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Description 

The  present  invention  relates  to  a  data  pro- 
cessing  apparatus  for  a  sound  signal  generator, 
and,  more  particularly,  to  the  architecture  of  a  data 
processing  apparatus  for  electronic  musical  instru- 
ments.  The  invention  furthermore  relates  to  an 
electronic  musical  instrument  comprising  such  a 
data  processing  apparatus. 

Although  recent  electronic  musical  instruments 
are  computerized,  that  portion  associated  with  tone 
generation  which  requires  a  high-speed  computa- 
tion  of  a  vast  amount  of  data,  is  still  executed  by 
exclusive  or  special-purpose  hardware  called  a 
sound  source  circuit.  A  microcomputer  merely  pro- 
cesses  control  inputs  to  a  musical  instrument,  such 
as  an  input  from  a  keyboard  or  console  panel,  an 
input  from  a  MIDI  or  other  external  units  and  an 
input  from  an  internal  or  external  unit,  and  sends 
proper  commands  to  the  sound  source  circuit. 

Sound  source  circuits,  which  have  different 
structures  depending  on  the  system  for  generating 
musical  tones,  normally  have  a  large  circuit  scale 
irrespective  of  the  structure  of  the  sound  source 
systems.  The  circuit  scale  of  typical  sound  source 
circuits  is  about  two  times  that  of  a  microcomputer 
(central  processing  unit). 

Fig.  1  exemplifies  in  a  block  diagram  of  a 
sound  source  circuit  involving  a  PCM  sound 
source.  A  microcomputer  2,  which  controls  a  PCM 
sound  source  1,  sends  data  (command)  necessary 
for  tone  generation  to  the  PCM  sound  source  1. 
Such  a  command  is  set  in  individual  sections  in  the 
sound  source  through  a  sound  source  command 
analyzer  3. 

For  instance,  data  is  set  through  the  following 
procedures  at  the  beginning  of  tone  generation. 

(a)  Addresses  (normally  consisting  of  a  start 
address,  end  address  and  loop  address)  for  a 
waveform  memory  8,  in  which  waveforms  to  be 
generated  are  stored,  are  sent  and  set  in  an 
address  controller  5. 
(b)  Pitch  data  of  a  musical  tone  to  be  generated 
is  sent  and  set  in  a  pitch  controller  6. 
(c)  Envelope  data  is  sent  and  set  in  an  envelope 
controller  7. 
(d)  Channel  control  is  set  ON  (data  is  set  in  a 
channel  ON/OFF  controller  4). 
With  the  use  of  a  polyphonic  sound  source, 

these  data  should  have  a  matched  channel  number 
and  the  individual  sections  of  the  sound  source  1 
should  be  operated  in  time-sharing  manner.  When 
the  above  data  is  set,  the  PCM  sound  source  1 
produces  a  musical  tone  in  the  following  manner. 
The  address  controller  5  reads  out  from  the 
waveform  memory  8  waveform  data  located  at  two 
adjacent  addresses  closest  to  an  accumulated  re- 
sult  of  the  pitch  data  from  the  pitch  controller  6,  the 

waveform  data  representing  an  immediately  pre- 
ceding  waveform  value  and  an  immediately  follow- 
ing  waveform  value.  The  waveform  data  is  sent  to  a 
waveform  processor  9  which  in  turn  computes  the 

5  difference  between  these  two  waveform  values. 
The  difference  and  the  immediately  preceding 
waveform  value  are  sent  to  a  multiplier  10,  which 
multiplies  the  computed  difference  by  a  decimal 
point  portion  PD  of  the  address  of  the  waveform 

io  memory  (given  from  the  pitch  controller  6  in  the 
diagram)  and  adds  the  immediately  preceding 
waveform  value  to  the  resultant  value  to  thereby 
provide  an  interpolation  value.  The  multiplier  10 
then  multiplies  this  interpolation  value  by  an  en- 

75  velope  value  ED  produced  in  the  envelope  control- 
ler  7,  thus  providing  an  instantaneous  value  of  a 
tone  waveform  of  the  channel.  This  instantaneous 
value  is  accumulated  by  an  adder  11  for  all  the 
channels,  and  the  resultant  data  is  sent  to  a  D/A 

20  converter  12  to  be  an  analog  tone  signal. 
As  is  obvious  from  this  example,  it  is  neces- 

sary  to  provide  an  arithmetic  operation  unit  and  a 
memory  for  temporary  storage  of  data,  here  and 
there  at  the  data  processing  stages,  thus  requiring 

25  a  large-scale  circuit.  A  specific  sound  source  circuit 
has  a  structure  to  simply  realize  a  specific  sound 
source  system  and  one  or  combination  of  a  spe- 
cific  number  of  polyphonic  sounds,  so  that  chang- 
ing  the  polyphonic  number  necessitates  great  alter- 

30  ation  of  the  circuit  and/or  addition  of  a  circuit.  It  is 
also  necessary  to  design  a  set  of  commands  to  be 
sent  to  the  sound  source  circuit  from  the  micro- 
computer  in  accordance  with  the  sound  source, 
thus  requiring  a  significant  time  for  developing  a 

35  sound  source  control  program. 
There  may  be  a  controller  for  an  electronic 

musical  instrument  whose  architecture  permits  a 
microcomputer  alone  to  simultaneously  execute 
processing  of  control  inputs  to  a  musical  instru- 

40  ment  and  tone  generation.  To  realize  such  a  con- 
troller,  there  is  a  demand  for  a  microcomputer 
having  an  architecture  to  ensure  tone  generation 
that  requires  a  high-speed  data  processing  of  a 
vast  amount  of  data. 

45  For  instance,  typical  microcomputers  use  an 
internal  register  or  a  general-purpose  internal  regis- 
ter,  called  an  accumulator,  as  memory  means  for 
temporary  storage  of  computing  data.  The  accu- 
mulator  may  hold  data  from  a  data  memory  on  one 

50  occasion,  and  holds  the  result  of  computation  (e.g., 
addition)  of  two  pieces  of  data  from  the  data  mem- 
ory  performed  by  a  computing  circuit  on  another 
occasion.  Data  temporarily  held  in  the  accumulator 
is  set  back  to  the  memory  location  specified  on  the 

55  data  memory.  Using  a  microcomputer  with  such  a 
structure  for  tone  generation  requires  a  consider- 
able  time  for  frequent  data  transfer  between  the 
data  memory  and  the  accumulator  (or  general- 
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purpose  register)  and  thus  becomes  a  hindrance  to 
achieving  tone  generation  processing  that  should 
deal  with  a  vast  amount  of  data. 

A  description  will  now  be  given  of  the  envelope 
controller  7  (envelope  generator)  which  is  incor- 
porated  in  the  hardware  of  a  sound  source  circuit. 
Fig.  2  illustrates  a  typical  envelope  controller.  Var- 
ious  values  from  a  microcomputer  are  set  in  an 
envelope  Ax  register  24,  an  envelope  Ay  register 
25  and  a  target  envelope  register  26  via  the  sound 
source  analyzer  3  which  serves  as  an  interface.  In 
operation,  the  content  of  an  envelope  Ax  timer  21 
is  counted  up  by  an  INC  counter  22.  When  the 
count  value  of  this  timer  21  coincides  with  the 
content  of  the  envelope  Ay  register  24,  a  compara- 
tor  23  outputs  a  coincidence  signal  to  clear  the  INC 
counter  22.  The  coincidence  signal  further  opens 
an  AND  gate  G1,  and  data  Ay  from  the  envelope 
Ay  register  25  is  input  to  an  adder-subtracter  27. 
This  data  Ay  is  added  to  or  subtracted  from  a 
present  envelope  value  from  a  present  envelope 
register  29  in  accordance  with  an  add- 
ing/subtracting  flag  (a  specific  bit  of  the  envelope 
Ay  register  25).  The  result  of  the  computation  is 
compared  with  a  target  envelope  level  from  a  tar- 
get  envelope  register  29  by  a  second  comparator 
28.  The  comparison  result  is  used  to  determine  a 
new  present  envelope  value.  In  other  words,  if  the 
computed  result  has  not  reached  the  target  en- 
velope,  it  is  output  as  a  new  present  envelope 
value  via  a  gate  G2  and  set  back  to  the  register  29. 
If  the  computed  result  reaches  the  target  envelope, 
however,  the  coincidence  signal  from  the  compara- 
tor  28  opens  a  gate  G3  through  an  inverter  INV  to 
output  the  target  envelope  as  a  new  present  en- 
velope  value,  which  is  then  set  back  to  the  register 
29.  The  coincidence  signal  from  the  comparator  28 
is  held  in  a  coincidence  signal  holding  circuit  30  to 
request  setting  of  data  of  the  next  envelope  step 
(Ax,  Ay,  a  target  envelope). 

The  envelope  generator  as  shown  in  Fig.  2  has 
a  shortcoming  that  it  is  part  of  the  hardware  of  the 
sound  source  circuit.  Once  the  microcomputer  sets 
data  of  Ax,  Ay  and  the  target  value,  therefore,  it 
cannot  grasp  a  present  envelope  value  thereafter. 
(Permitting  the  microcomputer  to  read  out  the 
present  envelope  value,  though  possible,  requires  a 
significantly  complex  circuit.)  When  it  is  necessary 
to  jump  the  envelope  step,  therefore,  it  is  difficult  to 
set  data  (Ax,  Ay,  the  target  value)  suitable  for  the 
present  envelope  value.  Assuming  that  data  for  a 
release  envelope  which  consists  of  three  segments 
is  on  the  microcomputer  side  as  shown  in  Fig.  3, 
due  to  the  present  envelope  value  unclear,  the 
microcomputer  cannot  determine  data  (Ax,  Ay,  the 
target  value)  to  which  segment  should  be  sent  to 
the  sound  source.  A  conventional  solution  to  this 
problem  is  to  send  an  envelope  step  update  signal 

(the  output  of  the  coincidence  signal  holding  circuit 
30  in  Fig.  2)  to  the  microcomputer  to  request 
updating  of  the  step  and  to  transfer  data  for  the 
next  step  to  the  sound  source  from  the  microcom- 

5  puter.  With  this  arrangement,  although  the  micro- 
computer  cannot  grasp  the  present  envelope  value 
being  produced  by  the  sound  source,  it  can  grasp 
the  envelope  step  being  executed  by  the  sound 
source.  This  permits  the  microcomputer  to  select  a 

io  release  envelope  segment  corresponding  to  a  val- 
ue  which  this  envelope  step  can  take  at  a  tone 
release  time,  i.e.,  a  release  envelope  segment  hav- 
ing  a  target  value  lower  than  but  closest  to  the 
target  value  of  the  present  envelope,  then  transfer 

is  data  for  the  selected  release  envelope  segment  to 
the  sound  source.  This  particular  design,  however, 
has  a  problem  that  a  zigzag  line  characteristic  of  a 
release  envelope  is  restricted  by  another  envelope 
portion.  This  is  because  that  release  envelope  data 

20  should  be  prepared  in  advance  to  match  with  the 
range  of  the  envelope  value  of  another  step,  thus 
limiting  the  characteristic  that  the  envelope  can 
have. 

