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Description 

The  present  invention  relates  to  non  linear 
adaptive  filters  of  the  type  in  which  values  are 
stored  in  a  processing  means  and  are  adapted  in  5 
response  to  an  error  signal. 

Adaptive  filters  may  be  used  to  reduce  the 
level  of  noise  present  in  an  input  signal.  Samples 
of  a  noise  source  signal  (correlated  to  the  noise 
present  in  the  input  signal)  are  supplied  to  a  10 
processing  circuit  to  produce  a  cancellation 
signal.  The  cancellation  signal  is  in  turn  sub- 
tractively  combined  with  the  input  signal  to 
produce  an  output  signal  and  an  error  signal.  The 
error  signal  is  supplied  to  an  adaptation  circuit  15 
which  updates  the  characteristics  of  the 
processing  circuit  to  minimise  the  error  signal 
and  maintain  the  noise  in  the  output  signal  below 
an  unacceptable  level. 

Non  linear  filters  are  known  which  are  capable  20 
of  modelling  any  non  linear  function.  A  prede- 
termined  number  of  noise  samples  are  stored  by 
a  delay  line  providing  a  plurality  of  tap  values. 
The  tap  values  collectively  form  the  address  to  a 
random  access  memory  device  (RAM)  and  the  25 
addressed  values  provide  the  cancellation  signal. 
Thus  if  N  samples  are  stored  in  the  shift  register 
and  each  sample  has  M  bits  the  total  number  of 
storage  locations  in  the  RAM  is  two  to  the  power 
of  the  product  of  N  and  M.  Furthermore  in  known  30 
filters  of  this  type  a  value  stored  in  the  RAM  can 
only  be  updated  by  the  adaptation  circuit  when  it 
is  actually  addressed.  It  therefore  follows  that 
once  adaptation  is  initiated  a  finite  period 
elapses  before  the  noise  in  the  output  signal  35 
reaches  an  acceptable  level.  The  interval  be- 
tween  initiating  adaptation  and  the  start  of 
satisfactory  cancellation  is  referred  to  herein  as 
the  initial  training  period. 

The  problem  of  slow  adaptation  in  non  linear  40 
filters  is  identified  in  an  article  by  0  Agazzi  and  D 
Messerschmitt  titled  "Non  Linear  Echo  Cancel- 
lation  of  Data  Signals"  published  in  transactions 
of  the  IEEE  on  communications  volume  COM  30 
No  11  in  November  1982.  The  disclosed  system  45 
does  not  provide  a  general  non  linear  filter  but 
merely  provides  a  linear  filter  which  is  modified 
to  model  a  particular  non  linear  function.  A  linear 
filter  stores  a  plurality  of  tap  values,  as  described 
above,  but  each  tap  value  is  multiplied  by  a  50 
coefficient  to  form  a  product.  The  cancellation 
signal  is  formed  by  the  sum  of  said  products. 

Agazzi  compensates  for  non  linearities  by  using 
extra  taps.  However  as  the  function  being 
modelled  becomes  more  non  linear  so  the  55 
number  of  taps  required  increases  exponentially. 
The  Agazzi  approach  therefore  has  two  major 
disadvantages.  Firstly  it  is  only  suitable  for 
relatively  minor  non  linearities  and,  secondly,  the 
nature  of  the  non  linearity  being  modelled  must  60 
be  known. 

It  is  an  object  of  the  present  invention  to 
reduce  the  initial  training  period  of  a  non-linear 
filter  while  retaining  the  filter's  ability  to  model 
non  linear  functions.  65 

According  to  a  first  aspect  of  the  present 
invention  there  is  provided  a  non  linear  adaptive 
filter  comprising  means  for  receiving  samples  of 
a  noise  source  signal,  processing  means  for 
processing  a  predetermined  number  of  said 
samples  with  values  stored  in  said  processing 
means  to  produce  a  cancellation  signal,  means 
for  combining  the  cancellation  signal  with  an 
input  signal  to  produce  an  error  signal,  and 
adaptation  means  arranged  to  receive  said  error 
signal  and  adapt  said  stored  values  so  that  said 
error  signal  is  substantially  reduced  over  an  initial 
training  period:  characterised  in  that  the 
adaptation  means  comprises  a  first  adaptation 
means  for  adapting  the  processing  means  ac- 
cording  to  a  linear  algorithm  during  a  first  part  of 
the  initial  training  period  and  a  second  adaptation 
means  for  adapting  the  processing  means  ac- 
cording  to  a  non  linear  algorithm  after  said  first 
part  of  said  initial  training  period. 

An  advantage  of  the  invention  is  that  the 
duration  of  the  initial  training  period  is  signifi- 
cantly  reduced  whilst  the  filter's  ability  to  model 
non  linear  functions  is  retained. 

