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n spite of repeated predictions over the past decade or I more that modems would soon be eliminated by all 
digital networks, the modem business continues to 
prosper (although at  a reduced growth rate). Today, 
most data communication is carried out by voice-hand 
modems over analog telephone networks, and the 
modem business has revenues on the order of a billion 
dollars. 

For the past few decades, voice-band data communica- 
tion has been an  active area for both scientific investiga- 
tion and commercial product development. T h e  data 
modem field has been the scene not only of theoretical 
advances but also of early commercial application of 
adaptive equalizers, digital filtering, multilevel com- 
bined amplitude and phase modulation, channel coding 
with multilevel and multiphase signals, and various 
synchronization techniques. Many of these advances 
later found their way into radio communication modems 
and other applications. Today, multidimensional cod- 
ing, multicarrier systems, and the effects of voice-hand 
quantizers [pulse-code modulation (PCM), adaptive 
differential PCM (ADPCM)] on the performance of 
modems are areas of active investigation. 

T h e  nearly 70-year history and an  almost explosive 
growth in both research and product development over 
the past 15 years make it difficult to cover all key topics 
without treating them superficially. I t  is hoped that a 
compromise has been suitably chosen. It is also important 
to note that, for competitive reasons, many companies 
are reluctant to publish the results of their work, thus 
making it difficult to properly determine the sequence of 
events. T h e  information presented here relies on both the 
open literature and our  own personal knowledge. 
Finally, our  view is primarily oriented toward full- 
duplex modems for operation on four-wire leased lines. 
However, aside from the use of echo cancelers, which we 
discuss, two-wire public switched telephone-line modems 
operate on basically the same underlying principles as 
private-line modems, so this focus should not be unduly 
limiting. 

T h e  history of the voice-band data modems falls quite 
naturally into four chronological eras: 

1 .  From roughly 1919 to the mid-l950s, workgrew out 
of a need for transmission of low-speed telegraphic 
information. Research efforts were focused pri- 
marily on basic characterization of the lines and 
hasic theories of data communications. T h e  maxi- 
mum data rates in this era were on the order of 100 
bits/s. 

2. Starting in the mid-l950s, a growing military need, 
followed by commercial interest, for transmitting 
much larger amounts of data focused efforts on 
obtaining higher data rates. These efforts led to a 
much better understanding of telephone-line char- 
acteristics and a quantum increase in  understanding 
of efficient modulation and receiver design tech- 
niques for band-limited channels. This ,  in turn, led 
to a n  increase in  data rates from 100 bits/s at the 
start of the era to 9,600 bits/s b y  the late 1960s. 

3. During the 1970s, the maximum practical speed 
remained at 9,600 bits’s, but extensive research 
efforts by those working in this area improved 
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methods of implementing modems and affected 
investigations in other areas, such as adaptive 
filtering, digital signal processing, and design of 
integrated circuits. This  era led to significant 
reductions in siLe and power requirements for 
modems and laid the groundwork for the most 
recent advances. 

4. T h e  1980s has seen the exploitation of improve- 
ments in telephone lines, introduction of the first 
practical coding techniques for these lines, and 
continuing research. Taken together, this has led to 
modems operating at speeds u p  to 19.2 kbitsls. 

T h e  remainder of this paper expands on  activities in 
these eras. Those fortunate enough to have been involved 
in  this business over the past 20 years or  so have had ;I 

stimulating experience and an  unusual opportunity to 
see the practical application of sophisticated theory and 
research. I t  is hoped that some of this will show through 
in what follows. 

First Era: The Early Beginnings 
As early as 1919, the transmission of teletype and 

telegraph data had been attempted over both long- 
distance land lines [ 11 and transoceanic cables [2]. 
During these experiments, it was recognized that data 
rates would be severely limited by signal distortion 
arising from the nonlinear phase characteristics of the 
telephone line. This  effect, although present in voice 
communication, had not been noticed previously due to 
the insensitivity of the human ear to phase distortion. 
Recognition of this problem led to fundamental studies 
by Carson [3], [4], Nyquist [5], [6], and Mead [7]. From 
these studies came techniques, presented around 1930, 
for quantitatively measuring phase distortion [8] and for 
equalizing lines with such distortion [93. This  work 
apparently resolved the existing problems and little or 
no  additional work appears to have been done until the 
early 1950s. 

Second Era: Growth in Demand, 
Knowledge, and Speed 

T h e  advent of the digital computer in the early 1950s 
and the resulting military and commercial interest in 
large-scale data processing systems led to a new interest 
in using telephone lines for transmitting digital infor- 
mation. T h e  government need for transmitting aircraft 
radar data to central locations resulted in development of 
Bell System data communication products for voice- 
band networks [ 101, and these products soon found their 
way into commercial applications. In the early 1960s, the 
commercial importance of voice- band modems was 
being established. Magazines such as Fortune, Buszness 
Week, and U S .  News and World Report reflected this 
growing commercial interest [ 111-[ 141, and numerous 
vendors responded with products. With the FCC’s 
Carterfone Decision in 1968, which opened the switched 
network to interconnection of non-Bell modems, the 
growth of data communication products increased even 
more rapidly. As a result, the demand for higher-speed 
data communications increased, and it became desirable 
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to attempt a more efficient utilization of the telephone 
channel. 

