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ascription 

This  invention  relates  to  apparatus  for  and 
lethods  of  masking  the  intelligibility  of  voice 
ignals. 
The  effort  expended  in  searching  for  effective 

ecure  voice  communication  techniques  has  been 
onsiderable,  especially  in  recent  years.  For 
xample,  many  analog  secure  voice  techniques, 
r  speech  scramblers,  have  been  proposed  and 
widely  discussed.  See,  for  example,  N.  S.  Jayant 
t  al.  "A  Comparison  of  Four  Methods  for  Analog 
ipeech  Privacy",  IEEE  Trans.  Comm.,  Vol.  COM- 
:9,  No.  1,  January  1981,  and  references  cited 
herein.  There  is,  however,  a  general  consensus 
hat  digital  encryption  techniques,  such  as 
lescribed  in  W.  Diffie  and  M.  E.  Hellamn,  "Privacy 
ind  Authentication:  An  Introduction  to  Cryptogra- 
>hy".  Proceedings  IEEE,  Vol.  67,  pp.  397—427, 
i/latch  1979,  are  more  effective  from  the  cryp- 
analytical  point  of  view.  That  is,  they  provide 
nuch  greater  security  from  either  casual  or  inten- 
ional  eavesdropping.  A  fundamental  drawback  of 
iigital  encryption,  however,  is  that  toll  quality 
ransmission  of  encrypted  speech  cannot  be 
thieved  at  the  data  rates  afforded  by  current 
/oice  band  data  technology.  At  best,  only  "ade- 
quate"  speech  quality  can  be  achieved. 

The  present  invention  seeks  to  provide  a 
nethod  and  apparatus  which  enable  the  trans- 
nission  of  voice  signals  over  voiceband  channels 
with  a  high  degree  of  security  and  with  a  voice 
quality  that  has  been  heretofore  achieved  only 
with  channels  of  substantially  greater  bandwidth. 

According  to  one  aspect  of  this  invention  there 
is  provided  apparatus  as  claimed  in  claim  1. 

According  to  another  aspect  of  this  invention 
there  is  provided  a  method  as  claimed  in  claim  4. 

In  one  embodiment,  as  in  techniques  known  in 
the  prior  art  (e.g.  USA  patent  No.  4330689),  the 
voice  signal  is  divided  into  two  components  —  the 
vocal  tract  response  and  the  excitation  signal.  In 
the  prior  art,  however,  both  the  vocal  track 
response  and  the  excitation  signal  are  conveyed 
over  the  transmission  channel  via  signals  in 
which  the  vocal  tract  response  information  and 
excitation  signal  information  are  both  repre- 
sented  in  digtial  form.  In  the  present  invention,  by 
contrast,  the  excitation  signal  is  conveyed  via 
information  represented  in  the  transmitted  signal 
in  continuous  form. 

Preferably  the  excitation  signal  is  scrambled, 
and  any  intelligibility  remaining  in  the  scrambled 
excitation  signal  is  masked  by  filtering  same 
using  an  arbitrary  vocal  track  response  selected 
from  a  predetermined  codebook  as  a  function  of 
the  vocal  tract  response. 

The  invention  will  now  be  described  by  way  of 
example  with  reference  to  the  accompanying 
drawings,  in  which: 

Fig.  1  is  a  block  diagram  of  a  transmitter  for 
voice  signals  embodying  the  invention;  and 

Fig.  2  is  a  block  diagram  of  a  receiver  for  voice 
signals  embodying  the  invention. 

Referring  now  to  Fig.  1,  a  continuous  voice 

signal  vrtj,  wnicn  is  to  ue  enurypieu  <anu  uai  minu- 
ted  to  the  receiver  of  Fig.  2  via  a  voiceband 
telephone  channel  65  is  received  on  lead  9  and 
applied  to  A/D  converter  10.  The  latter  generates 

;  on  lead  1  1  1  2-bit  digital  voice  samples  at  a  rate  of 
8  KHz,  which  it  applies  to  speech  separator  20. 

