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@  Data  transmission  and  recording. 

(g)  A  data  transmission  apparatus  capable  of  selecting  a  first 
mode  in  which  one  data  word  is  made  up  of  m  bits  with  a 
predetermined  sampling  frequency  and  a  second  mode  in 
which  one  data  word  is  composed  of  n  bits  (m  >  n)  with  the 
same  sampling  frequency,  comprises  an  insertion  circuit  (13) 
for  inserting  bits  (dummy  data)  of  (m  -  n)  bits  into  the  data 
words  of  n  bits  before  encoding,  an  error  correction  encoder 
(15)  commonly  used  for  the  first  and  second  modes,  a  circuit 
(16)  for  eliminating  the  inserted  (m  -  n)  bits  from  the  data,  and 
an  adder  (18)  for  adding  a  block  synchronization  signal  to  the 
data  prior  to  transmission  or  recording. 
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Description 

DATA  TRANSMISSION  AND  RECORDING 

This  invention  relates  to  data  transmission  and 
recording,  and  more  particularly  to  data  trans- 
mission  apparatus  capable  of  operating  in  either  of  5 
two  modes,  to  apparatus  for  receiving  data  so 
transmitted,  and  to  apparatus  for  recording  pulse 
code  modulated  (PCM)  audio  signals. 

In  the  case  of  an  8-mm  video  tape  recorder  (VTR), 
an  audio  signal  is  recorded  by  mixing  it  with  a  colour  10 
video  signal  such  that  the  audio  signal  is  separated 
in  terms  of  frequency  from  the  colour  signal  when 
both  are  subjected  to  frequency  modulation,  or  as 
an  alternative,  the  audio  signal  can  be  subjected  to 
PCM  and  separated,  in  terms  of  recording  location,  15 
from  the  colour  signal,  and  in  both  cases  the 
recording  can  be  made  with  each  track  comprising 
both  signals. 

Figure  1  shows  one  example  of  a  rotary  head 
device  of  an  8-mm  VTR,  and  figure  2  shows  its  tape  20 
format. 

In  the  device  of  Figure  1,  rotary  magnetic  heads 
HA  and  HB  for  recording  and  reproducing  have 
different  azimuth  angles,  are  angularly  spaced  at 
180°,  and  are  rotated  in  the  direction  3H  at  a  25 
frequency  (30  Hz)  on  a  drum  1  from  the  circum- 
ference  of  which  they  project  slightly.  A  magnetic 
tape  2  is  wrapped  around  the  drum  1  over  an  angular 
range  of  221  °  ,  and  runs  at  a  constant  speed  in  the 
direction  3T.  30 

Oblique  tracks  4A  and  4B  having  a  length 
corresponding  to  221°  are  therefore  formed  alter- 
nately  on  the  tape  2  by  the  heads  HA  and  HB  as 
shown  in  Figure  2,  and  a  signal  is  recorded.  In  an 
area  AP  of  the  tracks  4A  and  4B  corresponding  to  an  35 
angular  range  of  about  36°  from  the  time  when  the 
heads  HA  and  HB  start  scanning,  and  containing  a 
margin  for  after-recording  and  a  guard  band  for 
distinguishing  between  the  area  AP  and  an  area  AV, 
an  audio  signal  associated  with  one  field  of  a  video  40 
signal  is  recorded  in  a  PCM  time-compressed  state. 
In  the  subsequent  area  AV  corresponding  to  an 
angular  range  of  180°,  a  colour  video  signal  of  one 
field,  a  frequency  modulated  (FM)  audio  signal  and  a 
signal  for  tracking  are  recorded.  The  FM  audio  signal  45 
is  mixed  in  a  lower  frequency  band  than  the  colour 
video  signal.  The  remaining  5°  is  left  as  an  allowance 
period  for  the  separation  of  the  heads  HA  and  HB 
from  the  tape  2.  Figure  3  shows  a  track  format  for 
recording  a  PCM  audio  signal  on  areas  AP2  to  AP6  50 
respectively  which  are  formed  by  dividing  the  area 
AV  (Figure  2)  into  angular  ranges  of  36°,  thereby 
enabling  recording  of  six  audio  channels  in  the  areas 
AP1  to  AP6. 

The  recording  system  of  Figures  2  and  3  is  further  55 
described  in  US  patent  specification 
US-A-4  542  419. 

The  PCM  audio  signal  in  the  above-mentioned 
8-mm  VTR  has  8-bit  words  and  is  slightly  inferior  in 
terms  of  performance  as  compared  with  a  compact  60 
disc  (CD)  or  a  digital  audio  tape. 

As  performance  of  magnetic  tape  as  a  recording 
medium  is  improved,  and  without  extending  the  PCM 

area  AP  beyond  the  existing  angular  range  of  36°  , 
audio  data  having  12-bit  words  can  be  recorded  at  a 
sampling  frequency  of  48  kHz  on  metal  power  tape 
(MP  tape)  comprising  metal  power  and  a  binder,  and 
audio  data  having  16-bit  words  can  be  recorded  at 
the  sampling  frequency  of  48  kHz  on  metal  evap- 
orated  tape  (ME  tape). 

Thus,  the  number  of  bits  per  word  of  the  audio 
data  can  be  increased.  In  this  case,  it  is  convenient 
for  a  user  if  he  can  select  either  of  two  modes  for 
recording  12-bit  audio  data  (MP  mode)  or  16-bit 
audio  data  (ME  mode). 

However,  although  the  adoption  of  two  such 
modes  is  possible,  the  processing  system  for  12-bit 
data  and  16-bit  data  must  be  provided  separately, 
with  a  consequent  undesired  increase  in  hardware. 

A  previously  proposed  digital  audio  tape  recorder 
(DAT)  is  constructed  so  that  it  can  assume  a  16-bit 
mode  and  a  12-bit  mode.  In  the  case  of  such  a  DAT, 
the  sampling  frequency  fs  is  48  kHz  in  the  16-bit 
mode,  and  32  kHz  in  the  12-bit  mode,  in  which  the 
speed  of  the  magnetic  tape  and  the  speed  of  the 
rotary  head  drum  are  reduced  to  half  to  permit 
longer  recording.  Specifically,  although  the  bit 
period  of  serial  data  is  13  |i.sec  in  the  case  of  fs  =  48 
kHz  and  16-bit  words,  the  bit  period  of  the  serial  data 
is  26  jxsec  in  the  case  of  fs  =  32  kHz,  and  12-bit 
words.  If  the  speed  of  the  tape  and  the  drum  are 
reduced  to  half,  the  recording  wavelength,  that  is, 
the  transmission  bit  rate  per  bit  on  the  tape  can  be 
kept  identical. 

In  a  DAT,  increase  in  the  amount  of  hardware  is 
prevented  by  common  use  of  an  error  correction 
encoder,  decoder,  etc.  in  the  two  modes  as  now 
described. 

Figure  4  shows  a  code  structure  of  a  PCM  audio 
signal  and  redundant  data  of  the  error  correction 
code  which  are  recorded  on  one  segment  formed  by 
one  scan  of  a  rotary  head. 

In  Figure  4  each  vertical  column  of  the  two-dimen- 
sional  array  comprises  one  block,  and  M  blocks  are 
arranged  in  the  horizontal  direction.  A  PCM  audio 
signal  in  one  block  is  composed  of  N  words.  An  error 
detection  code  C1  is  added  to  each  block  in  the 
vertical  direction  of  the  array,  and  an  error  correction 
code  C2  is  added  in  the  horizontal  direction.  An 
n-word  check  mode  P  of  the  error  detection  code  C1 
is  contained  in  each  column,  and  the  error  detection 
code  C1  also  relates  to  an  m-word  check  code  Q  of 
the  error  correction  code  C2. 