With  a  design  to  allow  a  microcomputer  itself 
25  to  generate  musical-tones,  it  is  very  difficult,  if  not 

impossible,  to  completely  keep  at  constant  the 
period  of  the  sample  sequence  of  digital  musical 
tones  to  be  sent  to  a  digital-to-analog  (D/A)  con- 
verter  from  the  microcomputer  due  to  the  nature  of 

30  a  program-controlled  operation.  In  other  words, 
since  the  amount  of  works  (amount  of  processing) 
that  should  be  done  by  the  microcomputer  varies 
with  time  by  inputs  to  the  microcomputer,  the 
amount  of  processing  required  for  tone  generation 

35  included  in  intended  data  processing  also  varies. 
This  means  a  variation  in  period  for  generating  a 
digital  musical  tone.  When  a  digital  musical  tone 
varying  in  an  unstable  period  is  converted  into  an 
analog  signal,  the  resultant  musical  tone  would  be 

40  distorted,  which  is  very  crucial  to  electronic  musical 
instruments. 

US-A  4,184,400  discloses  a  data  processing 
apparatus  according  to  the  preamble  of  claim  1  as 
well  as  an  electronic  musical  system  which  is  pro- 

45  vided  with  additional  computer-external  tone  gener- 
ator  units  generating  the  actual  musical  sound  sig- 
nals.  The  CPU  determines  control  signals  for  the 
tone  generator  units. 

Similarly,  GB-A-2  013  386  discloses  an  elec- 
50  tronic  sound  processing  device  in  which  the  output 

signals  of  the  control  processor  are  fed  to  an 
output  control  system.  The  output  control  system 
generates  the  musical  sound  signals. 

It  is  the  primary  object  of  this  invention  to 
55  provide  a  data  processing  apparatus  for  a  sound 

signal  generator  which  has  a  new  and  improved 
structure  to  ensure  tone  generation  under  the  pro- 
gram  control  of  a  computer,  e.g.,  a  microcomputer, 
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without  requiring  special-purpose  hardware  of  a 
sound  source  circuit. 

To  achieve  this  object  there  is  provided  a  data 
processing  apparatus  comprising  the  features  men- 
tioned  in  claim  1  . 

The  present  invention  provides  a  data  process- 
ing  apparatus  which  can  extract  a  digital  musical 
tone  generated  by  a  microcomputer  itself  at  an 
accurate  sampling  period  and  output  it  as  an  ana- 
log  signal  with  less  distortion. 

Herefor,  the  microcomputer  comprises  first 
latch  means  for  latching  a  digital  tone  signal  gen- 
erated  by  the  microcomputer  at  a  timing  of  a 
program  control  signal  from  the  microcomputer, 
and  second  latch  means,  provided  between  an 
output  of  the  first  latch  means  and  D/A  converting 
means,  for  latching  an  output  signal  of  the  first 
latch  means  at  a  timing  of  an  accurate  sampling 
time  signal. 

With  the  above  arrangement,  a  digital  musical 
tone  signal  supplied  to  the  input  of  the  D/A  convert- 
ing  means  can  be  switched  at  a  timing  of  an 
accurate  sampling  time  signal  by  the  function  of 
the  second  latch  means.  This  means  that  the  con- 
version  period  for  converting  a  digital  signal  into  an 
analog  signal  in  the  D/A  converting  means  is  ac- 
curately  maintained.  Therefore,  distortion  on  an 
analog  musical  tone  signal  which  may  occur  during 
D/A  conversion  can  be  reduced  as  much  as  possi- 
ble,  so  that  an  acoustic  signal  with  a  good  quality 
can  be  output. 

The  above  apparatus  requires  no  hardware  of  a 
sound  source  circuit  for  generating  musical  tones. 
The  data  processing  apparatus  for  an  electronic 
musical  instrument  having  this  novel  architecture 
has  significant  advantages.  The  first  advantage  is 
freedom  of  design.  More  specifically,  alteration  of 
the  number  of  polyphonic  sounds  and  alteration  of 
a  tone  combining  system  can  be  coped  with  de- 
sign  alteration  of  a  program.  The  second  advantage 
is  its  capability  to  significantly  reduce  the  overall 
circuit  scale  because  no  sound  source  circuit  hard- 
ware  is  needed.  Conventionally,  since  a  source 
circuit  LSI  chip  has  a  large  circuit  scale,  there  is  a 
limit  to  improving  the  yield  in  production  of  chips 
(the  yield  being  substantially  inversely  proportional 
to  the  chip  area).  Those  advantages  can  therefore 
considerably  reduce  the  cost  for  manufacturing 
electronic  musical  instruments. 

In  one  structural  example,  the  program  storage 
means  comprises  a  read  only  memory  (ROM).  The 
microcomputer  is  realized  by  an  integrated  circuit 
chip  on  which  a  D/A  converter  for  converting  a 
digital  musical  tone  into  an  analog  signal  and  a  port 
for  receiving  an  input  to  control  the  electronic  musi- 
cal  instrument  are  mounted  in  addition  to  the  afore- 
mentioned  components  of  the  microcomputer.  The 
arithmetic  operation  means  may  include  a  multi- 

plier  for  computing  waveform  data. 
Further  improvements  of  the  invention  are  stat- 

ed  in  the  subclaims. 
The  program  for  generating  musical  tones  can 

5  be  executed  by  interrupt  program  processing  (in- 
terrupt  processing)  invoked  by  an  interrupt  signal 
which  is  generated  in  a  tone  sampling  period.  The 
use  of  such  a  timer  interrupt  technique  can  ensure 
accurate  tone  generation.  Further,  programs  to  be 

io  stored  in  the  program  storage  means  can  be  effi- 
ciently  prepared  and  the  total  number  of  steps  of 
each  program  can  be  reduced,  thus  requiring  less 
memory  capacity  for  the  program  storage  means. 
Furthermore,  generation  of  an  interrupt  signal  at 

is  every  given  time  can  be  utilized  so  that  if  a  routine 
for  measuring  the  elapse  of  time  is  incorporated  in 
the  interrupt  program,  it  is  possible  to  acquire  time 
data  necessary  in  a  main  program  (main  flow), 
such  as  a  period  with  respect  to  the  resolution  of  a 

20  tempo  for  an  automatic  musical  performance  or 
accompaniment. 

Of  parameters  of  a  musical  tone  to  be  gen- 
erated,  an  envelope  gently  changes  with  time,  so 
that  its  generation  may  not  be  executed  in  the 

25  interrupt  process.  In  that  case,  the  timing  at  which 
the  envelope  is  updated  (at  which  a  new  envelope 
value  is  computed)  can  be  known  from  the  result  of 
the  time  measuring  process  executed  in  the  inter- 
rupt  process  while  running  the  envelope  producing 

30  process  (if  the  envelope  needs  to  be  updated  at  a 
constant  period). 

In  another  structural  example,  the  microcom- 
puter  is  realized  by  an  integrated  circuit  chip  on 
which  a  D/A  converter  for  converting  a  digital  musi- 

35  cal  tone  data  into  an  analog  signal  and  a  port  for 
receiving  an  input  to  control  the  electronic  musical 
instrument  are  mounted  in  addition  to  the  afore- 
mentioned  components  of  the  microcomputer. 

In  a  specific  arrangement,  the  registers  in  the 
40  arithmetic  operation  storage  means  can  serve  as 

means  to  store  data  as  well  as  a  so-called  accu- 
mulator.  This  can  eliminate  the  need  for  an  or- 
dinary  accumulator.  Further,  the  individual  registers 
in  the  arithmetic  operation  storage  means  can  be 

45  directly  addressed  by  a  program  stored  in  the 
program  storage  means  (which  does  not  mean  that 
it  is  not  possible  to  execute  indirect  addressing 
such  as  the  one  done  by  an  index).  Accordingly,  an 
arithmetic  operation  between  the  registers  can  be 

50  directly  executed  (without  going  through  the  accu- 
mulator)  using  the  arithmetic  operation  means.  Fur- 
thermore,  the  individual  registers  in  the  arithmetic 
operation  storage  means  can  be  used  exclusively; 
general  use  of  the  registers  is  also  possible  so  that 

55  the  "exclusive  use"  does  not  mean  to  deny  the 
general  use  of  part  of  the  registers.  Particularly,  the 
arithmetic  operation  storage  means  includes  a 
group  of  registers  which  are  used  for  arithmetic 

4 



7 EP  0  376  342  B1 8 

operation  and  for  exclusively  storing  various  musi- 
cal  tone  parameters  (such  as  an  envelope  rate,  a 
phase  value  parameter  and  a  phase  change  degree 
parameter).  Running  the  tone  generating  program 
can  ensure  efficient  execution  of  arithmetic  oper- 
ations  (with  the  highest  efficiency)  between  those 
registers  exclusive  for  the  various  musical  tone 
parameters  in  an  operational  sequence  until  digital 
data  sample  of  a  musical  tone  is  obtained,  thus 
reducing  the  number  of  times  data  in  the  tone  data 
storage  means  is  referred  to.  This  ensures  quicker 
processing  of  a  vast  amount  of  data  (musical  tone 
parameters)  and  facilitates  tone  generation  in  real 
time.  For  instance,  one  register  is  exclusively  used 
to  hold  the  value  of  the  present  phase  (phase  of  a 
waveform),  while  another  register  is  exclusively 
used  to  hold  data  of  the  degree  of  a  change  in 
phase  value.  When  conditions  for  updating  the 
present  phase  value  are  met,  the  tone  generating 
program  issues  a  command  to  add  the  degree  of 
change  to  the  present  phase  value.  At  that  time,  it 
is  not  particularly  necessary  to  read  out  data  of  the 
present  phase  value  and  the  degree  of  change 
from  the  tone  data  storage  means  or  to  store  the 
envelope  value  resulting  from  the  required 
arithmetic  operation.  If  the  register  (first  register) 
for  storing  the  present  phase  value  is  directly  as- 
signed  as  the  first  operand  (item  to  be  operated) 
and  the  register  (second  register)  for  storing  the 
degree  of  change  as  the  second  operand  (item  to 
operate)  and  addition  of  these  two  values  is  speci- 
fied  by  an  operation  code,  then  the  data  of  the  first 
register  and  the  data  of  the  second  register  are 
output  and  input  to  the  arithmetic  operation  means 
where  an  adder  performs  the  addition,  and  the 
output  of  this  means  (new  phase  value)  is  returned 
to  the  first  register,  all  automatically,  i.e.,  under  the 
control  of  the  operation  control  means.  In  case  of  a 
more  complicated  system  where  the  degree  of 
change  in  phase  value  varies  depending  on  the 
phase  ranges,  a  group  of  registers  (referred  to  as 
group  A)  for  exclusive  storage  of  data  about  the 
degree  of  change  within  the  respective  ranges  and 
another  group  of  registers  (referred  to  as  group  B) 
for  exclusive  storage  of  the  phases  at  the  bound- 
aries  of  the  phase  ranges  (boundary  value  data) 
should  be  prepared  and  the  boundary  values  in  the 
register  group  B  need  to  be  compared  with  the 
present  phase  value  prior  to  executing  the  phase 
addition.  Based  on  the  comparison  result,  the  reg- 
ister  storing  the  selected  or  desired  degree  of 
change  is  determined  among  the  register  group  A. 
During  the  process  carried  out  in  the  above  two 
examples,  it  is  totally  unnecessary  to  access  to  the 
tone  data  storage  means  to  acquire  data  (musical 
tone  parameters).  In  other  words,  unlike  a  typical 
microcomputer,  it  is  possible  to  eliminate  a  process 
for  reading  data  from  the  tone  data  storage  means 

and  holding  it  in  an  accumulator  (or  a  general- 
purpose  register). 

