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Description 

This  invention  relates  to  systems  for  reducing 
the  level  of  acoustic  noise  fields  within  ear-defend- 
ers  or  earphone  structures  worn  by  personnel  (e.g., 
pilots,  vehicle  drivers,  military  personnel)  in  high 
noise  environments. 

Known  active  noise  reduction  (ANR)  systems 
for  reducing  the  acoustic  noise  field  in  ear-defend- 
ers  comprise  noise  pick-up  microphones  and 
noise-cancelling  sound  generators  (usually  known 
as  loudspeakers)  mounted  within  the  internal  cav- 
ities  or  enclosures  of  the  respective  ear-defenders. 
The  noise  pick-up  microphones  produce  electrical 
signal  outputs  in  response  to  the  acoustic  noise 
fields  within  the  cavities  and  these  signal  outputs 
are  phase  inverted,  filtered  and  amplified  in  a  feed- 
back  loop  and  fed  to  the  noise-cancelling  sound 
generators  which  produce  noise-cancelling  acoustic 
signals  of  substantially  the  same  amplitude  but  of 
opposite  phase  to  the  acoustic  noise  field 
waveforms.  The  design  considerations  underlying 
such  ANR  systems  are  described  in  "Some  trans- 
ducer  design  considerations  for  earphone  active 
noise  reduction  systems",  Twiney  et  al.,  Vol.  7  part 
2.  pp.95-102,  Proc.  Spring  Conference,  1985,  York, 
Institute  of  Acoustics.  A  specific  arrangement  of  an 
ANR-system  is  disclosed,  for  example,  in  EP-A-0 
212  840. 

Problems  arise  through  inherent  imperfections 
in  the  pick-up  microphones  and  sound  generators, 
by  way  of  unwanted  phase  changes  producing 
signal  enhancement  or  by  way  of  failure  to  cope 
with  large  amplitude  signals  in  certain  frequency 
regions. 

One  problem  which  occurs  is  that  of  large 
pressure  pulses  (buffets)  which  occur  inside  an 
ear-defender  or  earphone  structure  due  to  relative 
movement  between  the  human  head  and  the  ear- 
phone,  or  propagate  to  the  earphone  from  a  device 
that  causes  a  rapid  pressure  change,  e.g.  a  gun, 
helicopter,  vehicle,  explosive  device.  These  pulses 
are  very  high  in  amplitude,  and  create  large  signals 
in  the  feedback  loop  as  a  result  of  high  system 
loop  gain.  Due  to  the  inadequacy  of  the  sound 
generator  to  produce  enough  sound  output,  drive 
voltages  appear  at  the  sound  generators  which  are 
higher  than  the  maximum  input  voltage,  and  may 
overdrive  the  sound  generator  and  cause  perma- 
nent  failure. 

Another  problem  which  arises  is  that  of  signal 
enhancement  at  certain  frequencies  within  the  ban- 
dwidth  of  the  feedback  loop  wherein  due  to  imper- 
fect  transfer  functions  of  the  noise  pickup  micro- 
phone  and  sound  generator  the  ANR  will,  at  certain 
frequencies  be  feeding  in-phase(i.e.  positive  feed- 
back)  signals  rather  than  anti-phase(i.e.  negative 
feedback)  signals  to  the  sound  generator. 

A  further  problem  which  occurs  is  that  due  to 
the  imperfect  transfer  functions  of  both  the  micro- 
phone  and  generator,  the  total  bandwidth  for  feed- 
back  signals  having  an  appropriate  phase  is  limit- 

5  ed,  being  bounded  by  regions  in  which  positive 
feedback  occurs.  It  is  usual  to  employ  in  feedback 
systems  in  general  a  lowpass  first  order  filter  op- 
erating  at  a  high  frequency  in  order  to  stabilize  the 
loop.  However  such  first  order  low  pass  filters  are 

io  not  appropriate  for  filtering  out  sound  energy  fre- 
quencies  in  ANR  systems  because  of  the  large 
phase  changes  which  occur  in  the  cut-off  regions 
which  give  rise  to  problems  of  positive  feedback 
and  signal  enhancement. 

75  It  was  previously  thought,  as  appears  from  the 
article  referred  to  above,  that  electronic  processing 
to  overcome  problems  in  ANR  systems  had  limited 
application  because  of  the  causal  relation  between 
amplitude  and  phase  response  of  electronic  filters. 

20  Nevertheless  it  has  now  been  found  as  a  result 
of  careful  investigation  into  the  problems  arising  in 
feedback  loops  of  ANR  systems,  that  electronic 
processing  may  be  used  to  advantage. 

It  is  an  object  of  the  present  invention  to  over- 
25  come  one  or  more  of  the  above  problems. 

