the  art,  these  features 
include  voice  pitch,  amplitude  envelope,  spectrum 
and  degree  of  voicing.  It  is  presently  common  in 
speech  systems  to  use  totally  different  representa- 

5  tions  of  the  speech  signal  to  abstract  these  fea- 
tures,  depending  on  the  type  of  speech  processing 
application  being  implemented,  and  the  capabilities 
of  the  processor  carrying  out  the  implementation. 

There  is  therefore  a  need  for  a  method  and 
w  apparatus  for  generating  a  speech  signal  trans- 

formation  which  retains  a  substantial  part  of  the 
informational  content  of  the  original  signal,  thereby 
facilitating  extraction,  from  the  transformation  itself, 
of  the  speech  features  required  for  varied  speech 

15  processing  applications  such  as  compression  and 
synthesis. 

BRIEF  SUMMARY  OF  THE  INVENTION 
20 

According  to  the  present  invention,  a  method 
and  apparatus  is  provided  for  generating  a  signal 
transformation  which  retains  a  substantial  part  of 
the  informational  content  of  the  original  signal  re- 

25  quired  for  speech  processing  applications.  As  used 
herein,  such  applications  include  speech  compres- 
sion,  speech  synthesis  and  speech  segmentation. 
In  the  preferred  embodiment,  the  transformation  is 
generated  by  converting  all  or  part  of  the  original 

30  signal  into  a  sequence  of  data  samples,  selecting  a 
reference  position  along  a  first  sub-part  of  the 
sequence,  and  generating  a  histogram  for  the  refer- 
ence  position  according  to  a  correlation  function. 
Thereafter,  a  reference  position  along  a  second 

35  sub-part  of  the  sequence  is  selected,  and  an  addi- 
tional  histogram  is  generated  for  this  reference 
position.  The  plurality  of  histograms  generated  in 
this  fashion  comprise  the  transforamtion.  According 
to  the  invention,  the  transformation  is  then  used  as 

40  the  signal  itself  in  signal  processing  applications. 
In  one  embodiment,  the  transformation  com- 

prises  a  plurality  of  "weighted"  histograms,  each 
having  a  predetermined  number  of  positions  "dmax" 
and  being  derived  from  a  general  class  of 

45  "differencing"  functions  of  the  form: 

50 
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n i s t o g r a n u a ,   a  ; 

n0  +  | j  s e n t   +  a « d  J  

x ( n )   - x ( n + d )  ( 1 )  

h=»n0-£  s e n t   +  a«d  J  

t o r   a  1  ,  2  ,  •  ..  Qnr 

w h e r e :   x ( . )   is  t he   s a m p l e d   s i g n a l ,  
n0  is   a  r e f e r e n c e   p o s i t i o n ,  
d  -  t i m e   l ag   b e t w e e n   s a m p l e s ,  
s e n t   =  a v e r a g i n g   i n t e r v a l   i n   s a m p l e s ,  
a  -  0,  1 .  

a n d  

me  preseni  invenuon  aiso  inciuaes  suitaDie 
apparatus  for  deriving  "weighted"  histograms  ac- 
cording  to  expression  (I)  above.  In  a  preferred 
embodiment,  the  data  samples  representing  a  first  20 
sub-part  of  the  sequence  are  applied  sequentially 
through  a  differencing  correlator  having  first  and 
second  sections,  the  output  of  the  first  section 
connected  to  the  input  of  the  second  section 
through  a  temporary  storage  area.  A  new  data  2s 
sample  is  then  applied  to  the  first  correlator  section 
and  the  remaining  samples  therein  shift  by  one 
position.  A  data  sample  is  thereby  removed  from 
the  first  correlator  section  to  the  temporary  storage 
area  for  a  first  iteration  of  the  differencing  calcula-  30 
tion.  The  magnitudes  of  the  data  samples  in  the 
second  correlator  section  are  then  differenced  with 
the  magnitudes  of  positionally-corresponding  data 
samples  in  the  first  correlator  section,  and  absolute 
values  of  these  differences  are  then  calculated  to  35 
produce  "even"  values  which  are  then  added  to  the 
histogram  for  the  reference  position.  Thereafter,  the 
data  sample  in  the  temporary  storage  area  (for  the 
first  iteration)  is  applied  to  the  second  correlator 
section  and  the  remaining  samples  therein  shifted  40 
by  one  position.  The  "differencing,"  "absolute  val- 
ue"  and  "summation"  steps  are  then  repeated  to 
produce  "odd"  values  of  the  histogram.  This  opera- 
tion  (i.e.,  summation  to  the  "even"  and  "odd"  val- 
ues)  represents  one  complete  cycle  of  the  histo-  45 
gram,  and  is  repeated  "sent"  times  according  to 
expression  (I)  to  complete  the  formation  of  the 
histogram  for  the  reference  position  along  the  first 
sub-part  of  the  data  sample  sequence.  The  process 
is  then  repeated  for  reference  positions  along  other  50 
sub-parts  of  the  sequence,  each  reference  position 
preferably  located  a  pitch  period  (or  multiple  there- 
at)  apart,  to  form  additional  histograms. 

Referring  back  to  equation  (I),  when  a  =  o,  the 
function  "histogram  (d,a)"  reduces  to  the  well-  55 
<nown  average  magnitude  difference  function  - 
[AMDF).  When  a  =  l,  the  function  "histogram  (d,a)" 
aroduces  a  so-called  sliding  average  magnitude 

difference  function  (SAMDF),  which  differs  from  the 
AMDF  in  that  the  center  point  of  the  samples  used 
to  compute  "histogram  (d.l)"  is  the  same  for  all 
values  of  "d."  This  center  point  is  preferably  the 
reference  position,  or  "n„"  in  expression  (I). 

