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(54)  Method  and  apparatus  for  controlling  the  performance  of  a  loudspeaker  in  a  room 

(57)  A  method  for  controlling  the  performance  of  a 
loudspeaker  in  a  room,  by  determining  in  a  first  acoustic 
environment  suitable  parameters  defining  a  first  com- 
plex  transfer  function  based  on  a  measurement  of  the 
resultant  movement  of  a  loudspeaker  driver  diaphragm 
and  the  associated  force,  arising  from  the  sound  field  in 
the  room,  acting  on  it,  and  in  a  second  acoustic  environ- 
ment  the  same  or  different  parameters  of  a  second 
complex  transfer  function  by  measuring  the  loud- 
speaker  driver  relating  to  the  room.  The  ratio  between 
the  real  parts  of  the  first  and  second  transfer  functions  is 
used  to  define  the  performance  of  a  correcting  filter, 
included  in  the  signal  chain  to  the  loudspeaker  driver. 
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Description 

The  invention  relates  to  a  method  and  apparatus  for 
controlling  the  performance  of  a  loudspeaker  in  a  room. 

The  actual  performance  of  a  loudspeaker  is  known 
to  be  highly  dependent  on  the  acoustics  of  the  actual  lis- 
tening  room  and  the  actual  loudspeaker  position  within 
this  room.  In  particular  the  performance  of  a  loud- 
speaker  will  change  very  noticeably  when  it  is  in  proxim- 
ity  to  the  boundaries  of  the  room.  This  is  caused  by  the 
loading  of  the  room  on  the  loudspeaker  as  a  radiator,  or 
in  other  words  due  to  the  changing  radiation  resistance. 
A  change  of  listener  position  changes  the  perceived 
performance  of  the  loudspeaker,  in  particular  due  to 
early  reflections  and  standing  waves.  However  some 
boundary  effects  are  universal  in  the  room,  in  particular 
in  the  bass  frequency  range,  and  hence  the  perception 
of  this  range  is  less  influenced  by  the  listener  position. 

Loudspeaker  designers  experience  this  fact  by  hav- 
ing  to  make  a  compromise  when  optimizing  the  timbre 
of  the  loudspeaker  so  that  the  perceived  sound  will  be 
acceptable  under  a  number  of  different  conditions,  i.e. 
different  room  acoustics,  loudspeaker  positions,  and  lis- 
tening  positions.  Even  though  making  this  compromise, 
the  designer  cannot  ensure  that  the  customer  will 
always  experience  the  intended  quality.  Thus,  the  lis- 
tener  will  experience  a  performance  of  the  loudspeaker 
that  depends  on  the  acoustic  properties  of  the  actual  lis- 
tening  room  and  the  position  chosen  for  both  loud- 
speaker  and  listener.  There  is  a  risk  that  an  expensive 
loudspeaker  which  performs  very  well  in  the  shop,  will 
turn  out  performing  badly  or  at  least  disappointingly 
when  placed  in  a  different  environment  and/or  in  a  dif- 
ferent  position. 

In  order  to  compensate  for  this  problem  it  is  known 
to  fit  a  switch  in  the  cross-over  filter  unit  in  the  loud- 
speaker  in  order  that  the  bass  response  may  be  modi- 
fied  to  suit  a  particular  placement  of  the  loudspeaker.  At 
best,  this  must  be  considered  a  poor  compromise,  and 
if  at  all  possible,  the  precise  adjustment  will  be  depend- 
ent  on  a  measurement  of  the  room  characteristics. 
Some  automatic  systems  are  based  on  measuring  the 
transfer  function  from  the  input  of  the  loudspeaker  to  an 
omnidirectional  microphone,  placed  at  the  preferred  lis- 
tening  position  or  a  number  of  representative  positions. 
An  equalizing  filter  is  then  inserted  so  that  the  resulting 
transfer  function  approximates  a  target  function,  which 
e.g.  can  be  flat  in  the  frequency  range  of  interest.  A 
major  problem  of  such  systems  is  the  sensitivity  to 
changes  in  the  position  of  the  sound  source  as  well  as 
the  receiver.  If  the  position  of  the  loudspeaker  or  the  lis- 
tener  is  changed  after  calculating  the  equalizing  filter, 
the  effects  can  be  severe  colouration,  pre-echoes,  etc. 
Another  problem  of  such  systems  is  the  choice  of  a  suit- 
able  target  function,  where  a  flat  function  may  not  be 
found  to  be  optimal. 