In  this  case,  the  sizes  of  the  two-dimensional 
arrays  over  which  the  encoding  of  C1  and  C2  is  done 
are  the  same  for  the  12-bit  mode  and  the  16-bit 
mode.  Also,  the  length  of  one  block  data  which  is 
one  code  sequence  of  the  code  C1  is  selected  to  be 
the  least  common  multiple  L  of  16  and  12,  multiplied 
by  an  integer,  and  the  number  of  bits  per  block  is 
made  the  same  in  both  modes.  In  the  case  of  the 
16-bit  mode,  the  16-bit  words  comprise  an  upper 
(that  is,  more  significant)  eight-bit  symbol  and  a 
lower  (that  is,  less  significant)  eight-bit  symbol  to 
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code  C2  in  the  horizontal  direction  is  composed  of 
symbols  which  occur  every  four  bytes.  Conse- 
quently  one  row  in  the  horizontal  direction  has  four 
sequences  for  the  error  correction  code  C2.  For 

5  example,  one  sequence  of  the  code  C2  is  formed  by 
a  (25,  20,  6)  Reed-Solomon  code  having  a  five-byte 
check  code  per  sequence.  A  check  code  Q  of  a  total 
of  20  bytes  for  four  sequences  is  added  to  the  left  of 
each  row  of  the  PCM  audio  data  as  shown  in  Figure 

10  6A. 
In  addition,  in  the  12-bit  mode,  as  shown  by  circles 

O  in  Figure  6B,  one  sequence  of  the  error 
correction  code  C2  is  composed  of  symbols  which 
lie  every  three  bytes  to  make  one  row  in  the 

15  horizontal  direction.  One  sequence  of  the  code  C2  is 
formed  by  a  (25,  20,  6)  Reed-Solomon  code  in  a 
manner  similar  to  the  16-bit  mode,  and  a  five-byte 
check  code  Q  is  developed  per  one  sequence.  A 
check  code  of  a  total  of  15  bytes  is  added  to  the  left 

20  of  the  audio  PCM  data  as  indicated  in  Figure  6B. 
In  this  case,  the  number  of  bytes  of  audio  data 

corresponding  to  one  field  period  to  be  recorded  in 
the  area  AP  on  a  tape  becomes: 

form  an  error  correction  code,  and  in  the  case  of  the 
12-bit  words,  as  shown  in  Figure  5,  exactly  the  same 
error  correction  encoding  process  as  the  case  of  the 
16-bit  words  is  performed  after  allotting  its  upper 
eight  bits  and  lower  four  bits. 

This  permits  the  common  use  of  the  error 
correction  encoder  and  the  error  correction  decoder 
in  both  modes,  so  preventing  an  increase  in  the 
hardware  (see  US  patent  specifications 
US-A-4  688  225  and  US-A-4  758  907. 

Therefore,  in  an  8-mm  VTR  consideration  has 
been  given  to  a  method  of  using  a  conversion  table 
for  16  bits  and  12  bits  of  said  DAT  when  recording 
and  reproduction  of  audio  data  of  both  the  ME  mode 
(16-bit  mode)  and  the  MP  mode  (12-bit  mode)  are 
effected  in  the  PCM  audio  area  AP. 

However,  in  the  case  of  an  8-mm  VTR,  the 
sampling  frequency  of  the  audio  signal,  the  transport 
speed  of  the  magnetic  tape  and  the  rotational  speed 
of  the  rotary  heads  are  not  changed  with  the  12-bit 
and  16-bit  modes.  The  recording  is  made  in  the  PCM 
audio  area  AP  with  an  adequate  recording  wave- 
length  per  bit  depending  on  the  tape  type  (ME/MP), 
and  the  transmission  bit  rate  is  not  the  same  in  both 
modes  as  it  is  in  a  DAT.  As  a  result,  the  sizes  of  the 
two-dimensional  arrays  of  the  PCM  audio  signal  are 
different  in  the  two  modes. 

For  example,  Figures  6A  and  6B  show  respective 
examples  of  a  two-dimensional  array  of  error 
correction  blocks  of  a  one-word-1  6-bit  mode  and  a 
one-word-1  2-bit  mode  for  NTSC.  The  arrays  are 
stored  in  a  memory.  Numerals  in  the  drawing  show 
the  byte  number  (one  byte  =  8  bits  =  1  symbol), 
each  column  in  the  vertical  direction  is  one  block 
having  (4  +  40  +  4  =  48  bytes  =  48  symbols  =  8 
symbols  +  20  words),  and  this  is  maintained 
unchanged  in  both  modes.  Consequently,  a  circuit 
for  adding  the  block  synchronization  signal  or  block 
address  data  can  have  the  same  structure  in  both 
modes.  In  the  drawing,  a  header  comprising  the 
block  synchronization  signal  and  block  address  data 
is  indicated  in  the  case  where  the  header  is  added  to 
each  block.  The  detail  of  the  construction  of  the 
block  shown  in  Figure  6A  is  described  in  our  US 
patent  application  252,807  filed  on  30  September 
1988.  Each  block  in  the  case  of  the  12-bit  mode  is 
handled  as  symbol  data  for  every  eight  bits  by  a 
conversion  table  in  a  manner  similar  to  the  above- 
mentioned  DAT. 

In  this  way,  if  the  length  of  each  block  in  the 
vertical  direction  of  the  array  of  PCM  audio  signals  is 
selected  to  have  a  common  value  (48  bytes  in  the 
drawings)  for  the  16-bit  mode  and  the  12-bit  mode, 
the  number  of  bytes  in  the  horizontal  direction 
become  different  since  the  number  of  words  (not  the 
number  of  bits)  contained  in  the  arrays  are  the  same 
in  both  modes.  However,  in  the  following  manner,  it 
is  possible  to  keep  the  format  of  the  error  correction 
code  unchanged. 

Specifically,  the  number  of  symbols  of  audio  data 
in  the  horizontal  direction  is  80  bytes  in  the  16-bit 
mode  in  this  example,  and  the  number  is  selected  to 
be  12/16  =  3/4  of  80  bytes  =  60  bytes  in  the  12-bit 
mode.  In  the  16-bit  mode,  as  shown  by  a  circle  O  in 
Figure  6A,  one  sequence  of  the  error  correction 

25 48000  x  16  x  2 
59.94  x  8 =  3202 .2  

when  the  sampling  frequency  is  48  kHz,  each  word  is 
30  16  bits,  and  two  channels  (left  and  right  channels) 

are  employed  in  the  case  of  an  NTSC  signal.  As  a 
result,  3204  bytes  are  needed.  However,  in  the  case 
of  Figure  6A,  40  x  80  =  3200  bytes  are  needed,  so 
there  is  a  remainder  of  4  bytes.  The  4-byte  data  can 

35  be  dealt  with  adequately  by  inserting  it  into  the 
header.  The  technique  described  in  the  above-men- 
tioned  US  patent  application  252,807  can  be  em- 
ployed  for  inserting  four  symbols  in  the  header. 