According  to  an  important  feature  of  the 
present  invention,  the  plurality  of  "weighted"  histo- 
grams  comprise  the  transformation  of  the  original 
signal.  It  has  been  found  that  transformations  of  the 
type  disclosed  herein  retain  a  substantial,  part  of 
the  informational  content  of  the  original  signal,  with 
only  the  phase  information  removed.  The  trans- 
formation  is  then  used  according  to  the  invention 
by  various  speech  or  other  signal  processing  ap- 
plications.  For  example,  to  form  a  compressed 
version  of  the  original  signal,  a  predetermined  por- 
tion  of  each  histogram  generated  every  other  pitch 
period  of  the  signal  is  then  stored.  Conversely,  to 
implement  speech  synthesis,  the  compressed 
transformation  is  reconstructed.  In  neither  case, 
however,  does  the  method  require  costly  and  com- 
plex  conversion  of  the  signal  between  the  time  and 
frequency  domains,  as  in  the  prior  art. 

According  to  the  invention  a  special  purpose 
microprocessor  is  also  provided  which,  under  the 
control  of  a  software  routine,  generates  the  histo- 
grams.  A  general  purpose  microprocessor  is  also 
provided  for  effecting  overall  system  control,  and 
for  controlling  specialized  processing  applications, 
such  as  signal  compression  and  synthesis.  These 
microprocessors  operate  concurrently  in  a  full  du- 
olex  digital  transceiver  configuration  to  facilitate 
'eal-time  communications  to  and  from  the  system. 

3RIEF  DESCRIPTION  OF  THE  DRAWINGS 

For  a  more  complete  understanding  of  the 
jresent  invention  and  the  advantages  thereof,  refer- 
)nce  is  now  made  to  the  following  Description 
aken  in  conjunction  with  the  accompanying  Draw- 
ngs  in  which: 
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FIGURE  IA  discloses  a  correlator  structure  of 
the  present  invention  having  first  and  second  sec- 
tions  for  use  in  generating  histograms  according  to 
the  present  invention. 

FIGURE  IB  is  a  histogram,  partially  cut-away, 
generated  by  the  correlator  of  FIGURE  I  A. 

FIGURE  2  is  a  flowchart  diagram  detailing 
the  steps  used  to  calculate  the  sliding  average 
magnitude  difference  function  (SAMDF)  according 
to  the  present  invention. 

FIGURE  3  is  a  block  diagram  of  a  speech 
system  of  the  present  invention  for  performing 
speech  processing  applications  such  as  compres- 
sion  and  synthesis. 

FIGURE  4  is  a  flowchart  diagram  of  a  signal 
compression  routine  which  uses  the  signal  tranfor- 
mation  generated  by  the  SAMDF  process  to  com- 
press  the  original  signal  waveform. 

FIGURE  5  is  a  flowchart  diagram  of  a  signal 
synthesis  routine  for  synthesizing  the  signal  com- 
pressed  by  the  signal  compression  routine  diag- 
rammed  in  FIGURE  4. 

h i s t o g r a m ( d ,   a )  
s e n t  

70 

75 

20 

25 

DETAILED  DESCRIPTION 

Referring  now  to  the  drawings  wherein  like 
reference  characters  designate  like  or  similar  parts 
throughout  the  several  views,  FIGURE  IA  discloses 
a  correlator  structure  for  generating  histograms  ac- 
cording  to  the  present  invention.  As  will  be  de- 
scribed,  a  plurality  of  such  histograms  form  a  so- 
called  "transformation"  of  the  signal  which  retains  a 
substantial  part  of  the  informational  content  thereof. 
For  the  purpose  of  explanation  only,  and  not  by 
way  of  limitation,  the  technique  is  explained  below 
with  an  emphasis  on  human  speech  as  the  source 
waveform.  It  should  be  appreciated,  however,  that 
the  method  and  apparatus  of  the  present  invention 
is  fully  applicable  to  all  types  of  analog  and  digital 
source  signals,  regardless  of  how  such  signals  are 
derived. 

In  the  preferred  embodiment,  histograms  are 
generated  according  to  one  of  a  plurality  of  correla- 
tion  functions.  One  subset  of  these  functions  are 
so-called  "differencing"  functions  which  operate  to 
produce  weighted  histograms,  having  dmax  posi- 
tions,  of  the  form: 

llo+ s e n t   +  a « d  J  

j x ( n ) - x ( n + d )   j  ( 1 )  

' n » n 0 -   j^scnt   +  a « d j  

f o r   d  X  /  2  *  •  •  •  drn 

w h e r e :   x ( . )   is  t he   s a m p l e   s i g n a l ,  
n0  is  a  r e f e r e n c e   p o s i t i o n ,  
d  =  t i m e   l ag   b e t w e e n   s a m p l e s ,  
s e n t   «  a v e r a g i n g   i n t e r v a l   in  s a m p l e s ,   a n d  
a  =  0,  1 

According  to  an  important  feature  of  the 
present  invention,  it  has  been  found  that  when  a 
signal  is  processed  to  produce  "weighted"  histo- 
grams  according  to  one  of  a  plurality  of  correlation 
functions,  such  as  the  "differencing"  functions)  of 
expression  (I),  the  resulting  transformation  (which 
comprises  a  plurality  of  such  histograms)  retains  a 
substantial  part  of  the  informational  content  of  the 
original  signal,  with  only  the  phase  information  re- 
moved.  According  to  the  invention,  the  transforma- 
tion  is  then  used  as  the  original  signal  itself,  thus 

45 

50 

obviating  costly  and  complicated  conversion  of  the 
signal,  or  conversion  of  features  extracted  there- 
from,  between  the  time  and  frequency  domains 
prior  to  and/or  following  processing. 

