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Description 

This  invention  relates  to  a  tone  signal  generation  device  adapted  for  use  in  an  electronic  musical 
instrument  and  other  apparatus  having  a  tone  generation  function  and,  more  particularly,  to  a  tone  signal 

5  generation  device  capable  of  generating  a  tone  signal  whose  spectrum  components  change  with  the  lapse 
of  time  by  successively  generating  different  tone  waveshapes  as  well  as  capable  of  generating  a  tone  signal 
containing  a  non-harmonic  component. 

JP—  A—  95790/1983  discloses  a  tone  signal  generation  device  capable  of  generating  a  tone  signal 
whose  spectrum  components  change  with  the  lapse  of  time  by  successively  reading  out  different  tone 

10  waveshapes  stored  in  a  waveshape  memory.  In  this  device,  switching  of  tone  waveshapes  to  be  read  out 
from  the  memory  is  effected  each  time  the  same  tone  waveshape  has  been  repeatedly  read  out  for  a  given 
number  of  periods.  Besides,  for  smooth  transition  from  a  preceding  tone  waveshape  to  a  next  tone 
waveshape  at  the  time  of  switching,  an  interpolation  between  corresponding  sample  points  of  the  two 
waveshapes  is  performed  and  this  interpolation  is  carried  out  for  the  given  number  of  periods  during  which 

is  the  same  tone  waveshape  is  repeatedly  read  out. 
In  the  above  described  prior  art  device,  the  interval  between  switchings  of  tone  waveshapes  is  fixed  to 

a  predetermined  number  of  periods  and,  accordingly,  the  interval  of  switching  varies  depending  upon  the 
frequency  of  a  tone  to  be  generated  and  therefore  time  required  for  the  interpolation  varies.  This  gives  rise 
to  the  problem  that  the  higher  the  frequency  of  a  tone,  the  faster  the  tone  waveshape  switches  with  a  result 

20  that  the  timewise  change  effect  of  the  spectrum  components  become  unequal  depending  upon  the  tone 
pitch.  Further,  the  higher  the  frequency  of  a  tone,  the  faster  is  performed  the  interpolation  at  the  switching 
between  the  waveshapes  so  that  the  effect  of  the  smooth  transition  between  the  different  waveshapes  is 
reduced. 

The  above  described  prior  art  device  discloses  also  an  art  of  interpolation  according  to  which 
25  weighting  is  carried  out  with  respect  to  both  a  preceding  waveshape  and  a  following  waveshape  at  the  time 

of  switching  between  the  waveshapes  so  as  to  realize  smooth  transition  from  the  former  to  the  latter.  Since 
in  the  disclosed  method  of  interpolation,  difference  between  the  preceding  tone  waveshape  and  the 
following  tone  waveshape  is  computed  for  each  corresponding  sample  point  and  this  difference  is 
multiplied  with  a  weighting  coefficient  and  thereafter  the  productis  added  to  sample  point  amplitude  data 

30  of  the  preceding  tone  waveshape,  gain  of  a  tone  waveshape  signal  finally  obtained  is  always  "1"  no  matter 
what  value  the  weighting  coefficient  may  be  with  resulting  lack  in  variety  in  the  interpolation 
characteristics.  Assuming  that  the  amplitude  level  of  a  preceding  waveshape  is  represented  by  A,  that  of  a 
following  waveshape  by  B,  weighting  coefficient  by  X,  the  level  of  a  tone  waveshape  signal  obtained  is 

35  A+X(B-A)=A(1-X)+BX 

and  gain  is  always  "1".  Besides,  in  a  case  where  a  function  of  a  weighting  coefficient  (interpolation 
function)  is  determined  as  desired,  the  above  described  method  of  interpolation  produces  deviation  in  the 
interpolation  characteristics  so  that  a  smooth  interpolation  cannot  be  expected.  For  instance,  in  a  case 

40  where  the  weighting  coefficient  changes  exponentially  with  respect  to  time,  the  level  of  the  preceding  tone 
waveshape  tends  to  remain  in  a  high  value  and  the  level  of  the  following  waveshape  increases  abruptly 
immediately  before  the  end  of  the  interpolation  with  a  result  that  a  smooth  interpolation  cannot  be 
expected.  Accordingly,  it  is  only  in  the  interpolation  in  a  linear  section  that  an  impartial  and  smooth 
interpolation  can  be  realized. 

45  Tones  produced  by  acoustic  musical  instruments,  particularly  string-striking  musical  instruments  such 
as  piano  and  harpsichord,  contain  components  which  are  not  in  an  exact  harmonic  relationship  of  the  notes 
of  these  tones  (i.e.,  nonharmonic  components).  Since  in  the  known  tone  signal  generation  system  in  which 
tone  waveshapes  stored  in  a  waveshape  memory  are  simply  read  out  repeatedly  can  produce  only 
harmonics  of  integer  multiples,  such  known  system  cannot  produce  a  tone  signal  containing  a 

50  nonharmonic  component.  On  the  other  hand,  en  electronic  musical  instrument  of  a  type  in  which  individual 
harmonic  components  are  separately  calculated  and  synthesized  together,  synthesis  of  a  tone  signal 
containing  nonharmonic  components  is  possible  as  is  disclosed  in  US  —  A  —  3,888,153.  More  specifically,  a 
partial  tone  signal  of  a  nonharmonic  component  is  generated  by  causing  the  frequency  of  each  individually 
generated  harmonic  component  to  deviate  slightly  from  an  integer  multiple  of  the  fundamental  frequency 

55  as  required  and  then  partial  tone  signals  are  synthesized  with  the  nonharmonic  partial  tone  signal  to 
provide  a  tone  signal  containing  a  nonharmonic  component. 

This  prior  art  device,  however,  has  the  disadvantage  that  it  requires  a  large-scale  hardware  because  it 
necessitates  a  construction  in  which  partial  tone  signals  corresponding  to  the  fundamental  wave  and 
respective  harmonics  must  be  produced  individually  and  separately  and  relative  amplitudes  of  these  partial 

60  tone  signals  must  be  individually  controlled  before  synthesizing  these  signals. 
The  precharacterizing  part  of  Claim  1  refers  to  a  tone  signal  generation  device  as  described  in 

US  —  A  —  4  532  312.  Said  document  discloses  an  electronic  musical  instrument  having  a  greater  number  of 
selectively  actuable  switches  than  generators  to  cause  the  production  of  sound  corresponding  to  the 
respective  notes  of  the  musical  scale.  The  electronic  musical  instrument  interpolates  between  the  harmonic 

65  structures  of  a  waveform  stored  in  a  waveform  memory  during  the  transient  period  of  that  waveform.  This 
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is  accomplished  through  the  use  of  memory  units  having  a  number  of  locations  or  zones  within  each 
memory  where  the  number  of  zones  is  equivalent  to  the  number  of  discrete  harmonic  structures.  The  first 
of  the  memory  units  contains  a  discrete  fixed  harmonic  structure  in  each  of  its  zones,  and  a  second  of  the 
memory  units  contains  a  difference  value  in  each  of  its  zones  where  the  difference  value  is  equal  to  the 

5  difference  between  the  discrete  fixed  harmonic  structures  in  adjacent  zones  of  the  first  memory.  The 
different  transient  periods  of  the  waveforms  are  detected  and  cause  either  an  attack  or  decay  type 
waveform  to  be  generated.  According  to  this  prior  art,  the  interpolation  system  is  used  during  the  attack 
period.  However,  the  attack  periods  of  natural  music  instruments  are  very  delicate  and  cannot  be  truly 
synthesized  by  combining  different  waveforms  with  the  interpolation  technique. 

10  It  is  the  object  of  the  present  invention  to  provide  a  tone  signal  generation  device  of  the  type  as 
described  in  the  precharacterizing  part  of  Claim  1  that  is  capable  of  producing  the  true  sounds  of  natural 
music  instruments,  in  particular  in  the  attack  periods  of  the  musical  tones. 

This  object  is  solved,  according  to  the  invention,  with  the  features  of  the  characterizing  part  of  Claim  1. 
In  a  preferable  embodiment,  the  function  generating  means  comprises  function  memory  means  for 

15  storing  the  first  weighting  function  and  function  readout  means  for  reading  out  the  first  weighting  function 
in  a  forward  direction  from  the  function  memory  means  to  generate  the  first  weighting  function  and  for 
reading  out  the  first  weighting  function  in  a  reverse  direction  from  said  function  memory  means  to 
generate  the  second  weighting  function. 

Since  the  weighting  of  the  first  and  second  waveshapes  are  separately  made  by  the  first  weighting 
20  function  having  the  first  curve  and  the  second  weighting  function  having  the  second  curve  which  has  the 

shape  reversed  the  first  curve,  the  first  and  second  waveshapes  are  weighted  by  interpolation 
characteristics  which  are  opposite  to  each  other  so  that  interpolation  of  symmetrical  characteristics  which 
is  not  partial  to  eith.er  waveshape  is  ensured  regardless  of  the  type  of  interpolation  function  (weighting 
function)  employed. 

This  will  be  explained  more  fully  with  reference  to  Figs.  30a  and  30b.  Fig.  30a  shows  the  prior  art 
interpolation  method  in  which  X  represents  a  weighting  coefficient  which  is  a  desired  function  (an 
exponential  function  in  the  figure)  of  X=f(t).  A(1-X)  represents  the  level  of  a  preceding  tone  waveshape 
after  the  interpolation  which  is  indicated  by  oblique  lines  rising  from  left  to  right.  BX  represents  the  level  of 

30  a  following  waveshape  after  the  interpolation  which  is  indicated  by  oblique  lines  rising  from  right  to  left.  In 
this  case,  it  will  be  understood  that  interpolation  characteristics  which  is  partial  to  the  preceding  tone 
waveshape  is  obtained.  Fig.  30b  shows  the  interpolation  method  according  to  the  invention  in  which  Y=g(t) 
represents  a  function  obtained  by  reading  out  the  function  X=f  (t)  reversely.  The  preceding  tone  waveshape 
is  weighted  by  this  function  and  the  level  AY  after  weighting  is  indicated  by  oblique  lines  rising  from  left  to 

35  right.  The  following  tone  waveshape  is  weighted  by  the  function  X=f(t)  and  the  level  BX  after  weighting  is 
indicated  by  oblique  lines  rising  from  right  to  left.  As  will  be  apparent  from  Fig.  30b,  the  two  tone 
waveshapes  are  symmetrically  interpolated  without  being  partial  to  either  one.  That  is,  the  level  AY  first  is 
large  and  the  level  BX  is  small.  Then  the  two  levels  become  equal  in  the  middle  and  in  the  latter  half 
section,  the  level  BX  is  large  and  the  level  AY  is  small  in  symmetry  to  the  change  in  the  former  half  section. 

40  Accordingly,  waveshape  switches  from  one  to  another  smoothly  and  impartially  regardless  of  the  type  of 
the  interpolation  function.  In  contrast,  in  Fig.  30a,  the  level  A(1  -X)  is  partially  large  as  a  whole  and  the  level 
BX  increases  immediately  before  the  end  of  the  interpolation  so  that  it  is  not  a  very  smooth  transition. 

The  tone  signal  generation  device  of  Claim  1  5  allows  for  setting  desired  interpolation  characteristics  by 
freely  setting  a  function  concerning  weighting  and  moreover  capable  of  eliminating  the  deviation  in  the 

45  interpolation  characteristics  and  realizing  smooth  transition  of  a  tone  waveshape. 
The  present  invention  is  applicable  not  only  to  a  type  of  device  in  which  a  tone  waveshape  which  is  an 

object  of  interpolation  is  formed  by  reading  out  tone  waveshapes  from  a  waveshape  memory  storing 
intermittently  sampled  different  tone  waveshapes  but  also  advantageously  to  a  type  of  device  in  which  a 
tone  waveshape  is  formed  by  employing  parameters.  As  an  example  of  such  tone  waveshape  forming 

so  system  employing  parameters,  the  harmonic  synthesizing  system  may  be  cited.  In  this  harmonic 
synthesizing  system,  timewise  change  in  the  spectrum  of  a  tone  signal  has  been  conventionally  effected  by 
preparing  many  sets  of  harmonic  coefficients  setting  relative  amplitudes  of  respective  harmonics  and 
timewise  changing  these  sets  of  coefficients  to  utilize  them  in  a  tone  waveshape  forming  operation.  This 
necessitates  a  memory  of  a  large  capacity  storing  the  harmonic  coefficients  and  besides  a  smooth  timewise 

55  change  in  the  tone  waveshape  is  not  expected.  If  a  parameter  type  tone  forming  means  is  employed  in  the 
present  invention,  timewise  change  in  the  tone  waveshape  by  the  interpolation  according  to  the  invention 
can  be  advantageously  realized  in  the  harmonic  synthesis  operation  system  or  other  parameter  type 
systems.  The  waveshape  memory  and  readout  means  may  be  replaced  by  tone  waveshape  forming  means 
for  forming  a  tone  waveshape  of  a  shape  determined  by  a  parameter  and  forming  the  tone  waveshape  in 

60  according  with  phase  designated  by  phase  data,  parameter  memory  means  for  storing  the  parameters 
determining  the  shape  of  respective  tone  waveshapes  with  respect  to  different  tone  waveshapes  which 
have  been  intermittently  sampled  between  the  start  to  end  of  sounding  of  a  tone  and  phase  data  generation 
means  for  generating  the  phase  data  which  changes  in  response  to  the  frequency  of  the  tone  to  be 
generated  and  providing  the  phase  data  to  the  tone  waveshape  forming  means. 

65  In  the  accompanying  drawings, 
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Figs.  1a  and  1b  are  schematic  views  for  explaining  the  principle  of  the  tone  signal  generation  in  an 
embodiment  of  the  invention; 

Fig.  2  is  an  electric  block  diagram  showing  an  embodiment  of  the  electronic  musical  instrument  using 
the  tone  signal  generation  device  according  to  the  invention; 

5  Fig.  3  is  a  time  chart  showing  an  example  of  a  clock  pulse  and  a  channel  timing  signal  used  in  this 
embodiment; 

Fig.  4  shows  an  example  of  the  memory  map  of  a  waveshape  memory  in  the  embodiment; 
Fig.  5  is  an  electric  block  diagram  showing  an  example  of  a  phase  generator  shown  in  Fig.  2; 
Fig.  6  is  an  electric  block  diagram  showing  a  time  division  control  circuit  shown  in  Fig.  5; 

m  Fig.  7  is  a  timing  chart  showing  an  example  each  of  various  signals  appearing  in  Fig.  6; 
Fig.  8  is  an  electric  block  diagram  showing  an  example  of  an  attack  end  detection  circuit  shown  in  Fig. 

5; 
Fig.  9  is  an  electric  block  diagram  showing  an  example  of  a  start  address  generation  circuit  shown  in 

Fig.  5; 
is  Fig.  10  is  an  electric  block  diagram  showing  an  example  of  a  cross  fade  control  circuit  shown  in  Fig.  2; 

Fig.  11  is  a  time  chart  showing  an  example  each  of  various  signals  appearing  in  Figs.  8,  9  and  10; 
Figs.  12a  —  12e  are  schematic  views  showing  various  interpolation  functions  (cross  fade  curves) 

prepared  in  a  cross  fade  curve  memory  shown  in  Fig.  10; 
Figs.  13  to  17  are  waveshape  diagrams  each  showing  an  example  of  a  segment  waveshape  stored  in 

20  the  waveshape  memory  shown  in  Fig.  2,  Fig.  13  showing  a  first  switching  order  segment  waveshape  SEG1, 
Fig.  14  showing  a  second  switching  order  segment  waveshape  SEG2,  Fig.  15  showing  a  third  switching 
order  segment  waveshape  SEG3,  Fig.  16  showing  a  fourth  switching  order  segment  waveshape  SEG4,  and 
Fig.  17  showing  a  fifth  switching  order  segment  waveshape  SEG5; 

Figs.  18  and  19  are  waveshape  diagrams  showing  examples  of  tone  signals  synthesized  by  the 
25  embodiment  shown  in  Fig.  2  using  the  segment  waveshapes  of  Figs.  13  to  17; 

Fig.  20  is  a  spectrum  envelope  diagram  showing  the  frequency  spectra  of  the  tone  signals  of  Figs.  18 
and  19; 

Fig.  21  is  a  diagram  showing  the  spectrum  envelope  including  the  third  and  fourth  harmonics  portions; 
Fig.  22  is  an  electric  block  diagram  showing  a  modification  of  a  first  counter  and  change  rate  memory 

30  shown  in  Fig.  10,  namely,  counting  rate  control  means; 
Fig.  23  is  an  electric  block  diagram  showing  a  modification  of  a  second  counter  shown  in  Fig.  10; 
Fig.  24  is  an  electric  block  diagram  showing  a  modification  of  a  start  address  generation  circuit  shown 

in  Fig.  9; 
Fig.  25  shows  an  example  of  interpolation  other  than  that  shown  in  Fig.  1b; 

3S  Fig.  26  is  an  electric  block  diagram  showing  another  embodiment  of  the  invention; 
Fig.  27  is  an  electric  block  diagram  showing  an  example  of  a  segment  order  data  generation  circuit 

shown  in  Fig.  26; 
Fig.  28  is  a  block  diagram  schematically  showing  an  example  of  a  tone  waveshape  forming  circuit 

shown  in  Fig.  26  as  constructed  by  the  harmonics  synthesizing  method; 
40  Fig.  29  is  a  block  diagram  schematically  showing  an  example  of  a  tone  waveshape  forming  circuit  by 

the  digital  filter  method;  and 
Figs.  30a  and  30b  show  an  example  of  interpolation  characteristics  for  explaining  difference  between 

the  conventional  interpolation  and  the  interpolation  according  to  the  invention. 
An  embodiment  of  the  present  invention  will  now  be  described  with  reference  to  the  accompanying 

45  drawings. 
Referring  first  to  Figs.  1a  and  1b,  description  will  be  made  on  the  principle  of  the  tone  signal  generation 

used  in  the  embodiment  to  be  described  below.  For  the  sake  of  convenience.  Fig.  1a  shows  only  the 
amplitude  envelope  to  diagrammatically  describe  the  tone  waveshape  to  be  prepared  in  the  waveshape 
memory.  Because  the  tone  waveshape  changes  in  a  complicated  manner  for  a  given  period  of  time  from 

so  the  start  of  sounding,  simulation  of  a  good  quality  waveshape  for  the  attack  portion  is  difficult  when 
depending  on  the  repetitive  reading  of  a  single-period  waveshape.  Therefore,  the  attack  portion  is  in  intact 
manner  stored  in  the  waveshape  memory  according  to  this  embodiment.  In  all  the  sounding  period 
following  the  attack  portion,  one  period  of  a  plurality  of  different  tone  waveshapes  is  sampled 
intermittently  and  stored  in  the  waveshape  memory.  Thus  a  plurality  of  tone  waveshapes  are  prepared  in 

55  correspondence  to  intermittent  time  periods  and  stored  in  the  waveshape  memory.  These  plural 
waveshapes  are  used  in  the  interpolation  operation  according  to  the  invention.  Fig.  1a  shows  the 
intermittently  sampled  waveshapes  of  a  single  period  SEG1  to  SEG5.  These  will  be  called  segment 
waveshapes  below  for  the  sake  of  convenience.  The  waveshapes  stored  in  the  waveshape  memory  are 
read  out  basically  as  follows:  First,  the  full  waveshape  of  the  attack  portion  is  read  out  continuously,  the 

60  segment  waveshape  SEG1  to  SEG5  are  selected  in  order  at  a  timing  following  the  waveshape  switching 
command  to  be  described  later  and  the  one  period  of  the  selected  segment  waveshapes  is  read  out 
repeatedly.  For  instance,  when  the  reading  of  the  attack  portion  waveshape  is  completed,  the  first  segment 
waveshape  SEG1  is  read  repeatedly  for  a  certain  period  of  time  and  then  the  second  segment  waveshape 
SEG2  is  read  repeatedly,  thus  switching  one  segment  waveshape  to  another  thereafter.  The  interpolation  is 

65  used  to  obtain  a  smooth  transition  from  one  waveshape  segment  to  the  following  at  the  switching  of  these 
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waveshapes.  In  this  case,  one  segment  waveshape  and  the  following  segment  waveshape  are  both  read 
out  at  least  in  the  interval  where  the  interpolation  is  to  be  performed  and  both  are  weighted  respectively 
according  to  appropriate  interpolation  functions.  By  way  of  example,  the  entire  switching  interval  of  the 
segment  waveshapes  is  the  interpolation  interval,  where  the  first  segment  waveshape  SEG1  is  read  out 

5  together  with  the  second  segment  waveshape  SEG2,  and  at  the  next  switching  interval,  the  second  and  the 
third  segment  waveshape  SEG2  and  SEG3  are  read  out  together,  thus  adjacent  two  segment  waveshapes 
being  read  out  together  at  each  switching  interval. 