The  error  correction  code  C1  in  the  vertical 
40  direction  is  the  same  for  both  modes,  and  a  (44,  40, 

5)  Reed-Solomon  code,  for  example,  is  used. 
In  this  way  the  formats  of  the  error  correction 

codes  in  the  two  modes  can  be  made  identical,  and  a 
common  addition  circuit  can  be  used  for  adding  the 

45  header  containing  a  block  synchronization  signal 
and  address  data. 

However,  as  clear  from  Figures  6A  and  6B,  the 
block  structure  of  the  two-dimensional  array  for 
error  correction  is  different  for  the  16-bit  mode  and 

50  the  12-bit  mode.  For  this  reason,  different  proces- 
sors  are  needed  for  the  respective  modes,  which 
results  in  an  excessive  hardware  requirement. 

According  to  the  present  invention  there  is 
provided  data  transmission  apparatus  capable  of 

55  selecting  a  first  mode  in  which  one  data  unit  is  made 
up  of  m  bits  and  a  second  mode  is  which  one  data 
unit  is  made  up  of  n  bits  (m  >  n)  with  the  same 
sampling  frequency,  the  apparatus  comprising: 
error-correction  encoding  means  commonly  used 

60  for  the  first  and  second  modes; 
insertion  means  for  inserting  (m  -  n)  insertion  bits  of 
dummy  data  into  said  data  unit; 
elimination  means  for  eliminating  said  (m  -  n)  inser- 
tion  bits  from  the  data  unit;  and 

65  addition  means  for  adding  header  information  in- 
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eluding  at  least  a  block  synchronization  signal  to  the 
data; 
in  said  first  mode,  m-bit  data  units  are  subjected  to 
an  encoding  process  at  said  error-correction  encod- 
ing  means,  a  block  synchronization  signal  for 
one-unit-m-bits  data  is  added  for  every  block  of  the 
encoded  data  at  said  addition  means,  and  data  from 
the  addition  means  is  transmitted;  and 
in  said  second  mode,  said  insertion  bits  are  inserted 
in  each  data  unit  of  one-unit-n-bits  data,  at  said 
insertion  means  so  as  to  make  one-unit-m-bits  data, 
said  data  are  subjected  to  an  encoding  process  at 
said  error-correction  encoding  means,  said  insertion 
bits  are  eliminated  from  said  encoded  data  at  said 
elimination  means  to  return  them  to  one-unit-n-bits 
data,  data  from  said  elimination  means  is  supplied  to 
said  addition  means,  a  block  synchronization  signal 
for  one-unit-n-bits  data  is  added  for  every  block  of 
the  encoded  data  at  said  addition  means,  and  data 
from  the  addition  means  is  transmitted. 

According  to  the  present  invention  there  is  also 
provided  apparatus  for  receiving  data  selectively 
transmitted  in  a  first  mode  in  which  one  unit  is  made 
up  of  m  bits  or  in  second  mode  in  which  one  unit  is 
made  up  of  n  bits  (m  >  n)  with  the  same  sampling 
frequency,  the  apparatus  comprising: 
switching  signal  generating  means  for  detecting 
whether  the  received  data  are  first  mode  data  or 
second  mode  data  and  generating  a  mode  switching 
signal  in  dependence  thereon; 
insertion  means  for  inserting  (m  -  n)  insertion  bits  of 
dummy  data;  error-correction  decoding  means  used 
commonly  for  the  first  and  modes;  and 
elimination  means  for  eliminating  the  (m  -  n)  inser- 
tion  bits  from  the  data; 
when  the  first  mode  is  selected  by  said  mode 
switching  signal,  the  received  data  are  subjected  to 
an  error-correction  decoding  process  at  said  error- 
correction  decoding  means,  and  one-unit-m-bit  data 
are  decoded;  and 
when  the  second  mode  is  selected  by  said  mode 
switching  signal,  the  received  data  are  supplied  to 
said  insertion  means  so  that  said  insertion  bits  are 
inserted  in  every  unit  of  the  one-unit-n-bit  data  to 
make  one-unit-m-bit  data,  these  data  are  supplied  to 
said  error-correction  decoding  means  and  decod- 
ing-processed,  the  decoding-processed  data  are 
fed  to  said  elimination  means  and  said  insertion  bits 
are  eliminated  so  as  to  decode  the  one-unit-n-bit 
data. 

According  to  the  present  invention  there  is  also 
provided  apparatus  for  recording  a  PCM  audio  signal 
on  a  magnetic  tape  medium  by  magnetic  heads,  and 
capable  of  selecting  a  first  mode  in  which  one  unit  is 
made  up  of  m  bits  and  a  second  mode  in  which  one 
unit  is  made  up  of  n  bits  (m  >  n)  with  the  same 
sampling  frequency,  the  apparatus  comprising: 
error-correction  encoding  means  used  commonly 
for  the  first  and  second  modes; 
insertion  means  for  inserting  (m  -  n)  insertion  bits  of 
dummy  data  into  said  unit  data; 
elimination  means  for  eliminating  said  (m  -  n)  inser- 
tion  bits  from  the  data;  and 
addition  means  for  adding  header  information  in- 
cluding  at  least  a  block  synchronization  signal  to  the 

data; 
in  said  first  mode,  data  whose  units  are  of  m  bits  are 
subjected  to  an  encoding  process  at  said  error-cor- 
rection  encoding  means,  a  block  synchronization 

5  signal  for  one-unit-m-bit  data  is  added  for  every 
block  of  the  encoding-processed  data  at  said 
addition  means,  and  data  from  the  addition  means 
are  transmitted;  and 
in  said  second  mode,  said  insertion  bits  are  inserted 

10  in  each  unit  of  one-unit-n-bit  data  at  said  insertion 
means  so  as  to  form  one-unit-m-bit  data,  said  data 
are  supplied  to  said  error  correction  encoding 
means  and  subjected  to  an  encoding  process,  said 
insertion  bits  are  eliminated  from  said  encoding-pro- 

15  cessed  data  at  said  eliminating  means  to  return  the 
data  to  one-unit-n-bit  data,  data  from  said  elimina- 
tion  means  are  supplied  to  said  addition  means,  a 
block  synchronization  signal  for  one-unit-n-bit  is 
added  for  every  block,  and  data  from  the  addition 

20  means  are  transmitted  to  said  magnetic  heads  (HA, 
HB)  and  recorded. 

In  accordance  with  one  aspect  of  the  invention,  a 
data  transmission  apparatus  capable  of  selecting  a 
first  mode  in  which  one  data  word  is  made  up  of  m 

25  bits  with  a  predetermined  sampling  frequency  and  a 
second  mode  in  which  one  data  word  is  composed 
of  n  bits  (m  >  n)  with  the  same  sampling  frequency, 
comprises  error  correction  encoding  means  com- 
monly  used  for  the  first  and  second  modes,  insertion 

30  means  for  inserting  bits  (dummy  data)  of  (m  -  n)  bits 
into  the  data  words  of  n  bits,  means  for  eliminating 
the  inserted  (m  -  n)  bits  from  the  data,  and  means  for 
adding  a  block  synchronization  signal  to  the  data. 

In  accordance  with  another  aspect  of  the  inven- 
35  tion,  a  data  reception  apparatus  for  receiving 

transmission  data  from  said  data  transmission 
apparatus,  comprises  synchronization  detection 
means  for  detecting  the  block  synchronization 
signal  from  the  transmission  data,  switching  siganl 

40  generating  means  for  deciding  whether  the  detected 
block  synchronization  signal  is  a  first  block  syn- 
chronization  signal  or  a  second  block  synchroniza- 
tion  and  generating  a  mode  switching  signal, 
insertion  means  for  inserting  bits  (dummy  data)  of 

45  (m  -  n)  bits,  error  correction  decoding  means  used 
commonly  for  the  first  and  second  modes,  and 
elimination  means  for  eliminating  the  inserted  bits 
(dummy  data)  of  (m  -  n)  bits  from  data. 

