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COMMUNICATION
THROUGH BAND-LIMITED

LINEAR FILTER CHANNELS
 

In Chapter 9, we focused on the design of the modulator and demodulator
filters for band-limited channels. The design procedure was based on the
assumption that the (ideal or non-ideal) channel response characteristic C(f)
was known a priori. However, in practical digital communications systems that
are designed to transmit at high speed through band-limited channels. the
frequency response C({) of the channel is not known with sufficient precision
to design optimum filters for the modulator and demodulator. For example. in
digital communication over the dial-up telephone network, the communication
channel will be different every time we dial a number, because the channel
route will be different. This is an example of a channel whose characteristics
are unknowna priori. There are other types of channels, e.g., wireless channets
such as radio channels and underwater acoustic channels, whose frequency
response characteristics are time-variant. For such channels,it is not possible
to design optimum fixed demodulation filters.

In this chapter, we consider the problem ofreceiver design in (he presence
of channe} distortion, which is not known a priori, and AWGN. The channel
distortion results in intersymbol! interference, which, if left uncompensated,
causes high error rates. The solution to the ISI problem is to design a receiver
that employs a means for compensating or reducing the ISI in the received
signal. The compensator for the ISI is calted an equalizer.

Three types of equalization methods are treated in this chapter. One is
based on the maximum-likelihood (ML) sequence detection criterion, which is
optimum from a probability of error viewpoint. A second equalization method
is based on the use of a linear filter with adjustable coefficients. The third
equalization method that is described exploits the use of previous detected
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symbols to suppress the ISI in the present symbol being detected, and it is
called dectston-feedback equalization. We begin with the derivation of the
optimum detector for channels with ISI.

10-1 OPTIMUM RECEIVER FOR CHANNELS WITH
IS] AND AWGN

In this section, we derive the structure of the optimum demodulator and
detector for digital transmission through a nonideal, band-limited channel with
additive gaussian noise. We begin with the transmitted (equivalent lowpass)
signal given by (9-2-1). The received (equivalent lowpass) signal is expressed as

r(t)= ¥ LA(t—nT) + 2) (10-1-1)

where h(t} represents the response of the channel to the input signal pulse g(r)
and z(t) represents the additive white gaussian noise.

First we demonstrate that the optimum demodulator can be realized as a
filter matched to A(t), followed by a sampler operating at the symbolrate 1/T
and a subsequent processing algorithm for estimating the information sequence
{/,} from the sample values. Consequently, the samples at the output of the
matchedfilter are sufficient for the estimation of the sequence{J,}.

10-1-1 Optimum Maximum-Likelihood Receiver

Let us expand the receivedsignal r,(t) in the series
N

n(t) = lim = refill) (10-1-2)

where {f,(t)} is a complete set of orthonormal functions and {r,} are the
observable random variables obtained by projecting 7,(f) onto the set {f,(¢)}. It
is easily shown that

n= Dhihin tt, k=4,2,... (10-1-3)

where h,,, is the value obtained from projecting A(t — nT) onto f(t), and z,is
the value obtained from projecting z(t) onto f(t). The sequence {z,} is
gaussian with zero mean and covariance

SE(2¥2n) = NoSimn (10-1-4)

The joint probability density function of the random variables
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ty=[r % ... rw] conditioned on the transmitted sequence I,=[J, 4 ... J],
where p =<N,is

1 \% 1<

ptew 3h) = (sang)? (aye 2
In the limit as the number N of observable random variables approaches
infinity, the logarithm of p(t, 3I,) is proportional to the metrics PM(I,),
defined as

rugy-—f

  
2

re De bh| } (10-1-5)

2

dt  n(t)- > i,A(t ~ nT)

=— [ In(t)? dt +2 Re 2 E [. n(tyh*(¢ — nT) ar|
-SS ier, [ h*(¢~nT)h(t —mT) at (10-1-6)

The maximum-likelihood estimates of the symbols 4, 4,...,/, are those that
maximize this quantity. Note, however, that the integral of|r,(r)|? is common to
all metrics, and, hence, it may be discarded. The otherintegral involving r(t)
gives rise to the variables

Yn = (nT) = [" r{tja*(t — nT) de (10-1-7)
These variables can be generated by passing r(t) through a filter matched to
A(t) and sampling the output at the symbol rate 1/7. The samples {y,} form a
set of sufficient statistics for the computation of PM (I,) or, equivalently, of the
correlation metrics

CM) =2Re( I4y,) — DD Lthakn-m (10-1-8)
where, by definition, x(z) is the response of the matchedfilter to A(t) and

Xx, =xX(nT)= [ A*(Dkt + nT) dt (10-1-9)
Hence,x(t) represents the output ofa filter having an impulse response A*(--1)
and an excitation A(t). In other words, x(t) represents the autocorrelation
function of A(t). Consequently, {x,} represents the samples of the autocorrela-
tion function of A(t), taken periodically at 1/T. We are not particularly
concerned with the noncausal characteristic of the filter matched to A(t), since,
in practice, we can introduce a sufficiently large delay to ensure causality of the
matched filter,

If we substitute for 7,(r) in (10-1-7) using (10-1-i), we obtain

Ye =D taken + Ve (10-1-10)
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where v, denotes the additive noise sequence of the output of the matched
filter, i.e.,

v, =| z(Dh*(t— kT) dt (10-1-11)
The output of the demodulator (matched filter) at the sampling instants is

corrupted by ISI as indicated by (10-1-10). In any practical system, it is
reasonable to assume that the ISI affects a finite number of symbols. Hence,
we may assume that x, =0 for in| > L. Consequently, the ISI observed at the
output of the demodulator may be viewed as the output of a finite state
machine. This implies that the channel output with ISI may be represented by
a trellis diagram, and the maximum-likelihood estimate of the information
sequence (/;, ,...,4,) is simply the most probable path through the trellis
given the received demodulator output sequence {y,}. Clearly, the Viterbi
algorithm provides an efficient means for performingthetrellis search.

The metrics that are computed for the MLSE ofthe sequence{/,} are given
by (10-1-8). It can be seen that these metrics can be computed recursively in
the Viterbi algorithm, accordingto the relation

L .

CM,(I,) = CM,-(ly-1) + Re [12(29. 0h - 2.3 nbn] (10-1-12)m=) ,

Figure 10-1-1 illustrates the block diagram of the optimum receiver for an
AWGNchannel with ISI.