Fig.  1b  shows  an  example  of  the  interpolation  functions.  The  solid  line  denotes  a  first-channel 
interpolation  function  IPE1  and  the  dot  line  denotes  a  second-channel  interpolation  function  IPE2.  The  first 

10  channel  corresponds  to  one  of  the  two  segment  waveshapes  read  for  the  interpolation  and  the  second 
channel  corresponds  to  the  other  segment  waveshape.  These  interpolation  function  IPF1  and  IPF2  indicate 
the  amounts  of  weighting  applied  to  the  waveshape  amplitudes  in  the  respective  channels,  the  minimum 
being  zero  (meaning  that  the  waveshape  is  not  produced).  In  the  attack  portion  where  the  interpolation  is 
not  effected,  the  first-channel  interpolation  function  IPF1  is  kept  at  its  maximum  while  the  second-channel 

is  interpolation  function  IPF2  at  its  minimum.  Upon  termination  of  the  attack  portion,  in  the  intervals  where 
the  interpolation  is  effected  on  the  segment  waveshapes  SEG1  to  SEG5,  the  interpolation  functions  IPF1 
and  IPF2  change  with  the  lapse  of  time  according  to  respective  given  characteristics.  The  interpolation 
functions  IPF1  and  IPF2  change  according  to  characteristics  inverse  to  each  other  so  that  the  weighting  of 
one  channel  decreases  while  the  weighting  of  the  other  channel  increases,  thus  achieving  a  smooth 

20  transition  of  one  waveshape  to  another.  While  the  interpolation  functions  IPF1  and  1PF2  show  linear 
characteristics  in  Fig.  1b,  these  functions  may  of  course  possess  characteristics  of  different  types. 

The  slopes  of  the  interpolation  functions  IPF1  and  IPF2  of  the  respective  channels  are  switched 
alternately  as  the  separate  interpolation  sections  t1f  t2,  t3,  t4  are  switched  from  one  to  another.  In  the 
interpolation  section  tv  the  interpolation  is  effected  so  as  to  enable  a  smooth  transition  from  the  segment 

25  waveshape  SEG1  to  SEG2.  In  this  case,  the  segment  waveshape  SEG1  is  read  repeatedly  in  the  first  channel 
while  the  segment  waveshape  SEG2  is  read  repeatedly  in  the  second  channel.  While  the  first-channel 
interpolation  function  IFP1  decreases  gradually  from  its  maximum,  the  second-channel  interpolation 
function  IPF2  increases  from  its  minimum  gradually.  The  plural-period  waveshape  signal  of  the  segment 
waveshape  SEG1  repeatedly  read  in  the  first  channel  is  weighted  (amplitude  controlled)  according  to  the 

30  interpolation  function  IPF1  while  the  plural-period  waveshape  signal  of  the  segment  waveshape  SEG2 
repeatedly  read  in  the  second  channel  is  weighted  according  to  the  interpolation  function  IPF2.  Mixing  of 
the  waveshape  signals  of  both  channels  thus  weighted  according  to  the  opposite  characteristics  makes  it 
possible  to  obtain  a  tone  signal  in  which  the  segment  waveshape  SEG1  smoothly  changes  with  the  lapse  of 
time  into  the  segment  waveshape  SEG2. 

35  In  the  following  interpolation  section  t2,  the  interpolation  is  effected  whereby  the  segment  waveshape 
SEG2  smoothly  changes  into  SEG3.  In  this  case,  the  segment  waveshape  SEG2  is  read  repeatedly  in  the 
second  channel,  as  in  the  preceding  section,  while  in  the  first  channel,  the  segment  waveshapes  are 
switched  from  SEG1  to  SEG3,  which  is  read  repeatedly.  Meantime,  the  slopes  of  the  interpolation  function 
IPF1  and  IPF2  change  to  assume  the  opposite  directions  to  those  in  the  preceding  section. 

40  Similarly  in  the  other  interpolation  sections  t3  and  t4,  the  segment  waveshapes  are  switched  from  one 
to  another  in  one  of  the  two  channels  while  the  slopes  of  the  interpolation  functions  1PF1  and  IPF2  are 
switched  to  assume  the  opposite  directions  to  those  in  the  preceding  section.  In  Fig.  1  b,  characters  SEG1  to 
SEG5  are  added  to  the  segment  waveshapes  used  in  the  first  and  second  channels  in  the  interpolation 
sections  t,  to  t4. 

45  Fig.  2  shows  an  embodiment  of  electronic  musical  instrument  to  which  the  tone  signal  generation 
device  according  to  the  invention  is  applied.  In  this  electronic  musical  instrument,  the  tone  signal  is 
produced  according  to  the  tone  signal  generation  principle  described  above  referring  to  Figs.  1a  and  1b. 

In  Fig.  2,  a  keyboard  10  has  a  number  of  keys  for  designating  the  pitch  of  the  tone  to  be  produced.  A  key 
assignor  11  detects  the  depression  or  release  of  the  keys  and  assigns  the  depressed  key  to  one  of  the 

so  plurality  of  tone  generation  channels.  By  way  of  example,  at  most  twelve  tones  can  be  produced 
simultaneously,  the  key  assignor  1  1  assigning  the  depressed  key  to  one  of  the  twelve  channels.  A  key  code 
KC  which  specifies  the  key  assigned  to  a  channel,  a  key-on  signal  KON  which  indicates  whether  or  not  the 
key  assigned  to  the  channel  remains  depressed  and  a  key-on  pulse  signal  KONP  which  is  generated 
instantly  at  the  beginning  of  the  depression  of  the  key  are  produced  from  the  key  assignor  in  the  individual 

55  channels  at  a  given  time  division  timing. 
Fig.  3  shows  an  example  of  the  time  division  timing.  Individual  channel  timings  1  to  12  are  produced  in 

synchronism  with  a  clock  pulse  (J>2.  Two  subchannel  timings  1  and  2  are  produced  by  halving  the  time  slots 
of  the  individual  channel  timings  in  synchronism  with  a  clock  pulse  <p<,  having  twice  the  frequency  as  the 
clock  pulse  <pz.  These  subchannel  timings  1  and  2  correspond  to  said  first  and  second  channels  in  the 

so  interpolation  described.  Thus  according  to  this  embodiment,  the  segment  waveshapes  of  the  first  channel 
(subchannel  1)  and  the  second  channel  (subchannel  2)  for  the  interpolation  are  read  in  time  division  by 
halving  one  channel  time  slot.  CH1  to  CH12  denote  channel  timing  signals  generated  in  response  to  the 
respective  channel  timings  1  to  12.  The  clock  pulses  cp1(  cf>2  and  the  signals  CH1  to  CH12  are  generated  from 
a  timing  signal  generator  12  and  supplied  to  respective  given  circuits  in  the  electronic  musical  instrument 

65  shown  in  Fig.  2. 
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A  phase  generator  13  is  provided  to  designate  a  tone  waveshape  to  be  read  out  from  a  waveshape 
memory  14  and  read  out  the  tone  waveshape  according  to  a  given  tone  frequency  to  be  generated.  The 
phase  generator  13  generates  address  data  MADR,  which  designates  the  sample  points  to  be  read,  in  time 
division  in  24  time  slots  in  each  of  the  channels  1  to  12.  The  generator  13,  in  the  construction  of  the 

5  invention,  comprises  reading  means  for  repeatedly  reading  the  one-period  waveshape  data  from  the 
waveshape  memory  means  according  to  a  given  tone  frequency  to  be  generated  and  waveshape 
designating  means  for  designating  a  tone  waveshape  to  be  read  out  from  the  waveshape  memory  means 
by  switching  as  time  passes.  The  phase  generator  13  is  supplied  from  the  key  assignor  1  1  with  the  key  code 
KC,  key-on  pulse  KONP  and  key-on  signal  KON,  which  designate  the  tone  frequency  to  be  generated  and 

10  the  sounding  start  timing. 
The  waveshape  memory  14  stores  several  sets  of  the  full  attack-portion  waveshape  and  a  plurality  of 

segment  waveshapes  in  correspondence  to  the  tone  colors.  More  specifically,  as  is  well  known,  the 
memory  14  stores  waveshape  data  corresponding  to  a  plurality  of  sample  points  into  which  the 
waveshapes  are  divided  (e.g.,  the  waveshape  amplitude  data  at  these  sample  points).  Fig.  4  schematically 

15  shows  an  example  of  the  memory  map  in  the  waveshape  memory  14.  As  to  a  tone  color  A,  waveshape  data 
of  all  the  full  attack-portion  waveshape  is  stored  in  the  address  area  from  the  address  Ao  to  A-,-1  and 
waveshape  data  for  one  period  of  the  first  waveshape  SEG1  is  stored  in  the  address  area  from  an  address 
A,  to  A2-1,  and  the  segment  waveshapes  SEG2,  SEG3,  ...  are  stored  respectively  in  given  address  areas. 
Other  tone  colors  B,  C,  ...  are  stored  in  like  manners.  In  Fig.  4,  Ao  A1f  A2,  ...,  Bo,  B1f  B2,  ...,  Co,  C1f  C2,...  denote 

20  the  start  addresses  in  the  respective  address  areas,  Ao,  Bo,  Co,  ...  denote  the  start  address  in  the  attack 
portion  Av  B,,  C1f  ...  denote  the  start  address  of  the  first  segment  waveshape  SEG1,  and  A2,  B2,  C2,... 
denote  the  start  address  of  the  second  segment  waveshape  SEG2.  By  way  of  example,  one-period 
waveshape  is  sampled  at  256  sample  points  and  the  full  attack-portion  waveshape  has  a  maximum  of  256 
periods.  As  shown,  the  number  of  periods  of  the  full  attack-portion  waveshape  vary  with  the  tone  color.  The 

25  sample  points  (256)  in  one  period  can  be  all  expressed  in  decimal  code  using  eight  bits.  Thus,  the  sample 
points  in  one  period  are  specified  by  the  least  significant  eight  bits  of  the  address  data  MADR.  The  least 
significant  bits  of  the  start  addresses  A,,,  A,,...,  Bo,  B1f...,  Co,  C1r...  are  all  "0"  and  the  more  significant  bits 
have  such  values  as  are  effective  to  designate  the  segment  waveshapes.  The  segment  waveshapes  SEG1, 
SEG2,  SEG3,  ...  of  various  tone  colors  are  compound  waveshapes  each  containing  the  basic  waveshape 

30  and  the  harmonics  components.  When  the  nonharmonics  component  is  to  be  synthesized,  at  least  one  of 
the  several  components  in  one  segment  waveshape  is  out  of  phase  by  a  given  amount  with  that  in  the 
adjacent  segment  waveshapes. 

Reverting  to  Fig.  2,  a  tone  color  selection  circuit  15  produces  and  supplies  tone  color  selection  data  TC 
to  the  phase  generator  13,  waveshape  memory  14,  cross  fade  control  circuit  16,  and  an  envelope  generator 

35  17.  The  cross  fade  control  circuit  16  is  provided  to  produce  the  interpolation  functions  for  weighting  the 
tone  waveshape  signals  of  the  two  channels  (subchannels)  related  to  the  same  sounding  channel  with  the 
opposite  characteristics.  The  cross  fade  control  circuit  16  comprises  part  of  interpolation  means  for 
weighting  two  waveshapes  to  be  read  out  so  that  the  preceding  waveshape  is  switched  smoothly  to  the 
following  waveshape  (especially  the  means  for  producing  the  interpolation  function),  counting  means  for 

40  producing  the  time  function  for  setting  the  timewise  change  of  weighting  effected  by  the  interpolation 
means,  and  means  corresponding  to  the  switching  control  means  for  controlling  the  waveshape  switching 
effected  by  the  waveshape  designating  means  in  response  to  the  output  of  the  counting  means. 

The  phase  generator  13  supplies  the  cross  fade  control  circuit  16  with  an  attack  end  signal  ATEND 
which  indicates  that  the  full  attack-portion  waveshape  has  been  read  out  and  an  inverted  attack  signafAT 

45  which  indicates  that  the  attack  portion  has  not  been  read  out  yet.  Upon  checking  the  completion  of  reading 
of  the  attack  portion  based  on  these  signals,  the  cross  fade  control  circuit  16  starts  producing  a  given 
interpolation  function.  The  interpolation  function  is  produced  from  the  circuit  16  as  cross  fade  curve  data 
CFand  supplied  to  a  multiplier  18  provided  forweighting  operation.  Also  a  waveshape  switching  command 
signal  WCHG  is  produced  from  the  circuit  16  and  supplied  to  the  phase  generator  13. 

50  The  multiplier  18  for  weighting  operation  forms  part  of  the  interpolation  means  together  with  an  adder 
20  which  adds  the  output  of  said  multiplier  18  to  the  signal  obtained  by  delaying  that  output  one  period  of 
the  clock  pulse  $-,  through  a  delay  circuit  19.  From  the  waveshape  memory  14  the  tone  waveshape  data  is 
read  out  in  time  division  in  synchronism  with  the  respective  subchannel  timings  of  each  channel.  The  cross 
fade  control  circuit  16  reads  out  the  cross  fade  curve  data  CF  in  time  division  in  synchronism  with  the 

55  respective  subchannel  timings  of  each  channel.  Thus  in  the  multiplier  18,  the  tone  waveshapes  read  out  in 
time  division  in  synchronism  with  the  respective  subchannels  of  each  channel  are  weighted  according  to 
the  respective  cross  fade  curve  data  CF  (i.e.,  interpolation  functions).  The  adder  20  adds  the  two  weighted 
subchannel  tone  waveshape  data  related  to  one  tone  generating  channel.  Specifically,  when  the  first 
subchannel  tone  waveshape  signal  is  supplied  belatedly  from  the  delay  circuit  19  to  the  adder  20,  the 

so  second  subchannel  tone  waveshape  data  of  the  same  channel  is  applied  to  the  other  input  of  the  adder  20. 
Thus  in  the  latter  half  of  the  time  slot  (corresponding  to  one  period  of  the  clock  pulse  (J>2)  of  one  channel, 
two  weighted  tone  waveshape  data  related  to  that  channel  are  mixed. 

The  envelope  generator  17  generates  the  amplitude  envelope  waveshape  signal  in  time  division  in 
each  channel  in  response  to  the  key-on  signal  KON  and  the  key-on  pulse  KONP  supplied  from  the  key 

65  assignor  11.  This  envelope  waveshape  maintains  a  constant  level  while  the  key  remains  depressed  and 
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shows  a  decay  envelope  characteristics  in  response  to  the  release  of  the  key.  The  full  attack-portion 
waveshape  stored  in  the  waveshape  memory  14  has  been  previously  provided  with  the  attack  envelope 
characteristics,  which  therefore  need  not  be  provided  by  the  envelope  generator  17  any  more.  The  outputs 
of  the  adder  20  and  the  envelope  generator  17  are  applied  to  a  multiplier  21  and  the  tone  waveshape  data  of 

5  the  respective  channels  are  provided  in  time  division  with  the  amplitude  envelopes  corresponding  to  the 
depression  and  release  of  the  key. 

The  output  of  the  multiplier  21  is  applied  to  the  data  inputs  of  latch  circuits  22-1  to  22-12  provided  in 
parallel  in  correspondence  to  the  respective  channels.  The  latch  control  inputs  L  of  the  latch  circuits  22-1  to 
22-12  are  provided  with  the  outputs  of  AND  gates  23-1  and  23-12  beinjjjhe  logical  products  of  the 

10  corresponding  channel  timing  signals  CH1  to  CH12  and  the  inverted  signal  $->  of  the  clock  pulse  $2.  Thus 
the  outputs  of  the  multiplier  21  are  latched  in  the  corresponding  latch  circuits  22-1  to  22-12  in  the  latter 
halves  of  the  time  division  time  slots  of  each  channel.  As  described,  in  the  latter-half  time  slots  (the  timings 
of  the  subchannel  2)  of  the  channel  timings  1  to  12,  two  weighted  tone  waveshape  data  related  to  that 
channel  are  added  by  the  adder  20  so  that  the  data  corresponding  to  the  results  of  addition  are  latched  in 

15  the  respective  latch  circuits  22-1  to  22-12.  Thus  the  time  division  of  the  tone  waveshape  data  of  each 
channel  is  cleared. 

The  outputs  of  the  latch  circuits  22-1  to  22-12  are  applied  to  latch  circuits  24-1  to  24-12.  The  latch  control 
inputs  L  of  the  latch  circuits  24-1  to  24-12  are  supplied  with  pitch  synchronizing  pulses  PSP1  to  PSP12 
produced  from  the  phase  generator  13.  The  pitch  synchronizing  pulses  PSP1  to  PSP12  are  pulses 

20  synchronizing  with  the  frequencies  of  the  tones  assigned  to  the  respective  channels.  Nonharmonic  clock 
components  are  removed  by  latching  the  tone  waveshape  data  in  response  to  these  pulses.  The  outputs  of 
the  latch  circuits  24-1  to  24-12  are  applied  to  and  added  by  an  dder  25  and  then  converted  into  an  analog 
signal  by  a  digital-to-analog  converter  26  before  reaching  a  sound  system  27. 

The  individual  parts  of  the  circuit  shown  in  Fig.  2  will  now  be  described  in  detail.  Fig.  5  shows  an 
25  example  of  the  phase  generator  13.  Numeral  28  denotes  the  reading  means  for  repeatedly  reading  out 

one-period  waveshape  data.  The  key  codes  KC  of  the  respective  channels  supplied  in  time  division  from  the 
key  assignor  are  applied  to  and  latched  in  latch  circuits  29-1  to  29-12  respectively  in  response  to  the  channel 
timing  signals  CH1  to  CH12.  Variable  oscillators  30-1  to  30-12  provided  in  the  respective  channels  generate 
note  clock  pulses  NC1  to  NC12  corresponding  to  the  tone  frequencies  of  the  depressed  keys  assigned  to  the 

30  respective  channels  in  response  to  the  key  codes  KC  supplied  from  the  corresponding  latch  circuits  29-1  to 
29-12.  The  note  clock  pulses  NC1  to  NC12  are  applied  to  a  time  division  control  circuit  31,  samples  in  time 
division  in  response  to  the  channel  timing  signals  CH1  to  CH12,  and  multiplexed  to  obtain  a  time  division 
multiplexed  output  through  a  line  32. 

