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This  invention  relates  to  a  high  efficiency  encod- 
ing  device  and  a  noise  spectrum  modifying  device 
and  method  for  speech  or  audio  signals.  More  partic- 
ularly,  it  relates  to  a  high  efficiency  encoding  device 
and  a  noise  spectrum  modifying  device  and  method 
of  the  sub-sampling  encoding  system,  such  as 
MUSE,  in  which  the  quantization  noise  spectrum  is 
rendered  aurally  acceptable  to  reduce  the  noise  level 
as  perceived  by  the  ear  to  improve  the  quality  of  the 
speech  or  audio  signals  for  high  definition  telecasting. 

As  a  system  for  high  efficiency  encoding  of  digital 
audio  signals,  there  has  hitherto  been  proposed  a 
system  consisting  in  the  combination  of  differential 
encoding  and  near-instantaneous  compression.  Ac- 
cording  to  the  proposed  system  a  difference  between 
two  neighbouring  samples  of  the  digital  audio  signals 
is  compressed  on  the  block  basis,  by  way  of  near- 
instantaneous  compression,  using  the  range  informa- 
tion  as  found  based  on  the  maximum  value  of  the  dif- 
ference  in  a  block  consisting  of  a  pre-set  number  of 
samples. 

There  has  also  been  disclosed  in  JP  Patent  KO- 
KAI  Publication  No.63-16718  (1988)  a  technique  in 
which  the  difference  is  found  based  on  a  difference 
between  signals  of  the  current  sample  and  signals  of 
a  directly  previous  sample  restored  by  processing 
with  near-instantaneous  compression,  near- 
instantaneous  expansion  and  accumulation  to  correct 
the  errors  produced  at  the  time  of  the  range  compres- 
sion. 

Such  high  efficiency  encoding  system,  consisting 
in  the  combination  of  the  differential  encoding  and 
near-instantaneous  compression  and  expansion 
(compansion)  is  employed  for  encoding  audio  signals 
processed  with  bandwidth  compression  by  the  multi- 
ple  subsampling  encoding  system,  such  a  MUSE,  for 
telecasting  or  recording  on  a  recording  medium,  such 
as  a  recording  disc,  of  high  definition  television  sig- 
nals,  such  as  so-called  high-vision  signals. 

Fig.  1  shows  characteristics  in  the  high-efficiency 
encoding  by  the  above-described  combination  of  the 
differential  encoding  and  near-instantaneous  com- 
pansion.  In  Fig.1,  curves  Aand  B  represent  an  output 
signal  level  and  a  noise  level,  respectively.  Thus  it  is 
seen  that  the  S/N  ratio  is  lowered  towards  higher  fre- 
quencies  at  a  rate  of  6  dB/oct.  The  quantization  noise 
shows  a  substantially  flat  spectrum.  The  status 
shown  in  Fig.  I  is  not  fully  satisfactory  as  long  as  the 
aural  sense  of  human  being  is  concerned,  although  a 
minimum  noise  energy  may  thereby  be  achieved. 

Above  all,  the  S/N  ratio  is  lowered  when  the  high- 
range  signal  is  supplied  as  an  input  signal. 

According  to  the  present  invention  there  is  pro- 
vided  an  apparatus  for  processing  a  digital  signal 
comprising 

i)  noise  shaping  means; 
ii)  means  for  near-instantaneous  compression  of 
an  output  signal  of  said  noise-shaping  means, 

iii)  means  for  near-instantaneous  expansion  of  an 
output  signal  of  said  near-instantaneous  com- 
pression  means  and  supplying  the  resulting  sig- 
nal  to  said  noise  shaping  means,  and 

5  iv)  first  difference  outputting  means  for  accumu- 
lating  an  output  signal  of  said  near-instantaneous 
expansion  means  and  calculating  a  difference 
between  the  accumulated  output  signal  and  an 
input  signal  and  for  supplying  the  resulting  differ- 

to  ence  to  said  noise-shaping  means. 
According  to  the  present  invention  there  is  also 

provided  an  apparatus  for  processing  an  input  digital 
signal  comprising 

i)  a  filter, 
15  ii)  means  for  receiving  the  input  digital  signal  and 

an  output  signal  of  said  filter  for  producing  a  first 
difference  signal, 
iii)  quantizing  means  for  quantizing  said  first  dif- 
ference  signal, 

20  iv)  inverse-quantizing  means  connected  to  said 
quantizing  means  for  quantizing  an  output  signal 
of  said  quantizing  means  to  produce  an  inverse- 
quantized  signal  having  inverse  characteristics, 
and 

25  v)  means  for  receiving  said  first  difference  signal 
and  said  inverse-quantized  signal  for  producing  a 
second  difference  signal  and  for  supplying  said 
second  difference  signal  to  said  filter, 

said  filter  having  equal-loud  ness  characteris- 
30  tics  normalized  with  critical  bandwidth. 

According  to  the  present  invention  there  is  also 
provided  a  method  for  processing  an  input  digital  sig- 
nal  comprising  the  steps  of 

i)  calculating  a  difference  between  the  input  dig- 
35  ital  signal  and  an  output  signal  of  a  local  decoder 

by  a  difference  unit  for  generating  a  difference 
signal, 
ii)  noise-shaping  said  difference  signal, 
iii)  near-instantaneously  compressing  the  noise- 

40  shaped  difference  signal, 
iv)  local-decoding  the  near-instantaneous  com- 
pressed  signal  by  the  local  decoder,  and 
v)  supplying  the  local-decoded  signal  to  said  dif- 
ference  unit. 

45  Hence,  the  present  invention  may  provide  re- 
spectively  a  high  efficiency  encoding  device,  a  noise 
spectrum  modifying  device  and  method  whereby, 
when  encoding  audio  signals  by  the  combination  of 
the  differential  encoding  and  near-instantaneous 

so  compansion,  the  quantization  noise  as  perceived  by 
the  ear  may  be  reduced  to  improve  the  sound  quality 
without  changing  the  existing  format. 

The  present  invention  provides  a  high  efficiency 
encoding  apparatus  comprising  difference  signal  out- 

55  putting  means  having  a  local  demodulating  function, 
quantization  means  having  a  near-instantaneous 
compansion  and  noise-shaping  means  for  modifying 
the  spectrum  of  the  quantization  noise. 
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It  is  preferred  for  the  noise  shaping  characteris- 
tics  of  the  noise  shaping  means  to  be  substantially  the 
equal-loudness  characteristics  normalized  with  the 
critical  bandwidth.  It  is  also  preferred  for  the  noise 
shaping  characteristics  to  be  substantially  flat  for  a  5 
frequency  region  not  higher  than  4  kHz.  It  is  similarly 
preferred  for  the  noise  shaping  characteristics  of  the 
noise  shaping  means  to  be  obtained  by  mixing  the 
characteristics  substantially  similar  to  the  equal- 
loudness  characteristics  normalized  with  the  critical  10 
bandwidth  and  the  masking  threshold  characteris- 
tics,  while  it  is  also  preferred  for  the  masking  thresh- 
old  characteristics  to  be  mixed  at  a  higher  proportion 
with  increase  in  the  input  signal  level. 

