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Abstract-Circuits with feedback  paths  are significantly 
slower than comparable  circuits without the  feedback. The 
feedback also implies data dependency which  voids usual par- 
allel implementations,  further  exacerbating  the throughput 
problem. This paper discusses  a new high-throughput  solution 
for  systems  wilh finite-level feedback  values. As an  example, 
we consider coding  and  signal processing systems  for  optical 
communications, which usually have very simple feedback. Our 
melhod  uses  architectural  techniques,  and  requires  no detail 
circuit  tuning  for high speedup. We demonstrate  the method 
by realizing a 2 micron CMOS layout  of  a  himode 3B4B line 
coder.  Simulation  estimates  that, using standard  cell  design, 
the  chip  achieves  a  coding  rate  of 1.4 Gb/s. Other  design  op- 
tions are  discussed. 

0 
I. INTRODUCTION 

PTICAL communication  systems  are  gradually 
adopting  coding  and  signal  processing  techniques. 

For example,  new  (line)  coding  methods  were  proposed 
for  reducing  jitter [ I ] ,  121, introducing  timing  information 
[ 3 ] ,  inserting  an  ancillary  channel [4], facilitating  FSK 
coherent  transmission [SI, [6],  improving  energy effi- 
ciency [7]-[9], monitoring or correcting  errors  [10]-[12], 
and limiting  dc  baseline  fluctuations.  (See [13]-1151 for 
more  line  code  references,  and [I51 for  classification of 
prior  line  codes.)  Simple  coding  techniques  like  these  are 
helpful because they can  compensate nonideal character- 
istics  of  optical  communications  systems.  Other  coding 
applications  include  binary  signaling o f  ternary  or  quater- 
nary alphabets,  data  access  control,  and  general  user-de- 
fined applications. 

In  view of throughput  characteristics,  general  coding 
and  signal  processing  systems  can  be  categorized  into 
either  feedforward or feedback  systems.  In a feedforward 
system,  the  input  propagates  through  the  circuits to the 
output  along a unidirectional  path. In contrast. a feedback 
system  contains  closed  loops within the  circuits,  i.e., a 
feedback  path  exists  between  the  output  and  thc  input. 

A feedback path places a more  stringent  throughput 
limit  than  a feedforward  unidirectional  path.  For  exam- 
ple,  consider a unidirectional  path  from the  input to  the 
output.  Depending upon the  circuits'  state,  the  propaga- 
tion delay may  vary from a maximum 7max to  minimum 
T,,,~". According to Fig. 1 (a),  the  circuit  can  operate  cor- 
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Fig. 1. The  thrnughput  upperbounda of feedfurward  systems and feedback 
systems.  (a) A feedforward  system  can  operate  correctly if the  output is 
nonoverlapplng.  Le.. f ,  + T, , ,~~ < f 2  + r,,,,". (b) A feedback  system  uses 
the  current  output in the  next  input  cycle.  This  implies t l  + T,,., < z 2 .  

rectly if the  inputs  are  spaced  at  least A T  = 7,,,,, - 7,in 

apart 1161. Therefore,  an  upper  bound on a feedforward 
system's  throughput  is l / A  7, which  we  call latchless 
pipeline bound. In a feedback  loop,  the  propagation  delay 
still may vary from T,,, to 7,in. The  timing  should  always 
allocate 7,ax for  aligning  the  feedback with the  next  input, 
as  shown in Fig. 1 (b).  Thus,  an  upper  bound  on a feed- 
back  system's  throughput is 1 /7,,,axr known  as  the i tem- 
tion bound [17], [18]. The  two  bounds  illustrate  that  the 
maximum  achievable  throughput of a feedback  system  is 
much  less  than  that  of a feedforward  system  with  com- 
parable  complexity. 

