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Receiving  arrangement  for  receiving  a  digital  signal  from  a  transmission  medium,  including 
variable  equalizer  means. 
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©  The  arrangement  comprises  equalizer  control 
signal  generator  means  (45)  for  generating  a  first 
control  signal  (csi)  and  a  second  control  signal  (CS2) 
to  be  applied  to  a  first  and  a  second  control  signal 
input  (6,7)  of  the  variable  equalizer  means,  and  bit 
array  selector  means  (15a,  15b,  19a,  19b)  for  sup- 
plying  a  selection  signal  upon  selection  of  a  specific 
array  of  bits  in  the  digital  signal  obtained  after  detec- 
tion  in  a  detector  (10a).  Sample-and-hold  circuits 
(26,28)  sample  the  analog  signal  read  from  tape 
under  the  influence  of  the  detection  signal  so  as  to 
obtain  first  and  second  sample  values  (si,S2).  The 
first  and  second  sample  values  are  applied  to  the 
control  signal  generator  (45).  The  control  signal  gen- 
erator  means  (45)  generates  the  first  and  second 
control  signal  in  response  of  the  sample  values 
applied.  The  first  control  signal  relates  to  the  sum  of 
the  two  sample  values,  and  the  second  control  signal 
relating  to  the  difference  between  the  two  sample 
values. 
The  signal  can  be  equalized  regards  magnitude  in 
response  to  the  first  control  signal  so  as  to  bring  the 
sum  of  the  two  sample  values  to  substantially  zero 
and  as  regards  phase  in  response  to  the  second 
control  signal  so  as  to  bring  the  difference  of  the  two 
sample  values  to  substantially  zero. 
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The  invention  relates  to  an  arrangement  for 
receiving  a  digital  signal  from  a  transmission  me- 
dium,  the  arrangement  comprising 

-  input  means  for  receiving  a  signal  from  the 
transmission  medium, 

-  variable  equalizer  means,  having  an  input 
coupled  to  an  output  of  the  input  means,  a 
control  signal  input  for  receiving  a  control 
signal  and  an  output  for  supplying  an  equal- 
ized  output  signal, 

-  signal  detector  means,  having  an  input  coup- 
led  to  the  output  of  the  equalizer  means  and 
an  output  for  supplying  a  first  digital  signal, 

-  equalizer  control  signal  generator  means, 
having  an  output  for  supplying  an  equalizer 
control  signal,  which  output  is  coupled  to  the 
control  signal  input  of  the  equalizer  means, 

-  an  output  terminal  for  supplying  the  digital 
signal.  Such  an  arrangement  is  known  from 
EP  387,813  A2. 

In  the  known  arrangement  equalization  is  re- 
alized  by  varying  the  equalizer  filter  parameters  in 
response  to  the  control  signal  supplied  to  the  con- 
trol  signal  input.  The  control  signal  is  obtained  by 
measuring  the  bit  error  rate  in  the  digital  signal 
obtained  after  detection.  The  control  signal  ob- 
tained  has  a  relation  to  the  level  of  the  bit  error  rate 
present  in  the  digital  signal,  and  is  such  that  it 
realizes  an  equalization  so  as  to  minimize  said  bit 
error  rate. 

The  known  arrangement  has  the  disadvantage 
that  sometimes  an  incorrect  equalization  is  real- 
ized,  resulting  in  a  distorted  output  signal. 

The  invention  has  for  its  object  to  provide  an 
arrangement  which  provides  a  more  robust  equal- 
ization. 

The  arrangement  is  characterized  in  that,  the 
arrangement  further  comprises  bit  array  selector 
means,  having  an  input  coupled  to  the  output  of  the 
signal  detector  means  and  having  an  output  for 
supplying  a  first  and  a  second  selection  signal 
respectively  upon  detection  of  at  least  one  speci- 
fied  array  of  bits  included  in  the  signal  applied  to 
its  input,  the  bit  array  selector  means  being  adapt- 
ed  to  select  bit  arrays  corresponding  to  a  signal 
portion  in  the  response  at  the  output  of  the  variable 
equalizer,  so  as  to  select  a  signal  portion  which  is 
suitable  for  deriving  from  it  a  first  and  a  second 
control  signal  for  the  variable  equalizer  means, 

-  sample-and-hold  means,  having  an  input 
coupled  to  the  output  of  the  equalizer  means, 
a  control  signal  input  coupled  to  the  output  of 
the  bit  array  selector  means,  and  an  output 
which  is  coupled  to  an  input  of  the  equalizer 
control  signal  generator  means,  the  sample- 
and-hold  means  being  adapted  to  sample 
and  hold  the  signal  applied  to  its  input  under 
the  influence  of  the  first  selection  signal  so  as 

to  obtain  at  least  one  first  sample  value,  to 
sample  and  hold  the  signal  applied  to  its 
input  under  the  influence  of  the  second  se- 
lection  signal  so  as  to  obtain  at  least  one 

5  second  sample  value,  and  to  supply  the  first 
and  second  sample  values  to  its  output,  the 
equalizer  control  signal  generator  means  be- 
ing  adapted  to  generate  the  first  and  the 
second  control  signal  upon  receipt  of  the  first 

io  and  second  sample  values,  the  first  control 
signal  relating  to  a  first  arithmetical  combina- 
tion  of  the  first  and  the  second  sample  val- 
ues,  the  second  control  signal  relating  to  a 
second  arithmetical  combination  of  the  first 

75  and  the  second  sample  values,  the  first  and 
the  second  arithmetical  combinations  being 
different  from  each  other. 

As  an  alternative,  the  arrangement  is  character- 
ized  in  that,  the  arrangement  further  comprises  bit 

20  array  selector  means,  having  an  input  coupled  to 
the  output  of  the  signal  detector  means  and  having 
an  output  for  supplying  a  selection  signal  upon 
detection  of  a  specified  array  of  bits  included  in  the 
signal  applied  to  its  input,  the  bit  array  selector 

25  means  being  adapted  to  select  bit  arrays  so  as  to 
select  a  signal  portion  in  the  response  at  the  output 
of  the  variable  equalizer  means  which  corresponds 
to  a  signal  portion  which  is  suitable  for  deriving 
from  it  a  first  and  a  second  control  signal  for  the 

30  variable  equalizer  means, 
-  sample-and-hold  means,  having  an  input 

coupled  to  the  output  of  the  equalizer  means, 
a  control  signal  input  coupled  to  the  output  of 
the  bit  array  selector  means,  and  an  output 

35  which  is  coupled  to  an  input  of  the  equalizer 
control  signal  generator  means,  the  sample- 
and-hold  means  being  adapted  to  sample 
and  hold  the  signal  applied  to  its  input  under 
the  influence  of  the  selection  signal  so  as  to 

40  obtain  at  least  one  first  sample  value  and  at 
least  one  second  sample  value,  and  to  supply 
the  first  and  second  sample  values  to  its 
output,  the  first  and  second  sample  values 
not  coinciding  with  each  other  in  time,  the 

45  equalizer  control  signal  generator  means  be- 
ing  adapted  to  generate  the  first  and  the 
second  control  signal  upon  receipt  of  the  first 
and  second  sample  values,  the  first  control 
signal  relating  to  a  first  arithmetical  combina- 

50  tion  of  the  first  and  the  second  sample  val- 
ues,  the  second  control  signal  relating  to  a 
second  arithmetical  combination  of  the  first 
and  the  second  sample  values,  the  first  and 
the  second  arithmetical  combinations  being 

55  different  from  each  other. 
The  invention  is  based  on  the  following  rec- 

ognition.  Isolated  transitions  in  the  signal  transmit- 
ted  via  the  transmission  medium,  such  as  via  a 
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magnetic  record  carrier,  result  in  specified  re- 
sponses  in  the  analog  signal  received  from  the 
transmission  medium.  Such  specified  responses 
can  be  impulse  responses  or  step  responses.  Im- 
pulse  responses  result  when  carrying  out  a 
Nyquist-1  or  a  partial  response  class  4  detection. 
Step  responses  are  the  result  of  a  full  response 
detection. 

An  impulse  response  has  zero  signal  values  at 
certain  sampling  instants  adjacing  the  sampling 
instant(s)  where  the  response  is  at  a  maximum,  in 
the  case  that  the  equalizer  settings  of  the  equalizer 
incorporated  in  the  arrangement  are  set  for  zero 
intersymbol  interference.  More  specifically,  the  im- 
pulse  response  has  a  zero  signal  amplitude  at  the 
two  sampling  instants  directly  before  and  directly 
after  the  sampling  instant(s)  where  the  response  is 
at  a  maximum. 

A  step  response  has  a  zero  crossing  exactly  in 
the  middle  between  two  sampling  instants  and  has 
amplitudes  +A  for  sampling  instants  prior  to  the 
zero  crossing  and  amplitudes  -A  at  the  sampling 
instants  following  the  zero  crossing,  again  in  a 
situation  where  the  equalizer  settings  are  set  for 
zero  intersymbol  interference. 

It  has  been  recognized  that  an  incorrect  vari- 
able  equalizer  setting  has  its  major  influence  on  the 
signal  values  at  the  sampling  instants  that  are  the 
closest  to  the  maximum  in  the  impulse  response  or 
the  closest  to  the  zero  crossing  in  the  step  re- 
sponse.  More  specifically,  the  signal  value  at  the 
sampling  instants  adjacent  the  sampling  instant  of 
maximum  amplitude  in  the  impulse  response  be- 
come  non-zero  in  response  to  varying  equalizer 
settings.  And,  the  signal  value  at  the  sampling 
instants  adjacent  the  zero  crossing  in  the  step 
response  become  unequal  to  +A  and  -A  respec- 
tively.  It  has  further  been  recognized  that  by  mea- 
suring  the  signal  values  of  the  analog  signal  at  at 
least  said  specific  two  sampling  instants,  it  is  possi- 
ble  to  obtain  a  control  signal  with  which  a  variable 
equalizer  can  be  controlled  as  regards  magnitude 
and  phase  as  a  function  of  frequency.  More  specifi- 
cally,  a  first  control  signal  can  be  obtained  by 
applying  the  first  arithmetical  combination  on  the 
sampling  values  at  said  at  least  two  sampling  in- 
stants,  which  first  control  signal  is  applied  to  the 
variable  equalizer  means  so  as  to  control  the  vari- 
able  equalizer  means  as  regards  magnitude  as  a 
function  of  frequency.  A  second  control  signal  can 
be  obtained  by  applying  the  second  arithmetical 
combination  on  the  sampling  values  at  said  at  least 
two  sampling  instants,  which  second  control  signal 
is  applied  to  the  variable  equalizer  means  so  as  to 
control  the  variable  equalizer  means  as  regards 
phase  as  a  function  of  frequency. 

The  method  of  equalization  described  above 
has  the  advantage  that  it  is  insensitive  to  varying 

signal  amplitudes,  in  the  sense  that  it  controls  the 
signal  values  at  the  sampling  instant(s)  adjacent  the 
sampling  instant  at  which  the  impulse  response  is 
at  a  maximum,  which  signal  values  ought  to  be 

5  zero,  to  a  zero  amplitude.  In  the  case  of  a  full 
response  detection,  it  forces  the  signal  values  prior 
to  the  zero  crossing  to  +A  and  the  signal  values 
following  the  zero  crossing  to  -A. 

Determining  the  two  sampling  instants  is  done 
io  by  detecting  specific  arrays  of  bits  in  the  two-  or 

three  valued  digital  signal  that  has  been  derived 
from  the  analog  signal  read  from  the  track.  The 
specific  bit  arrays  that  should  be  detected  are 
dependent  of  the  read  out  detection  method  used, 

is  such  as  Nyquist  1  detection,  partial  response  class 
4  (PR4)  detection  or  full  response  detection. 

The  invention  will  be  explained  in  more  detail 
with  reference  to  the  embodiments  described  in  the 
following  figure  description,  in  which 

20  figure  1  shows  a  reproducing  arrangement  for 
carrying  out  a  Nyquist  1  detection, 
figure  2  shows  a  Nyquist  1  detection  of  an 
isolated  positive  going  step  transition  in  the  write 
current  on  tape, 

25  figure  3  shows  a  table  which  explains  the  behav- 
iour  of  the  signal  read  out  in  response  to  a  step 
transition  of  the  write  current  on  the  tape,  as  a 
function  of  various  equalizer  settings, 
figure  4  shows  the  influence  of  an  erroneous 

30  equalizer  setting  on  the  signal  read  out  in  re- 
sponse  to  two  step  transitions  that  are  spaced 
2t  away  from  each  other, 
figure  5  shows  a  further  elucidated  embodiment 
of  a  reproducing  arrangement  for  carrying  out  a 

35  Nyquist  1  detection, 
figure  6A  shows  an  embodiment  of  the  control 
signal  generator,  and  figure  6B  shows  an  em- 
bodiment  of  the  variable  equalizer  in  the  ar- 
rangement  of  figure  5, 

40  figure  7,  8,  9  and  10  show  the  variable  equaliz- 
ing  function  carried  out  on  a  number  of  signal 
responses, 
figure  11A  an  other  embodiment  of  a  reproduc- 
tion  arrangement  for  carrying  out  a  Nyquist  1 

45  detection,  and  figure  1  1  B  shows  an  embodiment 
of  the  control  signal  generator  in  the  arrange- 
ment  of  figure  1  1  A, 
figure  12  shows  a  partial  response  class-4  (PR4) 
detection  of  an  isolated  positive  going  step  tran- 

50  sition  in  the  write  current  on  tape, 
figure  13  shows  the  influence  of  an  erroneous 
equalizer  setting  on  the  signal  read  out  in  re- 
sponse  to  two  step  transitions  that  are  spaced 
3t  away  from  each  other, 

55  figure  14  shows  an  embodiment  of  a  reproduc- 
ing  arrangement  for  carrying  out  a  PR4  detec- 
tion, 
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figure  15  and  16  show  the  variable  equalizing 
function  carried  out  on  a  number  of  signal  re- 
sponses, 
figure  17  shows  a  second  embodiment  for  carry- 
ing  out  a  PR4  detection, 
figure  18  and  19  show  a  full  response  detection 
of  an  isolated  positive  going  step  transition  in 
the  write  current, 
figure  20  shows  the  influence  of  an  erroneous 
equalizer  setting  on  the  signal  read  out  in  re- 
sponse  to  two  step  transitions  that  are  spaced 
2t  away  from  each  other, 
figure  21  shows  an  embodiment  of  a  reproduc- 
ing  arrangement  for  carrying  out  a  full  response 
detection, 
figure  22  shows  a  second  embodiment  of  a 
reproducing  arrangement  for  carrying  out  a  full 
response  detection, 
figure  23  shows  some  explanatory  drawings  of 
signals  occurring  in  a  full  response  detection 
system, 
figure  24  shows  a  third  embodiment  using  full 
response  detection, 
figures  25  and  26  show  further  explanatory 
drawings  of  isolated  impulses,  and 
figure  27  shows  an  explanatory  drawing  of  an 
isolated  step  transition. 

In  order  to  explain  the  basis  of  the  invention, 
reference  is  made  to  the  Nyquist  1  or  PR1  (partial 
response  class  1)  detection  of  a  positive  going  step 
transition  in  the  write  current  of  a  record  carrier. 

Figure  1  shows  an  arrangement  for  reading  a 
digital  signal  from  a  magnetic  record  carrier  in 
accordance  with  the  Nyquist  1  detection.  Signals 
read  from  the  record  carrier  by  means  of  the  read 
head  1  are  amplified  in  pre-amplifier  3  and  pre- 
equalized  in  a  pre-equalizer  4.  The  pre-equalizer  4 
realizes  a  HF  emphasis  such  that  it  shapes  the 
signal  read  out  as  a  function  of  frequency  so  as  to 
enable  a  Nyquist  1  detection  on  the  signal  in  the 
detector  10.  The  pre-equalizer  4  compensates  for 
losses  occurring  in  the  recording  channel.  These 
losses  amongst  others  occur  as  a  result  of  the 
properties  of  the  tape  that  is  used,  and  the  quality 
of  the  tape-head  contact. 

As  a  result  of  the  detection  in  the  bit  detector 
10,  an  array  of  detected  bits  appear  at  the  output 
terminal  12. 

Figure  2a  shows  the  positive  going  transition  in 
the  write  current  as  a  function  of  time. 

The  transition  of  figure  2a  is  recorded  on  the 
record  carrier  and  is  read  out  by  the  differentiating 
head  1,  and  shaped  in  magnitude  and  phase  ac- 
cording  to  the  Nyquist  1  criterion  in  pre-equalizer 
4,  which  results,  in  case  of  an  ideal  situation,  in  a 
response  as  given  in  figure  2b  and  2c.  The  signal 
given  in  figure  2b  is  in  fact  the  ideal  analog  re- 
sponse  signal  present  at  the  output  of  the  pre- 

equalizer  4.  The  signal  given  in  figure  2c  is  a 
sampled  signal  that  has  been  derived  in  the  detec- 
tor  10  from  the  signal  of  figure  2b  by  taking  sam- 
ples  of  the  signal  of  figure  2b  at  the  sampling 

5  instants  ..,  -3t,  -2t,  -t,  0,  t,  2t,  3t  The  sampled 
signal  obtained  is  in  the  form  of  an  isolated  pulse 
at  the  time  instant  t  =  0.  The  samples  on  the  other 
time  instants  have  a  zero  amplitude.  This  sampled 
signal  results  in  a  digital  signal  at  the  output  of  the 

io  detector  10  that  can  be  expressed  by  the  following 
array  of  bits:  (...,  0,  0,  1,  0,  0,  ...). 

The  sampling  instants  are  derived  using  a  PLL, 
such  that  one  sampling  instant  is  mainly  located  at 
the  moment  of  occurrence  of  the  maximum  am- 

is  plitude  in  the  response  function  of  figure  2b. 
An  inadequate  equalization  during  read-out, 

changes  the  pulse  width  of  the  signal  of  figure  2b, 
which  results  in  samples  in  the  vicinity  of  the 
isolated  pulse  deviating  from  zero.  Figure  2d  and 

20  2e  show  this  effect,  when  the  low(er)  frequencies  in 
the  output  signal  of  the  pre-equalizer  4  are  over- 
emphasized  compared  to  the  high(er)  frequencies 
in  the  said  output  signal.  The  isolated  Nyquist  1 
shaped  pulse  is  too  wide,  which  results  in  a  posi- 

25  tive  amount  of  intersymbol  interference  at  the  time 
instants  t  =  -r  and  t  =  r.  The  sampled  signal  can 
now  be  expressed  as  (...,  _0,  5,  1-25,  5,  _0,  ...). 