Thus,  preferred  embodiments  of  the  present  in-  15 
vention  consist  in  modifying  the  spectrum  of  the 
quantization  noise  so  that  the  noise  as  heard  by  the 
ears  becomes  lower.  To  this  end,  error  feedback  may 
be  employed.  The  equal-loudness  characteristics  and 
masking  characteristics  may  be  employed  for  reduc-  20 
ing  the  noise  as  heard  by  the  ears.  The  concept  of  the 
critical  bands  may  be  employed  in  converting  the 
equal-loudness  characteristics  into  characteristics  of 
the  noise  spectrum. 

In  conjunction  with  the  present  invention,  the  25 
quantization  noise  as  perceived  by  the  ears  may  be 
reduced  by  taking  into  account  the  equal  loudness 
characteristics  and  masking  characteristics  by  the 
noise  shaping  means  which  modify  the  spectrum  of 
the  quantization  noise.  That  is,  the  noise  level  as  per-  30 
ceived  by  the  ears  may  be  reduced  in  a  manner  de- 
sirable  for  the  sound  quality  without  modifying  exist- 
ing  formats,  such  as  the  speech  format  for  high  def- 
inition  telecasting  or  recording  on  the  recording  me- 
dium  by  the  so-called  MUSE  system  or  the  decoders.  35 

With  a  high  efficiency  encoding  apparatus  em- 
bodying  the  present  invention,  comprising  difference 
signal  outputting  means  having  a  local  demodulating 
function,  quantization  means  having  a  near- 
instantaneous  compansion  function  and  noise-  40 
shaping  means  for  modifying  the  spectrum  of  the 
quantization  noise,  the  quantization  noise  as  per- 
ceived  by  the  ears  may  be  reduced  by  taking  into  ac- 
count  the  equal-loudness  characteristics  and  the 
masking  characteristics  by  the  noise  shaping  means  45 
which  modifies  the  quantization  noise  spectrum. 

It  should  be  noted  that  the  characteristics  of  the 
noise  filter  provided  in  the  noise  shaping  means  may 
be  set  on  the  basis  of  at  least  one  of  characteristics 
based  on  the  information  of  the  equal-loudness  char-  50 
acteristics  and  the  masking  characteristics  as  ob- 
tained  from  the  information  derived  from  the  frequen- 
cy  analysis  of  the  input  audio  signal  and,  if  both  of 
them  are  employed,  a  synthesis  ratio  between  the 
characteristics  based  on  the  information  of  the  equal-  55 
loudness  characteristics  and  the  masking  character- 
istics  as  obtained  from  the  information  derived  from 
the  frequency  analysis  of  the  input  audio  signal  is  set 

based  on  the  information  which  is  changed  depend- 
ing  on  the  input  audio  signal  level.  It  becomes  possi- 
ble  in  this  manner  to  reduce  the  noise  as  perceived 
by  the  ears  to  improve  the  dynamic  range  as  long  as 
the  aural  sense  of  the  human  being  is  concerned. 

Therefore,  if  the  high  efficiency  encoding  device 
for  audio  signals  is  applied  to,  for  example,  standar- 
dized  digital  audio  equipment,  it  becomes  possible  to 
produce  the  playback  sound  having  a  higher  dynamic 
range  than  that  actually  realized  under  the  unified 
standard  as  long  as  the  aural  sense  of  the  human  be- 
ing  is  concerned.  For  example,  the  dynamic  range  of 
the  reproduced  audio  signal  as  perceived  by  the  ears 
may  be  improved  under  maintenance  of  the  existing 
unified  standard,  that  is  under  maintenance  of  com- 
patibility  without  modifying  the  playback  side  ar- 
rangement. 

The  present  invention  will  be  more  clearly  under- 
stood  from  the  following  description  given  by  way  of 
example  only  with  reference  to  the  accompanying 
drawings  in  which: 

Fig.  1  is  a  graph  showing  signal-to-noise  charac- 
teristics  of  a  conventional  high  efficiency  encoding 
device  for  audio  signals. 

Fig.  2  is  a  block  diagram  showing  a  processing 
device  according  to  a  first  embodiment  of  the  present 
invention. 

Fig.  3  is  a  graph  showing  noise-shaping  charac- 
teristics  for  reducing  the  aurally  perceived  noise  level. 

Fig.4  shows  typical  examples  of  the  relation  be- 
tween  the  center  frequencies  of  the  critical  bands  and 
the  bandwidth. 

Fig.  5  is  a  graph  showing  the  relation  between  the 
noise  shaping  characteristics  of  the  embodiments  of 
the  present  invention  and  the  equal  loudness  curve 
as  normalized  with  the  bandwidth  of  the  critical 
bands. 

Fig.6  is  a  blockdiagram  showing  a  processing  de- 
vice  accord  i  ng  to  t  he  second  embod  ime  nt  of  t  he  pres- 
ent  invention  in  which  the  equal  loudness  character- 
istics  and  masking  characteristics  are  taken  into  ac- 
count. 

Fig.  7  is  a  graph  showing  masking  characteristics 
for  a  sine  wave  input. 

Fig.  8  is  a  graph  showing  masking  characteristics 
by  plural  spectral  components. 

Fig.  9  is  a  graph  showing  equal  loudness  charac- 
teristics  and  comprehensive  masking  characteristics 
by  plural  spectral  components. 

Fig.  10  is  a  graph  showing  a  frequency  response 
for  low-range  input  signals  having  a  slightly  high  sig- 
nal  level. 

Fig.  11  is  a  graph  showing  a  frequency  response 
for  low-range  input  signals  having  a  high  signal  level. 

Fig.  12  is  a  graph  showing  a  frequency  response 
for  high-range  input  signals  having  a  slightly  high  sig- 
nal  level. 

Fig.  13  is  a  graph  showing  a  frequency  response 
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for  high-range  input  signals  having  a  high  signal  level. 
Referring  to  the  drawings,  a  first  embodiment  ac- 

cording  to  the  present  invention  will  be  explained  in 
detail. 