The  throughput  discrepancy  between  feedforward  and 
feedback  systems  becomes  even  larger  in  terms of avail- 
able  solutions.  In  feedforward  systems,  higher  throughput 
it possible  through  parallelism.  For  example,  since  con- 
ventional  block  codes  require  no  feedback, a coding  rate 
higher  than  the 1 / A T  bound  is  possible with interleaving, 
as shown  in  Fig. 2 (a), or with  serial-parallel-serial  con- 
versions,  as  shown in Fig. 2 (b).  The  throughput  rate of 
the  parallel  systems  in  Fig. 2 is ideally  three  times  the 
individual  rate of the  block  coders.  However,  the  two 
well-known  architectural  techniques  in  Fig. 2 do not ap- 
ply to feedback  systems  in  general. As we  will  discuss in 
Section 11, these  parallel  techniques  lengthen  the  critical 
path and  propagation  delay of feedback  systems,  and  thus 
counteract  the  advantages of parallelism. 

Motivated by the  above  considerations,  we  describe in 
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Fig. 2 .  Two hasic itrchttectural  techniqucs for lmprovlng circuit  through- 
pur: (a) interleaving and ( h )  sertal~parallel-serial  convcrslons. 

this paper a new  architectural  technique  that  relaxes 
throughput  bottlenecks  for  feedback  systems in optical 
communications. Our technique  applies  to  general  coding 
and  signal  processing  for  discrete  channels.  The  signifi- 
cance of the  technique  manifests in two  ways. First. i t  
makes  feasible  CMOS  implementations of feedback  sys- 
tems at high data  rates.  Second, it enables  applications of 
more  sophisticated  feedback  systems.  Both of these  are 
important in integrating  optical  communications with user 
services. 

The  paper  is  organized as follows.  Section I1 describes 
modified  parallel techniques  for  feedback  systems.  After 
pointing  out  the  limitation  of  these modified tcchniques, 
we  present  our new technique in detail.  Finally.  we  dem- 
onstrate our method  and  explore  design  options with a 1.4 
Gb / s  3B2T-RBS  (bimode  3B4B)  encoder  using  CMOS 
standard  cell  design. 

11. BACKGROUNDS AND MODIFIED PAK.4LLb.L 
TECHNIQUES 

We  can  model  feedback  systems in optical  communi- 
cations as finite state  machines  (FSM).  The  feedback 
value is the  state of the  FSM,  and  the  logic  function that 
computes  the  next  feedback  is  the  state  transition  function 
of  the FSM. 7max in  the 1 /rn,ax bound then corresponds to 
the (worst-case)  time  for  computing  the next state. 

A first-cut solution  to  improving  the 1 /7,,,, bound is to 
start  with the  architectural  techniques in  Fig. 2.  Unfor- 
tunately.  replacing the block  coders  directly with FSM 
coders in Fig. 2 (a) does not generate  correct  coding  func- 
tionality.  To  correct  this, we must  route  the  previous 
FSM's  output  to  the  next  FSM's  input,  as  illustrated in 
Fig. 3 (a). The input again  should  synchronize with  the 
previous  output.  For  example, as the  input stream 
switches  from  the  top  FSM  coder to the second  FSM  coder 
in Fig. 3 (a), the  second  FSM  coder  needs  to wait for  the 
top  FSM's  output to code the input.  This  implies  the  input 
rate is still 1 /rman, i .e. ,  no throughput  improvement  at 
all. Similarly,  modification  of  serial-parallel-serial  con- 
versions as in Fig. 3 (b)  does not improve  the  throughput. 

To overcome  this  functionality-throughput  impasse,  we 
can  cxpand  thc  FSM  to  one  that  processes  multiple  inputs 
simultaneously. 'Table I describes a one-bit-input.  ter- 
nary-output  FSM with a  state  transition  diagram  shown  in 
Fig.  4.  Expanding  the  FSM to a  two-bit  input  FSM  means 
making  two  consecutive  state  transitions in Pig. 4. After 
relabeling the arcs,  we  have  a new FSM with the  state 
transition  diagram in Fig. 5. Because  the new FSM  has 
twice  as many inputs  per  cycle, if the  new  FSM  has  the 
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Fig. 3 .  Necessary  modlfications for maintaining  the  functionality of the 
pardllci FSM coder s)istemP in (a)  interleaving  and (b) serial-parallel-serlal 
con\'ersluns 
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Fig. 3 .  An example  FSM  coder  which  takes  binary  inputs E {O. I )  and 
generales cenlary output> E { + ,  - .  0} according L o  the  states  The node5 
represent  the state,. .rnd the  arcr  represent  the  state  tranylttons  associated 
with  the  [input:  output] of their  labels. 
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Flg. 5 .  The new FSM coder lrunl cxpmding  Fig. 4 by a  factor of two. 
The  inputs  are two hirrarq hit< or  a quaternaly  alphabet E (00. 01. I O ,  11 1. 
The numbet of $tales remains  the  same. 

same T , , , ~ ~  as  the  original, the throughput ib 2/7, , , ,  a 
speedup of two. 