As  one  effective  means  for  maintaining  the 
sampling  period  for  tone  generation,  there  may  be 

5  a  structure  which  utilizes  the  control  mechanism  of 
a  timer  interrupt  and  executes  a  tone  generating 
program  upon  each  occurrence  of  an  interrupt.  (A 
musical  tone  is  generated  by  a  timer  interrupt 
program  in  a  second  embodiment  to  be  described 

io  later.)  Upon  reception  of  an  interrupt,  ordinary 
microcomputers  need  to  save  the  status  of  a  pro- 
cess  at  that  point  of  time  in  order  to  continue  the 
process  after  the  interrupt  processing  is  completed. 
In  this  case,  in  running  the  tone  generating  pro- 

15  gram  (the  program  which  has  made  the  interrupt), 
only  an  exclusive  register  is  used  to  store  musical 
tone  parameters.  This  means  that  no  data  rewriting 
or  updating  is  performed  for  those  registers  which 
are  used  by  a  program  that  has  been  interrupted, 

20  while  the  tone  generating  program  is  running.  If  the 
content  of  that  register  involved  in  a  process  is  not 
updated,  the  status  of  that  process  need  not  be 
saved.  This  can  eliminate  the  need  to  save  and 
recover  the  status  of  a  process  (status  of  a  general- 

25  purpose  register),  thus  resulting  in  reduction  in  the 
processing  time.  (The  status  of  a  program  counter 
or  an  equivalent  element  has  only  to  be  saved  at 
the  beginning  of  an  interrupt.) 

In  preferred  embodiments  which  will  be  de- 
30  scribed  later,  an  input/output  port  for  receiving  con- 

trol  inputs  to  a  musical  instrument,  a  timer  interrupt 
controller  for  causing  an  interrupt  and  a  D/A  con- 
verter  for  converting  a  digital  data  sample  of  a 
generated  musical  tone  into  an  analog  signal  are 

35  also  mounted  on  the  IC  chip  containing  the  micro- 
computer.  In  addition,  the  arithmetic  operation 
means  includes  a  multiplier  used  for  computing 
waveform  data. 

The  invention  also  provides  a  data  processing 
40  apparatus  for  an  electronic  musical  instrument 

which  can  generate  a  musical  tone  without  using 
exclusive  sound  source  circuit  hardware  and  can 
produce  an  envelope  whose  characteristic  is  free  of 
any  restriction  at  an  accurate  timing. 

45  The  elimination  of  the  need  for  sound  source 
circuit  hardware  results  in  reduction  in  circuit  scale, 
improvement  of  the  yield  in  production  and  design 
freedom.  In  addition,  the  generation  of  an  envelope 
at  an  accurate  timing  can  provide  a  better  en- 

50  velope.  Furthermore,  since  the  functions  of  an  elec- 
tronic  musical  instrument  are  realized  entirely  un- 
der  a  program  control  according  to  the  present 
invention,  the  microcomputer  can  always  grasp  the 
present  envelope  value  which  is  originated  from 

55  execution  of  a  routine  to  compute  the  envelope  of  a 
musical  tone.  Accordingly,  it  is  free  to  jump  the 
steps  of  an  envelope,  thus  totally  eliminating  any 
restriction  to  the  characteristic  of  an  envelope  that 

5 
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can  be  generated. 
The  present  invention  also  provides  an  elec- 

tronic  musical  instrument  having  a  microcomputer 
without  the  need  for  exclusive  sound  source  circuit 
hardware,  as  stated  in  claim  1  1  . 

This  electronic  musical  instrument  can  gen- 
erate  an  envelope  free  of  restriction  on  its  char- 
acteristic  at  an  accurate  timing. 

The  electronic  musical  instrument  can  have 
microcomputer  that  controls  a  tone  generating  pro- 
gram  to  generate  a  musical  tone  and  can  extract  a 
digital  musical  tone  at  an  accurate  sampling  period 
to  thereby  acquire  an  analog  signal  with  less  distor- 
tion. 

This  invention  can  be  more  fully  understood 
from  the  following  detailed  description  when  taken 
in  conjunction  with  the  accompanying  drawings,  in 
which: 

Fig.  1  is  a  general  diagram  of  a  conventional 
electronic  musical  instrument  of  a  PCM  sound 
source  system; 
Fig.  2  is  a  diagram  illustrating  a  conventional 
envelope  generator  for  providing  an  envelope; 
Fig.  3  is  a  diagram  illustrating  the  status  of 
producing  an  envelope  according  to  the  prior 
art; 
Fig.  4  is  a  general  block  diagram  of  an  elec- 
tronic  musical  instrument  according  to  the 
present  invention; 
Fig.  5  is  a  block  diagram  of  a  microcomputer; 
Fig.  6  is  a  flowchart  of  a  main  program  for  a 
microcomputer; 
Fig.  7  is  a  flowchart  of  an  interrupt  program  that 
generates  a  musical  tone; 
Fig.  8  is  a  flowchart  of  a  sound  source  process; 
Fig.  9  is  a  diagram  illustrating  the  flow  of  the 
operation  in  the  first  embodiment; 
Fig.  10  is  a  time  chart  illustrating  the  operation 
in  the  first  embodiment; 
Fig.  11  illustrates  a  table  of  a  sound  source 
processing  RAM; 
Fig.  12  is  a  detailed  flowchart  illustrating  one 
channel  processing  shown  in  Fig.  8; 
Fig.  13  is  a  diagram  illustrating  the  status  of  an 
envelope  to  be  generated; 
Fig.  14  is  a  diagram  illustrating  part  of  an  en- 
velope  which  is  generated  by  a  timer  interrupt 
process; 
Fig.  15  is  a  diagram  illustrating  part  of  an  en- 
velope  which  is  generated  by  an  ordinary  sub- 
routine  process; 
Fig.  16  is  a  diagram  illustrating  an  original  sound 
and  waveform  data  read  out  with  a  doubled 
frequency; 
Fig.  17  is  a  diagram  illustrating  interpolation 
waveform  data  with  respect  to  time; 
Fig.  18  is  a  flowchart  illustrating  the  operational 
flow  when  a  subroutine  that  is  executed  for  a 

given  period  of  time  is  used; 
Fig.  19  is  a  diagram  illustrating  part  of  a  main 
flowchart  in  Fig.  18; 
Fig.  20  is  a  diagram  illustrating  part  of  a  main 

5  flowchart  involving  a  constant  processing  time; 
Fig.  21  is  a  flowchart  illustrating  a  process  for 
one  channel  in  which  all  the  processing  times 
are  constant; 
Fig.  22  is  a  time  chart  illustrating  a  waveform 

io  generating  operation  according  to  the  third  em- 
bodiment; 
Fig.  23  is  a  structural  diagram  in  a  case  where 
the  sampling  period  for  tone  generation  is  syn- 
chronized  with  the  conversion  period  of  a  D/A 

is  converter; 
Fig.  24  is  a  structural  diagram  in  a  case  where 
the  timing  for  generating  a  waveform  under  a 
program  control  does  not  coincide  with  the  con- 
version  period  of  a  D/A  converter; 

20  Fig.  25(A)  is  a  diagram  illustrating  an  interrupt 
process  and  the  status  of  a  timing  at  which  data 
is  input  to  a  D/A  converter  when  the  arrange- 
ment  shown  in  Fig.  23  is  used;  and 
Fig.  25(B)  is  a  diagram  illustrating  an  interrupt 

25  process  and  the  status  of  a  timing  at  which  data 
is  input  to  a  D/A  converter  when  the  arrange- 
ment  shown  in  Fig.  24  is  used. 

First  Embodiment 
30 

The  first  preferred  embodiment  of  this  inven- 
tion  will  now  be  described  referring  to  the  accom- 
panying  drawings. 

Fig.  4  illustrates  the  general  structure  of  an 
35  electronic  musical  instrument  associated  with  the 

first  embodiment.  The  general  control  of  the  ap- 
paratus  is  executed  by  a  microcomputer  31.  In 
other  words,  the  microcomputer  31  executes  not 
only  processing  of  control  inputs  to  a  musical  in- 

40  strument  but  also  a  tone  generation  process,  so 
that  no  sound  source  circuit  hardware  is  required 
for  tone  generation.  A  switch  section  34  comprising 
a  keyboard  32  and  function  keys  33  serves  as  a 
source  to  enter  control  inputs  to  a  musical  instru- 

45  ment,  and  data  entered  via  this  switch  section  34  is 
processed  by  the  microcomputer  31  .  A  digital  tone 
signal  generated  by  the  microcomputer  31  is  con- 
verted  into  an  analog  signal  by  a  D/A  converter 
(included  within  the  microcomputer  31),  filtered  by 

50  a  low-pass  filter  35  and  amplified  by  an  amplifier 
36  so  that  a  musical  sound  is  produced  through  a 
loudspeaker  37.  A  power  source  38  serves  to  sup- 
ply  the  necessary  power  to  the  microcomputer  31  , 
low-pass  filter  35  and  amplifier  36. 

55  Fig.  5  illustrates  in  a  block  diagram  the  internal 
structure  of  the  microcomputer  31.  The  individual 
elements  illustrated  are  mounted  on  one  chip.  The 
microcomputer  31  actually  manufactured  with  a 

6 
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chip  size  of  5  mm  x  5  mm  is  capable  of  generat- 
ing  eight  polyphonic  sounds  simultaneously  and  is 
of  a  PCM  (Pulse  Code  Modulation)  type  tone  for- 
ming  system.  It  should  however  be  noted  that  the 
present  invention  can  well  apply  to  other  micro- 
computers  capable  of  generating  a  different  num- 
ber  of  polyphonic  sounds  and  having  a  different 
tone  forming  system. 

A  program  for  processing  various  control  inputs 
to  a  musical  instrument  and  a  program  for  generat- 
ing  musical  tones  are  stored  in  a  control  ROM  41  , 
and  program  words  (commands)  located  at  ad- 
dresses  specified  via  a  ROM  address  decoder  42 
by  a  ROM  address  controller  49  are  sequentially 
output.  In  the  specific  embodiment,  a  program 
word  has  a  length  of  28  bits  and  part  of  the 
program  word  is  input  as  a  lower  portion  of  the 
next  address  to  be  read  out  (address  within  a 
page)  to  the  ROM  address  controller  49;  this  is  a 
so-called  next  address  system.  Alternately,  a  pro- 
gram  counter  system  may  also  be  employed. 

When  an  operand  of  a  command  from  the 
control  ROM  41  specifies  a  register,  a  RAM  ad- 
dress  controller  43  specifies  the  address  of  an 
associated  register  in  a  RAM  44.  The  operand  may 
also  serve  to  set  a  numerical  value  in  the  register. 
The  RAM  44  comprises  registers  which  are  used 
for  general  arithmetic  operations,  flag  operations, 
arithmetic  operations  for  musical  tones,  and  so 
forth.  As  exemplified  in  Fig.  11,  many  registers  are 
used  exclusively  for  arithmetic  operations  for  musi- 
cal  tones.  A  unit  45  serving  as  an  adder-subtracter 
and  logical  operation  section  and  a  multiplier  46 
constitute  an  arithmetic  unit  (AU),  which  is  used 
when  a  command  from  the  control  ROM  42  is  an 
arithmetic  instruction.  Particularly,  the  multiplier  46 
is  used  for  an  arithmetic  operation  of  a  musical 
tone  waveform,  and  first  and  second  data  inputs 
(e.g.,  16-bit  data)  are  multiplied  and  data  having 
the  same  length  as  the  inputs  (i.e.,  16  bits)  is 
output  in  order  to  optimize  the  operation. 