In  Fig  .2,  a  digital  speech  or  audio  signal,  supplied 
to  an  input  terminal  11  ,  is  transmitted  to  a  subtractive 
node  12  and  to  a  one-sample  delay  unit  13.  A  delay 
signal  from  the  one-sample  delay  unit  13  is  transmit- 
ted  to  the  subtractive  node  1  2  so  that  a  difference  sig- 
nal  between  neighbouring  samples  is  outputted  from 
the  subtractive  node  12.  The  difference  signal  is 
transmitted  to  a  range  detector  14  for  sequentially  de- 
tecting  the  signal  levels  in  the  course  of  a  given  block. 
The  maximum  level  as  detected  during  the  one-block 
interval  is  used  for  determining  the  compression 
range  of  the  difference  signal  for  the  block.  The  range 
signal  from  the  range  detector  14  is  held  for  the  one- 
block  interval  by  a  one-block  holder  15  before  being 
outputted  at  a  range  output  terminal  16. 

The  input  signal  at  the  input  terminal  11  is  also 
delayed  by  one  block  by  a  one-block  delay  unit  17  and 
thence  supplied  via  a  difference  unit  20  to  an  annexed 
noise  shaping  circuit  21  for  noise  shaping,  from  which 
the  noise-shaped  signal  is  restored  via  a  near- 
instantaneous  compressor  26,  a  near-instantaneous 
expander  27  and  an  accumulator  28  and  thence  sup- 
plied  to  the  difference  unit  for  difference  taking  20.  A 
delayed  output  of  the  one-block  delay  unit  17  is  sup- 
plied  to  a  fixed  terminal  a  of  a  changeover  switch  1  8, 
while  an  output  signal  of  the  near-instantaneous  com- 
pressor  26  is  transmitted  to  a  fixed  terminal  b  of  the 
changeover  switch  18.  An  output  of  the  changeover 
switch  18  is  issued  at  a  difference  signal  output  ter- 
minal  19. 

In  the  first  embodiment  of  the  present  invention, 
there  is  annexed  the  noise  shaping  circuit  21  having 
a  subtractive  node  24  forf  inding  a  difference  between 
an  input  to  the  near-instantaneous  compressor  26 
and  an  output  of  the  near-instantaneous  expander  27 
for  taking  out  only  the  quantization  noise  which  is 
processed  with  a  filter  23  consisting  of  a  first-order 
linear  coupled  circuit  before  being  fed  back  via  an  ad- 
ditive  (subtractive)  node  22. 

The  transfer  characteristics  of  the  first-order  lin- 
ear  coupled  circuit  constituting  the  filter  23  are  gen- 
erally  represented  as  Sanz-  n.  The  noise-shaping  char- 
acteristics  for  a  typical  set  of  coefficients  of  the  first- 
order  linear  coupled  circuit,  which  represent  the 
equal-loudness  characteristics  normalized  by  the 
critical  band  width,  are  shown  in  Fig.3,  in  which 
curves  Aand  B  denote  the  equal-loudness  character- 
istic  curve  and  the  noise-shaping  characteristic  curve 
normalized  with  the  critical  band  widths,  respectively. 

That  is,  the  equal-loudness  characteristics  A  and 
the  noise  shaping  characteristics  B  represent  the 
subjective  magnitude  of  sine  wave  signals  at  each  fre- 
quency  and  the  noise  spectrum,  respectively.  Conse- 
quently,  it  becomes  necessary  to  establish  the  rela- 

tion  of  matching  between  the  subjective  magnitude  of 
the  sine  wave  signals  and  the  subjective  magnitude 
of  the  noise.  This  may  be  achieved  by  relying  upon 
the  concept  of  the  critical  band. 

5  That  is,  the  noise  shaping  characteristics  capable 
of  affording  the  noise  spectrum  matched  to  the  equal 
loudness  characteristics  may  be  obtained  by  calculat- 
ing  the  pure  energy  of  the  noise  in  each  critical  bands 
and  coinciding  the  calculated  energy  with  the  equal 

10  loudness  level  of  the  sine  waves  at  the  center  fre- 
quency  of  each  critical  band.  Since  the  critical  band 
width  becomes  broader  for  the  higher  frequency,  it  is 
unnecessary  for  the  noise  shaping  characteristics  to 
be  increased  so  strongly  as  the  equal  loudness  char- 

15  acteristics  towards  higherfrequencies.  Figs.3  and  4  il- 
lustrate  typical  characteristics  and  the  typical  numer- 
ical  relation  between  the  center  frequencies  and  the 
bandwidth  of  the  critical  bands,  respectively. 

In  Fig.5,  in  which  the  critical  band  numbers  (Bark) 
20  are  plotted  on  the  abscissa,  there  are  shown  an  equal 

loudness  characteristic  curve  A  normalized  with  the 
critical  band  widths  and  a  noise  shaping  characteris- 
tic  curve  B  according  to  the  present  invention.  The 
noise  shaping  characteristic  curve  B  according  to  the 

25  present  invention  is  adjusted  so  as  to  be  coincident 
with  the  equal  loudness  characteristic  curve  at  the 
frequencies  approximately  equal  to  4  kHz  and  higher. 
At  the  frequencies  lower  than  4  kHz,  the  noise  shap- 
ing  characteristics  may  be  drawn  closer  to  flatness  for 

30  lowering  the  number  of  orders  of  the  digital  filter. 
Referring  to  the  drawings,  the  second  embodi- 

ment  of  the  present  invention  will  be  explained. 
Fig.6  shows,  in  a  block  diagram,  a  schematic  ar- 

rangement  of  a  device  of  the  present  second  embodi- 
35  ment  for  reducing  the  quantization  errors  for  audio 

signals.  The  device  shown  in  Fig.6  is  a  high  efficiency 
encoding  device  including  a  noise  shaping  circuit 
which  also  takes  the  masking  effects  into  account. 

The  device  shown  in  Fig.6  is  designed  to  feed 
40  back  the  quantization  errors  produced  in  the  near- 

instantaneous  compressor  26  to  the  input  side  of  the 
near-instantaneous  compressor  26  via  a  noise  filter 
23,  and  comprises  a  level  detection  unit  34  for  detect- 
ing  the  level  of  the  input  audio  signal,  a  frequency 

45  analysis  unit  31  for  performing  frequency  analysis  of 
the  input  audio  signal  from  one  critical  band  to  an- 
other,  an  equal  loudness  curve  generating  unit  35  for 
generating  the  information  conforming  to  the  human 
auditory  sense  based  on  the  so-called  equal  loud- 

50  ness  curve  shown  in  Fig.5,  and  an  allowable  noise 
spectrum  calculating  unit  33  for  changing  the  synthe- 
sis  ratio  between  the  output  of  the  equal  loudness 
curve  generating  unit  35  and  the  output  of  the  mask- 
ing  characteristic  processing  unit  32  for  realization  of 

55  the  optimum  quantization  noise  spectrum  by  the  out- 
put  of  the  frequency  analysis  unit  31  depending  on 
the  output  of  the  level  detecting  unit  34  for  calculating 
the  allowable  noise  spectrum  based  on  the  resulting 
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synthetic  information.  The  device  shown  in  Fig.6  is 
designed  to  set  the  filter  characteristics  of  the  noise 
filter  23  based  on  the  output  information  of  the  allow- 
able  noise  spectrum  calculating  unit  33. 

