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odern digital transmission systems commonly use 
an adaptive equalizer as a key part of the receiver. 
The design of this equalizer is important since it 

determines the maximum quality attainable from the system, 
and represents a high fraction of the computation used to 
implement the demodulator. 

Recent analytical results offer a new way of looking at 
fractionally spaced equalizers and have some surprising 
practical implications. This article describes the data com- 
munications problem, the rationale for introducing frac- 
tionally spaced equalizers, the new results, and their 
implications. We then apply those results to actual trans- 
mission channels. 

Overview 

“The revolution in data communication technology can be 
dated from the invention of automatic and adaptive channel 
equalization in the late 1960s” [6] (sidebar A). Indeed, so- 
phisticated communications systems such as quadrature am- 
plitude modulation (QAM) were developed to increase the 
bits-per-Hertz ratio for transmission. First introduced for 
voiceband modems [21], the technology was then applied to 
microwave radio relay systems [5]. Its success in those appli- 
cations has led to great interest in its use for other communi- 
cation situations, where economic or regulatory 
considerations limit the available transmission bandwidth. 
An important example of such an application is the wireless 
and cable distribution of digital television [14]. 

Central to the successful employment of QAM transmis- 

MAY 1996 IEEE SIGNAL PROCESSING MAGAZINE 65 
1053-5888/96/$5.00@19961EEE 

Authorized licensed use limited to: Inbar Fijalkow. Downloaded on July 23,2010 at 09:01:54 UTC from IEEE Xplore.  Restrictions apply. 



consume most of the receiver’s comlputational resources, has 
made it the focus of much analytical and practical attention. 

Making the equalizer more complex and computationally 
expensive tends to improve the demodulator’s performance. 
What is the optimum tradeoff betwelen the conflicting objec- 
tives of cost and performance? How long should the equalizer 
be? Surprisingly, there are no clear ‘cut answers, and impor- 
tant practical issues still remain incompletely resolved. 

The intent of this article is to educate the newcomer about 
a digital signal processing problem in data communications, 
and to remind the seasoned researcher tht important practical 
issues still remain incompletely resolved. With the new 
reader in mind, we present this article with a minimum of 
mathematics. Those wanting to learri more about this mathe- 
matically rich field are encouraged to consult any of a number 
of excellent texts, including [2, 6, lti]. 

Role of Adaptive Equalization in Digital 
Signal Transmission 

Modern Data Transmission Systems 

Figure 1 shows the block diagram of a digital communica- 
tions system. The input data is applied to the modulator and 
transmitter, which convert the data stream into a bandlimited 
analog waveform, and frequency-translate it into the fre- 
quency band appropriate for transimission. As the signal 
propagates to the receiver it is delayed, attenuated, and some- 
times distorted in a frequency-dependent manner. These ef- 
fects are modeled in the block diagram as the propagation 
channel. The receiver accepts the channel output, plus noise 
and interference inadvertently preseint at the receiver input, 
and attempts to recover the input dat,a sequence. 

1. Simple model of a communications system. 

Modern bandwidth-efficient transmission of digital data 
is based on the concept of sending bandlimited pulses 121. 
The input data is generally partitioned into sets of N bits. 
These bits are then used to determine the phase, frequency or 
peak amplitude of the possibly complex-valued pulse that is 
transmitted. The pulse shape itself is chosen to ensure a 
bandlimited signal spectrum. The receiver is designed to 
determine the amplitude, phase, and/or frequency of each 
incoming pulse, determine which of the 2N possibilities has 
been sent, and then report out the cormponding N bits. If the 
pulses are transmitted at the symbol or baud rate  off^ 
symbols per second, then the transmisssion system can carry 
N .f~ bits per second. The pulse shape is specifically designed 
to permit pulses to be sent as rapidly as possible and still be 

separately distinquished at the receiver. This is usually done 
by designing the pulse’s zero crossings to be spaced at exactly 
the intended symbol interval T = l/fs. Such a pulse and its 
power spectrum are shown in Fig. 2. If this zero-crossing 
property survives the process of transmission and reception, 
then the amplitude, frequency, and/or phase of each pulse can 
be measured without interference from the adjacent pulses, 
even though they overlap in time. 

Early data transmission systems used binary frequency 
shijl keying (FSK), that is, N = 1, and only two types of pulses 
were transmitted. The pulse conveying the binary digit 0 was 
transmitted with a center frequency of fm, while the pulse 
conveying the binary digit 1 was transmitted with a center 
frequency of f s .  In order to determine whether a one or zero 
has been transmitted, the receiver needed only determine 
whether the received pulse’s center frequency was closer to 
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fs orfm. While FSK is still used in some stressful environ- 
ments or when equipment cost is an overwhelmingly impor- 
tant issue, it has been largely superseded by more advanced 
techniques in applications which must maximize the data 
transmission rate through a limited channel bandwidth. 