From  Fig. 5 ,  we observe  two  properties  that  are  gen- 
erally  true: 1) the  number  of  states of the  expanded  FSM 
remains  the  same; and 2) the  number  of  possible  state 
transitions  grows  exponentially with the  expansion  factor. 
More  specifically,  suppose an N-state FSM has an input 
alphabet  size A .  If we  expanded  the  FSM by K times, the 
new FSM  still  has  N  states, but the  equivalent  input al- 
phabet  size  becomes A K .  The  total  number  of  state  tran- 
sitions.  an  indicator of the  new FSM's  complexity, is 
N A K .  Thus,  expanding an FSM by K times  increases  the 
complexity by A K -  ' times. 
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The  increase in complexity  inevitably  lengthens the 
r,,,,, and  therefore  counteracts  the  throughput  improve- 
ment.  In  practice,  two  types  of  implementations  with  rea- 
sonable 7n,dh exist.  The first typc  is  to  construct  circuits 
directly  from  the new state  transition  diagram.  The  addi- 
tional  input wircs  and  logics  induce  higher  complexity and 
heavier  circuit  loading. As a result, 7,,, increases. but not 
proportional  to  the  expansion  factor.  The  second  is to tab- 
ulate for all combinations  of K inputs  in a PLA or mem- 
o ~ .  Similarly. 7, ,< increases  due to additional  loading. 
Empirical  results  show  that  for  an  expansion  factor K ,  the 
increase in 7,,, usually tracks  between O(log ( K ) )  and 
O ( K )  asymptotically.  Circuit  sizing  can  help  reduce in- 
creases in rmax'. 

The  exponentially  growing  cornplcxity  and  the  increas- 
ing 'T,,, are  two  limiting  factors  to  the  expansion  method. 
As a well-known  architectural  technique,  the  method  has 
been  successful  for  small  throughput  improvemcnts in rel- 
atively  simple  FSM's. But in situations  where  the re- 
quired speedup K is high  or  the  alphabet  size is large,  we 
nccd a  method with a  complexity  proportional  to  the 
speedup,  rather  than  exponential,  and with a rmax insen- 
sitive  to the increase in complexity.  We will present  such 
a method in thc  next section. 

111. THE POST-SFLECTION METHOD 

A .  The Algorithm 
Consider  the  operation  of  an  FSM. As time  evolves. 

the state  transition  sequence  follows  a  path in a full tree. 
as illustrated in Fig. 6 (a).  For  example, if the first three 
inputs  to  the  FSM  coder in Fig. 4 arc (0, I ,  O), the  state 
transitions  correspond  to  the  darkened  path in Fig. 6 .  
Since  the  tree  soon  gets  intractable  after  a  few  inputs,  we 
prefer  describing our method with trellises  like  Fig. 6 (b). 
A trcllis  Fig. 6 (b) results  from  merging  identical  nodes 
at  the  same  tree  level  within  Fig. 6 (a).  Alternatively,  we 
can  generate  the  trellis by expanding  the  state  transition 
diagram in Fig. 4 against  the  time  index.  The  state  tran- 
sition sequence  again  maps to a path in the  trellis,  whilc 
each  transition  corresponds  to  extending  the  path by one 
arc  from  the  current  node  to a nude  at  the  ncxt  stage. 

The  throughput  limitation  comes  from  data  dependency 
between path extensions.  That  is,  in  order  to  extend  the 
path,  we need to  know  the  current  node  position in the 
trellis,  which in turn  depends  on  the  previous  path  exten- 
sion. If data  dependency  in  path  cxtcnsions  can  he  relaxed 
from  between  adjacent  trellis  stages to between K stages, 
different parts of trellis  can  be  traversed in parallel.  This 
way we  can  achieve  a  throughput  higher  than  the I /rmaX 
bound. 