A  ROM  47  for  control  data  and  waveform 
stores  various  musical  tone  control  parameters 
such  as  pitch  data,  envelope  data  (rate,  level),  and 
musical  tone  waveform  data  of  a  PCM  type.  The 
envelope  data  and  tone  waveform  data  are  pre- 
pared  for  each  timbre  of  a  musical  tone. 

As  illustrated,  the  ROM  47  is  accessed  in- 
directly  by  referring  to  the  contents  of  the  register 
on  the  RAM  44  specified  by  the  operand  in  a 
program  stored  in  the  control  RAM  41.  In  the 
present  embodiment,  the  ROM  47  is  an  internal 
memory  and  its  operation  is  directly  controlled  by 
an  operation  controller  48  which  controls  the  opera- 
tion  of  the  RAM  44,  so  that  the  time  of  accessing 
to  the  ROM  47  is  the  same  as  the  time  of  acces- 
sing  to  the  RAM  44.  An  operation  analyzer  (opera- 
tion  controller)  48  decodes  an  operation  (OP)  code 

of  a  command  from  the  control  ROM  41  and  sends 
control  signals  to  its  individual  units  in  order  to 
execute  the  specified  operation. 

In  order  to  run  a  tone  generating  program 
5  stored  in  the  control  ROM  41  every  given  time,  a 

timer  interrupt  is  employed  in  this  embodiment. 
That  is,  an  interrupt  controller  50  having  a  timer 
(hardware  counter)  sends  a  control  signal  (interrupt 
request  signal)  to  the  ROM  address  controller  49. 

io  In  response  to  this  signal,  the  ROM  address  con- 
troller  49  saves  (holds)  the  address  of  the  next 
command  of  the  main  program  and  sets  the  head 
address  of  an  interrupt  program  (subroutine)  that 
generates  a  musical  tone  in  place  of  the  former 

is  address.  Then,  the  interrupt  program  starts  running. 
Since  a  return  command  is  placed  at  the  end  of  the 
interrupt  program,  the  ROM  address  controller  49 
sets  the  saved  address  again  and  the  flow  returns 
to  the  main  program  when  this  return  command  is 

20  decoded  by  the  operation  analyzer  48. 
Although  the  interrupt  controller  50,  which 

causes  the  microcomputer  31  to  stop  a  presently- 
executing  task  and  requests  a  special  process,  is 
illustrated  as  an  internal  element  of  the  microcom- 

25  puter  31  (CPU)  in  the  diagram,  it  is  logically  an 
external  element  (peripheral  unit)  of  the  microcom- 
puter  31.  The  interrupt  program  includes  a  routine 
for  computing  the  waveform  of  a  musical  tone  on 
each  channel  as  will  be  described  later,  the 

30  waveform  and  envelope  can  be  generated  in  the 
interrupt  period. 

An  input  port  51  and  an  output  port  52  are 
used  for  scanning  the  keys  of  the  keyboard  32  and 
the  function  keys  33.  A  digital  musical  tone  gen- 

35  erated  in  the  interrupt  program  is  converted  by  a 
D/A  converter  53  into  an  analog  signal  which  is 
then  output. 

Fig.  6  illustrates  the  flow  of  the  main  program 
of  the  microcomputer  31  of  this  embodiment.  Step 

40  A1  is  an  initializing  process  which  clears  the  RAM 
(registers)  44  of  the  microcomputer  31  and  sets  the 
initial  values  of  a  rhythm  tempo,  etc.  when  power  is 
turned  on.  In  step  A2,  the  microcomputer  31  out- 
puts  a  key  scan  signal  from  the  output  port  52,  and 

45  fetches  the  status  of  the  switch  section  34  from  the 
input  port  51  to  thereby  set  the  statuses  of  the 
function  keys  33  and  keys  on  the  keyboard  in  the 
key  buffer  area  of  the  RAM  44.  In  step  A3  that 
function  key  whose  status  has  changed  is  discrimi- 

50  nated  from  the  statuses  of  the  function  keys  33 
acquired  in  step  A2  and  the  previous  statuses 
thereof,  and  the  specified  function  is  executed 
(e.g.,  setting  of  a  tone  number,  an  envelope  num- 
ber,  a  rhythm  number,  etc.).  In  step  A4,  that  key 

55  whose  status  has  changed  (being  pressed  or  re- 
leased)  is  discriminated  from  the  newest  statuses 
of  the  keys  on  the  keyboard  32  acquired  in  step  A2 
and  the  previous  key  statuses.  In  the  subsequent 
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step  A5,  key  assigning  for  the  tone  generation 
process  A9  is  executed  in  accordance  with  the 
processing  result  attained  in  step  A4.  In  step  A6, 
when  a  "demo"  play  key  included  in  the  function 
keys  33  is  pressed,  "demo"  play  data  (sequencer 
data)  is  sequentially  read  out  from  the  ROM  47  and 
is  processed  to  thereby  execute  a  key  assign  pro- 
cess  for  the  tone  generation  process  A9.  In  A7, 
when  a  rhythm  start  key  is  pressed,  rhythm  data  is 
sequentially  read  out  from  the  ROM  47  to  perform 
key  assigning  for  the  tone  generation  process  A9. 
In  a  one  flow  cycle  timer  process  A8,  in  order  to 
know  the  timing  of  the  necessary  event  in  the  main 
flow,  an  arithmetic  operation  is  performed  on  the 
basis  of  the  one  flow  cycle  time  to  acquire  the 
reference  value  for  the  envelope  timer  (arithmetic 
operation  cycle  of  the  envelope)  and  the  reference 
value  of  a  rhythm.  (The  one  flow  cycle  time  is 
obtained  by  measuring  the  number  of  timer  inter- 
rupts  executed  during  one  flow  cycle;  this  measur- 
ing  is  performed  in  an  interrupt  timer  process  B3  to 
be  described  later.)  In  the  tone  generation  process 
A9,  various  arithmetic  operations  for  actually  gen- 
erating  musical  sounds  are  executed  based  on  the 
data  set  in  steps  A5,  A6  and  A7.  The  results  of  the 
operations  are  set  in  a  sound  source  processing 
register  (Fig.  11)  in  the  RAM  44.  For  instance, 
when  a  key  is  de-pressed,  the  envelope  Ax  of  the 
attack  portion  and  the  envelope  Ay  for  the  target 
envelope  increment/decrement  flag  as  parameters 
for  envelope  generation  are  computed  or  read  out 
and  set  in  the  associated  registers  in  Fig.  11,  and 
the  start  address,  end  address,  loop  address  and 
the  value  of  added  addresses  as  parameters  for 
waveform  generation  are  computed  or  fetched  and 
set  in  the  associated  registers.  With  regard  to  up- 
dating  of  an  envelope,  the  content  of  the  present 
envelope  register  is  checked  and  if  it  is  at  the 
target  level,  envelope  data  for  the  next  step  (Ax, 
Ay,  the  target  envelope)  are  set  back  in  the  asso- 
ciated  registers.  The  content  of  the  present  en- 
velope  register  is  also  checked  upon  key  depres- 
sion.  A  release  envelope  is  selected  from  the 
checked  value  and  its  data  is  set.  Step  A10  is  a 
preparation  process  for  a  pass  to  the  next  main 
flow.  In  this  processing,  for  example,  the  "NEW 
ON"  status  indicating  a  change  to  the  key-de- 
pressed  state  obtained  by  the  present  pass  is  set 
during  "ON  Continuing"  status,  the  "NEW  OFF" 
status  indicating  a  change  to  a  key-released  state 
is  changed  during  "OFF  Continuing"  status. 

Fig.  7  illustrates  the  flow  of  the  interrupt  pro- 
gram  which  executes  tone  generation.  In  step  B1, 
tone  waveform  data  (accumulated  waveform  values 
for  eight  sounds)  which  has  been  produced  in  a 
sound  source  process  B2  in  the  previous  interrupt- 
ing  process  is  sent  to  the  D/A  converter  53.  In  this 
manner,  samples  of  a  musical  tone  are  given  to  the 

D/A  converter  53  in  a  constant  interval.  The  subse- 
quent  sound  source  process  B2  is  a  key  point  in 
this  embodiment;  this  processing  is  conventionally 
executed  by  sound  source  circuit  hardware.  (Its 

5  detailed  description  will  be  given  later.)  In  the  next 
interrupt  timer  process  B3,  the  content  of  a  timer 
register  (located  in  the  RAM  44)  for  measuring  one 
flow  cycle  is  incremented  by  "1  "  every  time  an 
interrupt,  which  occurs  for  every  given  time,  passes 

io  this  timer  register. 
According  to  this  embodiment,  since  the  con- 

tents  of  those  registers  in  which  data  is  written  in 
the  main  program  are  not  rewritten  in  the  interrupt 
program,  it  is  unnecessary  to  execute  saving  and 

is  recovering  of  the  contents  of  the  registers  which 
are  carried  out  at  the  beginning  and  the  end  of  an 
ordinary  interrupting  process.  That  is,  since  those 
registers  on  the  RAM  44  which  are  associated  with 
tone  processing  are  independent  of  those  asso- 

20  ciated  with  the  other  processing,  it  is  possible  to 
leave  the  main  program  and  go  to  the  interrupting 
process  quickly  without  delay. 

Fig.  8  gives  a  detailed  illustration  of  the  sound 
source  process  B2.  After  the  RAM  area  (see  Fig. 

25  11)  for  addition  of  waveforms  is  cleared  in  step  C1, 
steps  C2  to  C9  for  eight  channels  are  sequentially 
executed.  At  the  end  of  each  channel  process,  the 
waveform  value  of  a  musical  tone  on  the  channel  is 
added  to  the  data  stored  in  this  RAM  area. 

30  Fig.  9  illustrates  the  flow  of  the  operation  of  the 
first  embodiment  along  the  time.  "A"  through  "F" 
are  parts  of  the  main  program  (Fig.  6),  and  an 
interruption  (Fig.  7)  is  executed  for  each  given 
time.  The  time  chart  of  the  operation  is  shown  in 

35  Fig.  10.  As  illustrated,  every  time  an  interrupt  oc- 
curs,  a  tone  waveform  signal  is  input  to  the  D/A 
converter  53  and  the  corresponding  analog  signal 
is  output  therefrom. 

Fig.  12  presents  a  detailed  illustration  of  one  of 
40  the  steps  C2-C9  in  Fig.  8  with  respect  to  one  of 

eight  channels.  The  channel  process  mainly  con- 
sists  of  an  envelope  process  (D1  to  D7)  and  a 
waveform  process  (D8  to  D21). 

Fig.  13  illustrates  an  envelope  produced  by  the 
45  envelope  process.  The  envelope  of  one  musical 

tone  consists  of  several  steps  (segments).  In  the 
diagram,  Ax  represents  an  updating  period  of  the 
envelope,  and  Ay  the  degree  of  change  in  the 
envelope  value.  The  envelope  process  (D1-D7)  for 

50  each  channel  performs  computation  of  updating  the 
envelope  for  each  updating  time  and  checks  if  the 
step  target  level  is  reached.  When  the  target  level 
is  reached,  the  target  value  is  set  in  the  present 
envelope  register  (see  Fig.  11)  and  this  event  is 

55  detected  in  the  tone  generation  process  A9  of  the 
main  program.  Then,  envelope  data  for  the  next 
step  (Ax,  Ay,  the  target  envelope  value)  is  set  in 
the  respective  registers. 

