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Description 

BACKGROUND  OF  THE  INVENTION 

The  present  invention  generally  relates  to  re- 
cording  and  reproducing  of  a  PCM  audio  signal, 
and  more  particularly  to  an  apparatus  for  recording 
and  reproducing  a  coded  audio  signal  together  with 
a  video  signal  or  singly  to  and  from  a  magnetic 
tape  by  a  rotary  magnetic  head  type  scanner,  and 
still  more  particularly  to  an  apparatus  for  recording 
and  reproducing  a  PCM  audio  signal  which  are 
suitable  when  a  sampling  frequency  for  the  PCM 
audio  signal  and  a  rotation  frequency  of  the  scan- 
ner  are  asynchronous. 

The  recording  and  reproducing  of  the  PCM 
audio  signal  have  been  adopted  in  order  to  im- 
prove  the  quality  of  the  audio  signal  accompanied 
with  a  video. 

For  example,  an  8  mm  video  recorder  adopts 
an  audio  PCM  system.  A  sampling  frequency  of 
the  audio  PCM  signal  is  two  times  as  high  as  a 
repetition  frequency  of  a  horizontal  synchronization 
signal.  It  is  different  from  an  internationally  com- 
mon  sampling  frequency  (32  kHz,  44.1  kHz  or  48 
kHz).  For  example,  a  sampling  frequency  of  an 
audio  PCM  signal  in  a  satellite  broadcast  is  32  kHz 
or  48  kHz. 

On  the  other  hand,  in  a  MUSE  system  which  is 
one  of  transmission  systems  for  a  high  grade  tele- 
vision  system,  the  sampling  frequency  of  the  audio 
PCM  signal  is  32  kHz  or  48  kHz.  Thus,  if  data 
sampled  at  the  above  sampling  frequency  are  to 
be  recorded  field  by  field,  the  number  of  data  per 
field  includes  a  fraction.  In  order  to  resolve  this 
problem,  a  packet  transmission  system  having  a 
leap  field  to  absorb  the  excess  has  been  adopted 
as  disclosed  in  NHK  Technical  Journal  27-7,  page 
282. 

In  a  video  disk,  the  PCM  audio  signal  is  re- 
corded  at  the  sampling  frequency  of  44.1  kHz  with 
the  same  format  as  that  of  a  compact  disk. 

However,  when  the  PCM  signal  is  to  be  re- 
corded  by  an  apparatus  such  as  a  video  tape 
recorder  which  records  or  transmits  the  signal  dis- 
continuous^  in  time,  a  following  problems  arise. 
First,  when  a  field  frequency  of  a  video  signal  is 
not  an  integer  multiple  of  the  sampling  frequency 
of  the  audio  signal,  the  problem  described  above  is 
encountered  in  coding.  While  a  solution  such  as 
MUSE  system  described  above  has  been  pro- 
posed,  there  must  be  a  synchronous  relationship 
between  the  field  frequency  fv  of  the  video  signal 
or  a  rotation  frequency  fD  of  a  head  scanner  which 
rotates  synchronously  with  the  field  frequency,  and 
the  sampling  frequency  fs  of  the  video  signal.  This 
imposes  a  limitation  to  a  system  application  range. 

As  an  apparatus  for  PCM  recording  and  re- 

producing  only  the  audio  signal  by  a  rotary  head 
type  VTR,  a  consumer  PCM  encoder/decoder 
(registered  in  September  1983)  of  the  Japanese 
Electronic  Industries  Association  Technical  Stan- 

5  dard  CPZ-105  has  been  known.  A  recording  and 
reproducing  apparatus  in  accordance  with  the 
above  Technical  Standard  is  disclosed  in  an  article 
"Digital  Audio/Video  Combination  Recorder  Using 
Custom  Made  LSI's,  IC's"  presented  at  the  69th 

10  Convention,  1981  May  12  -  15,  Los  Angles  AES 
1791  (B-6),  particularly  Figs.  1  and  14.  In  this 
article,  in  the  NTSC  system,  the  field  frequency  fv 
and  the  sampling  frequency  fs  are  divided  from  the 
same  master  clock  and  they  have  a  relationship  of 

75  fs  =  735  fv.  Accordingly,  the  number  of  samples 
per  field  is  constant  at  735. 

Fig.  1  of  the  above  article  shows  a  block  dia- 
gram  of  a  configuration  of  an  apparatus  for  record- 
ing  and  reprodicing  sampled  PCM  signals.  An  ad- 

20  dress  of  a  RAM  which  serves  as  an  interleaving 
memory  is  controlled  by  an  address  control  circuit. 

However,  when  the  PCM  audio  signal  is  to  be 
recorded  together  with  a  video  signal  by  a  rotary 
head  helical  scan  type  VTR,  and  if  the  video  signal 

25  is  of  525  lines/60  fields  Television  system,  the  field 
frequency  (fv  =  59.94  Hz)  is  not  an  integer  multiple 
of  the  sampling  frequency  (fs  =  32  kHz,  48  kHz), 
and  the  number  of  blocks  per  field  includes  a 
fraction. 

30  As  a  result,  a  block  set  which  is  an  aggregation 
of  a  predetermined  number  of  blocks  for  process- 
ing  the  signal  such  as  interleaving  and  deinter- 
leaving  is  separated  between  the  fields,  inconve- 
niently. 

35  A  rotary  head  type  digital  audio  type  recorder 
(R-DAT)  for  recording  only  the  audio  signal  has 
been  known  and  a  portion  of  its  specification  has 
been  published  by  "Technical  Standard  of  Rotary 
Head  System  (R-DAT)",  Dempa  Shimbun,  October 

40  7,  19985,  page  48. 
In  each  of  the  above  cases,  it  is  assumed  that 

the  field  frequency  fv  and  the  sampling  frequency  fs 
have  a  certain  relationship  and  there  is  no  discus- 
sion  for  a  case  where  fv  and  fs  are  not  correlated. 

45  In  the  prior  art  techniques  described  above,  the 
sampling  frequency  of  the  video  signal  is  not  the 
internationally  common  sampling  frequency,  the 
number  of  quantized  bits  is  small,  and  the  sam- 
pling  frequency  of  the  audio  signal  and  the  field 

50  frequency  have  a  synchronized  relationship.  Thus, 
when  a  video  signal  form  a  camera  and  a  digital 
signal  form  a  compact  disk  are  to  be  recorded 
together,  it  is  very  difficult  to  simultaneously  record 
them  because  the  sampling  frequencies  are  dif- 

55  ferent  and  there  is  no  synchronous  relationship 
between  the  sampling  frequency  and  the  field  fre- 
quency. 

A  solution  to  the  above  problem  has  been 
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proposed  in  British  Patent  Application  No.  423452 
field  on  September  17,  1984  (J  P-A-6  1-73207). 
Since  it  has  not  been  published  before  the  present 
invention,  it  is  not  cited  herein  as  prior  art. 

The  non-prepublished  document  EP-A-0  178 
075  discloses  a  method  of  recording  digital  audio 
signals  in  association  with  digital  video  signals. 
Incoming  audio  data  words  which  correspond  to 
successive  samples  of  an  audio  signal  are  assem- 
bled  in  two  groups  nominally  of  N  audio  data  words 
where  N  is  the  number  of  audio  samples  cor- 
responding  to  the  digital  video  signal  to  be  re- 
corded  in  one  oblique,  allowing  the  number  of 
audio  data  words  in  each  group  to  vary  preferably 
over  the  range  N-1  to  N  +  1  to  maintain  synchro- 
nism  of  the  audio  signal  with  the  rotational  fre- 
quency  of  the  rotary  head.  The  audio  data  words 
are  coded  in  two  error-correcting  blocks  for  record- 
ing  by  the  rotary  head,  and  with  each  error-correct- 
ing  block  a  status  code  for  use  on  reproduction  is 
associated.  The  status  code  indicates  whether  the 
number  of  audio  data  words  in  the  corresponding 
group  is  N-1  ,  N  or  N  +  1  .  Since  the  method  detects 
and  controls  the  number  of  data  in  one  oblique 
track,  different  processing  circuits  are  needed  de- 
pending  on  different  rotational  frequencies. 

The  Article  "editing  digital  audio  signals  in  a 
digital  audio/video  system"  by  R.  J.  Youngquist, 
published  in  the  SMPCE  Journal  of  December 
1982,  pages  1185-1160,  relates  to  digital 
recording/reproducing.  It  mentions  that  if  the  digital 
audio  signal  is  also  going  to  be  tied  to  television 
and  other  systems,  there  must  be  a  relationship 
between  the  sampling  rate  and  those  systems. 
However,  it  doesn't  disclose  a  circuit  configuration 
nor  a  method  to  solve  the  present  problem. 

Summary  of  the  invention 

It  is  an  object  of  the  present  invention  to  pro- 
vide  a  video  tape  recorder  and  digital/audio  signal 
processing  method  and  apparatus  which  can 
record  and  reproduce  a  digital  audio  signal  of  an 
internationally  common  sampling  frequency  under 
a  video  field  frequency  which  is  not  synchronous 
with  the  sampling  frequency. 

The  above  object  is  achieved  by  controlling  the 
number  of  samples  (number  of  data)  recorded  in 
each  field  in  accordance  with  a  ratio  of  the  field 
frequency  and  the  audio  signal  sampling  frequen- 
cy.  The  control  is  done  by  increasing  or  decreasing 
the  number  of  data  in  each  data  frame  which  is  a 
basic  unit  for  data  processing,  in  accordance  with 
the  detected  ratio. 

In  accordance  with  one  feature  of  the  present 
invention,  an  input  sampling  signal  is  temporarily 
stored  in  a  memory  in  a  recorder  unit,  it  is  encoded 
in  a  predetermined  manner  and  interleaved,  and 

then  sequentially  read  from  the  memory  to  form  a 
signal  to  be  recorded  on  a  tape.  A  write  frequency 
to  the  memory  depends  on  the  input  sampling 
signal  frequency  and  a  readout  frequency  depends 

5  on  the  video  signal  field  frequency. 
Thus,  the  number  of  data  written  into  the  mem- 

ory  depends  on  the  sampling  signal  frequency  and 
the  video  signal  field  frequency.  For  example,  if  the 
input  sampling  signal  period  is  shortened,  the  num- 

io  ber  of  data  increases,  and  if  the  period  is  length- 
ened,  the  number  of  data  decreases.  On  the  other 
hand,  if  the  field  period  is  shortened,  the  number  of 
data  decreases,  and  if  the  field  period  is  length- 
ened,  the  number  of  data  increases.  Accordingly, 

is  by  adjusting  the  number  of  sampled  signals  in 
each  field  in  accordance  with  a  difference  between 
an  input  data  address  and  an  output  data  address 
of  the  memory,  that  is,  increasing  the  number  of 
data  as  the  address  difference  increases,  different 

20  input  sampling  signal  periods  can  be  rendered  to 
comply  with  the  field  signal  period. 

The  object  of  the  present  invention  is  reached 
with  an  apparatus  as  defined  in  the  claims. 

25  BRIEF  DESCRIPTION  OF  THE  DRAWINGS 

Fig.  1  is  a  block  diagram  of  a  configuration  of 
one  embodiment  of  a  PCM  signal  recording  and 
reproducing  apparatus  of  the  present  invention, 

30  Fig.  2  is  a  block  diagram  of  a  configuration  of  a 
memory  address  circuit  in  the  apparatus  of  Fig. 
1, 
Fig.  3  shows  a  pattern  recorded  on  a  magnetic 
tape, 

35  Figs.  4  -  7  show  one-field  data  formats, 
Figs.  8A,  8B  and  9  show  recorded  data  formats 
in  the  embodiment  of  the  present  invention, 
Fig.  10  shows  a  signal  format  in  an  embodiment 
of  a  rotary  head  type  digital  audio  tape  recorder 

40  of  the  present  invention, 
Fig.  11  shows  a  recording  unit  and  a  data  pro- 
cessing  timing  thereof, 
Figs.  12A  and  12B  show  one-field  formats, 
Fig.  13  shows  an  audio  signal  specification, 

45  Fig.  14  shows  a  mode  1  interleave  format, 
Fig.  15  shows  a  mode  2  interleave  format, 
Fig.  16  shows  a  mode  3  interleave  format, 
Fig.  17  shows  a  mode  4  interleave  format, 
Fig.  18  shows  a  data  format  with  a  C2  parity 

50  being  at  the  center, 
Fig.  19  shows  a  data  format  with  C2  parities 
being  at  the  opposite  ends, 
Fig.  20  shows  a  data  format  with  a  C2  parity 
being  at  the  beginning, 

55  Fig.  21  shows  a  data  format  with  a  C2  parity 
being  at  the  end, 
Fig.  22  shows  a  data  format  with  C2  parities 
being  at  the  beginnings  of  an  odd-numbered 
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field  and  an  even-numbered  field  of  an  audio 
data, 
Fig.  23  shows  a  block  diagram  of  a  configuration 
of  a  portion  of  another  embodiment  of  the  PCM 
audio  signal  recording  and  reproducing  appara- 
tus  of  the  present  invention, 
Fig.  24  shows  a  block  format, 
Fig.  25  shows  a  format  of  data  block  address 
signal  and  identification  signal  Wi  of  Fig.  24, 
Fig.  26  shows  a  format  of  interleave  address 
signal  W2  of  Fig.  24, 
Fig.  27  shows  other  examples  of  formats  of  Wi 
and  W2  of  Fig.  24, 
Fig.  28  shows  another  format  of  Wi  of  Fig.  24, 
and 
Fig.  29  shows  a  block  diagram  of  a  control 
signal  processing  circuit. 