It  has  in  the  present  invention  been  realized  that 
since  all  the  involved  acoustic  phenomena's  are  consid- 
ered  to  be  linear,  what  is  actually  compensated  through 

the  apparently  sensible  procedures  discussed  above  is 
the  superposition  of  several  phenomena,  such  as 
standing  waves/natural  frequencies  of  the  room,  early 
reflections,  reverberation  and  the  reduction  of  angular 

5  space  angle  due  to  the  boundary  effect,  and  it  is  consid- 
ered  that  this  is  the  reason  why  the  known  procedures 
will  only  function  for  one  listening  position. 

It  is  the  purpose  of  the  invention  to  provide  a 
method  and  apparatus  for  controlling  the  performance 

10  of  a  loudspeaker  in  a  room  in  order  that  it  becomes 
independent  of  the  placement  of  the  loudspeaker.  This 
is  obtained  in  a  method  according  to  the  invention  which 
is  particular  in  that  in  a  first  acoustic  environment  the 
movement,  e.g.  velocity,  of  the  diaphragm  of  the  loud- 

15  speaker  driver  and  the  force,  arising  from  the  sound 
field,  acting  on  it  are  determined  by  measuring  suitable 
parameters,  defining  thereby  a  first  complex  transfer 
function,  that  in  a  second  acoustic  environment  a  sec- 
ond  complex  transfer  function  is  determined  by  measur- 

20  ing  the  same  or  different  parameters  of  the  loudspeaker 
driver,  relating  to  the  room,  that  the  ratio  between  the 
real  parts  of  the  first  and  second  transfer  functions  is 
used  to  define  the  performance  of  a  correcting  filter,  that 
the  filter  is  applied  in  the  signal  chain  to  the  loudspeaker 

25  driver. 
The  invention  is  based  on  the  realization  that  there 

is  a  strong  link  between  the  way  the  loudspeaker 
sounds,  in  particular  in  the  bass  range,  and  its  radiation 
resistance  as  a  function  of  frequency,  being  the  real  part 

30  of  the  radiation  impedance.  Implementing  the  invention 
for  a  loudspeaker  has  proved  to  significantly  increase 
the  certainty  that  the  customer  will  always  experience 
the  quality  intended  by  the  loudspeaker  designer.  This 
is  achieved  by  measuring  the  radiated  power  output, 

35  radiation  resistance  or  any  similar  physical  parameter, 
e.g.  real  part  of  the  acoustic  wave  impedance  near  the 
diaphragm,  when  the  loudspeaker  is  placed  in  the 
actual  position  and  comparing  this  to  a  reference  meas- 
urement.  More  precisely  this  is  obtained  in  that  the  loud- 

40  speaker  in  a  first  step  is  put  in  a  reference  room 
environment  where  it  performs  to  a  standard  to  be 
determined,  and  during  which  a  reference  radiated 
power  output  (real,  i.e.  active)  or  reference  radiation 
resistance  of  a  driver  as  a  function  of  frequency  is 

45  measured,  and  in  that  in  a  second  step  the  loudspeaker 
is  put  in  its  room  of  usage  where  its  attendant  radiated 
power  output  or  radiation  resistance  is  measured,  the 
ratio  between  the  said  real  (active)  power  outputs  or 
radiation  resistances  respectively  being  used  to  define 

so  the  transfer  function  of  a  correcting  filter  in  order  to 
obtain  said  standard  of  performance  determined  in  said 
reference  room  environment,  and  that  in  a  third  step 
said  correcting  filter  is  introduced  in  the  electrical  signal 
path  to  the  driver.  In  principle  a  multi-driver  loudspeaker 

55  should  have  each  driver  subjected  to  such  a  measure- 
ment,  however  one  or  several  may  be  selected  as  repre- 
sentative.  At  the  time  of  measurement  of  one  particular 
driver  or  a  group  of  drivers,  the  other  drivers  may  either 
be  short-circuited,  disconnected  or  connected  to  the 
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signal. 
When  the  loudspeaker  is  placed  in  a  position  which 

is  not  identical  to  the  reference  position/room,  the  bass 
performance  changes.  However,  the  method  according 
to  the  invention  is  able  to  detect  a  major  part  of  this  s 
change  in  the  acoustic  environment  of  the  loudspeaker 
and  to  correct  accordingly.  Switching  on  and  off  an 
apparatus  working  according  to  the  principles  of  the 
invention  can  lead  to  dramatic  changes  of  the  bass  per- 
formance  of  the  loudspeaker  depending  on  how  differ-  10 
ent  the  actual  position  and  room  are  from  the  reference 
conditions.  If  a  loudspeaker  is  designed  to  operate  away 
from  the  walls  of  a  room,  then  when  placing  such  a  loud- 
speaker  close  to  a  corner  of  the  listening  room,  the  bass 
performance  becomes  boomy,  coloured,  and  the  sound  15 
pressure  level  increases.  In  such  a  situation  the  appara- 
tus  according  to  the  principles  of  the  invention  corrects 
the  timbre  in  such  a  way  that  the  perceived  timbre  is 
almost  the  same  as  in  the  reference  position.  The  effect 
of  the  apparatus  in  this  situation  has  been  described  by  20 
listeners  as  quite  startling.  The  bass  performance  then 
was  not  plagued  by  the  rumble  which  is  traditionally  a 
characteristic  of  a  corner  position,  and  the  bass  per- 
formance  becomes  more  even  and  neutral  without 
becoming  "thin".  In  a  corner  position  this  is  perceived  as  25 
a  dramatic  improvement  of  the  bass  performance. 