10-1-2. A Discrete-Time Model for a Channel with ISI

FIGURE10-1-1

In dealing with band-limited channels that result in ISI, it is convenient to
develop an equivalent discrete-time model for the analog (continuous-time)
system. Since the transmitter sends discrete-time symbols at a rate
1/T symbols/s and the sampled output of the matched filter at the receiver is
also a discrete-time signal with samples occurring at a rate 1/T per second,it
follows that the cascade of the analogfilter at the transmitter with impulse.
response g(z), the channel with impulse response c(t}, the matchedfilter at the
receiver with impulse response h*(—t}, and the sampler can be represented by

Optimum receiver for an AWGNchannel with ISI.
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FIGURE10-1-2
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z7' = delay of F

 {¥,)

tv,

Equivalentdiscrete-time model of channel with intersymbol interference.

an equivalent discrete-time transversalfilter having tap gain coefficients {x,}.
Consequently, we have an equivalent discrete-time transversal filter that spans
a time interval of 2LT seconds. Its input is the sequence of information
symbols {/,} and its output is the discrete-time sequence {y,} given by
(10-1-10). The equivalent discrete-time model is shown in Fig. 10-1-2.

The major difficulty with this discrete-time model occurs in the evaluation of
performance of the various equalization or estimation techniques that are
discussed in the following sections. The difficulty is caused by the correlations
in the noise sequence {v,} at the output of the matched filter. Thatis, the set of
noise variables {v,} is a gaussian-distributed sequence with zero mean and
autocorrelation function (see Problem 10-5)

Norx-) (kK ~ ff SL)LE(vEv,) = { ; 10-1-1, (vk ¥i) 0 (otherwise) ( 3)
Hence, the noise sequence is correlated unless x, =0, k #0. Since it is more
convenient to deal with the white noise sequence when calculating the error

‘rate performance, it is desirable’ to whiten the noise sequence by further
filtering the sequence {y,}. A discrete-time noise-whiteningfilter is determined
as follows.

Let X(z) denote the (two-sided) z transform of the sampled autocorrelation
function {x,}, i.e.,

L

X(@z)= D uz (10-1-14)k=-L

Since x, =x*,, it follows that X(z) = X*(z~'} and the 2Z roots of X(z) have
the symmetry that if p is a root, 1/p* is also a root. Hence, X(z) can be
factored and expressed as

X(2) = F(z)F*(277) (10-1-15)



FIGURE16-1-3
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where F(z) is a polynomial of degree 1 having the roots p;, p2,..-, p, and
F*(z~') is a polynomial of degree L having the roots 1p?, 1/pt,..., l/p?.
Then an appropriate noise-whiteningfilter has a z transform 1/F*(z~'). Since
there are 2° possible choices for the roots of F*(z~'), each choice resulting in
a filter characteristic that is identical in magnitude but different in phase from
other choices of the roots, we propose to choose the unique F*(z~') having
minimum phase,i.e., the polynomial having all its roots inside the unit circle.
Thus, when all the roots of F*(z~') are inside the unit circle, 1/F*(z~1) is a
physically realizable, stable, recursive discrete-time filter. Consequently,
passage of the sequence {y,} through the digital filter 1/F*(z~') results in an
output sequence {v,} that can be expressed as

L

Vu = Dd flint Me (10-1-16)a=0

where {n,} is a white gaussian noise sequence and {f,} is a set of tap
coefficients of an equivalent discrete-time transversal filter having a transfer
function F(z). In general, the sequence {v,} is complex-valued.

In summary, the cascade ofthe transmitting filter g(r), the channel c(t), the
matchedfilter A*(—1), the sampler, and the discrete-time noise-whiteningfilter
1/F*(z~*) can be represented as an equivalent discrete-time transversal filter
having the set {f,} as its tap coefficients. The additive noise sequence {n,}
corrupting the outputof the discrete-time transversal filter is a white gaussian
noise sequence having zero mean and variance Np. Figure 10-1-3 illustrates the
model of the equivalent dis¢rete-time system with white noise. We refer to this
model as the equivalent discrete-time white noise filter model.

Equivalent discrete-time model of intersymbol interference channel with WGN,

 
z'= delay of T

 fy}

in}

TBy removing the stability condition, we can also show F*(z~') to have roots on the unit circle.
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Example 10-1-1

Suppose that the transmitter signal pulse g(t) has duration T and unit
energy and the received signal pulse is A(t)=g(t)+ag(t-T). Let us
determine the equivalent discrete-time white-noisefilter model. The sample
autocorrelation function is given by

a* (k = ~1)

x, = ji+eP (k=0) (10-1-17)
a (k =1)

The z transform of x, is
1

X(z)= DY xzk=-1

=a*z +(1+ la?) +az7

= (az™! +1j(a*z +1) (10-1-18)

Under the assumption that Ja] > 1, one chooses F(z) = az~'! +1, so that the
equivalent transversal filter consists of two taps having tap gain coefficients
fo=1, fi=a. Note that the correlation sequence {x,} may be expressed in
terms of the {f,} as

L-k

X, = > ftfare k=0,1,2,...,L (10-1-19)
When the channel impulse response is changing slowly with time, the

matched filter at the receiver becomes a time-variable filter. In this case, the
time variations of the channel/matched-filter pair result in a discrete-timefilter
with time-variable coefficients. As a consequence, we have time-variable
intersymbol interference effects, which can be modeled bythefilter illustrated
in Fig. 10-1-3, where the tap coefficients are slowly varying with time.

The discrete-time white noise linear filter model for the intersymbol
interference effects that arise in high-speed digital transmission over nonideal
band-limited channels will be used throughout the remainderofthis chapter in
our discussion of compensation techniques for the interference. In general, the
compensation methods are called equalization techniques or equalization
algorithms.

10-1-3|The Viterbi Algorithm for the Discrete-Time White
Noise Filter Model

MLSEofthe information sequence {I,} is most easily described in terms of the
received sequence {v,} at the output of the whitening filter. In the presence of
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intersymbol interference that spans L + 1 symbols (L interfering components),
the MLSE criterion is equivalent to the problem of estimating the state of a
discrete-time finite-state machine. The finite-state machine in this case is the

equivalent discrete-time channel with coefficients {f,}, and its state at any
instant in time is given by the L most recent inputs,i.e., the state at time & is

Sx = Ua bear e-2) (10-1-20)

where J, =O for <0. Hence, if the information symbols are M-ary, the
channel filter has M* states. Consequently, the channel is described by an
M‘-state trellis and the Viterbi algorithm may be used to determine the most
probable path through thetrellis.