Phase shift keying (PSK) was the next step in the evolution 
of radio transmission systems. A PSK modulator groups the 
input data into sets of N bits and then transmits a pulse with 
one of 2N possible phase values. The receiver must distin- 
guish which of these phase values has been received, and then 
report out the set of N bits corresponding to that phase value. 
Alternatively, transmission systems operating on twisted pair 
and coaxial cable sometimes used pulse amplitude modula- 
tion (PAM), where pulses with 2N possible amplitudes were 
used to send sets of N bits. For example, the ANSI standard 
for the ISDN basic rate inteifuce (BRI) uses four-level pulses 
(i.e., N = 2) to transmit 160 kb/s at a pulse rate of 80 kHz over 
a twisted pair telephone subscriber loop. 

Most modern bandwidth-efficient transmission systems 
use QAM, which was originally labeled APSK to indicate 
both amplitude and phase shift keying (sidebar B). All com- 
plex-valued pulses are transmitted with the same shape, and 
hence bandwidth, but both the peak amplitude and the phase 
angle of the pulse are varied by the modulator. Sets of N input 
bits are used to select one of 2N pulse amplitude and phase 
combinations. An example of how these amplitude and phase 
combinations can be chosen is seen in Fig 6a. In this case, the 
transmitted pulse can have any of 64 possible values, allow- 
ing the transmission system to carry 6 bits “on” each pulse. 
The receiver, as before, must distinguish which one was sent. 
In general terms, a QAM transmission system can carry twice 
the data per Hertz of channel bandwidth as can a PSK or PAM 
signal. As a result, it is currently the modulation of choice for 
high capacity digital microwave radio [ 5 ] ,  high speed voice- 
band modems [2] ,  advanced cable television systems [14, 
231, and is recommended for other advanced services [7 ] .  

The general form of the demodulator for these pulse-based 
transmission systems is shown in Fig. 3. First, the radio 
carrier frequency term is estimated and removed. Second, the 
peak of the pulse is located and the complex waveform 
sampled (or “time sliced”) at that point. The com lex sam- 
pled value is then measured and compared with 2 reference 
values. If PSK is being used, then the angle is measured. If 
PAM, then the amplitude. If QAM, then both are measured. 
This measured value is then compared with the standards 

2 

P 

. Demodulating a pulse-based data transmission signal in the ab 
sence of channel disperson. 

4. Multipath transmission caused by reflections from terrain fea- 
tures and manmade objects. 

using a “nearest neighbor” rule to determine the most likely 
transmitted pulse. With the decision made, the N bits associ- 
ated with that closest reference value are reported out. This 
nearest-neighbor strategy is often designated as “hard deci- 
sion demodulation.” 

The Effect of the Propagation Channel on 
Pulse-based Transmission 

The demodulator shown in Fig. 3 is based on the assumption 
that the transmitted pulses are received with little degrada- 
tion. This means that the additive noise and interference must 
be small enough to avoid modifying the pulse measurements 
very much and that the pulses themselves are received with- 
out significant distortion. This last assumption is rarely true. 
Consider, for example, the situation shown in Fig. 4. A digital 
television signal is broadcast from an omnidirectional an- 
tenna. The receiving antenna is somewhat directional, but not 
enough to suppress the reception of versions of the transmit- 
ted signal which have been reflected from various natural 
terrain features and manmade objects. The demodulator is 
then confronted with the additive combination of these de- 
layed and attenuated versions of the transmitted signal. 

This description supports the standard modeling of the 
propagation path from the transmitting antenna to the re- 
ceiver’s terminal as a linear filter acting on the modulator’s 
output. (We do not address here the nonlinear effects some- 
times introduced by a transmitter or transmission system.) 
This transmission is further impacted by other linear band- 
pass filtering applied at the transmitter and receiver. For the 
purposes of the transmission system model shown in Fig. 1, 
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all of these filtering steps are combined in the propagation 
channel block. 

Filtering a pulse tends to disperse it in time. The amount 
of dispersion depends on the characteristics of the filter. If 
the channel’s filtering action affects the amplitude or phase 
of the “time sliced” measurements sufficiently, then the 
demodulator will report out erroneous decisions. This can be 
seen by examining Fig. 5.  The pulse seen on the left is 
convolved with the impulse responses of two multipath 
propagation channels, one mild and another more severe. The 
distorted signals are seen in the middle and right of the figure. 

In the case of a relatively mild channel, the distortion 
destroys the pulse’s carefully constructed zero-crossing be- 
havior but does not change the properties of the peak very 
much. In the case of a severe channel, shown on the right, the 
pulse is distorted badly enough to modify the proper slicing 
time and to change the measurement enough to cause a 
decision error. Destruction of the pulse’s T-spaced zero cross- 
ings causes the received pulse to interfere with the measure- 
ments made on the adjacent pulses at their appropriate slicing 
times. This type of degradation is called intersymbol intefer- 
ence (ISI). 

