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©  Provided  is  a  speech  recognizer  representing 
various  pronunciational  transformations  effi- 
ciently  by  statistical  combinations  (N-grams)  of 
a  few  types  of  hidden  Markov  models. 

Analysis  of  a  word  input  from  a  speech  input 
device  1  for  its  features  is  made  by  a  feature 
extractor  4  to  obtain  a  feature  vector  sequence 
corresponding  to  said  word  or  a  label  sequence 
by  applying  a  further  transformation  in  a  labeler 
8.  Phonemic  hidden  Markov  models  for  each 
speech  transformation  candidate  transformed 
as  a  sequence  of  subwords  constituting  said 
word  are  retained  in  a  parameter  table  18, 
keeping  an  N-gram  relationship  (N  =  an  integer 
greater  than  or  equal  to  2)  with  the  speech 
transformation  candidate  of  other  preceding 
subwords  in  the  word.  A  recognizer  16  then 
applies  hidden  Markov  models  to  each  speech 
transformation  candidate  in  correspondence  to 
the  candidate  words  in  a  word  pronunciation 
dictionary  13  and  on  the  basis  of  said  N-gram 
relation,  and  joins  each  hidden  Markov  model 
for  each  of  these  speech  transformation  candi- 
dates  in  parallel  among  the  subwords  to  com- 
pose  a  speech  model.  The  recognizer 
determines  the  probability  of  the  speech  model 
composed  for  each  candidate  word  outputting 
said  label  sequence  or  feature  vector  sequence 
input  as  speech  and  outputs  a  candidate  word 
corresponding  to  the  speech  model  of  the  high- 
est  probability  to  a  display  19. 
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Field  of  the  invention 

This  invention  relates  to  speech  models  using 
hidden  Markov  models  in  subword  units,  such  as 
phones  (or  phonemes  -  i.e.  the  sound  units  from 
which  words  are  made  up),  and  speech  recognition 
using  such  speech  models,  and  more  particularly  to 
enabling  efficient  speech  recognition  in  response  to 
pronunciational  transformation  (variations). 

Prior  art 

Speech  recognition  utilizing  the  Markov  model  is 
intended  to  perform  speech  recognition  from  the 
viewpoint  of  probability.  Markov  modelling  describes 
the  time  structure  of  a  speech  pattern  as  transitions 
between  states  in  a  Markov  chain.  Each  transition 
has  an  associated  occurence  probability,  which  is  de- 
pendent  on  preceding  transitions.  The  transitions  can 
be  observed  but  the  states  themselves  cannot  be  di- 
rectly  observed;  hence  the  term  'hidden'  Markov 
model. 

Hidden  Markov  models  (HMMs)  are  described  in 
more  detail  in  "Electronic  Speech  Recognition",  (Ed. 
Bristow,  R.)  Collins,  1986,  pp137  etsequ.,  and  in  "An 
Introduction  to  the  Applications  of  the  Theory  in  Pro- 
babalistic  Functions  of  a  Markov  Process  to  Automat- 
ic  Speech  Recognition",  Levinson,  S.E.  Rabiner,  L.R., 
and  Sondhi,  M.M.,  The  Bell  System  Technical  Jour- 
nal,  Vol.  62,  No.  4,  April  1983.  In  recent  years,  there 
have  been  systems  proposed  for  large-vocabulary 
speech  recognition  and  continuous  speech  recogni- 
tion  based  on  HMMs  in  subword  units,  such  as 
phones  (or  phonemes)  and  syllables. 

As  a  representative  conventional  method,  there 
is  a  method  of  speech  recognition  such  that  phonetic 
HMMs  are  combined  in  series  to  represent  a  word  to 
be  recognized.  In  this  method,  the  choice  of  such 
phonetic  HMMs  to  be  concatenated  is  made  on  the 
basis  of  a  description  (baseform)  in  a  pronunciation 
dictionary  of  words  to  be  recognized.  However,  since 
subword  units  in  actual  speech  undergo  transforma- 
tion  depending  on  the  types  of  preceding  and  subse- 
quent  phonemes,  pronunciation  speed,  and  accentu- 
ation,  it  is  impossible  to  obtain  a  high  recognition  rate 
if  phonetic  HMMs  are  concatenated  without  regard  to 
such  transformations. 

Then,  there  is  another  method  such  that  phonet- 
ic  HMMs  are  prepared  for  each  phonetic  environment 
in  consideration  of  only  preceding  and  subsequent 
phonetic  environments;  phonetic  HMMs  are  selected 
according  to  a  phonetic  environment  described  in  a 
pronunciation  dictionary  of  words  to  be  recognized; 
and  then  combined  in  series.  This  method  is  dealt 
with  in  detail  in  "Context-Dependent  Modeling  for 
Acoustic-Phonetic  Recognition  of  Continuous 
Speech"  (Proceedings  of  ICASSP'85,  1985,  April,  R. 
Schwartz,  Y.  Chow,  O.  Kimball,  S.  Roucos,  M.  Kras- 

ner,  J.  Mkhoul).  Although  this  method  can  easily  re- 
flect  a  speech  transformation  for  each  phonetic  envir- 
onment,  it  requires  preparation  of  a  large  number  of 
phonetic  HMMs  to  handle  various  speech  transforma- 

5  tions  because  of  the  extremely  large  number  of  pos- 
sible  combinations  of  phonetic  environments  which 
exist,  and  it  requires  a  large  amount  of  training  speech 
data. 