More  specifically,  consider  breaking  trellis  into  blocks 
of length K. as  shown in Fig. 7 .  Data  dependency be- 
tween  processing different blocks  can  be  relaxed by com- 
puting  for  all  possible initial node  positions  for  each 
block.  Because path traversing  always  starts  from  every 

'Without sizing, r,,,dx increases rapldly after Kgrows beyond  a  threshold. 
which I\ wlirrl the expatitled PLA uvrrluads the precharge circults 
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Fig.  6. Representation of possible FSM state  transition  sequence\: ( a )  tree 
and (b) rrellis.  Here we use the  example FSM In Fig. 4 wlth  initial  state 
.&. The dark paths correapund 10 Input (0. I ,  0) .  

SPLll  NODES SPLnNODE9 

possible  initial  node  position,  traversing  results  from  the 
previous  block  are not necessary.  The  parallelism  is  two- 
fold-among  different initial  node  positions  and different 
blocks.  Notice  that  the  number of parallel  blocks  is  unlim- 
ited in principle,  which  translates  to  a  large  speedup. 

The  algorithm  starts with processing  blocks of inputs 
in  parallel,  and  generates  for  each  block N path segments, 
one  for  each  initial  node,  as  illustrated in Fig. E (a). To 
determine  the  correct  path,  we  need  to  link  the path seg- 
ments  sequentially  through  the  blocks.  The  linking only 
concerns  the  initial  node  and  the  ending  node of each  path 
segment, not the  detail  information  within.  Therefore, as 
shown in Fig. 8 (b),  each  path  segment  can  be  regarded 
as  an  arc  between its initial  node  and  ending  node  during 
linking.  This  is  exactly  the  same  formulation  as the orig- 
inal  path traversing,  but now extending  the path by one 
arc  corresponds  to  processing  one block  of inputs. Be- 
cause  the  processing in Fig. 8 (b) is the  only  part  that 
contains  data  dependency,  the  throughput  bound  has  been 
relaxed from 1 /rmaX to K / 7 , , , ,  where K is the  block 
length. 
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processing  is  to find path  segments  for  each block In parallcl (h)  I'he XC- 

Fig. 8. An example  for  illustrating  the  algorlthrrl ( a )  The first lcvcl of 

ond level of processing IS to connect  the  path  segments  sequentially  through 
the  blocks. 

We  can  verify  that  the  above  algorithm  indeed  achieves 
a K times  throughput  improvement.  The  throughput of 
block  parallel  processing  is  bounded by 1 / A T ,  and  can 
be further  improved  as in Fig. 2 if l / A r  < K/rmax. The 
throughput of linking  is  again  bounded by l /rmax. Be- 
cause  the  formulation  is  Fig. 8 (b)  is  the  same  as  the  orig- 
inal  FSM,  the 7,,, is  also  the  same  as  the  original. As 
each  block  contains  results  for K inputs,  the  throughput 
rate is K times  better  than  the  original. 

The  complexity of the  algorithm  depends  on  the  imple- 
mentation,  which  in turn depends  on its architectures  and 
level of hardware  sharing.  In  terms  of  amount of com- 
putations,  the  algorithm  requires (N + 1 / K j  FSM  oper- 
ations  per  input  for  an  N-state  FSM with block  length K .  
Interestingly,  the  overhead  ratio (N + 1 / K )  is  insensitive 
to  the  speedup K, i .e. ,  near O(I). In  some  caseb,  the  ovcr- 
head  can  be  reduced  to  (log ( N )  + 1 / K )  [ 191. In  the 
following,  we  show  an  architecture  that  fully  exploits  the 
efficiency of the  algorithm. 