Speech  can  be  modelled  as  the  output  of  a 
linear  system  in  which  a  vocal  tract  response,  in 
the  form  of  an  all-pole  filter,  is  driven  by  an 

o  excitation  signal—  hereinafter  also  referred  to 
simply  as  the  "excitation"—  that  has  essentially  a 
flat  spectral  envelope,  and  speech  separator  20 
operates  on  the  basis  of  this  characterization.  In 
particular,  speech  separator  20  processes  the 

s  voice  signals  in  20  ms  frames  each  comprising 
N=160  voice  samples,  the  N  samples  of  the  mth 
frame  being  represented  as  a  vector  v(m),  to 
generate  signals  representing,  or  indicative  of, 
the  vocal  tract  response  and  excitation  signal  for 

o  each  voice  sample  frame. 
More  specifically,  speech  separator  20  includes 

an  analysis/search  circuit  21  and  an  autocorrela- 
tion  codebook  22.  The  codebook,  which  is  illustra- 
tively  realized  as  a  read-only  memory  (ROM), 

(5  contains  1024  vectors  />  j=1,  2,...1024,  of  length 
eleven.  Each  of  these  vectors  comprises  the  auto- 
correlation  of  a  different  possible  speech  sound  of 
20  ms  duration  and,  in  the  aggregate,  the  1024 
vectors  reasonably  well  encompass  the  autocor- 

w  relations  of  all  possible  20  ms  segments  of  human 
speech.  A  technique  for  generating  codebook  22 
is  described,  for  example,  in  B.  Juang  et  al, 
"Distortion  Performance  of  Vector  Quantization 
for  LPC  Voice  Coding,"  IEEE  Trans.  Acoustics, 

35  Speed  and  Signal  Processing,  Vol.  ASSP-30,  No. 
2,  April,  1982,  pp.  294—304,  hereby  incorporated 
by  reference. 

Analysis/search  circuit  21  calculates  for  the  mth 
voice  sample  frame,  v(m),  an  autocorrelation 

to  vector  rv(m)  of  length  eleven.  It  then  uses  vector 
quantization  such  as  described  in  A.  Buzo  et  al, 
"Speech  Coding  Based  Upon  Vector  Quantiza- 
tion,"  IEEE  Trans.  Acoustics,  Speed  and  Signal 
Processing.  Vol.  ASSP-28,  No.  5,  Oct.  1980,  pp. 

45  562—574,  hereby  incorporated  by  reference,  to 
determine  which  entry  within  codebook  22  most 
closely  matches  the  autocorrelation  vector  just 
generated.  Circuit  21  then  generates  an  index 
identifying  that  vector,  the  index  generated  for 

so  the  mth  voice  sample  frame  being  denoted  i(m). 
Analysis/search  circuit  21  illustratively  com- 

prises  two  microprocessors,  one  of  which  gener- 
ates  rv(m)  and  the  other  of  which  searches  the 
codebook  for  the  closest  match.  Use  of  two 

55  microprocessors  is  desirable,  given  current 
microprocessor  technology,  in  order  to  perform 
all  the  required  processing  in  real  time.  Both  steps 
can,  however,  be  performed  by  a  single  micro- 
processor  if  its  processing  speed  is  sufficiently 

60  fast. 
Each  vector  of  autocorrelation  terms  rjr  j=1, 

2,...1024,  in  codebook  22  has  a  corresponding 
vocal  tract  response,  which  can  be  expressed  as  a 
vector  3j  whose  components  are  the  coefficients 

65  of  the  above-mentioned  speech  model  all-pole 

z 
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ter.  In  particular,  the  relationsnip  oetween  ine 
s  and  the  s/s  is  established  by  a  set  of  linear 
Rations,  known  as  the  normal  equations  or 
jie-Walker  equations  see  J.  Makhoul,  "Linear 
ediction:  A  Tutorial  Review",  Proceedings  IEEE 
?,  pp.  561—580,  1975.  Thus  the  value  of  index 
n)  can  be  understood  as  identifying  not  only  a 
articular  autocorrelation  vector  rl(m),  but  also  a 
articular  vocal  track  response  a,(m). 
The  vocal  tract  response  information  repre- 
ssed  by  the  stream  of  indices  i(m),  m=0,  1,  2,..., 
applied  within  speech  separator  20  to  all-zero 