Moreover,  for  speaker-independent  speech  rec- 
10  ognition,  allowing  for  pronunciational  variations  which 

are  markedly  different  from  one  speaker  to  another, 
this  method  would  result  in  loose  models  because 
each  single  phonetic  HMM  is  required  to  include  all 
pronunciational  fluctuations  attributable  to  each 

15  speaker,  resulting  in  a  lowered  ability  to  distinguish 
phonemes. 

On  the  other  hand,  there  is  another  method  such 
that  knowledge  about  transformations  and  variations 
in  speech  for  each  word  is  represented  by  a  combin- 

20  ation  of  subword  HMM  networks.  This  method  is  dealt 
with  in  detail  in  "A  Maximum  Likelihood  Approach  to 
Continuous  Speech  Recognition"  (IEEE  Transactions 
on  Pattern  Analysis  and  Machine  Intelligence,  PAMI- 
5(2),  pp.  179-190,  1983,  LR.  Bahl,  F.  Jelinek,  R.L 

25  Mercer). 
However,  it  is  not  easy  to  manually  prepare  such 

a  network  representation  for  each  word,  and  it  is  also 
not  necessarily  possible  to  precisely  associate  knowl- 
edge  from  human  senses  with  individual  physical 

30  phenomena. 
Furthermore,  there  is  another  method  such  that 

parameters  (transition  probabilities)  on  a  network  are 
determined  and  learned  for  each  word.  Yet,  this 
method  requires  a  large  amount  of  training  speech 

35  data  to  obtain  a  network  representation  of  each  word, 
so  it  was  not  easy  to  modify  words  to  be  recognized 
in  spite  of  subwords  being  adopted  as  units. 

SUMMARY  OF  INVENTION 
40 

The  present  invention  provides  a  speech  recog- 
nizer  comprising:  means  for  analyzing  a  word  inputted 
as  speech  for  its  features  and  thus  obtaining  a  label 
sequence  or  feature  vector  sequence  corresponding 

45  to  said  word;  means  for  retaining  hidden  Markov  mod- 
els  respectively  for  each  speech  transformation  can- 
didate  through  which  the  subwords  comprising  a 
word  are  made  transformable  as  in  speech;  dictionary 
means  for  retaining  a  plurality  of  candidate  words  to 

so  be  recognized;  means  for  composing  a  speech  model 
by  concatenating  in  parallel  hidden  Markov  models 
for  each  speech  transformation  candidate  among 
subwords  in  correspondence  to  a  candidate  word; 
means  for  determining  the  probability  of  a  speech 

55  model  composed  with  regard  to  each  candidate  word 
outputting  the  label  sequence  or  feature  vector  se- 
quence  of  said  word  inputted  as  speech,  and  for  out- 
putting  a  candidate  word  corresponding  to  the  speech 
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model  of  highest  probability  as  a  result  of  recognition. 
The  present  invention  preferably  provides  for 

each  phoneme  some  representative  models  as  allo- 
phonetic  HMMs  representing  transformations  (allo- 
phones)  of  each  phoneme  as  a  subword.  This  repre- 
sentation  of  variations  of  phonemes  is  automatically 
effected  on  the  basis  of  clustering  techniques.  Also, 
speech  phenomena  such  as  word  pronunciation  are 
represented  by  speech  models  where  the  combina- 
tion  of  such  allophonetic  HMMs  is  preferably  restrict- 
ed  by  an  N-gram  (the  occurrence  probability  of  N  sets 
of  allophonetic  HMMs),  and  these  speech  models  are 
used  for  speech  recognition.  The  invention  thus  pro- 
vides  a  speech  recognizer  efficiently  representing  va- 
rious  pronunciational  transformations  (variations)  by 
a  statistical  combination  (N-gram)  of  different  types  of 
HMMs. 

In  training  a  model,  a  training  speech  model  is 
composed  by  connecting  a  plurality  of  allophonetic 
HMMs  with  each  phoneme  under  the  restriction  of  an 
N-gram,  by  reference  to  the  baseform  of  the  training 
speech,  and  parameters  for  an  N-gram  model  among 
allophonetic  HMMs,  as  well  as  parameters  for  each  al- 
lophonetic  HMM,  are  automatically  estimated  by  ap- 
plying  such  techniques  as  maximum  likelihood  esti- 
mation  to  improve  the  speech  recognition  perfor- 
mance  of  HMMs. 