. . . . . . . . -Au-, 

/ 
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,-U w 

(a) Transmitted Pulse 

5. Effect of a progagation channel’s filtering on a transmitted 
pulse. 

The effect of dispersion on a QAM signal is often assessed 
by looking at the received signal’s constellation. This is an 
overlay of many received symbol measurements. In the ab- 
sence of noise, interference, and dispersion, and with perfect 
estimation of the signal’s amplitude, carrier, and timing, the 
received measurements from a 64-QAM signal should look 
as they do in Fig. 6a. The presence of dispersion alone is 
sufficient to produce the degradation seen in Fig. 6b. In the 
absence of additive noise and receiver imperfections, the 
displacement between an actual received constellation point 
and the transmitted point shown in Fig. 6a is a combination 
of the channel dispersion’s effect on the particular pulse 
being considered and the IS1 induced by the channel on the 
adjacent pulses. Some of the received symbols are displaced 
so much that the nearest neighbor decision rule makes errors. 

The multipath broadcast situation described above is cer- 
tainly not the only case in which the dispersive effect of the 
transmission medium can impact the ability of the demodu- 
lator to operate properly, Table 1 lists a number of different 
digital transmission systems and a (partial) list of the sources 
of dispersion for each of them. 

Characterization of Propagation Channels 

Motivated by his study of troposcatter radio systems, Bello 
[ 11 introduced the concept of modeling apropagation channel 
as a tapped delay line filter of the type shown in Fig. 7. Bello 
showed that virtually any practical propagation channel 
could be accurately modeled with the proper choice of the tap 
spacings and the weighting coefficients. While not necessi- 
tated by Bello’s analysis, choosing the tap spacing to be less 
than the inverse bandwidth of the transmitted signal (i.e., 
satisfying the Nyquist sampling rate) is sufficient to satisfy 
the requirements for accurate modeling. As a result, it is 
common to model a propagation channel as a finite impulse 
response (FIR) filter, with taps chosen at the signal’s sam- 
pling interval and complex-valued coefficients chosen to 
accurately model the channel’s pulse response. 
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6. Impact of a simple linear channel on (z 64-QAM signal. 

Bello introduced two more concepts which we will use 
here, the ideas of delay spread and Doppler spread. These 
are macroscopic characteristics of the channel, and ones that 
are relatively easy to measure. The dlelay spread of a channel 
is the temporal support of an FIR cbannel, and measures the 
amount by which a transmitted pulse is elongated by passing 
through the channel. The Doppler spread is a first-order 
measure of the time variation of the channel and measures 
the amount that the channel widens the spectrum of the 
transmitted signal. The delay spread can be viewed as the 
duration of the channel’s response to an input consisting of a 
single Dirac delta function, while the Doppler spread can be 
viewed as the width of the channel’s output spectrum in 
response to a sinusoidal input (i.e., a Dirac delta in the 
frequency domain). We will discus the use of the delay 
spread of a channel to help determine the length of the 
equalizer needed to compensate for the channel’s dispersion 
(see sidebar C) and the use of the Doppler spread to indicate 
how rapidly the equalizer must be aLble to readjust itself to 
track the channel’s time variation (see sidebar D). 

Introducing a Channel Equalizer 

Since the channel’s deleterious effects on the transmitted 
pulses are modeled by linear filtering, it is natural to consider 
the use of another linear filter at the receiver which is de- 
signed for the express purpose of compensating or equalizing 
the channel’s behavior. (The need for an equalizer can also 
be developed in a much more analytically detailed manner, 

TRANSMllTED 
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I 
7. Bello’s canonical tapped delay line for  a linear propagation 
channel. 

e.g., [2]. If the filtering characteristics of the channel are 
known and time-invariant, then the equalizing filter need be 
designed only once. To the extent that the channel’s charac- 
teristics are unknown at the beginning of a transmission 
session or may change during the session, the equalizer must 
be equipped with the control logic to initially learn its proper 
configuration and, if necessary, to track the realtime changes 
in the channel. Since at least one of these conditions is true 
in virtually all practical applications, adaptive equalizers are 
used in nearly all modern data transmission systems. These 
digitally implemented equalizers use adaptive algorithms to 
acquire the equalizer’s filter for a new signal, and then track 
it as needed. 

Two basic equalizer structures are employed in practice. 
The f h t ,  shown in Fig. 8a, is termed a linear equalizer, and 
lies in cascade between the propagation channel and the pulse 
measurement block. It is termed linear since its output is a 
linear combination of the received signal and its delayed 
versions. The term also distinguishes the cascade structure 
from the decision feedback equalizer (DFE), shown in Fig. 
8b, which is a nonlinear processor since the input to the pulse 
measurement block consists of both the filtered input signal 
and a filtered version of the nonlinear decision circuit’s 
output. 