Figure  2f  shows  a  situation  where  the  transmis- 
sion  in  the  transmission  path  up  till  the  output  of 

30  the  pre-equalizer  4  is  such  that  high(er)  frequencies 
in  the  transmitted  signal  are  over-emphasized  com- 
pared  to  the  low(er)  frequencies.  In  that  case,  a 
negative  amount  of  intersymbol  interference  is 
present  as  samples  that  occur  at  the  time  instants 

35  t  =  -T  and  t  =  T,  and  which  have  a  negative  am- 
plitude.  The  sampled  signal  can  now  be  expressed 
as  (  0,  -5,  1  +25,  -5,  _0,  ...). 

Figure  2g  shows  the  effect  on  the  signal  read 
out  if  the  transmission  in  the  transmission  path  up 

40  till  the  output  of  the  pre-equalizer  4  exhibits  a  delay 
that  is  higher  for  high(er)  frequencies  than  for  low- 
(er)  frequencies.  The  result  is  an  asymmetric  re- 
sponse,  where  the  inclination  angle  of  the  response 
curve  for  times  larger  than  zero  is  larger  than  for 

45  times  smaller  than  zero.  Figure  2h  shows  the  cor- 
responding  sampled  signal.  As  will  be  clear  from 
this  figure,  a  sample  of  positive  amplitude  appears 
at  the  time  instant  t  =  -T,  and  a  sample  of  negative 
amplitude  appears  at  the  time  instant  t  =  r.  The 

50  sampled  signal  can  now  be  expressed  as  (...,  _0,  5, 
1,  -5,  _0,  ...). 

Figure  2i  shows  the  effect  on  the  signal  read 
out  if  the  transmission  in  the  transmission  path  up 
till  the  output  of  the  pre-equalizer  exhibits  a  delay 

55  that  is  lower  for  high(er)  frequencies  than  for  low- 
(er)  frequencies.  The  result  is  again  an  asymmetric 
response,  where  the  inclination  angle  of  the  re- 
sponse  curve  for  times  smaller  than  zero  is  larger 

4 
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than  for  times  larger  than  zero  .  Figure  2j  shows 
the  corresponding  sampled  signal.  As  will  be  clear 
from  this  figure,  a  sample  of  negative  amplitude 
appears  at  the  time  instant  t  =  -r,  and  a  sample  of 
positive  amplitude  appears  at  the  time  instant  t  =  r. 
The  sampled  signal  can  now  be  expressed  as  (..., 
-0,  -S,  1,  S,  _0,  ...). 

The  relationship  between  the  delay  D(f)  and  the 
phase  difference  0(f)  will  be  explained  hereafter. 

The  phase  difference  0(f)  is  the  difference  in 
phase  between  the  frequency  components  of  the 
actual  response  signal,  such  as  the  signal  of  figure 
2g  or  2i,  and  the  required  response  signal,  such  as 
given  in  figure  2b.  The  curve  for  the  phase  dif- 
ference  <£(f)  as  a  function  of  frequency  can  be 
constant,  say  0o.  More  generally,  the  phase  dif- 
ference  <#>(f)  equals  0o  -  «>TC,  where  Tc  is  a  delay 
which  is  constant  for  all  frequencies  and  a>  =  2-ni. 

The  delay  D(co0)  for  a  low  frequency  signal 
having  a  frequency  o>0  is  defined  as 

D(<ao)  =  -0/<ao. 

This  delay  thus  equals  -0o/&)O  +  Tc. 
The  delay  D(c»i)  for  a  high  frequency  signal 

having  a  frequency  c»i  thus  equals  -  0o/<oi  +TC. 
The  difference  in  delay  thus  equals  -0o/&)O  +  0o/«ji  ■ 
The  common  delay  of  Tc  has  disappeared  and  thus 
plays  no  relevant  role. 

In  the  case  of  a  positive  0o,  this  means  that  the 
delay  Dh  for  high(er)  frequencies  is  higher  than  the 
delay  Di  for  low(er)  frequencies. 

In  the  case  of  a  negative  value  for  0o,  this 
means  that  the  delay  Dh  for  high(er)  frequencies  is 
lower  than  the  delay  Di  for  low(er)  frequencies. 

From  the  foregoing  it  has  become  clear  that,  in 
a  situation  where  an  isolated  step  transition  in  the 
write  current  occurs,  the  amplitudes  of  the  samples 
occurring  at  the  time  instants  t  =  -r  and  t  =  r  during 
read-out,  give  an  indication  as  to  the  deviation  of 
the  step  response  present  at  the  output  of  the  pre- 
equalizer  4  from  the  ideal  step  response  as  per  the 
curve  of  figure  2b.  So,  they  can  be  used  so  as  to 
realize  an  additional  equalization  in  the  variable 
equalizer  5,  in  order  to  obtain  the  response  as  per 
figure  2b  at  the  output  of  the  variable  equalizer  5. 
The  table  given  in  figure  3  shows  all  the  possible 
situations  that  can  occur  for  the  samples  a(t  =  -T) 
and  a(t  =  t)  that  directly  adjoin  the  isolated  pulse  at 
t  =  0,  with  the  conclusions  that  can  be  derived  from 
those  situations. 

The  HF  equalization  being  correct,  means  that 
no  additional  equalization  as  regards  magnitude 
needs  to  be  carried  out  by  the  equalizer  5. 

The  HF  equalization  being  too  low  means  that 
an  additional  equalization  as  regards  magnitude 
needs  to  be  carried  out  in  the  equalizer  5,  such 
that  the  signals  in  a  low(er)  frequency  region  of  the 

operational  frequency  range  are  attenuated  relative 
to  the  signals  in  a  high(er)  frequency  region  of  the 
operational  frequency  range,  or  that  the  signals  in 
the  higher  frequency  region  are  amplified  relative 

5  to  the  signals  in  the  low(er)  frequency  region. 
The  HF  equalization  being  too  high  means  that 

an  additional  equalization  as  regards  magnitude 
needs  to  be  carried  out  in  the  equalizer  5,  such 
that  the  signals  in  the  low(er)  frequency  region  are 

io  amplified  relative  to  the  signals  in  the  high(er) 
frequency  region,  or  that  the  signals  in  the  high(er) 
frequency  region  are  attenuated  relative  to  the  sig- 
nals  in  the  low(er)  frequency  region. 

The  difference  in  delay  being  zero  means  that 
is  0o  is  zero.  This  means  that  no  additional  equaliza- 

tion  as  regards  phase  need  to  be  carried  out. 
If  0o  is  not  equal  to  zero,  this  means  that  an 

equalization  as  regards  phase  must  be  carried  out 
by  the  variable  equalizer  means,  such  that  the 

20  variable  equalizer  means  realizes  a  phase  response 
0  which  equals  -0o. 

A  more  specific  description  of  the  functioning 
of  the  variable  equalizer  means  13,  which  includes 
the  variable  equalizer  5  and  equalizer  control  signal 

25  generator  means  13.1,  will  be  given  later,  see  the 
figures  5  to  1  1  . 

It  should  be  noted  that  the  pre-equalizer  4  and 
the  variable  equalizer  5  can  be  combined  into  one 
variable  equalizer  section,  which  realizes  both  the 

30  pre-equalizer  characteristic  and  the  variable  equal- 
izer  characteristic. 

It  should  further  be  noted  that  the  conclusions 
in  the  table  of  figure  3  only  apply  for  situations 
where  subsequent  transitions  in  the  write  current 

35  occur  not  too  close  to  each  other,  viewed  in  time. 
This  can  be  explained  with  reference  to  figure  4. 
Figure  4a  shows  a  situation  where  a  positive  going 
transition  occurs  at  the  time  interval  2t  prior  to  the 
occurrence  of  a  negative  going  transition.  Figure  2b 

40  shows  the  signal  read  out  in  response  to  the  posi- 
tive  going  transition,  and  figure  4c  shows  the  signal 
read  out  in  response  to  the  negative  going  transi- 
tion.  As  can  be  seen  from  those  figures,  the  HF 
equalization  is  too  low.  The  total  response  to  both 

45  transitions  is  given  as  the  sampled  signal  in  figure 
4d,  assuming  that  the  superposition  principle  holds 
for  the  recording  channel.  The  signal  in  figure  4d  is 
the  sum  of  the  signals  of  figure  4b  and  4c,  sam- 
pled  at  the  time  instants  -t,  0,  t,  2t,  3t  As 

50  can  be  seen  from  figure  4d,  the  signal  amplitude  at 
t  =  T  is  zero,  as  the  positive  signal  amplitude  at  t  =  r 
in  figure  4b  cancels  the  negative  amplitude  at  t  =  r 
in  figure  4c.  Detection  of  the  signal  amplitude  at 
t  =  T  could  lead  to  the  conclusion  that  no  intersym- 

55  bol  interference  is  present,  which  is  in  fact  not  the 
case,  as  has  been  shown  in  the  figures  4b  and  4c. 
The  situation  of  figure  4a,  where  the  digital  write 
current  is  in  the  form  of  (...,  -1,  1,  1,  -1,  ...)  is 

5 
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therefore  less  suitable  for  the  determination  of  an 
incorrect  equalization. 

From  the  figures  2e  and  2h  it  is  clear  that  the 
assumption  is  made  that  an  incorrect  equalization 
during  the  read-out  of  a  positive  or  negative  going 
transition  has  a  major  influence  on  the  signal  val- 
ues  at  the  direct  neighbouring  time  instants  t  =  ±t 
of  the  time  instant  t  =  0,  and  that  this  influence  can 
be  neglected  for  time  instants  lying  further  away 
from  the  time  instant  t  =  0.  This  has  been  made 
clear  in  figure  2e,  2f,  2h  and  2j  above,  by  equalling 
the  amplitude  of  the  sampled  signal  for  the  time 
instants  2t  and  -2t  and  further  away  from  t  =0  to 
zero.  That  means  that  the  interaction  between  two 
subsequent  transitions,  as  described  with  reference 
to  figure  4,  is  considered  negligible  as  soon  as  two 
subsequent  transitions  lie  a  time  spacing  of  at  least 
3t  apart.  As  this  should  also  be  the  case  for  a 
directly  preceding  transition,  it  can  therefore  be 
concluded  that  a  positive  going  transition  can  be 
used  for  determining  the  amount  of  equalization  if 
the  digital  write  signal  has  the  following  form  (...,-1, 
-1,-1,1,1,1,  ...),  or,  if  the  sampled  signal  equals  ( 

0,  0,  1,  0,  0,  ...),  in  the  case  of  an  ideal  situation. 
In  the  same  way,  a  negative  going  transition  in  the 
write  current  can  be  used  if  the  digital  write  signal 
equals  (..,  1,  1,  1,  -1,  -1,  -1),  which  realizes  a 
sampled  signal  in  the  form  of  the  array  of  samples 
(...,  0,  0,  -1,  0,  0,  ...),  in  the  case  of  an  ideal 
situation.  After  rectification  in  the  detector  10,  both 
sampled  signals  realize  a  detected  bit  signal  in  the 
form  of  (  ..,  0,  0,  1,  0,  0,  ..)  at  the  output  12.  The 
two  zero-valued  samples  at  time  instants  ±t,  that 
directly  adjoin  the  isolated  pulse  at  time  instant 
t  =  0,  are  used  for  determining  the  correct  equaliza- 
tion.  This  means  that  each  time  an  array  of  bits  (0, 
0,  1  ,  0,  0)  in  the  digital  read-out  signal  at  the  output 
12  should  be  detected. 

The  probability  of  occurrence  of  such  an  array 
of  bits  is  rather  low,  namely  2-5,  assuming  that  the 
bit  patterns  are  random.  In  order  to  increase  the 
number  of  situations  that  can  be  used  for  determin- 
ing  the  correct  equalization,  one  could  detect  the 
situations  where  the  digital  read-out  signal  includes 
the  following  arrays  of  three  bits  (0,  0,  1)  and  (1,  0, 
0)  separately.  The  probability  of  occurrence  of 
those  arrays  of  bits  is  higher,  2-3  for  each  array. 
The  central  sample  in  the  array  of  three  samples  of 
the  sampled  signal  that  corresponds  to  one  of  the 
above  two  arrays  of  three  bits  in  the  digital  output 
signal  should  now  be  used  for  determining  the 
correct  equalization.  The  value  of  the  central  sam- 
ple  in  the  array  of  three  samples  that  corresponds 
to  the  (0,  0,  1)  bit  array  and  the  value  of  the  central 
sample  in  the  array  of  samples  that  corresponds  to 
the  (1  ,  0,  0)  bit  array  can  be  used  as  the  samples 
a(t  =  -T)  and  a(t  =  r)  respectively  in  the  table  of 
figure  3. 

It  should  be  noted  here,  that  the  sequence  with 
the  two  zeroes  before  or  after  the  '1'  bit  is  an 
optimum  sequence.  Longer  sequences  with  more 
than  two  '0'  bits  before  or  after  the  '1'  bit  can  also 

5  be  used  as  a  detection  criterion.  The  probability  of 
occurrence  of  such  sequences  is  however  lower, 
the  longer  the  sequences  are,  so  that  it  lasts  longer 
before  the  correct  setting  of  the  variable  equalizer 
has  been  obtained.  Shorter  sequences,  such  as  the 

io  sequences  (0,1),  (0,-1),  (1,0)  and  (-1,0),  might  in 
some  circumstances  also  be  useful  as  selection 
criterion,  because  they  include  the  longer  se- 
quences  given  above. 

A  number  of  further  embodiments  of  the  ar- 
15  rangement  of  figure  1,  for  realizing  a  Nyquist  1 

read-out  will  be  further  explained  with  reference  to 
the  figures  5  to  11  inclusive. 

Figure  5  shows  an  embodiment  of  the  arrange- 
ment  as  per  figure  1,  for  reproducing  a  digital 

20  signal  from  a  track  on  a  record  carrier,  which 
shows  a  further  elaboration  of  the  equalizer  control 
section  13.  The  embodiment  comprises  a  read 
means  including  a  read  head  1,  which  can  be  a 
stationary  head,  or  a  head  accommodated  on  a 

25  rotating  drum.  An  output  2  of  the  read  means  is 
coupled  via  the  preamplifier  3  and  the  pre-equal- 
izer  4  to  an  input  of  the  variable  equalizer  5.  The 
equalizer  5  is  adapted  to  equalize  the  signal  ap- 
plied  to  its  input  as  regards  magnitude  and  phase 

30  (or  delay)  as  a  function  of  frequency,  in  response 
to  control  signals  applied  to  control  inputs  6  and  7. 
The  equalized  signal  is  applied  to  the  output  8.  The 
output  signal  of  the  equalizer  5,  which  is  an  analog 
signal,  is  applied  to  an  input  9  of  detector  means 

35  10.  The  detector  means  10  can  be  in  the  form  of  a 
Viterbi  detector.  The  detector  means  10  comprise 
two  sections,  a  section  10a  and  a  section  10b.  A 
sampling  frequency  signal  is  derived  in  detector 
section  10a  using  a  phase  locked  loop  (not  shown) 

40  included  in  the  detector  section  10a,  which  phase 
locked  loop  receives  to  that  purpose  eg.  the  output 
signal  of  the  variable  equalizer  5.  The  analog  signal 
supplied  to  the  input  9  of  detector  section  10a  is 
sampled  with  said  sampling  frequency  so  as  to 

45  obtain  sampled  values.  Said  sampled  values  are 
compared  in  a  comparator  (not  shown)  with  a  posi- 
tive  and  a  negative  threshold  level.  Samples  ex- 
ceeding  the  positive  threshold  level  are  the  '1'  bits, 
samples  exceeding  the  negative  threshold  level  are 

50  the  '-1'  bits  and  sampled  values  not  exceeding 
both  threshold  values  are  the  '0'  bits.  This  results 
in  a  three  valued  bitstream  of  bits  occurring  at  the 
sampling  instants  -3t,  -2t,  -t,  0,  t,  2t,  3t 
The  detector  section  10b  includes  a  rectifier  (not 

55  shown)  so  as  to  rectify  the  '-1'  bits,  leading  to  '1' 
bits  in  the  bitstream.  The  bitstream  thus  obtained  is 
applied  to  the  output  terminal  12  of  the  arrange- 
ment. 

6 
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The  output  of  the  detector  section  10a  is  coup- 
led  to  an  input  of  a  selector  14a  for  selecting 
arrays  of  bits  (0,0,1,0,0)  and  (0,0,-1,0,0)  in  the  non- 
rectified  output  signal  of  the  detector  10a.  The 
detector  14a  to  that  purpose  comprises  selector 
stages  15c  and  15d  respectively  for  selecting  the 
(0,0,1,0,0)  and  (0,0,-1,0,0)  bit  sequences  respec- 
tively.  Outputs  of  the  stages  15c  and  15d  are 
coupled  to  an  OR-gate  17.  An  output  of  the  OR- 
gate  17  is  coupled  to  outputs  18  and  20  of  the 
array  selector  14a.  The  bit  array  selector  14a  gen- 
erates  selection  signals  at  the  outputs  18  and  20 
when  either  a  (0,0,1,0,0)  or  a  (0,0,-1,0,0)  bit- 
sequence  has  been  detected  by  the  selector 
stages  15c  and  15d  respectively.  When  a  selection 
signal  occurs,  the  analog  signal  that  led  to  the 
(0,0,1,0,0)  or  the  (0,0,-1,0,0)  bitsequence  in  the 
non-rectified  bitstream  present  at  the  output  of  de- 
tector  10a  is  sampled  exactly  at  the  time  instant 
corresponding  to  the  time  instant  of  occurrence  of 
the  (zero)  bit  directly  adjoining  the  '1'  or  '-1'  bit  at 
its  left  and  its  right  side  in  the  (0,0,1,0,0)  and  (0,0,- 
1  ,0,0)  bitsequence  respectively. 

The  output  8  of  the  variable  equalizer  5  is 
coupled  via  a  first  delay  unit  30  to  a  signal  input  34 
of  the  sample-and-hold  unit  26,  and  via  a  second 
delay  unit  32  to  a  signal  input  36  of  the  sample- 
and-hold  unit  28.  Outputs  38  and  40  of  the  sample- 
and-hold  units  26  and  28  are  coupled  to  inputs  42 
and  44  respectively  of  an  equalizer  control  signal 
generator  45.  The  output  18  of  the  selector  14a  is 
coupled  to  a  control  input  of  the  sample-and-hold 
unit  26.  The  output  20  of  the  selector  14a  is  coup- 
led  to  a  control  input  of  the  sample-and-hold  unit 
28. 