In  a  preferred  embodiment  the  processing 
means  comprises  a  linear  filter,  a  separate  non 
linear  filter  and  means  for  combining  the  output 
from  each  of  said  filters  wherein  the  first 
adaptation  means  adapts  said  linear  filter  during 
the  first  part  of  the  initial  training  period  and  the 
second  adaptation  means  adapts  said  non  linear 
filter  thereafter.  An  advantage  of  this  em- 
bodiment  is  that  the  processor  essentially  con- 
sists  of  a  standard  linear  filter  in  parallel  with  a 
non  linear  filter.  From  a  mathematical  point  of 
view  the  system  according  to  the  invention  may 
be  seen  as  modelling  a  Taylor  expansion  of  the 
non  linear  function  in  which  the  linear  filter 
models  the  first  linear  term  and  the  non  linear 
filter  models  the  remaining  terms.  It  therefore 
follows  that  the  filter  will  adapt  more  quickly  if 
the  non  linear  terms  of  the  expansion  are  rela- 
tively  small. 

In  an  alternative  preferred  embodiment  the 
processing  means  comprises  a  random  access 
memory  device  which  stores  all  possible  output 
values  to  provide  a  non  linear  filter  wherein 
coefficients  for  a  linear  filter  are  addressed  as 
part  of  said  memory  after  the  first  part  of  the 
initial  training  period.  An  advantage  of  this 
embodiment  is  that  the  storage  requirements  are 
reduced  by  storing  linear  coefficients  within  the 
RAM  of  the  non  linear  filter. 

In  a  second  alternative  preferred  embodiment 
the  processing  means  comprises  a  random 
access  memory  device  which  stores  all  possible 
output  values  to  provide  a  non  linear  filter 
wherein  the  first  adaptation  means  adapts  a 
plurality  of  values  according  to  a  linear  algorithm 
during  the  first  part  of  the  initial  training  period 
when  one  value  is  required  to  provide  a  cancel- 
lation  signal.  An  advantage  of  this  embodiment  is 
that  operation  according  to  the  non  linear 
algorithm  is  essentially  the  same  as  standard  non 
linear  operation. 
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The  invention  will  now  be  described  by  way  of 
example  only  with  reference  to  the  ac- 
companying  drawings  of  which 

Figure  1  shows  a  non  linear  filter  in  which  the 
output  from  a  transversal  linear  filter  is  combined 
with  the  output  from  a  look-up  table  filter. 

Figure  2A  shows  the  error  response  of  a  look 
up  table  filter  over  its  initial  training  period  when 
modelling  a  non  linear  function; 

Figure  2B  shows  the  error  response  of  a  linear 
filter  over  its  initial  training  period  with  the  same 
time  scale  as  Figure  2A  and  while  modelling  a 
similar  non  linear  function; 

Figure  2C  shows  the  error  response  of  the  filter 
shown  in  Figure  1  under  similar  circumstances  to 
Figures  2A  and  2B. 

Figure  3  shows  a  preferred  filter  disclosed  in 
European  Patent  Application  EP-A-152  172; 

Figure  4  shows  a  filter  based  on  the  structure 
of  the  filter  shown  in  Figure  3  embodying  the 
present  invention;  and 

Figure  5  shows  an  alternative  filter  to  that 
shown  in  Figure  4. 

A  non  linear  filter  incorporating  the  present 
invention  is  shown  in  Figure  1.  A  processor  10 
receives  a  noise  source  signal  on  a  line  11 
wherein  samples  of  the  noise  source  signal  are 
stored  to  produce  a  cancellation  signal  on  a  line 
12.  A  circuit  14  subtracts  the  cancellation  signal 
from  an  input  signal  on  a  line  15  to  produce  an 
output  on  a  line  16  and  an  error  signal  on  a  line 
17.  The  error  signal  is  supplied  to  an  adaptation 
circuit  18  which  adapts  values  stored  in  the 
processor  10. 

The  processor  10  comprises  a  transversal  linear 
filter  20  and  a  non  linear  look-up  table  filter  21 
each  having  N  taps.  The  output  from  filter  20  is 
combined  with  the  output  from  filter  21  by  a 
summation  circuit  22  to  produce  the  cancellation 
signal  on  line  12. 

Figure  2  shows  three  plots,  2A,  2B  and  2C,  of  an 
error  signal  against  time  over  an  initial  training 
period.  In  2A  the  processor  10  is  assumed  to 
consist  solely  of  the  non  linear  filter  21  and  at 
time  T3  the  error  signal  reaches  an  acceptable 
value  E1.  In  2B  the  processor  10  is  assumed  to 
consist  solely  of  the  linear  filter  20  and  the  error 
signal  starts  at  the  same  unacceptable  level  E3 
but  quickly  reaches  a  value  of  E2  at  time  T1. 
However  the  error  signal  levels  out  at  this  value 
and  never  reaches  E1.  2C  shows  the  error  re- 
sponse  of  the  combined  filters  of  Figure  1  . 