That  is,  in  the  present  embodiment,  a  so-called 
error  feedback  circuit  is  made  up  of  the  subtractive 
node  24  for  subtracting  the  input  to  the  near- 
instantaneous  compressor  26  from  the  output  of  the 
near-instantaneous  expander  27  for  producing  a 
quantization  error  generated  at  the  time  of  quantiza- 
tion  at  the  quasi-instantaneous  compressor  26,  the 
noise  filter  23  for  filtering  the  output  of  the  subtractive 
node  24  to  output  the  filtered  output,  and  an  additive 
node  (subtractive  node)  22  for  adding  the  output  of 
the  noise  filter  23  to  the  input  of  the  near- 
instantaneous  compressor  26.  The  filter  characteris- 
tics  of  the  noise  filter  23  are  determined  by  calculating 
filter  coefficients  by  a  filter  coefficient  calculating  unit 
36  based  on  the  information  of  the  allowable  noise 
spectrum  information  of  the  allowable  spectrum  cal- 
culating  unit  33  as  later  explained  and  by  transmitting 
the  filter  coefficient  information  to  the  noise  filter  23. 
Thus  the  error  feedback  circuit  performs  the  quanti- 
zation  error  reducing  operation  (so-called  noise  shap- 
ing)  based  on  the  allowable  noise  spectrum,  as  later 
explained,  and  the  output  of  the  error  feedback  circuit 
is  subsequently  issued  at  an  output  terminal  19.  The 
construction  and  the  operation  are  otherwise  the 
same  as  that  of  the  first  embodiment  shown  in  Fig.2 
so  that  the  corresponding  parts  are  indicated  by  the 
same  numerals  and  the  corresponding  description  is 
not  made  for  clarity. 

Meanwhile,  when  the  quantization  error  reducing 
operation  (noise-shaping  operation)  is  to  be  per- 
formed  by  the  above-described  error  feedback  cir- 
cuit,  the  dynamic  range  of  the  audio  signals  as  per- 
ceived  by  the  human  aural  sense  may  be  increased 
by  a  processing  which  takes  the  masking  of  the  input 
signal  spectrum  into  account.  As  the  noise  shaping 
taking  the  masking  into  account,  there  are  a  noise 
shaping  conforming  to  the  signal  spectrum  of  the  in- 
put  audio  signal  having  a  more  or  less  fixed  pattern, 
that  is  a  noise  shaping  which  makes  use  of  the  allow- 
able  noise  spectrum  produced  by  taking  the  so-called 
masking  of  the  input  audio  signal  spectrum  into  ac- 
count,  and  a  noise  shaping  which  makes  use  of  the 
allowable  noise  spectrum  which  is  adapted  to 
changes  in  the  spectrum  of  the  input  audio  signals 
and  which  is  obtained  by  taking  the  masking  of  the 
spectrum  into  account. 

By  the  masking  is  meant  the  phenomenon  in 
which,  owing  to  the  aural  feature  of  human  being,  a 
signal  becomes  masked  by  another  sound  and  be- 
comes  inaudible.  Among  the  masking  effects,  there 
are  a  masking  effect  on  signals  on  the  time  domain 
and  a  masking  effect  on  signals  on  the  frequency  do- 
main,  that  is  a  concurrent  masking  or  a  temporal 
masking.  Due  to  the  masking  effects,  any  noise  pres- 

ent  in  a  masked  region  becomes  inaudible. 
As  for  the  concurrent  masking  effect,  if  the  fre- 

quency  response  of  a  signal  S  at  a  given  frequency  is 
0  dB,  a  masking  effect  acts  in  a  region  below  a  curve 

5  M  (for  approximately  -25  dB  or  lower)  by  the  signal  S. 
Besides,  if  the  input  signal  is  segmented  according  to 
the  critical  bands  to  take  advantage  of  the  auditory 
sense  characteristic  of  human  being  and  the  noise 
shaping  is  performed  by  employing  the  allowable 

10  noise  spectrum  taking  the  above-mentioned  masking 
into  account  for  each  critical  band,  the  noise  shaping 
which  is  more  effective  for  the  auditory  sense  char- 
acteristic  of  human  being  may  be  achieved.  It  be- 
comes  possible  in  this  mannerto  improve  the  dynam- 

15  ic  range  of  the  reproduced  sound  as  perceived  by  the 
ears. 

Thus  the  frequency  analysis  unit  31  segments 
the  input  audio  signals  by  the  so-called  critical  bands 
by  taking  advantage  of  characteristics  of  the  human 

20  auditory  sense  and  performs  frequency  analysis  for 
each  of  the  critical  bands.  In  segmenting  the  input  au- 
dio  signal  by  the  critical  bands,  it  is  possible  to  trans- 
late  the  input  audio  signal  into  components  on  the  fre- 
quency  domain  (FFT  coefficients)  by  e.g.  the  fast 

25  Fourier  transform  (FFT)  and  to  classify  the  amplitude 
terms  Am  of  the  FFT  coefficients,  m  being  0  to  1024, 
into  e.g.  25  bands  or  groups  Gn,  n  indicating  the  band 
or  group  numbers  and  being  0  to  24,  in  accordance 
with  the  above-mentioned  critical  band  widths  which 

30  become  broader  towards  higher  frequencies  for  tak- 
ing  account  of  the  characteristics  of  the  human  audi- 
tory  sense. 