igital  filter  23.  The  latter  is  illustratively  realized 
3  another  microprocessor  and  has  an  associated 
sad-only  memory  codebook  24.  This  codebook 
antains  the  aforementioned  vocal  tract  response 
ectors  3j,  j=1,  2,...,1024.  As  each  index  i(m)  is 
pplied  to  filter  23,  the  vector  am)  is  retrieved 
om  codebook  24  and  the  components  of  the 
ector  are  used  as  the  filter  coefficients  to  filter 
oice  sample  frame  v(m).  The  output  of  filter  23  is 
frame  of  N  samples,  these  being  samples  of  that 
ortion  of  the  aforementioned  excitation  signal 
ssociated  with  the  mth  voice  sample  frame  v(m). 
i  particular,  the  m,h  such  frame  of  excitation 
ignal  samples  is  represented  by  the  vector  e(m) 
nd  is  hereinafter  referred  to  as  an  excitation 
rame. 

In  addition  to  being  applied  to  filter  23,  the 
ocal  tract  response  information  represented  by 
he  stream  of  indices  i(m),  m=0,  1,  2,...,  is  also 
ipplied,  as  in  the  prior  art,  to  encryption  circuit  31 
o  form  a  stream  of  encrypted  indices  k(m),  m=0, 
,  2,...,.  Circuit  31  is  illustratively  an  off-the-shelf 
iomponent  which  implements  thee  onventional 
)ata  Encryption  Standard  utilizing  a  selected 
sncryption  key,  denominated  KEY1. 

In  the  prior  art,  the  excitation  signal,  or  infor- 
nation  derived  therefrom—  such  as  an  encrypted 
version  of  samples  of  the  excitation  signal—  is 
epresented  in  the  transmitted  signal  in  digital 
orm  by  transmitting  the  values  of  those 
jncrypted  samples.  In  accordance  with  the 
jresent  invention,  by  contrast,  the  excitation 
signal,  or  information  derived  therefrom,  is  repre- 
sented  in  the  transmitted  signal  in  continuous 
:orm.  (Although  in  the  prior  art  the  excitation 
signal  samples  may  be  applied  to  a  continuous,  or 
analog,  carrier,  the  information  itself  is  still  repre- 
sented  digitally,  i.e.  in  the  form  of  discrete  rather 
than  continuous,  carrier  signal  changes).  Thus  the 
invention  enables  the  vocal  tract  response  infor- 
mation  and  excitation  information  to  be  transmit- 
ted  together  over  a  voiceband  telephone  channel, 
or  other  limited-bandwidth  channel,  with  sub- 
stantially  better  voice  quality  than  has  been 
heretofore  achieved  over  a  channel  of  like  band- 
width  using  the  prior  art  all-digital  approach. 

In  particular,  a  scrambled  excitation  frame  e(m) 
is  generated  in  response  to  excitation  frame  e(m) 
by  scrambler  35  at  the  same  time  that  encrypted 
index  k(m)  is  being  generated.  (Scrambler  35  may 
be  any  known  type  of  circuit  for  scrambling 
analog  signal  samples).  Preferably  the  scrambled 
excitation  frame  e(m)  is  further  processed  in  an 

mask  any  intelligibility  remaining  therein.  For  the 
present,  however,  it  suffices  to  concentrate  on  the 
output  of  filter  40. 

In  particular,  the  output  of  filter  40  is  a  frame  of 
N  samples  v'(m)  representing  a  scrambled  and 
filtered  version  of  the  excitation  frame  e(m).  As 
the  result  of  the  operation  of  the  conventional 
anti-aliasing  filter  (not  shown)  in  AID  converter 

i  10,  scrambled/filtered  excitation  frame  V(m)  has  a 
baseband  spectrum  that,  in  this  system,  extends 
from  about  300  Hz  to  about  3000  Hz.  This  leaves  a 
window  at  the  top  of  the  telephone  voiceband 
spectrum  of  about  200  Hz—  from  about  3100  Hz  to 

?  about  3300  Hz.  A  frame  of  N  samples  d(m) 
representing  the  encrypted  index  k(m)  and  having 
its  spectrum  within  that  window  is  generated  Jsy  a 
modulator  50,  and  is  combined  with  frame  C^m) 
in  an  adder  55.  In  this  way,  the  vocal  tract 

?  response  information  and  the  excitation  signal 
information  are  frequency-division  multiplexed 
into  the  voiceband  telephone  bandwidth  of 
300—3300  Hz.  The  output  of  adder  55  is  converted 
to  analog  form  by  D/A  converter  60,  whose  output 

5  signal,  V(t)+d(t),  carries  continuous  excitation 
signal  information  as  well  as  the  digital  vocal  tract 
response  information.  The  signal  V(t)+d(t)  is 
applied  to  channel  65. 