Many practical factors must be considered by the demodu- 
lator designer in choosing the type of equalizer to be em- 
ployed to solve a particular communications problem. A 
noninclusive list of these appears in Table 2, and [2] elabo- 
rates on the matter. Even though both types are used, we focus 
in this article on linearhascade equalizers since they are the 
most commonly used in high speed transmission applica- 
tions. These applications often require hardware pipelining 

Table 1: Dispersive Agents in Various Communications Systems 

I Transmission System 1 causes of Dispersion 

Transmitter filtering; coaxial cable dispersion; cable amplifiers; reflections from 
impedance mismatches; bandpass filters Cable TV 

Microwave radio Transmitter filtering; reflections from impedance mismatches; multipath propagation; 
scattering; input bandpass filtering 

D/A irnage suppression; channel filtering; twisted pair transmission line; multiplexing and Voiceband modems filters; hybrids; anti-alias lowpass filters 

Transrnitter filtering; atmospheric dispersion; scattering at the interface between the 
troposphere and stratosphere; receiver bandpass filtering; input amplifiers Tropscatter radio 
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~ _ _  ~ ~ ~ ~- ~ - ~ ~ ~ ~ _ _  - I -- 
Table 2: I’racticai Considerations in Applying Linear and Decision Feedback Fquali~ers 

1 Linear 1 DFE 

1 Autoregressive (AR) channel 1 Moving-average (MA) channel ~ 

1 Good for pipelined high speed design 1 Feedback a problem for very high speed systems I 
I Tolerant of decision errors I Intolerant of decision errors I 

Tolerant of channels changing from minimum to 
maximum phase Intolerant of certain types of channel time-variation 

I Sensitive to additive receiver noise 1 Insensitive to additive receiver noise I 
in the demodulator, in turn making the cascade architecture 
of the linear equalizer much more desirable. 

Classical Design of a Data Signal Demodulator 

General Considerations 

Many different approaches have been used to design a de- 
modulator for digital signals. An indication of the choices 
available in this design process are shown in Fig. 9. In 
general, the demodulator must (1) bartdpass filter the incom- 
ing signal, (2) adjust the average input signal amplitude, (3) 
estimate and remove any carrier component, (4) equalize the 
channel’s dispersive effects, (5) “time: slice” the input signal 

to obtain pulse amplitude and phase measurements, (6) de- 
cide which pulse amplitude and phase pair was actually 
transmitted, and (7) convert that decision into the associated 
bit pattern. Some demodulators also incorporate forward 
error correction as well. 

While these functions are all needed, there are many ways 
in which each function can be implemented and many ways 
in which the functions can be combined. Some demodulators 
remove the carrier at the front end, while others perform the 
function with a digital phase locked loop in the decision 
circuit. Yet others do it in two steps, removing most of the 
carrier at the front end and any residual at the back end. 
Similarly, some demodulators are implemented in analog 
hardware, some in mostly digital hardware, and some use a 
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mixed implementation. The actual design employed for an 
application will depend on the performance required as well 
as a raft of practical issues such as power consumption, cost, 
physical size, parts availability, and so forth (see sidebar A). 

The Adaptive Equalizer 

The adaptive equalizer’s design takes on special importance 
for three reasons: (1)  its performance is crucial to the goal of 
maximizing the transmission rate through the dispersive 
channel, (2) it is the most complicated of all the demodula- 
tor’s components, and (3) it performs a large fraction of the 
computation needed to implement the complete demodulator. 
Amplifying on this last point, it is not unusual for the adaptive 
equalizer in a voiceband modem to consume more than 80 
percent of the multiply/add cycles needed to demodulate and 
decode a 256-QAM trellis-coded signal. Thus, it is important 
to limit the length of the equalizer to that required to handle 
adequately the range of propagation channels expected. 

In the context of minimizing and simplying computation 
needs, early demodulators used so-called T-spaced equaliz- 
ers [2]. After filtering, gain control, and carrier removal, the 
input signal was sampled once per symbol (pulse), i.e., every 
T seconds. The timing of this sampling clock was adjusted so 
that the samples were taken at the “top dead center” of the 
received pulses. These samples then entered the equalizer’s 
tapped delay line filter. A linear combination of them was fed 
on to the measurement and comparison stages. Error meas- 
urements made in the decision circuit were fed back to the 
equalizer’s adaptation algorithm to optimize the choice of 
filter weighting coefficients. 

While theoretically reasonable (i.e., “one sample per 
pulse”) and computationally desirable, practical design of 
high speed modems has gravitated away from T-spaced 
equalizers and toward the use of fractionally-spaced equal- 
izers (FSE), so called because the equalizer taps are closer 
together in time than the symbol interval, T. Equivalently, 
and perhaps more intuitively, this means that the input to the 
equalizer is sampled faster than the symbol ratef’. The output 
rate is still at the symbol rate, making the FSE a decimating 
or even resampling filter. If the temporal spreads of the 
T-spaced and fractionally-spaced equalizers are held to the 
same value, then the FSE obviously consumes more compu- 
tation than a T-spaced design. 

