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Method  of  and  system  for  transmitting  information. 

equal  to  the  skew  time  in  advance  of  the  beginning 
of  the  timeslot  following  a  timing  mark. 

Lffi 

©  A  network  has  a  single  medium  (12)  with  a 
transmitting  channel  which  is  translated  at  a  head 
end  (16)  to  a  receiving  channel.  All  the  nodes  (30)  of 
the  system  are  coupled  to  both  the  transmitting 
channel  and  the  receiving  channel  in  a  logical  bus 
system  with  a  physical  tree-type  layout.  Time  slots 
are  defined  by  a  timing  mark  generator,  with  each 
node  detecting  the  timing  marks  on  only  the  receiv- 
ing  channel.  The  time  between  each  timing  mark 
defines  a  frame,  with  each  frame  consisting  of  a- 

{^  plurality  of  time  slots.  Each  node  determines  a  skew 
^t ime  necessary  for  that  node  to  transmit  in  a  speci- 
Q^fied  timeslot  when  it  only  receives  the  timing  marks 
(Qon  the  receive  line  and  not  on  the  transmit  line.  Each 
If)  node  (30)  is  a  different  physical  distance  from  the 
^.head  end  (16),  resulting  in  each  node  transmitting  at 
{*ja  different  time  relative  to  the  received  timing  mark 
CO  due  to  the  differences  in  transmission  time  to  the 
Qhead  end  and  back.  Accordingly,  each  node  trans- 

mits  a  test  signal  and  measures  the  time  after  the 
^transmission  until  it  receives  the  test  signal.  This 

time,  designated  a  skew  time,  is  used  for  transmis- 
sions  of  information.  Each  node  transmits  at  a  time 
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METHOD  OF  AND  SYSTEM  FOR  TRANSMITTING  INFORMATION 

system.  In  this  system,  before  a  terminal  may 
transmit  it  listens  to  see  if  the  network  bandwidth  is 
being  used.  Then  while  transmitting,  the  data  termi- 
nal  listens  to  determine  if  the  data  transmitted  is 

5  received  in  the  same  form.  If  the  received  data 
differs,  then  another  terminal  transmitted  at  the 
same  time,  resulting  in  a  collision  and  thus  scram- 
bled  data.  The  transmitting  station  then  stops  trans- 
mitting  and  retransmits  a  random  amount  of  time 

w  later.  Thus,  central  control  of  the  network  band- 
width  acquisition  of  timeslots  is  not  needed.  Be- 
cause  data  transmissiors  occur  infrequently,  the 
chances  of  a  collision  on  the  second  transmission 
are  low.  The  chance  of  a  collision  increase  as  the 

75  number  of  terminals  coupled  to  the  system  in- 
creases.  Such  a  system  is  ill  suited  for  voice  traffic 
since  the  number  of  collisions  will  increase  for 
voice  communications  which  require  continuous 
transmissions  over  an  extended  period  of  time. 

20  Additionally,  the  delay  through  the  network  is  not 
fixed. 

One  approach  which  combines  voice  and  data 
not  using  the  private  branch  exchange  is  disclosed 
in  U.S.  Patent  No.  4,470,140  to  Coffey,  entitled 

25  "Distributed  Switching  Network  (DSN)."  The  DSN 
system  is  built  around  a  multiple  bus  network.  In 
the  DSN  system,  the  communication  media  con- 
sists  of  twisted  pair.  For  the  network  to  operate 
properly,  at  least  three  pairs  of  cabling  must  be 

30  laid  out.  This  cabling  acts  as  the  backbone  for  the 
DSN  system.  One  pair  is  used  for  transmitting 
information  toward  the  Line  Group  Central  Shelf 
and  the  other  two  pairs  are  used  in  a  loop  back 
arrangement  for  receiving  transmissions  from  either 

35  other  units  or  remote  units  through  the  Line  Group 
Central  Shelf.  Each  transmit  and  receive  line  is 
subdivided  into  frames  and  further  subdivided  into 
timeslots.  Communication  between  any  two  units  in 
this  network  requires  that  each  unit  seize  a  timesiot 

40  for  its  own  transmission  needs  and  that  it  receive 
and  read  the  timesiot  of  the  other  to  provide  two 
way  communication.  One  of  the  major  assumptions 
of  the  DSN  system  is  that  the  buses  are  synchro- 
nous,  that  is,  no  allowances  are  made  on  the  bus 

45  for  signaling  overhead  or  time  of  flight.  Each 
timesiot  has  been  partitioned  to  accept  one  byte  of 
information,  ard  thus,  there  is  no  room  for  timing 
errors. 

The  DSN  system  itself  consists  of  two  major 
so  units,  Parallel  Access  Communications  Interface 

Blocks  (PIBs)  and  the  Line  Group  Central  Shelf. 
The  PIBs  are  used  to  interface  communication 
equipment  to  the  network.  The  PIBs  are  connected 
in  parallel  across  the  transmit  lines  and  across  the 
upstream  portion  of  the  looped  back  receive  lines. 