During  a  first  part  of  the  initial  training  period 
the  linear  filter  20  is  adapted  by  a  first  circuit  22  in 
the  adaptation  circuit  18.  Circuit  22  receives  the 
error  signal  via  a  switch  23  which  is  ganged  with 
a  similar  switch  24.  At  time  T1  switch  23  is 
opened  and  switch  24  is  closed  thus  supplying 
the  error  signal  to  a  second  circuit  25,  in  the 
adaptation  circuit,  which  adapts  the  non  linear 
filter  21.  After  the  first  part  of  the  initial  training 
period  the  coefficients  in  the  linear  filter  20  are 
not  adapted  but  filter  20  continues  to  provide  an 

Preferably  RAM's  in  all  of  the  preferred  em- 
bodiments  are  updated  during  memory  refresh 
cycles.  In  a  preferred  embodiment  the  processing 
means  comprises  a  plurality  of  unit  delay  devices 
to  provide  a  tap  to  each  of  a  respective  sub  5 
processing  unit  wherein  each  subprocessing  unit 
is  adapted  according  to  linear  algorithm  during 
the  first  part  of  the  initial  training  period  and 
each  subprocessing  unit  is  adapted  according  to 
a  non-linear  algorithm  after  the  initial  part  of  the  10 
initial  training  period.  This  embodiment  is 
preferably  arranged  to  model  a  zero  memory  non 
linearity  followed  by  linear  dispersion  as  dis- 
closed  in  European  Patent  Application  No  152  172 
of  Adams  and  Cowan.  A  model  for  this  type  of  15 
function  is  also  shown  in  an  article  by  J  C 
Stapleton  and  S  C  Bass  in  an  article  titled 
"Adaptive  Noise  Cancellation  for  a  Class  of 
Nonlinear,  Dynamic  Reference  Channels"  pub- 
lished  in  transactions  of  the  IEEE  on  circuits  and  20 
systems  VOL  CAS  32  of  February  1985.  However 
in  this  system,  as  shown  in  Figure  3,  linear 
coefficients  h  are  formed  in  addition  to  the  non 
linear  functions  f(.)  modelled  by  RAMs.  The 
disclosure  is  concerned  with  processing  large  25 
numbers  and  requires  that  only  the  linear  coef- 
ficients  or  the  non  linear  values  may  be  updated 
during  each  update  cycle.  The  operation  of  the 
filter  as  a  whole  is  never  performed  in  accord- 
ance  with  a  linear  algorithm  and  in  some  circum-  30 
stances  the  implementation  of  this  teaching  into 
a  system  could  result  in  the  initial  training  period 
being  increased. 

Preferably  in  the  present  invention  the 
adaptation  means  operates  according  to  a  least  35 
mean  square  algorithm.  This  provides  the  advan- 
tage  of  allowing  adaptation  of  the  overall  filter 
without  splitting  the  operation  into  serial  sec- 
tions. 

According  to  a  second  aspect  of  the  present  40 
invention  there  is  provided  a  method  of  adapting 
a  non  linear  filter  during  an  initial  training  period 
in  which  a  predetermined  number  of  samples  of  a 
noise  source  signal  are  processed  with  values 
stored  in  a  processor  to  produce  a  cancellation  45 
signal:  characterised  in  that  the  processing 
means  is  adapted  according  to  a  linear  algorithm 
during  a  first  part  of  the  initial  training  period  and 
the  processing  means  is  adapted  according  to  a 
non  linear  algorithm  after  said  first  part.  50 

The  filter  is  particularly  suitable  for  use  in  an 
echo  canceller. 

According  to  a  third  aspect  of  the  present 
invention  there  is  provided  an  echo  canceller  in 
which  received  data  includes  noise  due  to  55 
transmitted  data,  comprising  a  digital  filter  ar- 
ranged  to  receive  samples  of  a  noise  source 
signal  indicative  of  the  transmitted  signal  to 
produce  a  cancellation  signal,  wherein  the 
characteristics  of  the  filter  are  adapted  in  re-  60 
sponse  to  an  error  signal:  characterised  in  that 
the  digital  filter  includes  means  for  adapting  said 
characteristics  according  to  a  linear  algorithm 
during  a  first  part  of  an  initial  training  period  and 
thereafter  according  to  a  non  linear  algorithm.  65 

3 
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output  which  is  combined  with  a  updated  non 
linear  contribution  from  the  non  linear  filter  21  . 

Fast  adapting  non-linear  filters  according  to  the 
present  invention  may  be  used  in  echo  cancellers 
and  in  particular  in  echo  cancellers  for  data  5 
modems.  An  echo  canceller  of  this  type  is 
described  in  the  above  mentioned  European 
patent  Application.  A  preferred  non-linear  filter 
for  this  application  is  shown  in  Figure  3.  A  noise 
source  signal  on  a  line  50  consisting  of  N  bits  is  10 
supplied  to  a  delay  line  having  a  plurality  of  unit 
delays  51.  The  noise  source  signal  and  the  output 
from  each  subsequent  delay  provide  address 
taps  for  RAMs  52.  The  structure  shown  is  equiva- 
lent  to  a  model  consisting  of  a  linear  dispersion,  15 
followed  by  a  memory-less  non-linearity,  fol- 
lowed  by  a  linear  dispersion.  If  T  taps  provide  an 
address  for  a  RAM  52  then  the  number  of  values 
stored  in  each  RAM  is  given  by  two  to  the  power 
of  the  product  of  N  and  T.  During  adaptation  20 
according  to  a  non-linear  algorithm  only  one  of 
these  values  is  updated  during  each  adaptation 
cycle  resulting  in  a  relatively  long  training  period. 

