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Description 

The  present  invention  relates  to  a  digital  commu- 
nications  system,  and  is  particularly  useful  in  a  net- 
work  with  a  high  efficiency  encoding  system  such  as 
adaptive  differential  pulse  code  modulation,  used  for 
speech  conferencing. 

Recently,  due  to  remarkable  developments  in 
digital  communication  networks,  it  is  possible  for  va- 
rious  types  of  analog  information  to  be  converted  into 
digital  form  and  transferred  among  subscribers.  A 
communication  system  using  a  predictive  encoding 
system  such  as  adaptive  differential  pulse  code  mod- 
ulation  (ADPCM)  is  widely  employed  at  present.  The 
ADPCM  system  is  advantageous  in  1)  that  speech 
signals  in  a  telephone  network,  for  example,  can  be 
compressed  to  approximately  16  to  32  K-bit/s,  which 
is  advantageous  considering  signal  transmission, 
and  2)  that  the  reproduced  signal  on  the  receiving 
side  is  high  quality.  Advances  in  semiconductor  de- 
vice  manufacturing  technology  with  higher  integra- 
tion,  such  as  LSIs,  further  facilitates  widerapplication 
of  ADPCM  systems. 

Recent  digital  communication  systems  have  in- 
cluded  transcoder  units  for  performing  data  compres- 
sion/expansion.  A  transcoder  unit  contains  an  encod- 
ing  unit  which  is  provided  in  the  transmitting  side  for 
converting  a  PCM  signal  into  a  compressed  digital 
signal,  and  a  decoding  system  which  is  provided  in 
the  receiving  side  for  decoding  the  compressed  digital 
signal.  By  the  way,  the  PCM  technique  has  been 
widely  used  in  digital  communication  systems.  Partic- 
ularly,  a  n-law  PCM  system  or  A-law  PCM  system  ac- 
cording  to  the  CCITT  recommendation  is  most  popu- 
lar.  When  signal  processing  units,  such  as  the  encod- 
ing  and  decoding  units,  are  packed  in  an  LSI  chip,  it 
is  necessary  that  the  integrated  circuit  be  designed  so 
as  to  adapt  to  the  above  PCM  system. 

Although  the  encoding  and  decoding  circuits 
have  many  common  components,  these  circuits  have 
been  integrated  separately  and  an  exclusive  encoder 
LSI  and  decoder  LSI  are  manufactured  independent- 
ly.  Therefore,  in  the  prior  art,  two  types  of  LSIs  are  re- 
quired  for  the  encoder  and  decoder  units.  According 
to  an  improved  example,  a  circuit  arrangement  is  so 
designed  as  to  include  all  the  components  necessary 
for  the  both  encoding  and  decoding  circuits  and  is  in- 
tegrated  in  an  LSI  chip.  This  LSI  thus  may  serve  as 
either  an  encoder  or  a  decoder.  When  assembled  in 
the  communication  system,  the  LSI  is  preset  so  as  to 
perform  a  selected  function,  that  is,  either  an  encod- 
ing  or  decoding  function.  In  this  case,  since  only  one 
type  of  LSI  can  be  used  as  the  encoder  and  decoder 
units  in  the  communication  system,  it  is  possible  to  re- 
duce  the  types  of  LSIs  to  be  manufactured  for  the  en- 
coder  and  decoder.  However,  the  preset  LSI  assem- 
bled  in  the  system  can  perform  only  a  selected  func- 
tion,  and  the  function  thereof  cannot  be  changed  dur- 

ing  the  system  operation.  For  this  reason,  the  same 
number  of  LSIs  as  the  total  number  of  encoder  and 
decoder  units,  as  needed  in  a  digital  communication 
system,  must  be  prepared.  Particularly,  in  the  case  of 

5  a  l:n  signal  transmission  system,  such  as  a  telephone 
conference  system  wherein  one  party  receives  a  plur- 
ality  of  speech  signals  of  other  parties  who  are  par- 
ticipating  in  the  same  conference  or  meeting,  an  in- 
creased  number  of  LSIs  must  be  used  according  to 

10  the  number  of  signal  transmission  channels.  This 
causes  the  configuration  of  the  hardware  of  the  trans- 
coder  units  included  in  the  digital  communication  sys- 
tem  to  be  undesirably  complicated. 

We  acknowledge  the  disclosure  in  EP-A- 
15  0081799  of  a  conference  circuit  connected  to  other 

conference  circuits  through  an  external  data  ex- 
change  section  in  a  digital  teleconference  communi- 
cation  system.  The  conference  circuit  includes  an 
ADPCM  decoder  (CCL),  a  non-linear-to-linear  con- 

20  verier  (LCC)  and  an  adder  circuit  (ADD).  The  linear 
summation  of  samples  from  a  number  of  party  chan- 
nels  is,  by  way  of  background,  known  from  US-A- 
4109111. 

It  is  an  object  of  the  present  invention  to  provide 
25  a  new  and  improved  integrated  circuit  which  can  be 

integrated  in  an  LSI  chip  of  decreased  size,  and  can 
be  used  effectively  for  a  digital  communication  sys- 
tem,  and  hence  simplify  the  circuit  arrangement  of  the 
system. 

30  The  invention  provides  a  system  as  defined  in 
Claim  1. 

In  order  that  the  invention  may  be  better  under- 
stood,  an  example  of  the  invention  of  the  parent  Eu- 
ropean  Patent  Application  No.  0193409,  and  two  ex- 

35  amples  of  the  present  invention,  will  now  be  descri- 
bed,  with  reference  to  the  accompanying  drawings,  in 
which: 

Fig.  1  is  a  block  diagram  illustrating  the  internal 
construction  of  an  integrated  circuit  device  for 

40  transcoder  (used  in  digital  speech  communica- 
tion  system  based  on  the  ADPCM  system)  which 
is  one  preferred  embodiment  of  the  invention  of 
EPA-0193409  of  which  this  Application  is  a  divi- 
sional  Application; 

45  Fig.  2  shows  in  block  form  an  equivalent  circuit  of 
the  IC  device  when  it  is  switched  to  a  encoding 
circuit; 
Figs.  3Ato  31  show  waveforms  of  signals  as  sup- 
plied  to  or  generated  in  the  key  portions  of  the  IC 

so  device  of  Fig.  1  when  it  is  switched  to  the  encod- 
ing  circuit; 
Fig.  4  shows  in  block  form  an  equivalent  circuit  of 
the  IC  device  when  it  is  switched  to  a  decoding 
circuit; 

55  Figs.  5Ato  5H  show  waveforms  of  signals  as  sup- 
plied  to  or  generated  in  the  key  portions  of  the  IC 
device  of  Fig.  1  when  it  is  switched  to  the  decod- 
ing  circuit; 
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Fig.  6  is  a  block  diagram  of  a  circuit  arrangement 
of  an  integrated  circuit  which  is  a  first  embodi- 
ment  of  the  present  invention;  and 
Fig.  7  is  a  clock  diagram  of  a  circuit  arrangement 
of  an  integrated  circuit  device  according  to  a  sec- 
ond  embodiment  of  the  present  invention. 
Referring  now  to  Fig.  1,  an  integrated  circuit  (IC) 

for  a  speech  transcoder  is  indicated  by  block  10.  IC 
circuit  1  0  is  packed  in  one  chip  LSI.  Circuit  1  0  includes 
two  input  terminals  12  and  14,  two  output  terminals  16 
and  1  8,  one  clock  input  terminal  20,  and  two  mode  se- 
lect  terminals  22  and  24.  First  input  terminal  1  2  is  con- 
nected  through  electronic  switch  26  to  subtractor  28, 
which  is  further  connected  to  quantizing  circuit  30. 
Circuit  30  quantizes  difference  signal  output  from 
subtractor  28,  and  generates  ADPCM  signal  S1  of  the 
predetermined  number  of  bits.  Electronic  switch  26 
has  input  terminals  connected  to  first  and  second  in- 
put  terminals  12  and  14.  Switch  26  serves  to  selec- 
tively  transfer  to  subtractor  28  signals  from  input  ter- 
minals  12  and  14.  The  output  terminal  of  quantizing 
circuit  30  is  connected  to  first  and  second  output  ter- 
minals  16  and  1  8  by  way  of  mode  select  switches  32 
and  34,  as  electronic  switches  connected  in  parallel 
with  each  other,  and  latch  circuits  60  and  62. 