The  invention  relates  to  a  method  of  transmit- 
ting  information  and  to  a  system  for  transmitting 
information,  typically  a  local  area  network  commu- 
nication  system  using  time-division  multiplexing. 

Many  offices  today  use  a  network  for  the  trans- 
mission  of  data  between  computer  terminals  and 
other  devices  within  the  office.  For  voice  commu- 
nications,  a  private  branch  exchange  (PBX)  typi- 
cally  is  used.  In  a  private  branch  exchange,  all 
telephones  are  connected  to  a  central  switching 
device  which  interconnects  the  various  extensions 
and  provides  a  connection  to  the  outside  public 
switched  network. 

For  data  communications,  several  different  ar- 
chitectures  used.  In  a  star  network,  all  the  terminals 
are  coupled  to  a  central  point  of  the  star,  which 
provides  centralized  control  of  the  flow  of  data.  The 
central  control  on  such  a  system  can  time-division 
multiplex  data  from  different  terminals  by  alter- 
nately  holding  data  from  one  or  the  other  transmit- 
ting  terminal  in  a  buffer  until  its  timesiot  is  avail- 
able.  The  central  control  unit  provides  the  synchro- 
nization  necessary  to  insert  the  data  into  the  re- 
spective  time  slots.  Unfortunately,  the  star  network 
suffers  from  several  disadvantages.  The  bandwidth 
available  through  the  switch  matrix  is  limited,  as 
well  the  integrity  of  the  data  passing  through,  the 
switch.  Furthermore,  it  is  difficult  to  lay  out  the 
wires,  because  a  new  wire  from  the  central  control 
to  the  telephone  must  be  laid  each  time  a  new 
telephone  is  added.  In  addition,  a  failure  of  the 
centralized  control  system  disables  the  entire  sys- 
tem. 

Another  data  system  architecture,  and  one 
which  is  easier  to  lay  out,  is  a  ring  network.  In  a 
ring  network,  a  single  cable  passes  through  each 
and  every  data  terminal,  and  thus,  network  band- 
width  is  shared.  Rather  than  rely  on  assigned  time 
slots  or  the  acquisition  of  time  slots,  bandwidth 
multiplexing  employs  the  token  method.  In  this 
method,  a  token  is  passed  from  one  terminal  to 
another,  with  the  terminal  desiring  to  transmit  hold- 
ing  onto  the  token.  A  terminal  cannot  transmit  un- 
less  it  has  the  token,  and  therefore  only  one  termi- 
nal  will  be  transmitting  at  a  time.  This  type  of  time- 
division  multiplexing  thus  transmits  data  in  irregular 
bursts,  rather  than  regular  assigned  timesiot 
lengths.  This  type  of  transmission  is  appropriate  for 
data  communications,  which  typically  occur  in  in- 
frequent,  long  bursts.  Voice  communications,  on 
the  other  hand,  require  a  continuous  connection 
over  an  extended  period  of  time. 

An  alternative  architecture  for  preventing  errors 
due  to  two  users  attempting  to  acquire  the  network 
bandwidth  simultaneously  is  used  in  the  Ethernet 
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asynchronously  within  a  timeslot,  thus  eliminating 
the  need  for  precise  synchronization  to  place  a 
transmission  packet  within  a  specified  timeslot. 
Each  channel  may  contain  a  plurality  of  signaling 

5  timeslots  and  voice  transmission  timeslots.  Each 
frame  preferably  has  a  first  portion  assigned  for 
signaling  packets  and  then  a  plurality  of  timeslots 
for  voice  communications.  When  one  node  desires 
to  call  another,  an  identifying  signal  is  transmitted 

w  in  the  signaling  portion  of  the  time-divided  channel 
and  is  designated  the  signaling  channel.  When  the 
called  node  receives  the  signal,  it  transmits  an 
acknowledgment  signal  in  the  signaling  portion. 
The  calling  node  then  signals  a  specified  timeslot 

75  in  which  digitized  voice  or  data  is  to  follow.  Either 
node  may  direct  the  other  node  to  switch  to  an- 
other  timeslot  or  channel  for  communication.  This 
may  be  done,  for  instance,  where  one  channel  is 
extremely  busy.  Preferably,  for  two-way  voice  com- 

20  munication,  the  first  node  would  transmit  in  the 
specified  timeslot  in  every  other  frame,  with  the 
second  node  transmitting  in  the  frames  in  between. 