As  an  example,  think  of  a  word  speech  model 
composed  underthe  restriction  of  a  bigram  (N  =  2;  the 
occurrence  probability  of  a  pair).  If  a  pronunciation 
dictionary  element  (phonemic  transcription)  is  provid- 
ed  for  a  particular  word,  a  word  speech  model  is  com- 
posed  by  joining  HMMs  in  phonemic  units  according 
to  the  pronunciation  dictionary.  On  this  occasion, 
each  phoneme  is  assigned  a  plurality  of  allophonetic 
HMMs,  namely,  A(p,  i),  where  p  denotes  a  phoneme 
and  i  the  type  of  allophone  of  phoneme  p.  These  al- 
lophonetic  HMMs  for  each  phoneme  are  all  processed 
in  parallel,  though  the  combination  of  statistically  un- 
necessary  allophonetic  HMMs  is  restricted  by  a  bi- 
gram.  That  is,  if  the  phonemic  series  of  a  word  speech 
model  is  given  as  P  =  p(1)p(2)  ...  p(w),  the  occurrence 
probability  of  a  pair,  i.e.,  Pr(A(p(j),m)  I  A(p(j-1),n)),  is 
evaluated  in  the  form  of  a  product  with  the  likelihood 
of  ordinary  HMMs  in  a  transition  from  an  allophonetic 
HMM  model,  A(p(j-1),n),  for  the  (j-1)-th  phoneme  to 
another  allophonetic  HMM  model,  A(p(j),m),  for  the  j- 
th  phoneme. 

The  term  "subword"  as  referred  to  in  this  specifi- 
cation  denotes  such  constituents  of  speech  as  a  pho- 
neme,  syllable,  CVC,  and  VCV  (C:  consonant;  V:  vow- 
el),  which  are  not  directly  associated  with  pronuncia- 
tion  but  refer  to  phonetic  units  serving  to  express  dif- 
ferent  meanings.  It  may  be  set  at  will  where  to  delimit 
speech  to  define  a  subword. 

The  term  "word"  as  referred  to  in  this  specifica- 
tion  denotes  one  unit  of  an  object  to  be  recognized, 
such  as  a  word,  phrase,  or  sentence,  which  may  be 

chosen  at  will. 
The  term  "speech  transformation  candidate"  as 

referred  to  in  this  specification  denotes  an  allophone 
if  the  phoneme  is  defined  as  a  subword,  in  which  case 

5  the  speech  transformation  candidates  are  each  sub- 
word  transformed  when  the  phoneme  is  pronounced 
as  speech. 

There  are  two  types  of  HMM,  i.e.,  discrete  HMMs 
outputting  labels  and  continuous  HMMs  outputting 

10  feature  vectors.  This  invention  allows  use  of  either 
type  of  HMM:  for  continuous  HMMs,  speech  recogni- 
tion  is  effected  according  to  a  feature  vector  se- 
quence  obtained  as  a  result  of  an  analysis  of  input 
speech  for  its  features,  whereas  for  discrete  HMMs, 

15  speech  recognition  is  effected  according  to  a  label  se- 
quence  obtained  as  a  result  of  a  further  conversion  of 
the  feature  vector  sequence. 

Description  of  An  Embodiment 
20 

An  embodiment  of  this  invention  will  now  be  de- 
scribed  by  way  of  example  with  reference  to  the  ac- 
companying  drawings  in  which: 

Figure  1  is  a  block  diagram  of  the  speech  recog- 
25  nizer  related  to  an  embodiment  of  this  invention; 

Figure  2  is  a  flowchart  of  labeling  speech; 
Figure  3  is  a  conceptual  drawing  of  a  phonemic 
Markov  model; 
Figure  4(a)  is  a  table  of  transition  probabilities  for 

30  phonemic  Markov  models; 
Figure  4(b)  is  a  table  of  label  output  probabilities 
for  phonemic  Markov  models; 
Figure  4(c)  is  a  table  of  occurrence  probabilities 
with  a  bigram  between  phonemic  Markov  mod- 

35  els; 
Figure  5  is  a  flowchart  of  phonemic  allophone 
baseform  creation; 
Figure  6  is  a  flowchart  of  model  parameter  esti- 
mation; 

40  Figure  7  is  a  flowchart  of  speech  recognition  op- 
erations. 
Figure  8  is  a  conceptual  drawing  of  a  speech 
model  representing  words. 
In  this  embodiment,  this  invention  is  applied  to 

45  the  speech  recognition  of  words  where  phonemic 
Markov  models  are  employed  as  HMMs  for  label  units 
and  a  bigram  (N  =  2)  is  used  as  N-gram. 

In  phonemic  Markov  models,  because  models 
bearing  the  same  label  name  are  treated  as  a  com- 

50  mon  model  when  such  models  are  trained  and  recog- 
nized,  it  is  possible  to  save  storage  space  and  to  ob- 
tain  higher  training  efficiency.  Also,  phonemic  Mar- 
kov  models  enable  label  sequences  obtained  from 
pronunciation  to  correspond  directly  to  model  se- 

55  quences  and  thus  facilitate  creation  of  initial  models 
for  allophonetic  HMMs.  Such  label  sequences  repre- 
senting  model  sequences  are  called  phonemic  base- 
forms  in  correspondence  to  the  baseforms  of  pho- 

3 
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nemic  models. 
Phonemic  Markov  models  are  dealt  with  in  detail 

in  the  following  article: 
"Acoustic  Markov  Models  Used  in  The  Tangora 
Speech  Recognition  System  "  (Proceedings  of 
ICASSP'88,  1988,  April,  S11-3,  L.R.  Bahl,  P.F.  Brown, 
P.V.  de  Souza,  R.L.  Mercer  and  M.A.  Picheny). 