8 
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The  above  process  will  be  described  below 
more  specifically.  The  content  of  the  timer  register 
used  for  comparison  with  the  computed  period  Ax 
of  the  envelope  is  incremented  for  each  occurrence 
of  an  interruption  in  step  D1.  When  the  content  of 
the  timer  register  coincides  with  Ax  in  the  step  D2, 
the  adding/subtracting  flag  (code  bit)  of  the  data 
Ay,  a  change  in  the  envelope,  is  checked  to  see  if 
the  envelope  is  rising  or  falling  in  step  D3.  In  the 
subsequent  steps  D4  and  D5,  the  present  envelope 
is  subjected  to  subtraction  and  addition,  respec- 
tively.  In  step  D6,  it  is  determined  whether  or  not 
the  present  envelope  has  reached  the  target  value. 
If  the  decision  is  affirmative,  the  target  level  is  set 
to  the  present  envelope.  As  a  result,  data  of  the 
next  envelope  step  is  set  in  the  tone  generation 
process  A9  of  the  main  program.  If  the  read 
present  envelope  is  zero  in  the  process  A9,  it  is 
treated  as  the  end  of  tone  generation. 

As  should  be  obvious  from  the  foregoing  de- 
scription,  according  to  the  present  electronic  musi- 
cal  instrument,  the  microcomputer  31  can  always 
grasp  the  status  of  the  present  envelope.  In  other 
words,  in  the  embodiment,  an  envelope  is  gen- 
erated  in  the  program-controlled  envelope  pro- 
cesses  (D1-D7),  the  value  of  the  present  envelope 
is  checked  in  the  tone  generation  process  A9  also 
controlled  by  the  program,  and  a  process  accord- 
ing  to  the  checking  result  is  executed.  This  can 
eliminate  the  need  for  an  envelope  generator  which 
is  conventionally  hardware,  and  can  thus  overcome 
the  otherwise  accompanying  conventional  prob- 
lems.  The  reason  why  the  program-controlled  en- 
velope  process  is  executed  particularly  in  the  timer 
interrupt  program  will  be  discussed  below  referring 
to  Figs.  14  and  15. 

Fig.  14  illustrates  part  of  an  envelope  gen- 
erated  by  a  timer  interrupt.  Assuming  that  an  en- 
velope  process  is  carried  out  in  an  ordinary  sub- 
routine,  the  result  would  be  as  shown  in  Fig.  15.  If 
the  subroutine  for  computing  an  envelope  is  placed 
in  the  main  flow,  the  amount  of  work  to  be  done 
varies  and  the  time  between  subroutines  for  en- 
velope  computation  also  varies.  This  results  in  a 
change  in  time  for  measuring  Ax;  the  updating  of 
time  may  come  earlier  on  one  occasion  or  may 
come  late  on  another,  so  that  the  slope  of  the 
expected  envelope  cannot  be  accurately  realized.  If 
the  envelope  process  is  done  in  the  timer  interrupt 
process,  the  updating  period  Ax  can  be  kept  con- 
stant  due  to  the  periodic  occurrence  of  an  interrupt, 
and  the  expected  envelope  can  be  obtained  as 
shown  in  Fig.  14.  Further,  since  the  generated 
envelope  is  used  in  the  waveform  process  within 
the  same  interrupting  process,  waveform  genera- 
tion  can  be  effected  in  synchronism  with  changing 
the  envelope. 

The  waveform  processes  D8-D21  will  now  be 
described.  In  this  processing,  waveform  data  at  two 
adjacent  addresses  are  read  out  from  the  waveform 
ROM  47  using  the  integer  portion  of  the  present 

5  address,  and  the  waveform  value  expected  with 
respect  to  the  present  address  indicated  by  (in- 
teger  portion  +  decimal  point  portion)  is  attained 
through  interpolation.  The  reason  for  requiring  the 
interpolation  is  that  the  interrupt-initiated  waveform 

io  sampling  period  is  constant  and  the  value  of  added 
addresses  (pitch  data)  lies  in  a  certain  tone  range 
in  view  of  application  to  a  musical  instrument  (with 
a  musical  instrument  which  produces  only  notes,  if 
waveform  data  is  prepared  for  each  note,  no  inter- 

15  polation  is  necessary  with  an  unallowable  increase 
in  memory  capacity,  though).  Since  interpolation- 
originated  deterioration  and  distortion  of  a  timbre  is 
prominent  in  a  high  pitch  region,  the  original  sound 
is  normally  reproduced  in  a  frequency  higher  than 

20  the  record  sampling  frequency  of  the  original 
sound.  In  this  embodiment,  the  reproducing  fre- 
quency  of  an  original  sound  (A4)  is  doubled  (see 
Fig.  16).  With  the  value  of  the  added  addresses 
being  0.5,  therefore,  the  sound  of  A4  can  be  ob- 

25  tained.  In  this  case,  for  note  A4,  the  added  address 
value  becomes  0.529  and  for  note  A3  it  is  1  .  These 
added  address  values  are  stored  as  pitch  data  in 
the  ROM  47.  Upon  depression  of  a  key  in  the 
keyboard  32,  pitch  data  associated  with  this  key, 

30  and  the  waveform  start  address,  waveform  end 
address  and  waveform  loop  address  of  the  se- 
lected  timbre  are  set  in  the  respective  registers  of 
the  RAM  44,  namely,  added  address  register,  start 
address/present  address  register,  end  address  reg- 

35  ister  and  loop  address  register. 
Fig.  17  illustrates  one  example  of  interpolation 

waveform  data  with  respect  to  time.  In  the  diagram, 
white  marks  indicate  waveform  data  values  located 
at  addresses  of  the  waveform  ROM,  and  black 

40  marks  interpolation  values. 
Although  there  are  various  interpolating  sys- 

tems,  linear  interpolation  is  employed  in  this  em- 
bodiment.  A  detailed  description  of  the  waveform 
generation  processes  D8-D21  in  Fig.  12  will  be 

45  given  below.  First,  in  step  D8,  the  present  address 
is  added  with  the  added  address  value  to  provide  a 
new  present  address.  The  present  address  is  com- 
pared  with  the  end  address  in  step  D9.  If  the 
present  address  >  the  end  address,  the  physical 

50  (address)  or  logical  (operational)  next  address  is 
computed  through  steps  D10  and  D11.  If  the 
present  address  <  the  end  address,  the  next  ad- 
dress  is  computed  through  a  step  D12.  In  step 
D14,  the  waveform  ROM  is  accessed  using  the 

55  integer  portion  of  the  address  to  acquire  the  next 
waveform  data.  The  loop  address  is  the  address 
next  to  the  end  address  from  an  operational  point 
of  view.  In  the  case  of  Fig.  16,  the  illustrated 

9 
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waveform  data  is  read  out  repeatedly.  When  the 
present  address  =  end  address,  therefore,  the 
waveform  data  at  the  loop  address  as  the  next 
address  is  read  out  (D13).  In  steps  D15  and  D16, 
the  waveform  ROM  is  accessed  using  the  integer 
portion  of  the  present  address  to  read  out  the 
present  waveform  data.  In  step  D17,  the  present 
waveform  value  is  subtracted  from  the  next 
waveform  value,  and  the  difference  is  multiplied  by 
the  decimal  point  portion  of  the  present  address  in 
step  D18.  The  result  is  added  to  the  present 
waveform  value  in  step  D19  to  thereby  obtain  linear 
interpolation  value  of  the  waveform.  The  linearly- 
interpolated  data  is  multiplied  by  the  present  en- 
velope  value  to  obtain  a  tone  data  value  of  the 
channel  (D20),  and  the  obtained  value  is  added  to 
the  content  of  the  waveform  adding  register  to 
accumulate  tone  data  (D21). 

In  the  case  involving  the  channel  processing 
program  as  shown  in  Fig.  12,  data  in  the  ROM  47 
that  is  indirectly  accessed  is  referred  to  only  in 
steps  D14  (or  D13)  and  D16  of  the  entire  steps.  All 
the  remaining  steps  are  for  performing  arithmetic 
operations  on  the  exclusive  registers  on  the  RAM 
44  which  can  be  directly  addressed.  The  channel 
process  (tone  generation  process)  can  therefore  be 
executed  at  a  high  speed.  The  high-speed  process- 
ing  comes  from  the  structure  of  the  microcomputer. 
The  structural  features  include  the  design  to  permit 
direct  addressing  to  the  RAM  44,  many  registers 
constituting  the  RAM  44,  and  employment  of  exclu- 
sive  register  structure  in  the  RAM  44  for  exclu- 
sively  storing  various  tone  parameters  in  the  tone 
generation  process. 

With  regard  to  the  circuit  scale  and  the  opera- 
tion  time  of  the  specific  embodiment  (PCM  sound 
source  system  capable  of  producing  eight  poly- 
phonic  sounds),  the  control  ROM  has  a  size  of  112 
K  bits,  RAM  44  5.4  K  bits  and  the  control 
data/waveform  ROM  47  (for  100  timbres)  508  K 
bits;  one  machine  cycle  is  about  276  nanoseconds 
with  a  maximum  number  of  cycles  of  the  interrupt 
program  when  invoked  being  about  150;  and  the 
executing  period  of  the  interrupting  process  (tone 
output  sampling  period)  is  about  47  microseconds. 

As  described  above,  according  to  the  first  em- 
bodiment,  since  the  microcomputer  31  performs 
tone  generation  under  the  control  of  the  timer  inter- 
rupt  program,  sound  source  circuit  hardware  which 
is  essential  in  the  prior  art  is  not  necessary,  thus 
resulting  in  reduction  in  circuit  scale,  improvement 
of  the  yield,  reduction  in  manufacturing  cost  and 
high  design  freedom.  Further,  since  a  process  for 
computing  the  waveform  of  a  musical  tone  and  a 
process  for  computing  the  envelope  of  the  musical 
tone  are  executed  by  the  timer  interrupt  program 
which  is  invoked  by  an  interrupt  signal  that  is 
accurately  issued  from  the  interrupt  controller  50  at 

every  tone  sampling  time,  an  envelope  with  the 
desired  characteristic  can  accurately  be  generated. 
The  microcomputer  may  be  simply  replaced  with 
computer  means  or  processing  means  for  the  men- 

5  tioned  operations. 

Second  Embodiment 

In  the  first  embodiment  described  above,  a 
io  timer  interrupt  is  issued  to  output  a  tone  waveform 

sample  for  each  given  time  and  a  musical  tone  is 
generated  by  running  an  interrupt  program.  In  the 
second  embodiment,  however,  a  dummy  command 
(NOP  command)  is  set  in  a  program  to  execute  the 

is  process  in  place  of  the  interrupting  process  at  each 
constant  interval  of  time;  this  processing  will  be 
hereinafter  called  constant  time  process.  (See  Figs. 
18  to  21.)  Since  the  time  for  executing  each  com- 
mand  of  a  program  is  determined  by  a  master 

20  clock,  a  constant  time  processing  program  for  gen- 
erating  a  musical  tone  during  that  part  of  the  main 
program  which  corresponds  to  the  constant  time 
(see  Fig.  18)  is  inserted  as  a  subroutine. 

To  secure  a  constant  time,  all  the  branches  in 
25  the  main  program  and  the  constant  time  process- 

ing  program  in  the  subroutine  should  be  processed 
by  the  same  time. 