Data  and  digitized  voice  are  both  sent  in  the 
same  manner,  thus  simplifying  the  circuitry  re- 

25  quired.  The  signaling  channel  employs  a  slotted 
ALOHA  type  collision  detection  system,  with  each 
node  monitoring  on  the  receiving  line  to  determine 
if  the  signal  transmitted  is  received  in  the  same 
form.  If  a  collision  is  detected,  the  node  waits  for  a 

30  random  amount  of  time  and  attempts  to  transmit 
again.  Collisions  within  voice  timeslots  employ  an 
ALOHA  collision  technique  whereby  a  test  signal  is 
inserted  into  a  supposedly  vacant  timeslot  and  the 
received  signal  is  compared  with  the  original.  If  the 

35  test  signal  is  returned  undamaged,  the  timeslot  is 
considered  seized.  If  an  error  is  detected,  the  node 
waits,  seizes  another  timeslot  and  the  process  con- 
tinues  again.  Before  transmitting,  the  node  must 
determine  that  the  timeslot  is  available  for  a  series 

40  of  frames.  Once  a  node  has  acquired  a  timeslot  by 
transmitting  in  it,  it  will  retain  that  timeslot  for  the 
duration  of  the  communication.  Other  nodes  will 
detect  data  being  transmitted  in  that  timeslot,  and 
will  not  attempt  to  acquire  that  timeslot. 

45  The  invention  is  further  described  below,  by 
way  of  example,  with  reference  to  the  accompany- 
ing  drawings,  in  which: 

Figure  1  is  a  block  diagram  of  a  communica- 
tion  system  according  to  the  present  invention; 

50  Figure  2  is  a  schematic  diagram  of  the  fre- 
quency  translation  performed  by  the  head  end  re- 
transmission  unit  of  Figure  1; 

Figure  3  is  a  schematic  diagram  illustrating 
the  transmission  time  differences  to  the  head  end 

55  retransmission  unit; 
Figure  4  is  a  block  diagram  of  the  circuitry 

for  a  connection  at  a  node  of  the  system  of  Figure 
1; 

The  implication  of  the  parallel  access  is  significant 
in  that  when  a  PIB  transmits  onto  the  common 
transmit  bus,  the  transmission  is  sent  both  up- 
stream  and  downstream.  The  Line  Group  Interface 
Shelf  (LGIS)  is  the  terminus  point  for  all  of  the 
cabling  in  the  DSN  System.  The  LGIS  provides 
network  timing,  switching  between  transmit  and  re- 
ceive  lines,  switching  between  in-house  calls  and 
the  Public  Switched  Telephone  Network,  as  well  as 
all  of  the  network  control  functions. 

When  a  PIB  wishes  to  transmit  information,  two 
events  occur.  The  PIB  Transmit  Line  first  derives 
timing  information  so  as  to  identify  when  to  trans- 
mit  on  the  transmit  bus.  This  timing  information  is 
generated  by  the  Line  Group  Central  Shelf  and 
sent  out  on  the  receive  line.  By  examining  the 
status  of  the  receive  and  the  transmit  lines,  the  PIB 
is  able  to  ascertain  that  a  particular  timeslot  is 
available.  This  determination  of  whether  a  timeslot 
is  available  is  completely  dependent  on  the  parallel 
connection  of  the  PIB  to  both  the  transmit  and 
receive  lines. 

The  present  invention  provides  a  network  hav- 
ing  a  wide  bandwidth  communications  channel. 
This  channel  is  organized  architecturally  as  a  time- 
ordered  bus.  All  the  nodes  of  the  system  are 
coupled  to  both  the  transmitting  medium  and  the 
receiving  medium.  The  network  bandwidth  is  sub- 
divided  into  timeslots.  Time  slots  are  defined  by  a 
timing  mark  generator,  with  each  node  detecting  * 

the  timing  marks  on  only  the  receiving  medium. 
The  time  between  each  timing  mark  defines  a 
frame,  with  each  frame  consisting  of  a  plurality  of 
time  slots.  In  this  network,  each  node  may  be  a 
different  physical  distance  from  a  central  tur- 
naround  point  or  head  end,  resulting  in  each  node 
transmitting  in  a  different  time  relative  to  the  re- 
ceived  timing  mark  due  to  the  differences  in  trans- 
mission  time  to  the  head  end  and  back.  Accord- 
ingly,  each  node  transmits  a  test  signal  and  mea- 
sures  the  time  after  the  transmission  until  it  re- 
ceives  the  test  signal  back  again.  This  time,  des- 
ignated  a  skew  time,  is  used  for  transmissions  of 
information.  In  all  subsequent  transmissions,  each 
node  transmits  at  a  time  equal  to  the  skew  time  in 
advance  of  the  time  slot  it  is  attempting  to  transmit 
into. 