Figure  1  is  a  complete  block  diagram  of  the 
speech  recognizer  related  to  this  embodiment.  Input 
speech  (words)  is  fed  through  a  microphone  1  and  an 
amplifier  2  to  an  analog-to-digital  (AID)  convertor  3, 
whereby  the  input  speech  is  converted  into  digital 
data.  The  speech  data  thus  digitized  is  then  fed  to  a 
feature  extractor  4. 

In  the  feature  extractor  4,  the  speech  data  first 
undergoes  a  discrete  Fourier  transform  and  is  then 
outputted  from  a  nineteen-channel  critical  band-pass 
filter  reflecting  acoustic  characteristics  together  with 
a  logarithmic  power  value.  This  output  is  sent  to  an 
endpoint  detector  5  at  intervals  of  about  10m  sec  (this 
unit  interval  is  called  a  frame),  for  instance.  Then  only 
the  feature  values  of  frames  judged  as  falling  within 
a  word  speech  interval  are  sent  to  a  switcher  6  and 
then  to  either  a  codebook  builder  7  or  a  labeler  8. 

During  codebook  preparation,  the  switcher  6  is 
switched  to  the  codebook  builder  7,  so  that  the  fea- 
ture  data  is  fed  from  the  feature  extractor  4  to  the  co- 
debook  builder  7.  The  codebook  builder  7  then  com- 
piles  a  codebook  9  from  the  feature  volume  which  is 
clustered  with  128  types  of  labels. 

On  the  other  hand,  for  speech  data  recognition, 
a  phonemic  allophone  baseform  is  registered,  or 
model  parameters  are  estimated,  the  switcher  6  is 
switched  to  the  labeler  8.  The  labeler  8  assigns  a  label 
to  each  frame  referred  by  the  codebook  9. 

The  above-described  labeling  is  effected  as 
shown  in  Figure  2,  where  X  denotes  the  volume  of 
feature  data  of  a  frame  of  input  speech  (words);  Yj,  the 
feature  volume  of  the  j-th  label  of  the  feature  volume 
retained  in  the  codebook;  R,  the  size  (=  128)  of  the 
codebook;  dist  (X,  Yj),  Euclidean  distance  between  X 
and  Yj;  m,  the  minimum  value  of  dist  (X,  Yj)  at  each 
point  in  time. 

First,  if  a  feature  volume  X  is  inputted  (step  20), 
thenj,  m,  and  1  (a  label  numberfinally  assigned  to  the 
feature  volume  X  inputted)  are  initialized  to  1,  a  very 
large  value  V,  and  1,  respectively  (step  21). 

Second,  a  judgment  is  made  as  to  whether  all  the 
feature  volumes  in  the  codebook  have  been  checked 
under  the  condition  "j  >  R"  (step  22),  and  another 
judgment  is  made  as  to  whether  a  label  bearing  a  dis- 
tance  shorter  than  the  distance  obtained  so  far  under 
the  condition  "m  >  dist  (X,  Yj)  has  been  found  (step 
24). 

Third,  when  a  label  bearing  a  shorter  distance  is 
found,  its  label  number,  j,  is  set  to  1  for  the  time  being 
(step  25).  When  no  such  label  is  found,  the  label  num- 
ber,  j,  remains  as  it  is,  and  checks  are  run  sequentially 

through  the  codebook  up  to  the  last  label  number,  R, 
(step  22)  by  incrementing  j  by  one  to  see  if  there  is  a 
label  bearing  a  still  shorterdistance  (step  26).  Finally, 
the  label  number  of  the  label  bearing  the  shortest  dis- 

5  tance,  that  is,  the  label  number  of  one  most  like  the 
input  feature  value,  X,  among  the  feature  volume  lab- 
eled  in  the  codebook  is  outputted  as  an  observed  lab- 
el  (label  number)  1  (step  23). 

Referring  again  to  Figure  1,  a  label  sequence  of 
10  a  plurality  of  labels,  outputted  for  each  frame  from  the 

labeler  8  corresponds  to  a  phoneme,  and  an  aggre- 
gate  label  sequence  of  some  label  sequences  corre- 
sponding  to  such  phonemes  corresponds  to  an  input 
speech  word.  This  label  sequence  corresponding  to 

15  a  word  is  fed  through  a  switcher  10  to  either  the  pho- 
nemic  allophone  baseform  creator  14,  model  parame- 
ter  estimator  15,  or  recognizer  16. 