Upon  the  receipt  of  a  selection  signal  from  the 
selector  14a  applied  to  a  sample-and-hold  unit,  this 
unit  samples  the  analog  signal  applied  to  its  signal 
input  and  holds  the  value  of  the  sample  during  a 
certain  time  interval,  so  as  to  supply  this  value  to 
one  of  the  inputs  of  the  equalizer  control  signal 
generator  45. 

The  delay  units  30  and  32  delay  the  signals 
applied  to  its  inputs  over  a  time  interval  of  Ti  and 
T2  respectively.  The  delay  interval  Ti  has  been 
chosen  such  that,  when  a  selection  signal  occurs  at 
the  output  18  of  the  selection  unit  14a,  the  analog 
signal  that  lead  to  the  (0,0,1,0,0)  or  the  (0,0,-1,0,0) 
bitsequence  in  the  non-rectified  bitstream  present 
at  the  output  11  of  the  detection  stage  10a  is 
sampled  exactly  at  the  time  instant  corresponding 
to  the  time  instant  of  occurrence  of  the  second  bit 
in  the  (0,0,1,0,0)  or  the  (0,0,-1,0,0)  bitsequence. 

From  what  has  been  explained  with  reference 
to  figure  2,  it  can  be  concluded  that,  if  the  equal- 
izer  5  is  set  such  that  the  intersymbol  interference 
is  zero  and  if  the  sampling  instants  are  located  in 
time  such  that  one  sampling  instant  is  exactly  at 

the  location  of  the  time  of  occurrence  of  the  maxi- 
mum  value  of  the  response  function  of  figure  2b, 
the  sample  value  of  said  sample  of  the  analog 
signal  sampled  by  the  sample-and-hold  26  will 

5  have  a  zero  amplitude.  For  an  incorrect  setting  of 
the  equalizer  5,  this  value  will  be  non-zero. 

The  delay  interval  T2  has  been  chosen  such 
that,  when  a  detection  signal  occurs  at  the  output 
20  of  the  selection  unit  14a,  the  analog  signal  that 

w  lead  to  the  (0,0,1,0,0)  or  the  (0,0,-1,0,0)  bit- 
sequence  in  the  non-rectified  bitstream  present  at 
the  output  of  the  detector  stage  10a  is  sampled 
exactly  at  the  time  instant  corresponding  to  the 
time  instant  of  occurrence  of  the  fourth  bit  in  the 

15  (0,0,1  ,0,0)  or  the  (0,0,-1  ,0,0)  bitsequence. 
Again  from  what  has  been  explained  with  refer- 

ence  to  figure  2,  it  can  be  concluded  that,  if  the 
equalizer  5  is  set  to  its  correct  value,  the  sample 
value  of  the  sample  of  the  analog  signal  obtained  in 

20  the  sample-and-hold  circuit  28  will  have  a  zero 
amplitude.  For  an  incorrect  setting  of  the  equalizer 
5,  this  value  will  be  non-zero. 

It  should  however  be  noted  that  it  might  be 
necessary  in  some  applications  to  sample  the  ana- 

25  log  signal  at  time  instants  lying  a  little  bit  further 
than  one  bittime  T  away  from  the  time  instant  of 
occurrence  of  the  maximum  amplitude  in  the  im- 
pulse  response. 

The  sample  values  si  and  s2  derived  in  the 
30  sample-and-hold  circuits  26  and  28  correspond  in 

fact  to  the  samples  a(t  =  -t)  and  a(t  =  t)  respectively 
in  the  table  of  figure  3.  The  sample  values  are 
applied  to  the  equalizer  control  signal  generator  45. 
This  generator  45  generates  a  first  control  signal 

35  which  has  a  relation  to  the  sum  of  the  sample 
values  si  and  s2,  which  first  control  signal  ci  is 
applied  to  the  output  46.  More  specifically  it  can  be 
said  that  the  first  control  signal  is  proportional  to 
the  sum  of  both  sample  values.  The  generator  45 

40  further  generates  a  second  control  signal  c2  which 
has  a  relation  to  the  difference,  such  as  si  -  s2, 
between  both  sample  values.  More  specifically,  this 
second  control  signal  is  proportional  to  the  dif- 
ference  between  both  sample  values. 

45  In  order  to  discriminate  between  positive  going 
signal  transitions  and  negative  going  transitions,  the 
output  of  the  selector  stage  15c  is  coupled  to  an 
input  39a  of  the  generator  45.  Further,  the  output  of 
the  selector  stage  15d  is  coupled  to  an  input  39b 

50  of  the  generator  45.  Upon  detection  of  a  positive 
going  transition,  a  signal  is  applied  to  the  input  39a 
of  the  generator  45,  so  that  the  generator  45  gen- 
erates  first  and  second  control  signals  which  sat- 
isfy:  ci  =  si  +  s2,  and  c2  =  si  -s2  respectively. 

55  Upon  detection  of  a  negative  going  transition,  a 
signal  is  applied  to  the  input  39b,  so  that,  the 
generator  45  generates  first  and  second  control 
signals  which  satisfy:  ci  =  -(si  +  s2)  and  c2  =  - 
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(si  -  S2)  respectively 
The  first  and  second  control  signals  thus  ob- 

tained  are  applied  to  control  inputs  6  and  7  respec- 
tively  of  the  variable  equalizer  5,  via  integrating 
elements  I1  and  I2.  Under  the  influence  of  the 
output  signal  of  the  integrating  element  I1  which  is 
applied  to  the  input  6,  the  equalizer  is  controlled  as 
regards  its  magnitude  response  as  a  function  of 
frequency  such  that  the  first  control  signal  be- 
comes  substantially  zero.  That  means  that,  in  the 
case  that  the  first  control  signal  is  positive,  the  high 
frequency  emphasis  is  increased  (that  is:  the  mag- 
nitude  of  the  equalizer  characteristic  in  the  high(er) 
frequency  range  is  increased,  or,  the  magnitude  of 
the  equalizer  characteristic  in  the  low(er)  frequency 
range  is  decreased),  and  in  the  case  that  the  first 
control  signal  is  negative,  the  high  frequency  em- 
phasis  is  decreased  (that  is:  the  magnitude  of  the 
equalizer  characteristic  in  the  high(er)  frequency 
range  is  decreased,  or,  the  magnitude  of  the  equal- 
izer  characteristic  in  the  low(er)  frequency  range  is 
increased). 

Under  the  influence  of  the  output  signal  of  the 
integrating  element  I2  which  is  applied  to  the  input 
7,  the  equalizer  is  controlled  as  regards  its  phase 
response  (delay)  as  a  function  of  frequency,  such 
that  the  second  control  signal  becomes  substan- 
tially  zero.  That  means  that,  in  the  case  that  the 
second  control  signal  is  positive  (that  is:  Dh-Di  is 
positive),  the  delay  in  the  high(er)  frequency  range 
is  decreased,  or  the  delay  in  the  low(er)  frequency 
range  is  increased,  and  in  the  case  that  the  second 
control  signal  is  negative  (that  is:  Dh-Di  is  nega- 
tive),  the  delay  in  the  high(er)  frequency  range  is 
increased,  or  the  delay  in  the  low(er)  frequency 
range  is  decreased. 

Figure  6A  shows  an  embodiment  of  the  control 
signal  generator  45  of  figure  5.  The  generator  45 
comprises  two  inverting  elements  155  and  156,  two 
switches  151  and  152,  two  signal  combination  units 
153  and  154  and  a  switching  signal  generator  150. 
The  signal  combination  unit  153  functions  as  an 
adder  and  the  combination  unit  154  functions  as  a 
subtractor.  If  a  selection  signal  is  applied  to  the 
input  39a,  the  switching  signal  generator  150  gen- 
erates  a  signal  such  that  the  switches  151  and  152 
are  in  their  upper  positions,  as  shown.  Output  sig- 
nals  ci  and  C2  occur  at  the  outputs  46  and  48 
respectively  which  equal  si  +S2  and  S1-S2  respec- 
tively.  If  a  selection  signal  is  applied  to  the  input 
39b,  the  switching  signal  generator  150  generates 
a  signal  at  its  output  such  that  the  switches  151 
and  152  are  in  the  lower  positions.  Now,  output 
signals  ci  and  C2  occur  at  the  outputs  46  and  48 
respectively  which  equal  -(si  +S2)  and  -(S1-S2)  re- 
spectively. 

An  embodiment  of  the  equalizer  5  capable  of 
carrying  out  such  control  under  the  influence  of  the 

output  signals  of  the  integrating  elements  I1  and  I2 
will  be  explained  hereinafter. 

Figure  6B  shows  an  embodiment  of  the  vari- 
able  equalizer  5,  having  a  first  equalizer  section  5a 

5  for  realizing  an  equalization  as  to  magnitude,  and  a 
second  section  5b  for  realizing  an  equalization  as 
to  phase.  The  section  5a  receives  the  output  signal 
of  the  integrating  element  I1  via  the  control  signal 
input  6.  The  section  5b  receives  the  output  signal 

10  of  the  integrating  element  I2  via  the  control  signal 
input  7.  The  section  5a  comprises  a  series  arrange- 
ment  of  delay  lines  100  and  102,  a  signal  combina- 
tion  unit  106  in  the  form  of  a  signal  adder,  a 
multiplication  unit  104  and  a  signal  combination 

15  unit  108  in  the  form  of  a  signal  adder.  The  delay 
units  100  and  102  delay  the  signal  applied  to  its 
inputs  by  the  time  interval  t.  The  input  4  is  coupled 
to  a  second  input  of  the  signal  adder  106  and  the 
output  of  the  delay  line  100  is  coupled  to  a  second 

20  input  of  the  adder  108.  The  multiplication  unit  104 
multiplies  the  output  signal  of  the  adder  106  by  a 
factor  p.  The  control  signal  input  6  is  coupled  to  a 
control  input  of  the  multiplication  unit  104,  so  as  to 
control  the  multiplication  factor  p  in  response  to  the 

25  output  signal  of  the  integrating  element  I1  . 
Figure  7  shows  the  functioning  of  the  section 

5a  on  the  analog  response  signal  of  figure  2d.  This 
response  signal  is  also  given  in  figure  7a  and 
shows  the  Nyquist  1  shaped  pulse  which  is  too 

30  wide.  This  results  in  non-zero,  that  is  positive, 
signal  amplitudes  at  the  time  instants  t  =  -r  and  t  =  r 
of  5,  and  an  amplitude  of  1-25  at  time  instant  t  =  0. 
The  signal  in  figure  7a  is  the  output  signal  of  the 
first  delay  line  100,  which  is  applied  to  the  second 

35  input  of  the  adder  108.  The  signal  of  figure  7b  is 
the  response  signal  of  figure  7a  as  it  was  received 
a  time  interval  t  earlier  at  the  input  4.  This  signal  is 
applied  to  the  second  input  of  the  adder  106.  The 
signal  of  figure  7c  is  the  signal  of  figure  7a,  de- 

40  layed  by  a  time  interval  t,  present  at  the  output  of 
the  delay  line  102,  which  signal  is  applied  to  the 
first  input  of  the  adder  106.  Figure  7d  shows  the 
output  signal  of  the  adder  106.  The  signal  of  figure 
7d  has  signal  values  of  5,  1-25,  25,  1-25  and  5  at  the 

45  time  instants  (t  =  )  -2t,  -t,  0,  t  and  2t  respectively. 
In  response  to  the  output  signal  of  the  integrating 
element  I1  ,  the  multiplier  104  multiplies  the  signal 
of  figure  7d  with  a  factor  of  -25/(1-25),  which  results 
in  signal  values  of  -52/(1-25),  -5,  -  252/(1-25),  -5  and 

50  -52/(1-25)  at  the  time  instants  (t  =  )  -2t,  -t,  0,  t  and 
2t  respectively.  The  signal  values  including  the 
factor  52  will  be  disregarded  again,  as  5  is  consid- 
ered  small  in  relation  to  the  value  1.  Figure  7f 
shows  the  output  signal  of  the  adder  108.  As  can 

55  be  seen  in  figure  7f,  the  signal  values  at  the  time 
instants  (t  =  )  -2t,  -t,  0,  t  and  2t  are  ~0,  0,  ~(1-25), 
0  and  ~0  respectively.  The  result  is  a  symmetric 
response  with  signal  values  of  zero  for  the  time 
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instants  t  =  -r  and  t  =  r. 
Figure  8  shows  how  the  section  5a  processes  a 

response  signal  as  given  in  figure  8a,  which  cor- 
responds  with  the  situation  as  described  with  refer- 
ence  to  figure  2f.  The  pulse  width  is  too  small  so 
that  negative  amplitudes  exist  at  the  time  instants  t 
=  -t  and  t  =  T.  Figure  8b  and  8c  show  the  signals 
present  at  the  two  inputs  of  the  adder  106.  Figure 
8d  shows  the  corresponding  output  signal  of  the 
adder  106.  Under  the  influence  of  the  output  signal 
of  the  integrating  element  li  ,  the  multiplier  now 
realizes  a  multiplication  by  a  factor  of  5/(1  +  25),  so 
the  signal  of  figure  8e  appears  at  its  output.  This 
signal  has  amplitudes  of  -52/(1  +25),  5,  -252/(1  +25), 
5  and  -52/(1  +25)  at  the  time  instants  (t  =  )  -2t,  -t,  0, 
t  and  2t  respectively.  The  signal  values  including 
the  factor  52  will  be  disregarded  again,  as  5  is 
considered  small  in  relation  to  the  value  1.  Figure 
8f  shows  the  output  signal  of  the  adder  108.  As  can 
be  seen  in  figure  8f,  the  signal  values  at  the  time 
instants  (t  =  )  -2t,  -t,  0,  t  and  2t  are  ~0,  0,  — 
(1+25),  0  and  ~0  respectively.  The  result  is  a 
symmetric  response  with  signal  values  of  zero  for 
the  time  instants  t  =  -r  and  t  =  r. 

The  second  section  5b  in  figure  6  which  re- 
alizes  the  equalization  as  to  phase,  receives  the 
output  signal  of  the  integrating  element  h  via  the 
control  signal  input  7.  The  section  5b  comprises  a 
series  arrangement  of  delay  lines  110  and  112,  a 
signal  combination  unit  116  in  the  form  of  a  signal 
subtractor,  a  multiplication  unit  114  and  a  signal 
combination  unit  118  in  the  form  of  a  signal  adder. 
The  delay  units  110  and  112  delay  the  signal 
applied  to  its  inputs  by  the  time  interval  t.  The 
output  of  section  5a,  which  is  the  input  109  of  the 
section  5b,  is  coupled  to  a  second  input  of  the 
signal  subtractor  116  and  the  output  of  the  delay 
line  110  is  coupled  to  a  second  input  of  the  adder 
118.  The  multiplication  unit  114  multiplies  the  out- 
put  signal  of  the  subtractor  116  by  a  factor  q.  The 
control  signal  input  7  is  coupled  to  a  control  input 
of  the  multiplication  unit  114,  so  as  to  control  the 
multiplication  factor  q  in  response  to  the  output 
signal  of  the  integrating  element  h 

Figure  9  shows  the  functioning  of  the  section 
5b  on  the  analog  response  signal  of  figure  9a.  This 
response  signal  corresponds  to  the  situation  de- 
scribed  with  reference  to  figure  2g,  and  shows  the 
Nyquist  1  shaped  pulse  which  is  asymmetric.  This 
results  in  non-zero  signal  amplitudes  at  the  time 
instants  t  =  -t  and  t  =  t  of  5  and  -5  respectively,  and 
an  amplitude  of  1  at  time  instant  t  =  0.  The  signal  in 
figure  9a  is  the  output  signal  of  the  first  delay  line 
110,  which  is  applied  to  the  second  input  of  the 
adder  118.  The  signal  of  figure  9b  is  the  response 
signal  of  figure  9a  as  it  was  received  a  time  interval 
t  earlier  at  the  input  109.  This  signal  is  applied  to 
the  second  input  of  the  subtractor  116.  The  signal 

of  figure  9c  is  the  signal  of  figure  9a,  delayed  by  a 
time  interval  t,  present  at  the  output  of  the  delay 
line  112,  which  signal  is  applied  to  the  first  input  of 
the  subtractor  116.  Figure  9d  shows  the  output 

5  signal  of  the  subtractor  116.  The  signal  of  figure  9d 
has  signal  values  of  5,  1,  0,  -1  and  5  at  the  time 
instants  (t  =  )  -2t,  -t,  0,  t  and  2t  respectively.  In 
response  to  the  output  signal  of  the  integrating 
element  b,  the  multiplier  114  multiplies  the  signal 

10  of  figure  9d  with  a  factor  of  -5,  which  results  in 
signal  values  of  -52,  -5,  0,  +5  and  -52  at  the  time 
instants  (t  =  )  -2t,  -t,  0,  t  and  2t  respectively.  The 
signal  values  including  the  factor  52  will  be  dis- 
regarded  again,  as  5  is  considered  small  in  relation 

15  to  the  value  1  .  Figure  9f  shows  the  output  signal  of 
the  adder  118.  As  can  be  seen  in  figure  9f,  the 
signal  values  at  the  time  instants  (t  =  )  -2t,  -  t,  0,  t 
and  2t  are  ~0,  0,  1,  0  and  ~0  respectively.  The 
result  is  a  symmetric  response  with  signal  values 

20  of  zero  for  the  time  instants  t  =  -t  and  t  =  t. 
Figure  10  shows  how  the  section  5b  processes 

a  response  signal  as  given  in  figure  8b,  which 
corresponds  with  the  situation  as  described  with 
reference  to  figure  2i.  The  response  is  asymmetric 

25  so  that  non-zero  amplitudes  of  -5  and  5  exist  at  the 
time  instants  t  =  -r  and  t  =  r  respectively.  From  an 
extensive  description  of  this  signal  processing  will 
be  refrained,  as  this  signal  processing  is  analogous 
to  the  signal  processing  as  per  figure  9.  The  dif- 

30  ference  is  that  in  this  case  the  output  signal  of  the 
integrating  element  I2  realizes  an  amplification  fac- 
tor  q  which  is  equal  to  5  in  the  multiplier  114.  As  a 
result  a  symmetric  response  with  signal  values  of 
zero  for  the  time  instants  t  =  -t  and  t  =  t  is  obtained 

35  at  the  output  8. 
The  equalizer  adaptation  method  described 

above  is  in  the  form  of  a  feedback  system,  and  has 
a  control  loop  so  as  to  control  the  equalizer  re- 
sponse.  The  method  has  a  number  of  advantages. 

