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©  A  method  and  apparatus  for  processing  a  re- 
constructed  speech  signal  from  an  analysis-by-syn- 
thesis  decoder  are  provided  to  improve  the  quality  of 
reconstructed  speech.  By  operation  of  the  invention, 
one  or  more  traces  in  a  reconstructed  speech  signal 
are  identified.  Traces  are  sequences  of  like-features 
in  the  reconstructed  speech  signal.  The  like-features 
are  identified  by  time-distance  data  received  from 
the  long  term  predictor  of  the  decoder.  The  iden- 
tified  traces  are  smoothed  by  one  of  the  known 
smoothing  techniques.  A  smoothed  version  of  the 
reconstructed  speech  signal  is  formed  by  combining 
one  or  more  of  the  smoothed  traces.  The  original 
reconstructed  speech  signal  may  be  that  provided 
by  a  long  term  predictor  of  the  decoder.  Values  of 
the  reconstructed  speech  signal  and  smoothed 
speech  signal  may  be  combined  based  on  a  mea- 
sure  of  periodicity  in  speech. 
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Field  of  the  Invention 

The  present  invention  relates  generally  to 
speech  communication  systems  and  more  specifi- 
cally  to  signal  processing  associated  with  the  re- 
construction  of  speech  from  code  words. 

Background  of  the  Invention 

Efficient  communication  of  speech  information 
often  involves  the  coding  of  speech  signals  for 
transmission  over  a  channel  or  network 
("channel").  Speech  coding  can  provide  data  com- 
pression  useful  for  communication  over  a  channel 
of  limited  bandwidth.  Speech  coding  systems  in- 
clude  a  coding  process  which  converts  speech 
signals  into  code  words  for  transmission  over  the 
channel,  and  a  decoding  process  which  recon- 
structs  speech  from  received  code  words. 

A  goal  of  most  speech  coding  techniques  is  to 
provide  faithful  reproduction  of  original  speech 
sounds  such  as,  e.g.,  voiced  speech,  produced 
when  the  vocal  cords  are  tensed  and  vibrating 
quasi-periodically.  In  the  time  domain,  a  voiced 
speech  signal  appears  as  a  succession  of  similar 
but  slowly  evolving  waveforms  referred  to  as  pitch- 
cycles.  A  single  one  of  these  pitch-cycles  has  a 
duration  referred  to  as  the  pitch-period. 

In  analysis-by-synthesis  speech  coding  sys- 
tems  employing  long-term  predictors  (LTPs),  such 
as  most  code-excited  linear  predictive  (CELP) 
speech  coding  known  in  the  art,  a  frame  (or  sub- 
frame)  of  coded  pitch-cycles  is  reconstructed  by  a 
decoder  in  part  through  the  use  of  past  pitch-cycle 
data  by  the  decoder's  LTP.  A  typical  LTP  may  be 
interpreted  as  an  all-pole  filter  providing  delayed 
feedback  of  past  pitch-cycle  data,  or  an  adaptive 
codebook  of  overlapping  vectors  of  past  pitch-cycle 
data.  Past  pitch-cycle  data  works  as  an  approxima- 
tion  of  present  pitch-cycles  to  be  decoded.  A  fixed 
codebook  (e.g.  a  stochastic  codebook)  may  be 
used  to  refine  past  pitch-cycle  data  to  reflect  de- 
tails  of  the  present  pitch-cycles. 

Analysis-by-synthesis  coding  systems  like 
CELP,  while  providing  low  bit-rate  coding,  may  not 
communicate  enough  information  to  completely  de- 
scribe  the  evolution  of  the  pitch-cycle  waveform 
shapes  in  original  speech.  If  the  evolution  (or  dy- 
namics)  of  a  succession  of  pitch-cycle  waveforms 
in  original  speech  is  not  preserved  in  reconstructed 
speech,  audible  distortion  may  be  the  result. 