Again,  in  this  embodiment,  speech  models  are 
presupposed  to  output  label  sequences  and  therefore 

20  input  speech  is  transformed  into  a  label  sequence. 
However,  speech  models  may  be  presupposed  to  out- 
put  feature  vector  sequences,  in  which  case  the  fea- 
ture  values  obtained  by  a  feature  analysis  of  speech 
as  an  object  of  recognition  are  fed  to  the  recognizer 

25  16  without  undergoing  label  transformation. 
When  a  phonemic  allophone  baseform  is  creat- 

ed,  the  switcher  10  is  switched  to  the  phonemic  allo- 
phone  baseform  creator  14;  a  label  sequence  is  fed 
to  the  phonemic  allophone  baseform  creator  14;  and 

30  an  phonemic  allophone  baseform  table  17  is  created 
by  reference  to  the  word  pronunciation  dictionary  11 
for  allophone  baseform  creation  and  the  output  of  the 
feature  extractor  4.  The  operation  of  the  phonemic  al- 
lophone  baseform  creator  14  will  be  detailed  later 

35  with  reference  to  Figure  5. 
When  the  parameters  of  a  Markov  model  are  es- 

timated,  the  switcher  10  is  switched  to  the  model 
parameter  estimator  15;  the  model  parameter  estima- 
tor  15  trains  the  model  by  reference  to  the  label  se- 

40  quence,  the  phonemic  allophone  baseform  table  17 
and  the  training  word  pronunciation  dictionary  12; 
and  determines  the  parameter  values  (the  parame- 
ters  of  phonemic  Markov  models  and  a  bigram)  in  the 
parameter  table  18.  The  operation  of  the  model  para- 

45  meter  estimator  will  be  detailed  laterwith  reference  to 
Figure  6  and  8. 

When  speech  is  recognized,  the  switcher  10 
switches  to  the  recognizer  16  and  the  switcher  1  3  rec- 
ognizes  input  speech  according  to  an  input  label  se- 

50  quence,  the  phonemic  allophone  baseform  table  17, 
the  parameter  table  1  8,  and  the  pronunciation  diction- 
ary  1  3  of  words  to  be  recognized.  The  operation  of  the 
recognizer  16  will  be  detailed  laterwith  reference  to 
Figures  7  and  8.  The  output  of  the  recognizer  16  is  fed 

55  to  a  workstation  1  9,  where  the  words  thus  recognized 
are  displayed  on  its  display,  for  example. 

In  addition,  all  devices  otherthan  the  microphone 
1,  amplifier  2,  A/D  converter  3,  and  display  16  shown 

4 



7 EP  0  590  925  A1 8 

in  Figure  1  are  implemented  as  software  on  the  work- 
station. 

Figure  3  shows  the  structure  of  a  phonemic  HMM 
used  in  this  embodiment.  The  nodes  drawn  as  circles 
in  this  drawing  represent  states.  The  state  transition 
3  drawn  as  a  chained  line  is  a  null  transition  causing 
no  label  output. 

In  this  embodiment,  128  such  phonemic  HMMs 
with  corresponding  label  numbers  are  provided.  The 
respective  phonemic  HMMs  are  assigned  such  occur- 
rence  probabilities  as  shown  in  Figure  4(a)  corre- 
sponding  to  the  respective  state  transitions  1  ,2  and  3 
shown  in  Figure  3.  Moreover,  128  types  of  phonemic 
HMMs  are  respectively  assigned  such  probabilities  of 
outputting  128  types  of  labels  as  shown  in  Figure  4(b). 
The  parameters  of  these  phonemic  HMMs  are  re- 
tained  in  the  parameter  table  18. 

In  this  embodiment,  phonemic  HMMs  corre- 
sponding  to  allophones  of  each  phoneme  are  intro- 
duced  into  the  composition  of  speech  models  in  word 
units  and  such  phonemic  HMMs  of  phonemes  inclu- 
sive  of  allophones  are  concatenated  in  parallel  in  cor- 
respondence  to  list  of  phonemes  along  words  so  as 
to  cope  with  fluctuations  due  to  phonemic  transfor- 
mations  in  word  pronunciation.  A  bigram  among  pho- 
nemic  HMMs  restricting  the  concatenation  of  pho- 
nemic  HMMs  of  phonemes  inclusive  of  such  allo- 
phones  is  also  retained  to  represent  the  occurrence 
probabilities  of  allophones  of  subsequent  phonemes 
under  the  conditions  of  the  allophones  of  preceding 
phonemes  in  a  word  in  the  parameter  table  18. 

In  this  embodiment,  only  the  concatenation  of  al- 
lophones  is  restricted  and  the  probabilities  of  pho- 
nemic  combinations  are  presupposed  to  be  the  same 
among  all  phonemes.  For  instance,  in  the  occurrence 
probability  of  the  said  pair, 
Pr(A(p(j),m)|A(p(j-1),n)) 
=  Pr(m  |  p(j),A(p(j-1)-n))Pr(p(j)  I  A(P(j-1),n)) 
=  Pr(m  |  p(j),A(p(j-1)-n))Pr(p(j)  I  p(j-1)) 
the  inter-phonemic  bigram  "Pr(p(j)  I  p(j-1))"  is  as- 
sumed  to  be  always  constant  with  respect  to  all  pho- 
nemes.  This  invention  allows  inclusion  of  such  an  in- 
ter-phonemic  bigram,  in  which  case  it  is  necessary  to 
prepare  a  considerably  large  amount  of  learning  data 
for  the  compilation  of  each  dictionary. 