DESCRIPTION  OF  THE  PREFERRED  EMBODI- 
MENTS 

One  embodiment  of  the  present  invention  is 
now  explained  with  reference  to  Fig.  1. 

Fig.  1  shows  a  configuration  of  a  rotary  head 
type  PCM  signal  recording  and  reproducing  ap- 
paratus. 

In  a  recording  mode,  two  channels  (L,  R)  of 
analog  signals  are  applied  to  input  terminals  1  (1a, 
1b).  The  input  signals  are  amplified  to  a  predeter- 
mined  level  by  amplifiers  2  (2a,  2b),  band-limited 
by  filters  3  (3a,  3b)  and  sampled  by  sample-hold 
circuits  4  (4a,  4b).  The  sampled  input  signals  are 
sequentially  supplied  by  a  multiplexor  5  to  an  A/D 
converter  6  where  they  are  converted  to  PCM 
signals.  The  PCM  signals  converted  by  the  A/D 
converter  6  are  written  into  a  RAM  15  through  a 
bus  line  14.  An  address  of  the  RAM  15  is  con- 
trolled  by  address  generators  17  -  19  and  an 
address  switching  circuit  16  so  that  the  PCM  sig- 
nals  are  arranged  in  a  predetermined  format  and 
an  error  correction  code  is  generated  and  added. 
The  error  correction  code  is  generated  and  added 
by  an  error  correction  circuit  20.  After  the  arrange- 
ment  of  the  PCM  signals  and  the  addition  of  the 
error  correction  code,  the  data  are  sequentially 
read  from  the  RAM  15.  A  read  address  generator 
19  is  controlled  to  assure  that  the  number  of  audio 
signal  samples  in  one  field  counted  by  a  field 
sample  counter  53  is  equal  to  the  number  of  sam- 
ples  preset  in  a  field  sample  count  setter  52  based 
on  a  difference  between  a  write  address  and  a  read 
address  extracted  by  an  address  difference  extract 
circuit  50  and  detected  by  a  difference  detect 
circuit  51.  The  signals  read  from  the  RAM  15  are 
converted  to  a  serial  signal  by  a  parallel-serial 
converter  23.  If  the  number  of  audio  signals  in  one 
field  is  small,  a  signal  other  than  the  audio  signal 
and  control  signals  such  as  a  code  for  indicating 

the  audio-signal  or  non-audio  signal  and  a  synchro- 
nization  signal  are  added  by  a  control  signal  gener- 
ator  24  and  a  switching  circuit  25,  and  the  data  is 
modulated  by  a  modulator  36.  The  modulated  data 

5  is  amplified  to  a  predetermined  level  by  a  record- 
ing  amplifier  26  and  it  is  recorded  on  a  surface  or  a 
deep  layer  of  a  magnetic  tape  33  by  an  audio 
rotary  head  31.  A  switching  circuit  30  switches 
between  the  recording  mode  and  the  reproducing 

io  mode.  A  timing  signal  generator  21  generates  tim- 
ing  signals  to  control  an  overall  system  by  clocks 
generated  by  an  oscillator  22. 

In  the  reproducing  mode,  the  switching  circuit 
30  selects  the  reproducing  mode  and  the  signal 

is  reproduced  by  the  audio  rotary  head  31  is  am- 
plified  to  a  predetermined  level  by  a  reproducing 
amplifier  29  and  the  output  thereof  is  equalized  by 
a  waveform  equalizer  37.  The  equalized  signal  is 
demodulated  by  a  demodulator  38  into  a  digital 

20  signal.  The  demodulated  digital  signal  is  detected 
for  synchronization  signal  by  a  synchronization  de- 
tector  28  and  converted  to  parallel  signals  by  a 
serial-parallel  converter  27.  The  detected  synchro- 
nization  signal  is  used  as  a  reference  for  data 

25  reproduction.  The  parallel  converted  data  are 
checked  for  audio  signals  or  non-audio  signals  by  a 
signal  discriminator  44  and  only  the  audio  signals 
are  stored  in  the  RAM  15  or  the  audio  signals  and 
the  non-audio  signals  are  stored  in  the  RAM  15, 

30  and  the  data  are  rearranged  and  error  detection 
and  correction  are  done  by  the  error  correction 
circuit  20.  The  data  are  then  supplied  to  a  D/A 
converter  12  through  the  bus  line  14  where  they 
are  sequentially  converted  to  analog  signals,  which 

35  are  resampled  for  each  channel  by  sample-hold 
circuits  11  (11a,  11b).  The  resampled  analog  sig- 
nals  of  the  respective  channels  are  outputted  from 
output  terminals  8  (8a,  8b)  through  filters  10  (10a, 
10b)  and  amplifiers  9  (9a,  9b). 

40  In  the  recording  mode,  a  video  signal  is  ap- 
plied  to  an  input  terminal  40,  converted  to  a  pre- 
determined  signal  by  a  video  circuit  42,  and  it  is 
recorded  on  the  tape  33  by  a  video  rotary  head  43. 
In  the  reproducing  mode,  the  signal  reproduced  by 

45  the  video  rotary  head  43  is  converted  to  a  pre- 
determined  signal  by  the  video  circuit  42  and  it  is 
outputted  from  an  output  terminal  41  . 

A  specific  configuration  of  the  present  embodi- 
ment  is  explained  with  reference  to  Fig.  2.  Fig.  2 

50  shows  a  circuit  configuration  of  RAM  write  and  read 
address  circuits  in  the  recording  mode.  A  write 
address  circuit  17  comprises  a  counter  17-1.  A 
read  address  circuit  19  comprises  a  counter  19-1 
which  divides  a  master  clock  by  eight,  a  counter 

55  19-2  which  divides  the  1/8  frequency-divided  out- 
put  by  32  and  a  counter  19-3  which  divides  the 
1/32  frequency-divided  output  by  160  for  a  VTR  of 
525  lines/60  field  (NTSC)  and  by  192  for  a  VTR  of 
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625  lines/50  field  (PAL). 
A  latch  50-1  of  the  address  difference  extract 

circuit  50  latches  the  output  of  the  write  address 
circuit  17  and  the  output  of  the  read  address  circuit 
19  at  a  transition  point  of  a  head  switching  signal 
45  extracted  by  an  exclusive  OR  gate  21-3.  The 
latched  output  is  supplied  to  a  subtractor  50-2.  A 
difference  between  the  read  address  and  the  write 
address  together  with  an  output  of  a  discrimination 
circuit  51-1  are  supplied  to  a  comparator  51-2 
which  compares  it  with  the  output  of  the  discrimi- 
nation  circuit  51-1.  The  field  sample  counter  52 
controls  a  selector  52-3  which  selects  a  counter 
predetermined  sample  number  per  field  deciding 
value  52-1  or  52-2,  in  accordance  with  the  output  of 
the  comparator  51-2  to  set  the  field  sample  count. 
Namely,  the  decoder  53-1  is  set  such  that  if  the 
output  of  the  subtractor  50-2  is  larger  than  the 
output  of  the  discrimination  circuit  51-1,  the  num- 
ber  of  audio  data  is  increased,  and  if  the  output  of 
the  subtractor  50-2  is  smaller  than  the  output  of  the 
discrimination  circuit  51-1,  the  number  of  audio 
data  is  reduced.  If  the  output  of  the  counter  53-2  is 
equal  to  the  decoded  value  selected  by  the  selec- 
tor  52-3,  the  field  sample  counter  53  records  "0" 
for  the  audio  signal  and  "1  "  for  the  non-audio 
signal  in  the  control  code  area  by  a  signal  54  which 
controls  the  control  signal  circuit  24. 

Fig.  3  shows  a  recorded  pattern  on  a  magnetic 
tape.  A  +  azimuth  track  34  and  a  -  azimuth  track 
35  are  alternately  recorded  on  the  magnetic  tape 
33.  A  video  signal  and  an  audio  signal  are  recorded 
in  a  surface  layer  or  separately  in  the  surface  layer 
and  a  deep  layer  on  each  track.  Alternatively,  only 
the  audio  signal  is  recorded  in  the  surface  layer  or 
the  surface  layer  and  the  deep  layer. 

A  data  arrangement  when  a  VTR  is  used  as  a 
rotary  head  type  PCM  signal  recording  and  re- 
producing  apparatus  is  explained  below. 

When  an  audio  signal  having  a  sampling  fre- 
quency  of  48  kHz  and  quantizing  bits  of  16  is  to  be 
recorded,  each  field  comprises  800.8  samples  be- 
cause  a  cylinder  rotation  speed  of  the  VTR  is 
approximately  1798.2  rpm.  Accordingly,  it  is  neces- 
sary  that  the  number  of  samples  in  one  field  period 
be  800,  801  or  other  number  so  that  the  numbers 
of  data  are  equal  among  a  plurality  of  fields. 

Let  us  consider  a  one-field  data  format  which 
substantially  complies  with  a  format  of  a  rotary 
head  digital  audio  tape  recorder  (R-DAT).  In  Fig.  4, 
a  2-channel  one-word  16-bit  PCM  signal  is  divided 
into  8-bit  symbols,  and  each  block  is  generated 
which  comprises  28  data  or  parity  symbols,  and  4 
symbols  for  a  synchronization  signal,  an  ID  code 
including  a  control  signal  indicating  the  type  of 
data,  a  block  addresses  B  and  a  parity  P'  for  error 
detection.  For  example,  160  blocks  for  the  525/60 
(NTSC)  system  or  190  blocks  for  the  625/50  (PAL) 

system  are  recorded  on  each  track.  An  error  cor- 
rection  code  is  added  and  the  data  is  distributed  so 
that  an  error  can  be  corrected  for  a  large  burst 
error.  As  an  example  of  distribution,  even-num- 

5  bered  data  are  recorded  in  a  front  half  of  the  track 
and  odd-numbered  data  are  recorded  in  a  rear  half 
of  the  track. 

One  block  includes  28  symbols  of  digital  audio 
data  or  14  words.  Accordingly,  in  order  to  record 

io  800.8  words  x  2  per  field  of  the  L  and  R  channels, 
that  is,  3203.2  symbols  of  data,  it  is  necessary  to 
record  at  least  114  blocks  or  115  blocks  in  one 
field. 

Fig.  4  shows  a  data  format  per  field  which  is 
is  based  on  the  above  consideration.  In  Fig.  4,  each 

field  consists  of  144  blocks.  For  a  sake  of  conve- 
nience  of  explanation,  the  blocks  are  numbered  by 
0  to  143  in  the  order  of  recording  on  the  record 
medium.  Digital  audio  data  are  recorded  on  the  first 

20  to  60th  blocks,  a  parity  signal  of  an  error  correction 
code  is  included  in  the  following  24  blocks,  that  is, 
the  61st  to  84th  blocks,  and  digital  audio  data  are 
again  recorded  on  the  85th  to  144th  blocks.  A 
block  address  signal  in  each  block  indicates  the 

25  order  of  the  block  in  a  total  of  144  blocks  which 
constitute  one  field.  Of  the  symbols  which  con- 
stitute  one  block,  the  32  symbols  excluding  the  first 
4  symbols,  that  is,  the  synchronization  signal  S,  the 
ID  code  I,  the  block  address  signal  B  and  the  parity 

30  code  P'  are  stored  in  the  interleave/deinterleave 
memory  in  the  system  as  shown  in  Fig.  4  in  the 
recording  mode  and  the  reproducing  mode.  They 
are  sent  to  the  record  medium  starting  from  the 
first  block  or  reproduced  from  the  record  medium. 

35  The  digital  data  Q  recorded  from  the  61st  block 
to  the  84th  block  is  generated  in  the  following 
manner.  The  Q  is  a  parity  code  for  detecting  and 
correcting  errors,  in  the  reproducing  mode,  of  the 
digital  audio  data  recorded  on  the  other  blocks.  It 

40  may  be  generated  by  using  (36,  30,  7)  Reed- 
Solomon  (RS)  code.  Fig.  4  illustrates  the  genera- 
tion  of  the  parity  code.  In  Fig.  4,  the  144  blocks 
which  constitute  one  field  are  sequentially  sec- 
tioned  into  A,  B,  C  and  D  starting  from  the  first 

45  block.  The  first  60  digital  audio  data  blocks,  the 
intermediate  24  parity  signal  blocks  and  the  last  60 
digital  audio  data  blocks  are  multiples  of  four.  The 
number  of  blocks  belonging  to  A  is  144/4  =  36 
blocks,  of  which  30  blocks  have  the  digital  audio 

50  data  recorded  thereon  and  the  remaining  6  blocks 
have  the  error  detection/correction  parity  signal  re- 
corded  thereon  for  the  errors  generated  in  the 
above  30  blocks.  Similarly,  the  parity  signals  are 
generated  based  on  the  digital  audio  data  belong- 

55  ing  to  B,  C  and  D. 
In  this  manner,  the  data  format  in  one  field  is 

defined.  As  described  above,  in  the  525/60  (NTSC) 
system,  the  48  kHz  sampled  16-bit  quantized  data 

6 
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has  800.8  words  per  field  period  and  1601.6  sym- 
bols  or  3202.2  symbols  for  L  and  R  channels  are 
transmitted.  On  the  other  hand,  in  the  data  format 
in  one  field  period  shown  in  Fig.  4,  the  number  of 
data  recorded  in  one  field  is  28  symbols  X  120  = 
3360  symbols  and  the  data  corresponding  to  157.8 
symbols  or  approximately  5.6  blocks  are  excess 
records. 

Fig.  5  shows  one  field  by  block.  The  first  and 
second  blocks  and  the  119th  and  120th  blocks  are 
shown  as  non-used  blocks.  In  Fig.  6,  all  120  blocks 
are  used  but  26  symbols  of  the  digital  audio  data  in 
each  block  are  used  and  the  27th  and  28th  sym- 
bols  are  not  used  as  data  areas.  In  this  case,  the 
number  of  data  in  one  field  may  be  26  symbols  x 
120  blocks  =  3120  symbols. 