Although  the  subsequent  discussion  is  directed 
to  apparatus  for  implementing  the  differencing 
function(s)  defined  in  expression  (I),  the  present 
invention  envisions  that  histograms  comprising  the 
signal  transformation  are  generated  by  different 
types  of  known  "auto"  or  "cross"  correlation  func- 
tions  of  the  general  form: 

55 
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n i s t o g r a r r u a ;  u ( n )   v ( n + d )  < 2 )  

ii  u  is.  luwnuuai  to  v  in  expression 
"histogram(d)"  reduces  to  the  well-known  auto-cor- 
relation  funciton.  If  "u"  is  not  identical  to  "v", 
expression  (2)  represents  a  cross-correlation  func- 
tion. 

Referring  now  to  FIGURE  IA,  a  schematic  dia- 
gram  is  shown  of  a  correlator  20  for  use  in  the 
present  invention  for  generating  histograms  accord- 
ing  to  the  "differencing"  function  of  expression  (I) 
when  a  =  l.  The  correlator  20  includes  a  first  section 
24  having  a  top  entrance  26  and  a  top  exit  28.  The 
correlator  20  also  includes  a  second  section  30 
having  a  bottom  entrance  32  and  bottom  exit  34. 
As  designated  by  the  arrow  36,  the  top  exit  28  of 
the  first  correlator  section  24  is  connected  to  the 
bottom  entrance  32  of  the  second  correlator  sec- 
tion  30.  As  also  shown  in  FIGURE  IA,  the  first 
correlator  section  24  includes  a  temporary  storage 
area  25  adjacent  the  exit  28  for  temporarily  storing 
a  data  sample,  for  the  reasons  to  be  described 
ijelow. 

For  purposes  of  explanation  only,  the  speech 
waveform  10  is  shown  in  analog  form  inside  the 
correlator  20.  It  should  be  appreciated,  however, 
tiat  in  the  actual  method  and  apparatus  of  the 
Dresent  invention,  the  speech  waveform  10  is  first 
converted  into  a  sequence  of  digital  data  samples. 
*s  seen  in  FIGURE  IA,  a  sub-part  of  the  speech 
waveform  10  is  passed  sequentially  through  the  first 
correlator  section  24,  through  the  temporary  stor- 
age  area  25,  and  then  into  the  second  correlator 
section  30.  As  each  new  data  sample  enters  the 
op  entrance  26  of  the  first  section  24,  the  remain- 
ng  data  samples  in  this  correlator  section  are  each 
shifted  one  position  towards  the  exit  28.  A  data 
sample  is  then  removed  to  the  temporary  storage 
irea  25  and  held  there  for  a  predetermined  time 
jeriod  to  be  described.  According  to  a  feature  of 
he  present  invention,  data  samples  in  the  second 
:orrelator  section  30  are  then  differenced  with 
xjsitionaily-corresponding  data  samples  in  the  first 
:orrelator  section  24.  As  used  herein,  the  term 
'positionally-corresponding"  refers  to  data  samples 
n  the  respective  correlator  sections  at  any  moment 
n  time  located  the  same  distance  from  the  ends  of 
he  correlator.  Therefore,  the  data  sample  38  lo- 
oted  adjacent  the  top  entrance  26  of  the  first 
section  24  "positionally-corresponds"  to  the  data 
;amle  39  located  adjacent  the  bottom  exit  34  of  the 
iecond  section  30. 

Referring  briefly  now  to  FIGURE  IB,  correlation 
of  the  speech  waveform  in  the  first  and  second 
correlator  sections  24  and  30  produces  a  histogram 
40  having  a  plurality  of  predetermined  "buckets"  or 
positions  from  d  =  l,2...to  dmax.  The  positions 
"d„d3,d5..."  represent  the  "odd"  values  of  the  histo- 
gram  with  the  positions  "d2,d4,d5..."  representing 
the  even  values  thereof.  Although  not  shown  in 
detail  in  FIGURE  IB,  the  length  of  the  histogram  40 
is  normally  two  times  the  length  of  each  correlator 
section.  Also,  the  length  of  each  sub-part  of  the 
data  sample  sequence  is  typically  greater  than 
"ri  " 

With  respect  to  expression  (I),  if  a  =  0,  the 
function  reduces  to  the  well-known  average  mag- 
nitude  difference  function  (AMDF).  If  a  =  I,  the  func- 
tion  reduces  to  a  so-called  sliding  average  mag- 
nitude  difference  function  (SAMDF),  which  differs 
rom  the  AMDF  in  that  the  center  point  of  the 
samples  used  to  compute  "histogram  (d,l)"  is  the 
same  for  all  values  of  "d".  Because  of  this  com- 
mon  reference,  the  SAMDF  is  used  in  the  preferred 
embodiment  of  the  invention  and  now  described 
with  respect  to  FIGURE  2. 

The  SAMDF  scheme  begins  at  step  41  - 
assuming  the  correlator  is  filled  with  a  portion  of  a 
irst  sub-part  of  the  sequence)  by  initializing  the 
imm  positions  of  the  histogram  to  zero.  In  step  42, 
a  new  data  sample  is  moved  into  the  first  correlator 
section  24  and  the  remaining  samples  therein  are 
shifted  by  one  position.  Step  42  therefore  moves  a 
lata  sample  into  the  temporary  storage  area  25  for 
he  first  iteration  of  the  calculation.  In  step  43, 
iifferences  in  magnitude  between  corresponding 
samples  in  the  correlation  sections  are  calculated, 
n  particular,  the  magnitude  of  the  first  sample  in 
he  correlator  section  24  adjacent  the  top  entrance 
!6  thereof  is  differenced  from  the  magnitude  of  the 
ast  sample  in  the  correlator  section  30  adjacent 
he  bottom  exit  34  thereof.  This  differencing  step  is 
ilso  carried  out  for  the  rest  of  the  samples  at  each 
(osition  in  the  correlator  sections.  In  step  44,  the 
ibsolute  values  of  the  differences  calculated  in 
tep  43  for  each  position  in  the  correlator  are  then 
letermined  and  in  step  45,  added  to  the  summa- 
ion  to  produce  the  "even"  positions  "dj,d4,d«..."  of 
rie  histogram  40.  Thereafter,  an  inquiry  46  is  made 
d  determine  if  a  complete  cycle  of  the  histogram 
Drmation  has  been  run.  If  not,  the  routine  branches 
»ack  to  step  47,  where  the  data  sample  in  the 
3mporary  storage  area  25  (received  during  the  first 
eration)  is  shifted  into  the  second  correlator  sec- 
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tion  30  and  the  remaining  samples  therein  shifted 
by  one  posiiton.  Steps  43-45  are  then  repeated  to 
increment  the  "odd"  values  "d„d3,d5..."  of  the 
histogram  40.  If  the  result  of  inquiry  46  is  positive, 
a  test  48  is  then  made  to  see  if  "sent"  samples 
have  been  applied  to  the  temporary  storage  area 
25;  if  not,  the  routine  branches  back  to  step  42, 
and  the  method  repeats  as  described  above.  If  the 
result  of  inquiry  48  is  positive,  the  histogram  may 
be  normalized  (for  examie,  by  dividing  each  histo- 
gram  value  by  "sent")  to  produce  the  completed 
histogram  for  the  first  sub-part  of  the  data  sample 
sequence  originally  applied  through  the  correlator 
sections.  This  process  is  then  repeated  in  step  49 
for  additional  sub-parts  of  the  signal  (applied 
through  the  correlator  sections)  to  produce  addi- 
tional  histograms  comprising  the  signal  transforma- 
tion. 