40  1.  Variations  in  the  amplitude  of  the  signal  ap- 
plied  to  the  detector  section  10a  do  not  influ- 
ence  the  zero  crossings  in  this  signal.  Therefore, 
the  control  signals  applied  to  the  variable  equal- 
izer  5  remain  constant. 

45  2.  No  training  sequences  are  needed,  because 
useful  data  patterns  are  selected  from  regular 
data  detected. 
3.  Detection  and  selection  of  the  required  data 
patterns  is  already  possible  when  starting  with  a 

50  significant  misalignment  of  the  variable  equalizer 
5.  This  because  of  the  fact  that  selected  flux 
transitions  are  not  influenced  by  neighbouring 
transitions.  Thus  proper  selection  tolerates  a 
large  deviation  from  the  response  that  is  strived 

55  for,  namely  a  response  without  intersymbol  in- 
terference. 
4.  The  integrating  behaviour  of  the  control  loop 
realizes  a  summation  of  the  results  obtained 
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when  detecting  subsequent  arrays  of  (0,0,1,0,0) 
and  (0,0,-1,0,0),  which  leads  to  a  suppression  of 
the  influence  of  a  DC  component  or  low  fre- 
quency  components,  if  present,  in  the  signal 
applied  to  the  detector  section  10a. 

It  should  be  noted  here  that  the  invention  has 
been  explained  for  situations  where  either  the  re- 
sponse  to  a  transition  in  the  write  current  is  af- 
fected  by  a  too  low  (or  a  too)  high  HF  pre-em- 
phasis,  or  where  the  response  is  affected  by  a  non 
constant  delay  as  a  function  of  frequency.  It  is 
submitted  here  that  both  phenomena,  that  is  the 
occurrence  of  an  incorrect  HF  pre-emphasis  and 
the  occurrence  of  a  non-constant  delay  as  a  func- 
tion  of  frequency,  can  simultaneously  affect  an 
impulse  response.  The  sample  values  a(t  =  -T)  and 
a(t  =  r)  are  now  built  up  of  two  contributions,  one 
originating  from  the  incorrect  pre-emphasis  and 
one  originating  from  the  incorrect  delay. 

Figure  11A  discloses  a  slightly  different  version 
of  the  arrangement  of  figure  5,  in  that  the  arrange- 
ment  comprises  a  bit  array  selector  14  for  selecting 
arrays  of  bits  (0,0,-1),  (0,0,1),  (1,0,0)  and  (-1,0,0). 
This  selection  criterion  has  the  advantage  of  a 
higher  probability  of  occurrence  of  the  various  bit 
arrays. 

The  output  11  of  the  detection  section  10a  is 
coupled  to  inputs  of  a  first  bit  array  selector  14  and 
a  second  bit  array  selector  16.  The  bit  array  selec- 
tor  14  supplies  a  first  selection  signal  at  an  output 
18  if  an  array  of  bits  (0,  0,-1)  or  an  array  of  bits 
(0,0,1)  is  selected  in  the  non-rectified  bitstream 
present  at  the  output  11.  To  that  purpose,  the 
selector  14  comprises  selector  stages  15a  and  15b 
for  selecting  the  arrays  (0,0,-1)  and  (0,0,1)  respec- 
tively.  Outputs  of  the  stages  15a  and  15b  are 
coupled  to  the  output  18  via  an  OR-gate  17.  The 
bit  array  selector  16  supplies  a  second  selection 
signal  at  an  output  20  if  an  array  of  bits  (1  ,  0,  0)  or 
an  array  of  bits  (-1,0,0)  is  selected  in  the  non- 
rectified  bitstream  present  at  the  output  1  1  .  To  that 
purpose,  the  selector  16  comprises  selector  stages 
19a  and  19b  for  selecting  the  arrays  (1,0,0)  and  (- 
1,0,0)  respectively.  Outputs  of  the  stages  19a  and 
19b  are  coupled  to  the  output  20  via  an  OR-gate 
21.  The  first  and  second  selection  signals  are  ap- 
plied  to  control  inputs  22  and  24  respectively  of  the 
sample-and-hold  units  26  and  28  respectively. 

Upon  the  receipt  of  a  selection  signal  applied 
to  a  sample-and-hold  unit,  this  unit  samples  the 
analog  signal  applied  to  its  signal  input  and  holds 
the  value  of  the  sample  during  a  certain  time 
interval,  so  as  to  supply  this  value  to  one  of  the 
inputs  of  the  equalizer  control  signal  generator  45. 

The  delay  units  30  and  32  delay  the  signals 
applied  to  its  inputs  over  a  time  interval  of  Ti  and 
T2  respectively.  The  delay  interval  Ti  has  been 
chosen  such  that,  when  a  selection  signal  occurs  at 

the  output  18  of  the  selection  unit  14,  the  analog 
signal  that  lead  to  the  (0,0,1)  or  the  (0,0,-1)  bit- 
sequence  in  the  non-rectified  bitstream  present  at 
the  output  11  of  the  detector  stage  10a  is  sampled 

5  exactly  at  the  time  instant  corresponding  to  the 
time  instant  of  occurrence  of  the  central  (zero)  bit 
in  the  (0,0,1)  or  the  (0,0,-1)  bitsequence. 

From  what  has  been  explained  with  reference 
to  figure  2,  it  can  be  concluded  that,  if  the  equal- 

io  izer  5  is  set  such  that  the  intersymbol  interference 
is  zero  and  if  the  sampling  instants  are  located  in 
time  such  that  one  sampling  instant  is  exactly  at 
the  location  of  the  time  of  occurrence  of  the  maxi- 
mum  value  of  the  response  function  of  figure  2b, 

is  the  sample  of  the  analog  signal  will  have  a  zero 
amplitude.  For  an  incorrect  setting  of  the  equalizer 
5,  this  value  will  be  non-zero. 

The  delay  interval  T2  has  been  chosen  such 
that,  when  a  selection  signal  occurs  at  the  output 

20  20  of  the  selection  unit  16,  the  analog  signal  that 
lead  to  the  (1  ,0,0)  or  the  (-1  ,0,0)  bitsequence  in  the 
non-rectified  bitstream  present  at  the  output  of  the 
detector  stage  10a  is  sampled  exactly  at  the  time 
instant  corresponding  to  the  time  instant  of  occur- 

25  rence  of  the  central  (zero)  bit  in  the  (1  ,0,0)  or  the  (- 
1  ,0,0)  bitsequence. 

Again  from  what  has  been  explained  with  refer- 
ence  to  figure  2,  it  can  be  concluded  that,  if  the 
equalizer  5  is  set  to  its  correct  value,  the  sample  of 

30  the  analog  signal  obtained  in  the  sample-and-hold 
circuit  28  will  have  a  zero  amplitude.  For  an  in- 
correct  setting  of  the  equalizer  5,  this  value  will  be 
non-zero. 

Assuming  that  the  selection  methods  in  the 
35  selectors  15a,  15b,  19a  and  19b  are  equal,  it  can 

be  concluded  that  the  delays  Ti  and  T2  in  the 
delay  circuits  26  and  32  equal  each  other.  This 
means  that  the  delay  circuits  can  be  replaced  by 
one  delay  circuit  having  a  delay  Ti  ,  coupled  in  the 

40  common  part  of  the  electrical  connection  from  the 
output  of  the  equalizer  means  5  to  the  two  sample- 
and-hold  circuits  26  and  28. 

The  sample  values  si  and  s2  derived  in  the 
sample-and-hold  circuits  26  and  28  correspond  in 

45  fact  to  the  samples  a(t  =  -t)  and  a(t  =  t)  respectively 
in  the  table  of  figure  3.  The  sample  values  are 
applied  to  the  equalizer  control  signal  generator  45. 
This  generator  45  generates  the  first  and  the  sec- 
ond  control  signal  in  the  following  way. 

50  In  order  to  discriminate  between  positive  going 
signal  transitions  and  negative  going  transitions,  the 
outputs  of  the  selector  stages  15b  and  15b  are 
coupled  to  inputs  39a  and  39b  respectively  of  the 
generator  45'.  In  the  same  way,  the  outputs  of  the 

55  selector  stages  19a  and  19b  are  coupled  to  inputs 
39c  and  39d  of  the  generator  45'.  Suppose  that  two 
subsequent  sequences  (0,0,1)  and  (1,0,0)  are  de- 
tected  by  the  selector  stages  15b  and  19a.  The 
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detection  of  the  (0,0,1)  sequence  results  in  a  signal 
being  applied  to  the  input  39b  of  the  generator  45'. 
The  detection  of  the  (1,0,0)  sequence  results  in  a 
signal  being  applied  to  the  input  39c  of  the  gener- 
ator  45'.  In  response  to  those  signals,  the  generator 
generates  first  and  second  control  signals  ci  and 
C2  which  for  instance  equal  (si  +S2)  and  (S1-S2) 
respectively. 

Suppose  now  that  two  subsequent  sequences 
(0,0,-1)  and  (-1,0,0)  are  selected  by  the  selector 
stages  15a  and  19b.  Now  signals  are  applied  to  the 
inputs  39a  and  39d  respectively  of  the  generator 
45'.  In  response  to  those  signals,  the  generator 
generates  first  and  second  control  signals  ci  and 
C2  which  in  this  case  equal  -(S2+S2)  and  -(S1-S2) 
respectively. 

It  should  however  be  noted  that  a  (0,0,1)  bitar- 
ray  need  not  necessarily  be  followed  by  a  (1,0,0) 
bitarray.  It  is  possible  that  it  is  followed  by  any  one 
of  the  arrays  (0,0,1),  (1,0,0),  (0,0,-1)  or  (-1,0,0).  This 
results  in  the  generator  45'  being  of  a  different 
construction  than  the  generator  45  of  figure  6a. 

Figure  1  1  B  shows  that  the  control  signal  gener- 
ator  45'  comprises  a  switching  signal  generator  150 
having  inputs  coupled  to  the  inputs  39a  and  39b  of 
the  generator  45',  and  a  switching  signal  generator 
158  having  inputs  coupled  to  the  inputs  39c  and 
39d  of  the  generator  45'.  Outputs  of  the  switching 
signal  generators  150  and  158  now  control  the 
position  of  the  switches  151  and  152  respectively. 
An  occurrence  of  a  signal  on  the  input  39a  controls 
the  switch  151  to  the  'down'  position,  as  shown.  An 
occurrence  of  a  signal  at  the  input  39b  controls  the 
switch  to  its  'up'  position. 

An  occurrence  of  a  signal  on  the  input  39c 
controls  the  switch  152  to  the  'up'  position,  as 
shown.  An  occurrence  of  a  signal  at  the  input  39d 
controls  the  switch  to  its  'down'  position. 

The  embodiment  of  figure  11A  and  1  1  B  has 
the  advantage  that  single  bit  arrays  of  three  bits, 
such  as  the  bit  arrays  (0,0,1)  and  (1,0,0),  can  be 
selected  without  the  necessity  that  they  should 
occur  together  in  a  bit  array  (0,0,1,0,0).  The  prob- 
ability  of  occurrence  of  such  bit  arrays  is  larger 
than  the  occurrence  of  the  bit  array  (0,0,1,0,0). 
Further,  after  each  3-bit  bit  array  selected  by  one 
of  the  selectors  15a,  15b,  19a  and  19b,  the  control 
signals  ci  and  C2  can  be  recalculated,  and  thus  the 
control  signals  applied  to  the  inputs  6  and  7  of  the 
variable  equalizer  can  be  readjusted. 

Figure  12  explains  the  invention  for  the  situ- 
ation  that  a  partial  response  class  4  (PR4)  detec- 
tion  is  realized  during  read-out  of  a  positive  going 
transition  in  the  write  current.  Figure  12a  shows  the 
positive  going  transition  in  the  write  current  as  a 
function  of  time.  The  write  current  transition  of 
figure  12a  which  is  recorded  on  the  record  carrier 
is  read  out  by  a  differentiating  head,  shaped  ac- 

cording  to  the  Nyquist  1  criterion  described  above 
with  reference  to  figure  1  ,  and  applied  to  a  cosine 
filter.  The  shaping  in  accordance  with  the  Nyquist  1 
criterion  is  the  same  as  the  shaping  described 

5  above  with  reference  to  figure  1  and  2.  The  com- 
bination  of  the  Nyquist  1  shaping  and  the  filtering 
by  means  of  a  cosine  filter  realizes  a  PR4  re- 
sponse  at  the  input  of  the  detector  section  10a. 
The  pre-equalizer  4  of  figure  1  can  be  thought  of 

10  now  to  include  the  cosine  filter,  so  as  to  enable  a 
PR4  detection. 

The  PR4  detection  results,  in  an  ideal  situation, 
in  an  analog  response  signal  at  the  output  of  the 
pre-equalizer  4  which  is  given  in  figure  12b.  The 

15  signal  given  in  figure  12c  is  a  sampled  version  of 
the  analog  response  signal,  which  is  obtained  by 
taking  the  signal  values  of  the  analog  response 
signal  at  the  sampling  instants  -t,  0,  t,  2t  In 
the  ideal  case,  the  sampled  signal  obtained  com- 

20  prises  two  pulses  of  equal  amplitude  at  the  time 
instants  t  =  0  and  t  =  r.  The  samples  on  the  other 
time  instants  have  a  zero  amplitude.  With  the  as- 
sumption  that  the  amplitudes  at  the  time  instants 
t  =  0  and  t  =  T  equal  unity,  the  sampled  signal  of 

25  figure  12c  can  thus  be  expressed  as  (...,  0,  0,  1,  1, 
0,  0,  ...). 

An  inadequate  equalization  during  read-out, 
changes  the  pulse  width  of  the  signal  of  figure  12b, 
which  results  in  samples  in  the  vicinity  of  the  two 

30  pulses  deviating  from  zero.  Figure  12d  shows  this 
effect,  when  the  low(er)  frequencies  in  the  output 
signal  of  the  pre-equalizer  4  are  over-emphasized 
compared  to  the  high(er)  frequencies  in  said  output 
signal.  The  result  is  a  positive  amount  of  intersym- 

35  bol  interference  at  the  time  instants  t  =  -r  and  t  =  2r. 
The  sampled  signal  can  now  be  expressed  as  (..., 
_0,  5,  1-5,  1-5,  5,  _0,  ...). 

Figure  12e  shows  a  situation  when  the  high(er) 
frequencies  in  the  output  signal  of  the  pre-equalizer 

40  4  are  over-emphasized  compared  to  the  low(er) 
frequencies.  In  that  case,  a  negative  amount  of 
intersymbol  interference  is  present  as  samples  that 
occur  at  the  time  instants  t  =  -r  and  t  =  2r,  and 
which  have  a  negative  amplitude.  The  sampled 

45  signal  can  now  be  expressed  as  (...,  _0,  -5,  1  +5, 
1  +5,  -5,  _0,  ...). 

Figure  12f  shows  the  effect  on  the  signal  read 
out  if  the  transmission  in  the  transmission  path  up 
till  the  output  of  the  pre-equalizer  4  exhibits  a  delay 

50  for  high(er)  frequencies  is  higher  than  for  low(er) 
frequencies.  The  result  is  an  asymmetric  response. 
As  will  be  clear  from  this  figure,  a  sample  of 
positive  amplitude  appears  at  the  time  instant  t  =  - 
t,  and  a  sample  of  negative  amplitude  appears  at 

55  the  time  instant  t  =  2r.  The  sampled  signal  can  now 
be  expressed  as  (...,  _0,  5,  1+5,  1-5,  -5,  _0,  ...).  It 
will  be  obvious  that  a  sample  of  negative  amplitude 
will  appear  at  the  time  instant  t  =  -r  and  a  sample  of 

11 
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positive  amplitude  will  appear  at  the  time  instant 
t  =  2r  in  the  case  that  the  delay  for  high(er)  fre- 
quencies  is  lower  than  for  low(er)  frequencies.  The 
sampled  signal  can  then  be  expressed  as  (...,  ~0, 
-5,  1-5,  1  +5,  5,  ~0,  ...),  see  figure  12g. 

From  the  foregoing  it  has  become  clear  that,  in 
a  situation  where  an  isolated  step  transition  in  the 
write  current  occurs,  the  amplitudes  of  the  samples 
occurring  at  the  time  instants  t  =  -r  and  t  =  2r  during 
read-out,  give  an  indication  as  to  the  equalization 
carried  out.  The  table  given  in  figure  3  can  be  used 
here  as  well,  to  show  all  the  possible  situations  that 
can  occur  for  the  samples  a(t  =-t)  and  a(t  =2t) 
that  directly  adjoin  the  two  pulses  at  t  =  0  and  t  =  r. 
For  a(t  =  t)  in  the  table  should  be  read  a(t  =  2t).  The 
conclusions  that  can  be  derived  from  those  situ- 
ations  are  the  same  for  the  PR4  detection  as 
described  with  reference  to  figure  12. 

In  the  same  way  as  stated  above  with  refer- 
ence  to  figure  4  for  the  Nyquist  1  detection  meth- 
od,  also  in  the  case  of  a  PR4  detection  method  it 
should  be  noted  that  the  conclusions  given  above 
only  apply  for  situations  where  subsequent  transi- 
tions  in  the  write  current  occur  not  too  close  to 
each  other,  viewed  in  time.  This  can  be  explained 
with  reference  to  figure  13. 

Figure  13a  shows  a  situation  where  a  positive 
going  transition  and  a  negative  going  transition  in 
the  write  current  are  spaced  a  time  interval  of  37 
away.  Figure  13b  shows  the  signal  read  out  in 
response  to  the  positive  going  transition  and  figure 
13c  shows  the  signal  read  out  in  response  to  the 
negative  going  transition.  As  can  be  seen  from 
those  figures,  the  HF  equalization  is  too  low.  The 
total  response  to  both  transitions  is  given  as  the 
sampled  signal  in  figure  13d.  The  signal  in  figure 
13d  is  the  sum  of  the  signals  of  figure  13b  and 
13c.  As  can  be  seen  from  figure  13d,  the  signal 
amplitude  at  t  =  2r  is  zero,  as  the  positive  signal 
amplitude  at  t  =  2r  in  figure  13b  cancels  the  nega- 
tive  amplitude  at  t  =  2r  in  figure  13c.  Detection  of 
the  signal  amplitude  at  t  =  2r  could  lead  to  the 
conclusion  that  no  intersymbol  interference  is 
present,  which  is  in  fact  not  the  case,  as  is  shown 
in  figure  13b  and  13c.  The  situation  of  figure  13a, 
where  the  digital  write  current  is  in  the  form  of  (..., 
-1,  1,  1,  1,  -1,  ...)  is  therefore  less  suitable  for  the 
determination  of  an  incorrect  equalization. 