The  switching  signal  generating  means  can  com- 
50  prise  means  for  generating  a  mode  switching  signal 

by  decoding  an  identification  code  when  an  identifi- 
cation  code  for  the  first  mode  and  the  second  mode 
has  been  added  to  the  data. 

In  an  embodiment  of  data  transmission  apparatus 
55  according  to  the  invention,  in  the  case  of  the  first 

mode,  data  in  which  one  word  is  composed  of  m  bits 
is  subjected  to  an  encoding  process  at  said 
error-correction  encoding  means,  a  block  syn- 
chronization  signal  for  one-word-m-bits  is  added  for 

60  every  block  of  the  encoding-processed  data  at  said 
addition  means  and  data  from  the  addition  means  is 
transmitted.  In  the  case  of  the  second  mode,  said 
inserted  bits  (dummy  data)  are  inserted  for  one  word 
of  one-word-n-bit  data  at  said  insertion  means  so  as 

65  to  make  one-word-m-bit  data,  these  data  are 
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terminal  B  by  the  mode  switching  signal  MDR  in  a 
one-word-12-bits  mode  (hereinafter  called  the  "B 
mode"  or  "MP  mode").  The  mode  switching  signal 
MDR  results,  for  example,  from  a  user  operating  a 

5  switch,  and/or  a  metal  powder  tape  and  a  metal 
evaporated  tape  can  be  distinguished  automatically 
by  an  identification  means  such  as  a  hole  in  the 
cassette,  and  the  mode  switching  signal  MDR  is 
then  automatically  supplied  in  response  to  the 

10  output  of  the  identification  means. 
SW1  is  a  switch  circuit  for  switching  manually  or 

automatically  between  digital  and  analogue  input 
audio  data. 

Digital  audio  data  derived  from  a  CD,  DAT  or  the 
15  like  is  supplied  to  a  terminal  DT  of  the  switch  circuit 

SW1  through  an  input  terminal  5D.  The  digital  audio 
data  is  two-channel  data  for  right  and  left  channels 
and  is  parallel  data,  consisting  of  16-bit  words  with  a 
sampling  frequency  of  48  kHz. 

20  An  analogue  audio  signal  derived  from  an  FM 
tuner,  television  receiver,  microphone  or  the  like  (left 
and  right  channels)  is  supplied  to  an  analogue-to- 
digital  (A/D)  converter  1  1  through  an  input  terminal 
5A,  sampled  at  the  sampling  frequency  of  48  kHz, 

25  converted  to  16-bit  word  parallel  data,  and  supplied 
to  a  terminal  AD  of  the  switch  circuit  SW1. 

The  A  mode  will  be  described  first. 
16-bit  word  data  from  the  switch  circuit  SW1  is 

supplied  to  a  word/symbol  converter  14  through  the 
30  switch  circuits  MS1  and  MS2,  and  is  converted  into  a 

symbol  comprising  upper  and  lower  eight  bits.  The 
symbol  data  is  supplied  to  an  error  correction 
encoder  15  and  subjected  to  an  error-correction 
encoding  process  on  a  Galois  field  GF  28. 

35  Figures  9A  and  9B  show  a  two-dimensional  array 
of  audio  data  of  one  field  to  be  recorded  in  a  PCM 
audio  area  AP  in  the  A  mode.  Figure  9A  is  suitable 
for  the  NTSC  system,  and  Figure  9B  is  suitable  for 
the  CCIR  system. 

40  In  Figure  9A  and  9B,  each  column  in  the 
longitudinal  direction  comprises  one  block,  90 
blocks  are  arranged  in  the  horizontal  direction  for 
NTSC,  and  109  blocks  are  arranged  in  the  horizontal 
direction  for  CCIR.  One  block  contains  a  36-symbol 

45  PCM  audio  signal,  so  the  arrays  shown  accept  3240 
symbols  (byte)  (3204  bytes  of  data  and  36  bytes 
reserve)  of  PCM  audio  signals  for  NTSC,  or  3888 
symbols  (3840  bytes  of  data  and  48  bytes  reserve)  of 
PCM  audio  signals  for  CCIR. 

50  An  error  correction  code  C2,  for  instance,  a  (44, 
46,  9)  Reed-Solomon  code  is  formed  in  the  diagonal 
direction  of  the  arrays  and  an  8-symbol  check  code 
R  is  derived  and  added  to  the  lower  side  of  the  PCM 
audio  signals.  In  this  example,  the  error  correction 

55  code  C2  in  the  diagonal  direction  sequentially 
contains  symbols  at  positions  shifted  by  two 
symbols  in  the  horizontal  direction  when  shifted  by 
one  symbol  in  the  longitudinal  direction,  in  the  NTSC 
system,  and  at  positions  shifted  by  three,  two,  three, 

60  two,  two,  this  sequence  repeating  in  the  horizontal 
direction,  when  shifted  by  one  in  the  longitudinal 
direction,  in  the  CCIR  system. 

For  every  block  in  the  longitudinal  direction  of  the 
array  an  8-symbol  check  code  R  of  the  error 

65  correction  code  C2  is  added  to  the  array,  and  an 

supplied  to  said  error  correction  encoding  means, 
subjected  to  an  encoding  process,  said  inserted  bits 
(dummy  data)  are  eliminated  from  the  encoding-pro- 
cessed  data  at  said  elimination  circuit  to  form 
one-word-n-bit  data,  data  from  the  eliminating  circuit 
is  supplied  to  said  addition  means,  a  block  syn- 
chronization  signal  for  one-word-n-bits  is  added  for 
every  block,  and  data  from  the  addition  means  is 
transmitted. 

In  an  embodiment  of  data  reception  apparatus 
according  to  the  invention,  when  the  first  mode  is 
selected  by  said  mode  switching  signal,  the  data 
from  said  synchronization  detection  means  is  sub- 
jected  to  an  error-correction  decoding  process  at 
said  error-correction  decoding  means,  and  one- 
word-m-bit  data  are  decoded,  and  when  the  second 
mode  is  selected  by  said  mode  switching  signal,  the 
data  from  said  synchronization  detection  means  are 
supplied  to  said  insertion  means  so  that  said 
inserted  bits  (dummy  data)  are  inserted  for  every 
word  of  the  one-word-n-bit  data  to  make  one-word- 
m-bit  data,  these  data  are  supplied  to  said  error-cor- 
rection  decoding  means  and  decoding  processed, 
and  decoding-processed  data  is  fed  to  said  elimina- 
tion  means  and  said  inserted  bits  (dummy  data)  are 
eliminated  so  as  to  decode  the  one-word-n-bit  data. 