In  this  manner,  the  number  of  data  in  one  field 
may  be  changed  in  accordance  with  the  designa- 
tion  of  the  data  area  to  be  used.  The  areas  which 
are  not  used  as  the  data  ateas  may  be  used  to 
record  the  data  other  than  the  digital  audio  signals 
(sub-codes). 

If  the  number  of  data  in  one  field  is  set  to  be 
significantly  larger  than  800.8  samples  per  channel 
of  the  L  or  R  channel,  greater  errors  of  the  VTR 
vertical  synchronization  signal  and  the  sampling 
frequency  can  be  absorbed.  A  more  adaptive  con- 
trol  is  attained  by  controlling  the  number  of  sam- 
ples  in  one  field  in  accordance  with  the  output 
magnitude  of  the  address  difference  extract  circuit 
50. 

The  application  of  the  present  invention  to  the 
525/60  (NTSC)  system  has  been  described.  A  simi- 
lar  advantage  is  attained  in  the  625/50  (CCIR;  PAL) 
system  television  signal  VTR  in  accordance  with 
the  teaching  of  the  present  invention.  In  the  625/50 
system,  the  number  of  blocks  per  field  is  168 
blocks  as  shown  in  Fig.  7.  Like  in  the  525/60 
system,  P  parities  are  added  to  each  block,  and 
168  blocks  consisting  of  144  data  blocks  and  24  Q 
parity  blocks  constitute  one  field.  A  second  error 
correction  code  may  be  a  (42,  36)  RS  code  To 
generate  the  RS  code,  data  is  selected  at  every 
fourth  block  to  generate  a  total  of  24  blocks  of  error 
correction  code.  Unequality  between  the  number  of 
samples  in  one  field  and  the  number  of  data  stored 
in  one  field  is  handled  in  the  same  manner  as  that 
in  the  525/50  system. 

As  described  above,  when  the  audio  signal  and 
other  data  are  digitally  recorded  on  the  record 
medium  such  as  magnetic  tape,  it  is  necessary  to 
add  the  code  (error  correction  code)  to  detect  and 
correct  errors  in  the  data  generated  during  record- 
ing  and  reproduction.  The  error  correction  code 
has  different  capabilities,  redundancies  and  scales 
of  encoder/decoder  circuit  depending  on  the  con- 
struction.  When  the  audio  signal  accompanied  to 
the  video  signal  is  to  be  digitally  recorded  on  the 

VTR  tape,  it  should  be  compatible  to  different 
transmission  systems  such  as  525/60  system  and 
625/50  system.  The  present  invention  shows  code 
formats  suitable  to  those  systems,  and  the  error 

5  correction  codes  which  comply  with  various  sys- 
tems  can  be  constructed  by  merely  changing  the 
code  length  of  one  of  two  RS  codes  which  function 
as  the  error  correction  codes.  When  the  present 
invention  is  applied  to  the  525/60  system  and  the 

io  625/50  system,  an  error  correction  code  suitable 
for  the  respective  system  can  be  arranged  by 
somewhat  changing  the  RS  code  adapted  in  the 
rotary  head  type  digital  audio  tape  recorder  (R- 
DAT).  In  the  R-DAT,  of  the  128  blocks  which  con- 

15  stitute  one  data  frame,  104  blocks  are  audio  data 
blocks  and  the  remaining  24  blocks  are  parity 
blocks  generated  based  on  the  data  in  the  data 
blocks.  The  parity  codes  added  to  each  block  are 
called  inner  codes,  and  the  parity  codes  generated 

20  based  on  the  data  in  each  block  are  called  outer 
codes.  The  outer  codes  are  generated  from  every 
fourth  block,  that  is,  six  parities  are  generated  from 
104/4  =  26  data  to  construct  the  (32,  26,  7)  RS 
code.  In  the  present  invention,  the  inner  codes  are 

25  constructed  in  accordance  with  the  R-DAT  code, 
and  the  code  length  of  the  outer  code  (the  number 
of  data  which  are  basis  for  parity  code  generation) 
is  changed  so  that  it  is  compatible  to  the  525/60 
system  and  the  625/50  system. 

30  In  the  525/60  system,  one  data  frame  consists 
of  144  blocks,  of  which  24  blocks  are  the  outer 
code  parity  blocks.  The  parity  generation  blocks 
are  generated  from  every  fourth  block  of  the  120 
data  blocks,  that  is,  six  parities  are  generated  from 

35  30  data  blocks  to  form  the  (36,  30,  7)  RS  code.  In 
the  625/50  system,  one  data  frame  consists  of  178 
blocks,  of  which  144  blocks  are  data  blocks  and  24 
blocks  are  parity  blocks.  Six  parities  are  generated 
from  36  data  blocks  to  form  the  (42,  36,  7)  RS 

40  code. 
In  the  above  description,  the  sampling  frequen- 

cy  is  48  kHz.  When  the  sampling  frequency  is  44.1 
kHz  or  32  kHz  or  other,  adaptive  recording  may  be 
performed  by  controlling  the  number  of  samples  in 

45  one  field  period.  For  example,  where  the  sampling 
frequency  is  44.1  kHz  in  the  525/60  system,  the 
number  of  samples  in  one  field  period  is  approxi- 
mately  735.7.  Accordingly,  the  fields  which  include 
735  or  less  samples  and  the  fields  which  include 

50  736  or  more  samples  may  be  provided.  Similarly, 
in  the  625/50  system,  one  field  period  include  882 
samples.  Accordingly,  the  fields  which  include  881 
or  less  samples  and  the  fields  which  include  883  or 
more  samples  may  be  provided.  Similarly,  where 

55  the  sampling  frequency  is  32  kHz  in  the  525/60 
system,  the  number  of  samples  in  one  field  period 
is  approximately  533.9.  Accordingly,  the  fields 
which  include  533  or  less  samples  and  the  fields 
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which  include  534  or  more  samples  may  be  pro- 
vided.  In  the  32  kHz,  625/50  system,  the  number  of 
samples  in  one  field  period  is  approximately  640. 
Accordingly,  the  fields  which  include  639  or  less 
samples  and  the  fields  which  include  641  or  more 
samples  may  be  provided. 

A  data  arrangement  in  which  one  field  of  data 
are  recorded  by  800-sample  data  and  801  -sample 
data  is  explained  below. 

Figs.  8A  and  8B  show  800-sample  and  801- 
sample  data  formats,  respectively.  Errors  for  the 
data  required  for  one  field  are  approximately 
+  0.1%  and  -0.025%,  respectively.  If  accuracies  of 
a  vertical  synchronization  signal  and  a  sampling 
frequency  of  a  VTR  are  of  quartz  resonator  accu- 
racy,  the  asynchronization  therebetween  is  suffi- 
ciently  correctable. 

Another  data  format  suitable  to  simplify  a  con- 
figuration  of  the  address  control  circuit  17  is  ex- 
plained.  It  is  a  data  arrangement  in  which  one  field 
of  data  are  recorded  by  812-(excess)  sample  data 
and  754-(diminish)  sample  data.  According  to  data 
arrangemnt,  the  write  address  control  circuit  17 
may  access  the  RAM  integer  times  in  the  direction 
of  the  block  number. 

In  such  a  data  format,  the  block  numbers  58  - 
64  and  153  -  159  are  non-used  areas  in  which  the 
audio  data  is  not  recorded.  Those  areas  may  be 
used  as  sub-code  areas  in  which  data  other  than 
the  audio  data  are  recorded. 

In  other  example,  variations  of  the  number  of 
data  recorded  in  each  field  are  equal.  One  field  of 
data  are  recorded  by  803-sample  data  and  799- 
sample  data.  Variations  for  800.8  samples  required 
for  each  field  are  +0.23%  and  -0.28%,  respec- 
tively. 

In  such  a  data  format,  the  block  numbers  58  - 
64  and  153  -  159  are  areas  in  which  the  audio  data 
is  not  recorded.  The  non-used  area  may  be  used 
as  sub-code  areas  in  which  data  other  than  the 
audio  data  are  recorded. 

Similarly,  in  the  recording,  large  errors  of  the 
VTR  vertical  synchronizing  signal  and  the  sampling 
frequency  may  be  overcome  by  setting  the  data 
amount  in  one  field  significantly  larger  than  800.8 
samples. 

Further,  by  controlling  the  number  of  samples 
in  one  field  in  accordance  with  the  output  of  the 
address  difference  extract  circuit  50,  a  more  adap- 
tive  control  can  be  attained. 

While  the  525/60  system  is  used  in  the  above 
embodiment,  a  similar  advantage  is  attained  in  the 
625/50  system.  In  the  625/50  system,  the  number 
of  blocks  per  track  may  be  192. 

An  error  detection  and  correction  code  is  gen- 
erated  based  on  the  block-interleaved  data,  and  the 
code  length  is  32  and  the  number  of  blocks  is  a 
multiple  of  32.  Thereby,  the  corresponding  inter- 

leave  distance  may  be  six  blocks.  The  192-block 
interleave  format  is  explained  below. 

In  Fig.  9,  the  data  is  distributed  over  the  entire 
192-block  area.  The  data  26,  27  or  24,  25,  26,  27  of 

5  each  block  are  data  other  than  the  audio  signal 
samples.  They  may  be  used  for  ID  codes. 

In  the  above  explanation,  the  sampling  fre- 
quency  is  48  kHz.  When  the  sampling  frequency  is 
44.1  kHz  or  32  kHz  or  other,  the  number  of  sam- 

io  pies  in  one  field  may  be  appropriately  controlled. 
For  example,  when  the  sampling  frequency  is  44.1 
kHz  in  the  525/60  system,  the  number  of  samples 
in  one  field  period  is  approximately  735.7.  Accord- 
ingly,  the  fields  which  include  735  or  less  samples 

is  and  the  fields  which  include  736  or  more  samples 
are  provided.  Similarly,  in  the  625/50  system,  the 
number  of  samples  in  one  field  is  882.  Accordingly, 
the  fields  which  include  881  or  less  samples  and 
the  field  which  include  883  or  more  samples  are 

20  provided.  Similarly,  in  the  32  kHz,  525/60  system, 
the  number  of  samples  in  one  field  period  is  ap- 
proximately  533.9.  Accordingly,  the  fields  which 
include  533  or  less  samples  and  the  fields  which 
include  534  or  more  samples  are  provided.  In  the 

25  32  kHz,  625/50  system,  the  number  of  samples  in 
one  field  is  approximately  640.  Accordingly,  the 
fields  which  include  639  or  less  samples  and  the 
fields  which  include  641  or  more  samples  are  pro- 
vided. 

30  Fig.  10  shows  a  frame  construction  in  a  signal 
format.  One  frame  consists  of  128  blocks,  of  which 
24  blocks  are  parity  blocks.  A  period  of  one  frame 
is  15  m  seconds. 

In  such  a  format,  a  field  period  of  a  VTR 
35  (525/60  system)  is  approximately  16.683  m  sec- 

onds  which  is  longer  than  the  frame  period  of  15  m 
seconds.  Accordingly,  approximately  142.364  R- 
DAT  blocks  are  included  in  one  field.  Thus,  the 
number  of  signal  samples  recorded  on  the  tape  is 

40  always  143  blocks,  and  the  number  of  audio  sig- 
nals  is  142  blocks  or  143  blocks  depending  on  a 
difference  between  the  write  address  and  the  read 
address.  The  read  address  circuit  and  the  control 
signal  circuit  are  controlled  such  that  if  the  address 

45  difference  is  larger  than  a  predetermined  value,  all 
143  blocks  are  used  for  the  audio  signal  samples, 
and  if  the  address  difference  is  smaller  than  the 
predetermined  value,  142  blocks  are  used  for  the 
audio  signal  samples  and  the  following  one  block  is 

50  used  for  a  sample  other  than  the  audio  signal.  In 
this  manner,  the  asynchronization  between  the 
sampling  period  and  the  field  period  is  absorbed. 

In  the  present  embodiment,  in  order  to  avoid 
the  opposite  ends  of  the  block,  143  blocks  are 

55  compression-recorded  in  a  range  of  170°  in  a 
180°  -area  to  leave  a  5°  -space  at  each  of  the 
opposite  ends,  in  which  a  preamble  signal  and  a 
postamble  signal  are  recorded. 
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Because  the  block  addresses  are  not  always 
continuous  in  a  field,  it  is  not  clear  in  which  blocks 
in  the  field  the  data  are  recorded.  Accordingly,  in  a 
block  format  shown  in  Fig.  24,  addresses  for  in- 
dicating  the  order  of  blocks  in  the  field  are  added 
to  the  ID  code  area  and  they  are  used  together 
with  the  block  addresses  so  that  the  block  ad- 
dresses  are  easily  controlled. 

In  other  embodiment,  the  number  of  blocks  in 
one  field  is  constant  at  143,  and  for  the  field  which 
includes  142  blocks,  one  block  thereof  is  used  for 
other  than  audio  signal.  The  non-audio  block  may 
be  the  first  or  last  block  of  the  143  blocks. 

The  non-audio  block  may  include  control  sig- 
nals. 

In  the  block  format  shown  in  Fig.  24,  a  code 
indicating  whether  the  samples  of  the  block  are 
audio  signals  or  non-audio  signals  is  recorded  at  a 
most  significant  bit  of  the  block  address.  For  exam- 
ple,  if  the  samples  in  the  block  are  audio  signals, 
"0"  is  recorded,  and  if  the  samples  are  non-audio 
signals,  "1  "  is  recorded.  In  the  reproducing  mode, 
the  signal  discrimination  circuit  44  determines 
whether  the  data  in  the  block  are  to  be  recorded  in 
the  RAM  or  not,  based  on  the  above  code. 