An  advantageous  embodiment  is  particular  in  that 
the  loudspeaker  is  permanently  fitted  with  measure- 
ment  means,  the  ratio  between  reference  and  use 
measurements  being  used  to  define  the  parameters  of  30 
the  correcting  filter.  This  enables  a  measurement  to  be 
initiated  by  a  user  or  in  the  event  that  some  predefined 
conditions  are  met,  e.g.  power  up  of  the  apparatus.  This 
measurement  cycle  could  be  performed  using  a  dedi- 
cated  measuring  signal,  e.g.  obtained  from  a  particular  35 
Compact  Disc. 

A  further  advantageous  embodiment  of  the  inven- 
tion  is  particular  in  that  the  loudspeaker  is  permanently 
fitted  with  measurement  means,  and  the  complex  trans- 
fer  function,  which  corresponds  to  the  situation  during  40 
usage,  is  continuously  measured  during  operation  of 
the  apparatus.  The  ratio  between  reference  and  usage 
measurements  being  used  to  define  the  parameters  of 
the  correcting  filter.  This  means  that  the  loudspeaker 
will  be  automatically  and  continuously  adaptable  to  any  45 
new  listening  room  environment,  e.g.  using  the  played 
music  as  the  stimuli  when  measuring  the  complex  trans- 
fer  functions.  In  this  case  the  transfer  function  in  the 
usage  situation  is  continuously  measured,  and  e.g.  a 
digital  signal  processor  in  the  signal  chain  calculates  so 
and  performs  the  filtering  which  provides  a  sound  from 
the  loudspeaker  which  is  very  similar  to  the  sound  in  the 
reference  position/room  and  which  presumably  was 
judged  positively  during  the  design  of  the  loudspeaker. 

A  further  advantageous  embodiment  is  particular  in  55 
that  the  listening  room  is  divided  into  zones  of  e.g.  30 
cm  by  30  cm,  each  having  a  correction  filter  transfer 
function  assigned  to  it,  and  that  information  on  the  par- 
ticular  zone  is  fed  to  the  correcting  filter  in  the  electrical 

signal  path  to  the  loudspeaker.  By  this  means  it  is  pos- 
sible  to  accomodate  a  number  of  typical  placements  of 
a  loudspeaker  and  to  obtain  a  large  degree  of  the 
improvement  according  to  the  invention,  without  having 
to  perform  a  measurement. 

A  simpler  arrangement  is  obtained  by  instructing 
the  user  to  activate  switches  according  to  a  schematic 
showing  various  typical  placements  of  a  loudspeaker  in 
a  room.  This  functions  in  practice,  provided  the  loud- 
speaker  is  of  the  same  type  as  the  loudspeaker  used  in 
the  reference  environent. 

An  apparatus  according  to  the  invention  is  particu- 
lar  in  that  it  comprises  a  filter,  the  transfer  function  of 
which  is  controllable  by  electronic/numerical  signals, 
said  signals  being  obtained  from  a  unit  which  deter- 
mines  the  ratio  between  a  stored  reference  radiation 
resistance  or  active  power  output  (real)  as  a  function  of 
frequency  and  a  measured  radiation  resistance  or 
active  power  output  (real)  in  the  usage  situation.  This 
ratio  basically  defines  the  amplitude  response  of  the 
correction  filter,  and  various  filter  implementations,  e.g. 
minimum  phase  can  be  obtained  from  this.  However 
various  operation  might  be  performed  to  modify  the  ratio 
before  implementation,  e.g.  smoothing,  convolution,  fre- 
quency  limiting,  correction  limiting,  logarithm,  exponen- 
tial,  multiplication,  addition  etc.  and  combinations  of 
these.  For  instance,  defining  the  amplitude  response  of 
the  correction  filter  as  the  square  root  of  the  ratio  seems 
to  be  a  reasonable  choice. 