According  to  the  present  invention  there  is 
provided  an  active  noise  reduction  system  com- 
prising  a  noise-cancelling  sound  generator,  a  mi- 
crophone  acoustically  coupled  to  said  generator,  a 

30  feedback  loop  connected  between  said  microphone 
and  said  generator,  and  including  loop  stabilisation 
means  for  inverting  the  phase  of  microphone  sig- 
nals  and  filtering  the  microphone  signals,  means 
for  amplifying  the  phase  inverted  and  filtered  sig- 

35  nals,  and  a  first  high  pass  frequency  filter  means 
for  filtering  out  sound  energy  from  high  pressure 
sound  pulses  arising  from  low  frequency  buffets, 
characterised  in  that  the  first  filter  means  has  a 
gain  characteristic  which  is  relatively  low  in  a  first 

40  frequency  band  and  then  rises  continuously  to  a 
relatively  high  value  in  a  second  frequency  band, 
said  first  filter  means  introducing  a  phase  shift 
which  rises  to  a  maximum  value  in  a  transitional 
region  of  said  gain  characteristic  of  said  first  high 

45  pass  frequency  filter  means,  said  system  further 
comprising  a  second  high  pass  filter  means  coup- 
led  between  the  loop  stabilising  means  and  the 
amplifying  means  for  increasing  loop  gain  and/or 
adjusting  phase  shift  by  predetermined  amounts 

50  within  one  or  more  predetermined  frequency 
bands,  wherein  the  second  filter  means  has  a  gain 
characteristic  which  is  relatively  low  in  a  first  fre- 
quency  band  and  then  rises  continuously  to  a 
relatively  high  value  in  a  second  frequency  band, 

55  the  phase  shift  introduced  by  the  second  filter 
means  rises  to  a  maximum  value  in  the  transitional 
region  of  filter  gain  characteristic. 

Thus  this  aspect  of  the  invention  is  based  on 
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the  recognition  that  the  major  part  of  sound  energy 
in  high  pressure  pulses  is  present  at  low  frequen- 
cies  say  below  100  Hz  and  thus  the  provision  of 
low  frequency  filter  means  in  the  feedback  loop 
can  reduce  a  major  part  of  the  sound  energy  in  the 
pulses.  Such  filter  means  is  conveniently  referred 
to  as  an  anti-buffet  filter  (ABF).  The  amount  of  ABF 
correction  is  limited  because  stability  of  the  feed- 
back  loop  must  be  maintained,  the  total  loop  gain 
being  kept  below  unity  where  the  total  phase  shift 
may  cause  constructive  interference. 

The  filter  means  referred  to  above  may  be 
used  in  conjunction  with  a  voltage  limiting  means, 
which  prevents  the  generator  from  being  overdriven 
by  amplification  of  high  pressure  sound  pulses. 
Such  voltage  limiting  means  may  comprise  a  non- 
linear  amplifier  or  zener  diode  arrangement. 

Thus  in  accordance  with  the  invention,  the  pro- 
vision  of  second  filter  means  increasing  gain  or 
adjusting  phase  shift,  preferably  both,  prevents  en- 
hancement  of  the  signal  in  the  feedback  loop  aris- 
ing  from  imperfect  transfer  functions  of  the  micro- 
phone  and  generator.  The  further  filter  means  is 
conveniently  termed  an  anti-enhancement  filter 
(AEF).  The  amount  of  AEF  correction  is  limited  by 
the  need  to  maintain  stability  of  the  feedback  loop 
(the  total  loop  gain  must  be  kept  below  unity  when 
the  total  phase  shift  may  cause  constructive  inter- 
ference). 

This  further  aspect  of  the  invention  is  based  on 
our  discovery  that  enhancement  problems  caused 
by  transducer  imperfections  arise  in  a  frequency 
region  centred  at  about  500  Hz  where  the  gain 
decreases  whereas  the  phase  lag  in  this  area  in- 
creases  to  about  3W2.  Thus  a  high  pass  filter 
which  adjusts  the  gain  in  this  region  whilst  provid- 
ing  a  phase  advance  compensating  phase  shift  can 
significantly  reduce  the  problems  of  signal  en- 
hancement. 

In  a  particularly  preferred  form  of  the  invention, 
it  has  been  discovered  as  a  result  of  careful  inves- 
tigation  into  the  operability  of  ANR  systems  that 
the  functions  of  the  ABF  and  AEF,  which  operate  at 
different  frequencies  and  with  different  transfer 
functions  can  be  accomplished  by  the  use  of  a 
single  high  pass  filter  (ABEF)  for  attenuating  fre- 
quencies  below  a  predetermined  frequency,  the 
ABEF  having  appropriate  transfer  characteristics  to 
prevent  phase  shifts  harmful  to  loop  stability. 