‘The metrics used in the trellis search are akin to the metrics used in

soft-decision decoding of convolutional codes. In brief, we begin with the
samples v;, V2,...,U¥c41, from which we compute the M‘*' metrics

itl

> In pve [de teu teow) (10-1-21)k=l

The M**' possible sequences of /,.,,/,,...,4,4, are subdivided into M*
groups corresponding to the M* states (/,.,,/,,...,4). Note that the M
sequencesin each group(state) differ in /, and correspond tothe paths through
the trellis that merge at a single node. From the M sequences in each of the
M® states, we select the sequence with the largest probability (with respect to
/,) and assign to the surviving sequence the metric

PMA(di 41) = PMUait... &)
i+th

= max DS inp(vy | hes tees te) (10-1-22)1 k=1

The M —1 remaining sequences from each of the M‘ groups are discarded.
Thus, we are left with M* surviving sequences and their metrics.

Upon reception of v,,,, the M* surviving sequences are extended by one
stage, and the corresponding M**? probabilities for the extended sequences
are computed using the previous metrics and the new increment, which is
In pvr+2 | Ih42,de+1-.-, 4). Again, the M‘*! sequences are subdivided into
M”groups corresponding to the M“ possible states (/,42,..., J;) and the most
probable sequence from each group is selected, while the other M—1
sequences are discarded.

The procedure described continues with the reception of subsequentsignal
samples. In generai, upon reception of v,,,, the metricst

PM, (c+%) = max {In pure | Fh ates wey i) + PM,—\(lp+x-1)] (10-1-23)

tWe observe that the metrics PM,(D are simply related to the euclidean distance metrics
DM,(I) when the additive noise is gaussian.

Mma
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that are computed give the probabilities of the M’ surviving sequences. Thus,
as each signal sample is received, the Viterbi algorithm involves first the
computation of the M’*! probabilities

In p(vr sk Te ses ee A) + PM+e-1) (10-1-24)

corresponding to the M**' sequences that form the continuations of.the M+
surviving sequences from the previous stage of the process. Then the M/*!
sequences are subdivided into M‘ groups, with each group containing M
sequences that terminate in the same set of symbols /, .,,..., 4+, and differ in
the symbol /,. From each group of M sequences, we select the one having the
largest probability as indicated by (10-1-23), while the remaining M — 1
sequences are discarded. Thus, we are left again with M* sequences having the
metrics PM, (I, .x).

As indicated previously, the delay in detecting each information symbolis
variable. In practice, the variable delay is avoided by truncating the surviving
sequences to the q most recent symbols, where q>L, thus achieving a fixed
delay. In the case that the M* surviving sequences at time k disagree on the
symbol /,-,, the symbol in the most probable sequence may be chosen. The
loss in performance resulting from this suboptimum decision procedure is
negligible if g = SL.

Example 10-1-2

Forillustrative purposes, suppose that a duobinary signalpulseis employed
to transmit four-level (M=4) PAM. Thus, each symbol is a number
selected from the set {—3, —1, 1,3}. The controlled intersymbolinterference
in this partial response signal is represented by the equivalent discrete-time
channel model shown in Fig. 10-1-4, Suppose we have received v, and U2,
where

u=h+em
10-1-25w.=ht+h+m (

 
Output

FIGURE10-1-4=Equivalent discrete-time model Male thems
for intersymbo! interference 0 T Ne
resuiting from a duobinary pulse. (a) (b)
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and {7;} is a sequence ofstatistically independent zero-mean gaussian noise.
We may now compute the 16 metrics

2 k 2

PM,(L, h)=- > ( - Yh) , £,h=+1,43 (10-1-26)f=0k=1

where i, = 0 fork <0.

Note that any subsequently received signals {u;} do not involve i,. Hence,
at this stage, we may discard 12 of the 16 possible pairs {/,, hb}. This step is
illustrated by the tree diagram shown in Fig. 10-1-5. In other words, after
computing the 16 metrics corresponding to the 16 paths in the tree diagram,

23
Wz »
T= roal

hen; Ie7= ~!
a ~J ;

A fs ~)

1,2) *hs >
1.2}

os, LZ 45-1
ff y= | 4s

se hei .
te v as,
a 4

~ % Ww Oa+ 5 =

\y 2} -
1,3 ey

\ = 4s
hy =>) 4s., <2)

As
? $e 22

wa v T=!
of 2? “=< VW 4=-!

1,7} 4s;
7 = a>

x 25~1 Ww7 .
Ney oS 7 1,= 1

oe)
4 =

we 3
1,2)
hen
4 —
25.3

FIGURE10-1-5 Tree diagram for Viterbi decoding of the doubinary { i
pulse. PAG Uy ty) PMally ty dy) PMU, ty dys 4)
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we discard three out of the four paths that terminate with L = 3 and save the
most probable of these four. Thus, the metric for the surviving pathis

2 1 2

PM,(E = 3, 1,) = max |- s (v, -» h-,)
4, k=} f=0

The process is repeated for each set of four paths terminating with J, = 1,
i,= —1, and £, = -3. Thus four paths and their correspondingmetrics survive
after v, and v, are received.

When v;is received, the four paths are extended as shown in Fig. 10-1-5, to
yield 16 paths and 16 corresponding metrics, given by

1 2

PMAh, by, 1) = PM\(h, hh) - (vs -3S ,) (10-1-27)j=0

Of the four paths terminating with the J, =3, we save the most probable. This
procedure is again repeated for 4,=1, /,=—1, and /,= —3. Consequently,
only four paths survive at this stage. The procedure is then repeated for each
subsequently received signal uv, for k > 3.

10-1-4 Performance of MLSE for Channels with ISI

We shall now determine the probability of error for MLSE of the received
information sequence when the information is transmitted via PAM and the
additive noise is gaussian. The similarity between a convolutional code and a
finite-duration intersymbol interference channel implies that the method for
computing the error probability for the latter carries over from the former. In
particular, the method for computing the performanceof soft-decision decod-
ing of a convolutional code by means of the Viterbi algorithm, described in
Section 8-2-3, applies with some modification.