The  invention  will  be  further  described  in  the  follow- 
ing  with  reference  to  the  drawing,  in  which 

Fig.  1  shows  the  electrical,  mechanical  and  acous- 
tical  signal  paths  associated  with  a  loudspeaker 
placed  in  a  room, 
Fig.  2  shows  a  loudspeaker  with  a  driver  and  meas- 
uring  transducers,  and 
Fig.  3  shows  a  schematic  of  how  the  correction  filter 
can  be  inserted  in  the  signal  chain  according  to  one 
embodiment  of  the  invention. 

By  way  of  example  Fig.  1  shows  the  signal  path  and 
transfer  functions  relating  to  a  loudspeaker  in  a  room. 
The  electrical  signal  from  the  source  is  fed  to  a  power 
amplifier  A  which  drives  the  loudspeaker  which  is  desig- 
nated  B  and  comprises  the  electrical  and  mechanical 
parts  of  the  loudspeaker  driver  unit  and  the  acoustic 
influence  of  the  cabinet  enclosure.  The  output  from  the 
loudspeaker  is  transformed  by  the  transfer  function  C 
from  the  acceleration  of  the  diaphragm  to  the  sound 
pressure  in  front  of  the  diaphragm  which  may  be  meas- 
ured  by  a  microphone  D  as  one  example  of  how  to 
obtain  the  force,  arising  from  the  sound  field,  acting  on 
the  diaphragm.  An  accelerometer  E  for  example  may 
measure  the  diaphragm  acceleration  directly.  At  point  1 
the  source  signal  is  provided,  at  point  2  the  electrical 
input  signal  to  the  loudspeaker  driver  is  available,  point 
3  refers  to  the  acceleration  of  the  diaphragm  of  the  loud- 
speaker,  and  at  point  4  the  sound  pressure  at  some  pre- 
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determined  and  fixed  point  in  front  of  the  driver  is 
available.  After  being  converted  by  the  microphone  D  an 
electrical  signal  representing  the  sound  pressure  is 
available  at  point  5,  and  correspondingly,  an  electrical 
signal  representing  the  membrane  acceleration  is  avail-  5 
able  at  point  6. 

Fig.  2  shows  one  embodiment  of  the  invention 
where  the  loudspeaker  B  with  one  of  a  multitude  of  pos- 
sible  placements  of  a  microphone  D  and  an  accelerom- 
eter  E.  10 

Fig.  3  shows  how  a  measurement  of  the  radiation 
resistance  of  the  loudspeaker  is  used  when  calculating 
the  filter  F,  which  is  switched  into  the  signal  path.  The 
signal  processing  may  occur  through  any  means  availa- 
ble  to  the  skilled  person,  the  result  will  be  a  linear  pre-  15 
distortion  of  the  signal  to  the  power  amplifier  in  order 
that  the  loudspeaker  provides  an  excitation  of  the  listen- 
ing  room  so  that  the  perceived  sound  is  a  good  approx- 
imation  to  the  quality  determined  during  the  design 
phase.  The  advantage  of  making  the  measurement  20 
continuous  is  that  the  system  will  automatically  com- 
pensate  e.g.  for  an  influx  of  listeners  or  a  changed 
placement  of  furniture  or  the  loudspeaker  placement 
itself,  which  disturbs  the  sound  distribution  in  the  room. 
Such  a  disturbance  is  now  compensated  so  that  the  25 
perceived  sound  is  essentially  unchanged. 

Claims 

1  .  A  method  for  controlling  the  performance  of  a  loud-  30 
speaker  in  a  room,  characterized  in  that  in  a  first 
acoustic  environment  the  resultant  movement  of 
the  loudspeaker  driver  diaphragm  and  the  associ- 
ated  force,  arising  from  the  sound  field  in  the  room, 
acting  on  it  are  determined  by  measuring  suitable  35 
parameters  defining  a  first  complex  transfer  func- 
tion,  that  in  a  second  acoustic  environment  a  sec- 
ond  complex  transfer  function  is  determined  by 
measuring  the  same  or  different  parameters  of  the 
loudspeaker  driver  relating  to  the  room,  that  the  40 
ratio  between  the  real  parts  of  the  first  and  second 
transfer  functions  is  used  to  define  the  performance 
of  a  correcting  filter,  that  the  filter  is  applied  in  the 
signal  chain  to  the  loudspeaker  driver. 