B. The Architecture 

As parallelism  exists  among  processing of different 
blocks and different block  initial  nodes  (states),  the  ar- 
chitecture  can  take  many  forms.  Here  we  present a par- 
allel pipelined  architecture  suitable  for  coding  systems in 
optical  communications. 

the post-selection architecture in Fig. 9 implements  the 
algorithm in Fig. 8.  Each processing unit urruy (PU  ar- 
ray) in Fig. 9 is a linear  array  that  processes a block of  K 
inputs  for a specific  block  initial  state.  Each PU array 
generates K outputs  and a block  ending  state,  which  are 
sent  to a selector.  The  selector  uses  the  previous  block 
ending  state  to  determine  which  PU  array's  output  should 
be  selected.  That  is, if the  previous  block  ending  state  is 
So, then the  selector  chooses  the  output  from  the PU array 
with  initial  state So. In  terms  of  our  algorithm,  the  selector 
implements  the  linking  process,  whereas  the  PU  arrays 
implement  parallel  block  processing.  While a PU array 
computes only for a specific  block  initial  state, different 
blocks may share  the PU array  through  pipelining. 

The  PU  array is a multilevel  logic  circuit  that  trans- 

PREVIOUS 

ENDING STbTE 
BLOCK 

STbTE 

KINPUTS 

K 

b v .  Y The post-sclcction  architecture  for o u r  example in Fig. X 
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F I ~  IO.  The PU array forourexample Here we use  tour-stage  plpellnlng. 
with each FSM as one m g e .  

forms K inputs  into  the  corresponding K outputs  and  block 
ending  state  for  the  given initial state.  Although  the  PU 
array  can  be  synthesized  directly  from its 110 description, 
the  complexity  is  usually too high  due  to  combinatorial 
inputs. A better  implementation  is to cascade  multiple 
FSM's  together with input  and  output  skew,  as  shown in 
Fig. 10. Each FSM processes  one  stage of path  extension: 
it takes  the  input  of  the  corresponding  stage  and  the  state 
output  from  the  FSM  at the previous  stage,  and  computes 
the new state  value  and  the  output.  Notice that the  longest 
fccdforward  path in the  cascaded  FSM  is  the  state  data 
path.  However,  because  the  cascade  can  bc  fully pipe- 
lined,  the PU array  will not become  the  throughput  bot- 
tleneck.  For  example,  each FSM can  be  decomposed  into 
two-level  AND-OR  logic  gates.  Pipelining  at the gate 
level is  possible by inserting  pipeline  latches  between  the 
AND  and  OR  gates.  Although this is hardly  necessary, it 
illustrates  the real throughput  limit is in the selector in 
Fig. 9. 

The  throughput of the  post-selection  architecture  is 
K/r,,,, where r,,, is  the  (worst-case)  propagation  delay of 
the selector. 'The complexity is KN FSM's,  plus  pipeline 
latches  and a sclcctor.  Therefore.  we  conclude  the  archi- 
tecture  indeed  has a complexity  proportional  to  the 
speedup.  as  opposed  to  the  exponential  complexity  of  the 
expansion  method. 

1V. DESIGN EXAMPLE 
We use an  example  to  demonstrate  the  method  and its 

design  options.  Consider  the  3B2T-RBS  code, which  uses 
the  optimum  3B2T  line  code in Table I1 with relarive bi- 
phase signaling (RBSj [ l l .  (The  3B2T  stands  for  coding 
three  binary  inputs  into  two  ternary  outputs.)  Relative 
biphase  signaling  (RBS)  transmits a ternary  signal with 
two binary signals  in a state-dependent  way.  While [ I ]  
suggests  implementing RBS for the 3B2T  code with  a 
four-state  FSM, a simpler  two-state  FSM  in 'Table 111 sup- 
ports the  same RBS rules.  Therefore,  the  3B2T-RBS  code 
is  equivalent to the  bimode  3B4B  line  code in Table IV.  
The  bimode  code  chooscs different codewords  according 
to  the last encoded  output  bit,  which  is  the  feedback  value 
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TAHLh 11 
T H ~  3B2T LINE C O U E  I N  THF 3BZT-KBS CODE 