Summary  of  the  Invention 

The  present  invention  provides  a  method  and 
apparatus  for  improving  the  dynamics  of  recon- 
structed  speech  produced  by  speech  coding  sys- 
tems.  Exemplary  coding  systems  include  analysis- 

by-synthesis  systems  employing  LTPs,  such  as 
most  CELP  systems.  Improvement  is  obtained 
through  the  identification  and  smoothing  of  one  or 
more  traces  in  reconstructed  voiced  speech  sig- 

5  nals.  A  trace  refers  to  an  envelope  formed  by  like- 
features  present  in  a  sequence  of  pitch-cycles  of  a 
voiced  speech  signal.  Identified  traces  are 
smoothed  by  any  of  the  known  smoothing  tech- 
niques,  such  as  linear  interpolation  or  low-pass 

io  filtering.  Smoothed  traces  are  assembled  by  the 
present  invention  into  a  smoothed  reconstructed 
signal.  The  identification,  smoothing,  and  assembly 
of  traces  may  be  performed  in  the  reconstructed 
speech  domain,  or  any  of  the  excitation  domains 

75  present  in  analysis-by-synthesis  coding  systems. 

Brief  Description  of  the  Drawings 

Figure  1  presents  a  time-domain  representation 
20  of  a  voiced  speech  signal. 

Figure  2  presents  an  illustrative  embodiment  of 
the  present  invention. 

Figure  3  presents  illustrative  traces  for  the 
time-domain  representation  of  the  voiced  speech 

25  signal  presented  in  Figure  1  . 
Figure  4  presents  illustrative  frames  of  a 

speech  signal  used  in  trace  smoothing. 
Figure  5  presents  an  illustrative  embodiment  of 

the  present  invention  which  combines  smoothed 
30  and  conventional  reconstructed  speech  signals  ac- 

cording  a  proportionality  measure  of  voiced  and 
non-voiced  speech. 

Detailed  Description 
35 

Voiced  Speech 

Figure  1  presents  an  illustrative  stylized  time- 
domain  representation  of  a  voiced  speech  signal 

40  (20ms).  As  shown  in  the  Figure,  it  is  possible  to 
describe  voiced  speech  as  a  sequence  of  individ- 
ual  similar  waveforms  referred  to  as  pitch-cycles. 
Generally,  each  pitch-cycle  is  slightly  different  from 
its  neighbors  in  both  amplitude  and  duration.  The 

45  brackets  in  the  Figure  indicate  a  possible  set  of 
boundaries  between  successive  pitch-cycles.  Each 
pitch-cycle  in  this  illustration  is  approximately  5ms 
in  duration. 

A  pitch-cycle  may  be  characterized  by  a  series 
50  of  features  which  it  may  share  in  common  with  one 

or  more  of  its  neighbors.  For  example,  as  shown  in 
Figure  1,  pitch-cycles  A,  B,  C,  and  D,  have  char- 
acteristic  signal  peaks  1-4  in  common.  While  the 
exact  amplitude  and  location  of  peaks  1-4  may 

55  change  with  each  pitch-cycle,  such  changes  are 
generally  gradual.  As  such,  voiced  speech  is  com- 
monly  thought  of  as  periodic  or  nearly  so  (i.e., 
quasi-periodic). 

2 
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Many  speech  coders,  including  many  CELP 
coders,  operate  on  a  frame  and  subframe  basis. 
That  is,  they  operate  on  advantageously  chosen 
segments  of  speech.  For  example,  a  CELP  coder 
may  transmit  20ms  frames  of  coded  speech  (160 
samples  at  8kHz)  by  coding  and  assembling  four 
5ms  subframes,  each  with  its  own  characteristic 
LTP  delay.  For  purposes  of  the  present  description, 
the  illustrative  pitch-cycles  shown  in  Figure  1  cor- 
respond  to  5  ms  subframes.  It  will  be  apparent  to 
one  of  ordinary  skill  in  the  art  that  the  present 
invention  is  also  applicable  to  situations  where 
pitch-cycles  and  subframes  do  not  coincide. 