The  network  employed  in  this  invention  is  me- 
dium  independent.  In  one  embodinent,  the  trans- 
mission  medium  is  a  broadband  CATV  cable  with  a 
transmitting  and  receiving  channel  defined  by  dif- 
ferent  frequency  bands.  The  head  end  of  the  sys- 
tem  includes  a  frequency  translator  for  translating 
the  transmitted  signal  from  the  transmitting  channel 
onto  the  receiving  frequency  band  of  the  receiving 
channel.  The  system  permits  multiple  channels, 
increasing  the  number  of  users  that  can  be  at- 
tached  to  the  system.  Information  is  transmitted 
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Figure  5  is  a  schematic  of  the  circuitry  for  a 
telephone  connection  at  a  node  of  the  system  of 
Figure  1; 

Figure  6  is  a  timing  diagram  showing  time- 
division  multiplexing  according  to  the  present  in- 
vention;  and 

Figure  7  is  a  diagram  of  the  different  fre- 
quency  channels  utilized  in  a  communication  sys- 
tem  according  to  the  present  invention. 

Figurem  1  shows  a  communication  system  in 
which  a  wideband  media  (preferably  broadband 
coaxial  or  fiber  optic  cables)  12  having  a  plurality 
of  branches  14  is  coupled  to  a  head  end  retrans- 
mission  unit  (HRU)  16.  Although  topologically  a 
tree  structure,  the  network  is  logically  organized  as 
a  time  ordered  bus  as  shown  in  Figure  3. 

Several  voice  interface  units  (VIU)  18,  each 
coupled  to  a  telephone  20,  are  shown.  Also  shown 
is  a  trunk  interface  unit  (TIU)  22  having  a  plurality 
of  trunk  lines  24  for  coupling  to  the  public  switched 
network.  A  complete  system  typically  will  have  a 
large  number  of  voice  interface  units  18  and  may 
have  several  trunk  interface  units  22.  In  addition, 
two  service  nodes  are  provided  and  are  designated 
the  attendants  interface  unit  26  and  the  network 
manager's  node  28. 

In  the  preferred  embodirent,  a  frequency  trans- 
lation  is  performed  by  the  head  end  retransmission 
unit  (HRU)  16  of  Figure  1  is  showr  in  Figure  2. 
Transmitting  signals  from  the  various  nodes  30  of 
Figure  1  are  received  by  HRU  16  in  a  first  fre- 
quency  band  32.  HRU  16  translates  these  signals 
onto  a  second  frequency  band  34  and  transmits 
the  signals  along  the  broadband  cable  back  to  all 
of  the  nodes.  Frequency  bands  32  and  34  are  each 
preferably  6  megaHertz  (mHz)  wide.  Additional 
channels  may  be  added  for  other  data  transmis- 
sions  or  additional  voice  channels.  The  transmitting 
channels  are  preferably  in  the  range  from  5  to  108 
MHz,  while  the  receiving  channels  are  in  the  range 
from  174  to  400  MHz.  This  is  the  midsplit  format 
for  frequency  division  multiplexing  used  by  most 
broadband  local  area  networks. 

In  the  most  general  case,  the  HRU  receives 
signals  on  upstream  leg  of  the  network  and  re- 
broadcasts  them  on  the  downstream  leg  of  the 
network.  The  HRU  provides  a  constant  phase  data 
signal  to  the  downstream  frequency  band  by  add- 
ing  fractional  bit  delay  to  upstream  packets,  as 
their  relative  phase  upon  reaching  the  HRU  varies 
with  the  VIU's  physical  position  on  the  network,  and 
by  inserting  a  pseudo-silence  pattern  for  times  in 
which  there  is  no  upstream  data.  The  HRU  uses  a 
digital  phase-locked  loop  (DPLL),  well  known  in  the 
art,  to  insert  this  variable  fractional  bit  delay. 

A  phase-locked  loop  (PLL)  located  in  the  VIU 
modem  recovers  the  system  clock  from  this  down- 

stream  signal,  and  the  Receiver/Transmitter  circuit 
uses  that  clock  for  receiving  downstream  data  as 
well  as  transmitting  upstream  data. 

Figure  3  shows  a  pair  of  voice  interface  units 
5  (VIUs)  36  and  38.  The  frequency  band  32  (from 

Figure  2)  on  broadband  cable  12  is  shown  sche- 
matically  as  a  transmission  line  40,  with  frequency 
band  34  being  shown  as  a  receiving  line  42.  Each 
of  VIUs  36  and  38  transmits  in  band  32  (line  40)  as 

10  shown  by  arrows  44,  46.  Similarly,  each  of  VIUs  36 
ard  38  receives  signals  in  a  frequency  band  34 
(line  42)  as  shown  by  arrows  48,  50.  A  series  of 
timing  marks  52  which  appear  in  frequency  band 
34  are  shown  beneath  line  42  in  Figure  3. 