The  invention  will  now  be  described  by  way  of 
example  with  reference  to  the  accompanying  draw- 
ings,  throughout  which  like  parts  are  referred  to  by 
like  references,  and  in  which: 

Figure  1  is  a  schematic  plan  view  of  an  8-mm 
VTR; 

Figures  2  and  3  show  magnetic  tape  recor- 
ding  formats; 

Figures  4  and  5  are  schematic  diagrams  for 
explaining  one  example  of  a  previously  pro- 
posed  data  transmission  or  reception  appara- 
tus; 

Figures  6A  and  6B  are  schematic  diagrams  of 
one  example  of  a  known  error  correction  code  ; 

Figure  7  is  a  block  diagram  of  an  embodiment 
of  data  transmission  apparatus  according  to  the 
present  invention; 

Figure  8  is  a  block  diagram  of  an  embodiment 
of  data  reception  apparatus  according  to  the 
present  invention; 

Figures  9A  and  9B  are  diagrams  of  data 
arrangements  in  a  first  mode; 

Figures  10A  and  10B  are  diagrams  of  data 
arrangements  in  a  second  mode; 

Figure  11  is  a  diagram  of  a  detailed  data 
arrangement; 

Figures  12A  to  12C  and  13  are  schematic 
diagrams  of  transmission  data;  and 

Figures  14A  to  14D  are  diagrams  for  explain- 
ing  encoding  and  decoding  processes. 

Figure  7  shows  an  embodiment  of  data  trans- 
mission  apparatus  in  which  the  invention  is  applied 
to  a  recording  system  for  PCM  audio  data  in  an 
8-mm  VTR. 

The  apparatus  comprises  mode  switching  circuits 
MS1  to  MS5,  each  of  which  is  switched  to  engage  a 
terminal  A  by  a  mode  switching  signal  MDR  from  a 
terminal  6  in  a  one-word-16-bits  mode  (hereinafter 
called  the  "A  mode"  or  "ME  mode"),  and  to  engage  a 
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error  detection  or  correction  code  C1  ,  for  example,  a 
(48,  44,  5)  Reed-Solomon  code  is  derived  to  add  a 
4-symbol  check  code  S  in  the  longitudinal  direction. 

A  4-byte  header  comprising  a  1-byte  block 
synchronization  signal  and  three  bytes  including  a 
block  address  signal  is  added  at  the  start  position  of 
each  block  in  the  longitudinal  direction,  and  one 
block,  for  example  block  P  having  a  structure  as 
shown  in  Figure  12A,  containing  header  information, 
is  added  by  an  adder  18  as  mentioned  later,  and  is 
not  added  in  the  encoding  process.  Alternatively, 
however,  the  header  may  be  added  in  the  encoding 
process  and  the  information  of  the  header  may  then 
be  error-encoding-processed  as  data. 

It  is  to  be  noted  that  the  error  correction  code  C2 
may  be  in  the  form  of  two  sequences  of  symbols 
alternating  in  the  longitudinal  direction,  with  a  (22, 
18,  5)  Reed-Solomon  code,  for  example,  applied  to 
the  respective  sequences.  In  this  way  the  load  on  an 
error  correcting  encoder  15  can  be  reduced. 

Additionally,  in  this  example,  even  number  data 
LOu,  LO£,  L2u,  L2£  ROu,  ROi,  R2u,  R20,  ...  of  the 
left  and  right  channel  audio  data,  and  odd  number 
data  Liu,  U£,  L3u,  13£  Rlu,  Rlf  ,  R3u,  R3̂ ,  ...  of  the 
left  and  right  channel  audio  data  are  separately 
arranged  in  the  left  and  right  sides  of  the  array  as 
shown,  in  which  suffixes  u  and  £  indicate  the  upper 
8-bit  symbol  and  the  lower  8-bit  symbol  of  the  16-bit 
word  respectively.  As  mentioned  later,  the  even 
number  data  and  the  odd  number  data  are  recorded 
at  separate  positions,  with  the  data  sequentially 
recorded  in  the  longitudinal  direction,  so  that  even  if 
either  the  even  number  data  or  the  odd  number  data 
is  lost  due  to  a  burst  error,  error  correction  can 
easily  be  effected  by  average  interpolation  using  the 
remaining  data. 

The  output  of  the  error  correction  encoder  15  is 
fed  to  a  8-10  modulator  17  through  the  switch 
circuits  MS3  and  MS4,  and  8-bit  symbol  data  are 
converted  into  10-bit  data.  The  output  of  the  8-10 
modulator  17  is  supplied  to  the  adder  18.  The  8-10 
modulator  17  is  provided  for  preventing  errors 
caused  by  a  dc  component  in  a  recording  data,  and 
generates  10-bit  data  with  a  reduced  dc  component. 

A  16-bit  block  synchronization  signal  SYNC  and 
an  address  signal  are  supplied  to  the  adder  18 
through  the  switch  circuit  MS5  from  a  header  signal 
generator  19  and  are  added  to  the  data.  Also,  an 
identification  signal  ID  for  distinguishing  the  A  mode 
from  the  B  mode  may  be  inserted  in  the  header 
signal  and  added  to  the  data. 

The  output  of  the  adder  18  is  supplied  to  a 
parallel-serial  converter  20  where  it  converted  into 
serial  data  sequentially  from  the  left  of  the  array  of 
Figure  9,  and  the  serial  data  are  supplied  to  rotary 
magnetic  heads  for  recording  on  a  magnetic  tape. 

The  B  mode  will  now  be  described. 
16-bit  word  data  from  the  switch  circuit  MS1  is 

supplied  to  a  16  to  12  compression  circuit  12  which 
for  example,  performs  non-linear  compression  for 
form  12-bit  word  data  which  is  supplied  to  an 
insertion  circuit  13.  In  the  insertion  circuit  13,  the 
4-bit  dummy  data,  that  is  0000  is  added  to  the  12-bit 
data  to  form  16-bit  data. 

In  this  case,  the  four  insertion  bits  are  added  to 

the  upper-bit  side  of  12-bit  word  as  shown  hatched 
in  Figure  12B.  As  a  result,  each  upper  symbol  is 
made  up  of  the  upper  four  bits  of  the  12-bit  word  and 
the  four  insertion  bits. 

5  The  16-bit  data  from  the  insertion  circuit  13  is 
supplied  to  a  word/symbol  converter  14  through  the 
switch  circuit  MS2,  where  they  are  converted  into 
symbol  data,  and  are  then  supplied  to  the  error 
correction  encoder  15  so  that  the  error  correction 

10  codes  C1  and  C2  can  be  added  in  a  similar  manner  to 
the  A  mode.  In  this  case,  since  the  data  with  the  four 
insertion  bits  added  has  the  same  two-dimensional 
array  as  in  the  A  mode  as  shown  in  Figure  10,  the 
data  contained  in  one  block  corresponds  to  27  bytes 

15  in  the  B  mode,  that  is  counting  only  data  and 
excluding  the  insertion  bits  (dummy  data).  In  Figure 
10,  27  bytes  in  the  longitudinal  direction  does  not 
include  the  dummy  data,  and  after  inserting  the 
dummy  data,  the  array  having  36  bytes  in  the 

20  longitudinal  direction  is  formed  in  a  memory  of  an 
error  correction  encoder  15. 

The  two-dimensional  data  array  contains  2430 
bytes  (2403  bytes  of  data  and  27  bytes  reserve)  in 
NTSC  as  shown  in  Figure  10A,  and  2916  bytes  (2880 

25  bytes  of  data  and  36  bytes  reserve)  in  CCIR  as 
shown  in  Figure  10B.  The  reserve  bytes  are  provided 
to  identify  the  character  of  the  PCM  audio  signal. 