In  the  preferred  embodiment,  reference  posi- 
tions  along  the  sample  sequence  are  separated  by 
a  pitch  period,  or  multiple  thereof,  of  the  signal. 
Also,  when  the  SAMDF  process  of  FIGURE  2  is 
implemented,  the  data  sample  moved  into  the  tem- 
porary  storage  area  25  after  "scnt/2"  cycles  repre- 
sents  the  reference  position  along  the  sub-part  of 
the  sequence.  • 

Referring  briefly  back  to  expression  (I),  it 
should  be  appreciated  that  there  are  other  methods 
for  implementing  this  expression  besides  the  meth- 
od  steps  shown  in  FIGURE  2.  For  example,  rather 
than  shifting  data  samples  into  a  correlator  struc- 
ture  and  producing  the  various  summations  as  de- 
scribed,  the  expression  may  be  calculated  by  ini- 
tializing  the  histogram  to  its  first  position  "d,"  (i.e., 
setting  d  =  l),  and  summing  over  the  range  of  "n" 
as  shown  in  expression  (I).  This  produces  the  value 
"histogram  (l,a)".  Thereafter,  the  histogram  can  be 
initialized  to  its  second  position  "d2"  (d=2),  and 
the  process  repeated  until  calculation  of  the  histo- 
gram  is  completed. 

Referring  now  to  FIGURE  3,  a  schematic  block 
diagram  is  shown  of  a  speech  system  50  designed 
to  provide  the  capabilities  needed  to  produce  the 
signal  transformation  according  to  the  present  in- 
vention,  and  also  to  provide  the  capabilities  needed 
for  using  this  transformation  in  speech  processing 
applications.  As  discussed  above,  for  the  purposes 
of  explanation  only  system  50  will  be  described  in 
the  context  of  a  speech  development  system.  Sys- 
tem  50,  however,  is  fully  capable  of  interfacing  with 
all  types  of  signal  processing  applications,  and  the 
reference  to  speech-related  applications  herein  is 
not  meant  to  be  limiting. 

The  speech  system  50  includes  a  general  pur- 
pose  microprocessor  52  which  has  several 
input/output  (I/O)  devices  tied  thereto.  Speech  sys- 
tem  50  includes  a  pair  of  serial  digital  communica- 
tion  links  54  and  56  connected  to  the  general 

purpose  microprocessor  52  through  universal  asyn- 
chronous  receiver/transmitters  (UART's)  58  and  60, 
respectively.  Such  devices  are  well  known  and 
serve  to  interface  the  parallel  word-based  micropro- 

5  cessor  52  to  the  serial  bit  communication  links  54 
and  56.  Speech  system  50  also  includes  an  analog 
input  path  62  to  the  general  purpose  microproces- 

■  sor  52  comprising  bandpass  filter  64  and  analog-to- 
digital  (A/D)  converter  66.  An  analog  output  path  68 

70  is  also  provided  from  the  general  purpose  micro- 
processor  52  comprising  low  pass  filter  70  and 
digital-to-analog  (D/A)  converter  72.  An  analog 
speech  waveform  is  applied  to  the  analog  input 
path  62,  where  it  is  band  limited  by  the  filter  64, 

75  and  digitized  by  the  A/D  converter  66.  The  digitized 
version  of  the  speech  waveform  may  then  be  trans- 
mitted  over  one  of  the  digital  serial  communication 
links  54  or  56  to  a  remote  system  similar  to  the 
speech  development  system  50. 

20  As  also  seen  in  FIGURE  3,  the  general  purpose 
microprocessor  52  includes  an  associated  random 
access  memory  (RAM)  51  for  storing  application 
programs  and  data,  and  also  a  read  only  memory  - 
(ROM)  53  for  storing  operating  programs  which 

25  control  the  microprocessor  52. 
According  to  a  feature  of  the  present  invention, 

the  speech  system  50  includes  a  special  purpose 
microprocessor  74  which,  under  the  control  of  a 
software  routine,  carries  out  the  SAMDF  process  of 

30  FIGURE  2.  Special  purpose  microprocessor  74  in- 
cludes  an  associated  control  store  76  for  storing 
this  routine,  and  an  associated  random  access 
memory  (RAM)  78  for  communicating  with  the  gen- 
eral  purpose  microprocessor  52.  General  purpose 

35  microprocessor  52  passes  digital  data  samples 
from  the  analog  input  path  62  into  the  RAM  78  and 
these  samples  are  then  processed  in  the  special 
purpose  microprocessor  74  under  the  control  of  a 
routine  stored  in  control  store  76.  The  resulting 

40  transformation  of  the  speech  waveform  is  then 
stored  back  in  the  RAM  78.  The  contents  of  RAM 
78  are  then  read  by  general  purpose  microproces- 
sor  52  without  interrupting  the  continued  process- 
ing  of  additional  portions  of  the  waveform  by  spe- 

45  cial  purpose  microprocessor  74. 
Accordingly,  special  purpose  microprocessor 

74  operates  concurrently  with  general  purpose 
microprocessor  52  to  enable  the  microprocessor  74 
to  carry  out  the  SAMDF  correlation  calculations 

so  while  the  microprocessor  52  provides  other  system 
control  functions. 