The  output  terminal  of  circuit  30  is  further  con- 
nected  to  the  inputs  of  other  electronic  switches  36 
and  38  connected  in  parallel  with  each  other. 
Switches  36  and  38  are  connected  through  succeed- 
ing  stage  electronic  switch  40  to  reverse  quantizing 
circuit  42,  which  locally  decodes  the  ADPCM  signal 
S1  sent  from  quantizing  circuit  30.  Switch  40  has  two 
inputs  connected  to  the  outputs  of  switches  36  and 
38,  and  an  output  connected  to  inverse  quantizing  cir- 
cuit  42.  The  output  signal  of  circuit  42  is  fed  back  to 
subtractor  28,  by  way  of  adder  44  and  predictor  filter 
46.  The  output  signal  of  adder  44  is  also  fed  back  to 
the  adder  itself,  via  predictor  filter  46.  The  output  sig- 
nal  of  adder  44  is  further  connected  to  the  second  in- 
puts  of  mode  select  switches  32  and  34  connected  to 
output  terminals  16  and  18  of  IC  circuit  10. 

Predictor  filter  46  includes  arithmetic  unit  48  and 
parallel-connected  memories  50  and  52.  These  mem- 
ories  are  each  constructed  using  delay  circuits  such 
as  digital  filter  in  a  known  manner.  The  output  signal 
from  adder  44  is  supplied  to  either  of  memories  50 
and  52  by  electronic  switch  54  provided  in  predictor 
46.  The  outputs  of  memories  50  and  52  are  connected 
to  unit  48  via  another  electronic  switch  56  in  predictor 
46.  Thus,  the  output  signal  from  adder44  is  selective- 
ly  supplied  to  memories  50  and  52  by  means  of 
switches  54  and  56,  and  processed  by  unit  48,  and 
then  transferred  to  subtractor  28. 

The  remaining  inputs  of  switches  36  and  38  locat- 
ed  at  the  output  stage  of  quantizing  circuit  30  are  re- 
spectively  connected  to  input  terminals  12  and  14.  In- 
put  terminal  1  2  is  connected  through  to  quantizing  cir- 
cuit  30  through  subtractor  28,  as  mentioned  above, 

and  also  to  the  second  input  terminal  of  electronic 
switch  38.  With  this  connection,  switch  38  performs 
a  switching  operation,  and  may  selectively  transfer 
either  ADPCM  signal  S1  from  quantizing  circuit  30  or 

5  the  signal  from  first  input  terminal  1  2  to  the  succeed- 
ing  stage  electronic  switch  40.  Input  terminal  14  is 
connected  to  electronic  switch  26  at  the  preceding 
stage  of  subtractor  28,  and  directly  connected  to  the 
second  input  of  switch  36.  Accordingly,  electronic 

10  switch  36  performs  a  switching  operation,  and  may 
selectively  transfer  to  the  succeeding  stage  electron- 
ic  switch  40  either  of  signal  S1  from  quantizing  circuit 
30  or  the  signal  from  second  input  terminal  14. 

The  two  mode  select  switches  32  and  34  provid- 
15  ed  in  IC  circuit  10  respond  to  the  first  mode  select  sig- 

nal  M1  from  mode  select  terminal  22,  to  perform  an 
appropriate  mode  select  operation.  The  switching  op- 
eration  of  select  switches  34  and  36  is  controlled  by 
the  second  mode  select  signal  M2  from  mode  select 

20  terminal  24.  In  IC  circuit  10  is  provided  controller  58 
which  generates  control  signals  C1  to  C4  for  control- 
ling  the  switching  operations  of  switches  26  and  40, 
and  the  switches  54  and  56  contained  in  predictor  46. 
Controller  58  also  generates  control  signals  for  con- 

25  trolling  latch  circuits  60  and  62  in  response  to  mode 
select  signals  M1  and  M2.  Further,  controller  58  re- 
sponds  to  clock  signal  CKas  supplied  thereto  through 
clock  input  terminal  20,  and  generates  reference 
clock  signal  FCK  to  be  supplied  to  subtractor  28, 

30  quantizing  circuit  30,  inverse  quantizing  circuit  42,  ad- 
der  44,  and  predictor  46. 

When  the  IC  circuit  is  assembled  into  a  digital 
communication  system  based  on  the  ADPCM  system, 
such  as  the  IC  circuit  for  speech  transcoder,  respon- 

35  sive  to  mode  select  signals  M1  and  M2  supplied  from 
an  external  circuit,  circuit  10  can  time-divisionally  be 
switched  to  an  ADPCM  encoder  circuit  or  an  ADPCM 
decoder  according  to  a  request  occurring  in  the  data 
transfer  operation.  Specifically,  during  a  time  period 

40  that  mode  select  signals  M1  and  M2  supplied  to  ter- 
minals  22  and  24  of  IC  circuit  10  are  logically  high,  IC 
circuit  10  functions  as  the  ADPCM  encoder.  During 
another  time  period  that  these  signals  are  logically 
low,  that  circuit  serves  as  the  ADPCM  decoder.  The 

45  function  changing  operation  of  this  IC  circuit  will  now 
be  described  in  detail  referring  to  Figs.  2  to  5. 

When  mode  select  signals  M1  and  M2  are  logical- 
ly  high,  mode  select  switches  32  and  34  are  switched 
as  shown  in  Fig.  2.  Under  this  condition  of  the  circuit, 

so  the  output  signal  S1  from  quantizing  circuit  30  is  led 
to  the  output  terminals  16  and  1  8  of  the  circuit.  At  this 
time,  electronic  switches  36  and  38  are  switched  to 
the  first  input  side  under  control  of  controller  58. 

When  the  input  signal  Di1  to  the  device  takes  a 
55  form  as  shown  in  Fig.  3A,  one  cycle  of  the  operation 

of  the  IC  device  is  so  defined  as  to  be  divided  into  five 
periods  T1  to  T5  by  the  reference  clock  signal  FCK. 
In  response  to  pulsative  control  signal  C1  from  con- 

3 
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trailer  58  which  is  high  in  logic  level  during  the  second 
period  T2,  as  shown  in  Fig.  3C,  input  signal  select 
switch  26  transfers  to  subtractor  28  the  first  input  sig- 
nal  Di1  supplied  from  first  input  terminal  12,  during 
only  the  first  period  T1  shown  in  Fig.  3B.  During  the 
other  periods  (T2  to  T5),  switch  26  supplies  to  sub- 
tractor  28  the  second  input  signal  Di2  supplied  from 
the  second  input  terminal  14.  Switch  40  responds  to 
pulsative  control  signal  C2  from  controller  58,  which 
is  logically  high  during  the  third  period  as  shown  in 
Fig.  3D,  and  during  only  period  T3,  guides  to  inverse 
quantizing  circuit  42  signal  S1  as  supplied  thereto 
from  quantizing  circuit  30  through  switch  38.  During 
the  other  periods,  switch  40  transfers  the  input  signal 
Si2  from  second  input  terminal  14  to  inverse  quantiz- 
ing  circuit  42,  through  switch  36. 