In  other  embodiment  of  the  present  invention, 
one  block  consists  of  36  symbols  and  142  blocks 
of  data  in  the  525/60  (NTSC)  system  or  170  blocks 
of  data  in  the  625/50  (PAL)  system  are  recorded  in 
each  track.  An  error  correction  code  for  the  R-DAT 
is  added  and  the  data  are  distributed  so  that  large 
burst  errors  can  be  corrected.  As  an  example  of 
distribution,  even-numbered  data  are  recorded  in 
the  front  half  of  the  track  and  odd-numbered  data 
are  recorded  in  the  rear  half. 

A  data  recording  method  for  a  data  arrange- 
ment  in  which  one  data  frame  consists  of  128 
blocks  and  one  video  field  period  contains  142 
blocks. 

Fig.  11  shows  a  timing  chart  of  a  signal  pro- 
cessing  unit  and  a  recording  unit.  A  waveform  (A) 
shows  a  field  period  of  the  R-DAT.  One  frame 
period  is  30  msec,  and  one  field  period  is  15  msec. 
A  waveform  (B)  shows  a  data  frame  period.  One 
data  frame  consists  of  128  blocks  which  are  re- 
corded  in  the  field  period  of  the  waveform  (A). 
Thus,  in  the  R-DAT,  the  field  period  of  the  record- 
ing  unit  and  the  processing  time  of  the  data  frame 
of  the  signal  processing  unit  are  synchronous  with 
each  other.  On  the  other  hand,  the  field  period  of 
the  video  signal  is  16.7  msec  in  the  525/60  system, 
and  20  msec  in  the  625/50  system  as  shown  by  a 
waveform  (C).  In  the  present  embodiment,  142 
blocks  or  170  blocks  are  recorded  in  one  field 
period  as  shown  by  a  waveform  (D).  They  are  time- 
compressed  to  170.4/180  in  the  525/60  system  and 
to  170/180  in  the  625/50  system  and  recorded  in 
the  area  of  head  rotation  angle  of  170.4°  or  170° 

as  shown  by  a  waveform  (E). 
One  field  of  data  thus  generated  is  shown  in 

Figs.  12A  and  12B.  In  one  field,  142  data  blocks  for 
the  525/60  system  and  170  data  blocks  for  the 

5  625/50  system  are  recorded  irrespective  of  the  joint 
of  the  data  frames.  A  block  address  is  recorded  in 
each  block  as  shown  in  Fig.  12A  and  one  of 
addresses  0 -127  corresponds  thereto.  The  data 
are  processed  by  128  blocks  (blocks  0-127)  or 

io  one  data  frame.  The  data  arrangement  in  the  data 
frame  will  be  explained  later.  In  the  present  em- 
bodiment,  the  142  or  170  data  blocks  are  time- 
compressed  and  recorded  in  the  area  of  head 
cylinder  rotation  angle  of  170.4°  or  170°.  Such 

is  data  record  area  is  called  a  data  area.  The  areas 
other  than  the  data  area  are  called  a  preamble  and 
a  postamble  in  which  data  strobing  PLL  signal  is 
recorded.  In  the  present  embodiment,  the  preamble 
and  the  postamble  each  includes  4  blocks  in  the 

20  525/60  system  and  5  blocks  in  the  625/50  system. 
On  the  other  hand,  one  data  block  consists  of  36 
symbols  or  288  bits  as  shown  in  Fig.  12B.  Of 
those,  the  first  four  symbols  are  for  synchronization 
signal  (SYNC),  identification  data  (ID),  address  sig- 

25  nal  (ADR)  and  parity  signal  (PARITY)  which  is  a  bit- 
by-bit  modulo  2  sum  of  the  identification  data  and 
the  address  signal.  The  following  28  symbols  are 
for  audio  data  (PCM  data)  or  C2  parity  signal 
generated  based  on  the  audio  data.  The  last  four 

30  symbols  are  for  C1  parity  signal  generated  based 
on  the  data  in  the  block  by  a  predetermined  meth- 
od  such  as  a  Reed-Solomon  code. 

In  the  system  in  which  the  video  signal  is 
recorded  together  with  the  digital  audio  signal,  a 

35  digital  signal  from  a  digital  audio  signal  source 
such  as  a  digital  audio  tape  recorder  is  directly 
recorded  in  order  to  avoid  degradation  of  the  qual- 
ity  of  the  digital  audio  signal.  In  this  case,  since  a 
data  rate  of  the  digital  audio  signal  depends  on  the 

40  signal  source,  it  is  asynchronous  with  the  field  or 
frame  period  of  the  video  signal  source.  In  the 
present  embodiment,  the  number  of  samples  of  the 
digital  audio  signal  to  be  recorded  in  one  video 
signal  field  period  must  be  set  so  as  to  prevent 

45  disconnection  of  audio  data  frames  occurring  at 
every  video  frame  in  the  recording.  However,  be- 
cause  of  the  asynchronous  relationship,  the  num- 
ber  of  samples  is  not  constant  and  not  always 
integer.  In  the  present  embodiment,  in  order  to 

50  resolve  the  asynchronization  problem,  a  variable 
number  of  digital  audio  samples  in  the  data  field 
are  used. 

In  the  present  invention,  128  blocks  of  digital 
audio  signal  are  used  as  the  data  frame  and  the 

55  interleave  and  the  code  are  completed  in  the  data 
frame.  Since  one  field  does  not  synchronize  with 
one  data  frame,  one  or  more  data  frames  are 
recorded  in  one  field. 

9 
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Four  types  of  data  frame  completed  interleave 
format  are  shown  by  the  sampling  frequency  and 
the  number  of  channels  of  audio  signal. 

Fig.  13  shows  the  types  of  data  frame  com- 
pleted  interleave  format.  In  a  mode  1,  the  number 
of  audio  signals  is  2  channels,  the  sampling  fre- 
quency  is  48  kHz  and  the  number  of  quantization  is 
16  bits.  The  number  of  quantization  (16  bits)  is 
divided  into  8-bit  data.  Approximately  66.67  (  = 
2000/30)  data  frames  are  included  in  one  second. 
Thus, 

48  kHz  x  2  ch.  x  2  data/(2000/30)  =  2880  data 

are  recorded  in  one  data  frame  in  a  standard 
mode.  In  accordance  with  the  teaching  of  the 
present  invention,  if  the  number  of  data  in  each 
field  is  not  constant,  the  number  of  data  in  the  data 
frame  is  increased  or  decreased  from  the  standard 
number  of  data  to  allow  recording  with  a  fixed 
length  data  frame. 

In  mode  2, 

32  kHz  x  2  ch.  x  2  data/(2000/30)  =  1920  data, 

in  mode  3, 

32  kHz  x  4  ch.  x  2  x  (12/16)  data/(2000/30)  =  2880 
data, 

and  in  mode  4, 

44.1  x  2  ch.  x  2  data/(2000/30)  =  2646  data 

are  recorded  in  one  data  frame  in  the  standard 
mode. 

The  interleaved  formats  in  the  data  frame  in 
the  respective  modes  are  now  explained. 

Fig.  14  shows  the  interleaved  format  in  one 
data  frame  when  the  number  of  audio  signals  is  2 
ch.,  the  sampling  frequency  is  48  kHz  and  the 
number  of  quantization  is  16  bits.  The  16-bit  digital 
audio  signal  is  divided  into  high  order  and  low 
order  8-bit  data,  to  which  suffixes  u  and  I  are 
added  for  identification.  The  2  channels  of  audio 
signals  are  designated  by  L  and  R. 

A  maximum  number  of  samples  which  can  be 
recorded  in  one  data  frame  is  728  for  each  of  L 
and  R  channels.  They  are  designated  by  suffixes  0 
-  727.  The  data  are  supplied  to  the  data  frames  in 
the  order  of  L0u,  L0l,  R0u,  Rtn.  L1u,  Lu,  R1u,  Ru, 

L727u,  L727t,  R727u.  R727t  toform  104  blocks. 
Based  on  those  data,  24  Q  parity  blocks  are  gen- 
erated  so  that  a  total  of  128  blocks  are  formed. 

Four  P  parities  are  added  to  each  block  so  that 
128  blocks  each  consisting  of  32  data  and  parities 
constitute  one  data  frame.  When  they  are  recorded 
on  a  tape,  they  are  recorded  in  the  order  of  block 

addresses  0,  1,  2  127.  Accordingly,  the  adja- 
cent  data  in  the  sampling  are  distributed  in  the 
recording. 

As  a  result,  even  if  a  burst  error  of  the  data 
5  occurs  by  a  defect  on  the  tape  or  other  cause,  the 

burst  error  is  distributed  by  the  interleaving  and  the 
data  can  be  corrected  or  lost  data  can  be  sup- 
plemented  by  using  the  parities. 

Because  the  field  frequency  and  the  audio  sig- 
io  nal  sampling  frequency  are  different  from  each 

other,  the  data  are  recorded  by  adjusting  the  num- 
ber  of  data  in  the  data  frame.  When  the  number  of 
data  is  small,  the  data  L0u,  U>i  L715u,  L715t  and 
R0u,  Rot  F*7i5u.  F*715£  constitute  one  data 

is  frame,  and  when  the  number  of  data  is  large,  the 
data  L0u,  Lqi  L727u,  L727t  and  Rou,  Rot 
R727U.  F*727t  constitude  one  data  frame. 

The  number  of  data  in  the  data  frame  may  be 
adjusted  by  switching  between  the  data  frame  hav- 

20  ing  the  data  0-715  for  each  of  L  and  R  channels 
and  the  data  frame  having  the  data  0  -  727,  switch- 
ing  among  the  data  frame  having  standard  number 
of  data  0-719  for  each  of  the  L  and  R  channels, 
the  data  frame  having  the  data  0-715  and  the  data 

25  frame  having  the  data  0  -  727,  or  switching  be- 
tween  the  data  frame  having  any  of  0  -  715  data 
and  the  data  frame  having  any  of  0  -  727  data  for 
each  of  the  L  and  R  channels. 

Fig.  15  shows  a  data  frame  interleave  format 
30  when  the  number  of  audio  signal  channels  is  two, 

the  sampling  frequency  is  32  kHz,  and  the  number 
of  quantization  is  16  bits. 

The  maximum  number  of  samples  is  486  for 
each  of  L  and  R  channels.  There  still  is  a  space  for 

35  data  in  the  data  frame  but  it  is  not  used  as  blank 
data. 

The  Q  parities  and  P  parities  are  added  in  the 
same  manner  as  that  shown  in  Fig.  14. 

The  number  of  samples  in  the  field  for  each  of 
40  L  and  R  channels  is  varied  between  0  -  476  at 

minimum  and  0  -  485  at  maximum,  and  one  of  the 
three  methods,  that  is,  the  selection  between  two 
data  frames,  the  selection  among  three  data  frames 
and  the  selection  among  any  number  of  data 

45  frames  may  be  used. 
Fig.  16  shows  a  data  frame  interleave  format 

when  the  sampling  frequency  is  32  kHz,  the  num- 
ber  of  quantization  is  12  bits  and  the  number  of 
audio  signal  channels  is  4.  Since  the  data  are 

50  handled  8  bits  at  a  time,  the  12-bit  digital  audio 
signal  data  is  divided  into  high  order  8  bits  and  low 
order  4  bits.  The  high  order  8  bits  are  represented 
by  Aiu,  Biu,  Ciu  and  Diu,  and  the  low  order  4  bits  are 
combined  with  two  digital  audio  signal  data  to 

55  constitute  an  8-bit  data  represented  by  ACit  and 
BDit,  where  i  is  a  suffix  indicating  the  order  of  the 
digital  audio  signal  data.  Up  to  485  12-bit  4-channel 
data  are  recorded  in  one  data  frame.  A,  B,  C  and  D 
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represent  4  channels  of  audio  signals. 
The  data  are  arranged  in  the  data  frame  in  the 

order  of  Aqu,  AC0l,  C0u,  B0u,  BD0l,  D0u  A484u, 
AC484t,  C484U,  B484u,  BD484t,  D484u  to  constitute  104 
blocks.  24  Q  parity  blocks  are  generated,  and  a  P 
parity  is  added  to  each  block.  One  data  frame 
consists  of  128  data/parity  blocks. 

Upto  485  x  4  channels  of  digital  audio  signal 
data  are  recorded  in  one  data  frame.  Since  4 
channels  of  data  are  handled  as  a  unit,  there  is  a 
difference  from  the  maximum  number  of  data  in 
the  data  frame.  This  difference  makes  excess  two 
data  for  blank  data. 

The  number  of  data  in  the  data  frame  is  varied 
between  0  -  476  at  minimum  and  0  -  484  at 
maximum  for  each  of  four  channels  A  -  D,  and  two, 
three  or  any  number  of  data  frames  are  selectively 
used. 

Fig.  17  shows  a  data  frame  interleave  format 
when  the  number  of  audio  signal  channels  is  2,  the 
sampling  frequency  is  44.1  kHz  and  the  number  of 
quantization  is  16  bits.  The  maximum  number  of 
samples  is  669.  Up  to  720  data  can  be  recorded  in 
one  data  frame  and  the  remainder  is  blank  data. 

The  Q  parities  and  P  parities  are  added  in  the 
same  manner  as  that  shown  in  Fig.  14. 