In PAMsignaling with additive gaussian noise and intersymbol interference,
the metrics used in the Viterbi aigorithm may be expressed as in (10-1-23), or
equivalently, as

L 2

PMyolk) = PMy-1-s(h-1)~(ve~ 2fey) (101-28)
where the symbols {J,} may take the values +d, +3d,..., +(M — 1)d, and 2d
is the distance between successive levels. The trellis has M“ states, defined at
time & as

Seles Iy-2, te I-1) (10-1-29)

Let the estimated symbols from the Viterbi algorithm be denoted by {7}
and the corresponding estimated state at time k by

5, = Tea I,-2, heey I-12) (10-1-30)
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Now suppose that the estimated path through the trellis diverges from the
correct path at time A and remerges with the correct path at time k+/. Thus,
5, =S, and §,.,= 4), but $,,#S,, for k<m<k+J. As in a convolutional
code, we call this an error evens. Since the channel spans 1+ 1 symbols, it
follows that /2L +1.

For such an error event, we have [, # J, and fy 4;-1 ¥dgs;-i-1, but 1, = Lp
fork-—Lemsk-—iandk+i~L<me«<k+!1-—1. It is convenient to define

an error vector € corresponding to this error event as

©e=[f&, Fes. --. Exeren-a] (10-1-31)

where the components of € are defined as

1

sg. FH RRR. KFENL-1 (10-1-32)& =

The normalization factor of 2d in (10-1-32) results in elements ¢, that take on
the values +1, +2,+43,..., +(44—1). Moreover, the error vector is charac-
terized by the properties that 2, #0, €,4,-,-, #0, and there is no sequence of
L consecutive elements that are zero. Associated with the error vector in

(10-1-31) is the polynomial of degree ! — L ~ 1,

€(Z) =e + EgyZt Egegd 2H. + EgereEn (101-33)

We wish to determine the probability of occurrence of the error event that
begins at time k and is characterized by the error vector © given in (10-1-31),
or, equivalently, by the polymonial given in (10-1-33). To accomplish this, we
follow the procedure developed by Forney (1972). Specifically, for the error
event € to occur, the following three subevents E,, E>, and E; must occur:

Ey: at time k, 5, = §,;

£,: the information symbols i, Jgi1,--.,l¢41-,-, when added to the
sealed error sequence 2d(&,, E:.1,..-, €x+1-L-1) Must result in an

allowable sequence, i.e., the sequence Ia tasty +s deat-c-1 must have
values selected from +d, +3d, +---+(M—-1)d;

E;: fork<m<k+/, the sum of the branch metrics of the estimated path
exceed the sum of the branch metrics of the correct path.

The probability of occurrence of E3 is

k+f-1

PE)=P| > (u- >fla) < S(u- >files)| (40-1-34)i=k isk

But

Mrv= fl, +n (10-1-35)fi
i=0
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where {n,} is a real-valued white gaussian noise sequence. Substitution of
(10-1-35) into (10-1-34) yields

P(E) = oe (9, +24sfe.,)< ‘> |
i=k= P|aa Ss nf&fers) < -4q?> (3fe.-)| {10-1-36)i=k :

where ¢ =O for }<k and j>k+!~L—1. If we define
L

a, = > fie; (10-1-37)
j=0

then (10-1-36) may be expressed as

(10-1-38)k+i-1 k+i-1 )PIES)=P( % am<-d >aif=

where the factor of 4d common to both terms has been dropped. Now
({0-1-38} is just the probability that a linear combination of statistically
independent guassian random variables is less than some negative number.
Thus

2Zk+i-1

PES) = O( —— a?) (10-1-39)No ie

For convenience, we define

k+ti-l ktl-1 yk 2

e(e)= S a?= > ( fe) (10-1-40)i=k ink f=0

where ¢, =0 for j<k and j>k+i-L—1. Note that the {a,} resulting from
the convolution of{f} with {z,} are the coefficients of the polynomial

a(z) = F(z)e(z)

= Oy + OeZt... tgpz (10-1-41)

Furthermore, 67(#) is simply equal to the coefficient of z° in the polynomial

a(z)o(z~') = F(z)F(z“)e(z)e(z7')

= X(z)e(z)e(z~') (10-1-42)

Wecall 67(e) the euclidean weight of the error event e.
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Analternative method for representing the result of convolving {f} with {e}
is the matrix form

a=-ef

where « is an [-dimensional vector, f is an (L + 1)-dimensional vector, and e is
an / {2+ 1) matrix, defined as

ay to

a Oe f= f
Opei-t fi

& 0 0 G
Egat Ey 0 0

©|Exsz Ext1 Ex 0

Lyesl
Then ‘

5*(e) = a'ax
= f'e’ef

=fAf

where A is an (L +1) X (LZ +1) matrix ofthe form

Bo B, B2
By Bo B, wee

A=e’e= B, B, Bo By

B,
and

k+i-l~m

Bn = > EjEi+misk

1.0 (10-1-43)
0

0

Eesti

(10-1-44)

Bi
Br-1

Bu-2 (10-1-45)

By

(10-1-46)

We mayuse either (10-1-40) and (10-1-41) or (10-1-45)—(10-1-46) in evaluating
the error rate performance. We consider these computations later. For now we
conclude that the probability of the subevent F;, given by (10-139), may be
expressed as

P(E) = of \ = s%e))
- ol,parr)

where we haveused therelation

3
?=—"__ 7pOpn The

(10-1-47)

(10-1-48)

to eliminate d? and y,,= TP,,/No. Note that, in the absence of intersymbol
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interference, 5*(£) = 1 and P(E;) is proportional to the symbol error prob-
ability of M-ary PAM.