Through  the  switching  operations  of  switches  26 
and  40,  the  data  signal  supplied  from  one  input  termi- 
nal  12  of  IC  circuit  10,  for  example,  a  linear  PCM  sig- 
nal  D1  representing  speech  information  is  led  to  sub- 
tractor  28  by  way  of  switch  26.  Subtractor  28  calcu- 
lates  a  difference  between  signal  Di1  and  prediction 
signal  Sf1  output  from  predictor  46  (see  Fig.  3E),  in 
synchronism  with  reference  clock  signal  FCK,  and 
generates  difference  signal  Se.  This  signal  Se  is 
transferred  to  quantizing  circuit  30  during  the  second 
period  T2,  which  quantizes  difference  signal  Se  to 
generate  a  digital  speech  signal  S1  of  the  predeter- 
mined  number  of  bits  (e.g.  16  bits)  as  the  prediction 
signal.  Synchronized  with  reference  clock  signal  FCK 
and  during  the  third  period  T3,  the  prediction  signal 
S1  from  quantizing  circuit  30  is  led  to  output  terminal 
16  through  mode  select  switch  32,  and  supplied  to 
latch  circuit  60.  Control  signal  C5  from  controller  58 
has  the  logic  high  level  when  mode  select  signal  M2 
is  logically  high  during  the  third  period  T3.  Latch  circuit 
60  receives  control  signal  C5  and  holds  an  input  sig- 
nal,  i.e.,  the  ADPCM  signal,  supplied  thereto  during 
the  third  period  T3  for  one  cycle  of  sampling  period. 
The  output  signal  from  latch  circuit  60  is  sent  to  ex- 
terior  by  way  of  the  terminals. 

At  this  time,  ADPCM  signal  S1  is  supplied  to  in- 
verse  quantizing  circuit  42  by  way  of  electronic 
switches  38  and  40,  since  during  the  third  period  T3, 
switch  40  has  been  switched  to  allow  the  output  of 
quantizing  circuit  30  to  the  input  of  inverse  quantizing 
circuit  42.  Inverse  quantizing  circuit  42  locally  in- 
verse-quantize  this  signal  S1.  Difference  signal  S2 
output  from  inverse  quantizing  circuit  42  is  added,  by 
adder  44,  with  signal  Sf1  outputfrom  predictor  46  dur- 
ing  the  fourth  period  T4.  The  output  signal  S3  of  adder 
44  is  supplied  to  predictor  46  as  a  reconstructed  sig- 
nal  representing  a  new  sampling  value.  At  this  time, 
the  two  switches  54  and  56  provided  in  predictorf  ilter 
46  have  been  switched  as  shown  in  Fig.  2.  According- 
ly,  when  supplied  to  predictor  46,  signal  S3  is  trans- 
ferred  to  the  first  memory  50  in  predictor  46.  This  sig- 
nal  is  subjected  to  digital  delay  processing  by  memory 

50,  and  subjected  to  additional  operation  by  operation 
circuit  48.  In  other  words,  predictor  46  stores  the  input 
new  sampling  value  in  memory  50,  and  generates  a 
predicted  value  signal  during  the  next  sampling  seg- 

5  ment  i+1  based  on  this  signal.  Accordingly,  predictor 
46  generates  a  predicted  value  signal  Sf  which  pre- 
dicts  the  present  input  signal  Di  on  the  basis  of  the 
past  input  sampling  value  to  predictor  46.  This  new 
signal  Sf  is  supplied  as  a  prediction  signal  to  subtrac- 

10  tor  28  and  adder  44  during  periods  T1  and  T4  con- 
tained  in  the  next  sampling  segment  i+1  .  In  this  way, 
a  sequence  of  processings  of  first  input  signal  Di1  ap- 
plied  through  first  input  terminal  during  the  ith  seg- 
ment  is  completed. 

15  The  signal  processing  of  the  second  input  signal 
Di2  as  input  to  the  second  input  terminal  during  the  ith 
segment  is  performed  after  one  cycle  of  reference 
clock  signal  FCK  since  the  signal  processing  of  first 
input  signal  DM.  Predictor  46  must  independently  op- 

20  erate  for  first  and  second  input  signals  DM  and  Di2. 
For  this  reason,  it  has  two  parallel  memories  50  and 
52.  These  memories  50  and  52  respectively  store  a 
first  reconstructed  difference  signal  output  from  ad- 
der  44  during  the  fifth  period  T5,  and  a  second  recon- 

25  structed  difference  signal  output  from  adder  44  dur- 
ing  period  T1  .  (The  signal  supply  to  memories  50  and 
52  is  appropriately  changed  by  the  switches  54  and 
56  provided  in  predictive  filter  46,  as  already  descri- 
bed.)  When  second  input  signal  Di2  is  processed,  in- 

30  filter  switches  54  and  56  are  switched  as  indicated  by 
broken  lines  in  Fig.  2,  to  supply  the  input  signal  to  pre- 
dictive  filter  46  to  second  memory  52.  The  second 
predictive  signal  generated  corresponding  to  second 
input  signal  Di2  is  output  during  periods  T2  and  T5,  as 

35  shown  in  Fig.  3F.  As  a  result,  the  second  output  signal 
Do2  is  supplied  to  latch  circuit  62.  The  level  of  control 
signal  C6  from  controller  58  is  changed  to  the  logic 
high  level  during  the  fourth  period  T4.  Latch  circuit  62 
receives  control  signal  C6  and  holds  the  ADPCM  sig- 

40  nal  supplied  thereto  for  one  cycle  of  sampling  period. 
The  output  signal  from  latch  circuit  62  is  output  from 
second  output  terminal  18  during  period  T4,  while  de- 
laying  one  cycle  from  first  output  signal  Do1  .  Thus,  if 
the  signal  as  obtained  during  period  T3  is  taken  out 

45  of  terminal  16,  first  ADPCM  signal  Do1  is  obtained.  If 
a  signal  as  obtained  during  period  T4  is  taken  out, 
second  ADPCM  signal  Do2  is  obtained. 

When  mode  select  signals  M1  and  M2  have  log- 
ical  low  level,  mode  select  switches  32  and  34  are 

so  switched  as  shown  in  Fig.  4,  and  guides  the  output 
signal  S1  from  adder44tothe  output  terminals  16and 
18  of  the  circuit  under  discussion.  At  this  time,  elec- 
tronic  switches  26,  36,  and  38  are  switched  to  the  sec- 
ond  input  side  under  control  of  controller  58.  There- 

55  fore,  subtractor  28  and  quantizing  circuit  30  are  elec- 
trically  disconnected  from  other  components  in  the  IC 
circuit. 