A  preferred  embodiment  according  to  the 
present  invention  is  shown  in  Figure  4.  Unit  25 
delays  71  are  similar  to  unit  delays  51.  A  RAM  72 
requires  one  less  storage  location  than  RAM  52 
and  a  summation  circuit  73  is  similar  to  circuit  53. 
During  the  first  part  of  the  initial  training  period 
an  output  contribution  is  generated  on  a  line  74  30 
by  processing  a  first  input  tap  on  a  line  75  in  a 
linear  circuit  76.  The  filter  therefore  operates  as  a 
transversal  linear  filter  in  which  circuit  76  consists 
of  a  multiplier  77,  a  summation  circuit  78,  a  unit 
delay  79  and  a  second  multiplier  80.  35 

The  values  stored  in  the  RAM  72  are  all  zero 
during  the  first  part  of  the  initial  training  period 
thus  during  said  first  part  there  is  no  output  from 
RAM  72  on  a  line  81.  A  switch  82  is  closed  and  a 
switch  83  is  open.  The  linear  circuit  76  receives  40 
the  error  signal  via  a  scaling  circuit  84  which  is 
supplied  to  the  multiplier  77. 

During  the  secondary  part  of  the  initial  training 
period  the  filter  of  Figure  4  adapts  according  to  a 
non-linear  algorithm  and  RAM  72  is  addressed  by  45 
a  plurality  of  taps  -  a  second  tap  85  is  shown  in 
Figure  4.  Switch  82  is  now  open  and  switch  83  is 
closed,  as  shown  in  the  figure.  Taps  75  and  85  are 
supplied  to  a  logic  circuit  86  which  produces  an 
output  of  one  for  one  and  only  one  of  the  50 
possible  two  to  the  power  of  the  product  of  N 
and  T  tap  values  -  in  this  embodiment  T  equals 
two.  For  all  other  tap  values  the  output  from  logic 
circuit  86  is  zero. 

To  ensure  a  smooth  transition  from  the  first  55 
part  of  the  initial  training  period  to  the  secondary 
part  of  said  initial  training  period  the  linear  circuit 
continues  to  operate  during  said  second  part.  It  is 
adapted  to  store  one  particular  contribution 
which  is  identified  by  the  logic  circuit  86.  For  all  60 
other  contributions  the  linear  coefficient  is  also 
employed  but  is  then  combined  with  a  value 
stored  in  the  RAM  72.  When  any  of  the  contribu- 
tions  requiring  a  value  stored  in  the  RAM  72  are 
used  then  only  that  particular  value  in  the  RAM  is  65 

adapted:  this  is  achieved  by  a  first  memory 
refresh  circuit  87.  However  when  the  linear 
coefficient  is  used  alone  it  is  then  adapted  and  all 
the  values  stored  in  the  RAM  72  must  also  be 
adapted  by  a  value  equal  to  the  inverse  of  the 
change  in  the  value  stored  in  circuit  76.  This  is 
achieved  by  a  second  RAM  refresh  circuit  88.  The 
RAM  72  employs  dynamic  memory  which  must 
be  refreshed,  therefore,  changing  values  during  a 
refresh  cycle  (as  performed  by  circuit  88)  is  not 
substantially  more  difficult  than  performing  a 
normal  refresh.  During  each  adaptation  cycle  the 
required  refresh  circuit  (87  or  88)  is  enabled  by 
the  logic  circuit  86. 

When  the  output  from  the  logic  circuit  86  is 
zero  the  first  refresh  circuit  87  is  enabled  and  a 
zero  is  supplied  to  multiplier  77  thus  effectively 
disabling  the  linear  coefficient  circuit  76.  Minus 
one  half  is  subtracted  from  the  zero,  from  circuit 
86,  by  a  subtraction  circuit  89  to  give  an  output  of 
minus  one  half.  This  output  is  then  multiplied  by 
minus  2  by  a  gain  circuit  90  to  produce  an  output 
of  plus  one  to  a  multiplier  91.  Multiplier  91  also 
receives  the  error  signal  from  circuit  84  which, 
uneffected  by  being  multiplied  by  plus  one,  is 
supplied  to  a  summation  circuit  92  where  it  is 
added  to  the  output  from  the  RAM  72  on  line  81. 
The  output  from  the  summation  circuit  92  is  then 
supplied  to  refresh  circuit  87. 