By  way  of  the  frequency  analyses  for  each  of  the 
critical  bands,  a  so-called  Bark  spectrum  Bn  or  the 

35  spectrum  of  total  sums,  which  may  be  found  by  find- 
ing  the  total  sum  of  the  amplitude  terms  Am  (total  sum 
of  the  peaks,  mean  values  or  energies)  for  the  re- 
spective  bands,  may  also  be  found  in  accordance 
with  the  equation  (1): 

40  Bn  =  10  log  10Cn(Pn)2dB  (1) 
In  the  equation  (1),  n  =  0  to  24,  Cn  is  the  number  of 
elements  that  is  the  amplitude  terms  (number  of 
points)  in  the  n'th  band,  and  Pn  is  the  peak  value  for 
the  respective  bands.  Atypical  Bark  spectrum  for  the 

45  respective  bands  is  shown  in  Fig.  8,  in  which  the  num- 
ber  of  the  critical  bands  is  set  to  12  (B1  to  B12)  for 
brevity.  The  frequency  analysis  unit  31  performs  the 
division  by  the  critical  bandwidth  and  the  frequency 
analysis  form  one  critical  band  to  another  and  trans- 

50  mits  the  output  information  to  the  masking  character- 
istics  calculating  unit  32. 

The  equal  loudness  curve  generating  unit  35  gen- 
erates  and  outputs  the  information  which  is  the  equal 
loudness  curve  normalized  with  the  critical  band- 

55  width.  The  equal  loudness  curve  represents  aural 
characteristics  of  human  being  and  is  obtained  by  in- 
terconnecting  the  sound  pressures  of  the  sounds  at 
the  respective  frequencies  heard  with  the  equal  loud- 

5 



g EP  0  596  663  A2 10 

ness  as  a  pure  sound  of  1  kHz.  It  is  also  known  as  the 
equal  loudness  sensitivity  curve.  As  shown  by  a 
curve  RC  of  Fig.  9,  representing  the  equal  loudness 
curve,  the  hearing  power  of  human  being  is  strongest 
in  the  vicinity  of  4  kHz,  such  that  the  sound  of  4  kHz 
is  heard  with  substantially  an  equal  loudness  as  the 
1  kHz  sound  even  if  the  sound  pressure  is  lower  by 
e.g.  8  to  10  dB  than  the  1  kHz  sound,  while  the  sound 
of  e.g.  10  kHz  is  less  audible  by  about  20  dB  than  the 
4  kHz  sound.  Consequently,  the  dynamic  range  of  the 
reproduced  sound  as  perceived  by  the  ear  may  be  im- 
proved  by  noise  shaping  the  audio  signals  by  the  er- 
ror  feedback  circuit  based  on  the  curve  RC  which  is 
the  equal  loudness  curve  normalized  with  the  critical 
bandwidth. 

That  is,  by  performing  the  noise  shaping  using 
the  allowable  noise  spectrum  obtained  by  taking  into 
account  the  curve  RC  which  is  the  equal  loudness 
curve  normalized  with  the  critical  bandwidth,  the 
noise  shaping  more  effective  in  view  of  the  aural 
sense  of  human  being  may  be  realized  to  improve  the 
dynamic  range  of  the  reproduced  sound  as  heard  by 
the  hearer.  The  information  concerning  the  curve  RC, 
which  is  the  equal  loudness  curve  normalized  with 
the  critical  bandwidth  as  perceived  by  the  ear,  or  a 
curve  approximated  to  the  curve  RC,  is  outputted  by 
the  equal  loudness  curve  generating  unit  35  so  as  to 
be  supplied  to  the  allowable  noise  spectrum  calculat- 
ing  unit  33. 

The  allowable  noise  spectrum  calculating  unit  33 
calculates  the  allowable  noise  spectrum  based  on  the 
output  information  from  the  equal  loudness  curve 
generating  unit  35  and  the  output  information  of  the 
masking  characteristics  calculating  unit  32.  At  this 
time,  the  Bark  spectral  components  Bn  for  the  re- 
spective  critical  bands  produced  by  the  frequency 
analysis  unit  31  are  convolved  to  take  into  account  the 
effects  of  the  neighbouring  bands  in  accordance  with 
the  equation  (2) 

Sn  =  Hn  *  Bn  (2) 
wherein  Hn  denotes  convolution  coefficients,  for  cal- 
culating  the  convolved  Bark  spectrum  Sn  for  the  re- 
spective  bands. 

By  the  convolution,  the  sum  total  of  dotted-line 
portions  in  Fig.  8  is  found.  Then,  using  the  convolved 
Bark  spectrum  Sn  and  the  S/N  value  On  as  required, 
n  being  equal  to  O  to  24,  the  masking  threshold  Tn  re- 
sulting  from  convolution  is  calculated  by  the  equa- 
tions  (3)  and  (4): 

On  =  K  -  K  x  n  (3) 
Tn  =  Sn  -  On  (4) 

For  example,  it  can  be  set  that  K  =  1  for  N  =  38, 
in  which  case  the  deterioration  in  the  sound  quality  is 
diminished.  That  is,  as  shown  in  Fig.  10,  the  level  low- 
erthan  the  levels  of  the  convolved  masking  threshold 
Tn  is  masked.  The  convolved  masking  threshold  Tn 
is  subsequently  deconvolved  by  the  equation  (5): 

TFn  =  Tn  -  Dn  (5) 

to  calculate  the  allowable  noise  level  (allowable  noise 
spectrum)  TFn.  In  effect,  the  dc  gain  Dn  of  the  con- 
volution  by  the  coefficient  Hn  is  subtracted  from  Tn. 

The  allowable  noise  spectrum  calculating  unit  33 
5  calculates  the  allowable  noise  spectrum  based  on 

the  information  obtained  by  combining  the  output  in- 
formation  of  the  masking  characteristic  calculating 
unit  32  with  the  output  information  of  the  equal  loud- 
ness  curve  generating  unit  35. 

10  Meanwhile,  it  may  occur  that  the  allowable  noise 
level  with  the  allowable  noise  spectrum  based  on  the 
curve  RC  which  is  the  equal  loudness  curve  normal- 
ized  by  the  critical  bandwidth  becomes  lower  than  the 
allowable  noise  level  by  the  masking  effects  which 

15  depends  on  the  input  signal  level.  That  is,  with  the 
higher  input  audio  signal  level,  it  may  occur  that  the 
level  of  the  allowable  noise  level  based  on  the  equal 
loudness  curve  is  simultaneously  masked  by  the  al- 
lowable  noise  level  by  the  masking  effect  which  de- 

20  pends  on  the  input  audio  signal. 
Thus,  with  the  present  embodiment,  the  input  au- 

dio  signal  level  is  detected  by  the  level  detecting  unit 
34  and  the  synthesis  ratio  of  the  output  information 
of  the  equal  loudness  curve  generating  unit  35  and 

25  the  output  information  of  the  masking  characteristic 
calculating  unit  32  is  changed  depending  on  the  de- 
tected  output  level.  It  is  note  that  the  synthesis  of  the 
output  information  of  the  equal  loudness  curve  gen- 
erating  unit  35  and  the  output  information  of  the 

30  masking  characteristic  calculating  unit  32  is  carried 
out  from  band  to  band.  In  such  case,  level  detection 
by  the  level  detection  unit  34  is  also  made  from  band 
to  band  so  that  the  synthesis  ratio  is  changed  from 
band  to  band  depending  on  the  band-based  detected 

35  output  level.  That  is,  if  the  low-range  input  audio  sig- 
nal  is  high  such  that  the  masking  effect  for  the  low- 
frequency  range  is  high,  the  synthesis  ratio  employed 
for  producing  the  synthesis  information  for  finding 
the  allowable  noise  spectrum  by  the  allowable  noise 

40  spectrum  calculating  unit  33  is  of  such  a  value  as  to 
give  an  allowable  noise  spectrum  which  is  highforthe 
low  frequency  range  and  which  is  low  for  the  high  fre- 
quency  range. 