In  this  case,  the  signals  applied  to  the  IC  circuit 

4 
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device  are  ADPCM  signals  Di3  and  Di4  with  wave- 
forms  as  shown  in  Fig.  5A.  One  cycle  of  the  operation 
of  IC  device  10  is  segmented  into  five  periods  T1  to 
T5  by  reference  clock  signal  FCK.  The  control  signal 
C2from  controller  58  (see  Fig.  1)  is  logically  high  dur- 
ing  only  the  period  T3,  as  shown  in  Fig.  5c.  Accord- 
ingly,  switch  40  is  switched  during  period  T3  as 
shown,  so  that  ADPCM  signal  Di3  supplied  to  first  in- 
put  terminal  12  is  transferred  through  electronic 
switches  38  and  40  to  inverse  quantizing  circuit  42. 
Circuit  42  inverse-quantizes  the  input  signal  during 
period  T3,  and  supplies  a  reconstructed  difference 
signal  S2'  to  adder  44  during  period  T4.  Signal  S2'  is 
added  by  adder  44  to  prediction  signal  Sf1  from  pre- 
dictor  46.  Signal  Sf1  has  a  waveform  as  shown  in  Fig. 
5D.  It  is  noted  that,  since  switches  54  and  56  in  pre- 
dictor  filter  46  have  been  switched  as  indicated  by 
continuous  line  in  Fig.  4,  prediction  signal  Sf1  is  gen- 
erated  through  the  operation  of  memory  50.  The  re- 
constructed  signal  output  from  adder  44  is  supplied 
through  switch  32  to  latch  circuit  60  during  period  T5, 
while  synchronizing  with  reference  clock  signal  FCK 
from  controller  58  (Fig.  1).  Control  signal  C5  has  the 
logic  high  level  during  the  fifth  period  T5  in  response 
to  mode  select  signal  M1  with  the  logic  low  level. 
Therefore,  signal  Do3  output  from  latch  circuit  60  ap- 
pears  at  the  output  terminal  16  of  the  IC  device. 

The  reconstructed  signal  output  from  adder  44  is 
supplied  as  a  new  sampling  value  to  predictor  46.  Al- 
though  predictor  46  produces  first  prediction  signal 
Sf1  during  periods  T1  and  T4,  the  signal  Sf1  produced 
during  period  T1  is  not  used  in  this  case.  In  this  way, 
the  decoding  processing  is  performed  for  first  predic- 
tive  encoded  signal  Di3. 

After  period  T3,  switch  40  responds  to  control  sig- 
nal  C2,  and  is  switched  to  the  opposite  position  as  in- 
dicated  by  broken  line  to  connected  second  input  ter- 
minal  14  with  inverse  quantizing  circuit  42.  ADPCM 
signal  Di4  supplied  from  second  input  terminal  14  is 
transferred  to  inverse  quantizing  circuit  42  during  the 
first  period  T1  ,  with  a  time  delay  corresponding  to  one 
clock  pulse  behind  a  time  point  that  ADPCM  signal 
Di3  is  supplied.  At  this  time,  the  switches  54  and  56 
in  predictive  f  ilter46  are  switched  to  the  opposite  pos- 
itions  as  indicated  by  broken  lines.  By  second  mem- 
ory  52,  second  predictive  signal  Sf2  is  supplied  to  ad- 
der  44.  Accordingly,  in  adder  44,  the  operation  similar 
to  the  above-mentioned  case  is  performed  to  gener- 
ate  second  reproduced  speech  signal  Do4,  as  shown 
in  Fig.  5E.  This  signal  Do4  is  supplied  to  latch  circuit 
62  through  switch  34.  Control  signal  C6  supplied  to 
latch  circuit  62  has  the  logic  high  level  during  the  first 
period  T1  in  response  to  mode  select  signal  M2  with 
the  logic  low  level.  Therefore,  latch  circuit  62  holds  the 
ADPCM  signal  supplied  thereto  in  the  first  period  T1  . 
The  output  signal  of  latch  circuit  62,  that  is,  repro- 
duced  signal  Do4  is  then  output  to  exterior  from  out- 
put  terminal  18.  Through  the  above  sequence  of  op- 

erations,  reproduced  signal  Do3  is  obtained  from  out- 
put  terminal  16,  while  another  reproduced  signal  Do4 
is  obtained. 

The  input  signals  supplied  to  the  first  and  second 
5  input  terminals  12  and  14  of  IC  device  10  can  be  proc- 

essed  independently  each  other  in  a  time-division 
multiplexing  manner.  When  the  mode  select  signal 
M1  input  to  first  mode  select  terminal  22  has  a  logic 
high  level,  and  the  mode  select  signal  M2  input  to  the 

10  second  mode  select  terminal  24  has  a  logic  low  level, 
IC  device  10  serves  as  ADPCM  encoding  circuit  for 
the  input  signal  supplied  to  first  input  terminal  12,  and 
as  an  ADPCM  decoding  circuit  for  the  input  signal  to 
second  input  terminal  14.  On  the  other  hand,  when 

15  the  mode  select  signal  M1  input  to  first  mode  select 
terminal  22  is  low  in  logic  level,  and  the  mode  select 
signal  M2  input  to  second  mode  select  terminal  24  is 
high,  IC  device  1  0  serves  as  an  ADPCM  decoding  cir- 
cuit  for  the  input  signal  to  first  input  terminal  12,  and 

20  as  an  ADPCM  encoding  circuit  for  the  input  signal  to 
second  input  terminal  14. 

The  circuit  10  can  independently  process  two  in- 
put  signals  in  the  time-division  multiplexing  manner. 
Specifically,  responsive  to  the  mode  select  signals 

25  M1  and  M2  applied  to  mode  select  terminals  22  and 
74,  the  circuit  10  can  select  any  combination  of  circuit 
functions,  such  as  two  predictive  encoding  circuits, 
two  decoders,  or  an  ADPCM  encoder  circuit  and  an 
ADPCM  decoder.  To  realize  a  transcoder  of  N  chan- 

30  nelsfor  input  PCM  signals  into  ADPCM  signals  by  us- 
ing  IC  10,  the  number  of  ICs  shown  in  Fig.  1  as  re- 
quired  is  only  N/2.  With  the  feature  of  the  time- 
divisional  signal  processing  of  circuit  10,  all  but  the 
memory  included  in  predictive  filter  46  can  be  used 

35  for  both  the  encoding  and  decoding  circuits.  There- 
fore,  the  number  of  necessary  components  may  be 
minimized  and  the  chip  size  may  further  be  reduced. 
This  can  lead  to  simplification  of  the  transcoder  cir- 
cuit  and  reduction  of  cost  to  manufacture. 

40  An  ADPCM  codec  LSI  applied  for  1  :  n  digital  data 
communication  in  telephone  conference  system, 
which  is  a  first  embodiment  of  the  present  invention, 
will  now  be  described.  An  ADPCM  codec  shown  in 
Fig.  6  is  used  for  an  ADPCM  decoder  circuit  in  the  1  : 

45  n  data  communication  system.  In  this  kind  of  data 
communication,  it  is  required  that  the  speech  signals 
of  a  plurality  of  channels  are  added  together  before 
output.  However,  it  is  impossible  to  simply  add  the 
nonlinear  PCM  signals  according  to  the  recommenda- 

50  tion  by  CCITT,  such  as  u-low  PCM  signal  and  A-law 
PCM  signal.  It  is  for  this  reason  that,  to  convert  the 
nonlinear  PCM  signals  into  linear  PCM  signals,  the 
conventional  device  required  converters  equal  in 
number  to  the  channels.  The  circuit  construction  of 

55  the  convention  device  requiring  a  number  of  conver- 
ters  was  inevitably  complicated.  According  to  the  first 
embodiment  of  the  present  invention  to  be  given, 
there  is  provided  high  quality  data  communication 

5 



g EP  0  429  092  B1 10 

with  minimized  signal  deterioration  in  the  signal  trans- 
mission,  which  is  realized  by  a  simple  circuit  con- 
struction. 