Fig.  6  shows  an  example  of  the  time  division  control  circuit  31,  of  which  twelve  RS  flip-flops  33-1  to 
35  33-12  are  supplied  through  their  set  inputs  S  with  the  note  clock  pulses  NC1  to  NC12  respectively.  AND 

gates  34-1  to  34-12  are  supplied  with  the  outputs  Q  of  the  flip-flops  33-1  to  33-12  and  the  channel  timing 
signals  CH1  to  CH12.  The  outputs  of  the  AND  gates  34-1  to  34-12  are  multiplexed  by  an  OR  gate  350  and  led 
to  the  line  32  as  well  as  returned  to  the  reset  inputs  R  of  the  corresponding  flip-flops  33-1  to  33-12.  The 
outputs  of  the  flip-flops  33-1  to  33-12  are  produced  as  the  pitch  synchronizing  pulses  PSP1  to  PSP12  and,  as 

40  described,  applied  to  the  latch  circuits  24-1  to  24-12  shown  in  Fig.  2.  The  flip-flops  33-1  to  33-12  are  set  at  the 
rise  of  the  signals  through  the  set  inputs  S  and  reset  at  the  fall  of  the  signals  through  the  reset  inputs  R.  Fig. 
7  shows  an  example  of  the  input  and  output  signals  at  the  various  parts  of  the  circuits  shown  in  Fig.  6.  As  is 
clear  from  Fig.  7,  the  note  clock  pulses  NC1  to  NC12  of  the  keys  assigned  to  the  respective  channels  are 
asynchronous  with  the  channel  timings.  The  rise  of  the  pulses  NC1  to  NC12  sets  the  flip-flops  33-1  to  33-1  2 

45  so  as  to  enable  the  AND  gates  34-1  to  34-12.  Then  in  response  to  the  first  channel  timing  signals  CH1  to 
CH12,  the  AND  gates  34-1  to  34-12  produce  pulses,  of  which  the  fall  resets  the  flip-flops  33-1  to  33-12.  This 
makes  it  possible  to  obtain  from  the  AND  gates  34-1  to  34-12  new  note  clock  pulses  having  the  same 

•  frequencies  as  the  note  clock  pulses  NC1  to  NC12  and  synchronizing  with  the  channel  timing  signals  CH1  to 
CH1  2.  Thus  the  note  clock  pulses  corresponding  to  the  frequencies  of  the  tones  assigned  to  the  respective 

so  channels  (having  frequencies  of  integer  times  the  frequencies  of  the  tones)  are  provided  to  a  line  32  in 
synchronism  with  the  time  division  timings  of  the  corresponding  channels. 

Reverting  to  Fig.  5,  the  note  clock  pulses  of  the  respective  channels  are  applied  to  a  counter  38 
consisting  of  an  adder  35,  a  gate  36  and  a  shift  register  37  so  the  pulses  are  counted  channelwise  in  time 
division.  The  shift  register  37,  comprising  24  bits/8  stages,  is  shift  controlled  by  the  clock  pulse  $, 

55  synchronizing  with  the  subchannel  timing.  The  output  of  the  shift  register  37  is  applied  to  the  adder  35  so  as 
to  be  added  with  the  note  clock  pulse  through  the  line  32.  The  addition  output  is  stored  through  the  gate  36 
in  the  shift  register  37.  The  24  stages  of  the  shift  register  37  correspond  to  the  two  subchannels  of  the 
twelve  channels  respectively  so  that  the  counts  for  one  channel  are  stored  in  two  stages  (corresponding  to 
the  two  subchannels)  respectively.  The  36  is  instantly  closed  in  response  to  the  key-on  pulse  KONP 

60  immediately  before  the  start  of  sounding  to  clear  the  memory  for  the  corresponding  two  stages  in  the  shift 
register  37. 

The  shift  register  37  has  a  capacity  of  eight  bits  per  one  stage  so  that  the  counter  38  carries  out  a 
modulo  256  counting  in  time  division  for  24  channels  (in  fact  12  channels).  The  output  of  the  gate  36  is 
taken  out  as  the  count  output  of  the  counter  38  and  applied  to  the  waveshape  memory  14  as  the  least 

65  significant  bits  of  the  address  data  MADR.  This  count  output  of  the  counter  38  makes  it  possible  to 
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sequentially  read  out  the  sample  points  of  the  one-period  waveshape  consisting  of  256  sample  points.  The 
counting  is  carried  out  according  to  the  note  clock  pulses  NC1  to  NC12  so  that  said  reading  is  effected 
correspondingly  to  the  tone  frequencies  to  be  generated. 

The  address  data  MADR  for  reading  out  the  waveshape  memory  14  includes  N+8  bits  (N>8).  As 
5  mentioned,  its  least  significant  eight  bits  sequentially  designate  the  sample  points  in  one  period  of  the 

waveshape  and  the  most  significant  N  bits  designate  the  waveshape  for  one  period. 
The  address  data  of  the  most  significant  N  bits  for  designation  of  the  waveshape  is  supplied  from  a 

start  address  generation  circuit  40  being  the  waveshape  designation  means  through  an  adder  41  .  The  start 
address  generation  circuit  40  generates  the  start  addresses  Aq,  Bo,  Co,  ...  of  the  full  attack-portion 

w  waveshape  and  the  start  addresses  A-,,  A2,  ...  of  the  segment  waveshapes.  To  designate  each  one-period 
waveshape  of  the  full  attack-portion  waveshape,  there  is  provided  an  attack-portion  period  counter  39.  An 
adder  41  is  provided  to  specify  the  absolute  addresses  of  the  individual  one-period  waveshapes  in  the 
entire  attack-portion  waveshape  by  addition  and  synthesis  of  the  outputs  of  the  counter  39  and  the  start 
addresses  Ao,  Bo,  Co,  ...  of  the  attack  portion. 

15  The  attack-portion  period  counter  39  has  a  hardware  construction  similar  to  the  counter  38  and 
comprises  an  adder  43,  gate  44  and  a  shift  register  45.  The  counter  39  counts  a  carry-out  signal  CRY  from 
the  most  significant  bit  of  the  adder  35  channelwise  in  time  division.  The  carry-out  signal  CRY  is  generated 
each  time  256  shots  of  the  note  clock  pulse  are  counted  in  a  certain  channel  of  the  counter  38  (i.e.,  each  time 
one  period  of  the  waveshape  is  read  out).  Counting  the  carry-out  signal  CRY  means  counting  the  frequency 

20  of  the  attack  portion. 
The  output  of  the  counter  39  is  applied  to  the  gate  42,  which  is  opened  in  response  to  an  attack  signal 

AT  to  be  described  later  only  during  the  reading  of  the  full  attack-portion  waveshape,  when  the  output  of 
the  counter  39  is  applied  to  an  adder  41.  The  other  input  of  the  adder  41  is  supplied  with  the  outputs  of  the 
least  significant  eight  bits  of  the  N-bit  start  address  data  generated  from  the  start  address  generation  circuit 

25  40.  The  8-bit  output  data  of  the  adder  41  is  positioned  on  the  less  significant  side  of  the  most  significant 
(N-8)-bit  data  of  the  N-bit  start  address  data,  both  data  forming  the  most  significant  N  bits  of  the  address 
data  MADR.  The  count  by  the  counter  39  indicates  the  number  of  periods  as  counted  from  the  first  period  of 
the  full  attack-period  waveshape  while  the  start  address  Ao,  Bo,  Co,  ...  indicates  the  first  absolute  address  of 
said  full  attack-portion  waveshape  in  the  waveshape  memory  14.  Therefore,  by  addition  of  the  count  and 

30  start  address,  the  first  absolute  address  of  each  period  of  the  full  attack-portion  waveshape  can  be  specified 
(or  the  individual  one-period  waveshapes  can  be  designated). 

An  attack  end  detection  circuit  46  is  provided  to  count  the  carry-out  signal  CRY  supplied  from  the 
counter  38  and  check  whether  the  reading  of  the  entire  attack-portion  waveshape  is  completed.  Fig.  8 
shows  an  example  of  the  circuit  46. 

35  In  Fig.  8,  an  attack-portion  period  number  memory  47  stores  the  number  of  periods  of  the  full 
attack-portion  waveshape  for  each  tone  color  and  reads  out  the  period  number  data  ATN  according  to  tone 
color  selection  data  TC.  A  counter  52  formed  of  a  subtractor  48,  gate  49,  selector  50,  and  a  24-stage/8-bit 
shift  register  51  performs  downcounting  of  the  number  of  periods  each  time  one  period  of  the  attack 
portion  waveshape  is  read  out.  The  downcounting  is  carried  out  channelwise  in  time  division.  The  selector 

40  50  selects  the  period  number  data  ATN  read  from  the  memory  47  through  its  B  input  upon  generation  of  the 
key-on  pulse  KONP  and  loads  the  data  in  the  shift  register  51  .  At  other  times,  the  selector  50  selects  the  data 
applied  to  its  A  input  from  the  last  stage  of  the  shift  register  51  through  the  subtractor  48  and  supplies  the 
data  to  the  shift  register  51  .  The  carry-out  signal  CRY  produced  by  the  adder  35  shown  in  Fig.  5  is  applied  to 
the  gate  49.  The  gate  49  is  enabled  by  the  attack  signal  AT  during  the  attack  to  provide  the  carry-out  signal 

45  CRY  to  the  subtractor  48.  Upon  receipt  of  the  carry-out  signal  CRY,  the  subtractor  48  subtracts  "1"  from  the 
output  data  of  the  shift  register  51.  Thus,  the  data  indicating  the  number  of  periods  of  the  full  attack-portion 
waveshape  is  first  applied  to  the  shift  register  51  ,  thereafter  "1  "  being  subtracted  from  said  data  each  time 
one  period  of  the  attack  portion  waveshape  is  read  out  until  finally  the  reading  of  the  full  attack-portion 
waveshape  is  completed. 

so  The  output  of  the  counter  52  is  taken  out  from  the  selector  50  and  applied  to  an  all-"0"  detection  circuit 
520.  The  all-"0"  detection  circuit  520  detects  whether  the  count  output  data  supplied  from  the  selector  is  all 
0s  and  produces  "1"  when  the  data  is  all  0s.  The  output  signal  of  the  detection  circuit_520  is  produced  as  an 
inverted  attack  signal  AT.  The  signal  obtained  by  inverting  the  inverse  attack  signal  AT  through  an  inverter 
53  is  produced  as  the  attack  signal  AT.  Accordingly,  the  attack  signal  AT  is  "1"  and  the  inverse  attack  signal 

55  AT  is  "0"  during  the  attack,  the  former  going  to  "0"  and  the  latter  "1"  upon  termination  of  the  attack.  A 
delay  circuit  54  is  provided  for  providing  the  signal  delay  corresponding  to  one  period  of  the  time  division 
channel  timing  according  to  the  clock  pulse  <p2x12  having  12  times  the  number  of  periods  of  the  clock  pulse 
<p2  and  delays  the  attack  signal  AT  before  supplying  it  to  an  AND  gate  55.  The  AND  gate  55  is  supplied 
through  its  other  input  with  the  inverted  attack  signal  AT.  When  the  signal  AT  is  switched  from  "0"  to  "1", 

60  the  output  of  the  AND  gate  is  turned  to  "1"  during  one  time  slot  corresponding  to  the  channel  (two  time 
slots  of  the  subchannel),  which  output  "1"  is  produced  as  the  attack  end  signal  ATEND.  Upon  termination 
of  the  attack,  the  gate  49  is  closed  in  response  to  "0"  of  the  attack  signal  AT  so  that  no  further 
downcounting  is  effected.  Therefore,  the  count  given  by  the  counter  52  maintains  "0"  at  all  times  but 
during  the  attack.  Fig.  11,  part  (a)  shows  an  example  of  the  operation  of  the  circuits  shown  in  Fig.  8. 

65  Reverting  to  Fig.  5,  the  start  address  generation  circuit  40  selects  one  set  of  start  addresses  according 

8 
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to  the  tone  color  selection  data  TC,  generates  the  start  address  of  the  attack  portion  according  to  the  key-on 
pulse  KONP  and  generates  the  start  addresses  of  the  respective  segment  waveshapes,  by  switching  one  for 
another,  according  to  the  waveshape  switching  command  signal  WCHG.  An  example  of  the  start  address 
generation  circuit  40  is  shown  in  Fig.  9. 

5  In  Fig.  9,  more  than  one  set  of  start  addresses  Ao,  A1f  A2,  ...,  Bo,  B1f  B2/  ...,  C1f  C2,  ...  are  stored  in  a  start 
address  memory  56  in  correspondence  to  the  respective  tone  colors.  One  of  these  start  addresses  (e.g.,  Ao, 
A,  A,  for  the  tone  color  A)  is  selected  according  to  the  tone  color  selection  data  TC.  The  loop  comprising 
a  24-stage  shift  register  57,  selectors  58,  59,  60,  adder  61  and  a  gate  62  forms  a  counter.  The  count  taken  out 
from  the  gate  62  is  applied  to  the  address  of  the  start  address  memory  56.  The  start  address  memory  56 

10  reads  out  the  selected  one  set  of  start  address  data  (e.g.,  Ao,  A1f  A2  ...)  sequentially  according  to  the  count 
supplied  to  the  address  input.  Specifically,  the  start  address  memory  56  reads  out  the  start  address  Ao  of 
the  attack  portion  in  response  to  the  count  "0"  supplied  from  the  gate  62,  the  start  address  A,  of  the 

segment  waveshape  SEG1  in  response  to  the  count  "1",  and  the  start  address  A2  of  the  segment 
waveshape  SEG2  in  response  to  the  count  "2".  Thus  the  waveshape  to  be  read  from  the  waveshape 

w  memory  14  (Fig.  2)  is  designated  by  the  start  address  data  read  from  the  start  address  memory  56. 
The  gate  62  is  enabled  by  the  signal  KONP,  the  inverse  of  the  key-on  pulse  KONP.  The  gate  62  is  closed 

in  the  channel  in  which  the  key-on  pulse  is  generated  so  that  the  memory  in  the  shift  register  57 
corresponding  to  that  channel  is  cleared.  The  output  of  the  last  stage  of  the  shift  register  57  is  applied  to  the 
C  input  of  a  selector  58  as  well  as  to  the  A  input  and  the  B  input  of  the  selector  58  through  delay  circuits  63 

20  and  64  respectively.  The  delay  circuit  63  is  delay-controlled  by  the  clock  pulse  $,  x23  corresponding  to  23 
periods  of  the  clock  pulse  tp,  while  the  delay  circuit  64  is  delay-controlled  by  the  clock  pulse  $,.  The  A 
selection  input  SA  of  the  selector  58  is  supplied  with  the  output  of  an  AND  gate  65  being  the  logical  product 
of  the  clock  pulse  $2  and  the  waveshape  switching  demand  signal  WCHG.  The  B  selection  input  SB  is 
supplied  with  the  output  of  an  AND  gate  66  being  the  logical  product  of  the  inverse  of  the  clock  pulse  <t>2  and 

25  the  signal  WCHG.  The  C  selection  input  SC  is  supplied  with  the  inverse  of  the  signal  WCHG  from  an  inverter 

The  output  of  the  selector  58  is  applied  to  the  A  input  of  a  selector  59.  The  B  input  of  the  selector  59  is 
supplied  with  the  numerical  value  "1"  and  the  C  input  with  "2".  The  A  selection  input  SA  of  the  selector  59 
is  supplied  with  the  inverse  of  the  attack  end  signal  ATEND  from  an  inverter  68,  the  B  selection  input  SB 

30  with  the  output  of  an  AND  gate  69  being  the  logical  product  of  the  clock  pulse  <p2  and  the  signal  ATEND,  and 
the  C  selection  input  SC  with  the  output  of  an  AND  gate  70  being  the  logical  product  of  the  inverse  of  the 
clock  pulse  $2  and  the  signal  A T E N D . .  

The  output  of  the  selector  59  is  applied  to  an  adder  61  .  The  other  input  of  the  adder  61  is  supplied  with 
the  waveshape  switching  command  signal  WCHG  so  that  the  output  data  of  the  selector  59  is  added  with 

35  "1"  each  time  the  command  signal  WCHG  is  turned  to  "1  ".  The  output  of  the  selector  61  is  applied  to  the  B 
input  of  a  selector  60.  The  A  input.  of  the  selector  60  is  supplied  with  the  output  of  a  sequence  return 
address  memory  71.  The  output  of  the  adder  61  is  applied  to  a  final  segment  detection  circuit  61  A  of  which 
the  output  signal  is  supplied  to  the  A  selection  input  SA  of  the  selector  60.  The  inverse  of  the  output  signal 
of  said  circuit  61  A  is  supplied  through  an  inverter  72  to  the  B  selection  input  SB.  The  output  of  the  selector 

40  60  is  applied  through  a  gate  62  to  the  shift  register  57. 
Because  the  shift  register  57  has  24  stages  and  the  clock  pulse  tp,  is  used  as  the  operation  clock  pulse, 

the  count  operation  is  performed  in  24  time  slots  in  time  division  in  each  of  the  subchannel  of  the  channels 
1  to  12.  The  count  operation  in  one  channel  will  be  described  below.  As  previously  described,  the  gate  62  is 
closed  first  upon  generation  of  the  key-on  pulse  KONP,  clearing  the  contents  of  the  two  stages  of  the  shift 

45  register  57  to  all  0s.  As  will  be  described  later,  the  waveshape  switching  command  signal  WCHG  is  not 
generated  during  the  attack  and  therefore  the  selector  58  always  selects  the  C  input.  The  attack  end  signal 
ATEND  remains  "0"  during  the  attack  and  the  selector  59  selects  the  A  input.  Further,  the  output  signal  of 
the  final  segment  detection  circuit  61  A  remains  "0"  until  the  reading  of  the  final  segment  waveshape  is 
completed  so  that  the  selector  60  selects  the  B  input.  Thus  the  cleared  contents  of  the  shift  register  57 

so  circulate  through  the  C  input  of  the  selector  58,  the  A  input  of  the  selector  59,  the  adder  61  ,  the  B  input  of  the 
selector  60  and  the  gate  62,  with  a  time  delay  of  one  cycle  of  the  channel  timing  in  synchronism  with  the 
same  channel  timing.  Therefore,  the  count  supplied  from  the  gate  62  to  the  start  address  memory  56 
maintains  "0"  and,  accordingly,  the  data  indicating  the  start  address  of  the  attack  portion  (e.g.,  Ao)  is  read 

55  As  described,  the  attack  end  signal  ATEND  is  generated  once  upon  termination  of  the  attack  by  the 
attack  end  detection  circuit  46  shown  in  Fig.  8  at  the  pertinent  channel  timing  (time  slots  for  two 
subchannels).  This  enables  the  AND  gates  69  and  70  so  that  the  selector  59  selects  the  B  input  at  the 
first-half  time  slot  (i.e.,  the  timing  of  the  subchannel  1  at  which  the  clock  pulse  (J>2  is  turned  to  "1  ")  and  the 
numerical  value  data  "1"  is  stored  in  the  shift  register  57.  Further,  the  selector  59  selects  the  C  input  at  the 

60  second-half  time  slot  (i.e.,  the  timing  of  the  subchannel  2  at  which  the  clock  pulse  <t>2  is  turned  to  "0")  and 
the  numerical  value  data  "2"  is  stored  in  the  shift  register  57. 

Thus,  after  the  attack  ends,  first  the  numerical  value  data  "1"  is  set  in  correspondance  to  the 
subchannel  1  and  the  numerical  value  data  "2"  is  then  set  in  correspondence  to  the  subchannel  2. 
Accordingly,  the  start  address  memory  56  reads  out  data  indicating  the  start  address  (e.g.,  At)  of  the  first 

65  segment  waveshape  SEG1  in  correspondence  to  the  subchannel  1  and  data  indicating  the  start  address 
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(e.g.,  A2)  of  the  second  segment  waveshape  SEG2  in  correspondence  to  the  subchannel  2.  This  state  is 
maintained  until  the  waveshape  switching  command  signal  WCHG  is  subsequently  supplied.  Fig.  11  part 
(b)  shows,  by  way  of  example,  the  change  of  the  count  for  one  channel  (two  subchannels)  produced  from 
the  gate  62. 