Conversely,  if  the  high-range  input  audio  signal  is 
45  high  such  that  the  masking  effect  for  the  high- 

frequency  range  is  high,  the  synthesis  information  is 
produced  by  the  synthesis  ratio  which  will  give  an  al- 
lowable  noise  level  which  becomes  high  and  low  for 
the  high  and  low  frequency  ranges,  respectively.  The 

so  information  of  the  allowable  noise  spectrum,  pro- 
duced  in  this  manner,  is  transmitted  to  the  filter  coef- 
ficient  calculating  unit  36  from  which  filter  coefficients 
conforming  to  the  allowable  noise  spectrum  are  out- 
putted  and  transmitted  to  the  noise  filter  23. 

55  In  this  manner,  the  filter  coefficients  as  filtering 
properties  of  the  noise  filter  23  are  based  on  the  al- 
lowable  noise  spectrum  obtained  by  changing  the 
synthesis  ratio  from  band  to  band  depending  on  the 

6 
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input  signal  level.  It  is  now  assumed  that  for  a  flat  in- 
put  audio  signal  level,  the  noise  filter  23  is  of  filtering 
characteristics  shown  by  a  curve  MR  in  Figs.  10  to  13. 
If  the  input  audio  signal  becomes  a  signal  S1  having 
a  slightly  high  level  at  a  lower  frequency,  as  shown  in 
Fig.  10,  the  filtering  characteristics  are  changed  to 
those  in  which  the  high-range  response  and  the  low- 
range  response  are  lowered  and  raised  slightly  from 
the  curve  MR,  respectively,  as  shown  by  a  curve  MR1 
in  Fig.  10,  by  changing  the  synthesis  ratio  as  men- 
tioned  above. 

On  the  other  hand,  if  the  input  audio  signal  be- 
comes  a  signal  S2  having  a  high  level  at  a  lower  fre- 
quency,  as  shown  in  Fig.  II,  the  filtering  characteristics 
of  the  noise  filter  23  are  changed  to  those  in  which  the 
high-range  response  and  the  low-range  response  are 
lowered  and  raised  significantly  from  the  curve  MR, 
respectively,  as  shown  by  a  curve  MR2  in  Fig.  10. 
Conversely,  if  the  input  audio  signal  becomes  a  signal 
S3  having  a  slightly  high  level  at  a  higher  frequency, 
as  shown  in  Fig.  12,  the  filtering  characteristics  are 
changed  to  those  in  which  the  high-range  response 
and  the  low-range  response  are  raised  and  lowered 
slightly  from  the  curve  MR,  respectively,  as  shown  by 
a  curve  MR3  in  Fig.l2.  If  the  input  audio  signal  be- 
comes  a  signal  S4  having  a  high  level  at  a  higher  fre- 
quency,  as  shown  in  Fig.l3,  the  filtering  characteris- 
tics  of  the  noise  filter  23  are  changed  to  those  in  which 
the  high-range  response  and  the  low-range  response 
are  raised  and  lowered  significantly  from  the  curve 
MR,  respectively,  as  shown  byacurve  MR4  in  Fig.  13. 
By  changing  the  filtering  characteristics  s  shown  in 
Figs.10  to  13,  the  noise  shaping  may  be  achieved 
which  is  matched  more  closely  to  the  aural  sense  of 
human  being. 

In  other  words,  with  the  present  embodiment,  the 
filtering  characteristics  represented  by  the  curve  RC 
which  is  the  equal  loudness  curve  normalized  with 
the  critical  bandwidth  are  used  as  the  filtering  char- 
acteristics  of  the  noise  filter  23,  as  long  as  the  input 
audio  signal  level  is  low,  by  way  of  nose  shaping.  As 
the  signal  level  becomes  higher,  the  noise  filter  char- 
acteristics  are  rendered  flatter  to  match  the  noise  fil- 
ter  characteristics  to  the  signal  level  of  the  input  audio 
signal  to  render  the  quantization  noise  less  outstand- 
ing  by  the  input  audio  signal  level. 

Besides,  if  the  input  signal  level  is  low,  the  filter- 
ing  characteristics  as  represented  by  the  curve  RC 
are  rendered  flatter  by  the  noise  filter  23  to  conform 
to  the  input  signal  level  for  changing  the  noise  shap- 
ing  characteristics,  such  as  masking  characteristics, 
into  conformity  with  the  input  signal  characteristics. 
That  is,  the  filtering  characteristics  as  indicated  by  the 
curve  RC  which  is  the  equal  loudness  curve  normal- 
ized  with  the  critical  bandwidth  are  employed  for  the 
lower  input  signal  level,  while  the  filtering  character- 
istics  which  take  the  masking  effect  into  account  is 
employed  for  the  higher  input  signal  level. 

As  for  the  curve  MR  showing  filtering  character- 
istics  for  the  flatter  input  audio  signal  level  shown  in 
Figs.10  to  13,  it  may  be  contemplated  to  increase  the 
input  signal  level,  that  is  to  increase  the  allowable 

5  noise  level,  for  the  input  signal  level  of  not  lower  than 
4  kHz,  if  the  equal  loudness  curve  RC  shown  in  Fig.9 
is  taken  into  account.  However,  since  the  region  of 
the  equal  loudness  curve  RC  not  higher  than  4  kHz 
exhibits  acute  changes  despite  the  narrower  band- 

10  width,  the  number  of  orders  of  the  filter  is  increased 
if  the  noise  filter  23  is  designed  for  matching  the  re- 
gion  of  the  equal  loudness  curve  not  higher  than  4 
kHz  to  the  curve  RC  which  is  the  equal  loudness 
curve  normalized  with  the  critical  bandwidth.  Since 

15  the  effects  matched  to  the  number  of  the  filter  orders 
are  not  achieved  in  this  manner,  the  flatter  filtering 
characteristics  are  employed  in  the  present  embodi- 
ment  for  the  range  of  not  higher  than  4  kHz  as  descri- 
bed  above. 