Fig.  6  shows  two  codec  LSIs  1  00a  and  1  00b  to  be 
used  as  ADPCM  decoder  unit  applied  for  1  :  3  digital 
data  communication,  which  is  used  for  three-party  tel- 
ephone  conference.  The  input  terminals  of  codec 
LSIs  100a  and  100b  are  respectively  connected  to  A 
and  B  channel  lines  La  and  Lb.  Nonlinear  ADPCM 
speech  signals  A1  and  A2  are  input  through  channel 
lines  La  and  Lb  to  the  input  terminals  of  codec  LSIs 
100a  and  100b.  Since  codec  LSIs  100a  and  100b 
have  the  same  constructions,  one  of  them  (for  exam- 
ple,  100a)  will  be  described.  The  other  LSI  100b  will 
be  referred  to  by  merely  attaching  suffix  "b"  to  the  ref- 
erence  symbols  of  the  components  corresponding  to 
those  of  the  LSI  100a. 

ADPCM  codec  LSI  100a  includes  ADPCM  decod- 
ing  circuit  102a.  Circuit  102a  has  an  input  terminal 
connected  to  channel  line  La.  The  output  terminal  of 
circuit  102a  is  connected  to  the  first  input  terminal  of 
switch  circuit  1  04a.  The  output  terminal  of  circuit  1  02a 
is  further  connected  to  first  external  circuit  connec- 
tion  terminal  106a  of  LSI  100a.  ADPCM  decoding  cir- 
cuit  102a  decodes  input  ADPCM  signal  A1,  and  gen- 
erates  linear  PCM  signal  A1'.  This  linear  PCM  A1'  is 
supplied  to  switch  circuit  104a,  and  also  to  first  exter- 
nal  circuit  connection  terminal  106a.  This  terminal 
106a  serves  as  "linear  PCM  signal  output  terminal". 
LSI  100a  includes  second  external  circuit  connection 
terminal  108a.  A  linear  PCM  signal  is  supplied  from 
the  external  circuit  to  second  external  circuit  connec- 
tion  terminal  108a.  This  terminal  108a  serves  as  "lin- 
ear  PCM  signal  input  terminal".  Terminal  1  08a  is  con- 
nected  to  the  second  input  of  switch  circuit  104a. 
Switch  circuit  104a  performs  the  switching  operation 
in  response  to  a  control  signal  to  be  supplied  to  third 
external  circuit  connection  terminal  1  1  0a  of  LS1  1  00a. 
Through  the  switching  operation,  circuit  104a  selec- 
tively  generates  a  linear  PCM  signal  output  from 
ADPCM  decoding  circuit  1  02a  or  a  linear  PCM  signal 
input  from  terminal  108a. 

The  signal  output  from  switch  circuit  1  04a  is  sup- 
plied  to  PCM  format  converter  112a.  This  converter 
112a  converts  the  linear  PCM  output  from  switch  cir- 
cuit  104a  into  a  nonlinear  PCM  speech  signal  accord- 
ing  to  the  recommendation  of  CCITT  (for  example,  p.- 
law  PCM  signal).  Since  the  output  of  converter  112a 
is  connected  to  the  output  terminal  114a  of  LSI  100a, 
the  converted  n-low  PCM  speech  signal  is  output 
from  the  output  terminal  114a  of  LSI  100.  The  n-low 
PCM  speech  signal  is  supplied  to  known  PCM  codec 
116  where  it  is  converted  into  the  original  analog 
speech  signal. 

Major  features  of  the  1  :  3  digital  data  communi- 
cation  system  constructed  with  two  LSIs  100a  and 
100b  will  be  described.  Adder  120  is  connected  to  lin- 
ear  PCM  signal  output  terminals  106a  and  106b  of 

LSIs  100a  and  100b.  Adder  120  adds  linear  PCM 
speech  signals  supplied  through  the  output  terminals 
106a  and  106b  of  LSIs  100a  and  100b.  The  added 
speech  signal  (i.e.  the  result  of  addition  of  the  speech 

5  signals  of  two  channels  La  and  Lb)  122  is  applied  to 
linear  PCM  signal  input  terminal  108a  of  LSI  100a.  At 
this  time,  the  switch  circuit  1  04a  of  LS1  1  00a  has  been 
switched  under  control  of  the  control  signal  to  allow 
the  signal  input  to  the  second  input  terminal  of  the 

10  switch  circuit  per  se  to  be  transferred  to  PCM  signal 
converter  112a.  Specifically,  the  speech  signals 
(ADPCM  signals)  of  two  parties  coming  through  two 
channel  lines  La  and  Lb  are  converted  into  linear  PCM 
signals  by  decoding  circuits  102a  and  102b,  and  then 

15  are  added  together  by  adder  120.  Added  signal  122 
is  supplied  to  LSI  100a.  In  the  LSI,  it  is  transferred 
through  switch  circuit  104a  to  signal  converter  112a 
where  it  is  converted  into  the  nonlinear  PCM  speech 
signal.  The  nonlinear  PCM  speech  signal  is  supplied 

20  from  the  output  terminal  114a  of  LSI  100a  to  PCM  co- 
dec  116.  Therefore,  the  data  as  the  sum  of  the  speech 
data  of  two  parties  appears  at  the  succeeding  stage 
of  PCM  codec  116. 

The  circuit  arrangement  above  mentioned  may 
25  greatly  simplify  the  system  construction,  for  exam- 

ple,  in  the  three-party  telephone  system  that,  to  send 
speech  signals  from  two  parties  to  one  party,  the 
speech  signals  from  the  two  parties  must  be  added 
together.  For  example,  iflinear  PCM  signal  output  ter- 

30  minal  106  and  linear  PCM  input  terminal  108  are  pro- 
vided  in  each  LSI  100,  there  is  eliminated  a  need  for 
additionally  using  for  each  channel  a  PCM  format 
converter  for  converting  the  n-low  PCM  signal  from 
the  decoding  circuit  into  the  original  linear  PCM  sig- 

35  nal.  According  to  the  present  invention,  the  circuit  unit 
in  the  receiving  side  may  be  assembled  by  using  the 
equal  number  of  ADPCM  codec  LSIs  to  the  number  of 
channels,  and  one  adder.  Accordingly,  the  decoding 
unit  for  the  telephone  meeting  communication  sys- 

40  tern,  which  is  simple  construction  and  small  in  size, 
may  be  realized. 

Furthermore,  the  above-mentioned  embodiment 
has  another  great  effect  that  the  quality  of  the  repro- 
duced  speech  signal  can  be  improved.  The  above  cir- 

45  cuit  arrangement  minimizes  distortion  of  the  repro- 
duced  speech  signal,  to  greatly  improve  the  signal  to 
noise  ratio.  This  will  be  described  in  detail  below. 