Input (binary) Codeword  (ternary) 

noo 
00 I 

02 

010 01 
12 

0 1  I 22 

I01 
I00 1 1  

1 1 0  
I l l  

I 0 
21 
20 

TABLE 111 
K F I  ATIVE BIPHASF S I G N A L I N C ~  

Codeword 
Input 

(ternary) Last Coded Bit = 1 Last Coded Bit = I 

n 
1 

01 
00 

2 01 In 

10 
I 1  

TABLE IV 
TRE BlMUDE 3B4B L l h t  C U D E  EOLlVALEhT TO THE 3B2T-RBS C O D E  

Codeword 

Input  Last  Coded Bit = 0 Last Coded B I ~  = 1 

000 
00 1 

01 I 
IO0 
101 1101 
I10 
I l l  0101 

1001 
1110 

0110 
000 1 
0100 

01 10 1001 
I I00 001 1 

00 10 
101 1 
I010 

010 101 1 

nlnn 

or the state of the  FSM  coder. It has  been  shown  that  the 
bimode  3B4B  code  outperforms  the  3B4B,  and  even  the 
SB6B code [ 11. 

When  implemented  with a two-phase  standard  cell 
PLA,  our  simulation  at  the  switch  RC level estimates  that 
the  bimode  3B4B  coder in 2 micron  CMOS  (lambda = 1 
pm)  runs  at  about a 70 MHz  clock,  or  210  Mb/s. (T,,, 
= 13 ns for  an N = 2, A = 3  FSM in our  previous no- 
tation.) A speedup of seven ( K  = 7 )  can  improve  the  cod- 
ing  rate to a 1.4  Gb/s optical  rate. 

For  comparison,  we  check  the  feasibility of the  expan- 
sion  method.  When  expanded by 2 and 3, the  FSM be- 
comes a bimode  6B8B  coder  and a bimode  9B 12B coder, 
respectively.  The  bimode  6B8B  coder  and  the  bimode 
9B12B  coder  are  3.1  and  12.1  times  larger‘  than  the bi- 
mode  3B4B  coder, in fair  agreement with the  theoretical 
value A = 3 and A *  = 9. Simulation  shows  that  the  clock 
rate  drops  to 50 MHz (T,,, = 19 ns) for  the  bimode  6B8B 
coder  and to 14  MHz (7,,, = 68 ns) for  the  bimode  9B12B 
coder.  The  clock  rate  decreases  because  larger  PLA’s re- 
quire  longer  time to precharge  and  evaluate,  as  we  can 

‘We compare the core  size of the  coders. 

~- ~ ~~ 

see  from  the PHI1 (precharge)  and  PHI2  (evaluate)  wave- 
forms in Fig. 1 I (a)-(c).  Thus,  the  bimode  6B8B  coder 
achievcs a 6 * SOM = 300  Mb/s  rate,  which  means a 
speedup of 1.4  for  expansion  factor 2. The  bimode  9B12B 
codcr  runs  at 9 * 14M = 126 Mb/s,  which  means no 
speedup  at  all  for  expansion  factor 3 and  higher.  Thus, 
the  limitation  to  the  expansion  method is more  than  just 
the  complcxity  overhead.  Unless  we  have  fast  precharge 
and  evaluation  circuits to keep up with  the size  increase 
of  the PLA, a speedup  higher than 1.4  cannot  be  achieved 
with direct  FSM  synthesis in this technology. 

In contrast.  our  algorithm  and  post-selection  architec- 
turc  can  achieve  the  seven  times  speedup  easily  without 
any FSM  redesign. As the  bimode  3B4B  coder  is a two- 
state  FSM,  the  post-selection  architecture  needs  two  PU 
arrays,  each of which  has  seven  cascaded  PLA’s.  The  two 
PU arrays  share  the  same input pipeline skew’, as shown 
in the layout in Fig. 12. Our  design uses Magic  and  Oct 
CAD  tools with LagcrIV  design  manager  [20],  and re- 
quires  no  physical  chip  editing  like  sizing  transistors  or 
defining feedthrough  cells.  Simulation  estimates  that  the 
PLA  clock  remains  at  two-phase 70 MHL (13 ns). The 
input and  output  pipeline  latches  are also clocked  at  70 
MHz. The  reason why we can  maintain  the  same  clock 
rate is that  the  PLA’s in cascade  have  the  same  loading 
effects as the  original  PLA.  The  selector on the left runs 
faster  than  the  pipeline  clock (77e, < I O  ns < 13 ns). 
Thus,  the  speedup is exactly  seven  times  for a throughput 
of 7 * 3 * 70M = 1.4 Gb / s .  (In fact,  because  we  obtain 
the  speedup  through  architectural  techniques,  the  chip 
should  always  be  seven  times  faster  than  the  actual  circuit 
speed of  a bimode  3B4B  coder.)  The  overall  size  is only 
2.5 X 2.5  mm,  which  explains why  we did not use  hand 
design  to  minimize  the  chip  area. We  expect an area re- 
duction of at  least  30% with partial  custom  design. 