Research Efforts 
Starting in about 1954, researchers at both the MIT 

Lincoln Laboratory [ 151, [16] and  Bell Telephone Laho- 
ratories [ 171-[ 191 began to investigate more efficient 
utilization of the telephone network. These and other 
studies werecontinued bya moderate but ever-increasing 
number of people during the late 1950s [20]-[%I. By 
1960, numerous modulation techniques for obtaining 
higher rates (over 500 hitsls) had been proposed, built, 
and tested [27]-[35]. However, these systems were still 
quite poor relative to what many people felt to be 
possible. Because of this, and also due to a growing 
interest in the application of coding techniques to this 
problem, work continued at a rapidly increasing pace 

In this period, carrier and timing recovery techniques 
were quite primitive and  included the use of pilot tones 
or a significant carrier component. In addition, since the 
transmitted data was not scrambled, automatic gain 
control (AGC) circuits were often unreliable because of 
possible extended idle periods between bursts of data. For 
these reasons, noncoherent modulation techniques such 
as frequency-shift keying (FSK), differential phase-shift 
keying (DPSK), and amplitude modulation with vestigial 
side band (AM-I’SB) (with a low-modulation index) 
were the central focus for most of the modems at that 
time. 

In the early 1960s, some theoretical work on thedesign 
of opt imum signal constellations for multiamplitude 
and multiphase systems appeared in the literature. 
Lucky [49] and Lucky and Hancock [50] introduced a 
new class of “opt imum” two-dimensional signal con- 
stellations; among them, the most interesting was an  
eight-point constellation, which was later recognized to 
have excellent immunity to marginal phase distortion in 
an  additive noise channel [49]. Campopiano and  Glazer 
[51] suggested a set of rectangular-grid-type quadrature 
amplitude modulated (QAM) signal constellations for 
transmission of various numbers of hits per symbol. At 
that time, due to extensive intersymbol interference (ISI) 
for two-dimensional modulation, these multilevel struc- 
tures did not find immediate application. Later on ,  
constellations similar to that of Lucky were reinvented 
for the design of 4,800-9,600-bits/s modems, and, 
recently, structures similar to that of Campopiano and 
Glazer were adopted by the International Telegraph and 
Telephone Consultative (CCITT)  for standard coded 
and uncoded constellations for higher-speed modems 

In this time frame, one of the more unusual schemes 
was one tested at Lincoln Laboratory [48]. In this system, 
the transmitted signal was “matched” to the telephone 
line so that the effect of phase distortion was essentially 
eliminated. LJse of this technique with the S E C 0  [53] 
machine (a sequential coder-decoder) and a feedback 
channel allowed virtually error-free transmission at an 
average rate of 7,500 hits/s. T h e  experiment was done 
over a closed loop and synchronization signals were 
shared between transmitter and receiver. While this was, 
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by no means, a product, it pro\wi certain principles in 
cornmunication theory and coding and \vas prol)al)ly the 
first demonstration that such speeds \cere feasihle on 
telephone lines. 

By thc mid-I960s, it \vas clear t h a t  channel amplitude 
arid delay distortion \\.ere the major impail ments to I)e 
focused on  for further impro\wnrnts. Tn.o methods \ \we  
considered to fight these impairments. One \KIS the  
application of ;I multicarrier system; the  other \vas the 
use of an automatic eqt ia l ixr  to cancel ISI, rvhich 
I-esultcd from amplitude antl phase distortions of the 
channel. 

The idea o f  multicarrier systems was in\wtigatcd 1)). 
€Iolsinger in his P1i.D. thesis at ILIIT [3]. He concluded 
that  :I practical opt imum signal w i s  ;I set of time-limited 
si i i  t i  so i ds whose d I I r;i t i  o 11 i i  11 tl f rcq lie nc y 111 ; i ck  t ti em 
orthogonal over ;in appropriate t ime inter\xl. Ho~vc\ ,cr ,  
he ohserved that multitone systems tiad se\.eral problems 
rclativc to timing rccoi’ery and freclwncy offset, anc l ,  a s  ;I 

i.csu 1 t ,  t he a1iprox-h did not appc;ir p r x t  ica 1. hI t i l  t i  - 
carrier systems n ~ i - e  further in\wtigatrtl b y  (:hang [.5.5], 
Smith [%I and C h i n g a r i d  C;ihl)y [55], and, :IS IZT will see 
in the p;iper, this i k i  is still ciirrent. 

I n  t he  arc21 o f  automatic cqaalization, Lucky used ;I 

steepcs t tlesccn t algori t hm for ;it1 toma t ic atlj u s  tmen I o f  
tap gaiiis [MI. I n  ;I subsequent pipei. 1,591, lie proposed ;I 

mc~tliod f o r  coiitiiiuoiis :itlaptation o f  thr. tap gains; this 
method is knolvn 21s the rcro-forcing algoi-ithm. K! the 
late 1960s, single-carrier I’SB or SSK sys tems  using 
digitally implemented x lap t i i~c  tr;iIis\ 
~ippcared t o  be thcx I)r,st approac~ l i  for I-cali/ing high 
spcetls ( 1,800-9,600 bits a). 

Commercial Products 
T h e  earliest commercially import;iiit modr.ms ivere 

re le~sed  in the late 1950s by A1‘8cT and includcd t he  Kr.11 
105 and Bell 202 for 300 bits s arid 1.200 hits s ,  
respectively. Both of these motleins u s t d  FSK modiilatiori. 
I n  the  cmly 1Y60s, the application of forii--pti;ise 
motlulation resulted in the Bell 201, whit h o p e ~ x t d  ; i t  

2,400 hits s. This  modem essentiall!, usecl 2,400 FIT of 
transmission txindwidth with 1,200 H L  for data and the 
rest for xlditional timing rec.o\.ery signals. ?‘he Bell 201 
did riot include a manual equal ixr ,  ;IS did the other 
2,100-hits / s  modcms o f  that time; however, A7’8cl’ iisetl 
this rnodcni with specially conditioned lines (U). ‘I’hc 
i-ec.eivcr in t he moclem used di ffercnt ial tlemodu I s i t  ion, 
tvhic h avoided carrier rcco\.cry circiii t s .  T h e  bi t t imirig 
[vas  extracted from the demodulated signal, a n t l  tlici-e 
l v x  no scrambling of the trarismittetl signal. 