As  described  above,  in  the  conventional  device, 
the  PCM  format  converter  circuit  is  additionally  used 

so  for  each  decoding  circuit  of  each  speech  channel.  The 
H-low  PCM  signals  from  the  decoding  circuits  are 
converted  into  the  original  linear  PCM  signal  before 
these  signals  are  added  together.  The  output  signal 
from  the  adder  is  sent  to  the  PCM  codec  for  generat- 

55  ing  an  analog  signal  after  it  is  further  converted  into 
the  nonlinear  PCM  signal  by  the  converting  circuit 
dedicatedly  provided  for  the  conversion.  Let  us  con- 
sider  a  case  that  an  increased  number  of  signal  con- 

6 
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verters  (for  converting  the  n-low  signal  into  the  linear 
PCM  signal  for  addition  and  for  converting  the  linear 
PCM  signal  to  the  n-low  signal  for  obtaining  an  analog 
signal)  are  provided  in  the  signal  path  from  the  addi- 
tion  of  speech  signals  of  a  plurality  of  channels  to  the 
production  of  one  analog  signal.  In  this  case,  if  gen- 
eration  of  the  quantizing  noise  in  each  converter  is  not 
limited,  the  signal  finally  produced  contains  an  in- 
creased  amount  of  quantizing  noise.  As  a  result,  the 
distorted  component  in  the  speech  signal  is  increased 
to  remarkably  deteriorate  the  sound  quality  of  the 
speech. 

In  the  circuit  arrangement  of  the  present  embodi- 
ment  as  described  above,  the  linear  PCM  signal  gen- 
erated  in  ADPCM  codec  LSI  100  is  directly  taken  out 
to  exterior.  The  external  adder  adds  (composes)  this 
signal  to  the  linear  PCM  signal  likewise  derived  from 
other  LSI  or  LSIs.  The  added  signal  is  again  fed  to  one 
LSI.  The  LSI  generates  a  n-low  PCM  signal  using  the 
received  added  signal.  This  circuit  arrangement  indi- 
cates  that  the  need  for  signal  conversion  is  mini- 
mized.  Therefore,  mixing  the  quantizing  noise  into  the 
speech  signal  is  limited  in  an  extreme.  This  effect  of 
the  present  invention  is  larger,  as  the  number  of  chan- 
nels  is  more  increased.  Therefore,  application  of  the 
IC  circuit  according  to  the  present  invention  for  the 
multichannel  speech  communication  system  would 
be  most  effective. 

Finally,  an  ADPCM  codec  LSI  which  is  a  second 
embodiment  of  the  present  invention  will  be  descri- 
bed  referring  to  Fig.  7.  The  ADPCM  codec  LSI  200 
shown  in  Fig.  7  is  used  as  a  predictive  encoding  circuit 
in  a  1  :  n  data  communication  system,  as  in  the  first 
embodiment.  This  LSI  200  is  featured  by  the  use  of 
synchronous  coding  adjustment  circuit  202.  The  p.- 
low  PCM  codec  unit  located  at  the  post  stage  of 
ADPCM  LSI  200  is  like  the  codec  116  in  the  Fig.  6  em- 
bodiment,  and  hence  it  will  not  be  explained  merely 
attaching  like  reference  numeral  to  its  block. 

ADPCM  codec  LSI  200  includes  predictive  en- 
coding  circuit  204.  Circuit  204  is  made  up  of  inverse 
quantizing  circuit  206,  predictor  filter  208,  and  adder 
210,  as  known  in  the  art.  The  input  terminal  21  2  of  LSI 
200  is  connected  to  the  input  of  circuit  206.  The  first 
output  terminal  of  circuit  206  is  connected  through  ad- 
der  21  0  to  the  first  input  of  switch  circuit  214.  The  first 
output  of  circuit  206  is  further  connected  through  pre- 
dictor  208  to  adder  210.  With  this  connection,  adder 
210  sums  a  difference  signal  from  inverse  quantizing 
circuit  206  and  a  predictive  signal  generated  by  pre- 
dictor  208,  and  produces  it  as  the  output  signal  of  cir- 
cuit  204.  A  decoded  signal  from  adder  210  is  fed  back 
to  filter  208,  in  the  form  of  a  new  sample  signal.  Pre- 
dictive  filter  208  generates  a  new  predictive  signal  us- 
ing  this  signal,  and  feeds  it  to  adder  210. 

As  in  the  first  embodiment  shown  in  Fig.  6,  LSI 
200  is  provided  with  linear  PCM  signal  output  terminal 
216  and  linear  PCM  signal  input  terminal  218.  Since 

output  terminal  216  is  connected  to  the  output  of  cir- 
cuit  204,  the  output  signal  of  the  adder  210  contained 
in  circuit  204  is  transferred  not  only  to  switch  circuit 
214  but  also  to  this  terminal  216.  Accordingly,  if  nec- 

5  essary,  the  linear  PCM  signal  generated  by  decoding 
circuit  204  can  directly  be  output  from  LSI  200  to  ex- 
terior.  Input  terminal  218  is  connected  to  the  second 
input  of  switch  circuit  214.  With  this  connection,  the 
linear  PCM  signal  supplied  from  an  external  circuit 

10  (not  shown)  to  this  terminal  21  8  is  directly  transferred 
to  the  second  input  of  switch  circuit  214.  Responsive 
to  the  control  signal  applied  from  the  control  terminal 
220  of  LSI  200  to  the  input  terminal,  circuit  214  per- 
forms  the  switching  operation,  to  transfer  to  PCM  for- 

15  mat  converter  222  either  of  a  decoded  signal  (linear 
PCM  signal)  from  decoding  circuit  204  or  a  linear 
PCM  signal  supplied  through  terminal  218  from  exter- 
ior.  PCM  format  converter  222  converts  the  linear 
PCM  signal  into  non-linear  PCM  signal  such  as  n-low 

20  PCM  signal,  which  is  then  supplied  to  synchronous 
coding  adjustment  circuit  202. 

Synchronous  coding  adjustment  circuit  202  is  de- 
signed  according  to  the  recommendation  G.721  of 
CCITT,  in  order  to  prevent  the  speech  signal  from  be- 

25  ing  distorted  when  the  conversion  between  the  PCM 
and  ADPCM  signals  is  repeated  in  the  digital  trans- 
mission  path.  In  addition  to  the  n-low  PCM  speech 
signal  from  PCM  signal  converter  222  (reproduced 
speech  signal),  circuit  202  receives  an  ADPCM  signal 

30  supplied  to  the  input  terminal  212  of  LSI  200,  a  quan- 
tizing  factor  signal  from  inverse  quantizing  circuit 
206,  a  predictive  signal  from  predictive  filter  208,  and 
a  control  signal  from  terminal  220.  Circuit  202  simu- 
lates  the  operation  of  the  ADPCM  encoder  by  using 

35  the  n-low  PCM  speech  signal,  the  quantizing  factor 
signal,  and  the  predictive  signal.  In  response  to  the 
control  signal,  circuit  202  simulates  the  operation  of 
ADPCM  encoder  by  using  the  n-low  PCM  signal,  the 
quantizing  factor  signal  and  the  predictive  signal.  An 

40  ADPCM  signal  predicted  as  obtained  by  the  ADPCM 
encoder  is  compared  with  an  ADPCM  signal  actually 
applied  to  the  input  terminal  212  of  LSI  200.  If  these 
signals  are  coincident  with  each  other,  circuit  202  di- 
rectly  transfers  to  LSI  output  terminal  224  the  n-low 

45  PCM  speech  signal  from  PCM  signal  converter  222. 
If  these  signals  are  not  coincident,  circuit  202  incre- 
ments  the  n-low  PCM  speech  signal  by  one  unit  for 
compensation,  and  transfers  the  compensated  one  to 
output  terminal  224.  (It  has  been  mathematically 

so  proved  and  known  among  those  skilled  in  the  art  that 
when  two  PCM  signals  are  not  coincident,  these  sig- 
nals  can  be  made  coincident  with  each  other  by  incre- 
menting  the  n-low  PCM  signal  by  one  unit.)  By  appro- 
priately  compensating  the  u-low  PCM  signal  generat- 

55  ed  by  LSI  output  terminal  224  by  circuit  202,  the  dis- 
tortion  accumulated  in  the  reproduced  speech  signal 
is  zero,  even  if  the  signal  conversion  is  repeated. 