The probability of the subevent £, depends only on the statistical properties
of the input sequence. We assume that the information symbols are equally
probable and that the symbols in the transmitted sequence are statistically
independent. Then, for an error of the form |e,|=/, j/=1,2,..., 4 —1, there
are M —j possible values of /, such that

1, =1,+2de,
Hence

I-L-1 yg — ijP(E.) = [| “oH (10-1-49)
i=0 M

The probability of the subevent E, is much moredifficult to compute exactly
because of its dependence on the subevent E;. That is, we must compute
P(E, | £3). However, P(E,|E3)=1—Py, where Py is the symbol error
probability. Hence P(E, | E3) is well approximated (and upper-bounded) by
unity for reasonably low symbol error probabilities. Therefore, the probability
of the error event € is well approximated and upper-bounded as

f-L-1 :

w0) TMH ao-se)ico M

Let E betheset ofall error events € starting at time k and let w(e) be the
corresponding number of nonzero components (Hamming weight or number of
symbolerrors) in each error event €. Then the probability of a symbol erroris
upper-bounded (union bound) as

Pu x >, wle)P(e)

6re=0( Vie

 eck —— ict=i=>meege786) I M (10-1-51)
Now let D be the set of all 6(e). For each 6 € D, let E; be the subset of error
events for which 5(€) = 6. Then (10-1-51) may be expressed as

r= D Ol fasm8?)S we)18eD ecks ixo 6CUM

6

<YK —_o__ *) 42 2( mew? (10-1-52)
where

hel Mg — .K;= > w(e) TT] “ (10-1-53)eck, i=0

The expression for the error probability in (10-1-52) is similar to the form of
the error probability for a convolutional code with soft-decision decoding given
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by (8-2-26). The weighting factors {Ks} may be determined by means of the
error state diagram, which is akin to the state diagram of a convolutional
encoder. This approach has been illustrated by Forney (1972) and Viterbi and
Omura (1979).

In general, however, the use of the error state diagram for computing Py Is
tedious. Instead, we may simplify the computation of Py by focusing on the
dominant term in the summation of (10-1-52). Due to the exponential
dependence of each term in the sum, the expression Py, is dominated by the
lerm corresponding to the minimum value of 6, denoted as 6,,;,. Hence the
symbol error probability may be approximated as

6P, = is Vat ay | ~ “5iv] K.,.0{ Men? om (10-1-54)
where

Lol ye ;K;,= > we) T] Moi (10-1-55)
eck, i=0 M

In general, 52,, <1. Hence, 10 log &3,,. represents the loss in SNR due to
intersymbol interference.

The minimum value of 5 may be determined either from (10-1-40) or from
evaluation of the quadratic form in (10-1-44) for different error sequences. In
the following two examples we use (10-1-40),

Example 10-1-3

Consider a two-path channel (ZL = 1) with arbitrary coefficients fo and f,
satisfying the constraint f3 + {7 =1. The channel characteristic is

F(z) =fot fiz"! {10-1-56)

For an error event of length n,

e(z)=e9t+ ez'+...+8,.2°), nel (10-1-57)
The product a(z) = F(z)e(z) may be expressed as

a(Z)=ag+ay27'+...+a,27" (10-1-58)

where ao = £9fo and a, = fie,,_,. Since &) # 0, €,-, ¥0, and

F(e)= > a2 (10-1-59)k=0

it follows that

Bain = fo + FF = ]

Indeed, 53,,=1 when a single error occurs, i.e. £(z) = £9. Thus, we
conclude that there is no loss in SNR in maximum-likelihood sequence
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estimation of the information symbols when the channel dispersion has
length 2.

Example 0-1-4

The controlled intersymbol interference in a partial response signal may be
viewed as having been generated by a time-dispersive channel. Thus, the
intersymbolinterference from a duobinary pulse may be represented by the
(normalized) channel characteristic

F(z)=V34+Viz"! (10- 1-60)

Similarly, the representation for a modified duobinary pulse is

F(z) = Vh-Viz7 (10-1-61)

The minimum distance 82.,, = 1 for any error event of theform

e(zy=4(1-z'-277...-2 5"Y), nel (10-1-62)

for the channel given by (10-1-60) since

a(z)= VE Viz
Similarly, when

e(zy=t(h tz 7-74+...¢ 27") ne] (10-1-63)

Sinin = 1 for the channel given by (10-1-61), since

a(z)= 4V}¥ Viz"

Hence MLSEofthese two partial response signals results in no loss in SNR.
In contrast, the suboptimum symbol-by-symbol detection described pre-
viously resulted in a 2.1 dB loss.

The constant K,is easily evaluated for these two signals. With
precoding, the number of output symbol errors (Hamming weight) as-
sociated with the error events in (10-1-62) and (10-1-63) is two. Hence,

= (M-1\"Keng = 2D, (=) = 2(M —1) (10-1-64)
Onthe other hand, without precoding, these error events result in n symbol
errors, and, hence,

 

(=a y'- 2M(M - 1) (10-1-65)K;,=2>, aaz]

As a final exercise, we consider the evaluation of 82, from the quadraticmin
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form in (10-1-44). The matrix A of the quadratic form is positive-definite;
hence,all its eigenvalues are positive. If {%,(€)} are the eigenvalues and {v,(e)}
are the corresponding orthonormal eigenvectors of A for an error event e then
the quadratic form in (10-1-44) can be expressed as

£+1

57(e) = = az(e)[f' v,(e))? (10-1-66)
In other words, 5*(€) is expressed as a linear combination of the squared
projections of the channel vector f onto the eigenvectors of A. Each squared
projection in the sum is weighted by the corresponding eigenvalue ,,(e),
k=1,2,...,L4+1. Then

Sinn = min 87(e) (10-1-67)

It is interesting to note that the worst channel characteristic of a given
length L + 1 can be obtained by finding the eigenvector corresponding to the
minimum eigenvalue. Thus,if 4 ,i,{€) is the minimum etgenvalue for a given
error event € and v,,,(€) is the corresponding eigenvector then

Lemin 7 min tmin(E)&

f = min ¥yin(€)€

and

Bain = Mmin

Example 10-1-5

Let us determine the worst time-dispersive channel of length 3 (1. =2) by
finding the minimum eigenvalue of A for different error events. Thus,

F(z)=fot fiz '+fiz7

where fo, fi, and f, are the components of the eigenvector of A
corresponding to the minimum eigenvalue. An error event of the form

é(z)=1~z7)
results in a matrix

2-1 0

A=[-1 2 -1

0 -1 2

which has the eigenvalues p, = 2, uw. =2+ V2, fey =2— V2. The eigenvec-
tor corresponding to jt; is

vw=[b VE 4 (10-1-68)
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We mayalso consider the dual error event

e(z)=1+27!

which results in the matrix

2 1 0

A=]1 2 1

0 12

This matrix has eigenvalues identical to those of the one for e(z)=1-z7!
The corresponding eigenvector for pa = 2 — V2 is

vi=[-} VE -¥ (10-1-69)

Any other error events lead to larger values for ppin. Hence, tmin =
2 — V2 and the worst-case channelis either

[$ VE 4] of [-4 VE -3]
The loss in SNR from the channelis

—10 log 82,,, = —10 log pmin = 2.30B

Repetitions of the above computation for channels with L = 3, 4, and 5
yield the results given in Table 10-1-1.