5  The  waveshape  switching  command  signal  WCHG  is  generated  so  as  to  correspond  alternately  to  one 
of  the  two  subchannels  of  the  same  channel,  as  will  be  described.  As  shown  in  Fig.  11,  part  (b),  the  signal 
WCHG  corresponds  to  the  subchannel  1  and  then  to  the  subchannel  2,  thus  corresponding  alternately  to 
either  subchannel  thereafter.  Therefore,  the  count  operation  in  the  circuit  shown  in  Fig.  9  in  response  to  the 
waveshape  switching  command  signal  WCHG  is  performed  for  one  of  the  two  subchannels. 

w  When  the  waveshape  switching  command  signal  WCHG  is  generated  in  correspondence  to  the 
first-half  channel  time  slot,  i.e.,  the  subchannel  1,  the  AND  gate  65  is  enabled  in  response  to  "1"  of  the  clock 
pulse  $2  while  the  AND  gate  66  is  not  enabled.  In  this  case,  therefore,  the  output  of  the  delay  circuit  63  is 
selected  through  the  A  input  of  the  selector  58,  to  which  output  "1"  is  added  by  the  adder  61  in  response  to 
the  signal  WCHG.  The  delay  circuit  63  produces  data  23  time  slots  ahead  in  terms  of  subchannel  timing. 

is  This  data  is  the  count  data  of  the  subchannel  2  in  the  preceding  cycle  related  to  the  same  channel.  The 
count  of  the  subchannel  2  as  added  with  "1"  is  the  new  count.  In  this  case,  since  the  count  of  the 
subchannel  2  is  greater  than  that  of  the  subchannel  1  by  1,  it  is  as  if  the  count  of  the  subchannel  1  were 
added  with  2.  For  instance  when,  as  mentioned,  the  count  of  the  subchannel  1  is  "1"  and  the  count  of  the 
subchannel  2  is  "2",  the  count  "2"  in  the  previous  cycle  (i.e.,  the  output  of  the  delay  circuit  63)  is  added  with 

20  1  at  the  timing  of  the  subchannel  1  when  the  first  waveshape  switching  command  signal  WCHG  is  provided 
in  correspondence  to  the  subchannel  1,  thus  the  count  of  the  subchannel  1  changing  to  "3".  In  this  case,  the 
output  of  the  shift  register  57  is  selected  as  it  is  through  the  C  input  of  the  selector  58  at  the  timing  of  the 
subchannel  2  so  that  the  count  is  not  increased  and  the  count  of  the  subchannel  2  remains  "2".  Thus  the 
read  address  of  the  subchannel  1  changes  in  response  to  the  first  waveshape  switching  command  signal 

25  WCHG  and  the  data  indicating  the  start  address  (e.g.,  A3)  of  the  third  segment  waveshape  SEG3  is  read  out 
from  the  memory  56.  In  the  meantime,  the  read  address  of  the  subchannel  2  remains  unchanged  so  that  the 
start  address  data  of  the  second  segment  waveshape  SEG2  continues  to  be  read  out. 

When  the  waveshape  switching  command  signal  WCHG  is  generated  in  correspondence  to  the 
subchannel  2,  the  AND  gate  66  is  enabled,  conversely  to  the  above  case,  so  that  the  output  of  the  delay 

30  circuit  64  is  selected  through  the  B  input  of  the  selector  58  and  added  with  1  by  the  adder  61  in  response  to 
the  signal  WCHG.  The  delay  circuit  64  meantime  produces  the  output  of  the  subchannel  one  time  slot 
ahead,  i.e.,  the  subchannel  1  of  the  same  channel,  which  count,  as  added  with  1,  is  the  new  count  of  the 
subchannel  2.  In  this  case,  the  count  of  the  subchannel  1  is  greater  than  that  of  the  subchannel  2  so  that  the 
subchannel  2  acquires  the  same  count  as  if  it  were  added  with  2.  For  instance,  upon  generation  of  the  signal 

35  WCHG  in  correspondence  to  the  subchannel  2  when,  as  described,  the  count  of  the  subchannel  1  is  "3"  and 
the  count  of  the  subchannel  2  is  "2",  the  count  of  the  subchannel  2  changes  to  "4"  while  the  count  of  the 
subchannel  1  remains  "3". 

As  described  above,  each  time  the  waveshape  switching  command  signal  WCHG  is  generated 
alternately  in  correspondence  to  one  of  the  subchannels  1  and  2,  the  count  of  the  corresponding 

40  subchannel  increases  by  2  and,  accordingly,  the  order  of  the  segment  waveshapes  designated  in  the 
respective  subchannels  changes  alternately  at  every  other  timing  as  "1"  and  "2",  "3"  and  "2",  "3"  and  "4", 
"5"  and  "4".  This  alternate  waveshape  switching  control  enables  assignment  of  the  segment  waveshapes 
as  shown  in  Fig.  1b  corresponding  to  both  channels  (subchannels  1  and  2)  to  be  realized. 

When  a  given  number  of  waveshape  switching  command  signal  WCHG  have  been  supplied  and  the 
45  output  of  the  adder  61  has  exceeded  the  value  designating  the  last  segment  waveshape,  the  output  signal of  the  last  segment  detection  circuit  61  A  is  turned  to  "1".  The  detection  circuit  61  A  is  formed,  for  instance, 

of  a  memory  and  a  comparator,  the  memory  storing  the  numerical  value  for  each  tone  color  designating 
the  last  segment  waveshape  of  the  plurality  of  segment  waveshapes  stored  in  the  waveshape  memory  14 
in  respect  of  each  tone  color  and  reading  out  the  numerical  value  according  to  the  tone  color  selection  data 

so  TC,  the  comparator  comparing  the  numerical  data  read  out  from  the  memory  and  the  output  data  of  the 
adder  61  and  producing  the  signal  "1"  when  the  value  of  the  output  data  is  greater  than  the  value  of  the 
numerical  value  data.  When  the  output  signal  of  the  detection  circuit  61  is  turned  to  "1",  the  selector  60  is 
switched  to  select  the  A  input  selection.  Accordingly,  the  return  address  order  data  read  out  from  the 
sequence  return  address  memory  71  is  selected  by  the  selector  60  and  stored  in  the  shift  register  57.  In  the 

55  sequence  return  address  memory  71  is  stored  in  respect  of  the  subchannels  1  and  2  for  each  tone  color  the 
return  address  order  data  indicating  which  segment  waveshape  should  be  read  out  subsequent  to  the  last 
segment  waveshape.  The  memory  71  reads  out  a  given  return  address  order  data  in  response  to  the  tone 
color  selection  data  TC  and  the  clock  pulse  (J>2.  In  case  the  sounding  continues  after  the  last  segment 
waveshape  is  read  out,  the  sequence  return  address  memory  71  is  provided  to  ensure  that  the  reading  be 

60  continued  returning  to  the  segment  waveshape  corresponding  to  the  return  address  order  data.  In  this 
case,  the  return  address  order  data  stored  in  the  sequence  return  address  memory  71  is  the  numerical 
value  i  indicating  the  order  of  the  segment  waveshape  SEGi  to  which  is  read  out  upon  return  in 
correspondence  to  the  subchannel  1  and  the  numerical  value  i+1  indicating  the  order  succeeding  said 
segment  waveshape  SEGi  in  correspondence  to  the  subchannel  2  in  respect  of  the  tone  colors  of  which  the 

65  total  number  of  the  sequence  waveshapes  SEG1,  SEG2,  ...  stored  in  the  waveshape  memory  14  is  an  even 
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number.  In  respect  of  the  tone  colors  of  which  the  total  number  of  said  sequence  waveshapes  is  an  odd 
number,  there  is  stored  in  the  waveshape  memory  14  the  numerical  value  i  in  correspondence  to  the 
subchannel  2  and  the  numerical  value  i+1  in  correspondence  to  the  subchannel  1  conversely  to  the  above 
case. 

5  When,  for  instance,  the  tone  color  A  is  selected,  supposing  the  total  number  of  its  segment 
waveshapes  is  6,  and  the  order  of  the  segment  waveshape  to  be  returned  to  for  reading  is  3,  the  count  of 
the  subchannel  1  changes  as 

unit  hah  unit  t̂tcit  V"O"  V"C"  V"O"  V"C" 0—  »  1  —  »3—  *  O  —  »O—  »O—  >O—  »  O  ... 
10 

while  the  count  of  the  subchannel  2  changes  as 

"0"-V'2"-»"4"-V'6"->"2"->"6"-»"2"-->"6"... 

,5  Consequently,  the  segment  waveshapes  SEG3,  SEG5  are  designated  repeatedly  after  the  segment 
waveshapes  SEG1,  SEG3  and  SEG5  are  designated  sequentially  in  respect  of  the  subchannel  1  while  the 
segment  waveshapes  SEG4,  SEG6  are  designated  repeatedly  after  the  segment  waveshapes  SEG2,  SEG4, 
SEG6  are  designated  sequentially. 

The  cross  fade  control  circuit  16  will  now  be  described  below  referring  to  Fig.  10. 
20  Counting  means  73  is  provided  to  generate  the  time  function  for  setting  the  timewise  change  of  the 

weighting  and  comprises  a  first  counter  73A  and  a  second  counter  73B.  The  counters  73A  and  73B 
respectively  comprise  adders  74A,  74B,  gates  75A,  75B  and  12-stage  shift  registers  76A,  76B  controlled  by 
the  clock  pulse  <J>2.  The  outputs  of  the  shift  registers  76A,  76B  circulate  through  the  adders  74A,  74B  and 
gates  75A,  75B  so  as  to  enable  a  channelwise  count  operation  in  time  division.  The  first  counter  73A  is 

25  provided  to  count  the  number  of  times  the  segment  waveshapes  are  switched.  A  change  rate  memory  77 
has  the  change  rate  data  according  to  the  number  of  the  switchings  stored  for  the  respective  tone  colors. 
According  to  the  tone  color  selection  data  TC,  one  set  of  the  change  rate  data  is  selected  and  one  change 
rate  data  DT  is  further  selected  from  among  the  selected  data  according  to  the  number  of  switchings 
counted  by  the  first  counter  73A.  The  output  of  the  gate  75A  is  taken  out  as  the  count  output  of  the  counter 

30  73A  and  applied  to  the  memory  77.  The  first  counter  73A  and  the  change  rate  memory  77  correspond  to  the 
counting  rate  control  means. 

The  second  counter  73B  is  provided  to  perform  the  counting  of  a  first  given  value  (e.g.,  0)  through  a 
second  given  value  (e.g.,  a  maximum)  at  the  rate  according  to  the  change  rate  data  DT  read  out  from  the 
memory  77.  The  change  rate  data  DT  is  applied  to  the  adder  74B  and  accumulated  in  the  second  counter 

35  73B  at  given  time  intervals.  The  gate  75B  is  enabled  by  the  inversed  attack  signal~AT  except  during  the 
attack.  During  the  attack,  therefore,  the  count  of  the  counter  73B  is  cleared  to  "0"  until  it  starts  counting  the 
data  DT  upon  termination  of  the  attack. 

The  count  output  of  the  second  counter  73B  is  taken  out  from  the  gate  73B  and  applied  to  a  function 
conversion  circuit  78  consisting  of  exclusive  OR  gates.  The  function  conversion  circuit  78  accepts  the  least 

40  significant  n-1  bits  of  the  n-bit  count  output  separately  through  its  exclusive  OR  gates  and  the  most 
significant  bit  MSB  through  its  individual  OR  gates  in  common  so  as  to  pass  the  least  significant  n-1  bits  as 
they  are  when  MSB  is  "0"  but  pass  the  least  significant  n-1  bits  as  inverted  when  MSB  is  "1".  Thus  the 
count  increasing  from  the  minimum  0  up  to  the  maximum  2"  is  folded  at  2n~1  so  that  the  function  assumes  a 
form  of  a  triangular  wave  increasing  from  0  to  2n~1  and  decreasing  from  2""1  to  0. 

45  The  output  of  the  function  conversion  circuit  78  is  used  as  a  basic  interpolation  function  IPF2  for  the 
second  channel  (subchannel  2).  An  inverse  circuit  79  is  provided  to  produce  another  function  of  the 
opposite  characteristic  by  inverting  each  bit  of  the  interpolation  function  IPF2.  This  function  of  the  opposite 
characteristics  is  the  basic  interpolation  function  IPF1  for  the  first  channel  (subchannel  1).  Fig.  11,  part  (c) 
shows  an  example  of  these  interpolation  functions  IPF1,  IPF2.  During  the  attack,  the  output  of  the  function 

so  conversion  circuit  78  is  all  0s  because  the  output  of  the  second  counter  73B  is  all  0s  so  that  the  value  of  the 
second-channel  interpolation  function  IPF2  maintains  the  minimum  (0)  while  the  first-channel  interpolation 
function  IPF1  maintains  the  maximum. 

A  selector  80  is  provided  to  time  division  multiplex  the  interpolation  function  IPF1,  1PF2  in  synchronism 
with  the  subchannels  1  and  2,  of  which  the  A  input  is  supplied  with  IPF2  and  the  B  input  with  IPF1  ,  selecting 

55  IPF1  through  the  B  input  in  response  to  the  clock  pulse  <p2  in  the  "1"  state  (the  time  slot  of  the  subchannel  1  ) 
and  IPF2  through  the  A  input  in  response  to  the  clock  pulse  <p2  in  the  "0"  state  (at  the  time  slot  of  the 
subchannel  2). 

Switching  control  means  81  is  provided  to  control  the  waveshape  switching  operation  by  the 
waveshape  designation  means  or  the  start  address  generation  circuit  40  shown  in  Fig.  9  according  to  the 

so  output  of  the  counting  means  73  and  comprises  an  all-"0"  detection  circuit  82  and  an  AND  gate  83,  the 
detection  circuit  82  detecting  the  all-"0"  state  of  the  interpolation  functions  IPF1,  IPF2  produced  from  the 
selector  80,  the_AND  gate  83  being  supplied  with  the  output_of  the  detection  circuit  82  and  the  inverted 
attack  signal  AT.  The  AND  gate  83  is  enabled  by  the  signal  AT  except  during  the  attack  to  produce  the 
output  signal  "1"  of  the  all-"0"  detection  circuit  82  as  the  waveshape  switching  command  signal  WCHG. 

65  When  one  of  the  two  subchannel  interpolation  functions  IPF1,  IPF2  having  a  negative  slope  or  gradually 
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decreasing  with  time  is  turned  to  ail  0s,  the  output  of  the  all-"0"  detection  circuit  82  is  turned  to  "1"  at  the 
timing  corresponding  to  that  subchannel  and,  accordingly,  the  waveshape  switching  command  signal 
WCHG  is  generated.  Since  the  slopes  of  the  interpolation  functions  IPF1,  IPF2  of  both  subchannels  change 
at  every  interpolation  section,  the  waveshape  switching  command  signal  WCHG  is  generated  in 

5  correspondence  to  one  of  the  subchannels  alternately  each  time  one  interpolation  is  completed.  Fig.  11, 
part  (b)  shows  an  example  of  the  waveshape  switching  command  signals  WCHG  as  generated  in 
correspondence  to  the  interpolation  functions  IPF1  and  IPF2  shown  in  Fig.  11,  part  (c). 

The  interpolation  functions  IPF1,  IPF2  produced  in  time  division  from  the  selector  80  show  a  timewise 
linear  characteristic.  A  cross  fade  curve  memory  84  corresponding  to  the  interpolation  function  memory 

w  means  is  provided  to  convert  the  characteristics  of  these  functions  into  desired  ones.  For  instance,  various 
interpolation  characteristics  curves  (weighting  curves),  as  shown  in  Figs.  12a  —  12e  by  solid  lines,  are  stored 
in  correspondence  to  various  tone  colors  in  the  memory  84.  One  of  these  curves  is  selected  according  to 
the  tone  color  selection  data  TC  (or  by  means  of  a  special  switch,  etc.)  and  read  out  with  the  interpolation 
functions  IPF1,  IPF2  as  addresses.  As  described  previously,  since  the  interpolation  functions  IPF1,  IPF2  of 

is  both  subchannels  (these  are,  so  to  speak,  basic  interpolation  functions)  possess  opposite  characteristics  to 
each  other,  the  direction  of  the  reading  from  the  memory  84  for  one  of  the  subchannels  is  opposite  to  that 
for  the  other  subchannel  so  that  curves  of  opposite  characteristics  are  read  out  in  time  division  from  the 
memory  84.  For  instance,  when  interpolation  characteristics  curves  as  shown  by  solid  lines  in  Figs. 
12A—  12e  are  read  out  in  correspondence  to  one  of  the  subchannels,  interpolation  characteristics  curves  as 

20  shown  by  dotted  lines  in  said  figure  are  read  out  in  correspondence  to  the  other  subchannel. 
As  described  above,  the  interpolation  characteristics  curve  data  corresponding  to  each  subchannel  of 

each  channel  read  out  in  time  division  from  the  memory  84  is  supplied  as  cross  fade  curve  data  CF  to  the 
multiplier  18  shown  in  Fig.  2  for  providing  the  corresponding  segment  waveshape  data  with  weighting 
(amplitude  control)  according  to  the  characteristics.  Since  the  functions  IPF1,  IPF2  are  used  as  address 

25  signals  in  the  memory  84,  the  counting  means  73  and  the  function  conversion  circuit  78  act  as  the  address 
generation  means  for  the  memory  84. 

Such  use  of  the  memory  84  enables  the  interpolation  characteristics  to  possess  desired  curves. 
Further,  since  the  interpolation  characteristics  of  the  two  channels  are  obtained  by  reading  out  any 
interpolation  characteristics  curves  in  the  opposite  directions  to  each  other,  desired  interpolation 

30  characteristics  curves  can  be  provided  and  yet  symmetrical  interpolations  are  effected  eventually  without 
fail  (as  far  as  the  interpolation  synthesis  on  two  channels  is  concerned)  so  that  impartial  and  smooth 
interpolation  can  be  obtained.  As  for  the  characteristics  shown  in  Figs.  12a  —  12b,  the  volume  increases  at 
the  middle  of  the  interpolation  (at  the  middle  of  the  tone  waveshape  change)  according  to  the  characteristic 
shown  in  Fig.  1  2a  while  the  waveshape  changes  greatly  at  first,  mildly  halfway  and  greatly  again  at  the  end 

35  according  to  the  characteristic  shown  in  Fig.  1  2b*.  The  waveshape  changes  mildly  at  the  beginning  and  the 
end  and  greatly  at  the  middle  according  to  the  characteristic  shown  in  Fig.  12c.  The  waveshape  change 
swings  according  to  the  characteristic  shown  in  Fig.  12d. 

Reverting  to  Fig.  10,  an  all-"0"  and  all-"1"  detection  circuit  85  is  provided  to  produce  the  switching 
synchronizing  signal  CHGS  in  synchronism  with  the  waveshape  switching  timing.  The  detection  circuit  85 

40  is  provided  with  the  output  of  the  function  conversion  circuit  78,  i.e.,  the  interpolation  function  IPF2  and 
detects  whether  the  value  of  the  input  is  all  0s  or  all  1s.  As  will  be  obvious  from  Fig.  11,  part  (c),  the 
interpolation  function  IPF2  changing  in  the  form  of  a  triangular  wave  is  all  1s  at  its  upper  apexes  and  all  0s 
at  its  lower  apexes,  these  apexes  synchronizing  with  the  waveshape  switching  timing,  i.e.,  the  timing  of  the 
waveshape  switching  command  signal  WCHG.  The  switching  synchronizing  signal  CHGS  is  turned  to  "1" 

45  when  the  interpolation  function  is  either  all  0s  or  all  1s.  The  signal  CHGS  is  turned  to  "1"  at  the  time  slots  of 
both  channels,  i.e.,  at  the  time  slots  for  one  channel  corresponding  to  one  period  of  the  clock  pulse  <p2- 

The  signal  CHGS  is  delayed  one  cycle  of  the  time  division  channel  timing  by  the  delay  circuit  86 
according  to  the  clock  pulse  <]>2x12  and  supplied  to  the  adder  74A  in  the  counter  73A  through  the  gate  87. 
The  output  of  the  adder  74A  is  supplied  through  the  gate  75Ato  the  12-stage  shift  register  76A  and  delayed 

so  one  cycle  of  the  time  division  channel  timing  before  being  returned  to  the  input  of  the  adder  74A.  The  gate 
75A  is  controlled  by  the  inverse  of  the  attack  end  signal  ATEND  and  is  cleared  instantly  upon  generation  of 
the  attack  end  signal  ATEND  to  clear  the  memory  of  the  shift  register  76A  related  to  the  corresponding 
channel.  As  described  before,  the  output  of  the  gate  75A  is  supplied  to  the  change  rate  memory  77  as  well 
as  to  the  all-"1"  detection  circuit  88.  The  all-"1"  detection  circuit  88  produces  the  signal  1  when  the  count  of 

55  the  counter  73A  is  turned  to  all  1s  or  assumes  its  maximum.  The  inverse  of  this  output  signal  is  supplied 
through  an  inverter  89  to  the  control  input  of  a  gate  87. 