75  As  can  be  seen,  VIU  36  is  a  distance  L1  from 
HRU  16,  while  VIU  38  is  a  distance  L2  from  HRU 
16.  If  VIU  36  attempted  to  transmit  in  a  timeslot 
defined  to  begin  N  microseconds  after  a  timing 
mark  52  by  actually  starting  the  transmission  N 

20  micros'aconds  after  the  timing  mark  is  detected, 
the  transmission  would  actually  be  received  by  VIU 
36  at  a  time  t(skew)  later.  Time  t(skew)  is  (2"Li/C)- 
+  to,  where  L  is  the  distance  to  HRU  16,  C  is  the 
speed  of  the  signal  on  the  transmission  medium 

25  and  to  is  any  delay  incurred  through  the  HRU.  A 
transmission  from  VIU  38,  on  the  other  hand,  will 
be  delayed  by  (2*L2/C)  +  to  .  Accordingly,  data 
transmitted  by  VIU  36  will  actually  fall  farther  be- 
hind  timing  mark  52  than  data  transmitted  by  VIU 

30  38. 
This  problem  has  been  solved  in  the  past  by 

using  a  clock  on  the  transmit  line  as  in  the  ring 
network,  or  using  the  parallel  transmit  clock  as  in 
the  Coffey  patent  discussed  earlier.  According  to 

35  the  present  invention,  each  VIU  upon  booting  up 
will  determine  its  particular  skew  time  by  transmit- 
ting  a  test  data  packet  and  calculating  the  amount 
of  time  before  it  receives  the  test  data  packet.  This 
time  then  is  designated  as  a  skew  time,  and  each 

40  information  packet  transmitted  thereafter  will  be 
transmitted  an  amount  of  time  equal  to  the  skew 
time  earlier  than  the  time  that  the  specified  timeslot 
will  be  detected  on  receiving  line  42  at  that  particu- 
lar  VIU.  Test  packet  are  transmitted  immediately 

45  after  the  reception  of  the  frame  timing  mark.  For 
example,  if  a  VIU  determines  a  skew  time  of  38 
microseconds,  this  represents  a  network  of  ap- 
proximately  3  miles  in  radius  (assuming  a  delay  of 
6.25  microseconds  per  mile  for  an  electromagnetic 

so  wave  in  the  coaxial  medium). 
Timing  marks  52  are  preferably  generated  by  a 

timing  mark  generator  located  within  HRU  16  of 
Figure  1  or  in  a  separate  timing  mark  generator 
which  is  coupled  to  some  point  along  transmission 

55  line  40.  The  timing  mark  generator  can  be  at  any 
location  on  cable  12,  but  must  broadcast  within 
frequency  band  32  as  shown  in  Figure  2.  The 
timing  marks  then  will  be  translated  into  frequency 
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in  the  forward  half  of  a  timeslot  packet  in  that 
timeslot  and  ensuring  that  no  other  VIU  was  at- 
tempting  to  simultaneously  claim  the  same 
timeslot.  The  RxTx  circuit  ensures  this  by  compar- 

5  ing  the  packet  transmitted  to  the  packet  received 
and  checking  for  equality.  All  other  units  on  the 
network  see  the  claiming  voice  packet  on  the 
timeslot  being  claimed,  and  thus  change  that 
timeslot's  status  from  vacant  to  occupied  in  their 

w  PRAM-resident  timeslot  vacant/occupied  table. 
Once  a  timeslot  has  been  claimed,  the  CPU 

can  command  the  PCTI  circuit  to  establish  a  digital 
connection  between  a  retwork  voice  timeslot  and  a 
codec.  The  RxTx  circuit  receives  and  frames  the 

75  incoming  serial  pulse  code  moduiation  data  sam- 
ples  from  the  network  during  the  selected  timeslot, 
performs  a  serial  to  parallel  conversion,  and  gives 
the  samples  to  the  PCTL  circuit.  The  PCTL  circuit 
then  buffers  the  data  in  PRAM-resident  ring  buff- 

20  ers,  and  sends  data  bytes  as  required  to  the 
codec. 

In  the  reverse  direction,  the  codec  supplies 
PCM  data  samples  to  the  PCTL  circuit,  which  buff- 
ers  them  in  PRAM-resident  ring  buffers  until  the 

25  time  they  must  be  transmitted  via  a  network  voice 
packet.  The  PCTL  circuit  then  retrieves  these  sam- 
ples  from  PRAM  and  passes  them  to  the  RxTx 
circuit,  which  appends  a  preamble  and  delimiter 
(for  proper  framing  at  the  packet  destination),  per- 

30  forms  a  parallel  to  serial  conversion,  and  transmits 
the  information  to  the  network  during  the  selected 
timeslot. 

Additionally,  the  PCTL  circuit  supplies  tones  as 
required  to  the  codec  (dial  tone,  ring  back  tone, 

35  busy  tone,  DTMF  tones,  etc.)  from  PRAM-resident 
buffers  containing  the  tones,  digital  samples.  PCTL 
also  uses  PRAM-resident  look-up  tables  to  amplify 
or  attenuate  signals  as  required  by  a  system  loss 
plan. 