The  number  of  data  frames  is  varied  between  0 
-  657  at  minimum  and  0  -  668  at  maximum  for 
each  of  L  and  R  channels  in  accordance  with  the 
change  of  the  number  of  samples  in  the  field,  and 
two,  three  or  any  number  of  data  frames  are  selec- 
tively  used.  Data  arrangement  of  error 
detection/correction  Ci  and  C2  parity  and  PCM 
audio  data  is  shown  in  Fig.  18.  The  even-numbered 
data  and  the  odd-numbered  data  of  the  sampled 
PCM  audio  data  in  each  channel  are  arranged  in 
space,  and  the  C2  parity  is  generated  in  the  direc- 
tion  of  block  address  and  the  C1  parity  is  gen- 
erated  in  the  direction  of  recording  to  form  the 
PCM  data  in  the  data  frame.  The  even-numbered 
PCM  data  are  recorded  in  the  block  addresses  0  - 
51  ,  and  the  odd-numbered  PCM  data  are  recorded 
in  the  block  addresses  76  -  127,  and  the  C2  pari- 
ties  are  recorded  in  the  block  addresses  52  -  75. 

In  the  recording  mode,  142  blocks  of  audio 
data  are  recorded  in  one  field  period  for  the  525/60 
(NTSC)  system  and  four  block  periods  of  amble 
data  are  added  before  and  after  the  audio  data.  In 
the  625/50  (PAL)  system,  five  block  periods  of 
amble  data  are  added  before  and  after  170  blocks 
of  audio  data.  Since  a  plurality  of  data  frames  of 
the  audio  data  are  recorded  adjacently,  if  a  re- 
production  error  occurs  between  adjacent  data 
frames  by  a  cratch  or  the  like,  the  PCM  audio  data 
area  may  be  broken  or  the  error 
detection/correction  circuit  may  misdetect  or  mis- 
correct  the  error. 

In  other  embodiment  shown  in  Fig.  19,  the  C2 

parities  are  arranged  before  and  after  the  PCM 
audio  data,  that  is,  at  the  opposite  ends  of  the  data 
frame.  The  C2  parities  are  recorded  at  the  block 
addresses  0  -  11  and  116  -  127,  and  the  PCM 

5  audio  data  are  recorded  at  the  block  addresses  12 
-  115. 

In  other  embodiment  shown  in  Fig.  20,  the  C2 
parities  are  arranged  before  the  PCM  data,  that  is, 
in  a  front  area  of  the  data  frame.  The  C2  parities 

10  are  recorded  at  the  block  addresses  0  -  23  and  the 
PCM  audio  data  are  recorded  at  the  block  ad- 
dresses  24  -  127. 

In  other  embodiment  shown  in  Fig.  21,  the  C2 
parities  are  arranged  after  the  PCM  data,  that  is,  in 

15  a  rear  area  of  the  data  frame.  The  C2  parities  are 
recorded  at  the  block  addresses  104  -  127  and  the 
PCM  audio  data  are  recorded  at  the  block  ad- 
dresses  0-103. 

In  other  embodiments  shown  in  Fig.  22,  the  C2 
20  parities  are  arranged  before  and  after  the  even- 

numbered  and  odd-numbered  PCM  audio  data. 
The  C2  parities  are  recorded  at  the  block  ad- 
dresses  0-11  and  64  -  75,  the  even-numbered 
PCM  audio  data  are  recorded  at  12  -  63,  and  the 

25  odd-numbered  PCM  audio  data  are  recorded  at  76 
-  127. 

By  arranging  the  C2  parities  before  and  after 
the  data  frame,  that  is,  in  the  front  or  rear  area,  the 
PCM  audio  data  can  be  protected  against  the  re- 

30  production  error  between  the  data  frames.  This  is 
advantageous  in  an  algorithm  for  a  mean-value 
interpolation  processing  in  which  the  audio  data,  is 
outputted  without  correction  when  the  number  of 
errors  is  larger  than  a  predetermined  value. 

35  Fig.  23  shows  an  embodiment  of  the  control 
signal  generation  circuit  24.  It  comprises  a  syn- 
chronization  signal  generation  circuit  62  for  gen- 
erating  a  synchronization  signal,  in  interleave  block 
address  (IBADR)  signal  generation  circuit  63,  a 

40  data  block  address  (OBADR)  signal  generation  cir- 
cuit  64,  an  identification  signal  (ID  code)  generation 
circuit  65,  an  option  code  (OP  code)  generation 
circuit  66  and  a  parity  generation  circuit  67.  The 
signals  generated  in  the  control  signal  generation 

45  circuit  24  as  well  as  data  sent  from  a  parallel-serial 
converter  (P/S)  23  are  supplied  to  a  selection  cir- 
cuit  25  where  they  are  selected  and  added  for 
each  block  in  accordance  with  a  predetermined 
block  format. 

50  One  embodiment  of  the  block  format  is  shown 
in  Fig.  24.  One  block  consists  of  a  synchronization 
signal  68,  Wi  (data  block  address  signal  and  iden- 
tification  signal)  69,  W2  (interleave  address  signal) 
70,  a  parity  signal  71  generated  from  Wi  69  and 

55  W2  70,  a  digital  data  72  and  an  error  correction 
code  73.  The  synchronization  signal  68  consists  of 
an  eight-bit  specific  pattern  indicating  the  begin- 
ning  of  the  block,  and  it  is  a  time  reference  when 

11 
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the  data  is  read  in  the  reproducing  mode.  The  data 
block  address  signal  indicates  a  memory  address 
on  a  RAM  of  the  digital  data  of  one  block.  The 
reproduced  digital  data  is  stored  at  the  memory 
addresses  with  reference  to  the  data  block  address 
signal,  for  subsequent  processing.  The  identifica- 
tion  signal  indicates  various  information  associated 
with  the  recorded  audio  signal.  The  interleave  block 
address  signal  70  indicates  a  memory  address  on 
the  RAM  for  interleave/deinterleave  processing. 
The  interleaving  is  carried  out  with  reference  to  this 
signal,  and  in  the  reproducing  mode,  the  digital 
data  of  the  block  written  at  a  predetermined  ad- 
dress  by  the  data  block  address  signal  is  deinter- 
leaved  with  reference  to  this  signal.  The  parity 
signal  51  is  generated  based  on  the  previous  16 
bits,  that  is,  Wi  69  and  W2  70.  It  may  be  gen- 
erated  by  modulo  2  simple  addition.  This  signal 
detects  and  corrects  errors  in  Wi  69  and  W2  70, 
and  protects  those  signals  from  dropout  or  noise. 
The  data  72  may  be  a  224-bit  digital  audio  data. 
The  error  correction  code  73  is  a  32-bit  (32,  8) 
Reed-Solomon  error  correction  code. 

An  embodiment  of  Wi  is  explained  with  refer- 
ence  to  Fig.  25.  The  data  block  address  signals  74, 
75,  76,  77  and  the  identification  signals  78,  79,  80, 
81  are  alternately  written  in  Wi  .  In  the  reproducing 
mode,  the  data  block  address  signal  and  the  iden- 
tification  signal  are  detected  by  a  flag  at  the  MSB. 
For  example,  if  the  MSB  is  "0",  the  signal  is  the 
data  block  address  signal,  and  if  it  is  "1  ",  the 
signal  is  the  identification  signal.  The  data  block 
address  signal  indicates  a  relative  order  of  the 
blocks  in  one  scan  (one  field)  period  of  the  rotary 
head.  It  may  be  0  -  N  cyclic  codes.  The  identifica- 
tion  signal  consists  of  a  3-bit  option  code  and  two 
2-bit  ID  codes.  The  ID  codes  include  eight  types  of 
information  signals.  For  example,  ID-1  of  the  iden- 
tification  signal  78  contains  format  information,  ID-2 
contains  emphasis  information  for  the  audio  signal, 
ID-3  of  the  identification  signal  79  contains  sam- 
pling  frequency  information,  ID-4  contains  number 
of  channels  information,  ID-5  of  the  identification 
signal  80  contains  number  of  quantization  informa- 
tion,  ID-6  contains  tape  speed  information,  ID-7  of 
the  identification  signal  81  contains  copy  enable 
information,  and  ID-8  contains  pack  data  informa- 
tion.  The  detection  of  the  ID  codes  1  -  8  is  done  by 
the  low  order  bits  of  the  data  block  address  signal 
of  the  front  block.  For  example,  if  the  low  order  two 
bits  of  the  data  block  address  signal  of  the  front 
block  are  "00",  the  ID  codes  are  ID-1  and  ID-2,  if 
they  are  "01",  the  ID  codes  are  ID-3  and  ID-4,  if 
they  are  "10",  the  ID  codes  are  ID-5  and  ID-6,  and 
if  they  are  "1  1  ",  the  ID  codes  are  ID-7  and  ID-8. 

One  embodiment  of  W2  is  explained  with  refer- 
ence  to  Fig.  26.  The  interleave  block  address  sig- 
nal  of  W2  consists  of  eight  bits.  A  flag  bit  at  the 

MSB  indicates  whether  the  block  data  is  to  be 
handled  as  the  PCM  data  or  not.  For  example,  if 
the  flag  bit  is  "0",  the  data  is  read  in,  and  if  the  flag 
bit  is  "1  ",  the  data  is  not  read  in.  The  remaining 

5  seven  bits  indicate  a  relative  order  for 
interleave/deinterleave  processing.  For  example, 
when  the  interleaving  completes  in  128  blocks,  the 
addresses  are  a  cyclic  code  which  is  sequentially 
incremented  between  0  and  127. 

io  Other  embodiment  of  the  present  invention  is 
explained  with  reference  to  Fig.  27.  Identification 
signals  and  data  block  address  signals  and  al- 
ternately  arranged  in  Wi  69  in  accordance  with  the 
value  of  lower  three  bits  (including  the  LSB)  of  W2 

is  70,  that  is,  interleave  block  address  signal.  For 
example,  when  the  low  order  three  bits  of  W2  70 
and  "000",  the  identification  signal  69-1  is  inserted. 
When  the  low  order  bits  of  W2  70  are  "001  ",  the 
data  block  address  69-2  is  inserted,  when  they  are 

20  "010",  the  identification  signal  69-3  is  inserted, 
when  they  are  "011",  the  data  block  address  69-4 
is  inserted,  when  they  are  "100",  the  identification 
signal  69-5  is  inserted,  when  they  are  "101",  the 
data  block  address  69-6  is  inserted,  when  they  are 

25  "110",  the  identification  signal  69-7  is  inserted,  and 
when  they  are  "111",  the  data  block  address  69-8 
is  inserted.  In  the  reproducing  mode,  the  identifica- 
tion  signal  and  the  data  block  address  are  discrimi- 
nated  by  the  lower  three  bits  of  W2  70,  and  the 

30  identification  signals  69-1  ,  69-3,  69-5  and  69-7  are 
also  discriminated.  The  identification  signal  69-1 
consists  of  the  ID  code  1,  the  ID  code  2  and  the 
frame  address,  the  identification  signal  69-3  con- 
sists  of  the  ID-3,  the  ID-4  and  the  frame  address, 

35  and  the  identification  signal  69-5  consists  of  the  ID- 
5,  the  ID-6  and  the  frame  address,  and  the  iden- 
tification  signal  69-7  consists  of  the  ID-7,  the  ID-8 
and  the  frame  address.  The  frame  address  in- 
dicates  a  relative  order  in  each  scan  (frame)  of  the 

40  rotary  head. 
Other  embodiment  of  W2  70  is  explained  with 

reference  to  Fig.  28.  The  W2  70  is  the  8-bit  inter- 
leave  block  address  signal  which  completes  in  ev- 
ery  128  blocks.  A  flag  is  added  at  the  MSB  of  the 

45  address  signal  to  discriminate  blocks  before  and 
after  the  128  blocks  (block  set).  For  example,  when 
the  flag  at  the  MSB  is  "0",  the  block  set  70-1  is 
discriminated,  and  when  it  is  "1  ",  the  block  set  70- 
2  is  discriminated. 

50  When  the  R-DAT  format  is  used,  the  MSB  "0" 
corresponds  to  the  +  azimuth  track  data  of  the  R- 
DAT,  and  the  MSB  "1"  corresponds  to  the  -  azi- 
muth  track  data  of  the  R-DAT. 

Each  block  thus  formed  is  assembled  into  N 
55  blocks  so  that  142  or  143  blocks  are  recorded  in 

one  field  period  or  one  scan  period  of  the  rotary 
head. 

When  the  data  fromat  which  completes  in  the 
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interleaved  block  as  shown  in  Fig.  10  is  used,  even 
if  the  number  of  blocks  in  one  field  is  not  constant, 
the  blocks  reproduced  by  the  rotary  head  are  writ- 
ten  into  predetermined  deinterleaving  memory  ad- 
dress  by  the  interleave  block  address  signal,  and 
the  deinterleaving  is  carried  out  upon  the  comple- 
tion  of  the  interleaved  blocks. 

Fig.  29  shows  an  embodiment  of  the  control 
signal  processing  circuit  44.  The  synchronization 
signal  detection  circuit  28  comprises  a  synchro- 
nization  signal  pattern  extract  circuit  28-1  and  a 
synchronization  signal  detection  protect  circuit  28- 
2,  and  generates  a  block  synchronization  signal 
and  a  word  synchronization  signal. 

The  control  signal  processing  circuit  44  com- 
prises  a  block  address  latch  44-1,  an  interleave 
block  address  latch  44-2,  an  ID  signal  latch  44-3,  a 
block  address  detection  protect  circuit  44-4,  an 
interleave  block  address  detection  protect  circuit 
44-5  and  an  ID  signal  detection  protect  circuit  44-6. 
An  ID  signal  output  44-7  produces  a  sampling 
frequency  and  control  signals  such  as  emphasis 
signal.  The  interleave  block  address  is  protected 
by  the  block  address  signal.  Because  the  interleave 
blocks  are  discontinuous  between  the  fields,  block 
errors  and  losses  between  the  blocks  should  be 
protected. 