As  -previously  noted,  scrambled  excitation 
o  frame  e(m)  is  processed  in  all-pole  filter  40  to 

mask  any  intelligibility  remaining  therein. 
In  particular,  a  second  encrypted  version  of  the 

index  i(m),  denoted  p(m),  is  generated  by 
applying  encrypted  index  k(m)  to  a  second  encry- 

5  ption  circuit  32.  The  latter  is  illustratively  identical 
to  encryption  circuit  31  but  utilizes  a  different 
encryption  key,  denominated  KEY2.  Encrypted 
index  p(m)  is  then  used  to  address  a  secondary 
vocal  tract  response  codebook  having  vector 

to  entries  a{,  j=1,  2,...1024.  Codebook  45  may  be 
identical  to  codebook  24,  or,  it  may  have  the  same 
sentries  as  codebook  24,  but  in  a  different  order; 
or  it  may  have  totally  different  entries  which  have 
been  generated  in  any  arbitrary  way.  In  any  case, 

w  the  p(m),h  entry  of  codebook  45  is  applied  to  all- 
pole  filter  40.  The  latter  generates  frame  v'(m)  by 
filtering  scrambled  excitation  frame  e(m)  using 
the  components  of  a'p(m)  as  the  filter  coefficients. 
With  such  processing,  it  is  as  though  the 

50  speaker's  excitation,  i.e.,  modulated  airflow,  were 
being  passed  through,  and  thus  filtered  by,  a 
wholly  random  vocal  tract  whose  changes  from 
one  frame  to  the  next  are  also  wholly  arbitrary 
and  bear  no  relationship  to  the  way  in  which  vocal 

55  tract  actually  changed—  or,  in  fact,  could  have 
changed—  in  successive  frames.  However,  since 
the  filter  characteristic  defined  by  vector  ap(m)  is  a 
function,  ultimately,  of  encrypted  index  k(m),  then 
scrambled  excitation  frame  e(m)  will  be  able  to  be 

60  recovered  from  frame  fr(m)  in  the  receiver  once 
encrypted  index  k(m)  has  been  recovered  therein. 

As  shown  in  Fig.  2,  the  signal  received  from 
channel  65  is  the  transmitted  signal  V(t)+d(t)  (To 
facilitate  the  present  description,  the  signals  in 

65  the  receiver  of  Fig.  2  bear  the  same  designation  as 
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the  corresponding  signals  in  the  transmitter,  even 
though  there  inevitably  will  have  been  at  least 
some  distortion  induced  by  the  channel  so  that, 
strictly  speaking,  the  transmitted  and  received 
signals  are  not  the  same).  The  signal  V(t)+d(t)  is 
converted  to  12-bit  digital  form  at  an  8  KHz  rate  by 
A/D  converter  160  to  provide  the  sampled  signal 
V'frrO+cflm).  The  sampled  signal,  in  turn,  is 
applied  to  demodulator  150  which  operates  on 
that  portion  of  the  signal  whose  spectrum  lies  in 
the  range  3100—3300  Hz  to  a)  recover  encrypted 
index  k(m)  and  provide  it  on  lead  152,  and  b) 
extract  frame  d\m)  and  provide  the  samples 
which  comprise  it  on  lead  151.  The  latter  extends 
to  the  subtrahend  input  of  a  subtractor  155,  the 
minuend  input  of  which  receives  the  signal 
ty(m)+d(m).  The  output  of  subtractor  155  is  thus 
scrambled/filtered  excitation  frame  O'dn). 