Also in  this time trarnc, ;I system opcrating ; i t  rates o f  
2,.500-3,500 bits s IVX marketed by  Kixoii [29], [3  11. ‘I’his 
in otlvm II sctl hi iiar). A M  - I’S B t r;i 11 s rii i ssiori ;I ntl, lor 
proper opcr;ition o f  its huilt-in m a n u a l l y  xljiistabte 
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preceded many of the p~iblished techniques. I n  the open 
literature, several techniques ivere suggested and exam- 
ined for this purpose. I n  1971, Kohayashi [ G I ]  adopted 
mi ti im urn-mean-sq uare error it t  the cq ualizer 011 tpu t as 
the criteria for a decision-aided algorithm for finding the 
opt imum sampling phase. T h i s  type of scheme gencr;tIly 
yielded :I relatively complicated irnplementation and ;I 

sloiv con\wgence, and, consequently, did not meet 
w i de s pread accept a rice . 

A second approach \ vas  to list' n a r r o t v h n c l  filters 
turned t o  half the baud rate followed by 21 square-la\v 
dr\,icc a n c l  ;I passband filter [62]. Lyon [ 6 3 ]  a1ialyLed the 
relationship o f  this method t o  the l)and-edge  nipone one tit 
m~ixirni7.~itioii, which has been shoivn l)), M a z o  [6 k ]  to 
\,icld the opt imum samplcr phase f o r  infinite tap 
cqualiicr5. As cornpii-cxl lvith the method suggestcc1 h y  
Kohoya  shi, this technique y ieldcd more rcononi ic;i 1 
iin 1) Iemen t  ;I t  ion 13, h i I C  g i \.i ng co ni i x i r a  1)Ic pert o r  ma nce . 
Today,  extrx.ting timing from lxind-edge (omponetits 
of the twci\wI signal is \\ridel! u s c d  in niotleins 
etnploying stantl;ii d l~au&r;itc cclu;ili/ation. 

A third ;ipproacli u x s  to use ;I fi;tctionally spic~ctl 
equaliicr (FSE) rather than standard cqu:ilims. I n  
standard equali/ers, tap spacing is at the l)autl  late, i.e., 
evety T sec, lvhilc in FSEs the [ap spa(  irig is ;I fraction o f  
thc I)aucl rate. I'iigerboeck [(j3] shoivetl that ;I :IT -1 FSE 
had minimal sensiti\,it) \\,it11 i e s p c ~ ~  to timing, ancl that 
;I simple timing rec .o \~ ry  procediii~e c.oultl be used lvith 
this t)spe ot cqii;tliici-. Qureslii :t i id Fortley [(ili] m;ide 
estensiw simulations for T 2 I;Sk:s o w r  \.arious tclc- 
phone lines and concluded that, tvith the saint' n u n i h c ~ r  
of taps, the FSE pertornis at least a s  \\!ell ;is tlic ordiniit-y 
equal im. ,  and, for channels \ \ r i t l i  s e \ . ( w  I)and-cdgc delay 
distoi tion, the FSE performs noticr;il)ly I)etter. Later on, 
analysis and simulations b y  Gitlin and \Vcinstcin [65] 
showed that the T 2 FSE performs hetter th;in conven- 
tional rq~i ; i l i~ers  if they both s p a n  the same time intcr\.al 
of the receiwd signal. T h e  ieasoti for the superior 
perforinancc of the FSE is that i t  s;tmples the rrceiwd 
signal faster than an ordinary e q u a l i m ,  and,  thus, 
a1i;tsing of tlic recei\wl signal can be eliminated. 
Other\vise stated, ;I FSE can incorpor~ite ;I matched filter, 
rvliercas a T-5paccd equali/er cannot. 

si in U 1 ;it i o n s with f 1 oa t i t i  g- po i n t it r i t h me t i c .  Hoive\~r ,  i n 
real- time implcnien t a  t  ion \\Ti t t  1 fixed- poi ti t  ar i  thmc t ic 
and limited tvord length, the tap gaiiis tend t o  diverge. 
Gitlin, Meadors, and LVeinstein [SX] ,  through analysis 
;I n d i in p 1 e mentation, re 1 ;it  cd t  a 11-ga i 11 1) l o w  11 11 t o  c ti a r - 
actrristics o f  the channel. The). howetl  that ;I FSK 
generally h a s  inany sets of tap iveights, rvhich result in 
nearly equal \~;ilues of mean-squared error. Sonic o f  these 
solutions arc large, and, in a digital im~~lcriicntatic~ii, the 
tap gains c;jn drift toxvard these due to I)ias and round-off 
errors in the tap ripd~iting~ilgoritlim [SS], \vhic.h c;in lead 
to o\.crflo\v of the tap-gain registers. I n  general, thc  
simple solution t o  tap gain I) lo\vup is the so-called tap- 
Icakage algorithrn [65]-[68]. T h i s  is i t t i  ad hoc solution, 
lvhich introduces small corrections in tap gains to 
p r e \ ~ n t  them froin cxccssi\,e g r o \ v t h .  Codes niarkctcct its 
first FSE modern in l97,5, and today FSEs are Ividcly used 
i t i  \ x r  i  o i t  s modems. 0 t her not ;i 111 c act i  \ , i  t  ies i t i  t  i i n  i ng 
reco\wy tcchniqiics are reported in [(i!)]-[7-1]. 