From  the  figures  12d  to  12g  it  has  become 
clear  that  the  assumption  is  made  that  an  incorrect 
equalization  during  read-out  of  a  positive  or  nega- 
tive  going  transition  has  a  major  influence  on  the 
signal  values  at  the  time  instants  t  =  -r  to  t=  2t, 
and  that  this  influence  can  be  neglected  for  time 
instants  lying  further  away  from  the  time  instant 
t  =  0.  This  has  been  made  clear  in  the  figures  12d 
to  12  g  by  equalling  the  amplitude  of  the  sampled 
signal  for  the  time  instants  -2t  and  3t  to  zero.  That 

means  that  the  interaction  between  two  subsequent 
transitions,  as  described  with  reference  to  figure 
13,  is  considered  negligible  as  soon  as  two  subse- 
quent  transitions  lie  a  time  spacing  of  at  least  4t 

5  apart.  As  this  should  also  be  the  case  for  a  directly 
preceding  transition,  it  can  therefore  be  concluded 
that  a  positive  going  transition  can  be  used  for 
determining  the  amount  of  equalization  if  the  write 
current  has  the  following  form  (...,  -1,  -1,  -1,  -1,  1, 

io  1,1,1,  ...),  or,  if  the  sampled  signal  equals  (...,  0,  0, 
1,  1,  0,  0,  ...)  in  the  ideal  situation.  In  the  same 
way,  a  negative  going  transition  in  the  write  current 
can  be  used  if  the  digital  write  signal  equals  (...,  1, 
1,  1,  1,  -1,  -1,-1,  -1,  ...),  which  realizes  a  sampled 

is  signal  in  the  form  of  the  array  of  samples  (...,  0,  0, 
-1,  -1,  0,  0,  ...)  in  the  ideal  situation.  The  two  zero- 
valued  samples  at  time  instants  -t  and  2t,  that 
directly  adjoin  the  samples  at  the  time  instants  t  =  0 
and  t  =  T  (see  figure  12c),  are  used  for  determining 

20  the  correct  equalization.  This  means  that  arrays  of 
bits  (0,  0,  1,  1,  0,  0)  and  (0,  0,  -1,-1,  0,  0)  in  the 
output  signal  of  the  detector  section  10a  should  be 
detected. 

The  probability  of  occurrence  of  such  arrays  of 
25  bits  is  rather  low,  namely  2-8  for  each  array,  as- 

suming  that  the  bit  patterns  are  random.  That 
means  that  the  probability  that  either  the  one  or  the 
other  bit  array  occurs,  is  equal  to  2-7.  In  order  to 
increase  the  number  of  situations  that  can  be  used 

30  for  determining  the  correct  equalization,  one  could 
detect  the  situations  where  the  output  signal  of  the 
detector  section  10a  includes  the  following  arrays 
of  four  bits:  (0,  0,  1,  1),  (0,  0,  -1,  -1),  (-1,  -1,  0,  0) 
and  (1  ,  1  ,  0,  0)  separately.  The  probability  of  occur- 

35  rence  of  those  arrays  of  samples  is  higher,  2_G  for 
each  array.  The  probability  that  one  of  the  four  bit 
arrays  occurs  is  thus  2_+.  The  second  sample  from 
the  left  in  the  array  of  four  samples  of  the  sampled 
signal  that  corresponds  to  the  (0,  0,  1,  1)  bit  array 

40  or  the  (0,  0,  -1,  -1)  bit  array  in  the  digital  output 
signal,  and  the  third  sample  from  the  left  in  the 
array  of  four  samples  of  the  sampled  signal  that 
corresponds  to  the  (-1  ,-1,0,  0)  bit  array  or  the  (1  , 
1,  0,  0)  bit  array  in  the  digital  output  signal,  should 

45  now  be  used  for  determining  whether  the  equaliza- 
tion  is  correct  or  not.  The  value  of  the  second 
sample  in  the  array  of  samples  corresponding  to 
the  (0,  0,  -1,-1)  bit  array  or  the  (0,  0,  1,  1)  bit  array 
can  be  used  as  the  sample  a(t  =  -T)  in  the  table  of 

50  figure  3,  and  the  value  of  the  third  sample  in  the 
array  of  samples  corresponding  to  the  (-1  ,-1,0,  0) 
bit  array  or  the  (1  ,  1  ,  0,  0)  bit  array  can  be  used  as 
the  sample  a(t  =  r)  in  the  table  of  figure  3. 

The  arrays  of  four  consecutive  samples,  given 
55  above,  are  the  arrays  obtained  after  rectifying  the 

signal  read  out.  This  means  that  selection  means 
should  be  present  to  select  the  following  arrays  of 
samples  in  the  non-rectified  signal  read  out:  (0,  0, 

12 
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1,  1),  (0,  0,  -1,  -1),  (1,  1,  0,  0)  or  (-1,  -1,  0,  0).  If  a 
more  accurate  selection  is  needed  one  could  select 
the  following  arrays  of  (five  consecutive)  samples: 
(-1,  0,  0,  1,  1),  (1,  0,  0,  -1,  -1),  (1,  1,  0,  0,  -1)  or  (-1, 
-1,  0,  0,  1).  This  selection  criterion  is  especially 
useful  in  the  situation  where  the  detection  means 
10a  includes  a  Viterbi  detector.  If  either  the  array  (- 
1,  0,  0,  1,  1)  or  the  array  (1,  0,  0,  -1,-1)  has  been 
selected,  the  sample  in  the  sampled  signal  that 
corresponds  to  the  central  bit  in  the  two  arrays  can 
be  used  as  the  a(t  =  -t)  value  in  the  table  of  figure 
3.  Further,  the  sample  in  the  sampled  signal  that 
corresponds  to  the  second  bit  in  the  two  arrays  can 
be  used  as  the  a(t  =  r)  value  in  the  table  of  figure  3. 
The  reason  for  this  is  that,  if  an  array  (-1,  0,  0,  1,  1) 
is  detected,  the  bit  directly  preceding  the  '-1'  bit  in 
this  array,  is  also  a  '-1'  bit.  In  the  same  way,  if  an 
array  (1,  0,  0,  -1,  -1)  is  detected,  the  bit  directly 
preceding  the  '1'  bit  in  this  array,  is  also  a  '1'  bit. 

The  same  reasoning  is  valid  for  the  arrays  (1  , 
1,  0,  0,  -1)  and  (-1,  -1,  0,  0,  1).  The  sample  value  in 
the  sampled  signal  corresponding  with  the  central 
bit  in  both  arrays  can  be  used  as  the  a(t  =  t)  value 
in  the  table  of  figure  3.  The  sample  value  in  the 
sampled  signal  corresponding  with  the  fourth  bit  in 
both  arrays  can  be  used  as  the  a(t  =  -t)  value  in  the 
table  of  figure  3. 

Figure  14  discloses  an  embodiment  in  which  a 
PR4  detection  is  carried  out  on  the  signal  read  out. 
The  arrangement  largely  resembles  the  arrange- 
ment  of  figure  5,  with  the  exception  that  the  pre- 
equalizer  4a  has  a  different  transmission  character- 
istic,  as  the  cosine  filter  characteristic  is  now  in- 
cluded  in  pre-equalizer  4a  and  that  the  selection 
unit  14c  now  selects  a  (0,0,1,1,0,0)  or  a  (0,0,-1,- 
1,0,0)  bit  sequence  in  the  non-rectified  output  sig- 
nal  of  the  detector  stage  10a.  To  that  purpose,  the 
selection  unit  14c  comprises  selection  stages  15g 
and  15h  for  selecting  a  (0,0,1,1,0,0)  and  a  (0,0,-1,- 
1,0,0)  bit  sequence  respectively,  and  an  OR  gate 
17. 

When  a  selection  signal  occurs  at  the  output 
18  of  the  selection  unit  14c,  the  analog  signal  at 
the  output  of  the  variable  equalizer  5  that  lead  to 
the  (0,0,1,1,0,0)  or  the  (0,0,-1,-1,0,0)  bitsequence  in 
the  non-rectified  bitstream  present  at  the  output  of 
the  detector  10a,  is  sampled  exactly  at  the  time 
instant  corresponding  to  the  time  instant  of  occur- 
rence  of  the  second  (zero)  bit  in  the  (0,0,1,1,0,0)  or 
the  (0,0,-1,-1,0,0)  bitsequence.  When  the  selection 
signal  occurs  at  the  output  20  of  the  selection  unit 
14c,  the  analog  signal  at  the  output  of  the  equalizer 
5  that  lead  to  the  (0,0,1,1,0,0)  or  the  (0,0,-1,-1,0,0) 
bitsequence  in  the  non-rectified  bitstream  present 
at  the  output  11  of  the  detector  10a  is  sampled 
exactly  at  the  time  instant  corresponding  to  the 
time  instant  of  occurrence  of  the  fifth  bit  (which  is 
the  third  zero  bit)  in  the  (0,0,1,1,0,0)  or  (0,0,-1,- 

I,  0,0)  bitsequence.  The  generation  of  the  control 
signals  ci  and  C2  is  the  same  as  in  the  embodi- 
ment  of  figure  5,  in  the  sense  that  again  the  out- 
puts  of  the  stages  15g  and  15h  are  coupled  to 

5  inputs  39a  to  39d  respectively  of  the  generator  45, 
so  as  to  obtain  the  first  and  second  control  signals 
with  the  correct  sign,  dependent  of  the  occurrence 
of  a  positive  or  a  negative  going  transition  in  the 
write  current  that  is  detected. 

io  The  variable  equalizer  5  can  have  the  same 
construction  as  the  variable  equalizer  5  of  figure 
I  I  ,  that  is  the  construction  as  shown  in  figure  6B. 

Figure  15  shows  the  correction  of  a  too  wide 
response  signal,  as  given  in  figure  15a.  Non-zero 

is  sample  values  having  an  amplitude  5  occur  at  the 
time  instants  t  =  -r  and  t  =  2r  and  amplitudes  of  1-5 
occur  at  time  instants  t  =  0  and  t  =  r.  The  signal  in 
figure  15a  is  the  output  signal  of  the  first  delay  line 
100  in  the  section  5a,  which  is  applied  to  the 

20  second  input  of  the  adder  108.  The  signal  of  figure 
15b  is  the  response  signal  of  figure  15a  as  it  was 
received  a  time  interval  t  earlier  at  the  input  4.  This 
signal  is  applied  to  the  second  input  of  the  adder 
106.  The  signal  of  figure  15c  is  the  signal  of  figure 

25  15a,  delayed  by  a  time  interval  t,  present  at  the 
output  of  the  delay  line  102,  which  signal  is  applied 
to  the  first  input  of  the  adder  106.  Figure  15d 
shows  the  output  signal  of  the  adder  106.  The 
signal  of  figure  15d  has  signal  values  of  5,  1-5,  1,  1, 

30  1-5  and  5  at  the  time  instants  (t  =  )  -2t,  -t,  0,  t,  2t 
and  3t  respectively.  In  response  to  the  output 
signal  of  the  integrating  element  li  ,  the  multiplier 
104  multiplies  the  signal  of  figure  15d  with  a  factor 
of  -5/(1-5),  which  results  in  signal  values  of  substan- 

35  tially  zero  at  the  time  instants  t  =  -2r  and  t  =  3T,  of 
-5  at  the  time  instants  t=  -t  and  t  =  2r,  and  of  -  5/- 
(1-5)  at  the  time  instants  t  =  0  and  t  =  r.  5  is  again 
considered  small  in  relation  to  the  value  1.  Figure 
15f  shows  the  output  signal  of  the  adder  108.  As 

40  can  be  seen  in  figure  15f,  the  signal  values  at  the 
time  instants  (t  =  )  -2t,  -t,  0,  t,  2t  and  3t  are  ~0,  0, 
~(1-25),  ~(1-25),  0  and  ~0  respectively.  The  result 
is  a  symmetric  response  with  signal  values  of  zero 
for  the  time  instants  t  =  -r  and  t  =  2r. 

45  When  correcting,  by  means  of  the  section  5a,  a 
too  narrow  response,  which  means  that  the  signal 
values  at  the  time  instants  t  =  -r  and  t  =  2r  are 
negative  and  equal  -  5,  see  figure  12e,  the  output 
signal  of  the  integrating  element  li  controls  the 

50  multiplier  such  that  the  signal  applied  to  its  input  is 
multiplied  by  a  factor  5/(1  +5).  The  result  is  again  a 
symmetric  response  with  signal  values  of  zero  am- 
plitude  at  the  time  instants  t(  =  )  -2t,  -t,  2t  and  3t, 
and  amplitudes  ~1  at  t  =  0  and  t  =  r. 

55  Figure  16  shows  the  functioning  of  the  section 
5b  in  figure  6B  on  the  analog  response  signal  of 
figure  16a.  This  response  signal  corresponds  to  the 
situation  described  with  reference  to  figure  12f,  and 

13 
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shows  the  pulse  which  is  asymmetric.  This  results 
in  non-zero  signal  amplitudes  at  the  time  instants 
t  =  -T  and  t  =  2r  of  5  and  -5  respectively,  and  am- 
plitudes  of  1+5  at  t  =  0  and  1-5  at  t  =  r.  The  signal 
in  figure  16a  is  the  output  signal  of  the  first  delay 
line  110  in  section  5b,  which  is  applied  to  the 
second  input  of  the  adder  118.  The  signal  of  figure 
16b  is  the  response  signal  of  figure  16a  as  it  was 
received  a  time  interval  t  earlier  at  the  input  109. 
This  signal  is  applied  to  the  second  input  of  the 
subtractor  116.  The  signal  of  figure  16c  is  the 
signal  of  figure  16a,  delayed  by  a  time  interval  t, 
present  at  the  output  of  the  delay  line  112,  which 
signal  is  applied  to  the  first  input  of  the  subtractor 
116.  Figure  16d  shows  the  output  signal  of  the 
subtractor  116.  The  signal  of  figure  16d  has  signal 
values  of  5,  1  +5,  1-25,  -1-25,  -  1  +  5  and  5  at  the 
time  instants  (t  =  )  -2t,  -t,  0,  t,  2t  and  3t  respec- 
tively.  In  response  to  the  output  signal  of  the  in- 
tegrating  element  h,  the  multiplier  114  multiplies 
the  signal  of  figure  16d  with  a  factor  of  approxi- 
mately  -5,  which  results  in  signal  values  of  ~0,  —5, 
—5,  ~  +  5,  ~  +  5  and  ~0  at  the  time  instants  (t  =  )  -2t, 
-t,  0,  t,  2t  and  3t  respectively.  5  is  again  consid- 
ered  small  in  relation  to  the  value  1.  Figure  16f 
shows  the  output  signal  of  the  adder  118.  As  can 
be  seen  in  figure  16f,  the  signal  values  at  the  time 
instants  (t  =  )  -2t,  -t,  0,  t,  2t  and  3t  are  ~0,  ~0,  ~1, 
~1,  ~0  and  ~0  respectively.  The  result  is  a  sym- 
metric  response  with  signal  values  approximately 
zero  for  the  time  instants  t  =  -r  and  t  =  2r. 

When  correcting,  by  means  of  the  section  5b, 
a  response  as  per  figure  12g,  which  means  that  the 
signal  values  at  the  time  instants  t  =  -r  and  t  =  2r 
are  equal  to  -5  and  5  respectively,  the  output  signal 
of  the  integrating  element  h  controls  the  multiplier 
such  that  the  signal  applied  to  its  input  is  multiplied 
by  a  factor  5.  The  result  is  again  a  symmetric 
response  with  signal  values  of  approximately  zero 
amplitude  at  the  time  instants  t(  =  )  -2t,  -t,  2t  and 
3t,  and  amplitudes  ~1  at  t  =  0  and  t  =  r. 

Figure  17  discloses  another  embodiment  in 
which  a  PR4  detection  is  carried  out  on  the  signal 
read  out.  The  arrangement  largely  resembles  the 
arrangement  of  figure  11a,  with  the  exception  that 
the  pre-equalizer  4a  has  a  different  transmission 
characteristic,  as  the  cosine  filter  characteristic  is 
now  included  in  pre-equalizer  4a  and  that  the  se- 
lection  unit  14b  now  selects  a  (0,0,1,1)  or  a  (0,0,-1,- 
1)  bit  sequence  and  the  selection  unit  16b  now 
selects  a  (1,1,0,0)  or  a  (-1,-1,0,0)  bitsequence  in  the 
non-rectified  output  signal  of  the  detector  stage 
10a.  To  that  purpose,  the  selection  unit  14b  com- 
prises  selection  stages  15e  and  15f  for  selecting  a 
(0,0,-1,-1)  and  a  (0,0,1,1)  bit  sequence  respectively, 
and  an  OR  gate  17.  The  selection  unit  16b  com- 
prises  selection  stages  19e  and  19f  for  selecting  a 
(1,1,0,0)  and  a  (-1,-1,0,0)  bitsequence  respectively 

and  an  OR  gate  21  . 
When  a  selection  signal  occurs  at  the  output 

18  of  the  selection  unit  14b,  the  analog  signal  at 
the  output  of  the  variable  equalizer  5  that  lead  to 

5  the  (0,0,1,1)  or  the  (0,0,-1,-1)  bitsequence  in  the 
non-rectified  bitstream  present  at  the  output  of  the 
detector  10a  is  sampled  exactly  at  the  time  instant 
corresponding  to  the  time  instant  of  occurrence  of 
the  second  (zero)  bit  in  the  (0,0,1,1)  or  the  (0,0,-1,- 

io  1)  bitsequence.  When  a  selection  signal  occurs  at 
the  output  20  of  the  selection  unit  16b,  the  analog 
signal  at  the  output  of  the  equalizer  5  that  lead  to 
the  (1,1,0,0)  or  the  (-1,-1,0,0)  bitsequence  in  the 
non-rectified  bitstream  present  at  the  output  11  of 

is  the  detector  10a  is  sampled  exactly  at  the  time 
instant  corresponding  to  the  time  instant  of  occur- 
rence  of  the  third  bit  (which  is  the  first  zero  bit)  in 
the  (1,1,0,0)  or  (-1,-1,0,0)  bitsequence.  The  genera- 
tion  of  the  control  signals  ci  and  C2  is  the  same  as 

20  in  the  embodiment  of  figure  11a,  in  the  sense  that 
again  the  outputs  of  the  stages  15e,  15f,  19e  and 
19f  are  coupled  to  inputs  39a  to  39d  respectively  of 
the  generator  45',  so  as  to  obtain  the  first  and 
second  control  signals  with  the  correct  sign,  depen- 

25  dent  of  the  occurrence  of  a  positive  or  a  negative 
going  transition  in  the  write  current  that  is  detected. 