During  the  attack,  the  count  of  the  counter  73A  maintains  a  maximum  and  the  gate  87  is  closed.  When 
the  count  is  cleared  in  response  to  the  attack  end  signal  ATEND  upon  termination  of  the  attack,  the  output 
of  the  all-"1"  detection  circuit  88  is  turned  to  "0"  and  the  gate  87  is  opened.  Thereafter  the  count  of  the 

so  counter  73A  increases  each  time  the  switching  synchronizing  signal  CHGS  is  generated  to  count  how  many 
times  the  switchings  of  waveshapes  were  effected.  When  the  count  reaches  a  maximum  (all  1s),  the  gate  87 
is  closed  to  stop  the  count  operation.  The  delay  circuit  86  is  provided  to  delay  the  timing  at  which  the  signal 
CHGS  is  applied  to  the  counter  73A  by  a  time  delay  between  the  input  and  output  in  the  shift  register  76A. 
Fig.  1  1  ,  part  (c)  shows  an  example  of  the  number  of  switchings  effected  by  the  synchronizing  signal  CHGS 

65  and  the  counter  73A. 
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From  the  change  rate  memory  77,  as  mentioned  before,  given  change  rate  data  DT  is  readout 
according  to  the  count  of  the  counter  73A.  Based  on  the  change  rate  data  DT,  the  increase  rate  of  the  count 
by  the  second  counter  73B  is  determined,  the  slopes  of  the  interpolation  functions  IPF1,  IPF2  fixed  and, 
accordingly,  the  time  length  of  one  interpolation  section  (t1f  t2,  t3/  14,  ...  as  shown  in  Fig.  1b)  is  determined. 
Since  any  change  rate  data  DT  can  be  set  in  the  memory  77  according  to  the  number  of  the  waveshape 
switchings  effected  (i.e.,  in  each  interpolation  section),  the  respective  lengths  of  the  interpolation  section  t1f 
t2,  t3,  t4  ...  can  be  set  freely  rather  than  uniformly.  Once  the  count  of  the  first  counter  73A  reaches  a 
maximum,  the  maximum  is  maintained,  so  that  the  change  rate  memory  77  reads  out  the  change  rate  data 
DT  corresponding  to  the  maximum.  As  a  matter  of  course,  the  first  counter  73A  performs  count  operation 
in  time  division  in  each  channel  as  do  the  other  counters  so  that  said  waveshape  switching  count  and 
change  rate  data  DT  are  read  out  in  time  division  in  each  channel.  Table  1  below  shows  an  example  of 
change  rate  data,  in  decimal,  as  stored  in  the  change  rate  memory  77.  Table  2  shows  time  lengths  of  the 
interpolation  sections  tt  to  t4  ...  corresponding  to  the  numerical  values  given  in  Table  1  ,  T  being  a  given  unit 
time. 

TABLE  1 

10 

is 

""""-—  ~ - - ^ ^ ^   Tone  color  Change  rate  data 

Number  of  switch  ings"~^^-^_^^  A B C  

0  8  8  4 

1  4  8  4 

2  2  4  2 

3  1 2   1 

20 

25 

30 

TABLE  2 

—  - ^ ^ ^   Interpolation  Interpolation  section  time  length 
^~~"-~-^^^^  section 

Tone  color  ~~  —  —  ̂ ^ ^   t,  t2  t3  t4  t5  ... 

A  T  2T  4T  8T  8T  Same  hereinafter 

B  T  T  2T  4T  4T  ... 

C  2T  2T  4T  8T  8T  ... 

35 

40 

45 
As  is  clear  from  the  foregoing,  use  of  the  cross  fade  curve  memory  84  enables  any  interpolation 

characteristics  curve  to  be  obtained.  Also  combination  of  the  counter  73A  to  count  the  number  of 
switchings  and  the  change  rate  memory  77  makes  it  possible  to  set  any  time  length  of  the  individual 
interpolation  section. 

so  Specific  examples  of  the  segment  waveshapes  SEG1  to  SEG5  will  now  be  described  as  well  as  those  of 
tone  signals  synthesized  by  interpolation  based  on  those  waveshapes. 

Figs.  13  to  17  each  show  an  example  of  the  segment  waveshapes  SEG1  to  SEG5.  For  the  sake  of 
simplicity,  these  segment  waveshapes  SEG1  to  SEG5  are  supposed  to  be  composed  of  four  different 
components  of  a  fundamental  wave,  second  harmonic,  third  harmonic,  and  the  fourth  harmonic  as 

55  combined  with  the  same  relative  amplitude.  Each  figure  includes  the  initial  phase  of  those  components  (the 
order  number  1,  2,  3,  4).  Figs.  13  and  14  additionally  include  a  diagram  showing  each  component 
waveshape  before  synthesis  contained  in  the  segment  waveshapes  SEG1,  SEG2. 

The  waveshapes  SEG1  and  SEG2,  SEG2  and  SEG3,  SEG3  and  SEG4,  and  SEG4  and  SEG5  are  adjacent 
to  each  other  in  the  switching  order. 

60  In  this  example,  in  all  of  the  segment  waveshapes  SEG1  to  SEG5,  there  is  provided  a  given  phase 
difference  in  the  harmonics  components  between  the  segment  waveshapes  adjacent  to  each  other  in  the 
switching  order.  The  phase  difference  in  the  components  of  the  same  order  number  is  the  same  between 
any  adjacent  segment  waveshapes.  The  phase  difference  varies  between  the  components  of  different  order 
numbers  such  that  the  difference  increases  with  the  order  number.  Specifically,  the  initial  phases  of  the 

65  second  harmonics  in  the  segment  waveshapes  SEG1  to  SEG5  are  each  0  degree,  22.5  degrees,  45  degrees, 
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67.5  degrees  and  90  degrees,  with  the  phase  difference  being  set  to  22.5  degrees  between  any  adjacent 
waveshapes.  The  phase  difference  in  the  initial  phase  of  the  third  harmonics  component  are  set  to  45 
degrees  between  any  adjacent  segment  waveshapes.  The  phase  difference  in  the  initial  phase  of  the  fourth 
harmonics  is  set  to  90  degrees  between  any  adjacent  segment  waveshapes. 

5  Figs.  18  and  19  show  an  example  of  the  tone  signals  synthesized  through  interpolation  of  the  segment 
waveshapes  SEG1  to  SEG5  shown  in  Figs.  13  to  17  using  the  device  shown  in  Fig.  2.  Fig.  8  shows  the 
interpolation  sections  t,  and  t2.  Fig.  9  shows  the  succeeding  interpolation  sections  t3  and  t4.  Figs.  18  and  19 
show  examples  of  the  tone  signals  where  the  waveshapes  are  read  out  from  the  waveshape  memory  14 
according  to  the  basic  frequency  440  Hz  of  the  A4  tone  and  the  times  of  the  interpolation  sections  t,  to  t4  are 

10  fixed  to  the  time  corresponding  to  eight  periods  of  the  A4  tone  (18.182  ms). 
Fig.  20  shows  a  frequency  spectrum  of  the  tone  signals  shown  in  Figs.  18  and  19,  with  the  basic 

frequency  of  the  A4  tone  at  440  Hz. 
Fig.  21  is  a  spectrum  diagram  showing  the  third  and  fourth  harmonics  shown  in  Fig.  20  as  enlarged  in 

the  direction  of  the  horizontal  axis.  As  is  obvious  from  both  figures,  the  frequencies  of  the  second,  third  and 
15  fourth  harmonics  components  different  in  phase  by  a  given  quantity  between  the  adjacent  segment 

waveshapes  are  out  of  phase  from  the  proper  integer  times  frequencies  according  to  the  quantity  of  the 
phase  difference.  The  conditions  required  in  the  specific  example  now  described  are  identical  to  those 
illustrated  in  the  paragraph  preceding  the  description  on  this  embodiment  summarizing  the  invention. 
Therefore,  the  numerical  values  f2,  f3,  f4  can  be  used  unchanged  as  the  frequencies  of  the  harmonics 

20  components,  namely,  3.44  Hz  for  the  frequency  deviation  of  the  second  harmonic,  6.9  Hz  for  the  frequency 
deviation  of  the  third  harmonic  and  13.8  Hz  for  the  frequency  deviation  of  the  fourth  harmonic. 
Nonharmony  is  realized  in  this  way.  The  nonharmony  is  realized  in  this  example  where  the  frequency 
deviation  increases  with  the  order  number  is  close  to  that  of  the  tones  really  produced  by  the  piano  and 
harpsichord  and  thus  preferable. 

25  It  will  be  obvious  from  the  foregoing  that  only  a  particular  harmonic  component  can  be  made 
nonharmonic  by  providing  a  phase  difference  in  that  component  only  between  the  segment  waveshapes. 

Since  it  is  not  necessary  to  provide  a  phase  difference  in  a  particular  component  in  all  segment 
waveshapes,  a  phase  difference  may  be  provided  in  a  plurality  of  particular  segment  waveshapes  (e.g., 
SEG1,  SEG2,  and  SEG3  only).  In  this  case,  the  nonharmony  is  realized  in  a  particular  interval  of  the  entire 

30  sounding  period  from  the  start  of  sounding  through  the  end. 
Further,  there  may  be  provided  a  phase  difference  in  the  component  of  the  same  order  number 

between  the  segment  waveshapes  which  changes  with  time  (i.e.,  a  phase  difference  between  at  least  one 
pair  of  adjacent  segment  waveshapes  may  be  made  different  from  the  phase  difference  between  the  other 
pairs  of  adjacent  segment  waveshapes)  rather  than  a  uniform  phase  difference.  Thus  the  extent  of 

35  nonharmony  (frequency  deviation)  can  change  with  time  (in  the  interpolation  section  in  which  the  phase 
difference  varies  from  the  phase  difference  in  the  other  interpolation  sections). 

In  the  example  shown  in  Figs.  13  to  21,  the  relative  amplitude  of  the  component  in  the  respective 
segment  waveshapes  SEG1  to  SEG5  are  common  so  that  switching  of  segment  waveshapes  does  not 
cause  change  in  tone  color.  However,  not  only  the  initial  phase  of  the  components  but  also  the  relative 

40  amplitude  may  be  varied  in  the  segment  waveshapes  SEG1  to  SEG5  so  as  to  realize  timewise  change  in 
tone  color. 

A  modification  of  the  above  embodiment  will  be  described  below.  The  count  rate  control  means 
including  the  first  counter  73A  and  the  change  rate  memory  77  shown  in  Fig.  10  may  be  modified  as  shown 
in  Fig.  22.  A  change  rate  initial  value  memory  90  has  stored  therein  only  the  initial  value  of  the  change  rate 

45  data  DT  for  each  tone  color  and  reads  out  given  change  rate  initial  value  data  according  to  the  tone  color 
selection  data  TC.  A  selector  91  selects  the  initial  value  data  from  the  memory  90  in  response  to  the  attack 
and  signal  ATEND  instantly  only  upon  termination  of  the  attack  and  stores  it  in  a  shift  register  92.  The  shift 
register  92  has  12  stages  and  is  capable  of  storing  data  for  each  channel.  The  output  of  the  last  stage  of  the 
shift  register  92  is  produced  as  the  change  rate  data  DT  as  well  as  applied  to  a  shift  circuit  93  and  bit-shifted 

so  in  response  to  the  control  signal  from  an  AND  gate  94  to  circulate  through  the  A  input  of  the  selector  91. 
The  AND  gate  94  is  supplied  with  the  inverse  of  the  least  significant  bit  LSB  of  the  change  rate  data  DT  and 
the  switching  synchronizing  signal  CHGS'  delayed  by  the  delay  circuit  86  (Fig.  10).  By  way  of  example,  the 
shift  circuit  93  shifts  each  bit  of  the  input  data  one  bit  to  the  right  when  supplied  with  the  signal  "1"  from 
the  AND  gate  94. 

55  The  AND  gate  94  is  enabled  when  LSB  of  the  data  DT  is  "0",  so  that  the  initial  value  data  stored  in  the 
shift  register  92  is  shifted  by  one  bit  to  the  right  each  time  the  switching  synchronizing  signal  CHGS'  is 
generated.  The  shifting  is  effected  in  each  channel  in  time  division.  When  LSB  is  turned  to  "1",  the  AND 
gate  94  is  disabled  and  the  data  DT  maintains  the  value.  Table  3  below  shows  an  example  of  the  change 
rate  data  DT  in  such  case. 

so 
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TABLE  3 

"^^—  _^^_  ̂ Tone  color  Change  rate  data 

Number  of  switchings  " ^ ^ ^ ^ ^   A B C  

0  8  4  2  <  —  initial  value 

1  4  2  1 

2  2  1 1  

3  1 1 1  

10 

15 
The  modification  shown  in  Fig.  22  realizes  a  monotonous  change  in  the  change  rate  data  DT  but  is 

simple  in  construction  as  compared  with  the  embodiment  shown  in  Fig.  10. 
Since  in  the  embodiments  shown  in  Figs.  10  and  22,  an  interpolation  function  (basic  interpolation 

function,  namely  the  address  signal  of  the  memory  84)  which  is  folded  into  the  form  of  a  triangular  wave  is 
obtained  by  controlling  the  inversion  of  the  less  significant  bits  according  to  the  value  of  the  most 
significant  bit  MSB  in  the  count  by  the  second  counter  73B,  it  is  essential  that  the  count  of  the  counter  73B 
start  increasing  from  ail  0s  and  finally  return  to  all  0s  exactly  as  a  result  of  the  overflow.  Therefore  the  value 
of  the  change  rate  data  DT  is  required  to  be  a  power  of  2  such  as  "1",  "2",  "4",  and  "8".  If  the  change  rate 
data  DT  is  to  have  any  value,  the  second  counter  73B  need  only  be  modified  as  shown  in  Fig.  23. 

In  the  counter  72B  shown  in  Fig.  23,  the  gate  94  is  provided  between  the  adder  74B  and  the  gate  75B. 
The  carry-out  signal  from  the  most  significant  bit  in  the  adder  74B  is  inverted  by  an  inverter  95  before  being 
applied  with  the  inverted  attack  signafATto  an  AND  gate  96,  of  which  the  output  controls  the  gate  75B.  The 
most  significant  bit  MSB  in  the  output  signal  of  the  adder  74B  is  applied  to  the  gate  75B  as  well  as  to  a  rise 
differentiator  circuit  97  and  the  least  significant  n-1  bits  are  applied  to  the  gate  94.  The  rise  differentiator 
circuit  97  produces  the  signal  "1"  in  correspondence  to  one  period  of  the  clock  pulse  <p2  when  MSB  rises  to 
the  signal  "1".  This  output  signal  "1"  is  inverted  by  an  inverter  98  before  being  applied  to  the  control  input 
of  the  gate  94.  The  output  of  the  gate  94  (n-1  bits)  and  MSB  of  the  adder  74  are  applied  to  the  gate  75B  as  an 
n-bit  signal.  The  output  of  the  gate  75B  is  applied  to  the  shift  register  76B  as  well  as  to  the  function 
conversion  circuit  78,  as  described. 

During  the  attack,  the  AND  gate  96  is  disabled  by  the  inverted  attack  signafAT  at  the  0  state,  the  gate 
75B  is  closed  and  the  count  by  the  counter  73B  maintains  all  0s.  When  the  attack  ends,  the  gate  75B  is 
opened  and,  since  the  gate  94  is  normally  open,  the  count  operation  is  made  possible  so  that  the  value  of 
the  change  rate  data  DT  is  added  repeatedly  at  given  time  intervals  (at  one  cycle  of  the  channel  timing). 
Thus  increases  the  count  at  a  given  rate  according  to  the  value  of  the  data  DT.  When  the  most  significant  bit 
MSB  of  the  addition  result  changes  from  "0"  to  "1",  a  pulse  is  produced  from  the  rise  differentiator  circuit 
97  at  its  channel  timing  to  close  the  gate  temporarily.  Since  the  count  increases  at  any  given  rate  (not 
necessarily  at  a  rate  of  a  power  of  2),  the  least  significant  n-1  bits  are  not  necessarily  all  0s  when  MSB  of  the 
addition  result  changes  from  "0"  to  "1".  However,  because,  as  mentioned  above,  the  gate  94  is  closed 
temporarily,  the  least  significant  n-1  bits  are  forcibly  cleared  to  all  0s  so  that  the  count  supplied  through 
the  gate  75B  to  the  shift  register  76B  has  MSB  atthe  "1"  state  and  the  least  significant  n-1  bits  in  all  0s. 

When  the  most  significant  bit  MSB  of  the  addition  result  changes  from  "1"  to  "0",  i.e.,  when  the 
carry-out  signal  is  produced  from  the  adder  74B,  the  AND  gate  96  is  disabled  and  the  gate  75B  closed.  In 
this  case  also,  the  output  of  the  adder  74B  is  not  necessarily  all  0s  since  the  count  is  allowed  to  increase  at 
any  given  rate.  However,  the  temporary  closure  of  the  gate  75B  forces  the  count  of  the  gate  75B  to  be 
turned  to  all  0s. 

Accordingly,  the  output  of  the  function  conversion  circuit  78  is  accurately  turned  to  all  0s  or  all  1  s  at  the 
return  point  so  that  the  detection  circuits  82  and  85  (Fig.  10)  safely  detect  all-"0"  state  or  all-"1"  state,  thus 
effecting  waveshape  switching  control  without  trouble.  Therefore,  according  to  the  construction  shown  in 
Fig.  14,  the  change  rate  data  DT  can  assume  any  value  without  being  limited  to  a  power  of  2.  In  this  case, 
switching  of  the  segment  waveshapes  can  be  effected  exactly  when  the  segment  waveshape  has  been  read 
out  for  integer  periods,  by  determining  the  value  of  the  data  DT  in  association  with  the  tone  frequency. 

In  the  embodiments  described  above,  the  count  rate  in  the  counting  means  73  is  determined,  by 
repeatedly  counting  the  data  DT  having  an  appropriate  value  at  given  intervals,  according  to  the  value  of 
the  data  DT.  However,  the  count  rate  may  be  otherwise  determined  by,  for  instance,  effecting  a  variable 
control  on  the  count  time  interval  (count  clock)  while  maintaining  the  value  of  the  data  DT  constant  or, 
alternatively,  by  effecting  a  variable  control  on  both  the  value  of  the  data  DT  and  the  count  time  interval. 

In  the  example  shown  in  Fig.  9,  the  count  in  one  subchannel  (the  segment  waveshape  order  data)  is 
equivalently  increased  by  2  in  the  start  address  generation  circuit  40  by  adding  1  to  the  count  in  the  other 
channel.  However,  the  count  in  one  subchannel  may  be  increased  by  2  by  adding  2  directly  to  that  count 
using  the  start  address  generation  circuit  40  constructed  as  shown  in  Fig.  24. 
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In  Fig.  24,  the  same  characters  as  used  in  Fig.  9  denotes  identical  circuits.  The  circuits  denoted  by 
numerals  58,  63  to  67  in  Fig.  9  are  omitted  in  Fig.  24.  The  output  of  the  shift  register  57  is  applied  directly  to 
the  A  input  of  the  selector  59.  Also,  there  is  provided  a  gate  99  so  that  each  time  the  waveshape  switching 
command  signal  WCHG  is  supplied,  the  numerical  value  data  "2"  is  applied  to  the  adder  61  through  the 

5  gate  99.  Accordingly,  when  the  waveshape  switching  command  signal  is  generated  at  the  timing 
corresponding  to  one  of  the  subchannels,  the  count  produced  at  the  timing  corresponding  to  that 
subchannel  from  the  shift  register  57  is  added  with  the  numerical  value  "2".  Thus  the  circuit  shown  in  Fig. 
24  operates  in  substantially  the  same  manner  as  that  shown  in  Fig.  9. 