For  example,  the  address  data  are  sequentially 
incremented  by  the  correction  counters  when  there 
is  an  error  in  the  signal,  and  the  miscorrection  can 
be  detected  and  corrected  by  referring  to  the  ad- 
dress  data. 

The  number  of  samples  in  the  field  is  extracted 
by  the  control  signal  processing  circuit  44  and  the 
control  signal  of  the  read  address  circuit  19  is 
generated  by  the  timing  generator  21  based  on  the 
extracted  number  of  samples  to  control  the  circuit 
19. 

Claims 

1.  An  apparatus  for  recording  and  reproducing  a 
digital  audio  signal  and  a  video  signal  using 
rotary  heads,  the  rotation  frequency  of  which  is 
locked  to  a  vertical  synchronizing  signal  of  said 
video  signal  comprising 

(a)  digital  audio  signal  recording  circuit  for 
recording  on  a  magnetic  tape  said  digital 
audio  signal  which  is  sampled  with  a  sam- 
pling  frequency  asynchronous  with  the  fre- 
quency  of  said  vertical  synchronizing  signal; 
further  characterized  by 
(b)  said  digital  audio  signal  recording  circuit 
including  control  means  (15-17,  19,  50-53, 
23-25)  for  synchronizing  said  sampled  digi- 
tal  audio  signal  with  said  vertical  synchro- 
nizing  signal, 
said  control  means  providing  a  data  field 

having  a  frequency  synchronous  with  said 
vertical  synchronizing  signal,  changing  the 
number  of  data  of  said  sampled  digital 
audio  signal  to  be  included  in  each  data 

5  field  having  a  constant  number  of  data  to  be 
recorded,  adding  data  other  than  said  sam- 
pled  digital  audio  signal  to  the  data  field  so 
as  to  fill  the  data  field  at  said  constant 
number  when  the  number  of  data  of  said 

io  sampled  digital  audio  signal  is  smaller  than 
said  constant  number,  and 
adding  plural  identification  flags  to  said  data 
field  for  indicating  the  number  of  data  of 
said  sampled  digital  audio  signal  included  in 

is  the  data  field; 
said  control  means  including 
(c)  memory  means  (15)  for  storing,  for  inter- 
leaving,  sampled  digital  audio  signal  to  be 
recorded  on  the  magnetic  tape; 

20  (d)  write  address  generation  means  (17)  for 
generating  a  write  address  for  writing  said 
sampled  digital  audio  signal  into  said  mem- 
ory  means  (15)  in  synchronization  with  said 
sampling  frequency; 

25  (e)  read  address  generation  means  (19)  for 
generating  a  read  address  for  reading  from 
said  memory  means  (15)  data  to  be  re- 
corded  on  said  magnetic  tape,  in  synchro- 
nization  with  said  vertical  synchronizing  sig- 

30  nal; 
(f)  detection  means  (51)  for  detecting  a  dif- 
ference  between  a  number  of  data  to  be 
written  into  said  memory  means  and  a  num- 
ber  of  data  to  be  read  from  said  memory 

35  means  by  comparing  the  number  of  data  of 
the  sampled  digital  audio  signal  being  writ- 
ten  into  said  memory  means  with  the  num- 
ber  of  data  being  recorded  on  said  mag- 
netic  tape  from  said  memory  means  (15)  in 

40  each  data  field  period;  and 
(g)  said  control  means  changing  the  number 
of  data  of  said  sampled  digital  audio  signal 
in  each  data  field  according  to  said  com- 
parison  in  response  to  said  detection 

45  means. 

2.  An  apparatus  according  to  claim  1  ,  comprising 
means  for  adding  a  block  synchronizing  signal 
in  a  fixed  number  of  bits  when  data  of  said 

50  digital  audio  signal  which  has  been  stored  in 
said  memory  means  (15)  is  recorded  on  said 
magnetic  tape,  wherein  said  number  of  blocks 
to  be  recorded  in  one  oblique  track  on  said 
magnetic  tape  using  said  rotary  head  is  a  fixed 

55  number  of  blocks  R  and  said  detection  means 
(51)  and  said  control  means  (52,  53)  detecting 
and  controlling  as  unit  M  blocks  which  are 
smaller  than  R. 
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3.  An  apparatus  according  to  claim  1,  wherein 
said  detection  means  (51)  and  said  control 
means  (52,  53)  detects  and  controls  M  blocks 
as  a  unit  where  said  number  of  blocks  to  be 
recorded  in  one  oblique  track  on  said  magnetic  5 
tape  using  said  rotary  head  is  different  be- 
tween  a  525  lines/60  fields  television  system 
wherein  the  rotational  frequency  is  30  Hz  and 
the  number  of  block  is  R1  and  a  625  lines/50 
fields  television  system  wherein  the  rotational  10 
frequency  is  25  Hz  and  the  number  of  blocks 
is  R2. 

memory  means  (15)  in  accordance  with  the 
output  of  said  detection  means  (51). 

9.  An  apparatus  according  to  Claim  8  wherein 
said  detecting  means  detects  a  difference  be- 
tween  a  memory  address  on  said  memory 
means  (15)  of  the  input  digital  signal  to  said 
memory  means  (15)  and  a  memory  address  on 
said  memory  means  (15)  of  the  output  digital 
signal  from  said  memory  means  (15). 

Revendicatlons 

4.  An  apparatus  according  to  claim  1  wherein 
said  detection  means  (51)  detects  an  address 
difference  between  said  write  address  generat- 
ing  means  (17)  and  said  read  address  generat- 
ing  means  (19). 

5.  An  apparatus  according  to  claim  2  wherein 
said  M  block  unit  is  defined  as  one  data  field 
and  said  conrol  circuit  selects  one  of  at  least 
two  data  fields  in  accordance  with  the  output  of 
said  detection  circuit  for  matching  the  video 
field  with  the  audio  data  field,  said  data  field 
including  an  excess  field  (N  +  /3  samples/field) 
having  a  larger  number  of  data  in  one  field  and 
a  diminish  field  (N  -  a  samples/field)  having  a 
smaller  number  of  data  in  one  field,  where  N  is 
a  standard  number  of  data,  and  a  and  /3  are 
integers  different  from  each  other. 

6.  An  apparatus  according  to  Claim  1  wherein  the 
data  field  is  selected  in  accordance  with  the 
magnitude  of  the  output  of  said  detection 
means  (51)  relative  to  a  predetermined  ratio  or 
a  difference  between  a  read  address  count  and 
a  write  address  count  of  said  memory  means 
(15) 

7.  An  apparatus  according  to  Claim  1  further 
comprising: 

a  circuit  (44)  for  detecting  the  identification 
flag  of  the  data  field  from  said  magnetic  tape; 
and 

a  circuit  (37,  38,  27,  15,  18,  20,  21,  8-12) 
for  controlling  the  audio  digital  signal  picked 
up  from  said  magnetic  tape  in  accordance  with 
the  detected  identification  flag  to  reproduce  the 
audio  signal. 

8.  An  apparatus  according  to  Claim  1  wherein 
said  detection  means  (57)  includes  means  for 
detecting  a  difference  between  the  number  of 
input  data  to  said  memory  means  (15)  in  cer- 
tain  period  of  the  digital  signal  and  the  number 
of  output  data  and  said  control  means  (52,  53) 
controls  the  number  of  output  data  from  said 

1.  Dispositif  pour  enregistrer  et  lire  un  signal  au- 
75  dio  numerique  et  un  signal  video  moyennant 

I'utilisation  de  tetes  rotatives,  dont  la  frequence 
de  rotation  est  verrouillee  sur  un  signal  de 
synchronisation  verticale  dudit  signal  video, 
comprenant 

20  (a)  un  circuit  d'enregistrement  du  signal  au- 
dio  numerique  pour  enregistrer,  sur  une 
bande  magnetique,  ledit  signal  audio  nume- 
rique  qui  est  echantillonne  avec  une  fre- 
quence  d'echantillonnage  asynchrone  par 

25  rapport  a  la  frequence  dudit  signal  de 
synchronisation  verticale; 

caracterise  en  outre  par 
(b)  ledit  circuit  d'enregistrement  du  signal 
audio  numerique  comprenant  des  moyens 

30  de  commande  (15-17,19,  50-53,  23-25)  pour 
synchroniser  ledit  signal  audio  numerique 
echantillonne  sur  ledit  signal  de  synchroni- 
sation  verticale, 
lesdits  moyens  de  commande  delivrant  un 

35  ensemble  de  donnees  possedant  une  fre- 
quence  synchrone  avec  ledit  signal  de 
synchronisation  verticale,  modifiant  le  nom- 
bre  des  donnees  dudit  signal  audio  numeri- 
que  echantillonne  devant  etre  contenu  dans 

40  chaque  ensemble  de  donnees  possedant  un 
nombre  constant  de  donnees  devant  etre 
enregistrees,  additionnant  des  donnees  au- 
tres  que  ledit  signal  audio  numerique 
echantillonne  a  I'ensemble  de  donnees  de 

45  maniere  a  remplir  I'ensemble  de  donnees 
pour  obtenir  ledit  nombre  constant  lorsque 
le  nombre  de  donnees  dudit  signal  audio 
numerique  echantillonne  est  inferieur  audit 
nombre  constant,  et 

50  ajoutantune  pluralite  de  drapeaux  d'identifi- 
cation  audit  ensemble  de  donnees  pour  in- 
diquer  le  nombre  de  donnees  dudit  signal 
audio  numerique  echantillonne  contenu 
dans  I'ensemble  de  donnees; 

55  lesdits  moyens  de  commande  comprenant 
(c)  des  moyens  de  memoire  (15)  servant  a 
memoriser,  pour  I'entrelacement,  le  signal 
audio  numerique  echantillonne  devant  etre 
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enregistre  sur  la  bande  magnetique; 
(d)  des  moyens  (17)  de  production  d'une 
adresse  d'enregistrement  pour  produire  une 
adresse  d'enregistrement  pour  enregistrer 
ledit  signal  audio  numerique  echantillonne  5 
dans  lesdits  moyens  de  memoire  (15)  en 
synchronisme  avec  ladite  frequence 
d'echantillonnage; 
(e)  des  moyens  (19)  de  production  d'une 
adresse  de  lecture  pour  produire  une  adres-  10 
se  de  lecture  pour  lire,  a  partir  desdits 
moyens  de  memoire  (15),  des  donnees  de- 
vant  etre  enregistrees  sur  ladite  bande  ma- 
gnetique,  en  synchronisme  avec  ledit  signal 
de  synchronisation  verticale;  is 
(f)  des  moyens  de  detection  (51)  pour  de- 
tecter  une  difference  entre  un  nombre  de 
donnees  devant  etre  enregistrees  dans  les- 
dits  moyens  de  memoire  et  un  nombre  de 
donnees  devant  etre  lues  a  partir  desdits  20 
moyens  de  memoire  par  comparaison  du 
nombre  de  donnees  du  signal  audio  numeri- 
que  echantillonne,  qui  est  enregistre  dans 
lesdits  moyens  de  memoire,  au  nombre  de 
donnees  qui  sont  enregistrees  sur  ladite  25 
bande  magnetique  a  partir  desdits  moyens 
de  memoire  (15)  pendant  chaque  periode 
de  I'ensemble  de  donnees;  et 
(g)  lesdits  moyens  de  commande  modifiant 
le  nombre  de  donnees  dudit  signal  audio  30 
numerique  echantillonne  dans  chaque  en- 
semble  de  donnees  en  fonction  de  ladite 
comparaison,  en  reponse  auxdits  moyens 
de  detection. 

35 
Dispositif  selon  la  revendication  1  ,  comprenant 
des  moyens  pour  ajouter  un  signal  de  synchro- 
nisation  de  bloc  dans  un  nombre  fixe  de  bits 
lorsque  les  donnees  dudit  signal  audio  numeri- 
que,  qui  a  ete  memorise  dans  lesdits  moyens  40 
de  memoire  (15),  ont  ete  enregistrees  sur  ladi- 
te  bande  magnetique,  ledit  nombre  de  blocs 
devant  etre  enregistres  dans  une  piste  oblique 
sur  ladite  bande  magnetique  moyennant  I'utili- 
sation  de  ladite  tete  rotative  etant  un  nombre  45 
fixe  R  de  blocs  et  lesdits  moyens  de  detection 
(51)  et  lesdits  moyens  de  commande  (52,53) 
detectant  et  commandant,  sous  la  forme  d'une 
unite,  un  nombre  M  de  blocs  inferieur  a  R. 

50 
Dispositif  selon  la  revendication  1  ,  dans  lequel 
lesdits  moyens  de  detection  (51)  et  lesdits 
moyens  de  commande  (52,53)  detectent  et 
commandent  M  blocs  sous  la  forme  d'une 
unite,  ledit  nombre  de  blocs  devant  etre  enre-  55 
gistres  dans  une  piste  oblique  sur  ladite  bande 
magnetique  moyennant  I'utilisation  de  ladite 
tete  rotative  etant  different  entre  un  systeme 

de  television  a  525  lignes/60  trames,  dans 
lequel  la  frequence  de  rotation  est  egale  a  30 
Hz  et  le  nombre  de  blocs  est  egal  a  R1  ,  et  un 
systeme  de  television  a  625  lignes/50  trames, 
dans  lequel  la  frequence  de  rotation  est  egale 
a  25  Hz  et  le  nombre  de  blocs  est  egal  a  R2. 