As  has  been  said  previously,  the  embodiment 
of  figure  14  is  less  useful,  in  that  the  probability  of 
occurrence  of  the  selected  bit  arrays  is  much  lower 

30  than  in  the  embodiment  of  figure  17. 
The  invention  is  equally  well  applicable  in  a  full 

response  detection  system.  Figure  18  shows  how  a 
positive  going  step  transition  in  the  write  current  is 
detected.  Figure  18a  shows  the  positive  going  step 

35  transition.  Detection  takes  place  by  means  of  sam- 
pling  the  analog  read-out  signal.  This  leads  in  the 
ideal  situation  to  the  sampled  signal  given  in  figure 
18b.  Negative  samples  occur  at  the  time  instants 
prior  to  t  =  0,  and  positive  samples  occur  at  time 

40  instants  t=  0,  t,  2t  Figure  18b  also  shows  the 
digital  signal,  which  is  the  bit  sequence  0,  0,  1, 
1,  1,  ...  at  the  sampling  instants  t=  -2t,  -t,  0,  t, 
2t  obtained  after  detection  in  a  bitdetector. 

Carrying  out  a  (1-D)  operation  on  the  read-out 
45  signal,  means  delaying  the  readout  signal  by  t  =  r 

and  subtracting  the  delayed  signal  from  the  non- 
delayed  signal.  The  (1-D)  operation  results  in  a 
signal  that  would  have  been  obtained  if  the  signal 
recorded  in  the  record  carrier  would  have  been 

50  read  out  by  means  of  a  Nyquist  1  detection  meth- 
od.  This  will  be  explained  with  reference  to  figures 
18b,  18c  and  18d.  Figure  18c  shows  to  that  pur- 
pose  the  signal  of  figure  18b  delayed  by  t  =  r,  and 
figure  18d  shows  the  result  of  subtracting  the  sig- 

55  nal  of  figure  18c  from  the  signal  of  figure  18b.  The 
signal  of  figure  18d  equals  the  signal  of  figure  2c, 
which  is  the  response  obtained  when  having  a 
Nyquist  1  detection  system. 

14 
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An  inadequate  equalization  during  read-out 
changes  the  step  transition,  in  the  sense  that,  if  the 
low  frequencies  are  over-emphasized,  the  transition 
will  be  more  gradual.  This  is  schematically  shown 
in  figure  18e,  which  shows  the  analog  signal  as  it  is 
read  out,  and  the  values  of  the  said  signal  at  the 
sampling  moments.  The  signal  values  at  t  =  -r  and 
t  =  0  now  equal  5  and  1-5  respectively.  Figure  18f 
shows  the  signal  of  figure  18e  delayed  by  t,  and 
figure  18g  shows  the  result  of  subtracting  both 
signals.  The  signal  obtained  in  figure  18g  equals 
the  signal  of  figure  2e.  Non-zero  sample  values  of  5 
appear  at  the  time  instants  t  and  -t,  and  the  signal 
value  at  t  =  0  equals  2-25. 

Figure  18h  shows  the  situation  where  the  high 
frequencies  are  over-emphasized.  The  transition  is 
now  more  pronounced,  in  that  signal  values  of  -5 
and  1  +5  appear  at  the  time  instants  t  =  -r  and  t  =  0 
respectively.  Figure  18i  shows  the  signal  of  figure 
18h  delayed  by  t,  and  figure  18j  shows  the  result 
of  subtracting  both  signals.  The  signal  obtained  in 
figure  18j  equals  the  signal  of  figure  2f.  Non-zero 
sample  values  of  -5  appear  at  the  time  instants  t 
and  -t  and  the  signal  value  at  t  =  0  equals  2  +  25. 

Needless  to  say  that  an  alike  behaviour  exists 
in  the  case  of  the  occurrence  of  a  negative  going 
transition  in  the  write  current.  The  difference  lies  in 
the  fact  that  in  both  cases  described  above,  that  is: 
low  frequencies  over-emphasized  and  high  fre- 
quencies  over-emphasized,  signals  as  in  figure  18g 
and  18j  occur  having  an  inverse  polarity. 

Figure  19  shows  the  situation  where  the  high- 
(er)  frequencies  in  the  operating  frequency  range  of 
the  transmission  channel  have  not  the  same  delay 
as  the  low(er)  frequencies.  More  specifically,  figure 
19b  shows  the  situation  where  the  high(er)  fre- 
quencies  are  delayed  relatively  more  than  the  low- 
(er)  frequencies.  This  results  in  a  more  gradual 
start  of  the  transition.  The  samples  at  the  sample 
instants  t  =  -r  and  t  =  0  now  equal  -1+5  and  1  +5 
respectively.  Delaying  this  signal,  see  figure  19c, 
and  subtracting  both  signals  results  in  the  signal  of 
figure  19d.  This  signal  equals  the  signal  of  figure 
2h.  Zero  sample  values  occur  for  time  instants 
smaller  than  t  =  -r  and  larger  than  t  =  r.  Sample 
values  of  +5  and  -5  are  present  for  t  =  -r  and  t  =  r 
respectively  and  a  sample  value  of  2  is  present  for 
t  =  0. 

Figure  19e  shows  the  situation  where  the  low- 
(er)  frequencies  are  delayed  relatively  more  than 
the  high(er)  frequencies.  This  results  in  a  more 
gradual  end  of  the  transition.  The  samples  at  the 
sample  instants  t  =  -r  and  t  =  0  now  equal  -1-5  and 
1-5  respectively.  Delaying  this  signal,  see  figure 
19f,  and  subtracting  both  signals  results  in  the 
signal  of  figure  19g.  This  signal  equals  the  signal  of 
figure  2j.  Zero  sample  values  occur  for  time  in- 
stants  smaller  than  t  =  -r  and  larger  than  t  =  r.  Sam- 

ple  values  of  -5  and  +5  are  present  for  t  =  -r  and 
t  =  T  respectively  and  a  sample  value  of  2  is 
present  for  t  =  0. 

Again,  it  is  needless  to  say  that  an  alike  behav- 
5  iour  exists  in  the  case  of  the  occurrence  of  a 

negative  going  transition  in  the  write  current.  The 
difference  lies  in  the  fact  that  in  both  cases  de- 
scribed  above,  that  is:  low  frequencies  being  de- 
layed  relatively  more  or  less  than  the  high  fre- 

io  quencies,  signals  as  in  figure  19d  and  19g  occur 
having  an  inverse  polarity. 

The  conclusion  should  be  that,  when  applying 
the  (1-D)  operation  on  the  signal  read  out,  the 
signal  obtained  in  the  (1-D)  operation  can  be  used 

is  in  the  way  as  described  above  with  reference  to 
the  Nyquist-1  detection  method  for  determining  the 
equalization  carried  out,  and  for  controlling  the 
equalization. 

Subsequent  transitions  in  the  write  current 
20  should  again  not  occur  too  close  to  each  other. 

Figure  20  shows  in  figure  20a  two  transitions  that 
are  spaced  2t  away  from  each  other.  This  signal 
results  in  the  digital  output  signal  ...,0,  0,  1,  1,  0,  0, 
...  at  the  output  terminal  12.  Figure  20b  shows  the 

25  signal  present  at  the  input  of  the  detector  10,  in 
response  to  the  signal  of  figure  20a  that  is  re- 
corded  on  and  read  out  from  tape.  It  should  be 
noted  here  that  the  equalization  is  not  correct,  in 
that  the  low  frequencies  are  over-emphasized.  This 

30  results  in  values  for  the  analog  signal  applied  to  the 
detector  of  5,  1-5,  1-5  and  5  for  the  time  instants  t  = 
-2t,  -t,  0  and  t  respectively.  Figure  20c  shows  the 
signal  of  figure  20b  delayed  by  the  time  interval  t, 
and  figure  20d  the  signal  of  figure  20b  after  having 

35  carried  out  the  (1-D)  operation  on  the  signal  of 
figure  20b.  From  figure  20d  it  is  clear  that  a  sample 
value  of  zero  exists  for  t  =  0.  This  sample  value  can 
thus  not  used  for  determining  whether  a  correct 
equalization  is  carried  out,  or  not. 

40  The  conclusion  should  be  that  two  subsequent 
step  transitions  should  be  spaced  at  least  3t  away 
from  each  other. 

Thus,  in  order  to  use  the  sample  value  at  t  =  -r 
in  figure  18  and  19  as  the  value  a(t  =  -T)  in  the  table 

45  of  figure  3,  bit  arrays  of  (0,0,0,1)  or  (1,1,1,0)  should 
be  detected.  In  order  to  use  the  sample  value  at 
t  =  T  in  figure  18  and  19  as  the  values  a(t  =  r)  in  the 
table  of  figure  3,  bit  arrays  of  (0,1,1,1)  or  (1,0,0,0) 
should  be  detected. 

50  Figure  21  shows  an  embodiment  in  which  a  full 
response  detection  is  carried  out  on  the  signal  read 
from  the  track.  The  full  response  reproduction 
channel  is  formed  by  the  elements  1  ,  3,  4c,  5  and 
10. 

55  Reading  out  of  the  step  transition  given  in 
figure  18a  thus  results  in  the  bit  stream 
(...,0,0,1,1,1,...)  at  the  output  terminal  12,  as  given 
in  figure  18b.  As  has  been  said  previously,  carrying 

15 



29 EP  0  583  818  A1 30 

out  a  (1-D)  operation  on  the  (analog)  signal  read 
out,  which  is  the  signal  available  at  the  output  of 
the  variable  equalizer  5,  leads  to  an  signal  that 
would  have  been  obtained  if  a  Nyquist-1  detection 
would  have  been  carried  out  on  the  signal  recorded 
on  tape.  Therefore,  the  arrangement  includes  a  (1- 
D)  operator  55  coupled  to  the  output  8  of  the 
variable  equalizer  5.  As  the  signal  present  at  the 
output  of  the  operator  55  is  the  signal  obtained 
when  carrying  out  a  Nyquist  1  detection,  the  circuit 
13a  needed  to  generate  the  two  control  signals  ci 
and  C2  can  be  coupled  to  the  output  of  the  operator 
55.  This  circuit  13a  can  be  a  copy  of  a  part  of  the 
circuit  13  of  figure  11a  that  realizes  that  function. 
To  that  purpose,  the  output  of  operator  55  is  coup- 
led  to  the  input  of  the  detector  10a  and  to  the 
inputs  of  the  delay  units  30  and  32.  The  functioning 
of  the  elements  in  the  circuit  13a  has  been  de- 
scribed  extensively  with  reference  to  figure  11a. 

It  is  evident  that  instead  of  the  selector  units  14 
and  16  and  the  generator  45'  in  figure  21,  the 
selector  unit  14a  and  the  generator  45  of  figure  5 
could  have  been  used  to  detect  the  required  bit 
sequences  and  to  obtain  the  control  signals  ci  and 
c2. 

Figure  22  shows  another  embodiment  in  which 
a  full  response  detection  is  carried  out  on  the 
signal  read  out  from  tape.  The  selection  of  the 
required  bit  sequences  is  realized  by  using  the 
digital  signal  available  at  the  output  terminal  12.  To 
that  purpose,  the  circuit  13b  in  figure  22  is  pro- 
vided  with  selector  stages  15i,  15j,  19i  and  19j  for 
selecting  the  bit  sequences  (1,1,1,0),  (0,0,0,1), 
(0,1,1,1)  and  (1,0,0,0)  respectively. 

When  having  selected  the  bit  sequence 
(0,0,0,1),  the  selector  stage  15j  generates  a  selec- 
tion  signal  which  is  applied  to  the  sample-and-hold 
circuit  26,  via  the  OR-gate  17.  The  selection  of  the 
(0,0,0,1)  bit  sequence  means  that  a  positive  going 
step  transition  as  per  figure  18a  has  been  detected. 
Upon  receipt  of  the  selection  signal,  the  sample- 
and-hold  circuit  26  samples  the  signal  applied  to  its 
input  at  the  time  interval  t  =  -r  in  figure  18d. 

When  having  selected  the  bit  sequence 
(1,1,1,0),  the  selector  stage  15i  generates  a  selec- 
tion  signal  which  is  applied  to  the  sample-and-hold 
circuit  26,  via  the  OR-gate  17.  The  selection  of  the 
(1,1,1,0)  bit  sequence  means  that  a  negative  going 
step  transition  has  been  detected.  Upon  receipt  of 
the  selection  signal,  the  sample-and-hold  circuit  26 
samples  the  signal  applied  to  its  input  at  the  time 
interval  t  =  -r  in  figure  18d,  assuming  the  transition 
in  figure  18a  would  have  been  a  negative  going 
transition. 

When  having  selected  the  bit  sequence 
(0,1,1,1),  the  selector  stage  19i  generates  a  selec- 
tion  signal  which  is  applied  to  the  sample-and-hold 
circuit  28,  via  the  OR-gate  21  .  The  selection  of  the 

(0,1,1,1)  bit  sequence  means  that  a  positive  going 
step  transition  as  per  figure  18a  has  been  detected. 
Upon  receipt  of  the  selection  signal,  the  sample- 
and-hold  circuit  28  samples  the  signal  applied  to  its 

5  input  at  the  time  interval  t  =  r  in  figure  18d. 
When  having  selected  the  bit  sequence 

(1,1,1,0),  the  selector  stage  19j  generates  a  selec- 
tion  signal  which  is  applied  to  the  sample-and-hold 
circuit  28  via  the  OR-gate  21  .  The  selection  of  the 

io  (1,1,1,0)  bit  sequence  means  that  a  negative  going 
step  transition  has  been  detected.  Upon  receipt  of 
the  selection  signal,  the  sample-and-hold  circuit  28 
samples  the  signal  applied  to  its  input  at  the  time 
interval  t  =  r  in  figure  18d. 

is  In  the  same  way  as  described  with  reference  to 
figure  11a,  the  control  signal  generator  45'  gen- 
erates  the  first  and  second  control  signal  ci  and  c2 
in  response  to  the  sample  values  applied  to  the 
inputs  42  and  44,  and  in  response  to  the  selection 

20  signals  applied  to  the  inputs  39a  to  39d. 
A  further  embodiment  of  a  full  response  detec- 

tion  system  will  be  described  with  reference  to 
figure  23.  Figure  23a  shows  a  transition  in  the  write 
current  after  being  read  out.  The  four  subsequent 

25  signal  samples  in  the  read-out  signal  that  adjoin  the 
transition  are  denoted  by  ai  to  en-  The  sample 
value  si  discussed  up  till  now  in  fact  equals  a2  - 
ai  ,  and  the  sample  value  s2  discussed  up  till  now 
in  fact  equals  en  -  az. 

30  Consequently,  the  first  control  signal  ci  equals 
(a2  -  ai)  +  {en  -  az)  and  the  second  control  signal 
c2  equals  (a2  -  ai)  -  (a+  -  83).  In  the  case  of  a 
negative  going  transition,  the  signs  of  the  values  for 
ci  and  c2  obtained  by  means  of  the  above  for- 

35  mulae  should  be  reversed. 
It  has  appeared  that  the  value  for  c2  can  be 

obtained  in  a  different  way,  namely  by  means  of 
the  formula  c2  =  a2  +  a3.  This  formula  can  easily 
be  obtained  from  the  formula  for  c2  given  pre- 

40  viously  by  leaving  the  terms  ai  and  en  out,  which  is 
acceptable  as  the  values  for  those  samples  can  be 
considered  equal  in  amplitude.  Figure  23b,  which 
show  the  situation  of  figure  18e  and  figure  23c, 
which  show  the  situation  of  figure  19b,  make  clear 

45  that  both  formulae  for  c2  give  the  same  result. 
Figure  24  shows  an  embodiment  which  is 

based  on  the  above  knowledge.  Sampler  80  coup- 
led  to  the  output  of  the  variable  equalizer  5  sam- 
ples  the  analog  signal  so  as  to  obtain  the  samples 

50  ai  ,  a2,  a3,  en,  ■■■  The  sampling  frequency  is 
supplied  by  the  sampling  frequency  generator  81. 
The  samples  are  supplied  to  a  shift  register  com- 
prising  four  memory  stages  82.1  to  82.4,  and  are 
shifted  into  the  shift  register  with  the  same  sam- 

55  pling  frequency  supplied  by  the  frequency  gener- 
ator  81.  The  output  of  the  memory  stage  82.1  is 
coupled  to  a  first  input  of  an  adder  circuit  85  via  a 
signal  inverter  unit  83.  The  output  of  the  memory 

16 
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stage  82.2  is  coupled  to  a  second  input  of  the 
adder  circuit  85,  as  well  as  to  a  first  input  of  an 
adder  circuit  87.  The  output  of  the  memory  stage 
82.3  is  coupled  to  a  second  input  of  the  adder 
circuit  87,  as  well  as  via  an  inverter  stage  84  to  a 
third  input  of  the  adder  circuit  85.  The  output  of  the 
memory  stage  82.4  is  coupled  to  a  fourth  input  of 
the  adder  circuit  85. 

Selector  circuits  15k  and  151  are  present  to 
select  the  arrays  of  bits  (0,0,0,1,1,1)  and 
(1,1,1,0,0,0)  respectively  in  the  output  signal  of  the 
detector  10.  Outputs  of  the  selector  circuits  15k 
and  151  are  coupled  to  the  inputs  39a  and  39b 
respectively  of  the  switching  signal  generator  150, 
extensively  discussed  with  reference  to  figure  6a. 
Further,  the  outputs  of  the  selection  circuits  15k 
and  151  are  coupled  to  an  OR-gate  86,  an  output  of 
which  is  coupled  to  control  inputs  88  and  89  of  the 
adder  circuits  85  and  87  respectively. 