Speech  system  50  provides  full  duplex  digital 
transceiver  operation  for  facilitating  real-time  com- 
munications  to  and  from  the  system.  When  the 

55  system  50  is  initialized,  control  programs  are  down 
loaded  into  the  RAM  51  associated  with  the  general 
purpose  microprocessor  52.  These  programs  con- 
trol  the  microprocessor  52  to  down  load  the 

3 
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bAMUr  routine  into  the  control  store  76  associated 
with  special  purpose  microprocessor  74.  The 
speech  waveform  is  then  received  over  the  analog 
input  path  62  and  processed  as  described  above. 

According  to  an  important  feature  of  the 
present  invention,  once  the  signal  transformation 
has  been  generated  as  discussed  above,  this  trans- 
formation  is  then  used  as  the  signal  itself  by 
speech  processing  applications  such  as  compres- 
sion,  synthesis  and  segmentation. 

Referring  now  to  FIGURE  4,  a  flowchart  dia- 
gram  is  shown  of  a  signal  compression  routine  of 
the  present  invention  which  operates  on  the  signal 
transformation  to  produce  a  compressed  version  of 
the  original  speech  signal.  As  is  known  in  the  art, 
the  object  of  speech  compression  is  to  represent 
analog  speech  with  as  few  digital  bits  as  possible. 
Prior  art  techniques,  such  as  linear  predictive  coing 
(LPC),  are  based  on  the  successful  extraction  of 
voice  parameters  from  the  speech  signal  and  ac- 
curate  voiced/unvoiced  decisions.  Although  LPC 
and  other  prior  art  formant  coding  techniques  pro- 
vide  effective  speech  signal  compression  in  some 
applications,  such  techniques  break  down  in  noisy 
environments  and  when  the  speech  signal  is  sam- 
pled  at  low  data  rates. 

To  ameliorate  these  and  other  problems  of  the 
prior  art,  the  compression  technique  of  the  present 
invention  takes  advantage  of  certain  informational 
redundancies  inherent  in  the  signal,  which  are  also 
present  in  the  signal  transformation  generated  by 
the  SAMDF  process. 

It  has  been  found  that  a  first  source  of  informa- 
tional  redundancy  in  a  speech  signal  exists  be- 
cause  the  speech  waveform  is  substantially  similar 
in  any  two  contiguous  pitch  periods.  Therefore,  the 
storing  of  every  other  pitch  period  of  the  speech 
waverform  represents  a  way  to  compress  speech 
by  a  factor  of  2:l.  A  second  source  of  informational 
redundancy  in  the  speech  waveform  is  based  on 
the  notion  that  speech  is  normally  a  bipolar,  ap- 
proximately  symmetrical  waveform  about  an  ar- 
bitrary  reference  level.  If  the  waveform  is  rectified 
and  zeros  are  eliminated  therefrom,  then  the  origi- 
nal  waveform  can  be  compressed  by  another  factor 
af  two,  or  by  a  total  factor  of  4:l.  A  third  source  of 
nformtional  redundancy  within  the  speech 
waveform  is  inherent  in  the  way  voiced  signals  are 
Droduced  by  the  larynx.  The  glottal  source  has  two 
Dhases,  an  open  phase  and  a  closed  phase,  and 
the  resonances  of  the  vocal  tract  are  best  repre- 
sented  in  the  speech  waveform  while  the  glottis  is 
closed.  Therefore,  because  the  glottis  is  closed 
•oughly  50%  of  the  pitch  period,  only  half  of  the 
speech  waveform  is  carrying  information  during  the 

pitch  period  itself.  Accoridingly,  the  storage  of  only 
one-half  of  a  pitch  period  represents  a  way  to 
compress  the  speech  waveform  by  another  factor 
of  two,  for  a  total  compression  ratio  of  8:l. 

5  Referring  back  to  FIGURE  IB,  the  SAMDF  pro- 
cess  correlates  positive  and  negative  phases  of  an 
input  speech  waveform,  resulting  in  the  histogram 
40  with  minimas  corresponding  to  half  cycles  from 
the  waveform.  Accordingly,  use  of  the  SAMDF  cor- 

io  relation  process  exploits  the  positive-to-negative 
cycle  redundancy  inherent  in  the  speech  waveform. 
Moreover,  as  also  seen  in  FIGURE  IB,  the  SAMDF 
process  produces  a  highly  symmetrical  histogram 
40,  such  that  storage  of  only  one-half  of  a  pitch 

75  period  represented  in  the  histogram  is  required. 
Storage  of  one-half  of  a  pitch  period  thus  exploits 
the  redundancy  in  the  waveform  resulting  from  the 
physical  characteristics  of  the  glottal  source.  Fur- 
ther,  in  the  preferred  embodiment  of  the  invention, 

20  the  histogram  40  is  generated  by  the  correlator  20 
by  selecting  reference  positions  along  the  data 
sample  sequence  every  other  pitch  period,  such 
that  the  histogram  represents  an  "averaged"  cor- 
relation  over  two  pitch  periods.  This  feature  of  the 

25  invention  thus  exploits  the  pitch  period-to-pitch  pe- 
riod  redundancy  inherent  in  the  input  speech 
waveform  resulting  in  a  total  compression  ratio  of 
8:1. 