The  preferred  speech  signals  are  injected  at  a 
single  point  in  the  feedback  loop  between  the  AEF 
and  the  amplifying  means,  in  order  that  the  speech 
signals  are  substantially  uncoloured  by  the  AEF 
and  other  filters.  It  will  be  understood  that  the 
speech  signals  are  in  a  frequency  range  which  is 
for  the  most  part  above  the  frequency  range  in 
which  the  ANR  is  operative  and  the  speech  signals 
are  not  therefore  reduced.  They  may  however  be 

affected  by  higher  frequency  filters  in  the  feedback 
loop. 

A  preferred  embodiment  of  the  invention  will 
now  be  described  with  reference  to  the  accom- 

5  panying  drawing  wherein:- 
Figure  1  is  a  schematic  diagram  of  an  active 
noise  reduction  system  according  to  the  present 
invention; 
Figure  2  is  a  circuit  diagram  of  a  preferred  anti- 

w  buffet  (ABF)filter; 
Figure  3  is  a  graph  of  the  ABF  characteristics; 
Figure  4  is  a  circuit  diagram  of  a  preferred  anti- 
enhancement  filter  (AEF),  and  Figure  5  is  a 
graph  of  the  filter  characteristics; 

is  Figure  6  is  a  circuit  diagram  of  a  low  pass  filter 
for  defining  an  upper  limit  of  the  feedback  loop 
bandwidth; 
Figure  7  is  a  graph  of  the  low  pass  filter  char- 
acteristics; 

20  Figure  8  is  a  circuit  diagram  of  an  ABEF  com- 
bining  both  AEF  and  ABF  characteristics; 
Figure  9  is  a  graph  of  the  transfer  functions  of 
the  ABEF  of  figure  8. 

Referring  to  Figure  1  of  the  Drawings,  the 
25  active  noise  reduction  system  illustrated  comprises 

a  generally  cup-shaped  circumaural  earphone 
structure  1  arranged  to  enclose  the  wearer's  ear  2. 
The  rim  of  the  structure  1  is  cushioned  against  the 
side  of  the  wearer's  head  3  by  means  of  a  compli- 

30  ant  ring  cushion  4.  The  earphone  structure  1  em- 
bodies  a  small  noise  pick-up  microphone  5,  which 
detects  the  noise  within  the  earphone  adjacent  to 
the  wearer's  ear  2  and  provides  an  electrical  output 
dependent  upon  the  detected  noise.  This  output 

35  signal  from  the  microphone  is  passed  through  an 
anti-buffet  filter  6,  a  loop  stabilisation  unit  7,a  low- 
pass  filter  8,  an  anti-enhancement  filter  10  and 
amplifier  12,  to  a  noise  cancelling  sound  generator 
(loudspeaker)  14  which  is  mounted  on  a  baffle  16 

40  within  structure  1  .  Loop  stabilisation  unit  7  includes 
a  phase  inverter  72,  a  loop  stabilizing  filter  74 
(which  may  be  incorporated  in  low-pass  filter  8  as 
in  Figure  6)  for  filtering  out  very  high  frequencies, 
and  a  voltage  limiting  circuit  76  comprising  a  zener 

45  diode  switching  arrangement  for  limiting  high  am- 
plitude  input  signals.  Filter  6  is  placed  first  in  the 
feedback  loop  in  order  to  minimise  signal  values  in 
the  loop.  The  effect  of  the  anti-enhancement  filter 
is  to  reduce  noise  effects  arising  from  imperfect 

50  transfer  functions  of  microphone  5  and  generator 
14. 

A  speech  signal  is  injected  between  anti-en- 
hancement  filter  10  and  amplifier  12  at  an  input 
node  18.  The  introduction  of  the  speech  signal  at 

55  this  point  allows  the  speech  signal  to  be  substan- 
tially  uncoloured  by  the  loop  filters.  If  desired  the 
speech  signals  may  be  pre-emphasised  by  am- 
plification  where  they  may  be  attenuated  by  the 

3 
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ANR  system. 
Referring  to  Figure  2,  the  ABF  6  comprises  an 

amplifier  20  having  a  negative  feedback  loop  with  a 
resistor  R1  connected  to  its  inverting  input,  which 
receives  an  input  signal  from  a  resistive/capacitive 
network  R2,  R3,  C1  .  The  non-inverting  input  of  the 
amplifier  is  connected  through  a  resistor  R4  to 
ground. 

The  characteristics  of  ABF  6  are  shown  in 
Figure  3,  whence  it  may  be  seen  that  the  filter  has 
a  loss  factor  of  about  8db  up  to  about  100  Hz  at 
which  frequency  the  loss  reduces  continuously  until 
at  about  500Hz  the  filter  exhibits  a  small  gain 
factor. 