Also,  this  invention  allows  composition  of  a 
speech  model  without  imposing  an  N-gram  restric- 
tion,  or  by  omitting  such  parameters  as  shown  in  Fig- 
ure  4(c)  (parameter  table)  on  the  assumption  N  =  1. 
In  this  case  as  well,  it  is  possible  to  achieve  the  in- 
tended  object  of  this  invention,  that  is,  the  materiali- 
zation  of  a  speech  recognizer  expressing  phonetic 
transformations  and  a  reduction  in  storage  capacity 
for  models. 

With  regard  to  the  word  "KASA",  for  instance, 
there  are  some  speech  transformation  candidates 
standing  in  an  allophonetic  relation  to  each  other;  eg: 
K1  and  K2  to  phoneme  K;  Al  and  A2  to  phoneme  A; 

S1,  S2,  and  S3  to  phoneme  S.  Aspeech  model  forthe 
word  "KASA"  is  composed  by  concatenating  in  paral- 
lel  phonemic  HMMs  corresponding  to  these  speech 
transformation  candidates  according  to  the  occur- 

5  rence  probability  of  a  bigram.  The  parameter  table  18 
retains  the  probability  of  an  allophone  occurring  con- 
tinuous  to  the  immediately  preceding  phoneme 
(speech  transformation  candidate)  for  each  phoneme 
(speech  transformation  candidate)  in  the  word. 

10  Again,  in  this  embodiment,  because  the  inter- 
phonemic  bigram  is  assumed  to  be  constant  with  re- 
spect  to  all  phonemes,  the  probability  of  IN  follow- 
ing  IKI  as  well  is  presupposed  to  be  the  same  as  that 
of  /I/  following  IKI. 

15  The  speech  recognizer  in  said  arrangement  per- 
forms  three  major  operations:  creation  of  phonemic 
allophone  baseforms;  estimation  of  model  parame- 
ters;  and  speech  recognition.  The  first  two  operations 
are  preparatory  ones  for  speech  recognition.  These 

20  operations  are  inputted  as  described  in  the  word  pro- 
nunciation  dictionary  13. 

Phonemic  allophone  baseforms  are  created  by 
the  above-mentioned  phonemic  allophone  baseform 
creator  14  in  the  procedure  shown  in  Figure  5. 

25  First,  word  speech  inputted  through  the  micro- 
phones  1  is  transformed  into  an  input  label  sequence 
by  the  labeler  8  for  phonemic  allophone  baseform 
creation.  This  input  label  sequence  is  then  fed  from 
the  switcher  10  to  the  phonemic  allophone  baseform 

30  creator  14.  This  input  label  sequence  is  partitioned 
into  phonemic  units  by  reference  to  the  word  pronun- 
ciation  dictionary  11  for  phonemic  allophone  base- 
form  creation  in  which  the  phonemic  sequence  of  the 
input  word  pronunciation  is  transcribed  (step  27).  On 

35  this  occasion,  the  variation  volumes  of  the  feature 
volumes  outputted  from  the  feature  extractor  4  are 
used  for  the  determination  of  phonemic  boundaries. 
This  operation  is  performed  on  all  word  speech  for 
phonemic  allophone  baseform  creation.  All  input  label 

40  sequences  are  thus  partitioned  and  classified  ac- 
cording  to  phonemes. 

The  label  sequences  forthe  segments  classified 
into  phonemes  (p)  are  all  incorporated  (step  28).  Clus- 
tering  is  carried  out  for  each  phoneme  by  use  of  this 

45  data,  and  labels  representative  of  the  respective 
classes  are  selected  (step  29  and  step  30).  As  a  re- 
sult,  the  label  sequences  of  all  allophone  candidates 
(speech  transformation  candidates)  are  obtained. 

The  distance  between  labels  for  use  during  clus- 
50  tering  is  defined  by  use  of  the  likelihood  of  a  model, 

considering  one  as  a  phonemic  Markov  phoneme 
baseform  and  the  other  as  an  input  label  sequence. 
On  this  occasion,  the  parameters  of  the  phonemic 
Markov  models  are  used  only  as  parameter  volumes 

55  already  trained  in  word  pronunciation  or  as  initial  val- 
ues. 

The  representative  label  sequences  of  speech 
transformation  candidates  obtained  for  each  pho- 

5 
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neme  are  recorded  as  phonemic  allophone  base- 
forms  in  the  phonemic  allophone  baseform  table  17 
(step  31).  The  above-described  series  of  processing 
is  performed  on  all  phonemes  included  in  the  inputted 
word  speech  (step  32)  and  then  the  creation  of  the 
phonemic  allophone  baseform  table  17  is  terminated. 

Thus,  the  label  sequences  of  the  speech  trans- 
formation  candidates  (allophones)  for  each  phoneme 
are  stored  in  the  phonemic  allophone  baseform  table 
1  7  created  above. 