Fr, 'tc . tionally . spaced cquii1iLers pei.torni in computer 
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Adaptive Filtering 
T h e  major ivork in adaptive filtering applied to \nice- 

lxtntl moderns was concerned rvith: fast-con\wging 
algorithms for equalization, application of decision 
fccdlxick equalizers (DFE),  ac1aptii.e channel nie;isurc- 
merit for maxiinurn likelihood sequence estimation 
(RILSE), passband equalization, blind equalization, and 
echo cancellation. Motivations for using these algorithtns 
in \,oicc-hand data communications and an o\.cr\.iciv of  
the \cork in these areas \vi11 h e  given in this section. 

F(i.rt Poll illodrm.5 

-The etfcctiw I-esponse time in a multipoint polling 
system is clcpeiident on the start-up time o f  the c w i t i x l  
site niodenis in the network. T h e  time ieqiiiretl l)), the 
equalizer to set u p  its tapcoefficients represents the niain 
part ol the modem start-up timc.. Thercfore, i t  is clesii-able 
to tint1 methods for I-apidly setting up the cqual ims .  

'rlie Ieast-ine~in-squale~~e (IAIS)  algorithm, toda) ' s  
doniinan t ;I Igori t hrn tor tap-gain adj ustnwn ts,  is 

originall! prescntctl b y  LVidi-ow and Hoff [75] iri 1960. 
Ditring the 10GOs. research \vas tnostl), concerned i v i t l i  
steady-st;ite I)clia\ior o f  1,MS algorithms, ;IS applied t o  
;idapti\.cl cquii1ixr.s: Around 1970, the transient bcha\,ioi- 
of I.hlS cqii;ili/crs  vas studied [76]-[78], : t i id i t  \ vas  
c ~ o n c ~ l u d ~ d  that the con\wgencc I,eha\.iot ot I AIS 
acl;tpti\.e equali/ei.s is dependent on the nurnlwr  of taps 
i t n d  the eigm\.;il tie sprcxl o f  the co\w-iancr niatris of thc 
rccei\.cd signal.  I n  the early 197Os, the first techniques for 
fast st;irt - u p  eqiiit1iL:i tion werc in t I-oducctl [ 791, 1801. 
These algorithms u ~ r c  intended to minitiiiir the dc- 
p e n ~ l e n ~ ~ e  on eigenvalue spread o f  the channel cowrian(w 
niatris a n c l ,  f o i -  this reason, were referred to ;IS ortho- 
gonali/ccl I .,\.IS algorithnis. 

I n  197 1, Godard [S I ]  introduced a n  application of 
Ka 1 init ti f  i I ter i ng to oh t ai n an d a  p t i\,c or t hogonii 1 i i  i ng 
:I 1 goi i t  h in f o r  f : t s t  -CO ti verg i n g eq iia 1 i z a  t ion . H e s li o \ved 
that the con\.ergencc ratc of this a d a p t i \ ~  algorithm is 
onl!. pi-opoi tional to the length of the equalizer and is 
intlcpcntlent o f  cigen\xlue spread. Hon.e\w, the cornpii- 
tational complexity of the algorithm \vas on the order o f  
the sqiiarc o f  the length of the equali7er. Gitlin atid 
McGee [83] proi.idetl another algorithm with reduced 
coin pi1 t  :i t  i o m  I coin plexi t y ~ v h  i le re tai t i  ing t  he sit me 
s p e d  o f  contwgence. 1,atcr on ,  Falconer and Ljirng [H.?] 
introduced the idea of fast Kalnian filtering, \vhich took  
adwntagr  of the structure of the data vector and i-educ.etl 
complexity of coinputation to multiples of length ot the 
eqti;tliLcr. ~I 'hcn,  Satori uset al .  [84j, [85] used orihogonitl- 
i t y  of I):ick~vard prrtliction error for lattice filters ; I S  21 

I m i s  to design fast-converging lattice equalizers. Other  
notable theoretical ~ v o r k s  in this area in( Iudc [MI-1881. 
To the authors' knowledge, none of the preceding tccli- 
niques are  currently usccl in a succ 
modem product. Hoivever, ;I \.ariation of the K a l m a i i  f i l -  
tering algorithm has k i i  tried for fast tracking o f a  radio 
modem working o \ ~  fading niul t ipi th  HF ch;innel~ 
[89]. T h e  lvork on fast poll moderns nioti\xted extciisi\,e 
research in t o  the general structure of adaptive filters [!IO]. 
[<) I ] .  

\videl\. used tec~hniqucs for- fast start-up ;IW tap stot-agc 
x-oct:ly, t o  tile OL1r Erno~viccige, tile tIvo t i lost  
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and derivation of the tap gains in the frequency domain. 
In tap storage, the tapgains related toeach connection in 
;I multipoint connection are stored in the receiver along 
with a unique identifying code. Upon reception of the 
code for a particular connection, the receiver recovers 
and updates the tap gains used foi that connection. This  
approach tends to offer a very rapid start-up (less than 5 
m/s) but has “system-level” issues concerning retraining 
of the individual stored equalizer values, which have to 
be carefully thought out.  With the frequency-domain 
technique, a cyclic training sequence with a flat 
spectrum is transmitted. T h e  receiver takes the Fourier 
transform of the received signal, inverts the result, and 
takes the inverse Fourier transform to determine the tap 
gains of the equalizer. T h i s  method is straightforward 
and the details of implementation are given in [92]-[94]. 
It offers the advantage of eliminating the system-level 
problems of the tap storage technique but generally 
requires a greater start-up time (around 25 ms). A 
comprehensive survey of various techniques evolved for  
fast start-up equalimtion is given in [95]. 