20 

Claims 

1.  An  apparatus  for  processing  a  digital  signal  com- 
25  prising 

i)  noise  shaping  means  (21); 
ii)  means  (26)  for  near-instantaneous  com- 
pression  of  an  output  signal  of  said  noise- 
shaping  means  (21), 

30  iii)  means  (27)  for  near-instantaneous  expan- 
sion  of  an  output  signal  of  said  near- 
instantaneous  compression  means  (26)  and 
supplying  the  resulting  signal  to  said  noise 
shaping  means  (21),  and 

35  iv)  first  difference  outputting  means  (20,28) 
for  accumulating  (28)  an  output  signal  of  said 
near-instantaneous  expansion  means  (27) 
and  calculating  a  difference  (20)  between  the 
accumulated  output  signal  and  an  input  signal 

40  and  for  supplying  the  resulting  difference  to 
said  noise-shaping  means  (21). 

2.  The  apparatus  as  claimed  in  claim  1  wherein  said 
noise  shaping  means  (21)  comprises 

45  second  difference  outputting  means  (24) 
for  calculating  a  difference  between  a  signal  sup- 
plied  from  said  near-instantaneous  expansion 
means  (27)  and  a  signal  supplied  to  said  near- 
instantaneous  compression  means  (26), 

so  a  filter  (25)  for  filtering  an  output  signal  of 
said  second  difference  outputting  means  (24), 
and 

means  (22)  for  calculating  a  difference  be- 
tween  an  output  signal  of  said  filter  (25)  and  a  sig- 

55  nal  supplied  from  said  first  difference  outputting 
means  (20)  and  for  supplying  the  resulting  differ- 
ence  to  said  near-instantaneous  compression 
means  (26). 

7 
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3.  The  apparatus  as  claimed  in  claim  2  wherein 
characteristics  of  said  filter  (23)  are  obtained  sub- 
stantially  by  normalizing  the  signal  level  obtained 
from  equal  loudness  characteristics  with  critical 
bandwidth. 

4.  The  apparatus  as  claimed  in  claim  2  or  3  wherein 
said  filter  (23)  characteristics  are  flat  for  the  fre- 
quencies  of  not  higher  than  4  kHz. 

5.  The  apparatus  as  claimed  in  claim  2,  3  or  4  fur- 
ther  comprising 

controlling  means  (36)  for  controlling  the 
coefficients  of  said  filter. 

6.  The  apparatus  as  claimed  in  claim  5  wherein  said 
controlling  means  comprises 

means  (31,32)  for  generating  masking 
threshold  characteristics, 

synthesizing  means  (33)  for  synthesizing 
said  masking  threshold  characteristics  with  char- 
acteristics  produced  by  normalizing  said  equal 
loudness  curve  with  said  critical  bandwidth,  and 

means  for  calculating  filtering  coefficients 
(36)  in  accordance  with  an  output  signal  of  said 
synthesizing  means  (33). 

7.  The  apparatus  as  claimed  in  claim  6  wherein  said 
masking  characteristics  calculating  means  com- 
prises 

means  (31)  for  performing  frequency  ana- 
lysis  on  said  input  digital  signal,  and 

means  (32)  for  calculating  masking 
threshold  characteristics  based  on  the  results  of 
analysis  by  said  analysis  means  (31). 

8.  The  apparatus  as  claimed  in  claim  7  wherein  said 
frequency  analysis  means  (31)  segments  said  in- 
put  digital  signal  with  the  critical  bandwidth  and 
performs  the  frequency  analysis  from  one  critical 
band  to  another. 

9.  The  apparatus  as  claimed  in  claim  6,  7  or  8 
wherein  said  controlling  means  further  comprises 

level  detecting  means  (34)  for  detecting 
the  level  of  said  input  digital  signal, 

said  synthesizing  means  (33)  causing  the 
synthesis  ratio  to  be  changed  based  on  the  de- 
tected  signal  level. 

1  0.  The  apparatus  as  claimed  in  claim  9  wherein  said 
level  detection  means  (34)  performs  band-based 
level  detection  of  said  input  digital  signal, 

said  synthesizing  means  (33)  causing  the 
synthesis  ratio  to  be  changed  from  one  frequency 
band  to  another  based  on  the  signal  level  detect- 
ed  for  each  of  the  frequency  bands. 

11.  The  apparatus  as  claimed  in  claim  9  wherein  said 
synthesizing  means  (33)  increases  the  synthesis 
ratio  for  said  masking  threshold  characteristics 
for  the  higher  detected  signal  level. 

5 
12.  The  apparatus  as  claimed  in  any  preceding  claim 

further  comprising 
selecting  means  (18)  for  selectively  out- 

putting  one  of  said  input  digital  signal  and  an  out- 
10  put  signal  of  said  near-instantaneous  compres- 

sion  means  (26). 

13.  An  apparatus  (21)  for  processing  an  input  digital 
signal  comprising 

15  i)  a  filter  (23), 
ii)  means  (22)  for  receiving  the  input  digital 
signal  and  an  output  signal  of  said  filter  (23) 
for  producing  a  first  difference  signal, 
iii)  quantizing  means  (26)  for  quantizing  said 

20  first  difference  signal, 
iv)  inverse-quantizing  means  (27)  connected 
to  said  quantizing  means  (26)  for  quantizing 
an  output  signal  of  said  quantizing  means  (26) 
to  produce  an  inverse-quantized  signal  hav- 

25  ing  inverse  characteristics,  and 
v)  means  (24)  for  receiving  said  first  differ- 
ence  signal  and  said  inverse-quantized  signal 
for  producing  a  second  difference  signal  and 
for  supplying  said  second  difference  signal  to 

30  said  filter  (23), 
said  filter  having  equal-loudness  charac- 

teristics  normalized  with  critical  bandwidth. 

14.  An  apparatus  according  to  claim  13  further  com- 
35  prising 

vi)  filter  controlling  means  (36)  for  controlling 
characteristics  of  said  filter  (23),  and 
vii)  filter  coefficient  calculating  means  (33,36) 
having  first  generating  means  (33)  for  gener- 

40  ating  data  relating  to  equal-loudness  charac- 
teristics  normalized  with  the  critical  band- 
width,  said  data  being  supplied  to  said  filter 
coefficient  calculating  means  (36). 