Dispositif  selon  la  revendication  1  ,  dans  lequel 
lesdits  moyens  de  detection  (51)  detectent  une 
difference  d'adresse  entre  lesdits  moyens  (17) 
de  production  de  I'adresse  d'enregistrement  et 
lesdits  moyens  (19)  de  production  de  I'adresse 
de  lecture. 

Dispositif  selon  la  revendication  2,  dans  lequel 
ladite  unite  formee  de  M  blocs  est  definie 
comme  etant  un  ensemble  de  donnees  et  ledit 
circuit  de  commande  selectionne  I'un  d'au 
moins  deux  ensembles  de  donnees  en  fonction 
du  signal  de  sortie  dudit  circuit  de  detection 
pour  la  mise  en  correspondance  de  la  trame 
video  avec  I'ensemble  de  donnees  audio,  ledit 
ensemble  de  donnees  comprenant  un  ensem- 
ble  accru  (N  +  f}  echantillons/trame)  compor- 
tant  un  nombre  accru  de  donnees  dans  une 
trame  et  un  ensemble  reduit  (M  -  a 
echantillons/trame)  comportant  un  nombre  infe- 
rieur  de  donnees  dans  une  trame,  N  etant  un 
nombre  standard  de  donnees  et  a  et  des 
entiers  differents. 

Dispositif  selon  la  revendication  1  ,  dans  lequel 
I'ensemble  de  donnees  est  choisi  en  fonction 
de  I'amplitude  du  signal  de  sortie  desdits 
moyens  de  detection  (51)  par  rapport  a  un 
rapport  predetermine  ou  a  une  difference  entre 
un  compte  d'adresses  de  lecture  et  un  compte 
d'adresses  d'enregistrement  desdits  moyens 
de  memoire  (15). 

Dispositif  selon  la  revendication  1,  comportant 
en  outre  : 

un  circuit  (44)  pour  detecter  le  drapeau 
d'identification  de  I'ensemble  de  donnees  a 
partir  de  ladite  bande  magnetique;  et 

un  circuit  (37,38,27,15,18,20,21,8-12)  pour 
commander  le  signal  audio  numerique  detecte 
a  partir  de  ladite  bande  magnetique  en  fonc- 
tion  du  drapeau  d'identification  detecte  pour  la 
lecture  du  signal  audio. 

Dispositif  selon  la  revendication  1  ,  dans  lequel 
lesdits  moyens  de  detection  (51)  comprennent 
des  moyens  pour  detecter  une  difference  entre 
le  nombre  de  donnees  d'entree  envoyees  aux- 
dits  moyens  de  memoire  (15)  pendant  une 
certaine  periode  du  signal  numerique  et  le 
nombre  de  donnees  de  sortie,  et  lesdits 
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moyens  de  commande  (52,53)  commandent  le 
nombre  de  donnees  de  sortie  provenant  des- 
dits  moyens  de  memoire  (15)  en  fonction  du 
signal  de  sortie  desdits  moyens  de  detection 
(51). 

9.  Dispositif  selon  la  revendication  8,  dans  lequel 
lesdits  moyens  de  detection  detectent  une  dif- 
ference  entre  une  adresse  de  memoire  presen- 
te  dans  lesdits  moyens  de  memoire  (15)  du 
signal  numerique  d'entree  envoye  auxdits 
moyens  de  memoire  (15)  et  une  adresse  de 
memoire  presente  dans  lesdits  moyens  de  me- 
moire  (15)  du  signal  numerique  de  sortie  pro- 
venant  desdits  moyens  de  memoire  (15). 

Patentanspruche 

1.  Einrichtung  zur  Aufzeichnung  und  Wiedergabe 
eines  digitalen  Audiosignals  und  eines  Videosi- 
gnals  unter  Verwendung  eines  Drehkopfs,  des- 
sen  Drehfrequenz  mit  einem  vertikalen  Syn- 
chronsignal  des  Videosignals  verriegelt  ist,  urn- 
fassend 

(a)  einen  Digital-Audio-Signal-Aufzeich- 
nungsschaltkreis  zum  Aufzeichnen  des  digi- 
talen  Audiosignals  auf  einem  Magnetband, 
wobei  das  digitale  Audiosignal  mit  einer  Ab- 
tastfrequenz  abgetastet  wird,  die  asynchron 
zu  der  Frequenz  des  vertikalen  Synchronsi- 
gnals  ist; 

ferner  dadurch  gekennzeichnet,  da/S 
(b)  der  Digital-Audio-Signal-Aufzeichnungs- 
schaltkreis  eine  Steuervorrichtung  (15-17, 
19,  50-53,  23-25)  zum  Synchronisieren  des 
abgetasteten  digitalen  Audiosignals  mit  dem 
vertikalen  Synchronsignal  enthalt, 
die  Steuervorrichtung  ein  Datenfeld  mit  ei- 
ner  Frequenz  liefert,  die  synchron  zu  dem 
vertikalen  Synchronsignal  ist, 
wobei  die  Anzahl  der  Daten  des  abgetaste- 
ten  digitalen  Audiosignals,  die  in  jedem  Da- 
tenfeld  mit  seiner  konstanten  Anzahl  von 
aufzuzeichnenden  Daten  enthalten  sind,  ver- 
andert  wird, 
wobei  andere  Daten  als  die  des  abgetaste- 
ten  Audiosignals  in  das  Datenfeld  eingefugt 
werden,  urn  das  Datenfeld  mit  seiner  kon- 
stanten  Anzahl  zu  fullen,  wenn  die  Anzahl 
der  Daten  des  abgetasteten  digitalen  Audio- 
signals  kleiner  ist  als  diese  konstante  Zahl, 
und 
wobei  mehrere  Identifizierungszeichen  in 
das  Datenfeld  eingefugt  werden,  urn  die  An- 
zahl  der  Daten  des  abgetasteten  digitalen 
Audiosignals  anzuzeigen,  die  in  dem  Daten- 
feld  enthalten  sind; 

wobei  die  Steuervorrichtung  einschlie/St: 

(c)  einen  Speicher  (15),  der  das  abgetastete 
digitale  Audiosignal,  das  auf  dem  Magnet- 
band  aufzuzeichnen  ist,  zum  Zwecke  des 
Verschachtelns  speichert; 

5  (d)  einen  Schreibadressgenerator  (17)  zum 
Erzeugen  einer  Schreibadresse,  urn  das  ab- 
getastete  digitale  Audiosignal  in  den  Spei- 
cher  (15)  synchron  mit  der  Abtastfrequenz 
einzuschreiben; 

io  (e)  einen  Leseadressgenerator  (19)  zum  Er- 
zeugen  einer  Leseadresse,  urn  die  auf  dem 
Magnetband  aufzuzeichnenden  Daten  aus 
dem  Speicher  (15)  synchron  mit  dem  verti- 
kalen  Synchronsignal  auszulesen; 

is  (f)  einen  Detektor  (51)  der  einen  Unter- 
schied  feststellt  zwischen  einer  Anzahl  von 
Daten,  die  in  den  Speicher  einzuschreiben 
sind,  und  einer  Anzahl  von  Daten,  die  aus 
dem  Speicher  auszulesen  sind,  in  dem  die 

20  Anzahl  von  Daten  des  abgetasteten  digita- 
len  Audiosignals,  die  in  den  Speicher  einge- 
schrieben  sind,  verglichen  werden  mit  der 
Anzahl  von  Daten,  die  in  jeder  Datenfeldpe- 
riode  aus  dem  Speicher  (15)  auf  dem  Ma- 

25  gnetband  aufgezeichnet  werden;  und 
(g)  wobei  die  Steuervorrichtung  die  Anzahl 
der  Daten  des  abgetasteten  digitalen  Audio- 
signals  in  jedem  Datenfeld  verandert,  und 
zwar  nach  Ma/Sgabe  des  Vergleichs  in  dem 

30  Detektor. 

2.  Einrichtung  nach  Anspruch  1  ,  umfassend  einen 
Addierer,  der  ein  Blocksynchronsignal  in  einer 
festen  Anzahl  von  bits  addiert,  wenn  Daten  des 

35  digitalen  Audiosignals,  die  in  dem  Speicher 
(15)  gespeichert  worden  sind,  auf  dem  Ma- 
gnetband  aufgezeichnet  werden,  wobei  die  An- 
zahl  von  Blokken,  die  auf  einer  Schragspur 
des  Magnetbands  unter  Verwendung  des 

40  Drehkopfs  aufzuzeichnen  sind,  eine  feste  An- 
zahl  von  Blocken  R  ist  und  der  Detektor  (51) 
und  die  Steuervorrichtung  (52,  53)  eine  Einheit 
von  M  Blocken  erfassen  und  steuern,  die  klei- 
ner  ist  als  R. 

45 
3.  Einrichtung  nach  Anspruch  1  ,  wobei  der  Detek- 

tor  (51)  und  die  Steuervorrichtung  (52,  53)  M 
Blocke  als  eine  Einheit  erfa/St, 
wobei  die  Anzahl  von  Blocken,  die  auf  einer 

50  Schragspur  des  Magnetbands  unter  Verwen- 
dung  des  Drehkopfs  aufzuzeichnen  sind,  einen 
Unterschied  aufweist  zwischen  einem  525 
Zeilen/  60  Bilder-Fernsehsystem,  in  welchem 
die  Drehfrequenz  30  Hz  und  die  Anzahl  von 

55  Blocken  R1  ist,  und  einem  625  Zeilen/  50 
Bilder-Fernsehsystem,  in  dem  die  Drehfre- 
quenz  25  Hz  und  die  Anzahl  der  Blocke  R2  ist. 

16 
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4.  Einrichtung  nach  Anspruch  1  ,  wobei  der  Detek- 
tor  51  einen  Adressenunter  schied  feststellt 
zwischen  dem  Schreibadressgenerator  (17) 
und  dem  leseadressgenerator  (19). 

5.  Einrichtung  nach  Anspruch  2,  wobei  die  M- 
Block-Einheit  definiert  ist  als  ein  Datenfeld 
und  die  Steuervorrichtung  eines  von  minde- 
stens  zwei  Datenfeldern  auswahlt  gema/S  dem 
Ausgangssignal  des  Detektorkreises,  urn  das 
Videofeld  mit  dem  Audiofeld  in  Ubereinstim- 
mung  zu  bringen, 
wobei  das  Datenfeld  ein  Oberschu/Sfeld  (N  +  /3 
Abtastwerte  pro  Feld)  einschlie/St,  das  eine 
gro/Sere  Anzahl  von  Daten  in  einem  Feld  hat 
und  ein  Verminderungsfeld  (N-a  Abtastwerte 
pro  Feld)  aufweist,  das  eine  kleinere  Anzahl 
von  Daten  in  einem  Feld  hat, 
wobei  N  eine  genormte  Anzahl  von  Daten  ist, 
und  a  und  /3  ganze  Zahlen  sind,  die  sich 
voneinander  unterscheiden. 

gitalen  Ausgangssignals  aus  dem  Speicher 
(15)  feststellt. 

5 

10 

15 

6.  Einrichtung  nach  Anspruch  1,  wobei  das  Da- 
tenfeld  in  Ubereinstimmung  mit  der  Gro/Se  des 
Ausgangssignals  des  Detektors  (51)  ausge-  25 
wahlt  ist,  bezogen  auf  ein  vorbestimmtes  Ver- 
haltnis  oder  eine  Differenz  zwischen  einem  Le- 
seadresszahlenwert  und  einem  Schreibadress- 
zahlenwert  des  Speichers  (15). 

30 
7.  Einrichtung  nach  Anspruch  1,  ferner  umfas- 

send: 
einen  Schaltkreis  (44)  zur  Entdeckung  des 
Identifikationszeichens  des  Datenfelds  auf  dem 
Magnetband  und  35 
einen  Schaltkreis  (37,  38,  27,  15,  18,  20,  21,  8- 
12)  zur  Steuerung  des  digitalen  Audiosignals, 
das  von  dem  Magnetband  entnommen  wird  in 
Ubereinstimmung  mit  dem  festgestellten  Iden- 
tifikationszeichen,  urn  das  Audiosignal  wieder-  40 
zugeben. 

8.  Einrichtung  nach  Anspruch  1  ,  wobei  der  Detek- 
tor  (51)  eine  Vorrichtung  zur  Feststellung  der 
Differenz  zwischen  der  Anzahl  von  Eingangs-  45 
daten  des  Speichers  (15)  in  einer  gewissen 
Periode  des  Datensignals  und  der  Anzahl  von 
Ausgangssignalen  einschlie/St 
und  die  Steuervorrichtung  (51,  52)  die  Anzahl 
von  Ausgangsdaten  aus  dem  Speicher  (15)  in  50 
Ubereinstimmung  mit  dem  Ausgangssignal  des 
Detektors  (51)  steuert. 