Beyond 9,600 bi ts /s  

In the 197Qs, the quality of the telephone network 
prevented transmission of more than 16 points in the 
signal constellation. Therefore, to increase the data rate, 
i t  was necessary to think about increasing of the symbol 
rate by expanding the nominal handwidth of the channel 
beyond the commonly used value of 2,400 Hz. To attain 
wider bandwidth, it looked promising to consider more 
advanced equalization techniques such as DFE or 
MLSE, rather than standard linear equ‘ ‘I 1’ izers. 

A DFE consists of two tapped delay lines, one fed by 
the received signal and the other by the detected signal. A 
DFE [96], [97] is more successful than a transversal 
equalizer in handling channels with a deep null in the 
passband, and, for this reason, it has been applied to 
various fading multipath radio channels [98], [99]. 
Therefore, one may think of using ;I DFE to equalize the 
edges of the transmission channel to attain a wider 
equalized bandwidth. MLSE, as suggested by Forney 
[ 1001, applies the Viterhi algorithm [I011 to obtain the 
opt imum receiver in the presence of ISI. In conjunction 
with a n  adaptive channel estimator, the MLSE can he 
used over slowly time-varying channels [ 1021. A computa- 
tionally efficient version of this method was suggested by 
[Jngerboeck [ 1031 for communication over telephone 
channels. An increase in the bandwidth of the transmitted 
pulses increases the ISI, but one may hope to cancel this 
excess IS1 with MLSE. 

Falconer and Magee [ 1041, [ 1051 investigated the DFE 
and MLSE to extend the nominal bandwidth beyond 
2,400 Hz. They tried 16-point constellations with 
nominal bandwidths of 3,000 Hz and 3,600 Hz for 12 
khits/s and 14.4 khits/s, and a 32-point constellation 
with a nominal bandwidth of 2,880 Hz for 14.4 kbits/s. 
Their  conclusion was that, for a real channel with 
amplitude and delay distortion as well 21s phase jitter, ;I 

reliable 14.4-khits/s modem was not attainable at that 
time. T h e  MLSE is extremely sensitive to phase jitter and 
frequency offset, and the DFE with a large numher of 
feedback taps suffers from error propagation; therefore, 

neither o f  these techniques had much to offer over :I 

tra1is\wxil cqiialiLer with ;I large numher of tap gains. 

Blind Equalixt ioi i  

In  a niiiltipoint network, if one of the remote modems 
needs retraining without interruption of the normal data 
transmission, ;I retraining algorithm is needed that does 
not require any knowledge of the transmitted symhols 
for the equaliLer. Such equalization is usually referred to 
as },lindequalization. In 1973, Godard [ 1061 introduceda 
simple algorithm that is based on the square of the error 
signal used for normal adjustments of the tap weights, 
and today i t  is widely used to retrain the equalizers after 
interrupts. I n  these algorithms, a reference to transmitted 
symhols is not available at  the receiver so the convergence 
is ahout ten times slower than standard LMS algorithms. 
More analysis of the transient behavior of blind equal- 
izers, ;IS applied to radio communications, is available in  
[ 1071, [ 1081. 

Bandpass Equizlizatioiz 

Bandpassequalization [ 1091, [ 1 IO] is performed before 
demodulation, ;IS opposed to standard baseband equal- 
ization, which is done after demodulation. When the 
phase reference of the oscillator in the demodulator is 
obtained from the detected data, the delay between 
demodulation and phase recovery is smaller with 
passband equalizers. Th i s  results in a faster tracking of 
phase variations and, consequently, a more robust 
modrm. However, in modern digital designs using 
programmable, very large scale integrated (VLSI) chips, 
i t  is possible to demodulate without a phase reference 
and adjust thr phase h y  multiplying the demodulated 
symbol with ;I numerical phasor, which shifts the point 
in the constellation into its proper place. For these 
implemen tations, there is no difference between baseband 
or handpass equalization. I n  radio modems Ivorking on 
high-frequency carriers, sometimes passband equaliza- 
tion either at IF or KF is more cost-efficient; for this 
reason, i t  is preferred to basehand equalization. 

Echo Cniicelers 

Echoes are the result of impedance mismatch in the 
corn m 11 n ica t i on c i rcu i t . h subs tan t ia 1 amount  of echo 
energy conies from the niisniatchingof impedance at the 
1iyl)rid couplers, which ;ire located at two-wire t o  four 
wire intcrfxcs in the telephone circuit. There is one 
coupler at each m d  of ;I two-wire line; consequently, 
each mer suffers from near and distant echoes created I]!, 
the coupler at  its side and the coupler at the other side of 
the telephone line. Shorter echoes are actually desirable 
and their existence keeps the telephone \,oice from 
sounding dead. Most of the echo cancellation in the 
telephone network is devoted to improving the quality 
for voice transmission. Therefore, cancelers are normally 
located near the two-wire to four wire interface, which 
docs not climinatc, the near echoes. 

For f 11 1 1 -tlu p lex two- w i re com m u n i c;i t ion modems , 
the near echoes are just ;IS damaging ;IS the distant 
echoes. For this reason, and also because echo cancelers 
arc not deployed throughout the telephone network, 
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echo cancelers have been proposed [ 11 11, [ 1121 to 
improve the performance of full-duplex tlvo-\\ w e  ’ net- 
works.  Full-duplex operation of twowire modems u p  to 
2,400 bits’s is feasible without echo cancellation; for 
higher data rates, 4,800 bits,’s arid 9,600 bits/s, satisfactory 
operation requires echo cancellation. 

Echo cancelers used in full-duplex moderns are 
adaptive transversal filters similar to those used for 
channel measurement, and their principles of operation 
atid mathematical structure are very similar to those of 
adaptive equalirers. Details of existing problems and an 
overiicw of echo-cancellation techniques are given in 
[ 1131-[ 1 IS]. 