Furthermore,  when  speech  recognition  is  carried 
out  by  use  of  phonemic  HMMs  as  in  this  embodiment, 
although  recognition  is  carried  out  based  on  either 
the  label  sequence  or  the  feature  vector  sequence, 
because  phonemic  HMMs  are  models  in  label  units. 
It  is  necessary  to  use  phonemic  allophone  base  forms 
as  label  sequences.  On  the  other  hand,  because  un- 
like  phonemic  HMMs,  other  types  of  HMM  do  not 
compose  model  sequences  on  the  basis  of  label  se- 
quences,  the  allophone  baseform  table  17  retains 
HMMs  for  each  speech  transformation  candidates  (al- 
lophone). 

Model  parameter  estimation  is  carried  out  to  mod- 
ify  (train)  the  parameters  of  phonemic  HMMs  them- 
selves  as  shown  in  Figure  4(a)  and  4(b)  and  the  para- 
meters  of  an  inter-phonemic  bigram  as  shown  in  Fig- 
ure  4(c)  so  as  to  facilitate  output  of  words  to  be  rec- 
ognized,  and  is  carried  out  by  the  above-mentioned 
model  parameter  estimator  15  in  the  procedure 
shown  in  Figure  6. 

First,  the  parameter  table  18  is  initialized  (step 
33).  On  this  occasion,  already  trained  parameters 
may  be  used  as  initial  values. 

Next,  the  label  sequence  of  training  word  speech 
("KASA"  for  example)  is  fetched  through  the  switcher 
10  (step  34).  A  word  speech  model,  as  shown  in  Fig- 
ure  8,  corresponding  to  this  training  word  speech  is 
composed  by  reference  to  the  training  word  pronun- 
ciation  dictionary  12,  phonemic  allophone  baseform 
table  17,  and  parameter  table  18  (step  35),  and  then 
the  parameters  of  each  phonemic  HMM  and  an  inter- 
phonemic  bigram  are  determined  by  performing  for- 
ward-backward  calculations  (step  36). 

After  these  calculations  are  performed  on  all 
training  word  speech  data  (step  37),  the  parameters 
of  all  phonemic  HMMs  and  the  bigram  are  estimated 
by  maximum  likelihood  estimation  by  use  of  the  re- 
sults  of  these  calculations  (step  38),  and  the  parame- 
ter  table  18  is  updated  with  the  resulting  parameters. 

Then  the  above-described  series  of  processes 
(steps  34  to  38)  is  repeated  as  many  times  as  prescri- 
bed,  e.g.,  five  times  by  reference  to  the  newly  estimat- 
ed  parameter  table  18,  and  then  model  parameter  es- 
timation  is  terminated  (step  39). 

Input  speech  recognition  is  carried  out  by  the  rec- 
ognizer  16  in  the  procedure  shown  in  figure  7. 

First,  the  input  label  sequence  of  word  speech  to 
be  recognized  is  read  through  the  switcher  10  (step 

40).  Next  a  word  speech  model  as  shown  in  Figure  8 
is  composed  by  reference  to  the  word  pronunciation 
dictionary  13  containing  a  plurality  of  candidate  words 
to  be  recognized,  the  phonemic  allophone  baseform 

5  table  17,  and  the  parameter  table  18  (step  41).  The 
likelihood  of  the  word  speech  model  to  output  said  in- 
put  label  sequence  is  determined  by  performing  for- 
ward  calculations  (step  42). 

Again  a  Viterbi  algorithm  may  be  used  to  deter- 
10  mine  the  likelihood. 

Said  processing  series  is  performed  on  all  the 
candidate  words  in  the  word  pronunciation  dictionary 
13  (step  43).  A  candidate  word  corresponding  to  the 
model  providing  the  greatest  likelihood  among  the 

15  word  speech  models  in  said  process  output  as  the  re- 
sult  of  the  recognition  to  the  display  19  (step  44)  and 
is  displayed  on  the  display  screen. 

Although  in  the  above  described  embodiment,  an 
example  of  a  speech  model  composed  under  the  re- 

20  striction  of  a  bigram  of  phonemic  HMMs  has  been  ex- 
plained  with  respect  to  word  units  as  objects  of  rec- 
ognition  with  consideration  for  allophones  of  phonem- 
ic  units,  this  invention  is  not  limited  in  scope  to  this  ex- 
ample  but  can  assume  various  embodiments. 

25  Objects  of  recognition  are  not  limited  to  words  but 
may  also  be  phrases  or  sentences.  An  object  of  rec- 
ognition  may  be  set  as  a  unit  of  processing  at  will  ac- 
cording  to  purposes. 

Also,  units  of  speech  transformation  candidates 
30  (allophones)  transformed  as  speech  may  be  syllables 

and  CVC.  Other  components  composing  words  to  be 
recognized,  may  be  optionally  set  in  accordance  with 
various  conditions. 

Also,  HMMs  are  not  limited  to  ones  of  the  pho- 
35  nemic  type  but  may  also  be  ones  of  t  he  phonetic  type. 

Again,  HMMs  may  be  joined  together  under  the  re- 
striction  of  either  a  bigram  or  various  N-grams  (N  =  an 
integer  greater  than  or  equal  to  3). 