40  In  operation,  when  a  user  picks  up  telephone 
20  and  dials  a  number,  CPU  68  detects  this  dialing 
and  instructs  signaling  packet  controller  76  to 
transmit  a  call  request  signaling  packet  addressed 
to  the  network  address  of  the  number  dialed.  The 

45  number  called  may  be  another  VIU  in  the  network 
or  an  outside  number  which  is  accessed  by  first 
addressing  a  trunk  interface  unit  22.  Each  node,  or 
voice  interface  unit,  has  an  address  in  the  network 
which  is  stored  in  ROM  72.  Packet  controller  76 

so  transmits  the  call  request  signaling  packet  in  an 
empty  signaling  packet  area  88  and  does  collision 
detection  to  determine  if  the  transmission  was  suc- 
cessful.  The  call  request  signaling  packet  will  des- 
ignate  a  timeslot  for  reply.  The  frames  are  then 

55  monitored  to  determine  whether  an  acknowledg- 
ment  signal  is  received  from  the  called  node.  The 
network  element  at  the  called  node  will  read  the 
call  request  signaling  packet  addressed  to  it  and 

band  34  by  HRU  16.  The  transmissions  within 
frequency  band  32  will  be  unnoticed  by  any  of  the 
other  nodes  since  they  are  not  receiving  in  that 
frequency  band. 

Figure  4  is  a  block  diagram  of  the  circuitry  of 
any  node  connected  to  the  system.  A  media  inter- 
face  unit  couples  the  node  to  the  media  and  to  the 
control  logic.  An  application  interface  unit  couples 
the  particular  application  to  the  control  logic  and 
the  media.  This  core  technology  makes  modularity 
possible  and  drastically  reduces  the  complexity 
and  time  required  for  new  application  product  de- 
velopment,  enabling  delivery  of  high  quality,  reli- 
able  products  far  more  quickly. 

Figure  5  is  a  Schematic  diagram  of  a  Voice 
Interface  Unit  according  to  the  present  invention.  A 
modem  60  which  acts  as  the  media  interface  unit  is 
coupled  to  a  broadband  cable  system  and  to  a  link 
circuit  62.  The  link  circuit  62  is  coupled  to  a 
telephone  through  a  Codec  (coder/decoder)  64  and 
a  telephone  interface  circuit  66.  Link  circuit  62  is 
controlled  by  a  CPU  with  its  associated  RAM  and 
ROM.  The  link  circuit  consists  of  a 
Receiver/Transmitter  (RXTX),  a  Packet  Controller 
(PCTL),  and  a  Packet  RAM  (PRAM).  In  this  ar- 
rangement  the  Codec  and  telephone  interface  logic 
act  as  Application  Interface  Unit.  The  Link  circuit, 
CPU,  RAM,  and  ROM  function  as  the  node  control 
logic  unit. 

The  operation  of  the  Voice  Interface  Unit  can 
be  understood  by  reference  to  the  timing  diagram 
of  Figure  6.  A  timing  mark  52,  transmitted  by  a 
Timing  Mark  Generator  Unit,  is  broadcast  once  per 
millisecond,  establishing  the  link  frame  structure. 
Each  VIU's  RxTx  circuit,  after  checking  the  timing 
marks  for  integrity,  locks  its  internal  counters  to  the 
framing  established  by  the  timing  marks. 

The  VIU's  CPU  commands  the  RxTx  and  PCTL 
circuits  to  send  signaling  packets  in  the  timeslot 
immediately  following  the  timing  mark.  RxTx  mea- 
sures  the  skew  time  of  the  first  such  SP  and 
adjusts  its  transmit  frame  to  start  (SKEW)  bits 
before  the  next  timing  mark  is  received  (i.e.,  before 
its  receive  frame  starts).  Thus,  any  signaling  or 
voice  packets  transmitted  by  a  VIU  will  appear  at 
the  HRU  at  the  correct  instant  referencad  to  the 
timing  mark. 

The  RxTx  circuit  monitors  each  incoming 
timeslot,  and  by  detecting  the  presence  or  absence 
of  a  packet  delimiter,  determines  whether  the 
timeslot  is  vacant  or  occupied.  It  gives  this  informa- 
tion  to  the  PCTL  circuit,  which  maintains  a  table  of 
this  information  in  the  PRAM.  The  PRAM  is  dual- 
ported  between  PCTL  and  the  CPU;  thus,  the  CPU 
can  read  these  tables  and  select  a  vacant  timeslot 
when  it  needs  to  establish  a  connection. 