Semiconductor Technology and 
Mod ern Design 

DUC to rapid improvements in the semiconductor 
technology, the past tlvo decades lvitncssed simultaneous 
reduction in the size and price of modems. Digital 
technology and LSI devices resu1ted in more cost- 
effecti\,e implementation lvith lower internal processing 
noise. Microprocessors f;icilit;itetl the design and opened 
the door for inclusion of ever-growing network control 
;i n d ma nagem en t f ea t ti res. And, f  i r i  a 1 1 y , the s 11 per i o r  
n~inil,er-crunching capahilitics of digital signal pro- 
cessors opened the way for loiv-cost implementation of 
so ph i s t i ra ted trel 1 is codi rig tech ri i q u es , which req u i re a 
I’iterbi decoder at the receiver. In the mid-I970s, custom 
MOS ’LSI implementation of 9,600-hits!’s modems \vas 
announced [117], [ I  181. I n  the late 1970s. micro- 
processor-based designs were of growing interest 
[ 1191-[ 1211; however, off-the-shelf microprocessors were 
not fast enough for implementation of a 9,600-hits s 
modem and special-purpose microprocessors turned out 
to be expensive [122]. Even design of 4,800-hits s 
niodems required a series of processing-cycle reduction 
tactics [ 1231. Hardware implementation of a typical 
9,600-bits’s modem in this period included a bit-slice 
processor, a fast multiplier (number cruncher), and an 
ordinary microprocessor for netwwrk control. 

Today, for low-speed modems, simple general-purpose 
microprocessors, such as the Intel 8085 or Motorola 6800, 
are used. For higher speeds, inclusion of other digital 
signal processor chips, such as the TI TMS320 or NEC 
7720 [124] or custoni VLSI chips [125], [126], are 
customary. Surveys of modem integrated circuits (ICs) 
and digital signal processingchips are available in [ 1271, 
[ 1281. 

Design of Pulse-Shaping Filters 
I n  hand-limited data communications, the time dura-  

tion of each symbol extends much beyond the symbol 
duration. T h e  distortion caused h y  the overlap of these 
pulses results in 1.51. Pulse-shaping filters are used to 
limit the bandwidth and, at the same time, minimize the 
ISI. Superior design o f  the pulse-shaping filter reduces 
the burden on the equalirer to cancel the ISI. In 1975, a 
careful design of the pulse-shaping filter allowed Intertel 
(now Infinet) to design the f i rs t  9,600-hitts modem 
operating on unconditioned lines. 
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Raised cosine pulses, a s  described b y  Nyquist [6], [SI, 
are the traditional zero-IS1 filters, and approximation to 
raised cosine pulses had been the conventional technique 
in designing these filters. In 1969, Spaulding [129] 
proposed ;I method t o  design a pulse-shaping filter- that 
minim ired the stop hand gain and IS1 si mu 1 taneousl y . 
LTsing this technique, one could design 21 hetter filter 
than b y  direct approximation of raised tosine pulses. 

L,atrr on ,  there were extetisi1.e in1,estigations of digital 
i m p1 e me 11 t  a t io 11 of p U 1 se - s h a pi n g f i 1 ter s. Fin i t c- i m pu 1 se 
response (FIR) filters are used for this pui-pose to pro\,ide 
more flexibility in sliaping the spectmm. Standai-d 
techniques such ;is the Remcz exchange algorithm o r  the 
windowing tt.chniqiie [ 1301 may be used fo i -  design. 
However, these techniques do not minimire the IS1 and 
stophand attenuation simultaneously; for example, ii 

designer needs to t ry  seiwal designs to find the optimum 
solution. Muller [ 1311 designed 21 digital linear phase 
FIK filter \vith special attention to 7ero-IS1 and minimum 
stophand attenriation. Chcvillat and I’nger1)occk [ 1321 
t l e v ~ l o p ~ d  a n  itrrati\,e technique using thc steepest 
clescent algorithm t o  design ;I pair of rero-IS1 matched 
filters n i t h  maximum spectral power in the passband. 
Others r ised linear programming 113.31, [ I S  11 anti ;I 
modified Kcnier exchange algorithm [ 1351 for the same 
pur pose. 

Design of Signal Constellation 
Other intei-esting rvork during this period i v a s  in the 

design of the opt imum signal constellation, by Foschini, 
f t  01. [ 1361, [ 1371. ‘They used an iterative steepest descent 
algorithm to design optimum signal constellations in 
the presence of additive noise and phase distortion. Their 
lvork confirmed the optimality of sei.eral signal con- 
stellations designed pre\,iously and introduced some 
interesting new constellations. 

Fourth Era: Ultrahigh-speed Modems 
In the late 1970sandearly 1980s, thequalit!.ofa~.erage 

telephone lines had been significantly improved by the 
telephone company, especially in regard to phase jitter. 
Paradyne was the first to recognize this situation and to 
introduce ;I 14.4-khit s modem. T h e  technique IZYIS quite 
simple: a 64-point QAM modulation (6 bits ’symbol) 
provided a IO-’  probahility of error at a signal-to-noise 
ratio (SNR) of 26.5 dB (Special D-conditiotied lines from 
the telephone company delivered a SNR of better than 28 
dR). State-of-the-art phase recovery techniques ivere used 
to reduce the small remaining phase jitter t o  i i  negligible 
le\,el, and digitally implemented equalizers Tverc able to 
equali7e the channel to near perfection. Se\wal other 
companies introduced I4.4-khit’s modems in rapid 
s uccess i 011 aft er t he the Pa rad y tie i n t rod U c t ion . 