When  the  output  from  the  logic  circuit  is  one 
then  circuit  76  is  enabled  while  the  combination 
of  circuits  89  and  90  produce  a  minus  one  which 
is  multiplied  by  the  error  signal.  If,  therefore, 
circuit  76  is  adapted  in  the  positive  sense  then  all 
the  values  in  RAM  72  are  adapted  by  an  equal 
measure  in  the  negative  sense. 

An  alternative  modification  to  the  filter  of 
Figure  3  incorporating  the  present  invention  is 
shown  in  Figure  5.  Unit  delays  101,  RAM  102  and 
summation  circuit  103  are  similar  to  devices  51,  52 
and  53  in  Figure  3.  However  each  RAM  102  is 
adapted  according  to  a  linear  algorithm  during  a 
first  part  of  the  initial  training  period,  and  is  then 
adapted  according  to  a  non-linear  algorithm  after 
said  first  part  of  the  initial  training  period. 

Operation  of  the  circuit  shown  in  Figure  5 
according  to  a  non-linear  algorithm  is  substan- 
tially  the  same  as  in  the  standard  look  up  table 
algorithm.  The  RAM  102  is  addressed  by  tap 
values  on  lines  104  and  105  to  produce  an  output 
contribution  on  a  line  106.  The  output  contribution 
is  subtractively  combined  with  an  error  signal  by 
a  subtraction  circuit  107.  The  error  signal  is 
supplied  to  circuit  107  via  a  scaling  circuit  108  and 
a  multiplier  109.  The  multiplier  receives  a  second 
input,  via  a  switch  110,  which  is  permanently  set 
to  one  after  the  first  part  of  the  initial  training 
period.  A  second  switch  111  connects  the  output 
of  the  subtraction  circuit  107  to  a  memory  refresh 
circuit  112  which  updates  the  value  stored  therein 
which  produced  a  cancellation  contribution. 

During  the  first  part  of  the  initial  training  period 
switches  110  and  111  are  in  their  alternative 
position  to  that  shown  in  Figure  5.  Tap  104  is 
connected  to  a  code  converter  113  which  con- 
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ing  to  a  linear  algorithm  during  the  first  part  of 
the  initial  training  period  when  one  value  is 
required  to  provide  a  cancellation  signal. 

5.  A  non  linear  filter  according  to  any  preceding 
claim  characterised  in  that  the  processing  means 
comprises  a  plurality  of  unit  delay  devices  (51)  to 
provide  a  tap  to  each  of  a  respective  sub 
processing  unit  (52)  wherein  each  sub  processing 
unit  is  adapted  according  to  linear  algorithm 
during  the  first  part  of  the  initial  training  period 
and  each  subprocessing  unit  is  adapted  accord- 
ing  to  a  non-linear  algorithm  after  the  initial  part 
of  the  initial  training  period. 

6.  A  method  of  adapting  a  non  linear  filter 
during  an  initial  training  period  in  which  a 
predetermined  number  of  samples  of  a  noise 
source  signal  are  processed  with  values  stored  in 
a  processor  to  produce  a  cancellation  signal: 
characterised  in  that  the  processing  means  is 
adapted  according  to  a  linear  algorithm  during  a 
first  part  of  the  initial  training  period  and  the 
processing  means  is  adapted  according  to  a  non 
linear  algorithm  after  said  first  part. 

7.  An  echo  canceller  in  which  received  data 
includes  noise  due  to  transmitted  data,  com- 
prising  a  digital  filter  arranged  to  receive  samples 
of  a  noise  source  signal  indicative  of  the 
transmitted  signal  to  produce  cancellation  signal, 
wherein  the  characteristics  of  the  filter  are 
adapted  in  response  to  an  error  signal:  charac- 
terised  in  that  the  digital  filter  includes  means  for 
adapting  said  characteristics  according  to  a 
linear  algorithm  during  a  first  part  of  an  initial 
training  period  and  thereafter  according  to  a  non 
linear  algorithm. 

verts  the  numerical  code  to  binary  values  rep- 
resenting  the  actual  analogue  levels  which  are 
being  modelled.  The  output  from  the  code 
converter  is  then  supplied  to  multiplier  109.  The 
resulting  product  is  supplied  to  summation  circuit 
107  which  receives  the  output  from  RAM  102  to 
generate  an  adaptation  value  for  the  adaptation 
cycle.  The  adaptation  value  is  then  supplied  to  a 
RAM  refresh  circuit  114  via  switch  111.  The 
refresh  circuit  114  updates  each  value  stored  in 
the  RAM  102  in  response  to  the  adaptation  value 
so  that  the  values  stored  in  the  RAM  102  are 
linearly  related.  The  adaptation  value  is  therefore 
suitably  scaled  for  each  value  stored  in  the  RAM 
102. 