10-2, LINEAR EQUALIZATION

TABLE 10-1-1

The MLSE for a channel with IS] has a computational complexity that grows
exponentially with the length of the channeltime dispersion. If the size of the
symbol alphabet is M and the numberofinterfering symbols contributing to
ISI is L, the Viterbi algorithm computes M‘*' metrics for each new received
symbol. In most channels of practical interest, such a large computational
complexity is prohibitively expensive to implement.

In this and the following sections, we describe two suboptimum channel
equalization approaches to compensate for the ISI. One approach employs a
linear transversal filter, which is described in this section. These filter

MAXIMUM PERFORMANCE LOSS AND CORRESPONDING
CHANNEL CHARACTERISTICS
 

Channel length Performance loss

 L+1 —10 log 53,(4B) Minimum-distance channel

3 2.3 0.50, 0.71, 0.50
4 4.2 0.38, 0.60, 0.60, 0.38
5 5.7 0.29, 0.50, 0.58, 0.50, 0.29
6 7.0 0.23, 6.42, 0.52, 0.52, 0.42, 0.23
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Unequalized
input

 
 

 

Equalized

=> output 
FIGURE10-2-1 Linear transversal filter.

structures have a computational complexity that is a linear function of’ the
channel dispersion length L.

The linear filter most often used for equalization is the transversal filter
shown in Fig. 10-2-1. Its input is the sequence {v,} given in (10-1-16) andits
output is the estimate of the information sequence {/,}. The estimate of the
k th symbol may be expressed as

K

L= DS ciy-; (10-2-1)
j=-K

where {c;} are the 2K + 1 complex-valued tap weight coefficients of the filter.
The estimate /, is quantized to the nearest (in distance) information symbol to
form the decision /,. If 7, is not identical to the transmitted information symbol
f,, an error has been made.

Considerable research has been performed on the criterion for optimizing
the filter coefficients {c,}. Since the most meaningful measure of performance
for a digital communications system is the average probability of error, it is
desirable to choose the coefficients to minimize this performance index.
However, the probability of error is a highly nonlinear function of {c)}.
Consequently, the probability of error as a performance index for optimizing
the tap weight coefficients of the equalizer is impractical.

Two criteria have found widespread use in optimizing the equalizer
coefficients {c;}. One is the peak distortion criterion and the other is the mean
square error criterion.

10-2-1 Peak Distortion Criterion

The peak distortion is simply defined as the worst-case intersymbol inter-
ference at the output of the equalizer. The minimization of this performance
indexis called the peak distortion criterion. First we consider the minimization
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of the peak distortion assuming that the equalizer has an infinite number of
taps. Then we shall discuss the case in which the transversal equalizer spans a
finite time duration.

Weobserve that the cascade of the discrete-time linear filier model having
an impulse response {f,} and an equalizer having an impulse response {c,} can
be represented by a single equivalentfilter having the impulse response

Ga= DY Chai (10-2-2)
pers

Thatis, {q,,} is simply the convolution of {c,,} and {f,}. The equalizer is assumed
to have an infinite numberof taps. Its output at the & th sampling instant can
be expressed in the form

I= Gole+ Di Inda-nt De 6M; (10-2-3)
rik jars

The first term in (10-2-3) represents a scaled version of the desired symbol.
For convenience, we normalize qo to unity. The second term is the intersymbol
interference. The peak value of this interference, which is called the peak
distoriion, is

Bie}
N

M 5x

=

» Cibn-j
pro

>n=—-x
aD

Thus, 2(c) is a function of the equalizer tap weights.
With an equalizer having an infinite numberoftaps,it is possible to select

the tap weights so that 2(c) = 0,i.e., ¢,, =0 for all n except n = 0. That is, the
intersymbol interference can be completely eliminated. The values of the tap
weights for accomplishing this goal are determined from the condition

  (10-2-4}

_~< _ fl @=0)4n feChi lo (2 #0) (102-5)
By taking the z transform of (10-2-5), we obtain

Oz) = C(z)F(z) =1 (10-2-6)
or, simply,

1
C(z)= = (10-2-7)

F(z)

where C(z) denotes the z transform of the {c;}. Note that the equalizer, with
transfer function C(z), is simply the inverse filter to the linear filter model
F(z). In other words, complete elimination of the intersymbol interference
requires the use of an inverse filter to F(z). We call suchafilter a zero-forcing
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 Equalizer

ryan
Cl) = Fy 
 

: AWGN

FIGURE 10-2-2 Block diagram of channel with zero-forcing equalizer. int

filter. Figure 10-2-2 illustrates in’ block diagram the equivalent discrete-time
channeland equalizer.

The cascade of the noise-whitening filter having the transfer function
1/F*(z~') and the zero-forcing equalizer having the transfer function 1/F(z)
results in an equivalent zero-forcing equalizer having the transfer function

1 1

F2)F*(2") X(z)

as shownin Fig. 10-2-3. This combined filter has as its input the sequence {y,}
of samples from the matched filter, given by (10-1-10). Its output consists of
the desired symbols corrupted only by additive zero-mean gaussian noise. The
impulse response of the combinedfilteris

C'(z)= (10-2-8)

1

Ck OR Po'(e)e dz
1 k-!—_ + Az

2ajJX(z)

where the integration is performed on a closed contour that lies within the
region of convergence of C'(z). Since X(z) is a polynomial with 2L roots
(01, Pa,---, pe, pt. l/pd,..., 1/pf), it follows that C’(z) must converge
in an annular region in the z plane that includes the unit circle (z = e’®).
Consequently, the closed contour in the integral canbe the unit circle.

The performance of the infinite-tap equalizer that completely eliminates the
intersymbol interference can be expressed in terms of thesignal-to-noise ratio
(SNR)atits output. For mathematical convenience, we normalize the received

 

dz (10-2-9)

FIGURE 10-2-3 Block of channel with equivalent zero-forcing equalizer.
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signal energy to unity.f This implies that gj = 1 and that the expected value of
|Z,is also unity. Then the SNR is simply the reciprocal of the noise variance
o*, at the output of the equalizer.