Why then use the FSE? The traditional answer is that, even 
though it requires more computation, it simplifies the rest of 
the demodulator’s design and allows it to work at virtually 
ideal levels. The principal reason for this is that even though 
the pulses arrive at ratef’, the actual bandwidth of the signal 
is somewhat larger, typically 10 to 40 percent higher. As a 
result, sampling the input at the rate off’ Hz is not enough to 
satisfy the Nyquist theorem. While this consideration is not 
important if all parameters of the signal are known, the fact 
that the received signal must be processed to extract timing 
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and carrier information means that sampling at f~ is not fast 
enough. There are also some curious signal cancellation and 
self-interference effects that arise when the signal compo- 
nents alias into a band of onlyfB Hertz [2]. 

The actual input rate to the FSE is usually governed by a 
variety of hardware considerations. The rate must be high 
enough to satisfy the sampling theorem, but lowering the rate 
reduces the computational requirements. The most common 
choice is to sample the input signal at exactly twice the 
symbol rate, i.e., 2 f ~ ,  making the filter tap spacing equal to 
T/2, half of the symbol spacing. The resulting equalizer thus 
decimates its input by a factor of 2, producing one output for 
every two input samples. It is not uncommon to operate at a 
fractional rate, either. The demodulator chip described in 
sidebar A, for example, uses a design in which a digital timing 
recovery circuit and resampler supplies complex-valued 
samples into the equalizer at a rate less than twice the symbol 
rate. 

How Long Must the Equalizer Be? 

The need for fractional spacing in a practical high perform- 
ance design only exaggerates the computational impact of the 
equalizer on the entire demodulator. This brings into high 
profile the question of how long must the equalizer’s filter be 
to satisfactorily compensate for the channel’s dispersion. In 
fact, no clear cut answers are available. It depends on the type 
of channel to be equalized and the sample rate relative to the 
transmitted signal bandwidth, but little more can be said in 
general. 

Two approaches to equalizer length selection have be- 
come common in practice. The first is to simply build a 
prototype and test against a variety of actual channels. The 
equalizer lengths for modern voiceband modems were deter- 
mined in this way, for example. The second method is to use 
some rules-of-thumb that seem intui- 
tively reasonable. Sidebar B de- 
scribes a commonly used one suited 
to symbol-spaced equalizers. These 
rules make the presumption that the 
equalizer’s convergent (or asymp- 
totic) pulse response will approxi- 
mate the inverse of the channel. If the 
channel is well modeled with a finite 
pulse response of length Lc, the equal- 
izer (or “inverse channel”) length, Le, 
will often need to be several times 
longer than the delay spread of the 
channel, perhaps three to five times 
Lc. Theoretically at least, this is not 
true for fractionally spaced equaliz- 
ers. Proving this length constraint as 
useful in practice would allow equal- 
izers to be made shorter and the asso- 
ciated computation to be substantially 
reduced. 

Multichannel View of the Fractionally Spaced 
Equalizer 

In this section we will show how fractional spacing changes 
our view of the equalization problem, and specifically how 
long the equalizer must be. While our presentation is compact 
by necessity, we recommend the authoritative tutorial on 
blind equalization by Duhamel [4], which includes over 140 
references. 

Conversion to a Multichannel Model 

Figure 10a shows a simple version of the communcations 
model seen in Fig. 1 for the special case of a PSK, PAM, or 
QAM signal with no additive noise, and a T/L-spaced equal- 
izer. The dispersive effects of the transmitter’s pulse shaping 
and output filtering, channel propagation, and receiver input 
filtering are modeled by a single continuous-time filter, C. 
The channel is driven by a train of Dirac delta functions, 
which are spaced T seconds apart and weighted by the am- 
plitude and phase of the symbols to be transmitted. The 
continuous-time output of this impulse-driven aggregate 
channel is sampled at a rate of L/T Hz and applied to a 
fractionally spaced equalizer with complex-valued pulse re- 
sponse,$ The output of the equalizer, j ( l ) ,  is decimated by 
a factor of L to produce an output, y(k) ,  every T seconds. 

This partially continuous model can be accurately re- 
placed by the fully discrete-time model shown in Fig. lob. 
The PSK, PAM, or QAM symbol values, u(k), are impressed 
on unit pulses, each pair of which are separated by L-1 zero 
values. This zero-filled stream, U ( 4 ,  is applied to a discrete- 
time filter, c, which models the propagation and filtering 
effects represented by the continuous filter, C. We assume c 
to be an FIR filter of order L(Lc - 1). This filter’s output is 
r( t ), the fractionally-spaced input to the equalizer. As in Fig. 

MAY 1996 IEEE SIGNAL PROCESSING MAGAZINE 75 

Authorized licensed use limited to: Inbar Fijalkow. Downloaded on July 23,2010 at 09:01:54 UTC from IEEE Xplore.  Restrictions apply. 



12.  Two channel view of a T/2 fractionally spaced equalizer. 

loa, the equalizer’s full rate output ?(!)is decimated by L to 
produce y(k).  We assume the equalizer transfer function, f, to 
have order L(Le - 1). 