The  compression  routine  in  FIGURE  4  begins 
30  at  instruction  80  wherein  data  samples  are  moved 

into  the  RAM  78,  where  they  are  processed  by  the 
special  purpose  microprocessor  74.  As  discussed 
above  with  respect  to  FIGURE  3,  the  data  samples 
are  obtained  from  conversion  of  an  analog  sound 

35  wave  by  the  A/D  converter  66.  The  SAMDF  correla- 
tion  is  then  carried  out  in  step  80  by  the  special 
purpose  microprocessor  74  of  FIGURE  3  under  the 
control  of  a  software  routine  stored  in  the  asociated 
control  store  76. 

*o  After  each  new  data  sample  is  moved  into  the 
RAM  78,  a  check  84  is  made  to  determine  whether 
or  not  a  completed  histogram  (as  desribed  with 
respect  to  FIGURE  2)  is  ready  for  further  process- 
ing.  If  the  histogram  is  not  ready,  control  returns  to 

<5  step  80,  and  another  data  sample  is  moved  into  the 
RAM  78  as  previously  described  by  step  42  in 
FIGURE  2.  When  the  histogram  is  ready,  i.e.,  the 
test  in  step  84  is  positive,  the  histogram  is  moved 
from  the  RAM  78  to  the  RAM  51  in  step  88,  so  that 

>o  it  can  be  processed  by  the  general  purpose  micro- 
processor  52. 

Referring  back  to  FIGURE  4,  the  signal  com- 
pression  routine  continues  in  step  90  to  determine 
whether  it  is  time  to  track  the  pitch  of  the 

>5  waveform.  If  the  result  of  the  inquiry  90  is  negative, 
i.e.,  if  the  time  interval  for  tracking  pitch  has  not 

7 
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elapsed,  the  routine  branches  to  step  92  wherein 
one-half  of  the  pitch  period  is  encoded  from  the 
histogram,  preferably  by  using  two-bit  adaptive  dif- 
ferential  pulse  code  modulation  (ADPCM). 

Encoding  of  the  compressed  waveform  incurs 
some  overhead;  for  example,  the  frequency,  or 
length  of  the  pitch  period,  must  be  stored  with  the 
encoded  waveform.  In  order  to  minimize  this  over- 
head,  and  because  the  pitch  of  voiced  speech 
does  not  change  rapidly,  the  system  preferably 
tracks  the  pitch  of  the  input  speech  signal  only  at 
certain  time  intervals,  which  may  vary  from  as 
frequently  as  each  pitch  period  to  as  infrequently 
as  several  pitch  periods. 

Returning  to  FIGURE  4,  if  the  result  of  inquiry 
90  is  positive,  then  the  routine  continues  with  step 
94  to  determine  the  pitch  period.  In  step  96,  the 
routine  continues  by  feeding  the  pitch  period  deter- 
mined  in  step  94  back  to  the  special  purpose 
microprocessor  74.  in  step  98,  the  pitch  is  encoded 
with  the  routine  continuing  in  step  I00  to  calculate 
the  maximum  amplitude  in  the  pitch  period,  or  gain 
factor.  In  step  I02,  the  gain  factor  is  then  encoded, 
preferably  using  a  log(base  2)  representation,  and 
the  routine  continues  with  step  92  as  discussed 
above.  Following  step  92,  an  inquiry  I04  is  made  to 
determine  whether  compression  is  complete.  If  not, 
the  routine  recycles  back  to  step  80  wherein  addi- 
tional  portions  of  the  speech  signal  are  digitized 
and  the  compression  routine  continues  as  de- 
scribed  above.  If  compression  is  completed,  then 
the  routine  terminates  at  step  I06. 

As  detailed  in  the  flowchart  diagram  of  FIGURE 
4,  the  first  analysis  performed  on  the  histogram  is 
pitch  extraction.  Pitch  is  determined  by  examining 
minimas  in  the  histogram,  analyzing  for  harmonic 
relations  and  selecting  a  first  pitch  trough.  This 
value  is  then  used  to  control  the  amount  of  time 
over  which  the  next  histogram  will  be  summed.  An 
effect  of  the  process  is  to  produce  highly  symmet- 
rical  histograms,  so  that  only  one-half  of  the  pitch 
period  in  the  histogram  need  be  stored.  This  pro- 
vides  a  2:l  factor  of  compression  in  the  speech 
waveform.  Moreover,  according  to  the  method, 
histograms  are  output  every  other  pitch  period  to 
provide  another  2:l  factor  of  compression,  or  a  total 
compression  ratio  of  4:l.  As  also  noted  above,  the 
sncoding  step  92  codes  the  histograms  using  a 
two-bit  ADPCM  scheme  modulation  scheme.  This 
represents  another  factor  of  four  compression  on 
the  original  eight-bit  digitized  waveform.  Thus,  the 
total  compression  ratio  of  the  technique  is  I6:l. 

Referring  now  to  FIGURE  5,  a  flowchart  dia- 
gram  of  a  signal  synthesis  routine  of  the  present 
invention  is  shown.  As  discussed  above,  this  rou- 
tine  operates  on  the  SAMDF  signal  transformation 
generated  by  the  special  purpose  microprocessor, 
and  in  particular  on  the  transformation  as  com- 

pressed  by  the  compression  routine  set  forth  in 
FIGURE  4.  Synthesis  begins  with  instruction  HO, 
wherein  the  routine  is  initialized  by  receiving  data 
representing  the  compressed  speech  signal.  The 

5  routine  continues  with  inquiry  II2  which  determines 
whether  the  pitch  period  should  be  read.  If  the 
result  of  the  inquiry  II2  is  positive,  the  routine 
continues  in  step  II4  to  read  the  pitch  period  from 
the  bitstream  data  received  over  one  of  digital 

70  serial  communication  links  of  FIGURE  3.  There- 
after,  the  gain  factor  is  read  in  step  II6  from  the 
bitstream  data.  Following  step  II6,  or  if  the  result  of 
inquiry  II2  is  negative,  the  method  continues  in  step 
II8,  wherein  one-half  of  the  pitch  period  for  the 

75  compressed  segment  is  expanded  from  the  bit- 
streamdata.  In  step  I20,  the  pitch  of  the  segment  is 
interpolated,  as  is  the  gain  factor  in  step  I22.  The 
routine  continues  in  step  I24  to  synthesize  the  pitch 
period(s).  Following  step  I24,  the  routine  enters 

20  inquiry  I26  to  determine  whether  the  speech 
waveform  synthesis  has  been  completed.  If  not,  the 
method  returns  to  step  HO  to  get  data  to  synthesize 
the  next  segment.  If  the  synthesis  is  complete,  the 
routine  terminates  at  step  I28. 