T h e  performance of these moderns over the poor lines 
w i s  mai-giml. I n  ; i n  ;ittempt t o  improw performance, 
Paradyne m o \ ~ ~ l  thc corner points of the constellation to 
the middle of the sides. This  improved the Sh’R h y  about 
0.1 dB. Codex used a hexagonal constellation, lvith 0.6- 
dB improvement in Sh’R [.52]. T h e  causc) of the problem 
rvas investigated a t  Infinet, atid i t  \vas redi;lecl that i t  \vas 
clue to multiplicative noise created h y  PChf systems. 
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[ 1381. 'This led to the design of ; i n  expanded signal 
constellation [ 1391, which decreased the SNR for about 
0.4 d B  on additive noisechannels, h u t  i r n p r o i d  i t  ahout  
3 dB on multiplicative noise channels. Since most 
telephone lines today use PCM facilities, mu1 tiplicativc 
noise is the dominant source of the noise in  these 
channels. Consequently, the new constellation outpcr- 
forms the other structures on lines with significant PCbI 
noise. 

Coding  for  Performance Improuement  
In classical communication systems, error control is 

done by coding the input data hits and then modulating 
t he  coded signal. To keep the data rate unchanged, one 
should cornperisate for the bits used for error correction 
by increasing the transmission rate. I n  hand-limited 
c h ;i t i  n e 1 s such as \.oi ce- ba n d tel ep  h o ne c ti ;I n ne1 s , an 
increase in transmission rate requires ;in incre.ase in the 
number of points in the constellation, jvhich results in ;I 
higher transmission error rate. Lrntil recently, i t  \vas 
helieved that practical codes could not compensate for 
the loss caused by a n  increase of the number of points. 

In the early 1950s, several companies made unsucccss- 
fu l  attempts to incorporate classical coding techniques 
in the design of voice-band modems. in 1982, 21 different 
type of coding attracted inore serious attention. T h e  
motivation \vas the work of ITiigerhoeck [ 140] on 
cornbining modulation and coding, nrhich \vas originall!, 
started in 1976 [ 1411. In the current literature, his coding 
tcc~hnique is referred to a s  an example of Trellis-Coded 
Modulation (TCM).  Various \wsions of TCM can 
improve performance of ;I modern b y  3 to 6 dB. A \.ariatit 
of ITngerboeck's eight-state trellis code, with ;I noniinal 
gain of 4 dB, has been the most \vitlely used t o  date. 

In 1982, ;I working group \+';IS formed to establish ne iv  
CCITI- standards for :I family o f  full-duplex tivo-wire 
modems operating at data rates L I ~  to 9,600 bits s in each 
direction on the public switched telephone network. 
Several new features were considered by this group, 
including the use of rhannel coding, which was felt 
necessary for an  adequate performance margin. Much of 
the group's effort therefore Wetit into developing a 
standard coding for modems. This  was the first time in 
the history of voice-hand modem standards that a 
C C I T T  standard was developed prior to appearance of 
products in the market. In the past, all C C I T T  
recommendations for voice-hand data modems had been 
developed based on proven records of successful modems. 

In Janua ry  1983, the group decided to consider 
coni hi tied coding and modulation. During 1983, one and 
tlvo-dimensional TCN with four- and eight states u ' a s  
examined for various QAM signal constellations. Also,  
block codes based on lattice sphere packings [ 1.121 ivere 
cons i dercd, i n c 1 ud i  ng  a t i  ei g h t  - d i in e ti si o ria 1 code s I I g - 
gested b y  Lang [ 1431. I n  theend, mi eight-state7'C;M tocle 
with imniunit) t o  90-degrees phase xnbiguitics, invented 
by  it'ci and introduced b y  AT&T [ 1441, wiis accepted ;IS in 
recommendation \'.32 for two-\vir? 9,600 bits s, ;IS ~ v e l l  
a s  in recommendation \'.33 for four-wire l 4 A  khits s. 
AT&'I' provided extcnsi\,e laboratory results to siipport 
the standard, which helped to con\,ince m o s t  o f  the  
dclcgates to support the use of trellis coding f o r  \vice.- 

band &it:i transmission. \\'itti the 4-dB cotling gain 
obtained lvith eight-stateTChl,  ;I reliable I4.-l-khits!sor 
e \ m  16.8-khits s motleiti can be designcd. 

During the period that the group w a s  working on the 
stanttartis, ;I new gcneration o f  T C M  modems was under 
tlevelopiiicnt in various companies for  rrliahle 14.4 
khits s (o r  possil)l>, 16.8 khits s )  modmis.  Taking 
account of the I-clB gain f r o m  eight-state TCM, a 16.8- 
kbits s modern seems t o  perform slightly better than 
uncodcd I.l.-I-khits s modems. Hoive\w, i t  should be 
tnentioned that for  16.8 khits s ,  7 bit 
(Iat:i and one additional bit for cotling arc required. This  
requit-es 256 points in the sigrial constellation, ;is 
(ompared ivith f i - l  points foi. 6 I-QXM uncotlcd 14:l 
khits s. Sincc the hai-rnful effects of PCM comp;incloi-s 
[ 1381 inci.exsc ivith the increase in density of points in the 
constellation, one might be concerned about :I marginal 
perfot-rnancc for  such ;I 16.8-khits s motlem. C:odrx 
;innouncecl the first 16.8-kbits s modem in 1984. 