A  VIU's  CPU  claims  a  voice  timeslot  by  com- 
manding  the  RxTx  to  send  a  single  claiming  voice 
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a  unidirectional  receiving  bus  originating  from  the 
head  end,  the  method  comprising  the  steps  of: 
transmitting  a  test  signal  on  the  transmitting  bus 
from  the  node; 

5  receiving  the  test  signal  from  the  receiving  bus  at 
the  node; 
calculating  the  elapsed  time  between  the  transmit- 
ting  and  receiving  steps;  and 
transmitting  an  information  signal  an  amount  of 

io  time  equal  to  the  elapsed  time  prior  to  a  time  of 
arrival  of  the  timeslot  on  the  receiving  bus  at  the 
node. 

2.  A  method  as  claimed  in  claim  1  comprising 
the  steps  of  digitizing  a  voice  signal  to  produce  the 

75  information  signal. 
3.  A  method  as  claimed  in  claim  1  or  2  wherein 

the  step  of  transmitting  an  information  signal  step 
includes  asynchronously  transmitting  the  informa- 
tion  within  the  timeslot. 

20  4.  A  method  as  claimed  in  claim  1,  2  or  3 
comprising  the  steps  of: 
generating  a  periodic  timing  mark,  with  the  periods 
between  the  timing  marks  being  frames,  each 
frame  having  a  plurality  of  timesiots; 

25  transmitting  information  signals  to  a  second  node  in 
the  specified  timesiot  in  first  frames,  the  first 
frames  occurring  every  other  frame;  and 
receiving  information  signals  from  the  second  node 
in  the  specified  timeslot  in  second  frames,  the 

30  second  frames  occurring  between  the  first  frames. 
5.  A  method  as  claimed  in  claim  4  wherein  the 

step  of  generating  a  periodic  timing  mark  includes 
receiving  a  timing  signal  from  a  public  switched 
network  and  using  the  public  switched  network 

35  timing  signal  to  produce  the  timing  marks. 
6.  A  method  of  transmitting  information  be- 

tween  first  and  second  nodes  (30)  in  a  multichannel 
communications  system,  comprising  the  steps  of: 
transmitting  a  call  signal  from  the  first  node  to  the 

40  second  node  on  a  first  channel;  and 
transmitting  information  from  the  first  node  to  the 
second  node  on  a  second  channel  in  response  to  a 
reply  signal  from  the  second  node,  the  reply  signal 
being  one  of  an  instruction  to  switch  to  the  second 

45  channel  or  an  acknowledgment  of  an  instruction 
from  the  first  node  to  switch  to  the  second  channel. 

7.  A  communication  system  for  exchanging  in- 
formation  between  a  plurality  of  nodes  (30),  com- 
prising: 

so  a  unidirectional  transmitting  medium  (12)  coupling 
each  of  the  nodes  to  a  head  end  (1  6)  of  the 
transmitting  medium; 
a  unidirectional  receiving  medium  (12)  extending 
from  an  originating  end  to  each  of  the  nodes; 

55  head  end  translating  means  for  transferring  signals 
received  at  the  head  end  of  the  transmitting  me- 
dium; 
means  for  generating  a  periodic  timing  mark  on  the 

respond  by  transmitting  a  reply  in  the  reverse 
frame  of  the  designated  timesiot.  As  shown  in 
Figure  6,  the  receiving  network  node  is  always 
transmitting  in  frame  B,  while  the  transmitting  node 
uses  frame  A.  Each  of  frames  A  and  B  occur  once 
each  cycle.  If  an  acknowledgment  signal  is  re- 
ceived,  transmission  of  the  digitized  voice  signals 
begins  in  the  designated  timeslot.  The  calling  node 
transmits  in  each  frame  A,  while  the  called  node 
transmits  in  each  intervening  frame  B. 

Each  network  node  has  a  numerical  address.  In 
a  multichannel  system,  a  signaling  packet  is  sent  to 
all  channels  (sequentially)  on  the  network.  The  re- 
sponse  of  the  called  network  node  may  be  that  it  is 
busy  with  another  communication,  that  it  is  ready 
to  accept  transmission,  or  that  the  calling  node 
should  switch  to  another  channel  for  transmission. 
This  provides  a  distributed  ability  to  switch  be- 
tween  channels,  eliminating  the  need  for  a  central 
bridge  to  connect  channels. 

Figure  7  is  a  diagram  of  the  various  channels 
used  in  a  preferred  embodiment  of  the  communica- 
tion  system  according  to  the  present  invention.  As 
shown,  a  number  of  channels  can  be  used  for 
voice  transmission  with  other  channels  being  as- 
signed  to  video  or  data  transmissions  for  particular 
local  area  networks.  Each  channel  has  a  receive 
and  transmit  portion,  each  6  megahertz  in  width, 
with  the  transmit  and  receive  channels  being  sepa- 
rated  in  frequency  as  discussed  earlier. 