At  the  same  time,  encrypted  index  k(m)  is 
applied  to  encryption  circuit  132,  which  is  illustra- 
tively  identical  to,  and  uses  the  same  encryption 
key  as,  encryption  circuit  32  in  the  transmitter. 
The  output  of  encryption  circuit  132  is  thus 
encrypted  index  p(m),  which  is  used  as  an 
address  for  secondary  vocal  tract  response 
codebook  145.  Codebook  145,  more  particularly, 
is  identical  to  codebook  45  in  the  transmitter. 
Thus,  the  p(m),h  entry  in  codebook  145  is  the 
same  vocal  tract  response  vector  a'p(m)  whose 
components  were  used  in  the  transmitter  as  the 
coefficients  of  all-pole  filter  40  to  generate  frame 
fr(m)  from  scrambled  excitation  frame  e(m).  In  the 
receiver,  however,  the  inverse  of  that  filtering  is 
performed.  That  is,  the  components  of  vector  aj(m) 
are  used  as  the  filter  coefficients  of  an  all-zero 
filter  140,  which  filters  frame  S(m)  to  provide 
scrambled  excitation  frame  e(m).  The  latter  is 
then  descrambled  in  descrambler  135  to  recover 
excitation  frame  e(m). 

Meanwhile,  encrypted  index  k(m)  is  also 
applied  to  decryption  circuit  (3)  which  decrypts 
k(m)  using  the  key  KEY1  to  recover  index  i(m). 
The  latter  is  then  used  as  an  address  for  vocal 
tract  response  codebook  124.  Codebook  124, 
more  particularly,  is  identical  to  codebook  24  in 
the  transmitter.  Thus  the  i(m),h  entry  in  codebook 
124  is  the  same  vocal  tract  response  vector  ai(m) 
whose  components  were  used  in  the  transmitter 
as  the  coefficients  of  all-zero  filter  23  to  generate 
excitation  frame  e(m)  from  voice  sample  frame 
v(m).  Here  again,  however,  the  inverse  filtering  is 
performed.  That  is,  the  components  of  vector  ai(m) 
are  used  as  the  filter  coefficients  of  an  all-pole 
filter  123  which  filters  the  excitation  frame  e(m)  at 
the  output  of  descrambler  135  to  recover  voice 
sample  frame  v(m).  The  latter  is  then  converted 
back  to  analog  form  by  D/A  converter  110  to 
provide  the  original  continuous  voice  signal  V(t). 

The  foregoing  merely  illustrates  an  embodi- 
ment  of  the  invention.  For  example,  any  of 
various  schemes  could  be  used  in  the  receiver  to 
recover  at  least  a  portion  of  the  vocal  tract 
information  that  is  embedded  in  frame  V(m)  by 
virtue  of  the  filtering  performed  in  filter  40.  In 
devising  such  a  scheme,  account  must  be  taken  of 

the  fact  that,  as  a  result  of  noise  and  distortion  in 
the  channel,  it  may  not  be  possible  to  accurately 
recover  from  frame  ty{m)  all  the  bits  of  the  index 
that  was  used  to  generate  frame  V{m)  from  frame 

5  e(m).  Some  of  the  bits  thereof  can  be  accurately 
recovered,  however.  One  approach  would  be  to 
arrange  the  entries  in  codebook  45  in  the  trans- 
mitter  in  (say)  32  groups  each  corresponding  to 
that  group  of  values  of  encrypted  index  p(m) 

10  whose  five  most  significant  bits  are  the  same,  and 
with  the  members  of  each  group  of  entries  in  the 
codebook  being  as  far  away  from  one  another  in 
Euclidean  space  as  possible.  As  to  the  five  least 
significant  bits  of  each  encrypted  index,  they  can 

15  be  transmitted  in  digital  form  using  frequency 
division  multiplexing  as  described  above.  This 
approach  has  the  advantage  that  less  bandwidth 
will  be  required  to  transmit  the  digital  infor- 
mation.  It  is  also  advantageous  in  that  it  splits  up 

20  the  encrypted  index  information  into  two  parts, 
thereby  providing  enhanced  protection  against 
cryptanalysis. 

Other  variations  are  possible.  For  example,  for 
applications  in  which  a  lesser  degree  of  security  is 

25  adequate,  a  number  of  simplifications  to  the 
illustrative  embodiment  can  be  made.  For 
example,  the  various  vocal  tract  response 
codebooks  can  be  identical  to  one  another; 
encrypted  index  k(m),  rather  than  a  separate 

30  encrypted  index  p(m),  can  be  used  to  address 
codebook  45;  and  filtering  of  scrambled  excita- 
tion  frame  e(m)  can  be  eliminated.  In  an  even 
more  basic  implementation,  the  index  encryption 
and/or  scrambling  steps  can  also  be  eliminated. 