19.2-Kbit I s  M o d e m s  
Disregarding the effects of PCXI systems, another 3 dB 

is  needed t o  opei-ate ; i t  19.2 kbits s. The ie  ha\.e been t l vo  
approaches to this goal. One uses the idea of orthogonal 
multiplexed QAhI [ 1 1.5]-[ 1 171 and has  l,een xloptetl I)!, 
N E C  [ 1451; the  second uses tnultitlimensioti~il T(:M 

In orthogoniil (2Xh1, the idea is to ti.ansmit se~.cr:il 
orthogonal subc hannela o\ ('1 the 3-kH/ hncln.itlth of the 

the auiplitiitlc ancl tlrlir) distortion of each subc1i:innel 
remain rclati\.cBl) lineat-, resulting in sinall dispersion. As 
tnentioncd earlier, thc first rnultic;irrirr system ~ v a 5  
dc\~elopcd by (:ollins Kincples [52], [ 5 3 ]  around 1960. A I  
that tinic, the idea n ' a s  cx:iminetl b y  Holsinger [55], and 
i t  uxi rcaliml to be impi-xtical  for i m ~ ~ l e t n ~ n t ~ ~ t i o t i  due 
to time atid phase i-eco\wy problems. In 1967, the idea 
M';IS reex;irninctl I)!.Sal~l)erg[ 1311 and, in 1971, \Veinstein 
x i c l  Ehei t [ 1521 g:i\.c ; i n  iriiplemcrit~ition based on the m e  
of disci-ete Fourier t r ; i~ is fo i~ i i s .  In 1981, the digital 
impletiietitatioii i v a s  fur-thcr in\~c~stigated by Hirosaki 
[ 1461, and, finally, in 1985, NE<: introdiiced ;I 19.2-kbit~s 
modern hased on orthogonal Q A M  modulation [ 1451. 
T h i s  triotiein employs sophisticated timing and phase 
recover). techniques and uses pilot tones for deri\.ing 
sytichronir~itioii signals. 

Rece t i  t  1 y , t  tic idea o f  in U 1 t  idi mensi o ti:i 1 coding has 
been discussed in sc\~ei.;rl publicatio~is [.',2], [ I,l8]-[ 1501, 
[ 1.33]-[ 1551. Thedesign of signal constell~itiotisas ~vel l i is  
techniques f o r  ;idapti\.c cqualir;ition iind phase reco\w-y 
for tniilticlinienion~rl signals are discussed h y  Gcrsho 
;I t i  d 1.a \v rcti ( c [ 1 5 31. I t i  in t i  1 t  itli nic t i  s iona I coin in i i  t i  ica- 
tions, wiioiis pairs of c-oor-dinatrs of ;I point in the 
i n  U I t idi nic t i  sional ('on s tel la  t ion are t ra tis in i t  t ed i t i  se- 
quential time slots :is in ordinal-y QAbl. 

I n  t~vo-tlitiictisioti~il -rc:nl, one redutitl;int bit is added 
for eirch QAXl ~ y n i l ) o l ,  resulting in ;I constellation of 
tivice the o i  iginal sile. ?'he c o s t  of tloubling the 
constcllatioii, \vhich must be offset b y  tht, coding gain. is 
a 3-dB loss in signal-to-noise ratio. In ~ i i i i l t i t l i t r ic t i s io t~~~l  
c.oding, one redunclant h i t  is adcled every 2iN ditnciisions, 
iv1iic.h c ~ o r i ~ ~ p o t i d s  to A' QAM s\.nibols.  Therefore, the 

[ 1,18]-[ l.50] and h ~ l s  I)een ;ldopte'l b y  (:odes. 

telephone ch~rnllel. For ;I I:Irgc numl~el- of su f~ch~ lnne l s ,  
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number of redundant bits per Q A M  symbol is reduced, 
resulting in a smaller Q A M  constellation size; con- 
sequently, a smaller penalty due to constellation expan- 
sion in the coded system. For example, the 3-dB penalty 
for a tlvo-dimensional constellation is reduced t o  1.3 o r  
0.75dB [I49]ifa fourorcight-tlirnensional constellation 
is used. In comparison u. i t h t wo-di nien siona 1 TCM 
s)’stems, the nuinher of points in the constellation are 
retlriccd, rcAsulting in better prrfoi mince over chanric~ls 
lvith PCM noise. An eight-dimensiori~il M-state trellis 
codr ivith ;I gain of 5 .  1 dB h a s  been adopted h y  Codex for  
their 19.2-kl)it s motlern. Th i s  modem uses 7 bits per 
sy ni Iml in 2,743- H L  nominal Ixi ndw ir l t  11. 

Summary and Conclusions 
Inter.cst in prohleins wxiciated tvi th \aic.e-t):intl data 

comriiunic~rtions has existed for about 70 years. A 
significant amount of theoretical work and scientific 
investigations and a large amount of capital h a w  tmm 
in\wtetl  b y  businesses in this area in the last 25 years. T h e  
i n  ax i m U in (la t a r a  t  c s LI p por t ;I hl e 1) y the t el e phone 
channel n*as  once predicted b y  Holsinger [ 1561 to be 
bounded a t  23.3 khits s, and state-of-the-art modems arc 
now running at  19.2 kbits s. Further improvements in 
data rate seem unlikely, unless the condition of the 
telephone lines i 5  improved (except possihly h y  using up 
to :?-kHz nominal l x i n d ~ ~ i d t h ) .  Hoivever, the inarket 
tlernand for higher 1-ates never seems to end, and demand 
is likely t o  expand in \,icw of the ivorld\vide dem;ind f o i -  

data processing and the extensii.r ini~esttncnts in ;inalog 
sn.itched telephone riet\vorks. In tcrins of research, the 
effects o f  nonlincirrities in the telephone network o n  the 
perfot mance of tnotlems, m~iltitlimrnsioti~il ( odcs for 
band-l inii ted channels, ;I rid mu1 t icarrici- conimun ica- 
tions are cur-rentl! under inixstigation. On the develop- 
inerit side, further applications of I’LSI circuits are t o  he 
expected. I n  the standards arena,  it is exprc-ted that 
CCIT?‘ ivork \vi11 continue on ultra high-sperd modems. 
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