Data  from  the  error  correction  encoder  15  are 
supplied  to  an  insertion-data  eliminating  circuit  16 

30  through  the  switch  MS3  for  the  elimination  of  the 
four  insertion  bits.  As  a  result,  from  the  eliminating 
circuit  16,  block  data  comprising  12-bit  words 
(27-byte  data  and  parities  R,  S)  are  obtained  as 
shown  in  Figure  12C,  which  are  supplied  to  the  8-10 

35  modulator  17  through  the  switch  circuit  MS4, 
converted  into  10-bit  data,  and  then  supplied  to  the 
adder  18.  In  the  B  mode,  a  12-bit  block  synchroniza- 
tion  signal,  etc.  are  produced  by  a  header  signal 
generator  21  for  each  block,  and  are  supplied  to  the 

40  adder  18  through  the  switch  circuit  MS5  and  added 
to  the  data.  The  output  signal  of  the  adder  18  is 
recorded  together  with  a  video  signal  after  being 
passed  through  the  parallel-serial  converter  20. 

As  described  above  the  four  insertion  bits  are 
45  added  on  the  side  of  the  upper  bits  of  a  12-bit  word, 

but  as  an  alternative  they  can  be  added  on  the  side 
of  the  lower  bits  of  the  12-bit  word. 

In  addition,  as  indicated  by  hatching  in  Figure  13, 
the  insertion  bits  may  be  added  so  that  they  are 

50  added  on  the  lower-bit  side  of  odd  number  words 
and  on  the  upper-bit  side  of  even  number  words 
(that  is,  words  having  odd  and  even  addresses 
respectively  in  the  block. 

One  effect  of  the  8-10  modulation  is  error 
55  reduction  in  the  process  of  error  correction  encod- 

ing  and  decoding.  Referring  to  Figure  14,  the 
explanation  of  this  is  as  follows. 

Figure  14A-a  shows  the  case  of  inserting  the 
dummy  data  (the  hatched  portion)  only  at  the 

60  upper-bit  side  of  each  word.  The  output  data  of  the 
eliminating  circuit  16  become  only  the  true  8-bit  data 
as  shown  in  Figure  14A-b.  This  8-bit  data  is 
converted  to  10-bit  data  by  the  8-10  modulator  17, 
and  the  output  data  of  the  8-10  modulator  17  are 

65  recorded/reproduced  magnetically  (Figure  14A-c). 
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mode  switching  signal  MDP  will  be  described  first. 
Specifically,  data  in  which  the  block  synchroniza- 

tion  signal  has  been  detected  is  serial-to-parallel 
converted  by  a  serial-parallel  converter  26  and 

5  supplied  to  a  10-8  demodulator  27  where  10-bit  data 
are  converted  into  8-bit  symbol  data.  The  symbol 
data  are  supplied  to  an  error  correction  decoder  29 
through  switch  circuits  MS6  and  MS7  and  subjected 
to  error  correction  processing  using  the  error 

10  detection  or  correction  code  C2  and  the  error 
correction  code  C1.  The  error-corrected  data  are 
supplied  to  a  symbol/word  converter  30  and  con- 
verted  into  parallel  16-bit-word-data.  These  data  are 
supplied  to  a  switch  circuit  SW2  through  the  switch 

15  circuits  MS8  and  MS9.  The  switch  circuit  SW2 
switches  between  a  digital  output  and  an  analogue 
output,  and  when  it  engages  a  terminal  DT,  a  digital 
audio  signal  is  obtained  at  an  output  terminal  34D. 
When  the  switch  circuit  SW2  engages  a  terminal  AD, 

20  and  data  are  returned  to  an  analogue  signal  by  a 
16-bit  D/A  converter  33,  and  an  analogue  audio 
signal  is  produced  at  an  output  terminal  34A. 

The  case  where  the  B  mode  is  selected  by  the 
mode  switching  signal  MDP  will  now  be  described. 

25  In  this  case,  8-bit  data  from  the  10-8  demodulator 
27  is  supplied  to  an  insertion-bit  insertion  circuit  28 
through  the  switch  circuit  MS6. 

The  error-correction-processed  data  are  con- 
verted  to  parallel  16-bit  word  data  in  a  symbol/word 

30  converter  30,  and  supplied  to  an  insertion  bit 
eliminating  circuit  31  through  a  switch  circuit  MS8  so 
that  the  four  insertion  bits  (dummy  data)  are 
eliminated  from  every  word,  so  forming  12-bit-word 
data.  These  data  are  supplied  to  a  12  to  16  expander 

35  32  and  subjected  to  expansion  corresponding  to  the 
compression  on  the  recording  side  to  be  converted 
into  16-bit-word  data.  The  output  of  the  expander  32 
is  supplied  to  the  switch  circuit  SW2  through  a 
switch  circuit  MS9,  and  a  digital  audio  signal  is 

40  developed  at  an  output  terminal  34D  and  an 
analogue  audio  signal  is  developed  at  the  output 
terminal  34A  depending  on  the  switching  of  the 
switch  circuit  SW2. 

Here,  the  mode  switching  signal  MDP  may  be 
45  provided  by  decoding  an  A/B  mode  identification 

signal  in  the  header  signal. 
A  technique  in  which  an  8-mm  VTR  can  be  used  as 

a  recording  and  reproducing  device  only  for  a  PCM 
audio  signal  has  been  proposed  by  the  use  of  the 

50  recording  area  AV  intended  for  a  colour  video  signal 
for  recording  a  PCM  audio  signal  (see  US  patent 
specification  US-A-4  542  419). 

Thus,  since  the  area  AV,  corresponding  to  180° 
range,  in  which  a  video  signal  is  normally  recorded 

55  has  a  five-fold  length  as  compared  that  of  the  PCM 
area  AP,  corresponding  to  a  36°  range,  the  area  AV 
is  divided  into  five  equal  parts,  and  as  shown  in 
Figure  3,  in  addition  to  a  track  area  AP1  of  the 
original  PCM  audio  signal  indicated  at  ®  per  oblique 

60  track  4A  and  4B,  five  areas  AP2  to  AP6  are  provided 
as  indicated  at  ©  to  (6)  A  PCM  audio  signal  of  one 
channel,  that  is,  the  audio  signal  of  one  field  period  is 
recorded  and  reproduced  on  each  of  the  six  areas 
AP1  to  AP6  in  the  form  of  a  PCM  time-compressed 

65  signal.  Therefore,  a  six-fold  increase  in  audio 

Consider  a  case  in  which  a  one-byte  error  appears  in 
the  output  of  the  10-8  demodulator  27  (shown  by 
mark  X,  A  or  □  in  Figure  14A-d)  having  occurred  in 
the  process  of  magnetic  recording/reproducing.  In 
this  case,  the  one-byte-errors  shown  by  marks  X  and 
A  in  Figure  14A-e  are  spread  between  two  bytes  at 
the  error  correction  decoder  29  after  insertion  of  the 
dummy  data.  The  cycle  of  the  error  correcting 
operation  of  the  encoder  29  is  indicated  by  E  in  the 
drawings  so  that,  the  error  bits  marked  X,  for 
example,  are  spread  between  two  operational 
cycles. 

Figure  14B  shows  the  case  of  inserting  the 
dummy  data  (the  hatched  portion)  only  at  the 
lower-bit  side  of  each  word  (the  lower  side  of  the 
lower  symbol),  and  a  detailed  description  thereof  will 
be  omitted  herein  for  the  sake  of  brevity.  As  shown 
in  Figure  14B,  one-byte  errors  shown  by  marks  A 
and  □  in  Figure  14B  become  two-byte-errors 
respectively  at  the  error  correction  decoder  29 
similarly  to  Figure  14A. 