The  phase  shift  introduced  by  the  filter  is  an 
advance  with  increasing  frequency  rising  in  the 
transitional  region  from  the  base  level  of  substan- 
tially  180°  (the  filter  includes  an  inverting  amplifier) 
to  a  maximum  at  about  200  Hz  of  about  215°  .  This 
phase  shift  must  be  taken  into  account  when  con- 
sidering  the  overall  loop  stability.  The  effect  of  the 
ABF  6  on  the  overall  feedback  loop  transfer  func- 
tion  is  to  attenuate  the  low  frequency  end  of  the 
function  whereby  noise  in  the  frequency  range  up 
to  200Hz  is  severely  attenuated. 

The  preferred  form  of  AEF  is  shown  in  Figure  4 
as  comprising  two  cascaded  stages  21,  22,  each 
stage  comprising  an  amplifier  24  with  a  resistor  R1 
in  a  negative  feedback  loop  and  with  the  inverting 
amplifier  input  being  connected  to  ground  via  the 
series  combination  of  a  resistor  R2  and  capacitor 
C1  .  The  filter  characteristics  are  shown  in  Figure  5 
with  the  gain  having  step-form,  being  roughly  Odb 
up  to  100  Hz  and  then  rising  to  10db  gain  at  1  kHz. 
The  phase  shift,  a  phase  advance  with  increasing 
frequency,  rises  in  the  region  in  which  the  gain 
changes,  from  a  base  level  of  substantially  0°  a 
maximum  value  of  25°  at  roughly  500  Hz. 

Because  of  the  precise  transfer  functions  of  the 
microphone  and  generator,  the  gain  reduces  to  a 
minimum  value  at  about  500  Hz  whereas  the  phase 
shift  in  this  area  rises  to  a  maximum  of  about  more 
than  3W2.  By  providing  AEF,  the  transfer  functions 
are  modified  in  this  area  to  reduce  phase  shift  and 
increase  gain,  thereby  reducing  signal  enhance- 
ment. 

A  circuit  diagram  of  low  pass  filter  8  is  shown 
in  Figure  6  as  comprising  a  transitional  second 
order  filter  including  an  amplifier  60  having  a  non- 
inverting  input  connected  to  a  filter  input  via  resis- 
tors  R1,  R2  and  a  capacitor  C1  coupled  between 
the  amplifier  input  and  ground.  Two  feedback  loops 
are  provided  from  the  amplifier  output  to  the  non- 
inverting  input:  a  first  loop  including  a  capacitor  C2 
and  a  second  loop  comprising  resistors  R3,  R4,  R5 
and  a  capacitor  C3  in  series  with  a  resistor  R9 
connected  between  resistors  R4,  R5  and  ground.  A 
further  feedback  loop  is  provided  comprising  a 

resistor  R7  connected  between  the  amplifier  output 
and  the  inverting  amplifier  input.  A  further  resistor 
R8  is  connected  between  resistor  R7  and  ground. 

The  characteristics  of  the  filter  are  shown  in 
5  Figure  7  where  the  gain  is  close  to  Odb  up  to  about 

1000Hz  and  is  about  -30db  around  10,000Hz.  The 
gain  decreases  between  these  regions  relatively 
quickly  in  a  cut-off  region. 

The  phase  shift  across  the  filter  is  roughly 
io  150°,  (the  filter  includes  a  non-inverting  amplifier) 

in  the  region  below  1,000Hz  and  above  10,000Hz, 
but  decreases  to  a  minimum,  (a  phase  lag  with 
increasing  frequency)  of  about  45  °  in  the  centre  of 
the  cut-off  region.  Such  a  phase  change  of  roughly 

is  105°  is  acceptable  and  is  much  smaller  than  180 
degrees  resulting  from  a  conventional  second  order 
low-pass  filter.  Although  a  second  order  filter  is 
shown,  the  filter  could  be  a  higher  or  lower  order  if 
desired. 

20  Referring  now  to  Figure  8,  there  is  shown  a 
high  pass  filter  which  combines  the  functions  of  the 
AEF  and  ABF  and  is  herein  referred  to  as  an 
ABEF.  The  filter  is  a  second  order  filter  comprising 
two  filter  sections  connected  in  cascade,  the  filter 

25  sections  being  identical.  (If  desired  a  first  order 
filter  could  be  employed).  Each  filter  section  com- 
prises  an  input  port  80  coupled  to  the  inverting 
input  of  an  amplifier  82  through  a  resistance  R1 
connected  in  parallel  with  a  capacitance  C1  and  a 

30  resistance  R2.  The  non-inverting  input  of  the  am- 
plifier  is  connected  to  ground  via  a  resistance  R3, 
and  the  output  of  the  amplifier  86  is  connected  in  a 
negative  feedback  loop  to  the  inverting  input  of  the 
amplifier  via  a  resistor  R4. 