Alternative  implementations with  different clock  rates 
are  possible. To run at a faster clock rate,  each  FSM  coder 
in  the  PU  array  can  use  two-level  AND-OR  gates with 
pipelining  transmission  gates  between  them.  Clock  rates 
at  about 100 MHz  are  possible,  but  care must be  taken in 
adjusting  clock  skew  and  compacting  pipelined  AND-OR 
gate cell. Although this design  is  more  demanding,  the 
improvement in clock speed  means  lcss  cascaded  stages 
in the  PU  arrays,  less  routing  area,  smaller  ~nultiplexer 
bit width,  and  less IiO pads. 

Implementations  at  clock  rates  slower than  the original 
coder’s  clock  rate  also  exist.  This  approach  is a combi- 
nation  of the  post-selection  method  and  the  expansion 
method.  For  example, if we first expand  the  bimode  3B4B 
coder by two,  the  result is a bimode  6B8B  PLA  coder  at 
50 MHz.  Each PU array in the  post-selection  architecture 
can  cascade five bimode  6B8B  coders in a pipeline  for a 
throughput  rate  higher  than  1.4 Gb/s .  Although  the  num- 
ber  of  cascaded  coders  is  fewer,  each  coder  is  larger  than 
the  original.  The  low  clock  rate  design  is  helpful if the 
original  FSM  coder  is  relatively  simple. In this case,  the 
clock  rate  slowdown  and  thc  PLA  expansion  is not seri- 
ous, and  we  can  take  advantage of the  PLA’s  compact- 

~~~ ~ ~~~ ~~ ~ ~~~ ~~~ ~ 
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Fig. 11. The  simulated  waveforms of: (a)  the  bimode 3B4B coder,  (b)  the 
bimode 6BBB coder,  and  (c)  the  bimode 9B12B coder  displayed in logic 
analyzer form. Note  that  the  cycle  tlme  for PHI1 (precharge  phase)  in- 
creases  rapidly  as  the  code  complexity or  PLA size  exceeds  a  certain 
threshold. 

Flg. 12. The  layout of the I .4 Gb/s bimode 3B4B coder The top PU array 
(cascaded PLA's and  output  skew  pipeline  latches)  and  the  bottom  PU  ar- 
ray share  the  input  pipeline  skew in the  center  row.  The  top  row  and  thc 
bottom row are  the  output  skew  plpelme  latches  The azleclor IS on the left. 

ness.  However, if the  clock  rate is too  slow,  probably a 
separate  clock  and  interface  is  necessary  for  chip 110. 

Summarizing,  high  speedup  implementations  exist  with 
clock  rates  higher,  lower,  and  the  same as the  original. 
The  choice  depends  on  applications.  Generally  speaking, 
if the  original  FSM  is  complicated  it  is  advantageous  to 
implement  at  higher  clock  rates.  The  dual  argument is also 
true: a low-clock-rate  implementation is suitable  for  sim- 
ple FSM's. Otherwise,  the  post-selection  architecture 
should  cascade  the  original FSM's directly. 

Previous  discussion  also  applies  to  composite  feedback 
systems.  If  a  system  contains  multiple  steps of FSM cod- 
ing or multiple  feedback  loops,  the  design  procedure  is  to 
apply our method  to  the  throughput-limiting  loop  recur- 
sively.  Alternatively,  different  loops  can be combined as 
a big  FSM or cascaded  multilevel  logics  before  the  post- 
selection  method  is  applied.  This  often  leads  to  a  better 
utilization of chip  area  and IiO. 

V.  A SOLUTION FOR COMPLEX FHI- .DHA~K SYSTEMS 
Most  feedback  coding  systems in optical  communica- 

tions  have  relatively  few  feedback  states.  However,  in 
general,  the  number of slates  can  be  large,  which  renders 
the  post-selection  method  ineflective.  This  suggests  the 
following  alternative  algorithm. 

Consider  again  the  trellis  blocks  in  Fig. 7 .  Instead  of 