In  the  circuit  arrangement  as  mentioned  above, 
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the  control  terminal  of  synchronous  coding  adjust- 
ment  circuit  202  contained  in  LSI  200  is  directly  con- 
nected  to  the  control  terminal  LSI  200  (to  which  the 
control  signal  is  supplied  from  exterior).  The  execu- 
tion/stop  of  the  compensating  operation  of  circuit  202 
can  simply  and  directly  be  controlled  by  the  control 
signal  transferred  to  LSI  200.  When  this  LSI  200  is  ap- 
plied  for  the  three-party  telephone  conference  com- 
munication  system  as  described  referring  to  Fig.  6, 
the  speech  signals  output  from  the  linear  PCM  signal 
output  terminals  (216)  of  a  plurality  of  LSIs  are  added 
together  by  an  external  adder  (not  shown).  The  result 
of  the  addition  is  input  to  the  input  terminal  (218)  for 
linear  PCM  signal  of  a  single  LSI.  In  such  a  case,  there 
is  no  need  for  the  signal  compensating  function  of  cir- 
cuit  202  contained  in  LSI  200.  The  use  of  the  control 
signal  supplied  to  the  control  terminal  220  of  LSI  200 
in  Fig.  7  eliminates  the  need  for  that  function  of  circuit 
202.  Thus,  LSI  200  may  have  a  variety  of  applica- 
tions.  In  this  respect,  the  three  additional  terminals 
216,  218  and  220  of  LSI  200  are  very  important. 

Although  the  present  invention  has  been  shown 
and  described  with  reference  to  particular  embodi- 
ments,  various  changes  and  modifications  which  are 
obvious  to  a  person  skilled  in  the  art  to  which  the  in- 
vention  pertains  are  deemed  to  lie  with  the  scope  of 
the  invention.  For  example,  the  present  invention  may 
be  realized  by  software  or  modified  so  as  to  receive 
a  great  number  of  input  signals. 

This  Application  is  divided  from  European  Patent 
Application  No.  86301464.3,  Published  as  EP-A- 
0193409. 

Claims 

1.  A  digital  communications  system  comprising  a 
plurality  of  integrated  circuit  devices  (100  ;  200) 
and  an  adder  circuit  (122)  associated  therewith, 
each  integrated  circuit  device  comprising  decod- 
er  means  (1  02,  1  04)  for  receiving  an  adaptive  dif- 
ference  pulse  code  modulation  (ADPCM)  data 
signal  (A1,  A2)  supplied  at  an  input  terminal  (La, 
Lb)  of  said  integrated  circuit  device,  and  for  con- 
verting  the  ADPCM  data  signal  (A1  ,  A2)  into  a  lin- 
ear  PCM  data  signal  (A1  ',  A2')  at  an  output  of  said 
decoder  means,  and  linear-to-nonlinear  signal 
converter  means  (112,  222)  for  receiving  a  linear 
PCM  signal  supplied  thereto  and  for  converting 
the  linear  PCM  signal  into  a  non-linear  PCM  sig- 
nal,  CHARACTERIZED  IN  THAT 

each  device  further  comprises  signal 
transmission  means  (104,  106,  108)  for  allowing 
the  first  linear  PCM  data  signal  to  go  externally 
out  of  said  device  toward  the  adder  circuit  (122) 
associated  with  said  device,  and  for  causing  the 
first  linear  PCM  data  signal  and  an  output  signal 
of  the  adder  circuit  (122)  to  pass  through  it  selec- 

tively  toward  said  linear-to-nonlinear  signal  con- 
verter  means  (112,  222),  and  IN  THAT 

said  signal  transmission  means  includes: 
a  first  external  connection  terminal  (106, 

5  216)  connected  to  the  output  of  said  decoder 
means  (102,  204); 

a  second  external  connection  terminal 
(108,218); 

a  switch  circuit  (104,  214)  having  a  first  in- 
10  put  connected  to  said  first  external  connection 

terminal,  a  second  input  connected  to  said  sec- 
ond  external  connection  terminal,  and  an  output 
connected  to  an  input  of  said  linear-to-nonlinear 
signal  converter  means  (112,  222),  for  perform- 

15  ing  a  switching  operation  in  response  to  a  control 
signal;  and  a  third  external  connection  terminal 
(110,  220)  whereat  the  control  signal  is  fed  ex- 
ternally  to  be  supplied  to  said  switch  circuit. 

20  2.  A  system  according  to  Claim  1,  in  which  said  first 
external  connection  terminal  (106,  216)  is  con- 
nected  to  an  input  of  said  adder  circuit  (120),  thus 
allowing  said  second  external  connection  termi- 
nal  (108,  218)  to  be  coupled  to  said  output  signal 

25  of  said  adder  circuit  (120). 

3.  A  system  according  to  Claim  1,  in  which  said  in- 
tegrated  circuit  device  further  comprises: 

a  synchronous  coding  circuit  (202)  having 
30  an  input  connected  to  an  output  of  said  nonlinear- 

to-linear  signal  converting  means  (222),  an  out- 
put  connected  to  an  output  terminal  (224)  of  said 
device,  and  a  control  signal  input  directly  con- 
nected  to  said  third  external  connection  terminal 

35  (220),  whereby  said  synchronous  coding  circuit 
(202)  may  be  controlled  by  a  control  signal  sup- 
plied  to  said  third  external  connection  terminal 
(220). 

40 
Patentanspruche 

1.  Digitales  Kommunikationssystem,  welches  eine 
Vielzahl  integrierter  Schaltungsvorrichtungen 

45  (100;  200)  und  eine  zugehorige  Addierschaltung 
(122)  umfalit,  wobei  jede  integrierte  Schaltungs- 
vorrichtung  eine  Decodiereinrichtung  (102,  104) 
zum  Empfang  eines  adaptiven  Differenz-Puls- 
Code-Modulations-(ADPCM)-Datensignals  (A1  , 

so  A2),  welches  an  einen  Eingangsanschluli  (La, 
Lb)  der  integrierten  Schaltungsvorrichtung  ge- 
legt  wird,  und  zur  Wandlung  des  ADPCM- 
Datensignals  (A1,  A2)  zu  einem  linearen  PCM- 
Datensignal  (A1  ',  A2')  an  einem  Ausgang  der  De- 