Owing to the zero padding of the input, U@), and the 
decimation at the output, many terms of the compound con- 
volution, U * c * f , effectively drop out, allowing the filter 
cascade in Fig. 10b to be accurately redrawn as the multichan- 
nel, single-rate (i.e., UT) structure seen in Fig. 1Oc. The 
fractionally-sampled discrete-time channel, c, breaks into L 
subchannels, each consisting of an F[R filter of order Lc. The 
coefficients of each are a decimated version of the pulse 
response of c. For example, the coefficients of the first 
subchannel are C(O), C ( D ,  C(2T), ..., C((L,l)T) or CO, CL, 
C ~ L ,  ..., c(L,-I)L, in Figure 1Oc. The coefficients of the second 
subchannel arise from a similar slice of C delayed by T/L as 
C(T/L), C(T+T/L), C(2T+T/L), ..., C((L,l)T+TL), which be- 
come ci, CL+I, c2~+1, ..., in Fig. 1Oc. Similarly, the 
equalizer f also decomposes into L subchannels, each one 
built from decimated versions of the equalizer’s pulse re- 
sponse. 

A very common choice of L in practical adaptive equaliz- 
ers is two, that is, the receiver’s sampler runs at twice the 
symbol rate, i.e., 2f, ,  resulting in equalizer taps spaced TI2 
seconds apart. From the previous discussion, we now know 
that this equalizer can be drawn as two subchannels, as shown 
in Fig. 1 1 .  Given a channel c, our equalization objective is to 
choose the decomposed equalizer subchannel impulse re- 
sponses feven and fodd so that y(k)  approximates u(k - v) as 
closely as possible, where v is a positive integer, labeled the 
achieved delay. 

- 

Zero-Forcing Conditions for FSEs 

Under what conditions can feven andf,,dd be chosen SO that the 
propagation channel and other linear filtering embodied in c 
can be perfectly equalized? We can write the desired result 
as: 

We will call this the zero-forcing equalization, since the sum 
of the two convolutions are forced to zero for all delays except 
v. This is in stark contrast to the capabilities of a band-spaced 
equalizer, for which zero-forcing cannot be achieved with a 
finite-length equalizer. 

A wealth of analytical theory has been developed to solve 
equations of this type [3, 111. Drawing from this, and the 
interpretations of it done by [15, 17, 181, we arrive at two 
conditions for solution: 

1. Ce,en(z-*)and must not have any common 

2. the decimated equalizer order Le must at least equal the 
roots, and 

decimated channel order Lc - 1. 

We will term these the zero-forcing conditions for the chan- 
neyequalizer pair. 

Thus, a channel is perf‘ectly equalizable if (1) the two 
“subchannels” have no common roots, and (2) Le Z Lc - 1. 
This implies that if the delay spread of a channel can be 
measured or modeled to be less than some bound, then the 
fractionally-spaced equalizer need be no longer. As de- 
scribed in sidebar B, the usual engineering rule of thumb 
would make the equalizer several times longer. Since the 
equalizer is typically the most computationally expensive 
part of a demodulator, this result has immediate practical 
implications. As noted, however, it runs contrary to current 
engineering intuition and some historical experience. We 
attempt to resolve the issue in the next section by examining 
some real channels and measuring an FSE’s performance in 
equalizing them. 
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PAM, or QAM signals. 

QAM, 22.5 MBaud digital microwave radio; (b) power transfer 
function of the estimated propagation channel. 

Testing Physical Microwave Radio Channels 

We will test the theoretical results summarized in the 
previous section in three steps: 

First, we will use physically measured data sets from 
operating transmission systems to estimate (T/2)-spaced 
models for several propagation channels. They will be 

qualified for the next step by veri- 
fying that none has common sub- 
channel roots. 
Second, we will evaluate the 

FSE’s performance against the 
channel models as a function of 
equalizer length and selected de- 
lay. 
Third, we will compare the FSE 
lengths needed to obtain the de- 
sired level of performance with 
various indicators for selecting 
the channel/equalizer order. 

Estimating the Propagation 
Channel 

In practical circumstances, the 
propagation characteristics of the channel between a trans- 
mitter and receiver are not known a priori. Further, a one- 
time calibration of a channel’s characteristics is not useful, 
since channels are known to vary with time owing to influ- 
ences from environmental and manmade factors. To deal 
with this time variation, it is useful to have “blind” channel 
modeling techniques that do not rely on a training or pilot 
signal. The method used here, first described by Gooch and 
Harp [lo], uses a blind demodulator to obtain symbol esti- 
mates from a PSK or QAM signal and then uses these 
symbols along with the received signal itself as inputs to a 
channel modeler. 

This scheme is shown in Fig. 12. The key to this tech- 
nique’s success is the use of a blind equalizer in the demodu- 
lator to “open the eye” enough for the demodulator to initially 
acquire the signal. Once acquisition has occured, the de- 
modulator begins to use its own symbol decisions as the 
desired input to an LMS-directed equalizer update algorithm. 
These symbol decisions are, of course, the same regenerated 
symbols needed as one of the inputs to the modeling stage. 