45 
2.  A  method  for  controlling  the  performance  of  a  loud- 

speaker  in  a  room,  in  particular  in  the  low  frequency 
range,  according  to  claim  1  ,  characterized  in  that 
the  loudspeaker  in  a  first  step  is  put  in  a  reference 
room  environment  where  it  performs  to  a  standard  so 
to  be  determined,  and  during  which  a  reference 
radiated  power  output  (real,  i.e.  active),  reference 
radiation  resistance  (acoustic  or  mechanical)  of  a 
driver  or  any  similar  physical  parameter,  e.g.  real 
part  of  the  acoustic  wave  impedance  near  the  dia-  55 
phragm  of  the  driver,  as  a  function  of  frequency  is 
measured,  and  in  that  in  a  second  step  the  loud- 
speaker  is  put  in  its  room  of  use  where  a  usage 
radiated  power  output  (real,  i.e.  active),  usage  radi- 
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ation  resistance  of  the  same  driver  or  any  similar 
physical  parameter,  e.g.  real  part  of  the  acoustic 
wave  impedance  near  the  diaphragm  of  the  same 
driver,  is  measured,  the  ratio  between  the  real  part 
of  said  power  outputs  (active),  radiation  resistances 
or  any  similar  physical  parameters,  e.g.  real  parts  of 
the  acoustic  wave  impedances  near  the  diaphragm 
of  the  driver,  respectively  being  used  to  define  the 
transfer  function  of  a  correcting  filter  in  order  to 
obtain  said  standard  of  performance  determined  in 
said  reference  room  environment,  and  that  in  a  third 
step  said  correcting  filter  is  introduced  in  the  electri- 
cal  signal  path  to  the  driver. 

3.  A  method  according  to  claim  1  and  2  ,  character- 
ized  in  that  the  loudspeaker  is  permanently  fitted 
with  measurement  means,  the  ratio  between  refer- 
ence  and  usage  measurements  being  used  to 
define  the  parameters  of  the  correcting  filter. 

4.  A  method  according  to  claim  1  and  2,  character- 
ized  in  that  the  loudspeaker  is  permanently  fitted 
with  measurement  means  and  is  continously  meas- 
uring  the  second  complex  transfer  function,  the 
ratio  between  reference  and  usage  measurements 
being  used  to  define  the  parameters  of  the  correct- 
ing  filter. 

5.  A  method  according  to  claim  3,  characterized  in 
that  the  measurement  means  are  activated  by  a 
user  or  in  the  event  that  some  predefined  conditions 
are  met,  e.g.  power  up  of  the  apparatus. 

6.  A  method  according  to  claim  1  and  2,  character- 
ized  in  that  the  listening  room  is  divided  into  zones 
of  e.g.  30  cm  by  30  cm,  each  having  a  correcting  fil- 
ter  transfer  function  assigned  to  it,  and  that  informa- 
tion  on  the  particular  zone  is  fed  to  the  correcting 
filter  in  the  electrical  signal  path  to  the  loudspeaker. 

7.  An  apparatus  for  performing  the  method  according 
to  claim  1  and  2,  characterized  in  that  it  comprises 
a  filter,  the  transfer  function  of  which  is  controllable 
by  electronic/numerical  signals,  said  signals  being 
obtained  from  a  unit  which  determines  the  ratio 
between  a  stored  reference  radiation  resistance  or 
active  power  output  (real)  or  wave  resistance  near 
the  driver  as  a  function  of  frequency  and  a  meas- 
ured  radiation  resistance  or  active  power  output 
(real)  or  wave  resistance  near  the  driver  in  the 
usage  situation.  This  ratio  basically  defines  the 
amplitude  response  of  the  correction  filter,  and  var- 
ious  filter  implementations,  e.g.  minimum  phase 
can  be  obtained  from  this.  However  various  opera- 
tions  might  be  performed  to  modify  the  ratio  before 
implementation,  e.g.  smoothing,  convolution,  fre- 
quency  limiting,  correction  limiting,  logarithm,  expo- 
nential,  multiplication,  addition  etc.  and 
combinations  of  these.  For  instance,  defining  the 
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amplitude  response  of  the  correction  filter  as  the 
square  root  of  the  ratio  seems  to  be  a  reasonable 
choice. 

A  method  according  to  claim  3  or  4  or  5  or  6,  char-  s 
acterized  in  that  a  multi-driver  system,  e.g.  2  woof- 
ers  and  1  tweeter,  should  have  each  driver 
subjected  to  a  measurement  according  to  claim  1 
and  2.  However  one  or  several  may  be  selected  as 
representative.  At  the  time  of  measurement  of  one  to 
particular  or  a  group  of  drivers,  the  other  drivers 
may  either  be  short-circuited,  disconnected  or  con- 
nected  to  the  signal.  Each  driver  may  have  individ- 
ual  filters  implemented  or  some  groups  may  have  a 
common  filter  implemented.  ts 
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