While  according  to  the  embodiments  described  above,  the  basic  interpolation  functions  IPF1,  IPF2  (the 
10  address  signals  of  the  memory  84)  change  in  the  form  of  a  triangular  wave  as  shown  in  Fig.  1  b  to  weight 

two  segment  waveshapes  at  all  times,  two  segment  waveshapes  may  be  weighted  only  at  the  time  of 
switching.  Fig.  25  shows  an  example  of  the  basic  interpolation  functions  IPF1  and  IPF2  (the  address  signals 
of  the  memory  84)  in  such  case.  Those  functions  IPF1  and  IPF2  change  such  that  they  cross  each  other,  for 
instance,  at  a  transition  P,  from  the  segment  waveshape  SEG1  to  SEG2,  thereafter  maintaining  the 

is  interpolation  function  IPF2  for  SEG2  at  its  maximum  and  IPF1  for  SEG1  at  its  minimum.  The  interpolation 
functions  IPF1,  IPF2  change  likewise  at  a  transition  P2.  To  effect  the  control  as  shown  in  Fig.  25,  the 
detection  circuits  82,  85  shown  in  Fig.  1  0  should  be  so  made  as  to  detect  the  change  from  the  all-"0"  state  or 
the  all-"1"  state  in  the  increasing  or  decreasing  direction,  rather  than  merely  detect  the  all-"0"  state  or 
all-"1"  state,  so  that  the  waveshape  switching  signal  WCHG  or  the  switching  synchronizing  signal  CHGS  is 

20  produced  based  on  such  detection. 
While  according  to  the  above  embodiments,  the  two  channels  (subchannels)  for  interpolation  are 

treated  in  time  division,  they  may  be  treated  in  parallel.  While  in  the  circuit  shown  in  Fig.  2,  the  tone 
waveshape  signals  of  two  channels  weighted  for  interpolation  are  converted  from  digital  into  analog 
signals  after  digitally  added  by  the  adder  20,  the  tone  waveshape  signals  may  be  mixed  or  allowed  to  be 

25  separately  sounded  after  they  are  converted  into  analog  signals  in  each  channel  separately. 
While  the  waveshape  memory  14  shown  in  Fig.  2  stores  the  amplitude  data  at  the  waveshape  sample 

points  as  they  are,  the  data  may  be  stored  otherwise.  For  instance,  it  is  feasible  to  have  the  differences 
between  the  amplitude  values  at  various  sample  points  stored  and,  after  reading  out  of  these  values,  obtain 
amplitude  data  at  the  sample  points  by  accumulating  the  read-out  values.  Alternatively,  the  real  number  of 

30  the  amplitude  data  at  the  sample  points  may  be  stored,  its  mantissa  section  and  exponential  section 
separately,  to  obtain  the  real  number  of  the  amplitude  values  at  the  sample  points  by  the  operation 
processing  after  reading  out.  There  are  various  manners  other  than  these. 

While  according  to  the  above  embodiments,  one  period  of  waveshape  is  stored  as  it  is  in  the 
waveshape  memory  14  as  the  segment  waveshape  (SEG1,  SEG2,  ...),  half  a  period  may  instead  be  stored, 

35  in  which  case  the  positive  and  negative  polarity  are  alternately  added  to  the  read-out  half-period 
waveshape  to  obtain  one  period  of  waveshape.  Also  the  segment  waveshape  to  be  stored  in  the 
waveshape  memory  14  need  not  necessarily  be  a  one-period  waveshape  and  may  be  a  plural-period 
waveshape  (e.g.,  2-period  waveshape). 

According  to  the  above  embodiment,  a  continuous  plural-period  waveshape  is  stored  as  it  is  in  the 
40  waveshape  memory  14  so  that  the  attack  portion  of  the  tone  signal  is  generated  by  reading  it  out.  However, 

a  plurality  of  segment  waveshapes  may  be  stored  in  the  waveshape  memory  14  according  to  the  invention 
for  the  attack  portion  also,  so  that  those  waveshapes  may  be  switched  successively  as  they  are  read  out 
while  effecting  the  interpolation  treatment  described  above  at  the  time  of  switching,  thus  producing  a  tone 
signal.  Further,  the  segment  waveshape  interpolation  synthesis  of  the  invention  may  be  applied  to  only 

45  part  of  the  sound  period. 
While  the  tone  signal  generation  device  according  to  the  invention  can  be  used  in  a  polyphonic 

electronic  musical  instrument  as  described  above,  it  can  be  used  also  in  a  monophonic  electronic  musical 
instrument  and  in  any  tone  generation  device  as  well  whether  it  is  an  electronic  musical  instrument  or  not. 
Further,  the  invention  may  be  applied  to  generate  not  only  scale  tones  but  rhythm  tones,  etc.  as  well. 

so  While  according  to  the  embodiment  shown  in  Fig.  10,  the  final  interpolation  function  or  the  cross  fade 
curve  data  CF  is  obtained  from  the  memory  84,  the  functions  IPF1,  IPF2  may  be  supplied  as  they  are  to  the 
multiplier  18  (Fig.  2)  as  weighting  coefficients  without  providing  the  memory  84  or,  alternatively,  the 
functions  IPF1,  IPF2  may  be  supplied  to  the  multiplier  18  as  varied  by  an  appropriate  logical  operation. 

The  curves  (interpolation  functions)  stored  in  the  cross  fade  curve  memory  84  (interpolation  function 
55  store  means)  need  not  necessarily  be  increasing  curves  as  shown  by  solid  lines  in  Fig.  12a  to  12d  but  may 

be  decreasing  curves  as  shown  by  dotted  lines.  The  cross  fade  curve  data  CF  in  the  address  0  and  the 
greatest  address  need  not  necessarily  assume  the  value  0  or  the  greater  level  exactly. 

While  according  to  the  invention,  the  two  channels  (subchannels)  for  interpolation  are  formed  in 
separate  channels  as  from  the  stage  of  the  phase  generator  13,  the  address  signal  designating  the  sample 

60  points  in  one  period  may  be  produced  in  common  in  both  channels  while  designating  the  waveshape  (start 
address)  separately  in  the  two  channels. 

According  to  the  above  embodiments,  the  waveshape  data  on  the  segment  waveshapes  SEG1,  SEG2, 
...  are  prepared  beforehand  in  the  waveshape  memory  14  so  that  the  segment  waveshapes  (consequently 
the  attack-portion  waveshape)  are  generated  by  reading  out  the  data.  However,  the  segment  waveshapes 

65  may  be  generated  by  the  harmonics  synthesis  method  or  the  digital  filter  method  using  tone  waveshape 
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forming  means  which  produces  desired  tone  waveshapes  based  on  parameters  (harmonics  relative 
amplitude  coefficients  or  filter  coefficients).  An  embodiment  of  the  invention  where  tone  waveshape 
forming  means  utilizing  parameters  are  used  will  be  described  below  referring  to  Fig.  26. 

In  Fig.  26,  the  circuits  or  devices  denoted  by  the  same  characters  as  used  in  Fig.  2  function  identically  so 
5  that  the  description  thereon  is  omitted. 

A  one-period  phase  data  generation  circuit  100  is  provided  to  generate  phase  data  ADR  sequentially 
designating  the  phases  (sample  points)  in  one  period  of  the  tone  waveshape  and  can  be  constructed  in  the 
same  manner  as  the  reading  means  28  shown  in  Fig.  5.  ■ 

A  tone  waveshape  forming  circuit  101  produces  a  tone  waveshape  by  a  given  operation  using 
10  parameters,  of  which  waveshape  the  form  is  determined  by  said  parameters,  in  correspondence  to  the 

phase  (sample  point)  designated  by  the  phase  data  ADR  supplied  from  said  phase  data  generation  circuit 
100.  The  tone  waveshape  forming  circuit  101  may  be  of  a  type  which,  for  instance,  forms  a  desired  tone 
waveshape  through  harmonics  synthesis  operation.  Such  harmonics  synthesis  operation  type  of  tone 
waveshape  forming  circuit  is  disclosed  in  U.S.  Patent  No.  3,821,714  (a  type  of  circuit  generating  the 

is  harmonic  signals  in  parallel)  and  U.S.  Patent  No.  3,809,786  (a  type  of  circuit  generating  the  harmonic 
signals  in  time  division)  so  that  the  details  are  not  given  herein.  Fig.  28  shows  the  tone  waveshape  forming 
circuit  of  said  type  schematically.  In  this  type  of  circuit,  the  parameter  used  in  the  operation  consists  of 
relative  amplitude  coefficients  of  harmonics  including  the  fundamental  waveshape.  The  harmonics 
waveshape  generation  circuit  107  shown  in  Fig.  28  generates  harmonics  signals  (including  the  fundamental 

20  waveshape)  according  to  the  phase  data  ADR,  a  multiplier  108  controls  the  relative  amplitudes  of  the 
respective  harmonics  signals  according  to  the  corresponding  relative  amplitude  coefficients  (parameters) 
and  an  addition  synthesis  circuit  109  addition-synthesizes  these  controlled  amplitudes  to  obtain  a  tone 
waveshape  of  a  desired  characteristic. 

A  parameter  memory  102  stores  parameters  determining  the  characteristics  (especially  the  shapes)  of 
25  various  tone  waveshapes  or  the  segment  waveshapes  sampled  at  intermittent  points  between  the  start  of 

the  tone  sounding  and  the  end.  According  to  this  embodiment,  the  segment  waveshapes  are  sampled  at 
intermittent  points  in  the  attack  portion  as  well  as  in  the  other  part.  The  segment  waveshapes  are  assigned 
numerals  1,  2,  3,  ...  indicating  the  order  of  generation  for  distinction,  as  in  the  above  case.  The  parameter 
memory  102  stores,  as  shown  in  Table  4,  parameters  a1,  a2,  ...,  b1,  b2,  ...,  d,  c2,  ...  corresponding  to  the 

30  order  1,2,  ...  of  the  segment  waveshapes  for  each  of  the  tone  colors  A,  B,  C,  ...  According  to  the  tone  color 
selection  data  TC,  a  parameter  group  corresponding  to  a  given  tone  color  is  selected  and  the  parameter 
corresponding  to  the  segment  order  data  generated  by  the  segment  order  data  generation  circuit  103  from 
among  the  parameter  group  selected  is  read  out  and  supplied  to  the  tone  waveshape  forming  circuit  101. 

10 

15 

25 

30 

TABLE  4 35 

~̂~~~~~-̂ ~~~~̂ __̂  ̂ Segment  order 

Tone  color  ^ ^ ^ ^ ^   1  2  3  4  5 

A  a1  a2  a3  a4  a5 

B  b1  b2  b3  b4  b5 

C  d  c2  c3  c4  c5  • 

40 

45 

50 

Each  of  the  parameters  a1,  a2,  ...,  b1,  b2,  ...,  d,  c2,  ...  correspond  to  a  set  of  parameters  consisting  of  a 
plurality  of  parameters  necessary  to  form  a  desired.segment  waveshape.  For  instance  the  parameter  a2 

55  corresponds  to  a  set  of  parameters  necessary  to  form  the  second  segment  waveshape  SEG2  related  to  the 
tone  color  A,  the  set  of  parameters  consisting,  for  instance,  of  relative  amplitude  coefficients  corresponding 
to  the  harmonics. 

The  segment  order  data  generation  circuit  103,  corresponding  to  the  waveshape  designation  means, 
produces  the  segment  order  data  designating  the  order  of  the  segment  waveshapes  in  time  division  in  each 

60  of  the  subchannels  1  and  2  supplies  said  data  to  the  parameter  memory  102,  as  described  before.  Fig.  27 
shows  a  specific  example  of  the  circuit  103.  The  circuits  denoted  by  the  characters  57,  60,  61,  61A,  71,  72 
and  99  perform  the  same  functions  as  the  circuits  denoted  by  the  same  characters  in  Fig.  24  so  that  detailed 
description  thereof  is  omitted  here.  When  the  key-on  pulse  KONP  is  "1"  (i.e.,  at  the  start  of  sounding),  a 
selector  104  provided  between  the  selector  60  and  the  shift  register  57  selects  the  numerical  value  "1"  in 

65  the  first-half  period  of  the  clock  pulse  ct>2,  namely,  in  the  subchannel  1  and  selects  the  numerical  value  "2"  in 
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the  second-half  period  or  the  subchannel  2.  When  the  key-on  pulse  KONP  is  "0",  the  selector  1  04  selects  the 
output  of  the  selector  60.  Thus  at  the  time  of  depression  of  a  key,  the  numerical  value  "1"  is  initially  set  in 
correspondence  to  the  subchannel  1  and  the  numerical  value  "2"  in  correspondence  to  the  subchannel  2, 
thereafter  the  numerical  value  corresponding  to  the  subchannel  at  which  the  command  signal  WCHG  is 

5  supplied  increasing  by  2  each  time  the  signal  WCHG  is  supplied.  The  output  of  the  selector  104  is  supplied 
to  the  parameter  memory  102  as  the  segment  order  data.  Therefore,  the  segment  orders  of  the 
subchannels  1  and  2  are  "1",  "2"  at  first,  respectively,  thereafter  alternately  changing  by  2  as  "3",  "2"-»"3", 
it  aii  iirzn  a  ah  iirzn  licit 4  —  >  0 , 4   —  >  O  ,  O  —  >... 

A  cross  fade  control  circuit  105  is  basically  the  same  as  the  cross  fade  control  circuit  1  6  shown  in  Figs.  2 
io  and  10.  The  difference  is  that  the  segment  waveshape  interpolation  is  performed  also  for  the  attack  portion 

in  the  cross  fade  control  circuit  105  so  that  the  cross  fade  curve  data  CF  is  formed  and  produced  as  early  as 
from  the  start  of  sounding.  Therefore,  the  circuit  105  corresponds  to  the  circuit  16  shown  in  Fig.  10  as 
modified  such  that  the  inverse  of  the  key-on  pulse  KONP  is  applied  to  the  control  input  of  the  gates  75A, 
75B  so  as  to  clear  the  counters  73A,  73B  at  the  start  of  sounding  and  that  the  AND  gate  83  in  the  switching 

is  control  circuit  81  is  omitted  so  that  the  output  signal  of  the  all-"0"  detection  circuit  82  is  itself  the 
waveshape  switching  command  signal  WCHG. 

An  envelope  generator  106,  too,  is  basically  the  same  as  the  envelope  generator  17  shown  in  Fig.  2 
except  that  the  former  generates  the  envelope  waveshape  signal  containing  the  attack  characteristics. 

When  the  tone  waveshape  forming  circuit  101  is  to  perform  the  digital  filter  type  operation,  the  circuit 
20  101  includes,  as  shown  in  Fig.  29,  a  sound  source  waveshape  generation  circuit  110  digitally  generating  a 

given  sound  source  waveshape  signal  according  to  the  phase  data  ADR,  and  a  digital  filter  circuit  111 
filter-controlling  this  sound  source  waveshape  signal,  in  this  case,  filter  coefficients  are  used  as  parameters 
and  the  parameter  memory  102  stores  filter  coefficients  corresponding  to  the  segment  waveshapes  SEG1, 
SEG2,  SEG3,  ...  for  each  of  the  tone  colors  A,  B,  C,  ... 

25  The  tone  waveshape  forming  circuit  101  can  be  constructed  so  as  to  form  tone  waveshapes  by  any 
parameter  operation  besides  the  harmonics  synthesis  method  and  digital  filter  method,  such  as  frequency 
modulation  operation  (FM)  and  the  amplitude  modulation  operation  (AM).  The  circuit  101  may  be  of  any 
type,  provided  the  tone  waveshapes  formed  can  be  controlled  by  parameters.  In  that  case,  the  kinds  of 
parameters  stored  in  the  parameter  memory  102  of  course  vary  according  to  the  tone  waveshape  forming 

30  method  by  the  tone  waveshape  forming  circuit  101. 
Instead  of  forming  tone  signals  by  interpolation  of  segment  waveshapes  for  the  attack  portion,  the 

entire  attack-portion  waveshapes  may  be  generated  by  appropriate  means  as  in  the  embodiment  shown  in 
Fig.  2.  The  full  attack-portion  waveshapes  may  be  generated,  for  instance,  by  having  stored  a  given  ' 
parameter  for  every  period  of  the  full  attack-portion  waveshapes  in  the  parameter  memory  102  so  that  the 

35  tone  waveshape  forming  circuit  101  may  form  tone  waveshapes  for  the  attack  portion  using  parameters  of 
the  respective  periods. 

The  same  modifications  as  those  described  with  regard  to  the  embodiment  shown  in  Fig.  2  may  apply 
to  the  embodiment  shown  in  Fig.  26. 

While  according  to  the  example  shown  in  Fig.  11,  the  switching  of  the  segment  waveshapes  is 
40  controlled  having  regard  to  time  (irrespective  of  the  pitch  of  the  tone  for  which  the  change  rate  data  DT 

should  be  generated),  the  switching  may  be  effected  each  time  the  segment  waveshape  is  repeated  a  given 
number  of  periods.  In  that  case,  the  count  by  the  count  means  73  shown  in  Fig.  10  may  be  performed,  for 
instance,  according  to  the  carry  signal  CRY  from  the  counter  38  shown  in  Fig.  5.  In  this  case,  the  number  of 
periods  in  which  a  segment  waveshape  is  to  be  switched  may  be  varied  among  the  interpolation  sections 

45  ti,  t2,  t3  ...  or  among  tone  colors  or  note  names  or,  alternatively,  fixed  at  a  certain  number  of  periods. 
As  will  be  clear  from  the  foregoing,  the  amount  of  nonharmony  obtained  according  to  the  invention  is 

determined  not  only  by  the  phase  difference  in  each  component  between  two  segment  waveshapes  to  be 
interpolated  but  also  by  the  time  required  for  interpolation.  Therefore,  once  the  segment  waveshapes  are 
stored  in  the  waveshape  memory  14  with  desired  characteristics  (desired  phase  characteristics  of  each 

so  component),  the  amount  of  nonharmony  (amount  of  the  frequency  deviation  from  an  integer  times  the 
frequency)  can  be  controlled  variably.  This  interpolation  time  control  (control  of  time  of  the  interpolation 
sections  t,  to  t4)  can  be  realized  by  variably  controlling  the  change  rate  data  DT  of  Fig.  10  or,  when,  as 
described  above,  the  switching  of  the  segment  waveshapes  is  effected  in  every  given  number  of  periods, 
by  variably  controlling  the  number  of  periods. 

55  The  interpolation  functions  are  generated  according  to  the  unique  time  functions  without  depending 
on  the  number  of  periods  of  the  tone  waveshapes  and  the  switching  of  the  waveshapes  is  controlled 
according  to  these  time  functions.  As  a  result,  it  is  made  possible  to  obtain  a  good  quality  timewise 
spectrum  change  as  well  as  a  smooth  interpolation  (waveshape  transition)  throughout  the  band  without 
compression  of  the  interpolation  time  in  the  higher  band. 