35  As  to  the  circuit  implementation,  it  will  be 
appreciated  that  a  number  of  the  components 
depicted  in  each  Fig.  as  separate  elements  can  be 
time-shared.  Indeed,  in  a  complete  transceiver 
embodying  the  invention,  various  components 

40  can  be  time-shared  between  the  transmitter  and 
receiver  sections  thereof. 

Claims 

45  1.  Apparatus  for  masking  the  intelligibility  of  a 
voice  signal  in  a  transmission  channel  (65), 
including  first  means  (21,  22,  31,  50,  55,  60)  for 
applying  to  the  transmission  channel  a  first  signal 
which  includes  information  indicative  of  the  vocal 

so  tract  response  to  the  voice  signal,  and  second 
means  (23,  24,  35,  40,  45,  32,  55,  60)  for  applying 
to  the  transmission  channel  a  second  signal 
which  includes  information  indicative  of  the  exci- 
tation  component  of  the  voice  signal,  and  charac- 

55  terised  in  that  the  second  means  is  arranged  to 
cause  the  excitation  information  to  be  in  non- 
discrete  form  in  the  second  signal  applied  to  the 
transmission  channel. 

2.  Apparatus  as  claimed  in  claim  1,  wherein  the 
60  first  and  second  means  jointly  include  means  (50, 

55)  for  causing  the  first  and  second  signals  to  be 
frequency  division  multiplexed. 

3.  Apparatus  as  claimed  in  claim  1  or  2,  wherein 
the  second  means  includes  filter  means  (32,  40, 

65  45)  adapted  to  provide  the  second  signal  filtered 

4 
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l  accordance  with  a  filter  characteristic  which  is  a 
jnction  of  the  vocal  tract  response  information. 
4.  A  method  of  masking  the  intelligibility  of  a 

oice  signal,  including  applying  to  a  voice  trans- 
mission  channel  (65)  a  first  signal  which  includes 
iformation  indicative  of  the  vocal  tract  response 
if  the  voice  signal,  and  applying  to  the  trans- 
nission  channel  a  second  signal  which  includes 
iformation  indicative  of  the  excitation  com- 
lonent  of  the  voice  signal,  and  characterised  in 
hat  the  excitation  information  is  represented  in 
he  second  signal  in  non-discrete  form. 

5.  A  method  as  claimed  in  claim  4  wherein  the 
irst  and  second  signals  are  frequency  division 
nultiplexed. 

6.  A  method  as  claimed  in  claim  4  or  5  wherein 
he  second  signal  has  been  filtered  in  accordance 
vith  a  filter  characteristic  which  is  a  function  of 
he  vocal  tract  response  information. 

'atentanspruche 

1.  Vorrichtung  zum  Maskieren  der  Verstandlich- 
;eit  eines  Sprachsignals  auf  einem  Ubertragungs- 
tanal  (65)  mit  einer  ersten  Einrichtung  (21,  22,  31, 
50,  55,  60)  zum  Anlegen  eines  ersten  Signals  an 
den  Ubertragungskanal,  das  Informationen  ent- 
ialt,  die  das  Vokaltraktansprechen  des  Sprachsi- 
jnals  angeben,  und  mit  einer  zweiten  Einrichtung 
23,  24,  35,  40,  45,  32,  55,  60)  zum  Anlegen  eines 
tweiten  Signals  an  den  Ubertragungskanal,  das 
nformationen  beinhaltet,  die  die  Anregungskom- 
aonente  des  Sprachsignals  angeben,  dadurch 
gekennzeichnet,  dafS  die  zweite  Einrichtung  so 
ausgelegt  ist,  dafi  die  Anregungsinformationen  in 
nichtdiskreter  Form  im  zweiten,  an  den  Ubertra- 
gungskanal  angelegten  Signal  vorliegen. 

2.  Vorrichtung  nach  Anspruch  1,  bei  der  die 
srste  und  die  zweite  Einrichtung  gemeinsam  eine 
Einrichtung  (50,  55)  umfassen,  die  bewirkt,  dafi 
das  erste  und  das  zweite  Signal  frequenz-multi- 
plexiert  sind. 