55  codiereinrichtung  sowie  eine  lineare/nichtlineare 
Signalwandlereinrichtung  (112,  122)  zum  Emp- 
fang  eines  dorthin  gelieferten  PCM-Signals  und 
zur  Wandlung  des  linearen  PCM-Signals  in  ein 
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nichtlineares  PCM-Signal  umfalit,  DADURCH 
GEKENNZEICHNET,  DASS  jede  Vorrichtung 
des  weiteren  Signalubertragungseinrichtungen 
(104,  106,  108)  umfalit,  urn  es  dem  ersten  linea- 
ren  PCM-Datensignal  zu  ermoglichen,  aus  der 
Vorrichtung  heraus  zu  der  der  Vorrichtung  zuge- 
horigen  Addierschaltung  (122)  gefuhrt  zu  werden 
und  urn  das  erste  lineare  PCM-Datensignal  und 
ein  Ausgangssignal  der  Addierschaltung  (122)  zu 
veranlassen,  diese  selektiv  in  Richtung  derlinea- 
ren/nichtlinearen  Signalwandlereinrichtung  (112, 
122)  zu  passieren,  und  DASS  die  Signalubertra- 
gungseinrichtung  folgendes  umfalit:  einen  ersten 
externen  Verbindungsanschluli  (106,  216),  wel- 
cher  mit  dem  Ausgang  der  Decodiereinrichtung 
(102,  204)  verbunden  ist; 
einen  zweiten  externen  Verbindungsanschluli 
(108,218); 
einen  Schaltkreis  (104,  214),  von  welchem  ein  er- 
ster  Eingang  mit  dem  ersten  externen  Verbin- 
dungsanschluli,  ein  zweiter  Eingang  mit  dem 
zweiten  externen  Verbindungsanschluli  und  ein 
Ausgang  mit  einem  Eingang  der  linearen/nichtli- 
nearen  Signalwandlereinrichtung  (112,  122)  zur 
Ausfuhrung  einer  Schaltoperation  als  Reaktion 
auf  ein  Steuersignal  gekoppelt  ist;  und  einen  drit- 
ten  externen  Verbindungsanschluli  (110,  220), 
an  welchen  das  Steuersignal  extern  gelegtwird, 
urn  an  den  Schaltkreis  geliefert  zu  werden. 

2.  System  gemali  Anspruch  1,  in  welchem  der  er- 
sten  externe  Verbindungsanschluli  (1  06,  21  6)  mit 
einem  Eingang  der  Addierschaltung  (120)  ver- 
bunden  ist,  so  dali  der  zweite  externe 
Verbindunganschluli  (108,  218)  mit  dem  Aus- 
gangssignal  der  Addierschaltung  (120)  gekoppelt 
werden  kann. 

3.  System  gemali  Anspruch  1  ,  in  welchem  die  inte- 
grierte  Schaltungsvorrichtung  des  weiteren  fol- 
gendes  umfalit:  eine  Synchroncodierschaltung 
(202),  von  welcher  ein  Eingang  mit  einem  Aus- 
gang  der  nichtlinearen/linearen  Signalwandler- 
einrichtung  (222),  ein  Ausgang  mit  einem  Aus- 
gangsanschluli  (224)  der  Vorrichtung  und  ein 
Steuersignaleingang  unmittelbar  mit  dem  dritten 
externen  Verbindungsanschluli  (220)  gekoppelt 
ist,  wodurch  die  Synchroncodierschaltung  (202) 
durch  ein  an  den  dritten  externen  Verbindungs- 
anschluli  (220)  gelegtes  Steuersignal  gesteuert 
werden  kann. 

Revendications 

1  .  Systeme  de  communications  numerique  compor- 
tant  une  pluralite  de  dispositifs  de  circuits  inte- 
gres  (100;  200)  et  un  circuit  additionneur  (122) 

associe  a  ceux-ci,  chaque  dispositif  de  circuit  in- 
tegre  comportant  un  decodeur  (1  02,  1  04)  pour  re- 
cevoirun  signal  de  donnees  a  modulation  parco- 
dage  d'impulsions  differentielle  adaptative 

5  (ADPCM)  (A1  ,  A2)  applique  a  une  borne  d'entree 
(La,  Lb)  dudit  dispositif  de  circuit  integre,  et  pour 
convertir  le  signal  de  donnees  ADPCM  (A1,  A2) 
en  un  signal  de  donnees  MIC  lineaire  (A1',  A2')  a 
une  sortie  dudit  decodeur,  et  un  convertisseur  de 

10  signal  lineaire  en  signal  non  lineaire  (112,  122) 
pour  recevoir  un  signal  MIC  lineaire  qui  lui  est  ap- 
plique  et  pour  convertir  le  signal  MIC  lineaire  en 
un  signal  MIC  non  lineaire,  caracterise  en  ce  que 

chaque  dispositif  comporte  en  outre  des 
15  moyens  de  transmission  de  signaux  (104,  106, 

108)  pour  permettre  au  premier  signal  de  don- 
nees  MIC  lineaire  de  sortir  dudit  dispositif  vers  le 
circuit  additionneur  (122)  associe  audit  dispositif, 
et  pour  amener  le  premier  signal  de  donnees  MIC 

20  lineaire  et  un  signal  de  sortie  du  circuit  addition- 
neur  (122)  a  le  traverser  selectivement  vers  ledit 
convertisseur  de  signaux  lineaires  en  signaux 
non  lineaires  (112,  122),  et  en  ce  que 

lesdits  moyens  de  transmission  de  si- 
25  gnaux  comprennent 

une  premiere  borne  de  liaison  exterieure 
(106,  216)  reliee  a  la  sortie  dudit  decodeur  (102, 
204); 

une  seconde  borne  de  liaison  exterieure 
30  (108,2  1  8); 

un  circuit  de  commutation  (104,  214)  pos- 
sedant  une  premiere  entree  reliee  a  ladite  pre- 
miere  borne  de  liaison  exterieure,  une  seconde 
entree  reliee  a  ladite  seconde  borne  de  liaison 

35  exterieure,  et  une  sortie  reliee  a  une  entree  dudit 
convertisseur  de  signaux  lineaires  en  signaux 
non  lineaires  (112,  222),  pour  effectuer  une  ope- 
ration  de  commutation  en  reponse  a  un  signal  de 
commande  ;  et  une  troisieme  borne  de  liaison  ex- 

40  terieure  (110,  220)  a  laquelle  le  signal  de 
commande  est  applique  exterieurement  pour  etre 
delivre  audit  circuit  de  commutation. 

2.  Systeme  selon  la  revendication  1  ,  dans  lequel  la- 
45  dite  borne  de  liaison  exterieure  (106,  216)  est  re- 

liee  a  une  entree  dudit  circuit  additionneur  (120), 
permettant  ainsi  a  ladite  seconde  borne  de  liai- 
son  exterieure  (1  08,  208)  d'etre  reliee  audit  signal 
de  sortie  dudit  circuit  additionneur  (120). 

50 
3.  Systeme  selon  la  revendication  1  ,  dans  lequel  le- 

dit  dispositif  de  circuit  integre  comporte  en  outre: 
un  circuit  de  codage  synchrone  (202)  pos- 

sedant  une  entree  reliee  a  une  sortie  desdits 
55  moyens  de  conversion  de  signaux  lineaires  en  si- 

gnaux  non  lineaires  (222),  une  sortie  reliee  a  une 
borne  de  sortie  (224)  dudit  dispositif,  et  un  signal 
de  commande  applique  directement  a  ladite  troi- 
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sieme  borne  de  liaison  exterieure  (220),  de  telle 
sorte  que  ledit  circuit  de  codage  synchrone  (202) 
puisse  etre  commande  parun  signal  de  comman- 
de  applique  a  ladite  troisieme  borne  de  liaison  ex- 
terieure  (220).  5 
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