Gooch and Harp used an LMS-directed FIR adaptive filter 
to estimate the pulse response of the propagation channel. 
The filter’s input is the stream of regenerated symbols, inter- 
polated with alternate zeros to create an input rate of 2fs, 
wherefs is the symbol or baud rate of the received signal. 
The reference or desired input to the adaptive modeler is a 
version of the input signal delayed to compensate for the 
processing delay of the demodulator. (In addition to delaying 
the input, it is also common to use the demodulator’s esti- 
mates of the carrier frequency and signal amplitude to power- 
normalize and “de-spin” the received signal before it is used 
as the reference.) The LMS algorithm is used to adapt the 
coefficients of the complex-valued filter pulse response. The 
convergent solution closely approximates the least-squares 
fit between the actual channel and the model. The error 
signal, e@), contains unmodeled components, misadjustment 
noise, and receiver noise. In passing, it should be noted that 
this error signal can be spectrum analyzed to reveal the 
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presence and characteristics of additive signal impairments, 
such as cochannel interference [lo]. 

An example of the result of this modeling procedure is 
shown in Fig 13. The power spectrum of a 64-QAM, 22.5 
MBaud signal appears in Fig. 13a. Adjacent to it is the power 
transfer function of the estimated channel. This was obtained 
by first developing an FIR model of the channel pulse re- 
sponse, as described above, and then computing the log 
magnitude square of the FFT of that complex-valued pulse 
response. Note the close correspondence of the channel shap- 
ing between the received spectrum and that of the model. 

Both quadrature components of the estimated pulse re- 
sponse are plotted in Fig. 14. A log magnitude plot of the 
pulse response of the modem is shown in Fig. 15a. By 
inspecting the pulse response (particularly the log magnitude 
version), we can see that the channel does not conform to a 
simple two- or three-ray specular model, but in fact the 
received signal is the combination of many delayed and 
scaled versions of the transmitted symbol stream. 

The LMS-based FIR model described here is only one of 
a variety of approaches for blindly identifying the channel. 
This LMS-based approach has proven to be robust, however, 
even for time-varying propagation channels (see sidebar C). 
Another approach attracting a great Ideal of current research 
interest exploits the fact that if the zer,o-forcing conditions are 
satisfied, then the second-order statistics of the output, y(k) ,  
are sufficient to identify the channel I 15, 17, 181. Methods of 
this type are not currently mature enough for the authors to 

- -  
model, (b) symbol error rate (SER) perj5ormance as a function of 
equalizer length. 

foresee whether they will replace the more traditilonal adap- 
tation techniques, but the fact that the models need no special 
apriori information about the transmitted signal mtakes them 
highly attractive and worthy of more investigation. 

Meaquring the Symbol Error Rate 

Given the channel model, 2, an assumed level of white 
Gaussian additive noise, and a presumed equalizer length, 
Le, we may determine, in closed form, the optimum delay, v* 
and the best equalizer coefficients p, in the sense of mini- 
mizing the squared error between the equalizer output and a 
delayed version of an i.i.d. input sequence [9, 121. Given the 
least squares solution (i.e., v*, andp) ,  we can determine the 
residual squared error. Part of this error results from the 
additive input noise and part from any unequalized channel 
dispersion. Assuming that this error signal is white and 
Gaussian as well, we can use this level [16] to estimate the 
symbol error rate (SER) that would be expected for a given 
signal type and an equalizer of given length. 
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model, (b) symbol error rate (SER) pei$ormance as a finction of 
equalizer length. 

Data Set 

With iterative use of these calculations, we can determine 
for each channel model what the minimum equalizer length 
would be in order to achieve an acceptable level of error 
performance. This technique, used with a preselected delay 
in [9] and the optimal delay in [12], is applied in this section 
to show how various channels affect the quality of the re- 
ceived signal. 

Figure 15a shows the channel model estimated using the 
Gooch and Harp technique on a limited, contiguous record of 
data from a 64-QAM digital microwave radio. Note that the 
channel is not purely impulsive, but in fact has significant 
delay components at about 40 and 70 samples. (Each sample 
delay is T/2 = 22 ns.) Part (b) of the figure shows a series of 
curves computed as described above and elaborated on in 
[12]. The symbol error rate of the equalized output is shown 
as a function of input SNR (normalized over the bandwidth 
fs), and several trial equalizer lengths, L. The SER perform- 
ance improves as the equalizer length grows, with the limit 
being the dispersionless curve marked idea2. The use of a 
128-tap T/2-spac:ed equalizer with this channel brings per- 

Channel Length 
Estimates 

and Required 
Equalizer 
Length for 

formance to within 1 dB of the theoretical level for an SER 
of Thus, in this case, the SNR at the demodulator input 
needs to be about 1 dB higher to operate-at this performance 
level than would be theoretically necessary in the absence of 
channel dispersion. 

Figure 16 shows the result of performing the same experi- 
ment as above, but with a different data set. In this case, the 
signal was a 30 MBaud, 8-PSK microwave signal. The re- 
ceiving antenna was not perfectly lined up with the transmit- 
ter’s line-of-sight, and reflections of the transmitted signal 
were received from adjacent buildings. This effect is clearly 
visible in the channel pulse response model with its strong 
components at delays of about 134 and 155 samples (about 
2.2 and 2.6 ps, respectively). 