Figure  14C  shows  the  case  of  inserting  two 
dummy  data  of  four  bits  to  the  upper-bit  side  and  the 
lower-bit  side,  respectively  of  alternate  words  re- 
spectively.  In  this  case,  only  a  one-byte-error  shown 
by  mark  A  in  Figure  14C  becomes  a  two-byte-error 
at  the  error  correction  decoder  29. 

As  a  result,  in  the  case  shown  in  Figure  14C 
degradation  of  the  error  correction  ability  is 
prevented,  as  compared  with  the  cases  shown  in 
Figures  14A  and  14B. 

Figure  14D  shows  the  case  of  inserting  dummy 
data  having  eight  bits.  In  this  case,  one-byte-errors 
shown  by  marks  X,  A  and  □  in  Figure  14D  do  not 
cause  two-byte  errors,  thereby  eliminating  degrada- 
tion  of  the  error  correction. 

It  is  to  be  noted  that  a  common  generating  circuit 
for  the  header  signal  may  be  employed  for  both 
modes,  and  the  header-signal-generation  period  is 
varied  depending  on  the  block  period  in  the  A  mode 
and  the  B  mode  respectively,  by  controlling  the 
generating  circuit  with  a  mode  switching  signal. 

Next  a  reproduction  system  will  be  described. 
Figure  8  shows  an  embodiment  of  reproduction 

apparatus  comprising  mode  switching  circuits  MS6 
to  MS9,  each  of  which  engages  a  terminal  A  for  the  A 
mode  and  engages  a  terminal  B  for  the  B  mode 
under  the  control  of  a  mode  switching  signal  MDP 
which  will  be  described  below. 

PCM  audio  data  derived  from  a  signal  from  a  rotary 
reproducing  head  is  supplied  to  a  block  synchroni- 
zation  signal  detector  23  through  an  input  terminal 
22.  The  PCM  audio  data  supplied  through  the  input 
terminal  22  is  supplied  to  a  phase  locked  loop  (PLL) 
circuit  24,  and  as  a  result  a  clock  signal  synchronized 
with  the  reproduced  signal  is  derived.  The  clock 
signal  is  supplied  to  the  detector  23  and  the  block 
synchronization  signal  is  detected.  The  detected 
block  synchronization  signal  is  supplied  to  a  switch- 
ing  signal  generator  25,  and  by  detecting  the 
detected  period  it  is  determined  whether  the 
reproduced  signal  is  of  the  A  mode  or  the  B  mode, 
and  the  mode  switching  signal  MDP  is  developed 
accordingly. 

The  case  where  the  A  mode  is  selected  by  the 
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inserted  in  each  data  unit  of  one-unit-n-bits 
data,  at  said  insertion  means  (13)  so  as  to  make 
one-unit-m-bits  data,  said  data  are  subjected  to 
an  encoding  process  at  said  error-correction 
encoding  means  (15),  said  insertion  bits  are 
eliminated  from  said  encoded  data  at  said 
elimination  (16)  means  to  return  them  to 
one-unit-n-bits  data,  data  from  said  elimination 
means  (16)  is  supplied  to  said  addition  means 
(18),  a  block  synchronization  signal  for  one- 
unit-n-bits  data  is  added  for  every  block  of  the 
encoded  data  at  said  addition  means  (18),  and 
data  from  the  addition  means  (18)  is  trans- 
mitted. 

2.  Apparatus  for  receiving  transmission  data 
from  apparatus  according  to  claim  1,  the 
receiving  apparatus  comprising: 
synchronization  detection  means  (23)  for  de- 
tecting  the  block  synchronization  signal  in  the 
transmission  data; 
switching  signal  generating  means  (25)  for 
detecting  whether  the  detected  block  syn- 
chronization  signal  is  a  first  block  synchroniza- 
tion  signal  or  a  second  block  synchronization 
signal  and  generating  a  mode  switching  signal; 
inserting  means  (28)  for  inserting  (m  -  n)  inser- 
tion  bits  of  dummy  data; 
error-correction  decoding  means  (29)  used 
commonly  for  the  first  and  second  modes  ;  and 
elimination  means  (31)  for  eliminating  the 
(m  -  n)  insertion  bits  from  the  data; 
when  the  first  mode  is  selected  by  said  mode 
switching  signal,  the  data  from  said  synchroni- 
zation  detection  means  (23)  being  subjected  to 
an  error-correction  decoding  process  at  said 
error-correction  decoding  means  (29),  and 
one-unit-m-bit  data  is  decoded;  and 
when  the  second  mode  is  selected  by  said 
mode  switching  signal,  the  data  from  said 
synchronization  detection  means  (23)  are  sup- 
plied  to  said  insertion  means  (28)  so  that  said 
insertion  bits  are  inserted  for  every  unit  of  the 
one-unit-n-bit  data  to  make  one-unit-m-bit  data, 
these  data  are  supplied  to  said  error-correction 
decoding  means  (29)  and  decoding-processed, 
the  decoding-processed  data  are  fed  to  said 
elimination  means  (31),  and  said  insertion  bits 
are  eliminated  so  as  to  decode  the  one-unit- 
n-bit  data. 

3.  Apparatus  according  to  claim  for  receiving 
transmission  data  with  an  identification  code  for 
identifying  the  first  mode  and  the  second  mode, 
wherein  the  switching  signal  generating  means 
(25)  decodes  said  identification  signal  to  form  a 
mode  switching  signal. 

4.  Apparatus  for  receiving  data  selectively 
transmitted  in  a  first  mode  in  which  one  unit  is 
made  up  of  m  bits  or  in  second  mode  in  which 
one  unit  is  made  up  of  n  bits  (m  >  n)  with  the 
same  sampling  frequency,  the  apparatus  com- 
prising: 
switching  signal  generating  means  (25)  for 
detecting  whether  the  received  data  are  first 
mode  data  or  second  mode  data  and  genera- 
ting  a  mode  switching  signal  in  dependence 

recording  time  (capacity)  is  achieved.  The  present 
invention  can  be  applied  to  the  recording  and 
reproduction  of  the  audio  signal  in  and  from  each  of 
the  six  areas  AP1  to  AP6. 

As  described,  since  the  error-correction  encoding  5 
and  decoding  processes  for  n-bit  words  can  be 
done  with  them  in  the  form  of  m-bit  word  (m  >  n)  by 
adding  (m  -  n)  insertion  bits  to  each  word,  the  error 
correction  encoder  and  decoder  can  be  the  same  for 
both  m  bits  and  n  bits.  Accordingly,  the  hardware  10 
requirements  are  decreased. 

It  is  to  be  noted  that  although  the  12-bit  data  are 
divided  into  eight  bits  and  four  bits,  and  four  bits  are 
inserted  in  the  foregoing  embodiments,  12-bit  data 
may  be  divided  into  six  bits  and  six  bits,  and  two  15 
insertion  bits  may  be  added  to  each  six  bits. 

Although  the  case  of  the  16-bit  mode  and  the 
12-bit  mode  corresponding  to  ME  and  MP  tape 
respectively  has  been  described,  it  is  possible  to  use 
12-bit  mode  for  ME  tape.  In  addition,  switching  20 
between  the  16-bit  mode  and  the  12-bit  mode  can  be 
performed  in  accordance  with  the  tape  speed. 