Assume  that  the  main  program  has  the  flow  as 
shown  in  Fig.  19  and  constant  time  process  is 

30  executed  at  the  beginning  and  end  of  the  flow.  For 
the  sake  of  simplicity  and  easy  understanding,  it  is 
assumed  that  branch  commands  need  two  units  of 
time  while  an  ordinary  command  one  unit  of  time. 
In  the  flow  shown  in  Fig.  19,  the  time  from  the  first 

35  branching  to  the  constant  time  process  requires 
two  units  of  time  when  the  route  a  is  taken,  five 
units  of  time  for  the  route  b,  six  units  of  time  for 
the  route  c  and  five  units  of  time  for  the  route  d; 
that  is,  the  time  varies  depending  on  which  route  to 

40  take.  If  four  dummy  commands  are  put  in  the  route 
a  and  one  dummy  command  is  put  in  the  routes  b 
and  d,  then,  the  units  of  time  required  for  taking 
each  route  becomes  six  as  shown  in  Fig.  20. 

If  processing  time  differs  depending  on 
45  branches  even  in  a  constant  time  process,  the  time 

required  to  jump  to  the  next  constant  time  process 
changes.  It  is  therefore  necessary  to  insert  a  dum- 
my  command  in  the  constant  time  process  in  order 
to  make  the  processing  time  required  for  all  the 

50  branching  routes  constant.  Fig.  21  illustrates  an 
example  of  the  above  case  where  a  dummy  com- 
mand  is  put  in  tone  generation  process  in  constant 
time  process. 

55  Third  Embodiment 

Referring  to  Fig.  10,  the  interval  T  in  which  an 
interrupt  signal  is  generated  is  very  stable.  This  is 

10 
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because  that  the  interrupt  signal  is  produced  by  a 
hardware  counter  in  an  interrupt  controller  50.  The 
stability  of  the  signal  generation  is  determined  by 
the  stability  of  a  clock  generator  (typically,  a  crystal 
oscillator)  though  not  illustrated.  According  to  the 
first  and  second  embodiments,  the  main  process  is 
interrupted  by  this  interrupt  signal  and  tone  genera- 
tion  process  (interrupting  process)  is  executed  dur- 
ing  the  interruption  so  as  to  keep  the  tone  genera- 
tion  sampling  period  constant.  Of  course,  this  tech- 
nical  approach  can  set  the  averaged,  tone  genera- 
tion  sampling  period  equal  to  the  interrupt  signal 
generation  interval  T.  Nevertheless,  the  timing  at 
which  the  interrupting  process  actually  starts  may 
vary  as  emphasized  in  Fig.  22.  This  variation  is 
originated  in  the  program-controlled  operation. 
More  specifically,  even  an  external  interrupt  is 
made  to  the  microcomputer  31  ,  the  microcomputer 
31  cannot  immediately  stop  the  presently-execut- 
ing  operation,  so  that  the  interrupting  process  starts 
upon  termination  of  that  operation.  If  the  microcom- 
puter  31  is  in  a  process  whose  interruption  is  not 
desirable,  the  interruption  is  held  until  a  sequence 
of  operations  for  this  process  is  completed.  Transi- 
tion  to  an  interrupting  process  depends  on  the 
process  which  is  being  performed  upon  occurrence 
of  an  interrupt,  so  that  the  tone  generation  period 
inevitably  becomes  unstable.  Specifically,  the  tim- 
ing  of  the  process  executed  in  step  B1  in  Fig.  7, 
i.e.,  fetching  digital  tone  data  from  the  waveform 
adding  register  in  the  RAM  44  and  setting  it  at  the 
input  port  of  the  D/A  converter  53,  is  shifted  for- 
ward  or  backward.  If  the  sampling  period  of  the  D/A 
converter  53  is  the  same  as  the  executing  interval 
of  the  step  B1,  a  significant  distortion  would  be 
caused  on  the  signal  during  D/A  conversion.  This 
shortcoming  is  solved  by  the  third  embodiment. 

The  sampling  period  of  tone  generation  by  the 
microcomputer  31  is  not  strictly  constant.  Fig.  23 
illustrates  the  structure  which  sets  the  sampling 
period  of  tone  generation  equal  to  the  conversion 
period  of  the  D/A  converter  53.  More  specifically,  a 
software-controlled  latch  55  is  provided  as  a  port  of 
the  D/A  converter  53,  and  this  latch  55  is  controlled 
by  a  program  control  signal  from  the  operation 
analyzer  48  to  supply  the  output  of  the  latch  55  to 
a  control  gate  of  an  associated  bit  switch  in  a  block 
53A  (not  illustrated;  typically,  a  current-controlled 
type  electronic  switch).  As  the  block  53A  actually 
converts  a  digital  signal  into  an  analog  signal,  it  will 
be  called  D/A  converter  hereinafter.  In  the  case  of 
Fig.  23,  the  waveform  adding  register  in  the  RAM 
44  is  specified  under  the  control  of  the  operation 
analyzer  48  while  the  step  B1  in  the  interrupt 
program,  and  newest  digital  tone  data  to  be  stored 
in  the  register  is  fetched  on  a  data  bus.  A  program 
control  signal  for  strobe  is  supplied  to  a  clock  input 
of  the  latch  55  from  the  operation  analyzer  48  at  a 

timing  where  the  digital  tone  data  is  on  the  data 
bus.  Then,  the  data  on  the  data  bus  is  set,  and  new 
digital  tone  data  is  input  to  the  D/A  converter  53A 
from  the  latch  55.  As  shown  in  Fig.  25A,  therefore, 

5  digital  tone  data  to  be  input  to  the  D/A  converter 
53A  is  switched  at  an  unstable  period  due  to  the 
program  control  involved.  If  the  conversion  period 
(sampling  period)  of  the  D/A  converter  53A  is  not 
significantly  stable,  large  distortion  occurs  in  the 

io  converted  signal  during  the  conversion.  For  in- 
stance,  with  the  machine  cycle  of  the  microcom- 
puter  31  being  several  tens  of  nanoseconds  or 
several  hundreds  of  nanoseconds,  even  a  delay  of 
one  machine  cycle  significantly  hinders  the  neces- 

15  sary  accuracy  of  the  conversion  period  for  convert- 
ing  a  digital  signal  of  an  audio-frequency  into  an 
analog  signal  with  high  fidelity.  In  other  words, 
even  deviation  of  the  order  of  nanoseconds  causes 
such  distortion  that  can  be  audibly  sensed  by  a 

20  person. 
This  problem  may  be  overcome  by  utilizing  the 

structure  as  shown  in  Fig.  24.  An  interrupt-con- 
trolled  latch  56,  which  is  controlled  by  an  interrupt 
signal  or  accurate  timing  signal  from  the  interrupt 

25  controller  50,  is  provided  between  the  software- 
controlled  latch  55  controllable  by  a  program  con- 
trol  signal  from  the  operation  analyzer  48  and  the 
D/A  converter  53A.  As  the  period  for  generating  an 
interrupt  signal  depends  on  the  stability  of  the 

30  clock  generator,  it  is  significantly  stable.  The  output 
of  the  latch  56  is  switched  in  synchronism  with  the 
timing  of  the  interrupt  signal.  That  is,  the  interrupt 
signal  generating  period  is  the  conversion  (sam- 
pling)  period  of  the  D/A  converter  53A.  Fig.  25B 

35  illustrates  a  time  chart  for  the  structure  shown  in 
Fig.  24.  As  illustrated,  although  the  timing  at  which 
the  output  of  the  latch  55  is  switched  varies  ac- 
cording  to  a  shift  of  the  timing  of  the  interrupt 
process,  the  latch  56  which  functions  by  the  inter- 

40  rupt  signal  permits  the  timing  for  switching  the 
input  data  of  the  D/A  converter  53A  to  be  synchro- 
nized  with  the  interrupt  signal.  Because  of  the 
presence  of  the  latch  56,  the  digital  tone  signal 
input  to  the  D/A  converter  53A  is  delayed  by  one 

45  period  of  the  interrupt  signal  on  the  average.  This 
delay,  however,  is  quite  insignificant.  For  instance, 
the  period  of  the  interrupt  signal  is  47  micro- 
seconds,  and  such  a  short  period  of  time  cannot  be 
audibly  sensed  by  people.  In  general,  the  order  of 

50  several  milliseconds  is  the  audible  limit  for  human 
beings. 

Although  the  present  invention  has  been  ex- 
plained  in  the  foregoing  description  with  reference 
to  some  particular  embodiments,  this  invention  is 

55  not  restricted  to  those  described  but  may  be  modi- 
fied  in  various  manners  within  the  scope  of  the 
claims. 

11 
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For  instance,  although  a  waveform  generating 
process  is  executed  by  a  microcomputer  in  the 
above-described  embodiments,  it  may  be  carried 
out  by  a  minicomputer.  The  present  invention  can 
be  worked  out  irrespective  of  the  size  of  a  com- 
puter  or  a  processing  system  involved,  as  long  as 
the  computer  or  processor  functions  under  software 
control. 

Claims 

1.  A  data  processing  apparatus  for  a  sound  signal 
generator,  comprising  computer  or  processor 
means  (31),  said  computer  or  processor 
means  comprising: 
program  storage  means  (41)  for  storing  a  pro- 
gram  for  generating  one  or  more  sound  sig- 
nals; 
address  control  means  (42,  49)  for  controlling 
an  address  of  said  program  storage  means; 
tone  data  storage  means  (47)  for  storing  tone 
data  necessary  for  the  generation  of  said 
sound  signals; 
arithmetic  operation  means  (45,  46)  for  com- 
puting  one  or  more  sound  signals  according  to 
the  tone  data  stored  in  said  tone  data  storage 
means;  and 
operation  control  means  (48)  for  decoding 
each  command  of  said  program  stored  in  said 
program  storage  means  and  controlling  opera- 
tion  of  said  address  control  means,  said  tone 
data  storage  means  and  said  arithmetic  opera- 
tion  means,  whereby  one  or  more  sound  sig- 
nals  can  be  generated  by  executing  said  pro- 
gram  in  said  program  storage  means; 
characterized  by  a  first  latch  means  (55)  for 
latching  said  one  or  more  sound  signals  gen- 
erated  by  said  computer  or  processor  means 
(31)  in  response  to  a  program  control  signal 
from  said  computer  or  processor  means  (31); 
a  second  latch  means  (56)  for  latching  an 
output  signal  of  said  first  latch  means  at  a 
timing  of  an  accurate  sampling  time  signal. 

2.  A  data  processing  apparatus  according  to 
claim  1  ,  wherein  said  tone  data  storage  means 
(47)  stores  pitch  data,  envelope  data,  and 
sound  waveform  data  of  a  PCM  type  as  said 
tone  data. 

3.  A  data  processing  apparatus  according  to 
claim  1  or  2,  wherein  said  computer  or  proces- 
sor  means  (31)  comprises  an  integrated  circuit 
chip  provided  with  a  digital-to-analog  converter 
for  converting  a  digital  sound  signal  into  an 
analog  signal  and  a  port  for  receiving  an  input 
of  said  sound  signal  generator. 

4.  A  data  processing  apparatus  according  to 
claim  1  ,  2  or  3,  wherein  said  arithmetic  opera- 
tion  means  (45,  46)  includes  a  multiplier  (46) 
for  computing  said  sound  signals. 