35  Referring  now  to  Figure  9,  the  characteristics  of 
the  filter  of  Figure  8  are  shown  where  the  gain  is 
slightly  greater  than  Odb  up  to  about  500  Hz  and 
then  rises  to  about  10db  at  a  frequency  of  2  kHz  in 
a  transitional  region  between  500Hz-2kHz.  The 

40  phase  shift  changes  from  a  constant  level  of  about 
0°  to  a  maximum  value  of  substantially  60°  at 
about  1  kHz. 

It  will  be  appreciated  that  although  the  particu- 
lar  embodiment  specifically  described  is  applied  to 

45  a  circumaural  earphone  structure,  the  invention 
may  also  be  applied  to  other  earphone  structures 
such  as  the  supra-aural  type. 

It  will  also  be  appreciated  that  the  filters  shown 
may  be  replaced  by  digital  filters,  and  the  elements 

50  of  the  feedback  loop  may  be  digitised  by  employ- 
ing  a  micro-computer  with  appropriate  routines. 
The  invention  claimed  is  intended  to  cover  both 
analog  and  digital  systems. 

55  Claims 

1.  An  active  noise  reduction  system  comprising  a 
noise-cancelling  sound  generator  (14),  a  micro- 
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phone  (5)  acoustically  coupled  to  said  gener- 
ator  (14),  a  feedback  loop  connected  between 
said  microphone  (5)  and  said  generator  (14), 
and  including  loop  stabilisation  means  (7)  for 
inverting  the  phase  of  microphone  signals  and 
filtering  the  microphone  signals,  means  (12)  for 
amplifying  the  phase  inverted  and  filtered  sig- 
nals,  and  a  first  high  pass  frequency  filter 
means  (6)  for  filtering  out  sound  energy  from 
high  pressure  sound  pulses  arising  from  low 
frequency  buffets,  characterised  in  that  the  first 
filter  means  (6)  has  a  gain  characteristic  which 
is  relatively  low  in  a  first  frequency  band  and 
then  rises  continuously  to  a  relatively  high  val- 
ue  in  a  second  frequency  band,  said  first  filter 
means  (6)  introducing  a  phase  shift  which  rises 
to  a  maximum  value  in  a  transitional  region  of 
said  gain  characteristic  of  said  first  high  pass 
frequency  filter  means,  said  system  further 
comprising  a  second  high  pass  filter  means 
(10)  coupled  between  the  loop  stabilising 
means  (7)  and  the  amplifying  means  (12)  for 
increasing  loop  gain  and/or  adjusting  phase 
shift  by  predetermined  amounts  within  one  or 
more  predetermined  frequency  bands,  wherein 
the  second  filter  means  (10)  has  a  gain  char- 
acteristic  which  is  relatively  low  in  a  first  fre- 
quency  band  and  then  rises  continuously  to  a 
relatively  high  value  in  a  second  frequency 
band,  the  phase  shift  introduced  by  the  second 
filter  means  (10)  rises  to  a  maximum  value  in 
the  transitional  region  of  filter  gain  characteris- 
tic. 

2.  A  system  as  claimed  in  claim  1,  wherein  the 
second  filter  means  (10)  includes  one  or  more 
stages,  each  stage  comprising  an  amplifier 
(24)  with  a  negative  resistive  feedback  loop 
(20,  22),  and  a  resistive  capacitive  path  (R2, 
C1)  to  a  reference  potential  connected  to  the 
inverting  amplifier  input. 

3.  A  system  as  claimed  in  claim  1  or  claim  2, 
wherein  the  functions  of  the  first  (6)  and  sec- 
ond  (10)  filters  are  provided  by  a  single  high 
pass  filter  means,  with  the  transfer  characteris- 
tics  selected  to  filter  out  sound  energy  from 
high  pressure  sound  pulses  and  to  increase 
loop  gain  and/or  adjust  phase  shift  to  com- 
pensate  for  transfer  characteristics  of  the  mi- 
crophone  (5)  and  generator  (10). 

4.  A  system  as  claimed  in  any  preceding  claim, 
and  further  comprising  means  for  injecting  a 
speech  signal  into  the  feedback  loop  between 
the  filter  means  (10)  and  the  amplifying  means 
(12). 

5.  A  system  as  claimed  in  any  preceding  claim, 
wherein  the  second  high  pass  filter  means  (10) 
includes  one  or  more  stages,  each  stage  in- 
cluding  a  first  order  high  pass  active  filter,  the 

5  active  filter  network  being  coupled  to  the  oper- 
ational  amplifier  for  providing  a  high  pass  char- 
acteristic. 

6.  A  system  as  claimed  in  claim  5,  wherein  the 
io  first  filter  means  (6)  comprises  one  or  more 

stages,  each  stage  comprising  a  first  order 
high  pass  active  filter. 