Also,  the  number  of  bits  per  word  is  not  limited  to 
those  of  the  embodiments.  Moreover,  the  bits 
inserted  all  be  1  or  may  be  a  predetermined  bit  25 
pattern. 

In  the  above  embodiments,  the  numbers  of  bits  m 
and  n  are  selected  with  respect  to  the  word  unit  of 
two  symbols,  where  one  symbol  is  eight  bits. 
However,  it  is  possible  to  change  the  size  of  the  unit.  30 
For  example,  the  unit  could  be  one  symbol  or  two 
words  L/R  corresponding  to  left  and  right  audio 
channels  respectively. 

Also,  although  in  the  above  embodiments  the 
invention  is  applied  to  the  recording  and  reproduc-  35 
tion  of  a  PCM  audio  signal  in  an  8-mm  VTR,  the 
invention  is  not  limited  to  that  case,  and  the  digital 
data  need  not  be  audio  data. 

40 
Claims 

1.  Data  transmission  apparatus  capable  of 
selecting  a  first  mode  in  which  one  data  unit  is 
made  up  of  m  bits  and  a  second  mode  in  which  45 
one  data  unit  is  made  up  of  n  bits  (m  >  n)  with 
the  same  sampling  frequency,  the  apparatus 
comprising: 
error-correction  encoding  means  (15)  com- 
monly  used  for  the  first  and  second  modes;  50 
insertion  means  (13)  for  inserting  (m  -  n)  inser- 
tion  bits  of  dummy  data  into  said  data  unit; 
elimination  means  (16)  for  eliminating  said 
(m  -  n)  insertion  bits  from  the  data  unit;  and 
addition  means  (18)  for  adding  header  informa-  55 
tion  including  at  least  a  block  synchronization 
signal  to  the  data; 
in  said  first  mode,  m-bit  data  units  are  sub- 
jected  to  an  encoding  process  at  said  error-cor- 
rection  encoding  means  (15),  a  block  syn-  60 
chronization  signal  for  one-unit-m-bits  data  is 
added  for  every  block  of  the  encoded  data  at 
said  addition  means  (18),  and  data  from  the 
addition  means  (18)  is  transmitted;  and 
in  said  second  mode,  said  insertion  bits  are  65 
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HB)  and  recorded. 
7.  Apparatus  according  to  claim  1  or  claim  6 

further  comprising  means  for  compressing 
one-unit-m-bits  data  to  one-unit-n-bits  data 
prior  to  inserting  said  (m  -  n)  bits  of  dummy 
data. 

8.  Apparatus  according  to  claim  1  or  claim  6 
further  comprising  a  word/symbol  data  conver- 
ter  (14)  for  dividing  said  data  units  into  upper  bit 
data  symbols  and  lower  bit  data  symbols  prior 
to  said  error-correction  encoding  means  (15). 

9.  Apparatus  according  to  claim  8  further 
comprising  a  bit-number  conversion  circuit  (17) 
for  modifying  the  bit  patterns  of  said  data  prior 
to  said  addition  means  (18),  to  reduce  the  dc 
component. 
10.  Apparatus  according  to  claim  9  wherein 

said  insertion  means  (13)  adds  said  dummy 
data  as  the  upper  bits  of  said  data  units. 

11.  Apparatus  according  to  claim  9  wherein 
said  insertion  means  (13)  adds  said  dummy 
data  as  the  upper  bits  and  the  lower  bits 
respectively  of  alternate  data  units.. 

12.  Apparatus  according  to  claim  1  or  claim  6 
wherein  said  addition  means  (18)  adds  a  mode 
identification  signal  indicating  whether  said  first 
mode  or  said  second  mode  is  selected  for  the 
data. 

13.  Apparatus  according  to  claim  6  wherein 
said  first  mode  is  selected  when  magnetic  tape 
(2)  of  evaporated  metal  type  is  used,  and  said 
second  mode  is  selected  when  magnetic  tape 
(2)  of  metal  powder  type  is  used. 

thereon; 
insertion  means  (28)  for  inserting  (m  -  n)  inser- 
tion  bits  of  dummy  data; 
error-correction  decoding  means  (29)  used 
commonly  for  the  first  and  modes  ;  and  5 
elimination  means  (31)  for  eliminating  the 
(m  -  n)  insertion  bits  from  the  data; 
when  the  first  mode  is  selected  by  said  mode 
switching  signal,  the  received  data  are  sub- 
jected  to  an  error-correction  decoding  process  10 
at  said  error-correction  decoding  means  (29), 
and  one-unit-m-bit  data  are  decoded;  and 
when  the  second  code  is  selected  by  said  mode 
switching  signal,  the  received  data  are  supplied 
to  said  insertion  means  (28)  so  that  said  15 
insertion  bits  are  inserted  in  every  unit  of  the 
one-unit-n-bit  data  to  make  one-unit-m-bit  data, 
these  data  are  supplied  to  said  error-correction 
decoding  means  (29)  and  decoding-processed, 
the  decoding-processed  data  are  fed  to  said  20 
elimination  (31)  means  and  said  insertion  bits 
are  eliminated  so  as  to  decode  the  one-unit- 
n-bit  data. 

5.  Apparatus  according  to  claim  4  wherein 
said  switching  signal  generating  means  (25)  25 
comprises  means  for  detecting  a  block  syn- 
chronization  signal  in  the  received  data. 

6.  Apparatus  for  recording  a  PCM  audio 
signal  on  a  magnetic  tape  medium  (21)  by 
magnetic  heads  (HA,  HB),  and  capable  of  30 
selecting  a  first  mode  in  which  one  unit  is  made 
up  of  m  bits  and  a  second  mode  in  which  one 
unit  is  made  up  of  n  bits  (m  >  n)  with  the  same 
sampling  frequency,  the  apparatus  comprising  : 
error-correction  encoding  means  (15)  used  35 
commonly  for  the  first  and  second  modes; 
insertion  means  (13)  for  inserting  (m  -  n)  inser- 
tion  bits  of  dummy  data  into  said  unit  data; 
elimination  means  (16)  for  eliminating  said 
(m  -  n)  insertion  bits  from  the  data;  and  40 
addition  means  (18)  for  adding  header  informa- 
tion  including  at  least  a  block  synchronization 
signal  to  the  data; 
in  said  first  mode,  data  whose  units  are  of  m  bits 
are  subjected  to  an  encoding  process  at  said  45 
error-correction  encoding  means  (15),  a  block 
synchronization  signal  for  one-unit-m-bit  data  is 
added  for  every  block  of  the  encoding-pro- 
cessed  data  at  said  addition  means  (18),  and 
data  from  the  addition  means  (18)  are  trans-  50 
mitted;and 
in  said  second  mode,  said  insertion  bits  are 
inserted  in  each  unit  of  one-unit-n-bit  data  at 
said  insertion  means  (13)  so  as  to  form 
one-unit-m-bit  data,  said  data  are  supplied  to  55 
said  error  correction  encoding  means  (15)  and 
subjected  to  an  encoding  process,  said  inser- 
tion  bits  are  eliminated  from  said  encoding-pro- 
cessed  data  at  said  eliminating  means  (16)  to 
return  the  data  to  one-unit-n-bit  data,  data  from  60 
said  elimination  (16)  means  are  supplied  to  said 
addition  means  (18),  a  block  synchronization 
signal  for  one-unit-n-bit  is  added  for  every 
block,  and  data  from  the  addition  means  (18) 
are  transmitted  to  said  magnetic  heads  (HA,  65 
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