9.  Einrichtung  nach  Anspruch  8,  wobei  der  Detek- 
tor  einen  Unterschied  zwischen  der  Speicher-  55 
adresse  in  dem  Speicher  (15)  des  digitalen 
Eingangssignals  des  Speichers  (15)  und  einer 
Speicheradresse  in  dem  Speicher  (15)  des  di- 

17 



EP  0  222  386  B1 

F I G .   I 
5 I  

5 0  

30  <40 
la  2a  S  S i  

Lj  CO 

difference] 
d e t e c t o r !  

t - . .  
ADDRESS 
DIFFERENCE*] 
EXTRACTOR] 

UJ 

5  

INPUT  R< 

ID  C.V  r 
r W *  

3 t r -  

UJ 
CO 

.6  

'P- 

^ 5 b  

iua>  cc 
OUTPUT  L P - < -   £  *  

8a  4 ] L d   . 
i  i  r 

DUIPU!  K  9  —  p—  I 

8b  9b  L 

UJ 

s 
10b 

-I  la 
a: 
co  E  

n  <£UJ- 1  —  ■> 
o g  

m  ,  o  
CO  5 

—  H  12 

I  lb 

3 6  

VIDEO 
ROTARY 
HEAD 
4 3  

51 
AUDIO 
ROTARY 
HEAD 

4 0  
INPUT^  —  

VIDEO 

tfflUDUCE 

3 J  
LE. LU M 

LJ LU 

u o L  

4 2  

FIELD 
SAMPLE 
COUNT 
SETTER 
T   —  

52  r  

r 5 3  

FIELD 
SAMPLE 
COUNTER 

I7| 

CO UJLU 

8  

I 6 H '  

—  oo 

3<* 

U7 CO 

SWITCl 

15- 

JL 

R A M  

19 

1  
21 

TIMING 
GENER- 
ATOR 

2 0  

ERROR 
:0RRECTION| 

2 5  

en 

RECORD  AMP 

2 3  

±L1 

i h 2 4  

Z  3%  81 

3 8  2 7  

e l  cc UJ 1— a: Q.  LU  " 
CO  g  

o  

14 

2co«£ 

4 4  

o  2 8  

2 2  

s 
45  HEAD  SWITCHING  SIGNAL 

8 



I 

<\l 

I 
j 

! 

3  I 

K   1 
!  t 
1  ! 

I I I 

rr:  —   i 
i i i 
I 

i  i  —  f  —  > 

I  cc 

it 

i 



EP  0  222  386  B1 

F  I  G.  3  

20 



I  i  f  
1  1  M   I  1 
M i l   \  i 

\  



EP  0  222  386  B1 

F I G .   5  

6 0   BLOCKS  ^  

2  BLOCKS 

1  

2 4  
BLOCKS 6 0   BLOCKS- 

NOT 
USED 

P  PARITIES  Q  PARITIES 

2 B L 0 C K S -  

2 8  
SYMBOLS 

i  4  
'SYMBOLS 

NOT 
USED 

F I G .   6  

NOT  r 
U S E D l  

-   —   60   BLOCKS  *4""~BL0CKS  '  1  "  6 0   BL0CKS  —   ~  

2 8  
SYMBOLS 

-  2  
SYMBOLS 

1  4  
[SYMBOLS 

P  PARITES  Q  PARITES 

22 



EP  0  222  386  B1 

F I G .   7  

■72  BLOCKS 

2 8  
SYMBOLS 

4  
SYMBOLS 

2 4  
'BLOCKS •72  BLOCKS 

P  PARITIES 

\ 

Q  PARITIES  

23 



EP  0  222  386  B1 

cm  ro  <t  in  to  c-  © c n o   —  w ^ 5 £ ^ < £ t c o < Z >  Sjw&iw  $  cm  ft  n  «  cm  8  ro 

24 



EP  0  222  386  B1 

CO 

DO  St 

CD 

Li_ 

3  <=M g g  

o  ro E  EC p i g  

3  "=* o  ro I S .  

=3 cS  CT> &i  Si  K  I 

3  8  
—  r— 

ro 

CM 

=3 

3 CM  CM cc  cr 
ID  25 
cr  a: 

CM  CM 
to  to in  m to- 

rs  <=» o  o  3  S  
Egg 
=  2< CD  CO -a-  a? ro  ro 

2  e  

S  —  ~  
-3  =3 

_  .  CM  CM 3 j 3  
3  V̂k/ <n  to cfi  cn  in  in id  u)  n  r- _j  i  i  t 

O  —  CM r o ^ i n u ) K C D 0 ) O Z C M r o ^ i n ^ N c o c n g - ^ ^ a ^ ^ ^ c ^ ^ S -  

25 



EP  0  222  386  B1 

—  or  cr  cc  ce  g  §  \ \ \ \  

I n S S   \ \ \ \   Q- 

f  i  1  ^ N > 4   °-  r- 
!  9  x \ j   T  I 

t g l   \ \   CL 

to  ro  co  co  \   \   Q_ ~  \ \  ^>C^3«5W  30J  \  N 
S l   =  g £   | |   \ \   a .  

i i   
v  ^ p ^ \ \   Q. 

=  j  ! 

T  O  O  i  CL  :: 
CD  !  j 

jB  o   o_ 
3<5^^S/  -2  2?  ,  3  <=*  3  \  \  -3  \ 

1  cc  ce  cc  ce  ccEe  S  2  S  S  \  \  

!  1   :: 

.  3  \   \   \   \  

i  §  ^   1  
S  \ \   ! 

3  |  \ \  
j  v \   °-  

-~  =»  ^  \   \  ro  cm  cm  \   n  n cc  cc  \  \   U_ 

CM  CM  CM  g  CO  X \   ^  

^  cc  cc  cc  cc  \ \  
- l o   3 ^ , 5 ^ 5 2   a0*  3c*  sen  =jcv3Cv=j<=>j  "3N  \ 

26 



S 2 I   
_  

8Z   
_  

2 2  

- A  



1   I 

3 

CM 



A  

i 



EP  0  222  386  B1 

F I G .   1 3  

MODE  I  2  3  4  

NUMBER  OF  «  «  *  0  
AUDIO  SIGNALS  *  *  *  *  

SAMPLING 
FREQUENCY  4 8 K H z   3 2 K H z   3 2 K H Z   4 4 .   1  K H z  

NUMBER  OF  |fi  ,o  , «  
QUANTIZATION  ,b   l b   l b  

NUMBER  O F  
STANDARD  DATA  2 8 8 0   1  9 2 0   2 8 8 0   2 6 4 6  

IN  F R A M E  

30 



CM  <* —  a 

=  1  

£  I  
—  a  

co  *  

5 
3  :: 
) 

CM in 

i  ir> :  cc 

i  m i  -J 

: 
i  -i 

i  ro :  cc 

J2  m °=  ce 

—  1  —i 

S £  

«v  ro 
□  3  

I 
I 

to  to cc  eel 

j: —  c 
0 

—  (/ 
1- 
a  

—  C£ 
■  "  tv 

1  
ac 
<3 
ii 
v 

I  

3 
J 



s  

s  

I I 



co" 
CVJ 

m 
OJ 

5  

co  ~ 
CO  £  
CE  - 

<  - 

o  _ 
3  
m 

OJ in 

B r o  
O  CO 

o  *t 

m  »  

Csl  OJ 
o  <x 

co  g  g o e  

<  <t  g  o c  

P  

JZ o  

i i 
..i 

i 
i 

V 

M 





EP  0  222  386  B1 

F I G .   1 8  

BLOCK  ADDRESS 

L  
BLOCK  ADDRESS 

0  . . 5 l l 5 2   —   —   7 5   7 6 -   1 - I 2 7  

P C M   C2  P C M  
AUDIO  DATA  DADin.v  AUDIO  DATA 
( E V E N -   PARITY  ( O D D -  

NUMBERED  NUMBERED 
TERM)  T E R M )  

C|  P A R I T Y  

F I G .   1 9  

BLOCK  A D D R E S S  

BLOCK  ADDRESS 

0 —   II  12  I I 5 I I I 6 H I 7  

c2   P C M   AUDIO  DATA  C 2  
PARITY  (  EVEN  -  i  (ODD-  PARITY 

NUMBERED  i  NUMBERED 
TERM)  J  T E R M )  

C|  P A R I T Y  

35 



EP  0  222  386  B1 

F I G .   2 0  

BLOCK  A D D R E S S  

3 2 !  

8 ^  

e r a  

BLOCK  ADDRESS 

0  - ^ 2 3 i 2 4   -  I 2 7  
i 

c 2   ! 

PARITY  P C M   AUDIO  DATA 

( E V E N -   !  ( O D D -  
NUMBERED  j  NUMBERED 

TERM)  j  T E R M )  

C|  P A R I T Y  

F I G .   2 1  

8 ^  

cr  q  

BLOCK  ADDRESS 
BLOCK  ADDRESS 

1  03   i  104  —   1 2 7  

i 

P C M   AUDIO  DATA 

E N -   !  ( O D D -  
IBERED  NUMBERED 
TERM)  T E R M )  

(  E V E N -  
NUMBERED 

T E R M )  

C|  P A R I T Y  

C 2  

P A R I T Y  

36 



L t O Q  
LUOO CL  £5 

CO. 

>  

s s  

OJ  '  CO 
'  o   — 

CL  CD 
CM  <  — 
 ̂ Q  <  CM 

C£  
<  

^   g  8  

o l u b   >-  co  , n <  

>  O.  CM  =;  * 0  
3  $  

j   
<  5   co  g <  

>  CD  QCO 

coco 

37 

,<  CL  CD 



EP  0  222  386  B1 

F I G .   2 2  

BLOCK  ADDRESS 

0 ~ l   I H 2 -  6 3 I 6 4 —   7 S 7 6 -  

BLOCK  ADDRESS 
£ 

C 2  

PARITY 

P C M  
AUDIO  DATA 

( E V E N -  
NUMBERED 
TERM  ) 

C 2  

=>ARITY 

P C M  
AUDIO  DATA 

( O D D -  
NUMBERED 
TERM  ) 

P A R I T Y  

TO 
MOD.  3 6 -  

Z> 
O  
cr 
o  

§  
LU 
CO 

2 5  

F I G .   2 3  

[ROM  GEN.  2  1  FROM  BUS.  1  4  

1  ,  1.  _,  ,  , H A L L E L /  
RIAL 
'NVERTER^ 

^  h  KOM  -  
/   TIMING 

GEN.  21 

SYNC  SIGNAL 
GENERATOR 

6 2  

INTERLEAVE 
BLOCK 

ADDRESS 

S-63  

DATA  BLOCK 
ADDRESS 

^ 6 4  

ID  CODE 

0  P  CODE 

PARITY 
GENERATOR 

6 5  

I / K 3 6  

K 6 r  

2 4 / C 0 N T R 0 L   SIGNAL 
GENERATOR 

38 



EP  0  222  386  B1 

F I G .   2 5  

W I  

7 4 ^   A D D R E S S ^   O X X X   X X O O  

7 8 -   - -   ID  SIGNAL  I  2 o D E N   I D " * '   T D " * 2  

7 5 —   X S ^ I f *   0  x  
.  

x  
.  

x  x  
.  

x  o  \ 

7 9   ID  SIGNAL  I  C0DE°N  I D _ 3   1 0 - 4  

7 6 -   a t S r e I ^   0  x  
.  

X  
.  

x  x  x  .  0  

8 0 -   ̂   ID  SIGNAL  1  C 0 D E N   I D " 5   I D " 6  
■  i  t  ■ 

7 7 ~   A D D R E S S * *   0  X . X . X   X . X   1  
.  

' 

8 I ~ ~   ID  SIGNAL  1  C0DE°N  1 0 - 7   1 0 - 8  
J  1  I  I  I  I  I 
M S B   L S B  

F I G .   2 6  

M S B  W 2  

7 0  

L S B  

0 0 0 0 0 0 0 0  
1  1  1  1  1  . .  

0  0  0  0  0  0  0  1 

0  0  0  0  0  0  1  0  
1  1  1  1  1  1  1 

0  0  0  0  0  0  1  1 

0  0  0  0  0  1  0  0  

0  0  0  0  0  1  0  1 
1  1  1  1  1  1  1 

0  

2  

3  

4  

5  

i  i 

1  1 2 7  

39 



EP  0  222  386  B1 

F I G .   2 7  

^ . 6 9   ^ 7 0  

W I   W 2  

6 9   —  I  —   I D - I   I D - 2   ^ r e s S )   ° , X . X . X . X . 0 . 0 . 0  

6 9 - 2 —   DATA  BLOCK  ADDRESS  0  X  X  X  X  0  0  I 
■  i  i  i  i  i 

6 9 - 3 - -   I D - 3   I D - 4   ( a B d r | s S )   ° . X . X . X . X . 0 . , , °  

6 9 - 4 — .   DATA  BLOCK  ADDRESS  0  X  X  X  X  0  1  1 
i  t  i  i  i  i  t 

6 9 - 5 -   I D - 5   I D - 6   C  ADDREfsS  )  
0  X . X . X   X . l . ° . °  

6 9 "   6   —   DATA  BLOCK  ADDRESS  0  X  X  X  X  1  0  1 
_ _ _ _ _ _ _ _ _ _ _ _ _ _ _ _   — —   —  *  ■  *  1  ■ 

6 9 - 7 —   I D - 7   I D - 8   ( ^ E E S S )   O  X  X  X  X  I  I  O  

6 9 - 8 ^   DATA  BLOCK  ADDRESS  0  X  X  X  X  1  1  1 

M S B   L S B   M S B   L S B  

40 



EP  0  222  386  B1 

F I G .   2 8  

/  
7 0  

W 2  

1  2 6   I  I  I  I  I  I  I  0  

1  2 7   I  I  I  I  I  I  I I  

0  0 0 0 0 0 0 0 0  

1  0  0  0  0  0  0  0  I 

! !   /  

1 2 6   0  I  I  I  I  I  I  0  

1  2 7   0  I  I  I  I  I  I  I 

0  I 0 0 0 0 0 0 0  

1  I  0  0  0  0  0  0  I 

!  I   \ 

1  2 6   I  I  I  I  I  I  I  0  

1  2 7   I  I  I  I  I  I  I  I 

0  0 0 0 0 0 0 0 0  

1  0  0  0  0  0  0  0  I 

BLOCK  S E T  
7 0 - I  

BLOCK  S E T  
4 - 7 0 - 2  

M S B  L S B  

41 



i   S i  

S c r  
<Q-  ! 


	bibliography
	description
	claims
	drawings