7.  A  system  as  claimed  in  claim  6,  wherein  the 
is  first  high  pass  frequency  filter  means  (6)  com- 

prises  a  resistive-capacitive  combination  (R2, 
R3,  C1)  and  an  amplifier  (20)  having  inverting 
and  non-inverting  inputs  with  a  negative  feed- 
back  loop  (R1),  an  input  of  the  filter  means 

20  being  provided  on  one  side  of  said  resistive- 
capacitive  combination  (R2,  R3,  C1)  and  the 
other  side  of  said  combination  being  connect- 
ed  to  said  inverting  input  and  the  non-inverting 
input  being  connected  to  reference  potential 

25  via  a  resistive  connection  (R4). 

8.  A  system  as  claimed  in  any  preceding  claim, 
wherein  said  loop  stabilisation  means  (7)  in- 
cludes  means  (76)  for  limiting  the  amplitude  of 

30  the  signals  in  the  feedback  loop. 

9.  A  system  as  claimed  in  any  preceding  claim, 
wherein  the  first  high  pass  frequency  filter 
means  (6)  is  connected  between  the  micro- 

35  phone  (5)  and  said  loop  stabilisation  means 
(7). 

Patentanspruche 

40  1.  Anordnung  zur  aktiven  Storschallverminderung 
mit  einem  storschallunterdruckenden  Tongene- 
rator  (14),  einem  mit  dem  Generator  (14)  aku- 
stisch  gekoppelten  Mikrofon  (5),  einem  zwi- 
schen  dem  Mikrofon  (5)  und  Generator  (14) 

45  angeordneten  Ruckkoppelungskreis,  und  mit 
Ruckkoppelungs-Stabilisierungsmitteln  (7),  urn 
die  Phase  der  Mikrofonsignale  zu  invertieren 
und  die  Mikrofonsignale  zu  filtern,  Mitteln  (12) 
zur  Verstarkung  der  phaseninvertierten  und  ge- 

50  filterten  Signale,  und  einem  ersten  Hochpass- 
Frequenzfilter  (6),  urn  die  Schallenergie  von 
Hochdruck-Schallimpulsen  herauszufiltern,  die 
von  tiefen  Frequenzstossen  herruhren,  da- 
durch  gekennzeichnet,  dass  das  erste  Filter  (6) 

55  eine  Verstarkungscharakteristik  besitzt,  welche 
in  einem  ersten  Frequenzband  verhaltnismas- 
sig  tief  ist  und  danach  kontinuierlich  zu  einem 
verhaltnismassig  hohen  Wert  in  einem  zweiten 

5 



9 EP  0  327  617  B1 10 

Frequenzband  ansteigt,  wobei  das  erste  Filter 
(6)  eine  Phasenverschiebung  einleitet,  welche 
zu  einem  Hochstwert  in  einem  Ubergangsbe- 
reich  der  Verstarkungscharakteristik  des  ersten 
Hochpass-Frequenzfilters  ansteigt,  und  die  An- 
ordnung  weiter  ein  zweites,  zwischen  dem 
Ruckkoppelungs-Stabilisierungsmittel  (7)  und 
dem  Verstarker  (12)  angeordnetes  Hochpass- 
Filter  (10)  fur  die  Verstarkung  der  Verstarkung 
der  Ruckkoppelung  und/oder  Einstellung  der 
Phasenverschiebung  durch  vorbestimmte  Wer- 
te  innerhalb  eines  oder  mehrerer  Frequenz- 
bander  aufweist,  worin  das  zweite  Filter  (10) 
eine  Verstarkungscharakteristik  besitzt,  welche 
in  einem  ersten  Frequenzband  verhaltnismas- 
sig  tief  ist  und  danach  kontinuierlich  zu  einem 
verhaltnismassig  hohen  Wert  in  einem  zweiten 
Frequenzband  ansteigt,  wobei  die  durch  das 
zweite  Filter  (10)  eingeleitete  Phasenverschie- 
bung  zu  einem  Hochstwert  im  Ubergangsbe- 
reich  der  Verstarkungscharakteristik  ansteigt. 

2.  Anordnung  nach  Anspruch  1  ,  worin  das  zweite 
Filter  (10)  eine  oder  mehrere  Stufen  enthalt, 
wobei  jede  Stufe  einen  Verstarker  (24)  mit 
einem  negativen  Widerstands-Ruckkoppe- 
lungskreis  (20,22)  und  eine  Widerstands- 
Kapazitats-Bahn  (R2.C1)  zu  einem  mit  dem 
invertierenden  Verstarkereingang  verbundenen 
Referenzpotential  aufweist. 

3.  Anordnung  nach  Anspruch  1  oder  2,  worin  die 
Funktionen  des  ersten  (6)  und  zweiten  (10) 
Filters  durch  ein  einziges  Hochpassfilter  vorge- 
sehen  sind,  welches  die  zur  Ausfilterung  von 
Schallenergie  von  Hochdruck-Schallimpulsen 
ausgewahlte  Ubertragungscharakteristik  auf- 
weist  und  die  Verstarkung  der  Ruckkoppelung 
und/oder  Einstellung  der  Phasenverschiebung 
verstarkt,  urn  die  Ubertragungscharakteristik 
des  Mikrofons  (5)  und  des  Generators  (10)  zu 
kompensieren. 