The  circuits  described  herein  are  suitable  for 
implementation  as  integrated  circuits. 
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Claims 

1.  A  non  linear  adaptive  filter  comprising 
means  (11,  50)  for  receiving  samples  of  a  noise 
source  signal,  processing  means  (10;  72,  76,  102) 
for  processing  a  predetermined  number  of  said 
samples  with  values  stored  in  said  processing 
means  to  produce  a  cancellation  signal,  means 
(14)  for  combining  the  cancellation  signal  with  an 
input  signal  to  produce  an  error  signal,  and 
adaptation  means  (18;  84,  91,  92,  87,  88;  107,  112, 
113)  arranged  to  receive  said  error  signal  and 
adapt  said  stored  values  so  that  said  error  signal 
is  substantially  reduced  over  an  initial  training 
period:  characterised  in  that  the  adaptation 
means  comprises  a  first  adaptation  means  (22; 
76;  11)  for  adapting  the  processing  means  (10) 
according  to  a  linear  algorithm  during  a  first  part 
of  the  initial  training  period  and  a  second 
adaptation  means  (25;  88;  112)  for  adapting  the 
processing  means  (10)  according  to  a  non  linear 
algorithm  after  said  first  part  of  said  initial 
training  period. 

2.  A  non  linear  filter  according  to  Claim  1 
characterised  in  that  the  processing  means  (10) 
comprises  a  linear  filter  (20),  a  separate  non 
linear  filter  (21)  and  means  (22)  for  combining  the 
output  from  each  of  said  filters  wherein  the  first 
adaptation  means  adapts  said  linear  filter  during 
the  first  part  of  the  initial  training  period  and  the 
second  adaptation  means  adapts  said  non  linear 
filter  thereafter. 

3.  A  non  linear  filter  according  to  Claim  1 
characterised  in  that  the  processing  means 
comprises  a  random  access  memory  device  (72) 
which  stores  all  possible  output  values  to  provide 
a  non  linear  filter  wherein  coefficients  (76)  for  a 
linear  filter  are  addressed  as  part  of  said  memory 
after  the  first  part  of  the  initial  training  period. 

4.  A  non  linear  filter  according  to  Claim  1 
characterised  in  that  the  processing  means 
comprises  a  random  access  memory  device  (102) 
which  stores  all  possible  output  values  to  provide 
a  non  linear  filter  wherein  the  first  adaptation 
means  (114)  adapts  a  plurality  of  values  accord- 

Patentanspriiche 

1.  Nicht-lineares  adaptives  Filter,  das  aufweist 
Einrichtungen  (11,  50)  zum  Empfangen  von  Ab- 
tastwerten  eines  Rauschquellen-Signals,  Verar- 
beitungseinrichtungen  (10;  72,  76,  102)  zum 
Verarbeiten  einer  vorbestimmten  Anzahl  der 
Abtastwerte  mit  Werten,  die  in  den  Verar- 
beitungseinrichtungen  abgespeichert  sind,  um 
ein  Loschungssignal  zu  erzeugen,  Einrichtungen 
(14)  zum  Kombinieren  des  Loschungssignals  mit 
einem  Eingangssignal,  um  ein  Fehlersignal  zu 
erzeugen,  und  Adaptionseinrichtungen  (18;  84, 
91,  92,  87,  88;  107,  112,  113),  die  angeordnet  sind, 
das  Fehlersignal  zu  empfangen  und  ab- 
gespeicherten  Werte  so  anzupassen,  daB  das 
Fehlersignal  wahrend  einer  anfanglichen  Lem- 
periode  wesentlich  reduziert  ist,  dadurch  gekenn- 
zeichnet,  daS  die  Adaptionseinrichtungen  eine 
erste  Adaptionseinrichtung  (22;  76;  11)  aufweisen 
zum  Anpassen  der  Verarbeitungseinrichtungen 
(10)  entsprechend  eines  linearen  Algorithmus 
wahrend  eines  ersten  Teils  der  anfanglichen 
Lernperiode,  und  eine  zweite  Adaption- 
seinrichtung  (25;  88;  112)  zum  Anpassen  der 
Verarbeitungseinrichtungen  (10)  entsprechend 
eines  nicht-linearen  Algorithmus  nach  dem  ersten 
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Teil  der  anfanglichen  Lernperiode. 
2.  Nicht-lineares  Filter  nach  Anspruch  1, 

dadurch  gekennzeichnet,  daB  die  Verar- 
beitungseinrichtungen  (10)  aufweisen  ein  lineares 
Filter  (20)  ein  separates  nichtlineares  Filter  (21)  5 
und  Einrichtungen  (22)  zum  Kombinieren  der 
Ausgange  von  jedem  dieser  Filter,  wobei  die 
erste  Adaptionseinrichtung  das  lineare  Filter 
wahrend  des  ersten  Teils  der  anfanglichen  Lern- 
periode  anpaBt  und  die  zweite  Adaption-  10 
seinrichtung  das  lineare  Filter  hiernach  anpaBt. 