25  Accordingly,  synthesis  occurs  in  four  steps. 
Preferably,  the  stored  encoded  pitch  and  gain  fac- 
tors  are  first  read  and  decoded.  The  second  step 
consists  of  a  simple  expansion  of  the  histogram 
from  ADPCM  to  pules  code  modulation  (PCM)  for- 

30  mat,  which  is  accomplished  in  step  IIS  of  FIGURE 
5.  Thereafter,  the  reconstructed  waveform  is  re- 
flected  in  step  I24  to  form  the  pitch  period.  The 
fourth  and  final  step  is  to  repeat  the  pitch  period, 
with  the  process  then  repeated  for  each  subse- 

35  quent  portion  of  the  compressed  speech  waveform. 
Accordingly,  the  present  invention  provides  a 

method  and  apparatus  for  generating  a  transforma- 
tion  of  a  signal  waveform  useful  in  speech  process- 
ing  for  example,  compression  and  synthesis.  This 

to  transformation  retains  the  informational  content  of 
the  original  signal  and  therefore  is  used  directly  to 
represent  the  signal.  The  "use"  of  the  signal  trans- 
formation  as  the  signal  itself  obviates  costly  and 
complex  computational  algorithms  for  converting 

t5  the  signal  (or  features  thereof)  between  the  time 
and  frequency  domains  prior  to  and  following  the 
signal  processing  application(s).  In  the  preferred 
embodiment  of  the  invention,  a  special  purpose 
microprocessor  is  provided  to  run  a  software  rou- 

;o  tine  for  generating  the  transformation  by  calculating 
a  sliding  average  magnitude  difference  funciton  - 
(SAMDF)  histogram  for  continuous  segments  of  the 
speech  waveform. 

As  discussed  above,  although  the  method  and 
55  apparatus  of  the  present  invention  has  been  de- 

scribed  in  detail  with  respect  to  speech  processing 
applications  such  compression/synthesis,  it  should 
be  appreciated  that  the  techniques  described  here- 

I 
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in  are  tuny  compatiDie  witn  all  types  of  signal 
processing  applications.  Accordingly,  the  scope  of 
the  present  invention  is  not  limited  to  use  of  the 
signal  transformation  to  effect  speech 
compression/synthesis. 

Although  the  invention  has  been  described  and 
illustrated  in  detail,  it  is  clearly  understood  that  the 
same  is  by  way  of  illustration  and  example  only 
and  is  not  to  be  taken  by  way  of  limitation.  The 
spirit  and  scope  of  the  present  invention  are  to  be 
limited  only  by  the  terms  of  the  appended  claims. 

uiaims 

I.  A  method  for  generating  a  transformation  of  a 
signal  and  using  the  transformation  in  signal  pro- 
cessing,  comprising  the  steps  of: 

(a)  converting  a  portion  of  the  signal  into  a 
sequence  of  data  samples; 

(b)  selecting  a  reference  position  along  a 
first  sub-part  of  said  sequence; 

(c)  generating  a  histogram  for  the  reference 
position  according  to  a  correlation  function; 

(d)  selecting  a  reference  position  along  a 
second  sub-part  of  said  sequence; 

(e)  repeating  step  (c)  for  the  reference  posi- 
tion  along  the  second  sub-part  of  the  sequence  to 
produce  an  additional  histogram,  whereby  all  of  the 

70 

75 

20 

histograms  comprise  the  transformation  which  re- 
tains  a  substantial  part  of  the  informational  content 
of  the  signal;  and 

(f)  processing  the  transformation  as  the  sig- 
nal  itself  in  signal  processing  application. 

2.  The  method  for  generating  a  transformation 
of  a  signal  as  described  in  Claim  I  wherein  the 
correlation  function  is  an  average  magnitude  dif- 
ference  function  (AMDF). 

3.  The  method  for  generating  a  transformation 
of  a  signal  as  described  in  Claim  I  wherein  the 
correlation  function  is  a  sliding  average  magnitude 
difference  function  (SAMDF). 

4.  The  method  for  generating  a  transformation 
of  a  signal  as  described  in  Claim  I  wherein  the 
correlation  function  is  an  auto-correlation  function. 

5.  A  method  for  generating  a  transformation  of 
a  signal  and  using  the  transformation  in  signal 
processing,  comprising  the  steps  of: 

(a)  converting  a  portion  of  the  signal  into  a 
sequence  of  digital  data  samples; 

(b)  selecting  a  reference  position  along  a 
first  sub-part  of  said  sequence; 

(c)  generating  a  histogram,  having  d 
maxpositions,  for  the  reference  position  according  to 
the  expression: 

30 

h i s t o g r a m ( d ,   a )  
s e n t  

s e n t   +  a » d  J  

j x ( n ) - x ( n + d ) j   ( 1 )  

f n = n 0 - ^ s c n t   +  a«d  J  

f o r   d  1  i  2  /  .  •  .  dm 

w h e r e :   x(  .  )  i s   t h e   s a m p l e d   s i g n a l ,  
n0  i s   a  r e f e r e n c e   p o s i t i o n ,  
d  -  t i m e   l ag   b e t w e e n   s a m p l e s ,  
s e n t   -  a v e r a g i n g   i n t e r v a l   in  s a m p l e s ,   a n d  
a  =-  0,  1 

10}  selecting  a  reference  positon  along  a 
second  sub-part  of  said  sequence; 

(e)  repeating  step  (c)  for  the  reference  posi- 
ion  along  the  second  sub-part  of  the  sequence  to 
jroduce  an  additional  histogram,  whereby  all  of  the 
listograms  comprise  the  transformation  which  re- 
ains  a  substantial  part  of  the  information  content  of 
he  signal;  and 

(f)  processing  the  transformation  as  the  sig- 
lal  itself  in  signal  processing  application. 