45  15.  The  apparatus  as  claimed  in  claim  14  wherein 
said  filter  controlling  means  comprises 

second  generating  means  (32)  for  gener- 
ating  data  relating  to  the  masking  effects  for  said 
input  digital  signal,  said  data  being  supplied  to 

so  said  filter  coefficient  calculating  means  (33,36). 

16.  The  apparatus  as  claimed  in  claim  15  wherein 
said  filter  coefficient  calculating  means  (33,36) 
has  synthesizing  means  (33,35)  for  synthesizing 

55  said  data  relating  the  equal-loudness  character- 
istics  normalized  with  the  critical  bandwidth  and 
said  data  relating  to  the  masking  effects. 

8 
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17.  The  apparatus  as  claimed  in  claim  15  or  16 
wherein  said  second  generating  means  has 

analyzing  means  (31)  foranalyzing  the  fre- 
quency  of  said  input  digital  signal  and  generating 
said  data  relating  to  the  masking  effects  based  on 
the  results  of  analysis. 

18.  The  apparatus  as  claimed  in  claim  17  wherein 
said  frequency  analysis  means  (31)  divides  the 
frequency  range  of  the  input  digital  signal  into  crit- 
ical  bands  for  the  frequency  analysis  for  each  of 
the  critical  bands. 

19.  The  apparatus  as  claimed  in  claim  16  wherein 
said  filter  coefficient  calculating  means  (33,36) 
further  comprises 

level  detection  means  (31)  for  detecting 
the  level  of  said  input  digital  signal, 

said  synthesizing  means  (33)  changing 
the  synthesis  ratio  based  on  the  detected  signal 
level. 

20.  A  method  for  processing  an  input  digital  signal 
comprising  the  steps  of 

i)  calculating  a  difference  between  the  input 
digital  signal  and  an  output  signal  of  a  local  de- 
coder  by  a  difference  unit  (20)  for  generating 
a  difference  signal, 
ii)  noise-shaping  (21)  said  difference  signal, 
iii)  near-instantaneously  compressing  (26) 
the  noise-shaped  difference  signal, 
iv)  local-decoding  (27,28)  the  near- 
instantaneous  compressed  signal  by  the  local 
decoder,  and 
v)  supplying  the  local-decoded  signal  to  said 
difference  unit  (20). 

21.  The  method  as  claimed  in  claim  20  wherein  said 
local-decoding  step  comprises 

near-instantaneous  expanding  (27)  the 
near-instantaneous  compressed  signal,  and 

accumulating  (28)  the  near-instantaneous 
expanded  signals. 

filter  (23)  is  of  characteristics  substantially  corre- 
sponding  to  the  intensity  level  of  equal-loudness 
characteristics  normalized  with  critical  band- 
width. 

5 
24.  The  method  as  claimed  in  claim  22  or  23  wherein 

said  filter  (23)  is  of  characteristics  which  remain 
flat  for  the  region  not  higher  than  4  kHz. 

10  25.  The  method  as  claimed  in  any  one  of  claims  20 
to  24  wherein  said  noise-shaping  step  further 
comprises 

controlling  (36)  filter  coefficients  of  said  fil- 
ter  (23). 

15 
26.  The  method  as  claimed  in  claim  25  wherein  said 

controlling  comprises 
generating  (32)  masking  threshold  char- 

acteristics  of  the  input  digital  signal, 
20  synthesizing  (33)  said  masking  threshold 

characteristics  generated  and  characteristics 
corresponding  to  said  equal-loudness  character- 
istics  normalized  (35)  with  said  critical  band- 
width,  and 

25  calculating  (36)  the  filter  coefficients 
based  on  the  resulting  synthesis  signal. 

27.  The  method  as  claimed  in  claim  26  wherein  said 
masking  threshold  characteristics  are  generated 

30  by 
frequency  analysis  (31)  of  said  digital  input 

signal,  and 
calculating  (32)  the  masking  threshold 

characteristics  based  on  the  results  of  the  fre- 
35  quency  analysis. 

28.  The  method  as  claimed  in  claim  26  or  27  wherein 
said  controlling  further  comprises 

detecting  (34)  the  level  of  the  input  digital 
40  signal, 

said  synthesis  ratio  being  changed  de- 
pending  on  the  detected  input  signal  level. 

22.  The  method  as  claimed  in  claim  21  wherein  said  45 
local-decoding  step  comprises 

calculating  (22)  a  difference  between  said 
difference  signal  and  a  filter  signal  from  a  filter 
(23)  for  outputting  the  resulting  difference  signal 
as  an  output  signal,  so 

calculating  (24)  a  difference  signal  be- 
tween  said  output  signal  and  said  near- 
instantaneous  expanded  signal  (27)  for  generat- 
ing  a  second  difference  signal,  and 

filtering  said  second  difference  signal  by  55 
said  filter  (23). 

23.  The  method  as  claimed  in  claim  22  wherein  said 

9 



EP  0  596  663  A2 

FREQUENCY 

F I G . 1  

( P R I O R   A R T )  

10 



r  

1 -  

i 
i 

i i  
5 2 2  

=  I T  

1 





EP  0  596  663  A2 

BANDWIDTH  CENTER  BANDWIDTHS 
NUMBERS  FREQUENCIES  (Hz) 

(Bark)  (Hz) 

1  50  80 

2  150  100 

3  250  100 

4  350  100 

5  450  110 

6  570  120 

7  700  140 

8  840  150 

9  1000  160 

10  1170  190 

11  1370  210 

12  1600  240 

13  1850  280 

14  2150  320 

15  2500  380 

16  2900  450 

17  3400  550 

18  4000  700 

19  4800  900 

20  5800  1100 

21  7000  1300 

22  8500  1800 

23  10500  2500 

24  13500  3500 

25 

F I G . 4  

13 





Z  

< 

i i 

I 1  I 1  I 

D  
u 

D  

L  

D  
■ 

D  

L  

u 
L 



EP  0  596  663  A2 

16 





oo.  7   T 

III 



EP  0  596  663  A2 

I  I  l  I  I  I  I  I  I  I  I  I 
0  2000  6000  10000  14000  18000  22000  (Hz) 

FREQUENCY  —  

F I G .   1 0  

19 



EP  0  596  663  A2 

(dB) 
20  r 

0  2000  6000  10000  14000  18000  22000  (Hz) 

FREQUENCY  *► 

F I G . 1 1  

20 



EP  0  596  663  A2 

0  2000  6000  10000  14000  18000  22000  (Hz) 

FREQUENCY 

F I G . 1 2  

21 



EP  0  596  663  A2 

0  2000 6000 10000  14000  18000  22000  (Hz) 

FREQUENCY 

F I G . 1 3  

22 


	bibliography
	description
	claims
	drawings