3.  Nicht-lineares  Filter  nach  Anspruch  1, 
dadurch  gekennzeichnet,  daB  die  Verar- 
beitungseinrichtungen  ein  Direkt-Zugriffsspei- 
cher-Bauteil  (72)  aufweisen,  das  alle  moglichen  15 
Ausgangswerte  speichert,  um  ein  nicht-lineares 
Filter  zur  Verfiigung  zu  stellen,  wobei  die  Koeffi- 
zienten  (76)  fur  ein  lineares  Filter  als  ein  Teil  des 
Speichers  nach  dem  ersten  Abschnitt  der 
anfanglichen  Lernperiode  adressiert  sind.  20 

4.  Nicht-lineares  Filter  nach  Anspruch  1, 
dadurch  gekennzeichnet,  daB  die  Verar- 
beitungseinrichtungen  ein  Direkt-Zugriffsspei- 
cher-Bauteil  (102)  aufweisen,  welches  alle  mog- 
lichen  Ausgangswerte  speichert,  um  ein  nicht-  25 
lineares  Filter  zur  Verfiigung  zu  stellen,  wobei  die 
erste  Adaptions-Einrichtung  (114)  eine  Vielzahl 
von  Werten  gemaB  eines  linearen  Algorithmus 
wahrend  des  ersten  Teils  der  anfanglichen  Lern- 
periode  anpaBt,  wenn  ein  Wert  verlangt  ist,  um  30 
ein  Loschungssignal  zur  Verfiigung  zu  stellen. 

5.  Nicht-lineares  Filter  nach  einem  der  vor- 
hergehenden  Anspriiche,  dadurch  gekenn- 
zeichnet,  daB  die  Verarbeitungseinrichtungen 
eine  Vielzahl  von  Einheitsverzogerungs-Bauteilen  35 
(51)  aufweisen,  um  eine  Stufe  fur  jede  einer 
jeweiligen  Unter-Verarbeitungseinheit  (52)  zur 
Verfiigung  zu  stellen,  wobei  jede  Unter-Verar- 
beitungseinheit  wahrend  des  ersten  Teils  der 
anfanglichen  Lernperiode  angepaBt  ist  gemaB  40 
eines  linearen  Algorithmus,  und  jede  Unter-Ver- 
arbeitungseinheit  nach  dem  ersten  Abschnitt  der 
anfanglichen  Lernperiode  angepaBt  ist  gemaB 
eines  nicht-linearen  Algorithmus. 

6.  Verfahren  zum  Anpassen  eines  nicht-linearen  45 
Filters  wahrend  einer  anfanglichen  Lernperiode, 
in  der  eine  vorbestimmte  Anzahl  von  Abtastwer- 
ten  eines  Rauschquellen-Signals  mit  Werten 
verarbeitet  wird,  die  in  einem  Prozessor  ab- 
gespeichert  sind,  um  ein  Loschungssignal  zu  50 
erzeugen,  dadurch  gekennzeichnet,  daB  die 
Verarbeitungseinrichtungen  wahrend  eines  er- 
sten  Abschnitts  der  anfanglichen  Lernperiode 
angepaBt  sind  gemaB  eines  linearen  Algorithmus, 
und  daB  die  Verarbeitungseinrichtungen  nach  55 
dem  ersten  Abschnitt  angepaBt  sind  gemaB  eines 
nicht-linearen  Algorithmus. 

7.  Echo-Kompensator,  in  dem  empfangene 
Daten  Rauschen  beinhalten  aufgrund  von  gesen- 
deten  Daten,  der  ein  digitales  Filter  aufweist,  das  60 
angeordnet  ist,  um  Abtastwerte  eines  Raus- 
chquellen-Signals  zu  empfangen,  die  fur  das 
gesendete  Signal  bezeichnend  sind,  um  ein 
Loschungssignal  zu  erzeugen,  wobei  die  Charak- 
teristika  des  Filters  in  Reaktion  auf  ein  Fehlersi-  65 

gnal  angepaBt  sind,  dadurch  gekennzeichnet, 
daB  das  digitale  Filter  Einrichtungen  aufweist 
zum  Anpassen  der  Charakteristika  wahrend  eines 
ersten  Abschnitts  einer  anfanglichen  Lernperiode 
gemaB  eines  linearen  Algorithmus,  und  danach 
gemaB  eines  nicht-linearen  Algorithmus. 

Revendications 

1.  Un  filtre  non  lineaire  adaptable  comprenant 
des  moyens  (11,  50)  pour  recevoir  des  echanti- 
llons  d'un  signal  de  source  de  bruit,  des  moyens 
de  traitement  (10;  72,  76,  102)  pour  traiter  un 
nombre  predetermine  desdits  echantillons  avec 
des  valeurs  memorisees  dans  lesdits  moyens  de 
traitement  pour  produire  un  signal  d'annulation, 
des  moyens  (14)  pour  combiner  le  signal  d'annu- 
lation  avec  un  signal  d'entree  pour  produire  un 
signal  d'erreur,  et  des  moyens  d'adaptation  (18; 
84,  91,  92,  87,  88;  107,  112,  113)  disposes  pour 
recevoir  ledit  signal  d'erreur  et  adapter  lesdites 
valeurs  memorisees  de  facon  que  ledit  signal 
d'erreur  soit  sensiblement  reduit  pendant  une 
periode  initiale  d'apprentissage:  caracterise  en 
ce  que  les  moyens  d'adaptation  comprennent  un 
premier  moyen  d'adaptation  (22;  76;  11)  pour 
adapter  les  moyens  de  traitement  (10)  selon  un 
algorithme  lineaire  pendant  une  premiere  partie 
de  la  periode  initiale  d'apprentissage  et  un 
deuxieme  moyen  d'adaptation  (25;  88;  112)  pour 
adapter  les  moyens  de  traitement  (10)  selon  un 
algorithme  non-lineaire  apres  ladite  premiere 
partie  de  ladite  periode  initiale  d'apprentissage. 