6.  The  method  for  generating  a  transformtion  of 
i  signal  as  described  in  Claim  5  wherein  said  step 
if  generating  a  histogram  operates  over  "sent" 
:ycles  for  each  reference  position. 

i 
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7.  The  method  for  generating  a  transformation 
of  a  signal  as  described  in  Claim  6  wherein  said 
step  of  generating  a  histogram  for  each  reference 
position  includes  the  steps  of: 

(g)  applying  the  digital  data  samples  through 
a  correlator  having  first  and  second  sections  and  a 
temporary  storage  area,  an  output  of  said  first 
correlator  section  forming  an  input  to  said  second 
correlator  section  through  the  temporary  storage 
area; 

(h)  moving  a  new  data  sample  into  the  first 
correlator  section  and  shifting  the  remaining  data 
samples,  therein  by  one  position,  whereby  a  data 
sample  is  removed  from  said  first  correlator  section 
to  said  temporary  storage  area. 

8.  The  method  for  generating  a  transformation 
of  a  signal  as  described  in  Claim  7  wherein  each 
said  cycle  of  the  histogram  includes  the  steps  of: 

(i)  differencing  a  magnitude  of  each  data 
sample  in  said  second  correlator  section  with  a 
magnitude  of  a  positionally-corresponding  data 
sample  in  said  first  correlator  section; 

(j)  determining  an  absolute  value  of  each 
difference  calculated  in  step  (i)  to  produce  "even" 
values  of  the  histogram; 

(k)  moving  said  data  sample  in  said  tem- 
porary  storge  area  into  the  second  correlator  sec- 
tion  and  shifting  the  remaining  data  samples  there- 
in  by  one  position; 

(I)  repeating  steps  (i)  -(j)  to  produce  "odd" 
values  of  the  histogram. 

9.  The  method  for  generating  a  transformation 
of  a  signal  as  described  in  Claim  5  wherein  said 
signal  processing  application  include  the  step  of 
compressing  the  signal. 

10.  The  method  for  generating  a  transformation 
of  a  signal  as  described  in  Claim  9  wherein  said 
step  of  compressing  includes  the  step  of  storing  a 
predetermined  portion  of  each  histogram  generated 
in  step  (c)  as  a  compressed  version  of  said  speech 
signal. 

11.  The  method  for  generating  a  transformation 
of  a  signal  as  described  in  Claim  10  wherein  said 
step  of  compressing  includes  selecting  the  refer- 
ence  position  along  said  sequence  every  other 
pitch  period  of  said  signal. 

12.  The  method  for  generating  a  transformation 
of  a  signal  as  described  in  Claim  10  wherein  said 
signal  processing  applications  include  the  step  of 
synthesizing  said  transformtion  from  said  com- 
pressed  version  of  said  speech  signal. 

13.  Apparatus  for  generating  a  transformation  of 
a  signal  and  using  the  transformation  in  signal 
processing,  comprising: 

means  for  converting  said  signal  into  a  sequence  of 
digital  data  samples; 

means  for  selecting  a  reference  position  along  a 
5  first  sub-part  of  said  sequence; 

means  for  generating  a  histogram  for  said  refer- 
ence  position  according  to  a  correlation  function; 

70  means  responsive  to  said  generating  means  for 
selecting  a  reference  position  along  a  second  sub- 
part  of  said  sequence  and  generating  an  additional 
histogram  for  the  second  sub-part,  whereby  said 
histograms  comprise  said  transformation  which  re- 

75  tains  a  substantial  part  of  the  informational  content 
of  the  signal;  and 

means  for  processing  said  transformation  as  said 
signal  itself  in  signal  processing  applications. 

20  14.  The  apparatus  for  generating  a  transforma- 
tion  of  a  signal  as  described  in  Claim  13  wherein 
said  processing  means  includes: 

means  for  producing  a  compressed  version  of  the 
25  transformation  to  represent  a  compressed  version 

of  the  signal. 
15.  The  apparatus  for  generating  a  transforma- 

tion  of  a  signal  as  described  in  Claim  14  wherein 
said  processing  means  further  includes: 

30 
means  for  synthesizing  the  signal  compressed  by 
the  means  for  producing  a  compressed  version  to 
resynthesize  the  signal  transformation. 

16.  The  apparatus  for  generating  a  transforma- 
35  tion  of  a  signal  as  described  in  Claim  13  wherein 

said  means  for  generating  includes  a  special  pur- 
pose  microprocessor,  having  an  associated  storage 
device,  for  implementing  one  of  said  plurality  of 
correlation  functions. 

40  17.  The  apparatus  for  generating  a  transforma- 
tion  of  a  signal  as  described  in  Claim  16  wherein 
said  means  responsive  to  said  means  for  generat- 
ing  includes  a  general  purpose  microprocessor 
having  an  associated  storage  device. 

45  18.  The  apparatus  for  generating  a  transforma- 
tion  of  a  signal  as  described  in  Claim  17  wherein 
said  general  purpose  microprocessor  and  said  spe- 
cial  purpose  microprocessor  operate  concurrently 
to  provide  real-time  generation  of  said  signal  trans- 

50  formation. 

55 
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