processing  multiple  path  segments first and  finding  the 
right  segment  later,  we  change our strategy  to  finding  the 
correct  block  initial  state first before  processing  the  block. 
That is, similar  to  the  idea  in [21], if the  block  initial 
states  are  known,  then  different  blocks  can  be  processed 
independently  from  their  individual  initial  states.  Thc  al- 
gorithm  then  becomcs: 

1)  Determine  dependency  between  adjacent  block  ini- 
tial  states. 
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Fig.  13.  An  alternative  architecture  for  systems  with  large  numhers of 
states.  Steps  1,  2,  and 3 of  the  algorithm  map  to  the  precomputation,  mod- 
ified FSM, and  the  PU  array,  respectively. 

2) Compute  recursively  the  block  initial  states  using 

3) Process  each  block  from  its  initial  state. 
the  result  in  step 1 .  

Note  that  both  steps 1 and 3 are  feedforward  computa- 
tions,  meaning  that  higher  throughput  is  (always)  possi- 
ble.  Step 2 requires a feedback of the  previous  block  ini- 
tial state,  and  thus is the  throughput-limiting  step. 

The  architecture in Fig. 13 embodies  the  algorithm. Al- 
gorithm  steps l ,  2 ,  and 3 map  to  the  precomputation,  the 
modified FSM, and  the PU array  in  Fig. 13, respectively. 
In  step 1, dependency  between  the  current  and  the  next 
block  initial state is a function of the K inputs in the  cur- 
rent block. As each  block  initial  state  has  at  most N pos- 
sible  next  block  initial  states,  the  dependency  can  be  de- 
scribed with an N-level indicator  (with  log  (N)  bits).  The 
precomputation  circuits  can  be  synthesized  directly  from 
its logic  function,  such  as  using multilevel AND-OR gates 
[ 191. Step 2 itself is  a new FSM whosc input is the N-  
level  indicator  from  the  precomputation  and  whose  state 
is the  block  initial  statc of  the  original FSM. Thus,  the 
modified FSM in Fig. 13 has  the  same N states  as  the 
original FSM. but the  input  alphabet  size is extended  from 
A to N .  Using  the block initial  state  generated by the  mod- 
ified FSM, the PU array  completes the block  proccssing 
in step 3 using a cascade  structure  as  before. 

Because  the  precomputation  and  the  PU  array  can  be 
fully  pipelined,  the  throughput of  the architecture  is 
K/r,,,,,*, where T , , , ~  is the  propagation  delay of the  mod- 
ified FSM. Since  the modified FSM is  more  complex  than 
the  original,  the  throughput  improvement  is  less  than K ,  
or K ~ ~ , ~ ~ / r ~ , , ~ ~ ~  to be  exact,  wherc T~~~ is the  propagation 
delay of  the  original FSM. 

The  complexity of the  precomputation  and  the modified 
FSM depends on applications. A more  sophisticated  com- 
plexity analysis  and  architecture  details  can  be  found in 
[19], wherein  the  resemblance  and  the  mathematical re- 
lation  between  the FSM architecture  in  Fig. 13 and  the 
well-known  block-state filter structure is also discussed. 

VI.  CONCLUSION 
We  have  shown  architccturdl  techniques  for umall-state 

feedback  circuits  that  significantly  improve  the  through- 
put without  requiring  circuit  design  efforts  or  advanced 
technologies.  The  method is  flcxible in terms o f  achiev- 
able  implementations  and  speedups. For higher  speedup 
and  more  complex  feedback  systems, our methods  out- 
perform  the  conventional  expansion  method in terms  of 
speed  and  die  area. 
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