Part (b) shows that the equalizer length must be substan- 
tially longer to attain the same threshold level (say, loT6) of 
output quality. In fact, even anequalizer length of 300 (which 
matches the length of the channel model) is not sufficient to 
bring the received signal within 2 dB of the performance that 
would be expected in the absence of channel dispersion. 

The Bottom Line-What Channel Feature 
Calibrates Adquate FSE Length? 

Table 3 gathers the data drawn from the experiments de- 
scribed in the previous section. A channel model was con- 
structed using the Gooch and Harp scheme for each data set 
listed. No common subchannel zeros were found in any of 
the estimated channel models. 

Each model was used in two ways. First, the channel was 
used as described above to estimate the optimal delay and the 
equalizer length needed to sustain a symbol error rate of no 
more than 1 error in 10 symbols. Second, two candidate 
estimates of channel length as delay spread, Amax, were 
computed and listed in the table. The simplest estimate of 
channel length is to approximate it as a specular channel (as 
done theoretically in sidebar C). With this assumption, the 
channel length is the delay difference between the “main 
bang” of the channel pulse response and the first or highest 

6 

- - - - - - - - - - - I 
Table 3: Comparing Estimated Channel Lengths to the 

Equalized Length Required for 1d’SER (64-QAM) 

’ 
7 - - - - - - - - -  1 - _  
1 OptimalDelay I I 

1 SER= I I 
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following significant peak. While having the virtue of simplic- 
ity, this measurement neglects secondary peaks and the low level 
components, which extend out to delays of 250 and more. The 
second measurement listed makes the assumption that these 
components will add noise incoherently to the received signal 
and, therefore, the sum of their squares must be kept below a 
specific modulation-dependent threshold value. Since these data 
assume the use of 64-QAM, we pick the threshold at -30 dB. 
(See Table 5 in sidebar C.) T h i s  truncation technique will always 
select a length shorter than the channel1 delay spread (or impulse 
response time span window). 

A quick perusal of Table 3 reveals the unsettling observa- 
tion that neither of the heuristic methods of estimating the 
channel delay spread, A”, agrees very well with the mini- 
mum filter order found to be sufficient. In some cases, the 
estimates of Amax (and hence the minimum value of Lc and 
the supposed minimum, Le as well) are too small, and in 
others they are too large. 

Concluding Remarks 

We began this analysis by assuming, the aggregate channel, 
C, to be well modeled as having a finite duration impulse 
response. We then showed that, if that were true, a Tl2-spaced 
equalizer of exactly the same duration could, in the absense 
of noise, perfectly equalize the channel. Eager to prove the 
practical utility of this result, we inodeled some real-life 
channels and tested them to verify their equalizability with 
finite-length FSEs. 

We find that they are equalizabk:, but that the equalizer 
length needed is not readily estimable from the experimental 
model. So, what is wrong? Is our channel modeling scheme 
[lo] inappropriate? Does the channel not represent one with 
FIR characteristics? Has our intentional ignorance of the 
effects of noise during identification altered the results? Is the 
channel modeling scheme working fine, but our method of 
estimating the delay spread from it proving inadequate? 

The answer is likely to be “all of the above.” Gooch and 
Harp’s technique for channel modeling could certainly be 
enhanced, and more advanced system identification tech- 
niques could be applied. The assurnption that C has FTR 
characteristics is probably reasonable and accurate as far as 
the channel propagation component is concerned, but the 
transmitter and receiver bandpass filters almost certainly 
have poles in their transfer functions, giving C a long expo- 
nential tail. The presence of additive noise and interference 
has been ignored in much of our presentation. It is easily 
shown that some “perfect equalizers” enhance the received 
noise and that an equalizer longer thain “perfect” is needed to 
balance the effects of the dispersion and the additive noise. 
(This is what happens for data set IV in Table 3.) The methods 
listed in Table 3 for estimating the channel length were 
heuristic at best. Certainly better methods can be developed 
as we gain insight into the FSE problem. 

The primary purposes of this article were to present this 
pragmatic issue of fractionally-spaced equalizer design (es- 
pecially length selection for a linear FSE) and to announce 

the assemblage of a meaningful data set (see Appendix) for 
further, more thorough, practice-based examination of this 
topic. We invite all readers to join us in closing this portion 
of the ubiquitous theory-practice gap. 
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Appendix-Data Sets 

In order to further continued research on the issues associated 
with blind and directed adaptive channel equalization, sev- 
era1 data sets (linked to http.//www.ee.cornell.edu/fac- 

For each data set, the following information is provided: (1) 
a header describing the data and how it was gathered, and (2) 
quadrature data in Matlab compatible form, sampled at twice 
the baud rate. Each data set is long enough to permit blind 
equalization to be performed (e.g., via CMA [8,19]), thus 
allowing researchers to perform a variety of experiments on 
equalization and channel modeling. 
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