An  Illustrative  Embodiment 

An  illustrative  embodiment  of  the  present  in- 
vention  is  presented  in  Figure  2.  For  each  sub- 
frame,  a  trace  identifier  100  receives  a  conventional 
reconstructed  speech  signal,  Vc(i),  and  a  time-dis- 
tance  function,  d(i),  from  a  conventional  decoder, 
such  as  a  CELP  decoder.  The  conventional  re- 
constructed  speech  signal  may  take  the  form  of 
speech  itself,  or  any  of  the  speech-like  excitation 
signals  present  in  conventional  decoder.  It  is  pre- 
ferred  that  Vc(i)  be  the  excitation  signal  produced 
by  the  LTP  of  the  decoder.  Data  from  N  traces, 

VTn(jk) ,   l < n < N ,  

are  identified  and  passed  to  a  plurality  of  trace 
smoothing  processes  200.  These  smoothing  pro- 
cesses  200  operate  to  provide  smoothed  trace 
data, 

VSTn(jk),   1  < n < N ,  

to  a  trace  combiner  300.  Trace  combiner  300 
forms  a  smoothed  speech  signal,  Vs(i),  from  the 
smoothed  trace  data. 

Trace  Identification 

The  trace  identifier  100  of  the  illustrative  em- 
bodiment  defines  or  identifies  traces  in  speech. 
Each  identified  trace  associates  a  series  of  like- 
features  present  in  a  sequence  of  pitch-cycle 
waveforms  of  a  reconstructed  speech  signal.  A 
trace  is  an  envelope  formed  by  the  amplitude  of 
samples  of  the  reconstructed  speech  signal  pro- 
vided  by  a  speech  decoder,  Vc,  at  times  given  by 
values  of  an  index,  jk.  As  discussed  above,  an 
identified  trace  may  be  denoted  as 

VTn( jkXk   =  0,  1 ,2  

An  illustrative  trace  index,  jk,  may  be  determined 
such  that: 

jk+i  =  jk  -  d(jk) 
5 

for  k  =  0,  1  ,  2  where  d(jk)  is  the  time-distance 
between  like-features  of  the  sequence  of  pitch- 
cycles  in  the  reconstructed  speech  signal  at  time  jk 
(as  k  increases,  the  index  jk  points  farther  into  the 

io  past).  Figure  3  presents  illustrative  traces  for  cer- 
tain  sample  points  in  a  segment  of  the  voiced 
speech  (a  frame)  presented  in  Figure  1  .  Illustrative 
values  for  the  time-distance  function,  d(i),  may  be 
obtained  from  a  conventional  LTP-based  decoder 

is  providing  frames  or  subframes  of  the  reconstructed 
speech  signal.  For  example,  when  the  present  in- 
vention  is  used  in  combination  with  a  CELP  coding 
system  having  an  LTP,  d(i)  is  the  delay  used  by 
the  LTP  of  the  CELP  decoder.  A  typical  CELP 

20  decoder  provides  a  delay  for  each  subframe  of 
coded  speech.  In  such  a  case,  d(i)  is  constant  for 
all  sample  points  in  the  subframe. 

A  trace  need  not  be  identified  in  non-  voiced 
speech  (that  is,  speech  which  comprises,  for  exam- 

25  pie,  silence  or  unvoiced  speech).  For  voiced 
speech,  a  trace  may  extend  backward  and  forward 
in  time  from  a  given  point  in  time.  There  may  be  as 
many  traces  in  a  given  pitch-cycle  as  there  are 
data  samples  (e.g.,  at  an  8kHz  sampling  rate,  40 

30  traces  in  a  5ms  pitch-cycle).  When  pitch-cycles 
expand  over  time,  certain  traces  may  split  into 
multiple  traces.  When  pitch-cycles  contract  over 
time,  certain  traces  may  end.  Furthermore,  be- 
cause  values  of  d(i)  may  exceed  a  single  pitch- 

35  period,  a  trace  may  associate  like-features  in 
waveforms  which  are  more  than  one  pitch-cycle 
apart. 

Trace  Smoothing 
40 

Traces  identified  in  a  reconstructed  speech 
signal  are  smoothed  by  smoothing  processes  200 
as  a  way  of  modifying  the  dynamics  of  recon- 
structed  pitch-cycle  waveforms.  Any  of  the  known 

45  data  smoothing  techniques,  such  as  linear  inter- 
polation,  polynomial  curve  fitting,  or  low-pass  filter- 
ing,  may  be  used.  A  smoothing  technique  is  ap- 
plied  to  each  trace  over  a  time  interval,  such  as  a 
20ms  frame  provided  by  a  CELP  decoder. 