As  wiii  be  understood  by  those  familiar  with  the 
art,  the  present  invention  may  be  embodied  in 
other  specific  forms  without  departing  from  the 
spirit  or  essential  characteristics  thereof.  For  exam- 
ple,  instead  of  broadband  coaxial  cable,  fiber  optic, 
infrared  or  other  transmission  mediums  may  be 
utilized.  Alternately,  instead  of  voice  and  data  being 
separated  on  different  channels,  voice  and  data  can 
be  transmitted  in  alternate  time  slots  on  the  same 
channel.  Also,  the  network  could  be  configured  and 
operated  in  such  a  fashion  that  each  node  is  as- 
signed  a  specific  timeslot  and  that  one  or  several 
other  nodes  act  as  a  central  demultiplex  point.  In 
this  case  the  network  operates  as  a  distributed, 
geographically  separated,  multiplexor.  Accordingly, 
the  disclosure  of  the  preferred  embodiments  of  the 
invention  is  intended  to  be  illustrative,  but  not  limit- 
ing,  of  the  scope  of  the  invention  which  is  set  forth 
in  the  following  claims. 

Claims 

1.  A  method  of  transmitting  information  from  a 
node  (30)  in  a  specified  timeslot  in  a  time-division 
multiplexed  communication  system  having  a  un- 
idirectional  transmitting  bus  (12)  terminating  at  a 
head  end  (16)  and  translated  at  the  head  end  onto 
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second  channel  in  response  to  a  reply  signal  from 
the  second  node,  the  reply  signal  being  one  of  an 
instruction  to  switch  to  the  second  channel  or  an 
acknowledgment  of  an  instruction  from  the  first 
node  to  switch  to  the  second  channel. 

receiving  medium,  each  interval  between  a  pair  of 
timing  marks  being  a  frame,  each  frame  defining  a 
plurality  of  timeslots; 
means  for  transmitting  a  test  signal  from  a  first 
node  on  the  transmitting  medium; 
means  for  receiving  the  test  signal  at  the  first  node 
on  the  receiving  medium; 
means  for  calculating  an  elapsed  skew  time  be- 
tween  the  transmitting  and  receiving  of  the  test 
signal;  and 
means  for  transmitting  information  for  a  specified 
timeslot  an  amount  of  time  equal  to  the  skew  time 
prior  to  the  arrival  of  the  specified  timeslot  at  the 
receiving  means. 

8.  A  communication  system  as  claimed  in 
claim  7  comprising  means  coupled  to  the  first  node 
for  digitizing  a  voice  signal  to  produce  the  informa- 
tion. 

9.  A  communication  system  as  claimed  in 
claim  7  or  8  wherein  the  transmitting  medium  and 
the  receiving  medium  are  separate  frequency 
channels  on  a  single  physical  medium  and  the 
translating  means  is  a  frequency  translator. 

10.  A  communication  system  as  claimed  in 
claim  9  comprising  a  plurality  of  means  for  digitiz- 
ing  voice  signals,  each  digitizing  means  being 
coupled  to  one  of  the  nodes  (30),  each  of  the 
nodes  having  a  separate  address,  and  a  plurality  of 
memories,  each  coupled  to  one  of  the  nodes  for 
storing  the  addresses  of  the  nodes. 

11.  A  communication  system  as  claimed  in 
claim  9  or  10  comprising  a  plurality  of  transmitting 
and  receiving  channels  on  the  physical  medium, 
each  of  the  nodes  having  means  for  transmitting 
and  receiving  on  more  than  one  channel. 

12.  A  time-division  multiplexed  communication 
system  having  a  unidirectional  transmitting  bus  ter- 
minating  at  a  head  end,  a  unidirectional  receiving 
bus  originating  from  the  head  end,  translating 
means  at  the  head  end  for  transferring,  signals 
received  on  the  transmitting  bus  onto  the  receiving 
bus,  and  means  for  transmitting  information  from  a 
node  (30)  in  a  specified  time  slot  comprising 
means  for  transmitting  a  test  signal  on  the  transmit- 
ting  bus  from  the  node,  means  for  receiving  the 
test  signal  from  the  receiving  bus  at  the  node, 
means  for  calculating  the  elapsed  time  between  the 
transmitting  and  receiving  steps;  and  means  for 
transmitting  the  information  an  amount  of  time 
equal  to  the  elapsed  time  prior  to  a  time  of  arrival 
of  the  timesiot  on  the  receiving  bus  at  the  node. 

13.  A  multichannel  communications  system 
having  first  and  second  nodes  (30)  and  means  for 
transmitting  information  between  the  first  and  sec- 
ond  nodes  comprising  means  for  transmitting  a  call 
signal  from  the  first  node  to  the  second  node  on  a 
first  channel;  and  means  for  transmitting  informa- 
tion  from  the  first  node  to  the  second  node  on  a 
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