4.  Anordnung  nach  jedem  der  vorangegangenen 
Anspruche,  mit  Mitteln  fur  die  Einfuhrung  eines 
Sprechsignales  in  den  Ruckkoppelungskreis 
zwischen  dem  Filter  (10)  und  dem  Verstarker 
(12). 

5.  Anordnung  nach  jedem  der  vorangegangenen 
Anspruche,  worin  das  zweite  Hochpassfilter 
(10)  eine  oder  mehrere  Stufen  beinhaltet,  wo- 
bei  jede  Stufe  ein  aktives  Hochpassfilter  erster 
Ordnung  beinhaltet,  und  das  aktive  Filternetz- 
werk  mit  dem  Operationsverstarker  verbunden 
ist,  urn  eine  Hochpass-Charakteristik  vorzuse- 
hen. 

6.  Anordnung  nach  Anspruch  5,  worin  das  erste 
Filter  (6)  eine  oder  mehrere  Stufen  beinhaltet, 
wobei  jede  Stufe  ein  aktives  Hochpassfilter  er- 
ster  Ordnung  beinhaltet. 

5 
7.  Anordnung  nach  Anspruch  6,  worin  das  erste 

Hochpass-Frequenzfilter  (6)  eine  Widerstands- 
Kapazitats-Kombination  (R2,R3,C1)  und  einen 
Verstarker  (20)  mit  invertierenden  und  nichtin- 

io  vertierenden  Eingangen  mit  einem  negativen 
Ruckkoppelungskreis  (R1)  aufweist,  wobei  ein 
Eingang  des  Filters  auf  einer  Seite  der 
Widerstands-Kapazitats-Kombination 
(R2,R3,C1)  vorgesehen  ist  und  die  andere  Sei- 

15  te  dieser  Kombination  mit  dem  invertierenden 
Eingang  des  Verstarkers  verbunden  ist  und  der 
nichtinvertierende  Eingang  uber  einen  Wider- 
stand  (R4)  mit  dem  Referenzpotential  verbun- 
den  ist. 

20 
8.  Anordnung  nach  jedem  der  vorangegangenen 

Anspruche,  worin  die  Ruckkopplungs-Stabili- 
sierungsmittel  (7)  Mittel  (76)  zur  Begrenzung 
der  Amplitude  der  Signale  im  Ruckkoppe- 

25  lungskreis  beinhalten. 

9.  Anordnung  nach  jedem  der  vorangegangenen 
Anspruche,  worin  das  erste  Hochpass-Fre- 
quenzfilter  (6)  zwischen  dem  Mikrofon  (5)  und 

30  den  Ruckkoppelungs-Stabilisierungsmitteln  (7) 
angeordnet  ist. 

Revendicatlons 

35  1.  Systeme  de  reduction  active  de  bruit,  compre- 
nant  un  generateur  sonore  (14)  de  compensa- 
tion  de  bruit,  un  microphone  (5)  couple  de 
maniere  acoustique  au  generateur  (14),  une 
boucle  de  retroaction  connectee  entre  le  mi- 

40  crophone  (5)  et  le  generateur  (14)  et  compre- 
nant  un  dispositif  (7)  de  stabilisation  de  boucle 
destine  a  inverser  la  phase  des  signaux  du 
microphone  et  a  filtrer  les  signaux  du  micro- 
phone,  un  dispositif  (12)  destine  a  amplifier  les 

45  signaux  ayant  subi  I'inversion  de  phase  et  le 
filtrage,  et  un  premier  filtre  passe-haut  (6)  des- 
tine  a  retirer  I'energie  sonore  des  impulsions 
sonores  a  haute  pression  dues  a  des  souffles 
a  basses  frequences,  caracterise  en  ce  que  le 

50  premier  dispositif  de  filtrage  (6)  a  une  caracte- 
ristique  de  gain  qui  est  relativement  faible 
dans  une  premiere  bande  de  frequences  et  qui 
s'eleve  de  fagon  continue  jusqu'a  une  valeur 
relativement  elevee  dans  une  seconde  bande 