2.  Un  filtre  non  lineaire  selon  la  revendication  1, 
caracterise  en  ce  que  les  moyens  de  traitement 
(10)  comprennent  un  filtre  lineaire  (20),  un  filtre 
non-lineaire  (21)  separe  et  des  moyens  pour 
combiner  la  sortie  de  chacun  desdits  filtres  dans 
lequel  les  premiers  moyens  d'adaptation  adap- 
tent  ledit  filtre  lineaire  pendant  la  premiere  partie 
de  la  periode  initiale  d'apprentissage  et  les 
deuxiemes  moyens  d'adaptation  adaptent  en- 
suite  ledit  filtre  non-lineaire. 

3.  Un  filtre  non  lineaire  selon  la  revendication  1, 
caracterise  en  ce  que  les  moyens  de  traitement 
comprennent  un  dispositif  a  memoire  vive  (72) 
qui  memorise  toutes  les  valeurs  de  sortie  pos- 
sibles  pour  realiser  un  filtre  non-lineaire  dans 
lequel  des  coefficients  (76)  pour  un  filtre  lineaire 
sont  adresses  en  tant  que  partie  de  ladite 
memoire  apres  la  premiere  partie  de  la  periode 
initiale  d'apprentissage. 

4.  Un  filtre  non  lineaire  selon  la  revendication  1, 
caracterise  en  ce  que  les  moyens  de  traitement 
comprennent  un  dispositif  memoire  vive  (102)  qui 
memorise  toutes  les  valeurs  possibles  de  sortie 
pour  realiser  un  filtre  non-lineaire  dans  lequel  le 
premier  moyen  d'adaptation  (114)  adapte  plu- 
sieurs  valeurs  selon  un  algorithme  pendant  la 
premiere  partie  de  la  periode  initiale  d'apprentis- 
sage  lorsqu'une  valeur  est  exigee  pour  realiser  un 
signal  d'annulation. 

5.  Un  filtre  non  lineaire  selon  une  revendication 
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precedente  quelconque,  caracterise  en  ce  que 
les  moyens  de  traitement  comprennent  plusieurs 
dispositifs  (51)  a  retard  unitaires  pour  realiser  une 
prise  vers  chacune  des  sous-unites  respectives 
de  traitement  (52)  dans  lequel  chaque  sous-unite  5 
de  traitement  est  adaptee  selon  I'algorithme 
lineaire  pendant  la  premiere  partie  de  la  periode 
initiale  d'apprentissage  et  oil  chaque  sous-unite 
de  traitement  est  adaptee  selon  un  algorithme 
non-lineaire  apres  la  partie  initiale  de  la  periode  10 
initiale  d'apprentissage. 

6.  Un  procede  pour  adapter  un  filtre  non- 
lineaire  pendant  une  periode  initiale  d'apprentis- 
sage  dans  lequel  un  nombre  predetermine 
d'echantillons  d'un  signal  de  source  de  bruit  sont  15 
traites  avec  des  valeurs  memorisees  dans  un 
dispositif  de  traitement  pour  produire  un  signal 
d'annulation:  caracterise  en  ce  que  les  moyens 
de  traitement  sont  adaptes  selon  un  algorithme 
lineaire  pendant  une  premiere  partie  de  la  20 
periode  initiale  d'apprentissage  et  en  ce  que  les 
moyens  de  traitement  sont  adaptee  selon  un 
algorithme  non-lineaire  apres  ladite  premiere 
partie. 

7.  Un  dispositif  d'annulation  d'echo  dans  lequel  25 
des  donnees  recues  comprennent  du  bruit  du  aux 
donnees  transmises,  comprenant  un  filtre  nume- 
rique  dispose  pour  recevoir  des  echantillons  d'un 
signal  de  source  de  bruit  indicatifs  du  signal 
transmis  pour  produire  un  signal  d'annulation,  30 
dans  lequel  les  caracteristiques  du  filtre  sont 
adaptees  en  reponse  a  un  signal  d'erreur:  carac- 
terise  en  ce  que  le  filtre  numerique  comprend 
des  moyens  pour  adapter  lesdites  caracteris- 
tiques  selon  un  algorithme  lineaire  pendant  une  35 
premiere  partie  d'une  periode  initiale  d'appren- 
tissage  et  ensuite  selon  un  algorithme  non-li- 
neaire. 
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