50  Figure  4  presents  illustrative  frames  of  a  re- 
constructed  speech  signal  used  in  the  smoothing  of 
a  single  trace,  Tn,  by  the  embodiment  of  Figure  2. 
An  exemplary  smoothing  process  200  maintains 
past  trace  values  (from  a  past  frame  of  the  signal) 

55  which  are  used  in  establishing  an  initial  data  value 
for  a  smoothing  operation  on  a  current  frame  of 
the  speech  signal.  The  trace  of  the  current  frame 
comprises  a  set  of  values 

3 
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{ V T . ( j k ) . k = l ,   2,  3,  4}. 

The  trace  values  are  separated  in  time  by  a  set  of 
delays  {d(jk),  k  =  1,2,3,4}.  Delay  d(j+)is  used  by 
the  smoothing  process  200  to  identify  the  first  (i.e., 
earliest  in  time)  trace  value  for  use  in  the  smooth- 
ing  operation  of  the  current  frame  of  the  trace.  In 
the  Figure,  this  trace  value  is  obtained  from  the 
past  frame  trace  values: 

VTo( j5 ) .  

Smoothing  may  be  provided  by  interpolation  of  the 
set  of  trace  values 

{VTn(jk) ,   k =   1,  2,  3,  4,  5} 

to  yield  a  set  of  smoothed  trace  values 

{ V S T n ( j k ) , k = l ,   2,  3,  4,  5}. 

It  is  preferred  that  a  smoothed  trace  for  a  given 
current  frame  connect  with  its  associated  smoothed 
trace  from  the  immediate  past  frame.  An  illustrative 
interpolation  technique  defines  a  line-segment  con- 
necting  the  last  trace  value  of  the  given  frame, 

V T o ( j l ) ,  

with  the  last  trace  value  of  the  previous  frame, 

V T „ ( j 5 )  

as  the  smoothed  trace  in  the  frame,  (as  such, 

V s T . ( j l )   =  V t . U i )  

and 

V s r . U s )   =  VTn( j5 ) ) .  

Once  smoothing  of  a  current  frame  is  performed, 
trace  data  of  the  current  frame  is  saved  for  subse- 
quent  use  as  trace  data  of  a  past  frame.  Thus, 
smoothing  proceeds  on  a  rolling  frame-by-frame 
basis. 

Combining  Smoothed  Traces 

Individual  smoothed  trace  samples, 

V s r n ( j k ) ,  

are  combined  on  a  rolling  frame-by-frame  to  form  a 
5  smoothed  reconstructed  speech  signal,  Vs(i),  by 

trace  combiner  300.  Trace  combiner  300  produces 
smoothed  reconstructed  speech  signal,  Vs(i),  by 
interlacing  samples  from  individual  smoothed 
traces  in  temporal  order.  That  is,  for  example,  the 

io  smoothed  trace  having  the  earliest  sample  point  in 
the  current  frame  becomes  the  first  sample  of  the 
frame  of  smoothed  reconstructed  speech  signal; 
the  smoothed  trace  having  the  next  earliest  sample 
in  the  frame  supplies  the  second  sample,  and  so 

is  on.  Typically,  a  given  smoothed  trace  will  contri- 
bute  one  sample  per  pitch-cycle  of  a  smoothed 
reconstructed  speech  signal.  The  smoothed  recon- 
structed  speech  signal,  Vs(i),  may  be  provided  as 
output  to  be  used  in  the  manner  intended  for  the 

20  unsmoothed  version  of  the  speech  signal 

Combining  Smoothed  and  Conventional  Re- 
constructed  Speech 

25  In  an  illustrative  embodiment  of  the  present 
invention  presented  in  Figure  5,  a  overall  recon- 
structed  speech  signal,  V(i),  may  be  considered  to 
be  a  linear  combination  of  a  conventional  recon- 
structed  speech  signal,  Vc(i),  and  a  smoothed  re- 

30  constructed  speech  signal,  Vs(i),  as  follows: 