As  soon  as  the  bit  array  (0,0,0,1,1,1)  has  been 
selected  by  the  selector  15k,  which  means  that  the 
situation  shown  in  figure  23a  occurs,  a  selection 
signal  is  generated  at  the  output  of  the  selection 
circuit  15k.  It  is  assumed  that  the  delay  30  is  such 
that  the  shift  register  82  has  the  samples  ai  to  en 
of  figure  23a  stored  in  the  respective  memory 
stages  82.1  to  82.4.  This  selection  signal  is  applied 
to  the  adder  circuits  85  and  87  via  the  OR-gate  86, 
so  as  to  activate  an  adding  step  in  the  two  adding 
circuits.  Under  the  influence  of  the  selection  signal 
applied  to  the  control  input  88,  the  adder  circuit  85 
calculates  ci  in  accordance  with  the  formula  given 
in  figure  23a.  Under  the  influence  of  the  selection 
signal  applied  to  the  control  input  89,  the  adder 
circuit  87  calculates  c2  in  accordance  with  the 
simplified  formula  given  in  figure  23a.  Under  the 
influence  of  the  selection  signal  applied  to  input 
39a,  the  switching  control  circuit  150  controls  the 
switches  into  the  positions  as  shown  in  figure  24. 

In  the  situation  of  an  isolated  negative  going 
transition,  the  selector  circuit  151  will  generate  a 
selection  signal,  which  results  in  the  switches  151 
and  152  to  be  switched  to  their  'down'  positions. 

A  further  formula  for  deriving  the  control  signal 
c2  is:  ai  +  a2  +  az  +  en-  This  follows  more  or 
less  directly  from  figure  23d.  The  top  curve  in 
figure  23d  is  the  impulse  response,  and  the  lower 
curve  in  figure  23d  is  the  corresponding  step  re- 
sponse  obtained  in  a  full  response  detection  meth- 
od.  Copying  the  method  as  explained  previously 
for  the  impulse  response  curve,  means  that  the 
deviation  of  the  step  response  detected  from  an 
ideal  step  response  should  be  determined  on  time 
instants  lying  half  way  between  the  sampling  mo- 
ments  in  the  full  response  detection  method.  This 
deviation  is  called  ISI|ead  and  ISI|ag.  ISI|ead  equals 
A  +  (ai  +a2)/2,  and  ISI|ag  equals  A-(a3+a+)/2,  so 
that  c2  equals  ISI|ead-ISI|ag,  which  is  proportional  to 

the  sum  of  all  four  sample  values  ai  to  en- 
It  might  of  course  be  possible  to  sample  the 

signal  on  time  instants  indicated  by  ti  and  t2  in 
figure  23d  so  as  to  obtain  ci  and/or  c2. 

5  From  the  foregoing  description  it  has  become 
clear  that  the  invention  is  based  on  determining  the 
difference  between  an  actual  response  in  the  signal 
received  and  the  corresponding  ideal  response. 
This  difference  is  a  measure  for  the  non-ideal  char- 

io  acter  of  the  transmission  channel,  and  can  be  used 
for  deriving  the  two  control  signals  for  controlling  a 
variable  equalizer. 

The  invention,  thus  far  described,  has  shown  a 
zero-forcing  equalization,  in  which  the  sample  val- 

15  ues  at  time  instants  neighbouring  the  time  instant- 
(s)  of  occurrence  of  the  peak  amplitude(s),  see 
figure  7f,  8f,  9f  and  1  0f  for  the  Nyquist-1  situation 
and  figure  15f  and  16f  for  the  partial  response 
class  IV  situation,  are  controlled  to  a  zero  am- 

20  plitude.  This  means  that  the  intersymbol  interfer- 
ence  (ISI)  at  those  time  instants  becomes  zero. 

In  some  cases  however,  it  can  be  useful  to 
accept  a  certain  amount  of  ISI,  as  the  detection 
error  rate  in  the  detected  digital  signal  appears  to 

25  be  the  lowest  for  that  amount  of  ISI,  and  not  for  ISI 
equal  to  zero. 

The  equalization  mechanism  described  pre- 
viously  can  be  used  for  realizing  an  adaptive  equal- 
ization  that  results  in  a  controlled  ISI  at  the  time 

30  instants  in  question,  such  that  the  ISI  is  indepen- 
dent  of  the  amplitude  of  the  neighbouring  peak. 

A  number  of  examples  will  be  given  as  to  how 
the  two  control  signals  for  the  frequency  correction 
and  the  phase  correction  respectively  can  be  ob- 

35  tained. 
Figure  25  shows  an  isolated  pulse  obtained  by 

a  Nyquist-1  detection  system.  Now,  not  only  the 
signal  values  ISI-lead  and  ISI-lag  at  the  time  in- 
stants  t  =  -T  and  t  =  T  are  taken,  but  also  the  signal 

40  value  A  at  t  =  0.  The  error  signal  for  the  frequency 
control  is  now  as  follows: 

HF-error  =  (ISI-lead  +  ISI-lag)  -  b.A, 

45  where  b  is  a  value  of  allowed  intersymbol  interfer- 
ence  relative  to  the  amplitude  of  the  pulse.  In  this 
way  a  certain  amount  of  ISI  remains  after  equaliza- 
tion,  as  a  result  of  a  too  low  HF-equalization.  If  an 
additional  HF-equalization  is  required  for  the  re- 

50  maining  ISI,  b  should  be  taken  negative. 
Further,  the  error  signal  for  the  phase  control  is 

now  as  follows: 

phase-error  =  (ISI-lead  -  ISI-lag)  -  b.A. 
55 

In  this  way,  a  certain  amount  of  ISI  remains 
after  equalization,  as  a  result  of  a  residual  phase 
shift. 

17 
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Both  error  signals  are  applied  to  the  integrators 
li  and  l2  so  as  to  obtain  the  control  signals  for  the 
variable  equalizer.  Further,  as  explained  earlier,  ISI- 
lead  and  ISI-lag  can  be  determined  from  single 
(0,0,1)  and  (0,0,-1),  and  (1,0,0)  and  (-1,0,0)  arrays  5 
respectively. 

Figure  26  shows  an  isolated  pulse  obtained  by 
a  partial-response  class  IV  detection  system.  Now, 
not  only  the  signal  values  ISI-lead  and  ISI-lag  at  the 
time  instants  t  =  -r  and  t  =  2r  are  taken,  but  also  the  10 
signal  values  Ai  at  t  =  0  and  A2  at  t  =  r.  The  error 
signal  for  the  frequency  control  is  now  as  follows: 

HF-error  =  (ISI-lead  -  b.Ai)  +  (ISI-lag  -  b.A2), 
phase-error  =  (ISI-lead  -  b.Ai)  -  (ISI-lag  +  b.A2)  w 

Both  error  signals  are  applied  to  the  integrators 
li  and  l2  so  as  to  obtain  the  control  signals  for  the 
variable  equalizer. 

Figure  27  shows  a  step  transition  obtained  in  20 
the  full-response  situation.  Going  out  from  the  val- 
ues  ai  to  en,  the  error  signals  can  be  derived  as 
follows: 

HF-error  =  (a2  -  ai)  +  {en  -  az)  -  b.{az  -  a2),  25 
phase-error  =  (ai  +  a2)  +  {az  +  en)  -  b.(a3  -a2) 

The  amplitude  term,  characterized  by  the  term 
a3  -  a2  ,  can  preferably  be  replaced  by  en  -  ai  ,  so 
as  to  obtain  a  better  approximation  for  the  am-  30 
plitude  term. 

Further,  preferably  the  error  signals  are  normal- 
ized  by  dividing  the  error  signals  given  above  by 
the  amplitude  value. 

35 
Claims 

1.  An  arrangement  for  receiving  a  digital  signal 
from  a  transmission  medium,  the  arrangement 
comprising  40 

-  input  means  for  receiving  a  signal  from 
the  transmission  medium, 

-  variable  equalizer  means,  having  an  input 
coupled  to  an  output  of  the  input  means, 
a  control  signal  input  for  receiving  a  con- 
trol  signal  and  an  output  for  supplying  an 
equalized  output  signal, 

-  signal  detector  means,  having  an  input 
coupled  to  the  output  of  the  equalizer 
means  and  an  output  for  supplying  a  first 
digital  signal, 

-  equalizer  control  signal  generator  means, 
having  an  output  for  supplying  an  equal- 
izer  control  signal,  which  output  is  coup- 
led  to  the  control  signal  input  of  the 
equalizer  means, 

-  an  output  terminal  for  supplying  the  digi- 
tal  signal, 

characterized  in  that,  the  arrangement 
further  comprises  bit  array  selector 
means,  having  an  input  coupled  to  the 
output  of  the  signal  detector  means  and 

5  having  an  output  for  supplying  a  first  and 
a  second  selection  signal  respectively 
upon  detection  of  at  least  one  specified 
array  of  bits  included  in  the  signal  ap- 
plied  to  its  input,  the  bit  array  selector 

10  means  being  adapted  to  select  bit  arrays 
corresponding  to  a  signal  portion  in  the 
response  at  the  output  of  the  variable 
equalizer,  so  as  to  select  a  signal  portion 
which  is  suitable  for  deriving  from  it  a 

15  first  and  a  second  control  signal  for  the 
variable  equalizer  means, 

-  sample-and-hold  means,  having  an  input 
coupled  to  the  output  of  the  equalizer 
means,  a  control  signal  input  coupled  to 

20  the  output  of  the  bit  array  selector 
means,  and  an  output  which  is  coupled 
to  an  input  of  the  equalizer  control  signal 
generator  means,  the  sample-and-hold 
means  being  adapted  to  sample  and 

25  hold  the  signal  applied  to  its  input  under 
the  influence  of  the  first  selection  signal 
so  as  to  obtain  at  least  one  first  sample 
value,  to  sample  and  hold  the  signal  ap- 
plied  to  its  input  under  the  influence  of 

30  the  second  selection  signal  so  as  to  ob- 
tain  at  least  one  second  sample  value, 
and  to  supply  the  first  and  second  sam- 
ple  values  to  its  output,  the  equalizer 
control  signal  generator  means  being 

35  adapted  to  generate  the  first  and  the 
second  control  signal  upon  receipt  of  the 
first  and  second  sample  values,  the  first 
control  signal  relating  to  a  first  arithmet- 
ical  combination  of  the  first  and  the  sec- 

40  ond  sample  values,  the  second  control 
signal  relating  to  a  second  arithmetical 
combination  of  the  first  and  the  second 
sample  values,  the  first  and  the  second 
arithmetical  combinations  being  different 

45  from  each  other. 

2.  Arrangement  as  claimed  in  claim  1,  character- 
ized  in  that  the  at  least  one  first  sample  value 
is  taken  from  a  lead  part  of  the  said  signal 

50  portion. 

3.  Arrangement  as  claimed  in  claim  1,  character- 
ized  in  that  the  at  least  one  second  sample 
value  is  taken  from  a  lag  part  of  the  said  signal 

55  portion. 

4.  Arrangement  as  claimed  in  claim  1,  character- 
ized  in  that,  the  first  arithmetical  combination  is 

18 
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such  that  the  first  control  signal  is  proportional 
to  the  sum  of  the  at  least  one  first  and  second 
sample  values. 

5.  Arrangement  as  claimed  in  claim  4,  character- 
ized  in  that,  the  sample-and-hold  means  are 
adapted  to  sample  and  hold  the  signal  applied 
to  its  input  under  the  influence  of  the  first 
selection  signal  so  as  to  obtain  one  first  sam- 
ple  value,  to  sample  and  hold  the  signal  ap- 
plied  to  its  input  under  the  influence  of  the 
second  selection  signal  so  as  to  obtain  one 
second  sample  value,  and  to  supply  the  first 
and  second  sample  values  to  its  output. 

6.  Arrangement  as  claimed  in  claim  5,  character- 
ized  in  that  the  second  arithmetical  combina- 
tion  is  such  that  the  second  control  signal  is 
proportional  to  the  difference  between  the  first 
and  the  second  sample  value. 

7.  Arrangement  as  claimed  in  one  of  the  preced- 
ing  claims,  characterized  in  that  the  first  digital 
signal  is  a  three  valued  digital  signal  and  that 
the  bit  array  selector  means  are  adapted  to 
select  bit  arrays  beginning  with  at  least  one 
'O'-bit  and  ending  with  at  least  one  *  1  '-bit  or  '- 
1  '-bit. 

8.  Arrangement  as  claimed  in  claim  7,  character- 
ized  in  that  the  bit  array  selector  means  are 
adapted  to  select  the  following  arrays  of  bits: 
(0,0,1)  and  (0,0,-1),  so  as  to  generate  the  first 
selection  signal  in  response  to  the  selection  of 
one  of  said  arrays. 

9.  Arrangement  as  claimed  in  claim  7,  character- 
ized  in  that  the  bit  array  selector  means  are 
further  adapted  to  select  the  following  arrays  of 
bits:  (0,0,1,1)  and  (0,0,-1,-1),  so  as  to  generate 
the  first  selection  signal  in  response  to  the 
selection  of  one  of  said  arrays. 

10.  Arrangement  as  claimed  in  any  one  of  the 
claims  1  to  6,  characterized  in  that  the  first 
digital  signal  is  a  three  valued  digital  signal 
and  that  the  bit  array  selector  means  are 
adapted  to  select  bit  arrays  beginning  with  at 
least  one  *  1  '-bit  or  *-1  "-bit  and  ending  with  at 
least  one  'O'-bit. 

11.  Arrangement  as  claimed  in  claim  10,  char- 
acterized  in  that  the  bit  array  selector  means 
are  adapted  to  detect  the  following  arrays  of 
bits:  (1  ,0,0)  and  (-1  ,0,0),  so  as  to  generate  the 
second  selection  signal  in  response  to  the  se- 
lection  of  one  of  said  arrays. 

12.  Arrangement  as  claimed  in  claim  10,  char- 
acterized  in  that  the  bit  array  selector  means 
are  further  adapted  to  select  the  following  ar- 
rays  of  bits:  (1,1,0,0)  and  (-1,-1,0,0),  so  as  to 

5  generate  the  second  selection  signal  in  re- 
sponse  to  the  selection  of  one  of  said  arrays. 

13.  Arrangement  as  claimed  in  claim  7,  8  or  9, 
characterized  in  that  the  sample-and-hold 

io  means  are  adapted  to  sample  the  output  signal 
of  the  variable  equalizer  means  at  a  time  in- 
stant  which  corresponds  to  the  time  instant  of 
occurrence  of  the  'O'-bit  directly  adjoining  the 
*  1  '-bit  or  *-1  "-bit  in  the  bit  array  selected,  so  as 

is  to  obtain  said  at  least  one  first  sample  value. 

14.  Arrangement  as  claimed  in  claim  8  or  9,  char- 
acterized  in  that  the  sample-and-hold  means 
are  adapted  to  sample  the  output  signal  of  the 

20  variable  equalizer  means  at  a  time  instant 
which  corresponds  to  a  time  instant  which  lies 
between  the  two  time  instants  of  occurrence  of 
the  two  neighbouring  '0'-bits  directly  adjoining 
the  *  1  '-bit  or  *-1  "-bit  in  the  bit  array  selected,  so 

25  as  to  obtain  said  at  least  one  first  sample 
value. 

15.  Arrangement  as  claimed  in  claim  10,  11  or  12, 
characterized  in  that  the  sample-and-hold 

30  means  are  adapted  to  sample  the  output  signal 
of  the  variable  equalizer  means  at  a  time  in- 
stant  which  corresponds  to  the  time  instant  of 
occurrence  of  the  'O'-bit  directly  adjoining  the 
*  1  '-bit  or  *-1  "-bit  in  the  bit  array  selected,  so  as 

35  to  obtain  said  at  least  one  second  sample 
value. 

16.  Arrangement  as  claimed  in  claim  11  or  12, 
characterized  in  that  the  sample-and-hold 

40  means  are  adapted  to  sample  the  output  signal 
of  the  variable  equalizer  means  at  a  time  in- 
stant  which  corresponds  to  a  time  instant 
which  lies  between  the  two  time  instants  of 
occurrence  of  the  two  neighbouring  '0'-bits  di- 

45  rectly  adjoining  the  *  1  '-bit  or  *-1  "-bit  in  the  bit 
array  selected,  so  as  to  obtain  said  at  least 
one  second  sample  value. 

17.  Arrangement  as  claimed  in  one  of  the  claims  1 
50  to  6,  characterized  in  that  the  first  digital  signal 

is  a  two  valued  digital  signal  and  that  the  bit 
array  selector  means  are  adapted  to  select  bit 
arrays  beginning  with  at  least  two  '0'-bits  and 
ending  with  at  least  one  *  1  '-bit  or  bit  arrays 

55  beginning  with  at  least  two  "1  '-bits  and  ending 
with  at  least  one  'O'-bit. 

19 
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18.  Arrangement  as  claimed  in  claim  17,  char- 
acterized  in  that  the  bit  array  selector  means 
are  adapted  to  select  the  following  array  of 
bits:  (1,1,1,0)  and  (0,0,0,1),  so  as  to  generate 
the  first  selection  signal  in  response  to  the 
selection  of  one  of  the  said  arrays. 

19.  Arrangement  as  claimed  in  claim  17,  char- 
acterized  in  that  the  bit  array  selector  means 
are  adapted  to  select  the  following  arrays  of 
bits:  (1,0,0,0)  and  (0,1,1,1),  so  as  to  generate 
the  second  selection  signal  in  response  to  the 
selection  of  one  of  those  arrays. 

20.  Arrangement  as  claimed  in  claim  18,  char- 
acterized  in  that  the  sample  and  hold  means 
are  adapted  to  sample  the  output  signal  of  the 
variable  equalizer  means  at  a  first  and  a  sec- 
ond  time  instant,  so  as  to  obtain  a  first  and  a 
second  first  sample  value,  the  first  time  instant 
corresponding  to  the  time  instant  of  occur- 
rence  of  the  third  bit  from  the  right  in  the  array 
of  bits  detected  in  the  first  digital  signal,  and 
the  second  time  instant  corresponding  to  the 
time  instant  of  occurrence  of  the  second  bit 
from  the  right  in  the  array  of  bits  detected. 

21.  Arrangement  as  claimed  in  claim  18,  char- 
acterized  in  that  the  sample  and  hold  means 
are  adapted  to  sample  the  output  signal  of  the 
variable  equalizer  means  at  a  first  and  a  sec- 
ond  time  instant,  so  as  to  obtain  a  first  and  a 
second  first  sample  value,  the  first  time  instant 
corresponding  to  a  time  instant  lying  between 
the  time  instants  of  occurrence  of  the  fourth 
and  the  third  bit  from  the  right  in  the  array  of 
bits  selected  in  the  first  digital  signal,  and  the 
second  time  instant  corresponding  to  a  time 
instant  lying  between  the  time  instants  of  oc- 
currence  of  the  third  and  the  second  bit  from 
the  right  in  the  array  of  bits  selected. 