3.  Vorrichtung  nach  Anspruch  1  oder  2,  bei  der 
die  zweite  Einrichtung  eine  Filtereinrichtung  (32, 
40,  45)  aufweist,  die  so  augelegt  ist,  '  dalS  das 
zweite  Signal  entsprechend  einer  Filtercharakteri- 
stik  gefiltert  wird,  die  eine  Funktion  der  Vokal- 
trakt-Ansprechinformation  ist. 

4.  Verfahren  zum  Maskieren  der  Verstandlich- 
keit  eines  Sprachsignals,  bei  dem  an  einen  Spre- 
chiibertragungskanal  (65)  ein  erstes  Signal  ange- 
legt  wird,  das  Informationen  enthalt,  die  das 
Vokaltraktansprechen  des  Sprachsignals  ange- 
ben,  und  bei  dem  an  den  Ubertragungskanal  ein 
zweites  Signal  angelegt  wird,  das  Informationen 
beinhaltet,  die  die  Anregungskomponente  des 
Sprachsignals  angeben,  dadurch  gekennzeichnet, 

aais  die  AnregungsmTormauon  im  zweuen  oiynai 
in  nichtdiskreter  Form  dargestellt  ist. 

5.  Verfahren  nach  Anspruch  4,  bei  dem  das 
erste  und  das  zweite  Signal  frequenz-multiple- 

r  xiert  sind. 
6.  Verfahren  nach  Anspruch  4  oder  5,  bei  dem 

das  zweite  Signal  entsprechend  einer  Filtercha- 
rakteristik  gefiltert  worden  ist,  die  eine  Funktion 
der  Vokaltrakt-Ansprechinformation  ist. 

o 
Revendications 

1.  Dispositif  pour  masquer  I'intelligibilite  d'un 
signal  vocal  dans  un  canal  de  transmission  (65), 

5  comprenant  des  premiers  moyens  (21,  22,  31,  50, 
55,  60)  pour  appliquer  au  canal  de  transmission 
un  premier  signal  qui  contient  une  information 
representative  de  la  reponse  du  conduit  vocal  du 
signal  vocal,  et  des  seconds  moyens  (23,  24,  35, 

o  40,  45,  32,  55,  60)  pour  appliquer  au  canal  de 
transmission  un  second  signal  qui  contient  une 
information  representative  de  la  composante 
d'excitation  du  signal  vocal,  et  caracterise  en  ce 
que  les  seconds  moyens  sont  congus  de  facon 

'5  que  I'information  d'excitation  soit  sous  une  forme 
non  discrete  dans  le  second  signal  qui  est  appli- 
que  au  canal  de  transmission. 

2.  Dispositif  selon  la  revendication  1,  dans 
lequel  les  premiers  et  seconds  moyens  compren- 

io  nent  conjointement  des  moyens  (50,  55)  qui  sont 
destines  a  multiplexer  en  frequence  les  premier  et 
second  signaux. 

3.  Dispositif  selon  la  revendication  1  ou  2,  dans 
lequel  les  seconds  moyens  comprennent  des 

15  moyens  de  filtrage  (32,  40,  45)  qui  sont  congus  de 
fagon  a  fournir  le  second  signal,  filtre  conforme- 
ment  a  une  caracteristique  de  filtre  qui  est  fonc- 
tion  de  I'information  de  reponse  de  conduit  vocal. 

4.  Un  procede  de  masquage  de  l'intelligibiiite 
to  d'un  signal  vocal,  dans  lequel  on  applique  a  un 

canal  de  transmission  vocal  (65)  un  premier 
signal  qui  contient  une  information  representa- 
tive  de  la  reponse  de  conduit  vocal  du  signal 
vocal,  et  on  applique  au  canal  de  transmission  un 

45  second  signal  qui  contient  une  information  repre- 
sentative  de  la  composante  d'excitation  du  signal 
vocal,  et  caracterise  en  ce  que  I'information  d'ex- 
citation  est  representee  sous  une  forme  non 
discrete  dans  le  second  signal. 

so  5.  Un  procede  selon  la  revendication  4,  dans 
lequel  les  premier  et  second  signaux  sont  multi- 
plexes  en  frequence. 

6.  Un  procede  selon  la  revendication  4  ou  5, 
dans  lequel  le  second  signal  a  ete  filtre  conforme- 

55  ment  a  une  caracteristique  de  filtre  qui  est  fonc- 
tion  de  I'information  de  reponse  de  conduit  vocal. 

ou 
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