60  The  weighting  of  one  tone  waveshape  and  the  following  tone  waveshape  is  carried  out  separately 
according  to  the  outputs  read  out  in  the  normal  and  reverse  directions  from  the  memory  means  storing  the 
interpolation  functions  for  weighting,  thereby  enabling  an  impartial  (the  interpolation  in  the  first  half  of  the 
interpolation  section  being  symmetrical  to  the  interpolation  in  the  second  half)  and  smooth  interpolation. 
Accordingly,  a  good  quality  interpolation  can  be  effected  by  freely  using  interpolation  functions  of  desired 

65  characteristics. 
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Claims 

1.  A  tone  signal  generation  device  comprising: 
waveshape  generating  means  (13,  14)  capable  of  generating  first  to  Nth  waveshapes  (SEG)  which  are 

5  different  from  each  other  for  generating  the  Mth  and  (M+1)th  waveshapes  from  among  said  first  to  Nth 
waveshapes  wherein  N  is  a  positive  integer  greater  than  or  equal  to  3  and  M  is  a  positive  integer  less  than 
or  equal  to  N-2; 

function  generating  means  (16)  for  generating  a  weighting  function  which  is  a  function  of  time; 
interpolation  means  (18,  19,  20)  connected  to  said  waveshape  generating  means  (13,  14)  for  weighting 

10  said  Mth  and  (M+1)th  waveshapes  in  accordance  with  the  weighting  value  representing  a  value  of  said 
weighting  function  (IPF1f  IPF2)  and  for  outputting  the  weighted  waveshapes  at  a  rate  corresponding  to  a 
frequency  of  a  musical  tone  to  be  produced  as  a  tone  signal  of  said  musical  tone;  and 

control  means  (80—85)  for  outputting  a  control  signal  (CF)  in  relation  with  said  weighting  value,  said 
waveshape  generating  means  (13,  14)  generating  said  (M+1)th  waveshape  successively  and  the  (M+2)th 

15  waveshape  newly  in  response  to  said  control  signal, 
characterized  in  that  said  waveshape  generating  means  (13,  14)  generates  an  attack  portion  waveshape 

before  generation  of  said  first  to  Nth  waveshapes,  and  that,  during  the  attack  portion,  the  interpolation 
means  (18,  19,  20)  is  made  inactive  so  that  said  attack  portion  waveform  is  used  unchanged  for  generating 
the  attack  portion  of  the  tone  to  be  produced. 

20  2.  A  tone  signal  generation  device  as  defined  in  Claim  1  wherein  said  control  means  (80—85) 
comprises  detecting  means  (85)  for  detecting  whether  said  weighting  value  coincides  with  a  predetermined 
value,  said  control  signal  (CF)  being  outputted  in  response  to  the  detection  result. 

3.  A  tone  signal  generation  device  as  defined  in  Claim  1  or  2  wherein  said  first  to  Nth  waveshapes 
(SEG)  are  parts  which  are  intermittently  sampled  in  a  waveshape  of  an  actually  produced  tone. 

25  4.  Atone  signalgeneration  device  as  defined  in  Claim  1,  2  or  3  wherein  said  function  generating  means 
(16)  comprises  function  memory  means  (84)  for  storing  said  weighting  function  and  function  readout 
means  (78,  79,  80)  for  reading  out  said  weighting  function  from  said  function  memory  means. 

5.  A  tone  signal  generation  device  as  defined  in  any  one  of  Claims  1  to  4  wherein  said  weighting 
function  for  said  Mth  and  (M+1)th  waveshapes  differs  from  the  weighting  function  for  said  (M+1)th  and 

30  (M+2)th  waveshapes. 
6.  A  tone  signal  generation  device  as  defined  in  any  one  of  Claims  1  to  4  wherein  said  function 

generating  means  (16)  comprises  counting  means  (73)  for  generating  a  time  function  for  establishing  said 
weighting  function. 

7.  A  tone  signal  generation  device  as  defined  in  Claim  6  wherein  said  counting  means  (73)  comprises 
35  counting  rate  control  means  (73A,  77)  for  controlling  switching  of  a  counting  rate  in  response  to  said 

control  signal  (CF)  and  a  counting  circuit  (73B)  performing  a  counting  operation  in  accordance  with  this 
counting  rate  and  generating  the  time  function  in  response  to  a  count  resulting  from  the  counting 
operation. 

8.  A  tone  signal  generation  device  as  defined  in  Claim  7  wherein  said  counting  rate  control  means  (73A, 
40  77)  counts  the  number  of  times  the  control  signal  has  been  output  and  designates  the  counting  rate 

corresponding  to  the  counted  number  of  times  and  said  counting  circuit  (73B)  performs  counting  from  a 
first  predetermined  value  to  a  second  predetermined  value  at  said  designated  counting  rate  and  produces 
the  time  function  corresponding  to  the  count  value  resulting  from  this  counting. 

9.  Atone  signal  generation  device  as  defined  in  Claim  8  wherein  said  counting  rate  control  means  (73A, 
45  77)  comprise  a  counter  (73A)  for  counting  the  number  of  times  the  control  signal  has  been  output  and  a 

change  rate  memory  (77)  for  reading  out  predetermined  numerical  data  in  response  to  the  number  of  times 
counted  by  this  counter  (73A),  said  numerical  data  read  out  from  the  change  rate  memory  (77)  being 
counted  repeatedly  at  a  predetermined  time  interval  in  said  counting  circuit  (73). 

so  10.  A  tone  signal  generation  device  as  defined  in  Claim  7  wherein  said  counting  rate  control  means 
(73A,  77)  comprises  first  means  (73A)  for  generating  predetermined  initial  numerical  data  and  second 
means  (77)  for  sequentially  changing  this  initial  numerical  data  in  response  to  the  control  signal  and  said 
counting  circuit  (73B)  repeatedly  counts  output  numerical  data  of  this  second  means  at  a  predetermined 
time  interval. 

55  11.  A  tone  signal  generation  device  as  defined  in  any  one  of  Claims  1  to  10  wherein  said  waveshape 
generating  means  (13,  14)  comprises  memory  means  (14)  for  storing  waveshape  data  which  comprises  first 
to  Nth  waveshape  data  corresponding  to  said  first  to  Nth  waveshapes  respectively;  and  readout  means  for 
reading  out  the  Mth  and  (M+1  )th  waveshape  data  from  among  said  first  to  Nth  waveshape  data  from  said 
memory  means. 

so  12.  A  tone  signal  generation  device  as  defined  in  any  one  of  Claims  1  to  10  wherein  said  waveshape 
generating  means  (101,  102)  comprises  parameter  memory  means  (102)  for  storing  first  to  Nth  sets  of 
parameters  which  determine  said  first  to  Nth  waveshapes  respectively;  parameter  readout  means  for 
reading  out  the  Mth  and  (M+1  )th  sets  of  parameters  from  among  said  first  to  Nth  sets  of  parameters  from 
said  parameter  memory  means;  and  waveshape  forming  means  (101)  capable  of  forming  first  to  Nth 

65  waveshapes  corresponding  to  said  first  to  Nth  parameters  for  receiving  said  Mth  and  (M+1)th  sets  of 
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parameters  and  outputting  the  Mth  and  (M+1)th  waveshapes  formed  through  arithmetic  operation  based 
on  said  Mth  and  (M+1)th  parameters  respectively. 

13.  Atone  signal  generation  device  as  defined  in  Claim  11  wherein  said  waveshape  forming  means 
(101)  comprises  harmonics  generating  means  (107)  for  generating  first  to  Kth  harmonics  wherein  K  is  a 

5  positive  integer  greater  than  or  equal  to  2,  said  Mth  set  of  parameters  comprising  first  to  Kth  harmonic 
parameters  which  represent  relative  amplitudes  of  said  first  to  Kth  harmonics  respectively;  and  operating 
means  (108)  for  multiplying  said  first  to  Kth  harmonics  with  said  first  to  Kth  harmonic  parameters 
respectively,  for  adding  the  multiplied  harmonics  and  for  outputting  the  added  result  as  said  Mth 
waveshape. 

w  14.  A  tone  signal  generation  device  as  defined  in  Claim  11  wherein  said  waveshape  forming  means 
(101  )  comprises  tone  source  waveshape  generating  means  (110)  for  generating  a  tone  source  waveshape; 
and  digital  filter  means  (111)  for  filtering  said  tone  source  waveshape  in  accordance  with  filter 
characteristic  determined  by  said  Mth  set  of  parameters  and  for  outputting  the  filtered  tone  source 
waveshape  as  said  Mth  waveshape. 

is  15.  A  tone  signal  as  defined  in  one  of  the  preceding  claims,  wherein 
said  function  generating  means  (16)  generates  a  first  weighting  function  and  a  second  weighting 

function,  a  value  of  said  first  weighting  function  varying  from  a  first  value  to  a  second  value  along  a  first 
curve  for  a  predetermined  period,  a  value  of  said  second  weighting  function  varying  from  said  second 
value  to  said  first  value  along  a  second  curve  for  said  predetermined  period,  said  second  curve  having  a 

20  shape  reversed  said  first  curve;  and 
said  interpolation  means  (18,  19,  20)  is  connected  to  said  wave  shape  generating  means  (13,  14)  for 

weighting  said  first  waveshape  in  accordance  with  a  weighting  value  representing  said  value  of  said  first 
weighting  function,  for  weighting  said  second  waveshape  in  accordance  with  a  weighting  value 
representing  said  value  of  said  second  weighting  function,  for  combining  the  weighted  first  and  second 

25  waveshapes  and  for  outputting  the  combined  waveshape  at  a  rate  corresponding  to  a  frequency  of  a 
musical  tone  to  be  produced  as  a  tone  signal  of  said  musical  tones. 

16.  Atone  signal  generation  device  as  defined  in  Claim  15  wherein  said  function  generating  means  (16) 
comprises  function  memory  means  (84)  for  storing  said  first  weighting  function  and  function  readout 
means  (78,  79,  80)  for  reading  out  said  first  weighting  function  in  a  forward  direction  from  said  function 

30  memory  means  (84)  to  generate  said  first  weighting  function  and  for  reading  out  said  first  weighting 
function  in  a  reverse  direction  from  said  function  memory  means  to  generate  said  second  weighting 
function. 

17.  A  tone  signal  generation  device  as  defined  in  Claim  16  wherein  said  function  readout  means  (78,  79, 
80)  comprises  address  generation  means  (78)  for  generating  an  address  signal  which  changes  timewise 

35  and  inverting  means  (79)  for  inverting  the  value  of  this  address  signal  and  performs  the  reading  out  in  a 
forward  direction  and  in  a  reverse  direction  respectively  by  an  inverted  address  signal  and  an  uninverted 
address  signal. 

18.  A  tone  signal  generation  device  as  defined  in  Claim  16  wherein  said  function  memory  means  (84) 
stores  a  plurality  of  said  functions  and  selects  a  predetermined  function  in  response  to  a  tone  color 

40  selection  or  other  selection  operation. 

Patentanspruche 

1.  Tonsignalerzeugungseinrichtung  mit 
45  einer  Wellenformerzeugungseinrichtung  (13,  14)  zum  Erzeugen  von  N  unterschiedlichen  Wellen- 

formen  (SEG),  um  unter  diesen  die  M-te  und  (M+1)-te  Wellenform  zu  erzeugen,  wobei  N  eine  positive 
ganze  Zahl  ist,  die  grofSer  oder  gleich  3  ist,  und  M  eine  positive  ganze  Zahl  ist,  die  kleiner  oder  gleich  N-2 
ist; 

einer  Funktionserzeugungseinrichtung  (16)  zum  Erzeugen  einer  Gewichtungsfunktion,  die  eine 
50  Funktion  der  Zeit  ist; 

einer  Interpolationseinrichtung  (18,  19,  20),  die  mit  der  Wellenformerzeugungseinrichtung  (13,  14) 
verbunden  ist,  um  die  M-te  und  (M+1  )-te  Wellenform  mit  einem  Gewichtungswert  zu  gewichten,  der  einen 
Wert  der  Gewichtungsfunktion  (IPF1f  IPF2)  reprasentiert,  und  um  die  gewichteten  Wellenformen  mit  einer 
Rate  auszugeben,  die  der  Frequenz  eines  Musiktons  entspricht,  welche  als  Tonsignal  des  Musiktons 

ss  erzeugt  werden  soil;  und 
einer  Steuereinrichtung  (80—85)  zum  Ausgeben  eines  Steuersignals  (CF)  in  Relation  zu  dem 

Gewichtsungswert,  wobei  die  Wellenformerzeugungseinrichtung  (13,  14)  als  Antwort  auf  das  Steuersignal 
die  (M+1)-te  Wellenform  aufeinanderfolgend  und  die  (M+2)-te  Wellenform  neu  erzeugt, 

dadurch  gekennzeichnet,  dalS  die  Wellenformerzeugungseinrichtung  (13,  14)  vor  dem  Erzeugen  der 
60  ersten  bis  N-ten  Wellenform  eine  Anklingbereichs-Wellenform  erzeugt,  und  daB  wahrend  des  Ankling- 

bereichs  die  Interpolationseinrichtung  (18,  19,  20)  inaktiv  gemacht  wird,  so,  daB  die  Anklingbereichs- 
Wellenform  zum  Erzeugen  des  Anklingbereichs  des  zu  erzeugenden  Tons  unverandert  benutzt  wird. 

2.  Tonsignalerzeugungseinrichtung  nach  Anspruch  1,  bei  der  die  Steuereinrichtung  (80  —  85)  eine 
Detektoreinrichtung  (85)  aufweist,  die  erkennt,  ob  der  Gewichtungswert  mit  einem  vorbestimmten  Wert 

S5  ubereinstimmt,  wobei  das  Steuersignal  (CF)  als  Antwort  auf  das  Erkennungsergebnis  ausgegeben  wird. 
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3.  Tonsignalerzeugungseinrichtung  nach  Anspruch  1  oder  2,  bei  der  die  erste  bis  N-te  Wellenform 
(SEG)  Teile  sind,  die  intermittierend  in  der  Wellenform  eines  gegenwartig  erzeugten  Tons  eingestreut  sind. 

4.  Tonsignalerzeugungseinrichtung  nach  Anspruch  1,  2  oder  3,  bei  der  die  Funktionserzeugungs- 
einrichtung  (16)  versehen  ist  mit  einer  Funktionsspeichereinrichtung  (84)  zum  Speichern  der  Gewichtungs- 

s  funktion  und  mit  einer  Funktionsausleseeinrichtung  (78,  79,  80)  zum  Auslesen  der  Gewichtsfunktion  aus 
der  Funktionsspeichereinrichtung. 

5.  Tonsignalerzeugungseinrichtung  nach  einem  der  Anspruche  1  bis  4,  bei  der  die  Gewichtungs- 
funktion  fur  die  M-te  und  (M+1)-te  Wellenform  von  der  Gewichtsungsfunktion  fur  die  (M+1)-te  und 
(M+2)-te  Wellenform  abweicht. 

ro  6.  Tonsignalerzeugungseinrichtung  nach  einem  der  Anspruche  1  bis  4,  bei  der  die  Funktions- 
erzeugungseinrichtung  (16)  eine  Zahleinrichtung  (73)  aufweist,  die  eine  Zeitfunktion  zur  Herstellung  der 
Gewichtungsfunktion  erzeugt. 

7.  Tonsignalerzeugungseinrichtung  nach  Anspruch  6,  bei  der  die  Zahleinrichtung  (73)  versehen  ist  mit 
einer  Zahlratensteuereinrichtung  (73A,  77),  die  das  Schalten  einer  Zahlrate  als  Antwort  auf  das 

15  Steuersignal  (CF)  steuert,  und  mit  einer  Zahlschaltung  (73B),  die  entsprechend  dieser  Zahirate  eine 
Zahloperation  durchfiihrt  und  als  Antwort  auf  einen  sich  aus  der  Zahloperation  ergebenden  Zahlstand  die 
Zeitfunktion  erzeugt. 

8.  Tonsignalerzeugungseinrichtung  nach  Anspruch  7,  bei  der  die  Zahlratensteuereinrichtung  (73A,  77) 
die  Haufigkeit  zahlt,  mit  der  das  Steuersignal  ausgegeben  worden  ist,  und  die  Zahlrate  entsprechend  der 

20  gezahlten  Haufigkeit  bestimmt,  und  die  Zahlschaltung  (73B)  den  Zahlvorgang  von  einem  ersten 
vorbestimmten  Wert  zu  einem  zweiten  vorbestimmten  Wert  mit  dem  bestimmten  Zahlrate  durchfiihrt  und 
die  Zeitfunktion  entsprechend  dem  sich  aus  diesem  Zahlvorgang  ergebenden  Zahlwert  erzeugt. 

9.  Tonsignalerzeugungseinrichtung  nach  Anspruch  8,  bei  der  die  Zahlratensteuereinrichtung  (73A,  77) 
versehen  ist  mit  einem  Zahler  (73A)  zum  Zahlen  der  Haufigkeit,  mit  der  das  Steuersignal  ausgegeben 
worden  ist,  und  mit  einem  Anderungsratenspeicher  (77)  zum  Auslesen  vorbestimmter  numerischer  Daten 
als  Antwort  auf  die  von  diesem  Zahler  (73A)  gezahlte  Haufigkeit,  wobei  die  aus  dem  Anderungs- 
ratenspeicher  (77)  ausgelesenen  numerischen  Daten  in  der  Zahlschaltung  (73B)  wiederholt  mit  einem 
vorbestimmten  Zeitintervall  gezahlt  werden. 

10.  Tonsignalerzeugungseinrichtung  nach  Anspruch  7,  bei  der  die  Zahlratensteuereinrichtung  (73A,  77) 

30  versehen  ist  mit  einer  ersten  Einrichtung  (73A)  zum  Erzeugen  vorbestimmter  numerischer  Anfangsdaten, 
und  mit  einer  zweiten  Einrichtung  (77)  zum  sequentiellen  Verandern  dieser  numerischen  Anfangsdaten  als 
Antwort  auf  das  Steuersignal,  und  bei  der  die  Zahlschaltung  (73B)  numerische  Ausgabedaten  dieser 
zweiten  Einrichtung  wiederholt  mit  einem  vorbestimmten  Zeitintervall  zahlt. 

11.  Tonsignalerzeugungseinrichtung  nach  einem  der  Anspruche  1  bis  10,  bei  der  die  Wellenformer- 

35  zeugungseinrichtung  (13,  14)  versehen  ist  mit  einer  Speichereinrichtung  (14)  zum  Speichern  von 
Wellenformdaten,  welche  erste  bis  N-te,  jeweils  der  ersten  bis  N-ten  Wellenform  entsprechende 
Wellenformendaten  enthalten;  und  eine  Ausleseeinrichtung,  die  die  M-ten  und  (M+1)-ten 
Wellenformdaten  unter  den  ersten  bis  N-ten  Wellenformdaten  aus  der  Speichereinrichtung  ausliest. 

12.  Tonsignalerzeugungseinrichtung  nach  einem  der  Anspruche  1  bis  10,  bei  der  die  Wellenformer- 

40  zeugungseinrichtung  (101,  102)  versehen  ist  mit  einer  Parameterspeichereinrichtung  (102)  zum  Speichern 
erster  bis  N-ter  Gruppen  von  Parametern,  die  jeweils  eine  der  ersten  bis  N-ten  Wellenformen  bestimmen; 
mit  einer  Parameterausleseeinrichtung  zum  Auslesen  der  M-ten  und  (M+1)-ten  Gruppen  von  Parametern 
unter  den  ersten  bis  N-ten  Gruppen  von  Parametern  aus  der  Parameterspeichereinrichtung;  und  mit  einer 
Weilenform  -  Formungseinrichtung  (101),  die  den  ersten  bis  N-ten  Parametern  entsprechende  erste  bis 

45  N-te  Wellenformen  bildet,  die  M-te  und  (M+1)-te  Gruppe  von  Parametern  empfangt  und  die  M-ten  und 
(M+1)-ten  Wellenformen  ausgibt,  die  durch  eine  Rechenoperation  auf  der  Basis  der  M-ten  bzw.  (M+1)-ten 
Parameter  gebildet  werden. 