40  Advantages  of  the  invention 

As  has  been  described  so  far,  this  invention  en- 
ables  the  efficient  materialization  of  a  speech  recog- 
nizer  expressing  various  phonetic  transformations, 

45  e.g.,  allophones,  caused  by  pronunciation  by  combin- 
ing  HMMs  under  the  restriction  of  an  N-gram. 

Also,  this  invention  enables  variations  in  each 
speaker's  pronunciation  to  be  suppressed  under  an 
N-gram  of  allophones  restriction  so,  unlike  the  meth- 

50  od  of  joining  HMMs  in  series,  this  invention  makes  it 
possible  to  avoid  each  HMM  involving  every  speak- 
er's  pronunciational  variations  even  for  the  recogni- 
tion  of  an  unspecif  ic  speaker's  speech. 

Moreover,  speech  models  of  this  invention  allow 
55  themselves  to  be  retained  in  component  HMMs  and 

hence  these  HMMs  can  also  be  used  for  composition 
of  various  speech  models.  Again,  speech  models  ac- 
cording  to  this  invention  enable  a  sharp  reduction  of 

6 
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storage  space  for  models  as  against  the  mode  such 
that  speech  models  are  prepared  in  word  units. 

Furthermore,  this  invention  enables  the  parame- 
ters  of  an  N-gram  to  be  trained  efficiently.  When  pho- 
nemic  HMMs  are  used,  those  parameters  have  many 
opportunities  to  receive  training  by  various  sorts  of 
training  speech.  Hence,  optimum  parameters  are  set 
even  if  training  is  not  frequent. 

Claims 

1.  A  speech  recognizer  comprising: 
means  for  analyzing  a  word  inputted  as 

speech  for  its  features  and  thus  obtaining  a  label 
sequence  or  feature  vector  sequence  corre- 
sponding  to  said  word; 

means  for  retaining  hidden  Markov  mod- 
els  respectively  for  each  speech  transformation 
candidate  through  which  the  subwords  compris- 
ing  a  word  are  made  transformable  as  in  speech; 

dictionary  means  for  retaining  a  plurality  of 
candidate  words  to  be  recognized; 

means  for  composing  a  speech  model  by 
concatenating  in  parallel  hidden  Markov  models 
for  each  speech  transformation  candidate  among 
subwords  in  correspondence  to  a  candidate 
word; 

means  for  determining  the  probability  of  a 
speech  model  composed  with  regard  to  each 
candidate  word  outputting  the  label  sequence  or 
feature  vector  sequence  of  said  word  inputted  as 
speech,  and  for  outputting  a  candidate  word  cor- 
responding  to  the  speech  model  of  highest  prob- 
ability  as  a  result  of  recognition. 

2.  A  speech  recognizer  according  to  claim  1  where- 
in: 

said  hidden  Markov  models  are  phonemic 
hidden  Markov  models. 

retaining  a  plurality  of  candidate  words  to 
be  recognized; 

analyzing  a  word  inputted  as  speech  for  its 
features  and  obtaining  a  label  sequence  or  fea- 

5  ture  vector  sequence  corresponding  to  the  word 
concerned; 

applying  hidden  Markov  models  to  each 
speech  transformation  candidate  in  correspon- 
dence  to  said  candidate  words; 

10  concatenating  said  hidden  Markov  models 
for  each  of  these  speech  transformation  candi- 
dates  in  parallel  among  the  subwords  to  compose 
a  speech  model; 

determining  the  probability  of  a  speech 
15  model  composed  with  regard  to  each  candidate 

word  outputting  the  label  sequence  or  feature 
vector  sequence  of  said  word  inputted  as  speech, 
and  outputting  a  candidate  word  corresponding 
to  the  speech  model  of  the  highest  probability  as 

20  a  result  of  recognition. 

5.  A  method  according  to  claim  4  including  giving  to 
each  transformation  candidate  an  N-gram  rela- 
tion  (N  =  an  integer  greater  than  or  equal  to  2) 

25  with  the  speech  transformation  candidates  of 
other  preceding  subwords  in  the  word  and  apply- 
ing  said  hidden  Markov  models  to  each  speech 
transformation  in  dependence  on  said  N-gram  re- 
lation. 

30 

35 

3.  Aspeech  recognizer  according  to  claim  1  or  claim 
2  wherein: 

the  subwords  of  a  word  are  made  trans- 
formable  as  in  speech  by  giving  thereto  an  N-  45 
gram  relation  (N  =  an  integer  greater  than  or 
equal  to  2)  with  the  speech  transformation  can- 
didates  of  other  preceding  subwords  in  the  word; 

said  hidden  Markov  models  being  concat- 
enated  in  parallel  among  the  subwords  in  de-  so 
pendence  on  said  N-gram  relation. 

4.  A  method  of  speech  recognition  comprising  the 
steps  of: 

retaining  hidden  Markov  models  for  each  55 
speech  transformation  candidate,  through  which 
the  subwords  of  a  word  are  made  transformable 
as  in  speech; 

7 
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