5 
5.  A  data  processing  apparatus  according  to  any 

of  the  preceding  claims,  wherein  said 
arithmetic  operation  means  (45,  46)  includes 
an  interpolation  means  for  interpolating  a 

io  waveform  value  expected  with  respect  to  an 
address  between  two  adjacent  addresses  of 
said  tone  data  storage  means  (47). 

6.  A  data  processing  apparatus  according  to 
is  claim  5,  wherein  arithmetic  operation  means 

(45,  46)  reads  the  sound  waveform  data  in  a 
frequency  higher  than  the  record  sampling  fre- 
quency  of  the  original  sound  from  the  tone 
data  storage  means. 

20 
7.  A  data  processing  apparatus  according  to  any 

of  the  preceding  claims,  wherein  said  input  of 
said  sound  signal  generator  includes  a  key 
input  designating  a  pitch  of  said  sound  signals 

25  to  be  generated,  an  input  from  a  console  panel 
of  said  sound  signal  generator,  an  input  of 
automatic  musical  performance  data  and  an 
input  for  operating  an  external  unit. 

30  8.  A  data  processing  apparatus  according  to  any 
of  the  preceding  claims  further  comprising  tim- 
er  interrupt  control  means  (50)  for  generating 
an  interrupt  signal  in  a  musical  tone  sampling 
period,  whereby  said  program  for  generating 

35  one  or  more  sound  signals  is  fetched  from  said 
program  storage  means  by  said  address  con- 
trol  means  which  receives  said  interrupt  signal 
from  said  timer  interrupt  control  means  and 
generation  of  said  sound  signals  is  effected  by 

40  executing  said  fetched  program. 

9.  A  data  processing  apparatus  according  to  any 
of  the  preceding  claims,  further  comprising 
arithmetic  operation  storage  means  (44)  com- 

45  prising  a  number  of  registers  directly  addres- 
sable  by  said  program  in  said  program  storage 
means, 
said  registers  including  those  which  are  used 
for  an  arithmetic  operation  in  executing  said 

50  program  for  generating  one  or  more  sound 
signals  and  exclusively  holding  said  tone  data; 
wherein 
said  arithmetic  operation  means  (45,  46)  ex- 
ecutes  arithmetic  operations  between  said  reg- 

55  isters  of  said  arithmetic  operation  storage 
means; 
said  tone  data  storage  means  is  addressable 
indirectly  through  said  registers  of  said 

12 
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arithmetic  operation  storage  means  by  said 
program  in  said  program  storage  means;  and 
said  operation  control  means  (48)  further  con- 
trols  operation  of  said  arithmetic  operation  stor- 
age  means,  said  registers  of  said  arithmetic 
operation  storage  means  (44)  being  used  for 
arithmetic  operation  and  store  exclusively  said 
tone  data  by  executing  said  programs  for  gen- 
erating  a  musical  tone. 

10.  A  data  processing  apparatus  according  to 
claim  8,  wherein  said  program  to  be  fetched 
and  executed  in  response  to  said  interrupt 
signal  includes  a  routine  for  computing  a  plu- 
rality  of  tone  signals  and  a  routine  for  comput- 
ing  a  plurality  of  envelopes  of  said  musical 
tone  signals,  and  generation  of  said  musical 
tone  signals  is  executed  substantially  in  syn- 
chronism  with  generation  of  said  envelopes  of 
said  musical  tone  signals,  whereby  said  plural- 
ity  of  sound  signals  are  generated  by  respec- 
tively  multiplying  said  plurality  of  musical  tone 
signals  with  said  plurality  of  envelopes. 

11.  An  electronic  musical  instrument  comprising: 
a  data  processing  apparatus  according  to  any 
of  the  preceding  claims  and  an  acoustical  tone 
generating  means  (35  to  38)  for  generating 
musical  tones  based  on  the  sound  signals  gen- 
erated  by  said  computer  or  processor  means. 

Patentanspruche 

1.  Datenverarbeitungseinrichtung  fur  einen  Ton- 
bzw.  Gerauschsignalgenerator,  mit  einer  Com- 
puter-  oder  Prozessoreinrichtung  (31),  wobei 
die  Computer-  oder  Prozessoreinrichtung  auf- 
weist: 

eine  Programmspeichereinrichtung  (41) 
zum  Speichern  eines  Programms  zur  Erzeu- 
gung  eines  oder  mehrerer  Gerausch-  bzw. 
Tonsignale; 

eine  AdreBsteuereinrichtung  (42,  49)  zum 
Steuern  einer  Adresse  der  Programmspeicher- 
einrichtung; 

eine  Tondatenspeichereinrichtung  (47) 
zum  Speichern  von  Tondaten,  die  fur  die  Er- 
zeugung  der  Gerausch-  bzw.  Tonsignale  erfor- 
derlich  sind; 

eine  arithmetische  Verarbeitungseinrich- 
tung  (45,  46)  zum  Berechnen  eines  oder  meh- 
rerer  Gerausch-  bzw.  Tonsignale  in  Abhangig- 
keit  von  den  Tondaten,  die  in  der  Tondaten- 
speichereinrichtung  gespeichert  sind;  und 

eine  Betriebssteuereinrichtung  (48)  zum 
Dekodieren  jedes  Befehls  des  in  der  Pro- 
grammspeichereinrichtung  gespeicherten  Pro- 
gramms  und  zum  Steuern  des  Betriebs  der 

AdreBsteuereinrichtung,  der  Tondatenspeicher- 
einrichtung  und  der  arithmetischen  Verarbei- 
tungseinrichtung, 

wodurch  ein  oder  mehrere  Gerausch-  bzw. 
5  Tonsignale  durch  Abarbeitung  des  Programms 

in  der  Programmspeichereinrichtung  erzeugt 
werden  konnen; 

gekennzeichnet  durch 
eine  erste  Zwischenspeichereinrichtung 

io  (55)  zum  Zwischenspeichern  eines  oder  meh- 
rerer,  durch  die  Computer-  oder  Prozessorein- 
richtung  (31)  erzeugter  Gerausch-  bzw.  Tonsi- 
gnale  als  Reaktion  auf  ein  Programmsteuersi- 
gnal  von  der  Computer-  oder  Prozessoreinrich- 

15  tung  (31); 
eine  zweite  Zwischenspeichereinrichtung 

(46)  zum  Zwischenspeichern  eines  Ausgangs- 
signals  der  ersten  Zwischenspeichereinrich- 
tung  mit  einer  Zeitgabe  eines  genauen  Abtast- 

20  zeitsignals. 

2.  Datenverarbeitungseinrichtung  nach  Anspruch 
1,  wobei  die  Tondatenspeichereinrichtung  (47) 
Tonhohendaten,  Hullkurvendaten  und  Ton- 

25  bzw.  Gerauschwellenformdaten  eines  PCM- 
Typs  als  die  Tondaten  speichert. 

3.  Datenverarbeitungseinrichtung  nach  Anspruch 
1  oder  2,  wobei  die  Computer-  oder  Prozessor- 

30  einrichtung  (31)  einen  integrierten  Schaltungs- 
chip  aufweist,  der  mit  einem  Digital/Analog- 
Wandler  zum  Umsetzen  eines  digitalen  Ge- 
rausch-  bzw.  Tonsignals  in  ein  analoges  Signal 
und  einem  AnschluB  zum  Empfangen  eines 

35  Eingangssignals  des  Gerausch-  bzw.  Tonsi- 
gnalgenerators  versehen  ist. 

4.  Datenverarbeitungseinrichtung  nach  Anspruch 
1  ,  2  oder  3,  wobei  die  arithmetische  Verarbei- 

40  tungseinrichtung  (45,  46)  einen  Multiplizierer 
(46)  zum  Berechnen  der  Gerausch-  bzw.  Ton- 
signale  aufweist. 

5.  Datenverarbeitungseinrichtung  nach  einem  der 
45  vorhergehenden  Anspruche,  wobei  die  arith- 

metische  Verarbeitungseinrichtung  (45,  46) 
eine  Interpolationseinrichtung  zum  Interpolieren 
eines  Wellenformwerts,  der  mit  Bezug  zu  einer 
Adresse  zwischen  zwei  benachbarten  Adres- 

50  sen  der  Tondatenspeichereinrichtung  (47)  er- 
wartet  wird. 

6.  Datenverarbeitungseinrichtung  nach  Anspruch 
5,  wobei  die  arithmetische  Verarbeitungsein- 

55  richtung  (45,  46)  die  Gerausch-  bzw.  Tonwel- 
lenformdaten  aus  der  Tondatenspeichereinrich- 
tung  mit  einer  Frequenz  liest,  die  hoher  ist  als 
die  Aufzeichnungsabtastfrequenz  des  ur- 

13 
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sprunglichen  Gerauschs  bzw.  Tons. 

7.  Datenverarbeitungseinrichtung  nach  einem  der 
vorhergehenden  Anspruche,  wobei  die  Eingabe 
bzw.  das  Eingangssignal  des  Gerausch-  bzw. 
Tonsignalgenerators  eine  Tasteneingabe  bzw. 
ein  Tasteneingabesignal,  die  bzw.  das  eine 
Tonhohe  der  zu  erzeugenden  Gerausch-  bzw. 
Tonsignale  bezeichnet,  eine  Eingabe  bzw.  ein 
Eingangssignal  von  einer  Konsolentafel  des 
Gerausch-  bzw.  Tonsignalgenerators,  eine  Ein- 
gabe  von  automatischen  musikalischen  Auffuh- 
rungs-  bzw.  Durchfuhrungsdaten  und  eine  Ein- 
gabe  bzw.  ein  Eingangssignal  zum  Betatigen 
einer  externen  Einheit  umfaBt. 

8.  Datenverarbeitungseinrichtung  nach  einem  der 
vorhergehenden  Anspruche,  die  weiterhin  eine 
Zeitgeberunterbrechungs-Steuereinrichtung 
(50)  zum  Erzeugen  eines  Unterbrechungssi- 
gnals  in  einer  Musikton-Abtastperiode  enthalt, 
wobei  das  Programm  zum  Erzeugen  eines 
oder  mehrerer  Gerausch-  bzw.  Tonsignale  aus 
der  Programmspeichereinrichtung  durch  die 
AdreBsteuereinrichtung  ausgelesen  wird,  die 
das  Unterbrechungssignal  von  der  Zeitgeber- 
unterbrechungs-Steuereinrichtung  empfangt, 
wobei  die  Erzeugung  der  Gerausch-  bzw.  Ton- 
signale  durch  Abarbeitung  des  ausgelesenen 
Programms  bewirkt  wird. 

9.  Datenverarbeitungseinrichtung  nach  einem  der 
vorhergehenden  Anspruche,  die  weiterhin  eine 
Rechenverarbeitungs-Speichereinrichtung  (44) 
mit  einer  Anzahl  von  Registern  aufweist,  die 
direkt  durch  das  Programm  in  der  Programm- 
speichereinrichtung  adressierbar  sind,  wobei 
die  Register  diejenigen  enthalten,  die  fur  eine 
arithmetische  Berechnung  bei  der  Abarbeitung 
des  Programms  zur  Erzeugung  eines  oder 
mehrerer  Gerausch-  bzw.  Tonsignale  einge- 
setzt  werden,  und  exklusiv  die  Tondaten  spei- 
chern; 

wobei 
die  arithmetische  Verarbeitungseinrichtung 

(45,  46)  arithmetische  Berechnungen  zwischen 
den  Registern  der  Rechenverarbeitungs-Spei- 
chereinrichtung  durchfuhrt; 

die  Tondatenspeichereinrichtung  indirekt 
uber  die  Register  der  Rechenverarbeitungs- 
Speichereinrichtung  durch  das  Programm  in 
der  Programmspeichereinrichtung  adressierbar 
ist;  und 

die  Betriebssteuereinrichtung  (48)  weiter- 
hin  den  Betrieb  der  Rechenverarbeitungs-Spei- 
chereinrichtung  steuert,  wobei  die  Register  der 
Rechenverarbeitungs-Speichereinrichtung  (44) 
fur  eine  arithmetische  Verarbeitung  eingesetzt 

werden  und  exklusiv  die  Tondaten  durch  Abar- 
beitung  der  Programme  zur  Erzeugung  eines 
Musiktons  speichern. 