The value of o% can be simply determined by observing that the noise
sequence {v,} at the input to the equivalent zero-forcing equalizer C’(z) has
zero mean and a power spectral density

@,(w) = NoX(e7), lea] <7 (10-2-10)
where X{e’”’) is obtained from X(z) by the substitution z=e°7. Since
C'(z)=1/X(z), it follows that the noise sequence at the output of the
equalizer has a powerspectral density

Ng x
—— , <— 10-2-11

Consequently, the variance of the noise variable at the output of the equalizer
is

 
Pan(w) =

3 T mT
=—| ©=x[_Pan(w) da

 

TNor dw= TK 10-2-122 -wrX(eT) ( )
and the SNR for the zero-forcing equalizer is

Y= Ifo,

T™Noi dw }=1— 10-2-132m JnrX(eT) (
where the subscript on y indicates that the equalizer has an infinite number of
taps.

The spectral characteristics X(e/”7) corresponding to the Fourier transform
of the sampled sequence{x,} has an interesting relationship to theanalog filter
Af(w) used at the receiver. Since

X, -{ A*(t)A( + KT) dt
use of Parseval’s theorem yields

1 [*- ;=[ {H(w)? ef?dw (10-2-14)
where H(w) is the Fourier transform of A(«). But the integral in (10-2-14} can
be expressed in the form

1 aiTy = 2) 2=— + =~ r ~2-Xe attS. Ho r | Jem dw (10-2-15)
t This normalization is used throughoutthis chapter for mathematical convenience.
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Now,the Fourier transform of {x,} is

Xe) = DS x,e FT (10-2-16)keox

and the inverse transform yields

T niT
yes X(ee?das (10-2-17)

20 -aiT :

From a comparison of (10-2-15) and (10-2-17), we obtain the desired
relationship between X(e") and H{w). Thatis,

2nn\ |?
H(w + Fr,

where the right-hand side of (10-2-18) is called the folded spectrum of |H(w)|’.
Wealso observe that |H(w)!? = X(w), where X(w) is the Fourier transform of
the waveform x(t} and x(t) ts the response of the matched filter to the input
A(t). Therefore the right-hand side of (10-2-18) can also be expressed in terms
of X(w).

Substitution for X(e”7) in (10-2-13) using the result in (10-2-18) yields the
desired expression for the SNR in the form

_ [a[- du | (10 ) 19)ye om doer Sz|H(w + 2an/T)P

  le R
ety = <— 10-2-18Xeya ry » lwiss, )

 

We observe that if the folded spectral characteristic of H(w) possesses any
zeros, the integrand becomes infinite and the SNR goes to zero, In other
words, the performance of the equalizer is poor whenever the folded spectral
characteristic possesses nulls or takes on small values. This behavior occurs
primarily because the equalizer, in eliminating the intersymbol interference,
enhances the additive noise. For example, if the channel contains a spectral
null in its frequency response, the linear zero-forcing equalizer attempts to
compensate for this by introducing an infinite gain at that frequency. Butthis
compensate$ for the channel distortion at the expense of enhancing the
additive noise. On the other hand, an ideal channel coupled with an
appropriate signal design that results in no intersymbolinterference will have a
folded spectrum thatsatisfies the condition

H(o+ =)
In this case, the SNR achieves its maximum value, namely,

Cg

>na=-x

2

=T, |e! <5 (10-2-20)  

1

Y= N (10-2-21)
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Finite-Length Equalizer Let us now turn our attention to an equalizer
having 2K +1 taps. Since c;=0 for |j|> K, the convolution of {f,} with {c,} is
zero outside the range ~K<=n=K+L—1. Thatis, 7, =0 forn<-~-K and
n>K+L—~1. With go normalized to unity, the peak distortion is

  
K+i-l K+i-t

Hey= DY al= DL (Doha (10-2-22)
m0 nwo

Although the equalizer has 2K +1 adjustable parameters, there are 2K + L
nonzero values in the response {q,,}. Therefore, it is generally impossible to
completely eliminate the intersymbol interference at the output of the
equalizer. There is always some residual interference when the optimum
coefficients are used. The problem is to minimize Q(e) with respect to the
coefficients {c;}.

The peak distortion given by (10-2-22) has been shown by Lucky (1965) to
be a convex function of the coefficients {c,}. That is, it possesses a global
minimum and no relative minima. Its minimization can be carried out

numerically using, for example, the method of steepest descent. Little more
can be said for the general solution to this minimization problem. However, for
one special but important case, the solution for the minimization of @(c) is
known. This is the case in which the distortion at the input to the equalizer.
defined as.

1 L
=— Sif, 10-2-23Al 2 if, ( )

is less than unity. This condition is equivalent to having the eye open prior to
equalization. That is, the intersymbol interference is not severe enough to close
the eye. Under this condition, the peak distortion &(c) is minimized by
selecting the equalizer coefficients to force g, =0 for 1=|n|= K and qg= 1. In
other words, the general solution to the minimization of @(e), when Dy <1, is
the zero-forcing solution for {q,,} in the range 1 <|n| < K. However, the values
of {q,} for K+1<n<K-+L-—-1 are nonzero, in general. These nonzero
values constitute the residual intersymbol interference at the output of the
equalizer.

Dy

10-2-2 Mean Square Error (MSE) Criterion

In the MSEcriterion, the tap weight coefficients {c)} of the equalizer are
adjusted to minimize the mean square value of the error

& =), —4, (10-2-24)

where /, is the information symbol transmitted in the & th signaling interval
and /, is the estimate of that symbol at the output of the equalizer, defined in
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(10-2-1). When the information symbols {/,} are complex-valued, the perfor-
mance index for the MSE criterion, denoted by J, is defined as

J=HE le, |?

= EV ~ iP

On the other hand, when the information symbols are real-valued, the
performance index is simply the square of the real part of e,. In either case, J
is a quadratic function of the equalizer coefficients {c}. In the following
discussion, we consider the minimization of the complex-valued form given in
(10-2-25).