13.  Tonsignalerzeugungseinrichtung  nach  Anspruch  11,  bei  der  die  Wellenform  -  "Formungsein- 
richtung  (101)  versehen  ist  mit  einer  Harmonischen-Erzeugungseinrichtung  (107)  zum  Erzeugen  von  ersten 

50  bis  K-ten  Harmonischen,  wobei  K  eine  positive  ganze  Zahl  ist,  die  grolSer  oder  gleich  2  ist,  und  wobei  die 
M-te  Gruppe  von  Parametern  erste  bis  K-te  Harmonischen-Parameter  enthalt,  die  jeweils  relative 
Amplituden  der  ersten  bis  K-ten  Harmonischen  reprasentieren;  und  mit  einer  Verarbeitungseinrichtung 
(108),  die  jeweils  eine  der  ersten  bis  K-ten  Harmonischen  mit  einem  der  ersten  bis  K-ten  Harmonischen- 
Parameter  multipliziert,  die  multiplizieren  Harmonischen  addiert  und  das  Additionsergebnis  als  M-te 

55  Wellenform  ausgibt. 
14.  Tonsignalerzeugungseinrichtung  nach  Anspruch  11,  bei  der  die  Wellenform  -  Formungsein- 

richtung  (101)  versehen  ist  mit  einer  Tonquellenwellenform  -  Erzeugungseinrichtung  (110)  zum  Erzeugen 
einer  Tonquellenwellenform;  und  einer  Digitalfiltereinrichtung  (111),  die  die  Tonquellenwellenform 

60  entsprechend  der  durch  die  M-te  Gruppe  von  Parametern  bestimmten  Filtercharakteristik  filtert  und  die 
gefilterte  Tonquellenwellenform  als  M-te  Wellenform  ausgibt. 

15.  Tonsignalerzeugungseinrichtung  nach  einem  der  vorhergehenden  Anspruche,  bei  der 
die  Funktionserzeugungseinrichtung  (16)  eine  erste  Gewichtungsfunktion  und  eine  zweite 

Gewichtungsfunktion  erzeugt,  wobei  eine  Wert  der  ersten  Gewichtungsfunktion  fur  eine  vorbestimmte 
65  Dauer  von  einem  ersten  Wert  zu  einem  zweiten  Wert  langs  einer  ersten  Kurve  variiert,  ein  Wert  der  zweiten 
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Gewichtungsfunktion  fur  die  vorbestimmte  Dauer  von  dem  zweiten  Wert  zu  dem  ersten  Weil  langs  einer 
zweiten  Kurve  variiert,  und  die  zweite  Kurve  in  bezug  auf  die  erste  Kurve  umgekehrte  Gestalt  hat;  und 

die  Interpolationseinrichtung  (18,  19,  20)  mit  der  Wellenformerzeugungseinrichtung  (13,  14)  verbunden 
ist,  um  die  erste  Wellenform  entsprechend  einem  den  Wert  der  ersten  Gewichtungsfunktion 

5  reprasentierenden  Gewichtungswert  zu  gewichten,  die  zweite  Wellenform  entsprechend  einem  den  Wert 
der  zweiten  Gewichtungsfunktion  reprasentierenden  Gewichtungswert  zu  gewichten,  die  gewichteten 
ersten  und  zweiten  Wellenformen  zu  kombinieren  und  die  kombinierte  Wellenform  mit  einer  Rate 
auszugeben,  die  der  Frequenz  eines  Musiktons  entspricht,  welche  als  Tonsignal  des  Musiktons  erzeugt 
werden  soil. 

w  16.  Tonsignalerzeugungseinrichtung  nach  Anspruch  15,  bei  der  die  Funktionserzeugungseinrichtung 
(16)  versehen  ist  mit  einer  Funktionsspeichereinrichtung  (84),  die  die  erste  Gewichtungsfunktion  speichert, 
und  einer  Funktionsausleseeinrichtung  (78,  79,  80),  die  die  erste  Gewichtungsfunktion  in  Vorwartsrichtung 
aus  der  Funktionsspeichereinrichtung  (84)  ausliest,  um  die  erste  Gewichtungsfunktion  zu  erzeugen,  und  die 
die  erste  Gewichtungsfunktion  in  umgekehrter  Richtung  aus  der  Funktionsspeichereinrichtung  ausliest,  um 

is  die  zweite  Gewichtungsfunktion  zu  erzeugen. 
17.  Tonsignalerzeugungseinrichtung  nach  Anspruch  16,  bei  der  die  Funktionsausleseeinrichtung  (78, 

79,  80)  versehen  ist  mit  einer  Adressenerzeugungseinrichtung  (78),  die  ein  sich  zeitlich  veranderndes 
Adressensignal  erzeugt,  und  mit  einer  Invertereinrichtung  (79),  die  den  Wert  dieses  Adressensignals 
umkehrt  und  das  Auslesen  in  Vorwartsrichtung  und  in  umgekehrter  Richtung  aufgrund  eines  umgekehrten 

20  Adressensignals  bzw.  eines  nicht  umgekehrten  Adressensignals  durchfuhrt. 
18.  Tonsignalerzeugungseinrichtung  nach  Anspruch  16,  bei  der  die  Funktionsspeichereinrichtung  (84) 

mehrere  der  besagten  Funktionen  speichert  und  eine  vorbestimmte  Funktion  als  Antwort  auf  eine 
Tonfarbenwahl  oder  einen  anderen  Wahlvorgang  wahlt. 

25  Revendications 

1.  Dispositif  de  generation  d'un  signal  sonore  comportant: 
des  moyens  (13,  14)  generateurs  de  forme  d'onde,  capables  d'engendrer  des  formes  d'onde  d'ordre  1  a 

N  (SEG),  differentes  les  unes  des  autres,  pour  engendrer  les  formes  d'onde  d'ordre  M  et  (M+1)  parmi 
30  lesdites  formes  d'onde  d'ordre  1  a  N,  ou  N  est  un  entier  positif  superieur  ou  egal  a  3  et  M  est  un  entier 

positif  inferieur  ou  egal  a  N-2; 
des  moyens  (16)  generateurs  d'une  fonction  pour  engendrer  une  fonction  de  ponderation  qui  est  une 

function  du  temps; 
des  moyens  (18,  19,  20)  d'interpolation  relies  auxdits  moyens  (13,14)  generateurs  de  forme  d'onde 

35  pour  ponderer  lesdites  formes  d'onde,  d'ordre  M  et  (M+1),  en  accord  avec  une  valeur  de  ponderation 
representant  une  valeur  de  ladite  fonction  de  ponderation  (IPF  ̂ IPF2)  et  pour  emettre  les  formes  d'onde 
ponderees  a  une  frequence  correspondant  a  une  frequence  d'un  son  musical  a  produire  en  tant  que  signal 
sonore  dudit  son  musical;  et 

des  moyens  (80  —  85)  de  controle  pour  emettre  un  signal  de  controle  (CF)  en  relation  avec  ladite  valeur 
40  de  ponderation,  lesdits  moyens  (13,  14)  generateurs  de  forme  d'onde  engendrant  ladite  forme  d'onde 

d'ordre  (M+1)  consecutivement  et  la  forme  d'onde  d'ordre  (M+2)  a  la  suite,  en  reponse  audit  signal  de 
controle, 

caracterise  en  ce  que  lesdits  moyens  (13,  14)  generateurs  de  forme  d'onde  engendrent  une  forme 
d'onde  correspondant  a  la  partie  d'attaque  du  son  avant  la  generation  desdites  formes  d'onde  d'ordre  1  a 

45  N,  et  en  ce  que,  au  cours  de  la  partie  d'attaque,  les  moyens  (18,  19,  20)  d'interpolation  sont  rendus  inactifs 
de  sorte  que  ladite  forme  d'onde  correspondant  a  la  partie  d'attaque  est  utilisee,  inchangee,  pour 
engendrer  la  partie  d'attaque  du  son  a  produire. 

2.  Dispositif  de  generation  d'un  signal  sonore  selon  la  revendication  1,  dans  lequel  lesdits  moyens 
(80  —  85)  de  controle  comportent  des  moyens  (85)  de  detection  pour  detecter  si,  oui  ou  non,  ladite  valeur  de 

so  ponderation  coincide  avec  une  valeur  predetermined,  ledit  signal  de  controle  (CF)  etant  emis  en  reponse  au 
resultat  de  la  detection. 

3.  Dispositif  de  generation  d'un  signal  sonore  selon  la  revendication  1  ou  2,  dans  lequel  lesdites  formes 
d'onde  d'ordre  1  a  N  (SEG)  sont  des  parties,  echantillonnees  par  intermittence,  d'une  forme  d'onde  d'un 
son  effectivement  produit. 

55  4.  Dispositif  de  generation  d'un  signal  sonore  selon  la  revendication  1,  2  ou  3,  dans  lequel  lesdits 
moyens  (16)  generateurs  de  fonction  comportent  des  moyens  (84)  de  memorisation  de  fonction  pour 
memoriser  ladite  fonction  de  ponderation,  ainsi  que  des  moyens  (78,  79,  80)  de  lecture  de  fonction  pour  lire 
ladite  fonction  de  ponderation  dans  lesdits  moyens  de  memorisation  de  fonction. 

5.  Dispositif  de  generation  d'un  signal  sonor  selon  I'une  quelconque  des  revendications  1  a  4,  dans 
60  lequel  ladite  fonction  de  ponderation  prevue  pour  lesdites  formes  d'onde  d'ordre  M  et  (M+1)  differe  de  la 

fonction  de  ponderation  prevue  pour  lesdites  formes  d'onde  d'ordre  (M+1)  et  (M+2). 
6.  Dispositif  de  generation  d'un  signal  sonore  selon  I'une  quelconque  des  revendications  1  a  4,  dans 

lequel  lesdits  moyens  (16)  generateurs  de  fonction  comportent  des  moyens  (73)  de  comptage  pour 
engendrer  une  fonction  du  temps  pour  etablir  ladite  fonction  de  ponderation. 

65  7.  Dispositif  de  generation  d'un  signal  sonore  selon  la  revendication  6,  dans  lequel  lesdits  moyens  (73) 
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de  comptage  component  des  moyens  (73A,  77)  de  controle  de  la  frequence  de  comptage  pour  controler  ia 
commutation  d'une  frequence  de  comptage  en  reponse  audit  signal  de  controle  (CF),  ainsi  qu'un  circuit  de 
comptage  (73B)  effectuant  une  operation  de  comptage  en  accord  avec  cette  frequence  de  comptage  et 
engendrant  la  fonction  du  temps  en  reponse  a  un  compte  resultant  de  I'operation  de  comptage. 

5  8.  Dispositif  de  generation  d'un  signal  sonore  selon  la  revendication  7,  dans  lequel  lesdits  moyens 
(73A,  77)  de  controle  de  la  frequence  de  comptage  comptent  le  nombre  de  fois  que  le  signal  de  controle  a 
ete  emis  en  indiquent  la  frequence  de  comptage  correspondant  au  nombre  compte  de  fois,  et  dans  lequel 
ledit  circuit  de  comptage  (73B)  effectue  le  comptage,  d'une  premiere  valeur  predeterminee  a  une  seconde 
valeur  predeterminee,  a  ladite  frequence  de  comptage  designee  et  produit  la  fonction  du  temps 

10  correspondant  a  la  valeur  comptee  resultant  de  ce  comptage. 
9.  Dispositif  de  generation  d'un  signal  sonore  selon  la  revendication  8,  dans  lequel  lesdits  moyens 

(73A,  77)  de  controle  de  la  frequence  de  comptage  component  un  compteur  (73A)  pour  compter  le  nombre 
de  fois  que.  le  signal  de  controle  a  ete  emis,  ainsi  qu'une  memoire  (77)  de  frequence  de  changement  pour 
lire  des  donnees  numeriques  predeterminees  en  reponse  au  nombre  de  fois  compte  par  ce  compteur  (73  A), 

15  lesdites  donnees  numeriques,  lues  dans  la  memoire  (77)  de  frequence  de  changement,  etant  comptees  de 
facon  repetitive  a  intervalle  de  temps  predetermine  dans  ledit  circuit  de  comptage  (73). 

10.  Dispositif  de  generation  d'un  signal  sonore  selon  la  revendication  7,  dans  lequel  lesdits  moyens 
(73A,  77)  de  controle  de  la  frequence  de  comptage  component  des  premiers  moyens  (73A)  pour  engendrer 
des  donnees  numeriques  initiales  predeterminees  et  des  seconds  moyens  (77)  pour  changer 

20  sequentiellement  ces  donnees  numeriques  initiales  en  reponse  au  signal  de  controle;  et  dans  lequel  ledit 
circuit  de  comptage  (73B)  compte  de  fagon  repetitive  les  donnees  numeriques  emises  par  ces  seconds 
moyens,  a  intervalle  de  temps  predetermine. 

11.  Dispositif  de  generation  d'un  signal  sonore  selon  I'une  quelconque  des  revendications  1  a  10,  dans 
lequel  lesdits  moyens  (13,  14)  generateurs  de  forme  d'onde  component  des  moyens  (14)  de  memorisation 

25  pour  memoriser  des  donnees,  relatives  aux  formes  d'onde,  qui  component  des  donnees,  relatives  aux 
formes  d'onde  d'ordre  1  a  N,  correspondant  auxdites  formes  d'onde  d'ordre  1  a  N,  respectivement;  et  des 
moyens  de  lecture  pour  lire,  dans  lesdits  moyens  de  memorisation,  les  donnees  relatives  aux  formes 
d'onde  d'ordre  M  et  (M+1)  parmi  lesdites  donnees  relatives  aux  formes  d'onde  d'ordre  1  a  N. 

30  12.  Dispositif  de  generation  d'un  signal  sonore  selon  I'une  quelconque  des  revendications  1  a  10,  dans 
lequel  lesdits  moyens  (101,  102)  generateurs  de  forme  d'onde  component  des  moyens  (102)  de 
memorisation  de  parametres  pour  memoriser  des  ensembles,  d'ordre  1  a  N,  de  parametres  qui 
determinent  lesdites  formes  d'onde  d'ordre  1  a  N,  respectivement;  des  moyens  de  lecture  des  parametres 
pour  lire,  dans  lesdits  moyens  de  memorisation  des  parametres,  les  ensembles,  d'ordre  M  et  (M+1),  de 

35  parametres  parmi  lesdits  ensembles,  d'ordre  1  a  N,  de  parametres;  et  des  moyens  (101)  de  formation  de 
forme  d'onde,  capables  de  former  des  formes  d'onde  d'ordre  1  a  N  correspondant  auxdits  parametres 
d'ordre  1  a  N  pour  obtenir  lesdits  ensembles,  d'ordre  M  et  (M+1),  de  parametres  et  pour  emettre  les  formes 
d'onde  d'ordre  M  et  (M+1)  formees  par  une  operation  arithmetique  basee  sur  lesdits  parametres  d'ordre  M 
et  (M+1),  respectivement. 

40  13.  Dispositif  de  generation  d'un  signal  sonore  selon  la  revendication  11,  dans  lequel  lesdits  moyens 
(101)  de  formation  de  forme  d'onde  component  des  moyens  (107)  generateurs  d'harmoniques  pour 
engendrer  des  harmoniques  d'ordre  1  a  K,  ou  K  est  un  entier  positif  superieur  ou  egal  a  2,  ledit  ensemble 
d'ordre  M  de  parametres  comportant  des  parametres  d'harmoniques  d'ordre  1  a  K  qui  representant  les 
amplitudes  relatives  desdits  harmoniques  d'ordre  1  a  K  respectivement;  et  des  moyens  (108)  operatoires 

45  pour  multiplier  lesdits  harmoniques  d'ordre  1  a  K  par  lesdits  parametres  d'harmoniques  d'ordre  1  a  K, 
respectivement,  pour  ajouter  les  harmoniques  ainsi  multiplies  et  pour  emettre  le  resultat  ainsi  obtenu  en 
tant  que  ladite  forme  d'onde  d'ordre  M. 

14.  Dispositif  de  generation  d'un  signal  sonore  selon  la  revendication  11,  dans  lequel  lesdits  moyens 
(101)  de  formation  de  forme  d'onde  component  des  moyens  (110)  generateurs  de  forme  d'onde  de  source 

so  sonore  pour  engendrer  une  forme  d'onde  de  source  sonore;  et  des  moyens  (111)  numeriques  de  filtrage 
pour  filtrer  ladite  forme  d'onde  de  source  sonore  en  accord  avec  la  caracteristique  du  filtre  determinee  par 
ledit  ensemble  d'ordre  M  de  parametres  et  pour  emettre  la  forme  d'onde  de  source  sonore,  filtree,  en  tant 
que  dite  forme  d'onde  d'ordre  M. 

15.  Signal  sonore  selon  I'une  quelconque  des  revendications  precedentes,  dans  lequel 
55  lesdits  moyens  (16)  generateurs  de  fonction  engendrent  une  premiere  fonction  de  ponderation  et  une 

seconde  fonction  de  ponderation,  une  valeur  de  ladite  premiere  fonction  de  ponderation  variant  d'une 
premiere  valeur  a  une  seconde  valeur  le  long  d'une  premiere  courbe  pendant  une  periode  predeterminee, 
une  valeur  de  ladite  seconde  fonction  de  ponderation  variant  de  ladite  seconde  valeur  a  ladite  premiere 
valeur  le  long  d'une  seconde  courbe  pendant  ladite  periode  predeterminee,  ladite  seconde  courbe  ayant 

60  une  forme  inversee  par  rapport  a  ladite  premiere  courbe;  et 
lesdits  moysns  (18,  19,  20)  d'interpolation  sont  relies  auxdits  moyens  (13,  14)  generateurs  de  forme 

d'onde  pour  ponderer  ladite  premiere  forme  d'onde  en  accord  avec  une  valeur  de  ponderation 
representant  ladite  valeur  de  ladite  premiere  fonction  de  ponderation,  pour  ponderer  ladite  seconde  forme 
d'onde  en  accord  avec  une  valeur  de  ponderation  representant  ladite  valeur  de  ladite  seconde  fonction  de 

55  ponderation,  pour  combiner  la  premiere  et  la  seconde  formes  d'onde  ponderees,  et  pour  emettre  la  forme 

23 
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d'onde  combinee  a  une  frequence  correspondant  a  une  frequence  d'un  son  musical  a  produire  en  tant  que 
signal  sonore  desdits  sons  musicaux. 

16.  Dispositif  de  generation  d'un  signal  sonore  selon  la  revendication  15,  dans  lequel  lesdits  moyens 
(16)  generateurs  de  fonction  comportent  des  moyens  (84)  de  memorisation  de  fonction  pour  memoriser 

5  ladite  premiere  fonction  de  ponderation,  ainsi  que  des  moyens  (78,  79,  80)  de  lecture  de  fonction  pour  lire, 
dans  lesdits  moyens  (84)  de  memorisation  de  fonction,  ladite  premiere  fonction  de  ponderation  dans  le 
sens  avant,  pour  engendrer  ladite  premiere  fonction  de  ponderation,  et  pour  lire,  dans  lesdits  moyens  de 
memorisation  de  fonction,  ladite  premiere  fonction  de  ponderation  dans  le  sens  inverse  pour  generer  ladite 
seconde  fonction  de  ponderation. 

10  17.  Dispositif  de  generation  d'un  signal  sonore  selon  la  revendication  16,  dans  lequel  lesdites  moyens 
(78,  79,  80)  de  lecture  de  fonction  comportent  des  moyens  (78)  de  generation  d'adresse  pour  engendrer  un 
signal  d'adresse  qui  change  en  fonction  du  temps,  ainsi  que  des  moyens  (79)  d'inversion  pour  inverser  la 
valeur  de  ce  signal  d'adresse,  et  effectue  la  lecture  dans  le  sens  avant  et  dans  le  sens  inverse, 
respectivement,  sous  I'action  d'un  signal  d'adresse  inverse  et  d'un  signal  d'adresse  non  inverse. 

is  18.  Dispositif  de  generation  d'un  signal  sonore  selon  la  revendication  16,  dans  lequel  les  moyens  (84) 
de  memorisation  de  fonction  memorisent  une  pluralite  desdites  fonctions  et  selectionnent  une  fonction 
predeterminee  en  reponse  a  une  selection  de  timbres  son  ou  a  une  autre  operation  de  selection. 
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