55  de  frequences,  le  premier  dispositif  de  filtrage 
(6)  introduisant  un  dephasage  qui  s'eleve  jus- 
qu'a  une  valeur  maximale  dans  une  region  de 
transition  de  la  caracteristique  du  gain  du  pre- 
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mier  dispositif  de  filtrage  passe-haut,  le  syste- 
me  comprenant  en  outre  un  second  dispositif 
de  filtrage  passe-haut  (10)  couple  entre  le  dis- 
positif  (7)  de  stabilisation  de  boucle  et  le  dis- 
positif  amplificateur  (12)  afin  qu'il  augmente  le  5 
gain  de  boucle  et/ou  ajuste  le  dephasage  de 
quantites  predeterminees  dans  une  ou  plu- 
sieurs  bandes  predeterminees  de  frequences, 
dans  lequel  le  second  dispositif  de  filtrage  (10) 
a  une  caracteristique  de  gain  qui  est  relative-  10 
ment  faible  dans  une  premiere  bande  de  fre- 
quences  et  qui  s'eleve  de  fagon  continue  a 
une  valeur  relativement  elevee  dans  une  se- 
conde  bande  de  frequences,  le  dephasage  in- 
troduit  par  le  second  dispositif  de  filtrage  (10)  is 
augmentant  jusqu'a  une  valeur  maximale  dans 
la  region  de  transition  des  caracteristiques  de 
gain  du  filtre. 

2.  Systeme  selon  la  revendication  1,  dans  lequel  20 
le  second  dispositif  de  filtrage  (10)  comprend 
un  ou  plusieurs  etages,  chaque  etage  compre- 
nant  un  amplificateur  (24)  avec  une  boucle  (20, 
22)  de  retroaction  resistive  negative,  et  un  tra- 
jet  resistif  et  capacitif  (R2,  C1)  relie  a  un  25 
potentiel  de  reference  connecte  a  I'entree  d'in- 
version  de  I'amplificateur. 

un  filtre  actif  passe-haut  du  premier  ordre. 

7.  Systeme  selon  la  revendication  6,  dans  lequel 
le  premier  dispositif  (6)  de  filtrage  passe-haut 
comprend  une  combinaison  resistive  et  capaci- 
tive  (R2,  R3,  C1)  et  un  amplificateur  (20)  ayant 
des  entrees  d'inversion  et  de  non-inversion 
avec  une  boucle  de  retroaction  negative  (R1), 
une  entree  du  dispositif  de  filtrage  etant  placee 
d'un  premier  cote  de  la  combinaison  resistive 
et  capacitive  (R2,  R3,  C1)  et  I'autre  cote  de  la 
combinaison  etant  connecte  a  I'entree  d'inver- 
sion  et  I'entree  de  non-inversion  etant  connec- 
ted  a  un  potentiel  de  reference  par  une 
connexion  resistive  (R4). 

8.  Systeme  selon  I'une  quelconque  des  revendi- 
cations  precedentes,  dans  lequel  un  dispositif 
(7)  de  stabilisation  de  boucle  comporte  un 
dispositif  (76)  destine  a  limiter  I'amplitude  des 
signaux  dans  la  boucle  de  retroaction. 

9.  Systeme  selon  I'une  quelconque  des  revendi- 
cations  precedentes,  dans  lequel  le  premier 
dispositif  (6)  de  filtrage  passe-haut  est  connec- 
te  entre  le  microphone  (5)  et  le  dispositif  (7)  de 
stabilisation  de  boucle. 

3.  Systeme  selon  la  revendication  1  ou  2,  dans 
lequel  les  fonctions  du  premier  (6)  et  du  se-  30 
cond  (10)  filtre  sont  assurees  par  un  seul  dis- 
positif  de  filtrage  passe-haut,  les  caracteristi- 
ques  de  transfert  etant  selectionnees  afin 
qu'elles  retirent  par  filtrage  I'energie  sonore 
des  impulsions  sonores  a  haute  pression  et  35 
augmentent  le  gain  de  boucle  et/ou  ajustent  le 
dephasage  pour  compenser  les  caracteristi- 
ques  de  transfert  du  microphone  (5)  et  du 
generateur  (10). 

40 
4.  Systeme  selon  I'une  quelconque  des  revendi- 

cations  precedentes,  comprenant  en  outre  un 
dispositif  d'injection  d'un  signal  de  parole  dans 
la  boucle  de  retroaction  entre  le  dispositif  de 
filtrage  (10)  et  le  dispositif  d'amplification  (12).  45 

5.  Systeme  selon  I'une  quelconque  des  revendi- 
cations  precedentes,  dans  lequel  le  second 
dispositif  de  filtrage  passe-haut  (10)  comprend 
un  ou  plusieurs  etages,  chaque  etage  ayant  un  so 
filtre  actif  passe-haut  du  premier  ordre,  le  re- 
seau  actif  de  filtrage  etant  couple  a  I'amplifica- 
teur  operationnel  afin  qu'il  donne  une  caracte- 
ristique  passe-haut. 

55 
6.  Systeme  selon  la  revendication  5,  dans  lequel 

le  premier  dispositif  de  filtrage  (6)  comporte  un 
ou  plusieurs  etages,  chaque  etage  comprenant 
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