22.  Arrangement  as  claimed  in  claim  19,  as  far  as 
dependent  of  claim  1  ,  characterized  in  that  the 
sample  and  hold  means  are  adapted  to  sample 
the  output  signal  of  the  variable  equalizer 
means  at  a  first  and  a  second  time  instant,  so 
as  to  obtain  a  first  and  a  second  sample  value, 
the  first  time  instant  corresponding  to  the  time 
instant  of  occurrence  of  the  second  bit  from 
the  left  in  the  array  of  bits  selected  in  the  first 
digital  signal,  and  the  second  time  instant  cor- 
responding  to  the  time  instant  of  occurrence  of 
the  third  bit  from  the  left  in  the  array  of  bits 
selected. 

23.  Arrangement  as  claimed  in  claim  19,  as  far  as 
dependent  of  claim  1  ,  characterized  in  that  the 

sample  and  hold  means  are  adapted  to  sample 
the  output  signal  of  the  variable  equalizer 
means  at  a  first  and  a  second  time  instant,  so 
as  to  obtain  a  first  and  a  second  second  sam- 

5  pie  value,  the  first  time  instant  corresponding 
to  a  time  instant  lying  between  the  time  in- 
stants  of  occurrence  of  the  second  and  the 
third  bit  from  the  left  in  the  array  of  bits  se- 
lected  in  the  first  digital  signal,  and  the  second 

io  time  instant  corresponding  to  a  time  instant 
lying  between  the  time  instants  of  occurrence 
of  the  third  and  the  fourth  bit  from  the  left  in 
the  array  of  bits  selected. 

75  24.  Arrangement  as  claimed  in  claim  20  and  22,  or 
in  claim  21  and  23,  characterized  in  that  the 
second  control  signal  is  proportional  to  the 
sum  of  the  second  first  sample  value  and  the 
first  second  sample  value  in  the  case  of  the 

20  following  two  subsequent  bit  arrays  selected: 
(0,0,0,1)  and  (0,1,1,1),  and  that  the  second 
control  signal  is  proportional  to  minus  the  sum 
of  the  second  first  sample  value  and  the  first 
second  sample  value  in  the  case  of  the  follow- 

25  ing  two  subsequent  bit  arrays  selected: 
(1,1,1,0)  and  (1,0,0,0). 

25.  Arrangement  as  claimed  in  claim  20  and  22,  or 
in  claim  21  and  23,  characterized  in  that  the 

30  second  control  signal  is  proportional  to  the 
sum  of  the  two  first  sample  values  and  the  two 
second  sample  values  in  the  case  of  the  fol- 
lowing  two  subsequent  bit  arrays  selected: 
(0,0,0,1)  and  (0,1,1,1),  and  that  the  second 

35  control  signal  is  proportional  to  minus  the  sum 
of  the  two  first  sample  values  and  the  two 
second  sample  values  in  the  case  of  the  fol- 
lowing  two  subsequent  bit  arrays  selected: 
(1,1,1,0)  and  (1,0,0,0). 

40 
26.  Arrangement  as  claimed  in  claim  20  and  22,  or 

in  claim  21  and  23,  characterized  in  that  the 
first  control  signal  is  proportional  to  the  sum  of 
the  second  first  sample  value  and  the  second 

45  second  sample  value  minus  the  sum  of  the 
first  first  sample  value  and  the  first  second 
sample  value,  in  the  case  of  the  following  two 
subsequent  bit  arrays  selected:  (0,0,0,1)  and 
(0,1,1,1),  and  that  the  first  control  signal  is 

50  proportional  to  the  sum  of  the  first  first  sample 
value  and  the  first  second  sample  value  minus 
the  sum  of  the  second  first  sample  value  and 
the  second  second  sample  value,  in  the  case 
of  the  following  two  subsequent  bit  arrays  se- 

55  lected:  (1,1,1,0)  and  (1,0,0,0). 

27.  An  arrangement  for  receiving  a  digital  signal 
from  a  transmission  medium,  the  arrangement 

20 
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comprising 
-  input  means  for  receiving  a  signal  from 

the  transmission  medium, 
-  variable  equalizer  means,  having  an  input 

coupled  to  an  output  of  the  input  means,  5 
a  control  signal  input  for  receiving  a  con- 
trol  signal  and  an  output  for  supplying  an 
equalized  output  signal, 

-  signal  detector  means,  having  an  input 
coupled  to  the  output  of  the  equalizer  10 
means  and  an  output  for  supplying  a  first 
digital  signal, 

-  equalizer  control  signal  generator  means, 
having  an  output  for  supplying  an  equal- 
izer  control  signal,  which  output  is  coup-  is 
led  to  the  control  signal  input  of  the 
equalizer  means, 

-  an  output  terminal  for  supplying  the  digi- 
tal  signal, 
characterized  in  that,  the  arrangement  20 
further  comprises  bit  array  selector 
means,  having  an  input  coupled  to  the 
output  of  the  signal  detector  means  and 
having  an  output  for  supplying  a  selec- 
tion  signal  upon  detection  of  a  specified  25 
array  of  bits  included  in  the  signal  ap- 
plied  to  its  input,  the  bit  array  selector 
means  being  adapted  to  select  bit  arrays 
so  as  to  select  a  signal  portion  in  the 
response  at  the  output  of  the  variable  30 
equalizer  means  which  corresponds  to  a 
signal  portion  which  is  suitable  for  deriv- 
ing  from  it  a  first  and  a  second  control 
signal  for  the  variable  equalizer  means, 

-  sample-and-hold  means,  having  an  input  35 
coupled  to  the  output  of  the  equalizer 
means,  a  control  signal  input  coupled  to 
the  output  of  the  bit  array  selector 
means,  and  an  output  which  is  coupled 
to  an  input  of  the  equalizer  control  signal  40 
generator  means,  the  sample-and-hold 
means  being  adapted  to  sample  and 
hold  the  signal  applied  to  its  input  under 
the  influence  of  the  selection  signal  so  as 
to  obtain  at  least  one  first  sample  value  45 
and  at  least  one  second  sample  value, 
and  to  supply  the  first  and  second  sam- 
ple  values  to  its  output,  the  first  and 
second  sample  values  not  coinciding 
with  each  other  in  time,  the  equalizer  so 
control  signal  generator  means  being 
adapted  to  generate  the  first  and  the 
second  control  signal  upon  receipt  of  the 
first  and  second  sample  values,  the  first 
control  signal  relating  to  a  first  arithmet-  55 
ical  combination  of  the  first  and  the  sec- 
ond  sample  values,  the  second  control 
signal  relating  to  a  second  arithmetical 

combination  of  the  first  and  the  second 
sample  values,  the  first  and  the  second 
arithmetical  combinations  being  different 
from  each  other. 

28.  Arrangement  as  claimed  in  claim  27,  char- 
acterized  in  that  the  at  least  one  first  sample 
value  is  taken  from  a  lead  part  of  the  said 
signal  portion. 

29.  Arrangement  as  claimed  in  claim  27,  char- 
acterized  in  that  the  at  least  one  second  sam- 
ple  value  is  taken  from  a  lag  part  of  the  said 
signal  portion. 

30.  Arrangement  as  claimed  in  claim  27,  char- 
acterized  in  that,  the  first  arithmetical  combina- 
tion  is  such  that  the  first  control  signal  is 
proportional  to  the  sum  of  the  at  least  one  first 
and  second  sample  values. 

31.  Arrangement  as  claimed  in  claim  27,  char- 
acterized  in  that,  the  sample-and-hold  means 
are  adapted  to  sample  and  hold  the  signal 
applied  to  its  input  under  the  influence  of  the 
selection  signal  so  as  to  obtain  one  first  sam- 
ple  value  and  one  second  sample  value,  and  to 
supply  the  first  and  second  sample  values  to 
its  output. 

32.  Arrangement  as  claimed  in  claim  31,  char- 
acterized  in  that  the  second  arithmetical  com- 
bination  is  such  that  the  second  control  signal 
is  proportional  to  the  difference  between  the 
first  and  the  second  sample  value. 

33.  Arrangement  as  claimed  in  one  of  the  claims 
27  to  32,  characterized  in  that  the  first  digital 
signal  is  a  three  valued  digital  signal  and  that 
the  bit  array  selector  means  are  adapted  to 
select  bit  arrays  beginning  with  at  least  one 
'O'-bit,  followed  by  at  least  one  T-bit  or  '-1'-bit 
and  ending  by  at  least  one  'O'-bit. 

34.  Arrangement  as  claimed  in  claim  33,  char- 
acterized  in  that  the  bit  array  selector  means 
are  adapted  to  select  the  following  arrays  of 
bits:  (0,0,1,0,0)  and  (0,0,-1,0,0),  so  as  to  gen- 
erate  the  selection  signal  in  response  to  the 
selection  of  one  of  said  arrays. 

35.  Arrangement  as  claimed  in  claim  33,  char- 
acterized  in  that  the  bit  array  selector  means 
are  adapted  to  select  the  following  arrays  of 
bits:  (0,0,1,1,0,0)  and  (0,0,-1,-1,0,0),  so  as  to 
generate  the  selection  signal  in  response  to 
the  selection  of  one  of  said  arrays. 

21 
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36.  Arrangement  as  claimed  in  claims  33,  34  or 
35,  characterized  in  that  the  sample-and-hold 
means  are  adapted  to  sample  the  output  signal 
of  the  variable  equalizer  means  at  a  first  and  a 
second  time  instant,  so  as  to  obtain  said  at 
least  one  first  and  said  at  least  one  second 
sample  value,  the  first  and  second  time  in- 
stants  corresponding  to  the  time  instants  at 
which  the  two  'O'-bits  occur  that  directly  adjoin 
the  T-bit(s)  or  the  "-1  "-bit(s)  on  both  sides  in 
the  bit  array  selected. 

37.  Arrangement  as  claimed  in  claim  34  or  35, 
characterized  in  that  the  sample-and-hold 
means  are  adapted  to  sample  the  output  signal 
of  the  variable  equalizer  means  at  a  first  and  a 
second  time  instant,  so  as  to  obtain  said  at 
least  one  first  and  said  at  least  one  second 
sample  value,  the  first  time  instant  correspond- 
ing  to  a  time  instant  lying  between  the  two 
time  instants  of  occurrence  of  the  two  neigh- 
bouring  'O'-bits  directly  adjoining  the  T-bit(s) 
or  the  '-1  '-bit(s)  at  the  left  side  in  the  bit  array 
selected,  and  the  second  time  instant  corre- 
sponding  to  a  time  instant  lying  between  the 
two  time  instants  of  occurrence  of  the  two 
neighbouring  'O'-bits  directly  adjoining  the  T -  
bit(s)  or  the  '-1'-bit(s)  in  the  bit  array  selected. 

38.  Arrangement  as  claimed  in  one  of  the  claims 
27  to  32,  characterized  in  that  the  first  digital 
signal  is  a  two  valued  digital  signal  and  that 
the  bit  array  selector  means  are  adapted  to 
select  bit  arrays  beginning  with  at  least  two  'O'- 
bits  and  ending  by  at  least  two  '1  '-bits,  or  bit 
arrays  beginning  with  at  least  two  '1  '-bits  and 
ending  with  at  least  two  'O'-bits. 

39.  Arrangement  as  claimed  in  claim  38,  char- 
acterized  in  that  the  bit  array  selector  means 
are  adapted  to  select  the  following  arrays  of 
bits:  (0,0,0,1,1,1)  and  (1,1,1,0,0,0),  so  as  to 
generate  the  selection  signal  in  response  to 
the  selection  of  one  of  said  arrays. 

40.  Arrangement  as  claimed  in  claim  38  or  39, 
characterized  in  that  the  sample-and-hold 
means  are  adapted  to  sample  the  output  signal 
of  the  variable  equalizer  means  at  a  first  and  a 
second  time  instant,  the  first  and  second  time 
instants  corresponding  to  the  time  instants  of 
occurrence  of  the  directly  adjoining  'O'-bit  and 
*  1  '-bit  in  the  bit  array  selected  in  the  first 
digital  signal,  so  as  to  obtain  said  at  least  one 
first  sample  value  and  said  at  least  one  second 
sample  value. 

41.  Arrangement  as  claimed  in  claim  38  or  39, 
when  dependent  of  claim  17,  characterized  in 
that  the  sample-and-hold  means  are  adapted 
to  sample  the  output  signal  of  the  variable 

5  equalizer  means  at  a  first  and  a  second  time 
instant,  the  first  time  instant  corresponding  to  a 
time  instant  lying  between  the  two  time  in- 
stants  of  occurrence  of  the  two  neighbouring 
'O'-bits  directly  adjoining  the  *  1  '-bit  in  the  bit 

io  array  selected,  so  as  to  obtain  said  at  least 
one  first  sample  value,  the  second  time  instant 
corresponding  to  a  time  instant  lying  between 
the  two  time  instants  of  occurrence  of  the  two 
neighbouring  '1  '-bits  directly  adjoining  'O'-bit  in 

is  the  bit  array  selected  in  the  first  digital  signal, 
so  as  to  obtain  said  at  least  one  second  sam- 
ple  value. 

42.  Arrangement  as  claimed  in  claim  40  or  41, 
20  characterized  in  that  the  second  control  signal 

is  proportional  to  the  sum  of  the  first  and 
second  sample  value. 

43.  Arrangement  as  claimed  in  claim  38  or  39, 
25  characterized  in  that  the  sample-and-hold 

means  are  adapted  to  sample  the  output  signal 
of  the  variable  equalizer  means  at  a  first  and  a 
second  time  instant,  the  first  and  second  time 
instants  corresponding  to  the  time  instants  of 

30  occurrence  of  the  two  neighbouring  'O'-bits  that 
directly  adjoin  the  *  1  '-bit  in  the  bit  array  se- 
lected  in  the  first  digital  signal,  so  as  to  obtain 
a  first  and  a  second  first  sample  value,  the 
sample-and-hold  means  being  further  adapted 

35  to  sample  the  output  signal  of  the  variable 
equalizer  means  at  a  third  and  a  fourth  time 
instant,  the  third  and  fourth  time  instants  cor- 
responding  to  the  time  instants  of  occurrence 
of  the  two  neighbouring  '1  '-bits  that  directly 

40  adjoin  the  'O'-bit  in  the  bit  array  selected  in  the 
first  digital  signal,  so  as  to  obtain  a  first  and  a 
second  second  sample  value. 

44.  Arrangement  as  claimed  in  claim  39,  char- 
45  acterized  in  that  the  sample-and-hold  means 

are  adapted  to  sample  the  output  signal  of  the 
variable  equalizer  means  at  a  first  and  a  sec- 
ond  time  instant,  the  first  time  instant  cor- 
responding  to  a  time  instant  lying  between  the 

50  time  instants  of  occurrence  of  the  two  neigh- 
bouring  'O'-bits  that  directly  adjoin  the  neigh- 
bouring  '0'  and  *  1  '-bit  in  the  bit  array  selected 
in  the  first  digital  signal,  so  as  to  obtain  a  first 
first  sample  value,  the  second  time  instant 

55  corresponding  to  a  time  instant  lying  between 
the  time  instants  of  occurrence  of  the  two 
neighbouring  'O'-bits  that  directly  adjoin  the  T -  
bit  in  the  bit  array  selected  in  the  first  digital 

22 
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signal,  so  as  to  obtain  a  second  first  sample 
value,  the  sample-and-hold  means  being  fur- 
ther  adapted  to  sample  the  output  signal  of  the 
variable  equalizer  means  at  a  third  and  a  fourth 
time  instant,  the  third  time  instant  correspond- 
ing  to  a  time  instant  lying  between  the  time 
instants  of  occurrence  of  the  two  neighbouring 
'1  '-bits  that  directly  adjoin  the  'O'-bit  in  the  bit 
array  selected  in  the  first  digital  signal,  so  as 
to  obtain  a  first  second  sample  value,  the 
fourth  time  instant  corresponding  to  a  time 
instant  lying  between  the  time  instants  of  oc- 
currence  of  the  two  neighbouring  '1  '-bits  that 
directly  adjoin  the  neighbouring  '0'  and  *  1  '-bit 
in  the  bit  array  selected  in  the  first  digital 
signal,  so  as  to  obtain  a  second  second  sam- 
ple  value. 

49.  Arrangement  as  claimed  in  any  one  of  the 
preceding  claims,  characterized  in  that  the  first 
and  second  control  signal  are  applied  to  the 
control  signal  input  of  the  variable  equalizer 

5  means  via  integrating  elements. 

w 

45.  Arrangement  as  claimed  in  claim  43  or  44, 
characterized  in  that  the  second  control  signal  20 
is  proportional  to  the  sum  of  the  first  and 
second  first  sample  values  and  the  first  and 
second  second  sample  values. 

46.  Arrangement  as  claimed  in  claim  43  or  44,  25 
characterized  in  that  the  first  control  signal  is 
proportional  to  the  sum  of  the  second  first 
sample  value  and  the  second  second  sample 
value  minus  the  sum  of  the  first  first  sample 
value  and  the  first  second  sample  value.  30 

47.  Arrangement  as  claimed  in  any  one  of  the 
preceding  claims,  characterized  in  that,  the 
variable  equalizer  means  is  adapted  vary  its 
magnitude  response  as  a  function  of  frequency  35 
in  response  to  the  first  control  signal  and  to 
vary  its  phase  response  as  a  function  of  fre- 
quency  in  response  to  the  second  control  sig- 
nal. 

40 
48.  Arrangement  as  claimed  in  claim  47,  when 

dependent  of  claim  5,  6,  31  or  32,  character- 
ized  in  that,  the  variable  equalizer  means  is 
adapted  to  vary  its  magnitude  response  in  a 
high  frequency  region  of  the  operating  fre-  45 
quency  range  in  relation  to  the  magnitude  re- 
sponse  in  a  low  frequency  region  in  said  op- 
erating  frequency  range  in  response  to  the  first 
control  signal  so  as  to  bring  the  sum  of  the 
first  and  the  second  sample  value  to  substan-  50 
tially  zero,  and  is  adapted  to  vary  its  phase 
response  in  the  said  high  frequency  region  in 
relation  to  the  phase  response  in  said  low 
frequency  region  in  response  to  the  second 
control  signal,  so  as  to  bring  the  difference  55 
between  the  first  and  second  sample  value  to 
substantially  zero. 

23 
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