V(i)  =  a  Vs(i)  +  (1  -  a)  Vc(i), 

where  0   ̂ a  <  1  (see,  Fig.  5,500-800).  The  param- 
35  eter  a,  a  measure  of  periodicity,  is  used  to  control 

the  proportion  of  smoothed  and  conventional 
speech  in  V(i).  Because  Vs  is  significant  as  a  ma- 
nipulation  of  a  voiced  speech  signal,  a  operates  to 
provide  for  V(i)  a  larger  proportion  of  Vs(i)  when 

40  speech  is  voiced,  and  a  larger  proportion  of  Vc(i) 
when  speech  is  non-voiced.  A  determination  of  the 
presence  of  voiced  speech,  and  hence  a  value  for 
a,  may  be  made  from  the  statistical  correlation  of 
adjacent  frames  of  Vc(i).  An  estimate  of  this  cor- 

45  relation  may  be  provided  for  a  CELP  decoder  by 
an  autocorrelation  expression: 

Rab(d(*) )   =  ELa(i)  b ( i - d ( i ) ) ,  
i=0 

where  d(i)  is  the  delay  from  the  LTP  of  the  CELP 
decoder  and  L  is  the  number  of  samples  in  the 

55  autocorrelation  expression,  typically  160  samples  at 
an  8kHz  sampling  rate  (i.e.,  the  number  of  samples 
in  a  frame  of  the  speech  signal)  (see,  Fig.  5,400). 
This  expression  may  be  used  to  compute  a  nor- 

4 
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malized  estimate  for  a: 

-  
R v ^ ( d ( * ) }  

a  ~  
RVcvc(0)  

• 

The  greater  the  autocorrelation,  the  more  periodic 
the  speech,  and  the  greater  the  value  of  a  (see, 
Fig.  5,500).  Given  the  expression  for  V(i),  large 
values  for  a  provide  large  contributions  to  V(i)  by 
Vs,  and  visa-versa. 

Further  Illustrative  Embodiments 

ceive  the  excitation  speech  signal.  In  this  case, 
however,  it  would  receive  the  smoothed  version 
provided  by  the  embodiment. 

5  Claims 

1.  A  method  for  processing  a  reconstructed  first 
speech  signal,  the  method  comprising  the 
steps  of: 

io  identifying  one  or  more  traces  in  the  first 
speech  signal  provided  by  the  decoder; 

smoothing  one  or  more  of  the  identified 
traces;  and 

forming  a  second  speech  signal  by  com- 
15  bining  one  or  more  of  the  smoothed  traces. 

A  further  illustrative  embodiment  of  the  present 
invention  concerns  smoothing  a  subset  of  traces 
available  from  a  reconstructed  speech  signal.  One 
such  subset  can  be  defined  as  those  traces  asso- 
ciated  with  sample  data  of  large  pulses  within  a 
pitch-cycle.  Of  course,  these  large  pulses  form  a 
subset  of  pulses  within  the  pitch-cycle.  For  exam- 
ple,  with  reference  to  Figure  1  ,  this  illustrative  em- 
bodiment  may  involve  smoothing  only  those  traces 
associated  with  samples  of  the  speech  signal  asso- 
ciated  with  pulses  1-3  of  each  pitch-cycle.  Iden- 
tification  of  a  subset  of  pulses  to  include  in  the 
smoothing  process  can  be  made  by  establishing  a 
threshold  below  which  pulses,  and  thus  their 
traces,  will  not  be  included.  This  threshold  may  be 
established  by  an  absolute  level  or  a  relative  level 
as  a  percentage  of  the  largest  pulses.  Moreover, 
because  the  audible  results  of  smoothing  can  be 
subjective,  the  threshold  may  be  selected  from 
experience  based  upon  several  test  levels.  In  this 
embodiment,  assembly  of  smoothed  traces  into  a 
smoothed  reconstructed  speech  signal  may  be 
supplemented  by  the  original  reconstructed  speech 
signal  for  which  no  smoothing  has  occurred.  Such 
original  reconstructed  speech  signal  samples  are 
those  samples  which  fall  below  the  above-  men- 
tioned  threshold.  As  a  result,  such  samples  do  not 
form  part  of  a  trace  which  is  smoothed. 