5  10.  Datenverarbeitungseinrichtung  nach  Anspruch 
8,  wobei  das  Programm,  das  als  Reaktion  auf 
das  Unterbrechungssignal  auszulesen  und  ab- 
zuarbeiten  ist,  eine  Routine  zum  Berechnen 
einer  Mehrzahl  von  Tonsignalen  und  eine  Rou- 

io  tine  zum  Berechnen  einer  Mehrzahl  von  Hull- 
kurven  der  Musiktonsignale  enthalt,  und  wobei 
die  Erzeugung  der  Musiktonsignale  im  wesent- 
lichen  synchron  mit  der  Erzeugung  der  Hull- 
kurven  der  Musiktonsignale  ausgefuhrt  wird, 

is  wodurch  die  Mehrzahl  von  Gerausch-  bzw. 
Tonsignalen  durch  jeweiliges  Multiplizieren  der 
Mehrzahl  von  Musiktonsignalen  mit  der  Mehr- 
zahl  von  Hullkurven  erzeugt  wird. 

20  11.  Elektronisches  Musikinstrument  mit: 
einer  Datenverarbeitungseinrichtung  nach 

einem  der  vorhergehenden  Anspruche,  und  ei- 
ner  akustischen  Tongeneratoreinrichtung  (35 
bis  38)  zum  Erzeugen  von  Musiktonen  auf  der 

25  Grundlage  der  Gerausch-  bzw.  Tonsignale,  die 
durch  die  Computer-  oder  Prozessoreinrich- 
tung  erzeugt  werden. 

Revendicatlons 
30 

1.  Appareil  de  traitement  de  donnees  pour  un 
generateur  de  signal  sonore,  comprenant  un 
moyen  de  calculateur  ou  de  processeur  (31), 
ledit  moyen  de  calculateur  ou  de  processeur 

35  comprenant  : 
un  moyen  de  stockage  de  programme  (41) 

pour  stacker  un  programme  pour  generer  un 
ou  plusieurs  signaux  sonores  ; 

un  moyen  de  commande  d'adresse  (42, 
40  49)  pour  commander  une  adresse  dudit  moyen 

de  stockage  de  programme  ; 
un  moyen  de  stockage  de  donnees  de 

tonalite  (47)  pour  stacker  des  donnees  de  to- 
nalite  necessaires  a  la  generation  desdits  si- 

45  gnaux  sonores  ; 
un  moyen  d'operation  arithmetique  (45, 

46)  pour  calculer  un  ou  plusieurs  signaux  so- 
nores  conformement  aux  donnees  de  tonalite 
stockees  dans  ledit  moyen  de  stockage  de 

50  donnees  de  tonalite  ;  et 
un  moyen  de  commande  de  fonctionne- 

ment  (48)  pour  decoder  chaque  commande 
dudit  programme  stocke  dans  ledit  moyen  de 
stockage  de  programme  et  pour  commander  le 

55  fonctionnement  dudit  moyen  de  commande 
d'adresse,  dudit  moyen  de  stockage  de  don- 
nees  de  tonalite  et  dudit  moyen  d'operation 
arithmetique,  de  telle  sorte  qu'un  ou  plusieurs 

14 
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signaux  sonores  puissent  etre  generes  en  exe- 
cutant  ledit  programme  contenu  dans  ledit 
moyen  de  stockage  de  programme, 

caracterise  par  un  premier  moyen  de  ver- 
rouillage  (55)  pour  verrouiller  ledit  un  ou  lesdits 
plusieurs  signaux  sonores  generes  par  ledit 
moyen  de  calculateur  ou  de  processeur  (31) 
en  reponse  a  un  signal  de  commande  de 
programme  provenant  dudit  moyen  de  calcula- 
teur  ou  de  processeur  (31)  ; 

un  second  moyen  de  verrouillage  (56) 
pour  verrouiller  un  signal  de  sortie  dudit  pre- 
mier  moyen  de  verrouillage  selon  un  cadence- 
ment  d'un  signal  de  cadencement  d'echantil- 
lonnage  precis. 

2.  Appareil  de  traitement  de  donnees  selon  la 
revendication  1,  dans  lequel  ledit  moyen  de 
stockage  de  donnees  de  tonalite  (47)  stocke 
des  donnees  de  hauteur  de  son,  des  donnees 
d'enveloppe  et  des  donnees  de  forme  d'onde 
de  son  d'un  type  MIC  en  tant  que  dites  don- 
nees  de  tonalite. 

3.  Appareil  de  traitement  de  donnees  selon  la 
revendication  1  ou  2,  dans  lequel  ledit  moyen 
de  calculateur  ou  de  processeur  (31)  com- 
prend  une  puce  de  circuit  integre  munie  d'un 
convertisseur  numerique/analogique  pour 
convertir  un  signal  sonore  numerique  en  un 
signal  analogique  et  d'un  port  pour  recevoir 
une  entree  dudit  generateur  de  signal  sonore. 

4.  Appareil  de  traitement  de  donnees  selon  la 
revendication  1,  2  ou  3,  dans  lequel  ledit 
moyen  d'operation  arithmetique  (45,  46)  inclut 
un  multiplieur  (46)  pour  calculer  lesdits  signaux 
sonores. 

5.  Appareil  de  traitement  de  donnees  selon  I'une 
quelconque  des  revendications  precedentes, 
dans  lequel  ledit  moyen  d'operation  arithmeti- 
que  (45,  46)  inclut  un  moyen  d'interpolation 
pour  interpoler  une  valeur  de  forme  d'onde 
attendue  en  relation  avec  une  adresse  situee 
entre  deux  adresses  adjacentes  dudit  moyen 
de  stockage  de  donnees  de  tonalite  (47). 

6.  Appareil  de  traitement  de  donnees  selon  la 
revendication  5,  dans  lequel  ledit  moyen 
d'operation  arithmetique  (45,  46)  lit  les  don- 
nees  de  forme  d'onde  sonore  selon  une  fre- 
quence  superieure  a  la  frequence  d'echantil- 
lonnage  d'enregistrement  du  son  original  pro- 
venant  du  moyen  de  stockage  de  donnees  de 
tonalite. 

7.  Appareil  de  traitement  de  donnees  selon  I'une 
quelconque  des  revendications  precedentes, 
dans  lequel  ladite  entree  dudit  generateur  de 
signal  sonore  inclut  une  entree  par  touches 

5  designant  une  hauteur  de  son  desdits  signaux 
sonores  qui  doivent  etre  generes,  une  entree 
depuis  un  tableau  de  commande  dudit  genera- 
teur  de  signal  sonore,  une  entree  de  donnees 
de  morceau  de  musique  automatique  et  une 

io  entree  pour  activer  une  unite  externe. 

8.  Appareil  de  traitement  de  donnees  selon  I'une 
quelconque  des  revendications  precedentes, 
comprenant  en  outre  un  moyen  de  commande 

is  d'interruption  de  minuterie  (50)  pour  generer 
un  signal  d'interruption  pendant  une  periode 
d'echantillonnage  de  tonalite  musicale  et  ainsi, 
ledit  programme  permettant  de  generer  un  ou 
plusieurs  signaux  sonores  est  recherche  dans 

20  ledit  moyen  de  stockage  de  programme  par 
ledit  moyen  de  commande  d'adresse  qui  re- 
goit  ledit  signal  d'interruption  provenant  dudit 
moyen  de  commande  d'interruption  de  minute- 
rie  et  une  generation  desdits  signaux  sonores 

25  est  effectuee  en  executant  ledit  programme 
recherche. 

9.  Appareil  de  traitement  de  donnees  selon  I'une 
quelconque  des  revendications  precedentes, 

30  comprenant  en  outre  un  moyen  de  stockage 
d'operation  arithmetique  (44)  comprenant  un 
certain  nombre  de  registres  directement  adres- 
sables  par  ledit  programme  contenu  dans  ledit 
moyen  de  stockage  de  programme,  lesdits  re- 

35  gistres  incluant  ceux  qui  sont  utilises  pour  une 
operation  arithmetique  lors  de  I'execution  dudit 
programme  pour  la  generation  d'un  ou  de  plu- 
sieurs  signaux  sonores  et  bloquant  exclusive- 
ment  lesdites  donnees  de  tonalite, 

40  dans  lequel  : 
ledit  moyen  d'operation  arithmetique  (45, 

46)  execute  des  operations  arithmetiques  entre 
lesdits  registres  dudit  moyen  de  stockage 
d'operation  arithmetique  ; 

45  ledit  moyen  de  stockage  de  donnees  de 
tonalite  est  adressable  indirectement  par  I'in- 
termediaire  desdits  registres  dudit  moyen  de 
stockage  d'operation  arithmetique  par  ledit 
programme  contenu  dans  ledit  moyen  de  stoc- 

50  kage  de  programme  ;  et 
ledit  moyen  de  commande  d'operation 

(48)  commande  en  outre  le  fonctionnement 
dudit  moyen  de  stockage  d'operation  arithmeti- 
que,  lesdits  registres  dudit  moyen  de  stockage 

55  d'operation  arithmetique  (44)  etant  utilises  pour 
une  operation  arithmetique  et  pour  stacker  ex- 
clusivement  lesdites  donnees  de  tonalite  en 
executant  lesdits  programmes  de  generation 

15 
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d'une  tonalite  musicale. 

0.  Appareil  de  traitement  de  donnees  selon  la 
revendication  8,  dans  lequel  ledit  programme 
qui  doit  etre  recherche  et  execute  en  reponse  5 
audit  signal  d'interruption  inclut  un  sous-pro- 
gramme  permettant  de  calculer  une  pluralite 
de  signaux  de  tonalite  et  un  sous-programme 
permettant  de  calculer  une  pluralite  d'envelop- 
pes  desdits  signaux  de  tonalite  musicale,  et  10 
une  generation  desdits  signaux  de  tonalite  mu- 
sicale  est  executee  sensiblement  en  synchro- 
nisation  avec  la  generation  desdites  envelop- 
pes  desdits  signaux  de  tonalite  musicale  et 
ainsi,  ladite  pluralite  de  signaux  sonores  sont  is 
generes  en  multipliant  respectivement  ladite 
pluralite  de  signaux  de  tonalite  musicale  par 
ladite  pluralite  d'enveloppes. 

1.  Instrument  musical  electronique  comprenant  :  20 
un  appareil  de  traitement  de  donnees  se- 

lon  I'une  quelconque  des  revendications  prece- 
dentes  et  un  moyen  de  generation  de  tonalite 
acoustique  (35  a  38)  pour  generer  des  tonali- 
tes  musicales  sur  la  base  des  signaux  sonores  25 
generes  par  ledit  moyen  de  calculateur  ou  de 
processeur. 

16 
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