As  discussed  above,  the  original  reconstructed 
speech  signal  may  be  in  the  speech  domain  itself, 
or  it  may  be  in  one  of  the  excitation  domains 
available  in  analysis-by-synthesis  decoders.  If  the 
speech  domain  is  used,  the  illustrative  embodi- 
ments  of  the  present  invention  may  follow  a  con- 
ventional  analysis-by-synthesis  decoder.  However, 
should  the  speech  signal  be  in  an  excitation  do- 
main,  such  as  the  case  with  the  preferred  embodi- 
ment,  the  embodiment  would  be  located  within 
such  decoder.  As  such,  the  embodiment  would 
receive  the  excitation  domain  speech  signal,  pro- 
cess  it,  and  providing  a  smoothed  version  of  it  to 
that  portion  of  the  decoder  which  expects  to  re- 

2.  The  method  of  claim  1  wherein  the  first  speech 
signal  is  provided  by  a  long  term  predictor  of 
the  decoder. 

20 
3.  The  method  of  claim  1  or  claim  2  wherein  the 

step  of  identifying  one  or  more  traces  com- 
prises  the  step  of  identifying  a  sequence  of 
like-features  in  the  first  speech  signal. 

25 
4.  The  method  of  claim  3  wherein  the  like-fea- 

tures  are  identified  by  delay  information  re- 
ceived  from  a  long  term  predictor  of  the  de- 
coder. 

30 
5.  The  method  of  any  of  the  preceding  claims 

wherein  the  step  of  identifying  one  or  more 
traces  comprises  the  step  of  identifying  traces 
associated  with  a  subset  of  pulses  in  a  pitch- 

35  cycle. 

6.  The  method  of  any  of  the  preceding  claims 
wherein  the  step  of  smoothing  one  or  more  of 
said  identified  traces  is  performed  by  interpola- 

40  tion,  low-pass  filtering  or  polynomial  curve  fit- 
ting. 

7.  The  method  of  any  of  the  preceding  claims 
further  comprising  the  step  of  combining  val- 

45  ues  of  the  first  speech  signal  with  values  of  the 
second  speech  signal. 

8.  The  method  of  claim  7  wherein  the  step  of 
combining  values  of  the  first  speech  signal 

50  with  values  of  the  second  speech  signal  is 
based  on  a  measure  of  periodicity. 

9.  An  apparatus  for  processing  a  reconstructed 
first  speech  signal,  the  apparatus  comprising: 

55  a  trace  identifier  for  identifying  one  or 
more  traces  in  a  first  speech  signal; 

one  or  more  smoothing  processes,  coup- 
led  to  the  trace  identifier,  for  smoothing  one  or 

5 
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more  of  the  identified  traces;  and 
a  trace  combiner,  coupled  to  the  one  or 

more  smoothing  processes,  for  forming  a  sec- 
ond  speech  signal  by  combining  one  or  more 
of  the  smoothed  traces. 

10.  The  apparatus  of  claim  9  wherein  the  first 
speech  signal  is  provided  by  a  long  term  pre- 
dictor  of  the  decoder. 

12.  The  apparatus  of  claim  11  wherein  the  means 
for  determining  periodicity  in  speech  com- 
prises  means  for  determining  an  autocorrela- 
tion  of  the  first  speech  signal. 

13.  The  apparatus  of  claim  12  wherein  the  means 
for  determining  periodicity  in  speech  further 
comprises  means  for  determining  a  measure 
of  periodicity  present  in  the  first  speech  signal. 

14.  The  apparatus  of  claim  11  wherein  the  means 
for  determining  periodicity  in  speech  com- 
prises  means  for  determining  an  autocorrela- 
tion  of  the  second  speech  signal. 

10 
11.  The  apparatus  of  claim  9  or  10  further  com- 

prising: 
means  for  determining  periodicity  in 

speech; 
means,  coupled  to  the  means  for  deter-  is 

mining  periodicity  in  speech,  for  combining 
values  of  the  first  speech  signal  with  values  of 
the  second  speech  signal  based  on  a  measure 
of  periodicity. 

20 

25 

30 

35 
15.  The  apparatus  of  claim  14  wherein  the  means 

for  determining  periodicity  in  speech  further 
comprises  means  for  determining  a  measure 
of  periodicity  present  in  the  second  speech 
signal.  40 

45 

50 

55 
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FIG.   5  
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