(10-2-25)

Infinite-Length Equalizer First, we shail derive the tap weight coefficients
that minimize J when the equalizer has an infinite numberof taps. In this case,
the estimate 7, is expressed as

= > ouy-; (10-2-26)j=-*

Substitution of (10-2-26) into the expression for J given in (10-2-25) and
expansion of the result yields a quadratic function of the coefficients {c;}. This
function can be easily minimized with respect to the {c,} to yield a set (infinite
in number) of linear equations for the {c)}. Alternatively, the set of linear
equations can be obtained by invoking the orthogonality principle in mean
Square estimation. That is, we select the coefficients {c;} to render the error &,
orthogonalto the signal sequence {vf_,;} for —» <1 < 2%. Thus,

E(eve.)=0, -x<l<w (10-2-27)

Substitution for €, in (10-2-27) yields

é|(i _ > cvsjuts] = 0fHre

or, equivalently,
Er}

DGEvt) = Eut.),  -2 <1 <0 (10-2-28)

To evaluate the momentsin (10-2-28), we use the expression for v, given in
(10-1-16). Thus, we obtain

L

E(u,_vt_) = > fifn+i—; + Nodya=0

— [%-ptNody (HL) :lo (otherwise) (10-2-29)
and

ft, (-L<1<0)E(hvt. ={ 2.(L,vz_,) 0 (otherwise) (10-2-30)
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Now, if we substitute (10-2-29) and (10-2-30) into (10-2-28) and take the z
transform of both sides of the resulting equation, we obtain

C(z)[F(z)F*(z-') + No] = F*(z7') (10-2-31)

Therefore, the transfer function of the equalizer based on the MSEcriterion is

F*(z73C(z)= @) (10-2-32)
F(z)F*(z~') + No

When the noise-whitening filter is incorporated into C(z), we obtain an
equivalent equalizer having the transfer function

—tb
F(z)F*(z~"') + Ny

_ i
X(z) + No

C'(z)=

(10-2-33)

Weobserve that the only difference between this expression for C’(z) and
the one based on the peak distortion criterion is the noise spectral density
factor Ny that appears in (10-2-33). When No is very small in comparison with
the signal, the coefficients that minimize the peak distortion @(c) are
approximately equal to the coefficients that minimize the MSE performance
index J. Thatis, in the limit as N)— 0, the twocriteria yield the samesolution
for the tap weights. Consequently, when Ny =0, the minimization of the MSE
results in complete elimination of the intersymbol interference. On the other
hand, that is not the case when Ny #0. In general, when Nj ~0, there is both
residual intersymbol interference and additive noise at the output of the
equalizer.

A measure of the residual intersymbol interference and additive noise is
obtained by evaluating the minimum value of J, denoted by Jinan, When the
transfer function C(z) of the equalizer is given by (10-2-32). Since J = E |e, |? =
E(e,1%) ~ E(e,f£), and since E(e,f#)=0 by virtue of the orthogonality
conditions given in (10-2-27), it follows that

Jinin = E(ett)

=Ei - 2 cGE(u,_JF)prox

=1- 3 of, (10-2-34)jacx

This particular form for J,,, is not very informative. More insight on the
performance of the equalizer as a function of the channel characteristics is
obtained when the summation in (10-2-34) is transformed into the frequency
domain. This can be accomplished by first noting that the summation in
(10-2-34) is the convolution of {c,} with {f}, evaluated at a shift of zero. Thus,
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if {b,} denotes the convolution of these two sequences, the summation in
(16-2-34) is simply equal to by. Since the z transform of the sequence {b,} is

B(z) = C(z)F(z)

_ F(z)F*(z ')
© P(Z)FAz7') + Np

X(z)
=—*(2) (10-2-35)

X(z)+ No

1 B(zbash fBO)
i A(z) 43“infa)a” (10-2-36)

The contour integral in (10-2-36) can be transformed into an equivalent line
integral by the changeof variable z = e”””, The result of this change of variable
is

the term Dyis

_ T iT X(el?)b
2a) wrX(eT) + No dw (10-2-37)

Finally, substitution of the result in (10-2-37) for the summation in (10-2-34)
yields the desired expression for the minimum MSEin the form

_ T i” X(ei?)2m J gitX(e°") + Ny

T nit No
— In _ait X(el?) + No

T nT Ng
© 2nd gt T Se_-|H(w + 2m/ TYP + Ng

Jmin = 2 daw

dw

dw (10-2-38)

In the absence of intersymbol interference, X(e/“7) = 1 and, hence,

Jong =
min 1+Ny

 

(10-2-39)

Weobserve that 0</,,;, = 1. Furthermore, the relationship between the output
(normalized by the signal energy) SNR y. and Jj, must be

1- Finin
Y= (10-2-40)

More importantly, this relation between +, and Jmin also holds when there is
residual intersymbolinterference in addition to the noise.
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Finite-Length Equalizer Let us now turn our attention to the case in
which the transversal equalizer spans a finite time duration. The output of the
equalizer in the k th signaling intervalis

K

i= > CjUg-; (10-2-41)
j=-K

The MSE for the equalizer having 2K + 1 taps, denoted by J(K), is
K 2

HK)=E\, -LP=EWL- DS gue; (10-2-42)
J=7K

Minimization of /(K) with respect to the tap weights {c,} or, equivalently,
forcing the error &, = J, — 7, to be orthogonal to the signal samples uv},| =X,
yields the following set of simultaneous equations:

x

> cof,=§ '=-K,...,-1,0,1,...,K (10-2-43)
je-K

where

X:-;+ Nody (i - JIS L)ry={ } , -2-444" lo (otherwise) (10-2-44)
and

f2, (-L<is<0)
= -45&i {o (otherwise) (102-45)

It is convenient to express the set of linear equations in matrix form. Thus,

re=é (10-2-46)

where C denotes the column vector of 2K +1 tap weight coefficients, C
denotes the (2K + 1) X (2K + 1} Hermitian covariance matrix with elements
Tj, and € is a (2K +1)-dimensional column vector with elements £ The
solution of (10-2-46) is

Co. =P (10-2-47)

Thus, the solution for C,,, involves inverting the matrix Fr, The optimum tap
weight coefficients given by (10-2-47) minimize the performance index J(X),
with the result that the minimum value of J/(K) is

oO

Imin(KJ=1- 2) ef-;
j=-K

=1-€-T'g (10-2-48)

where €' represents the transpose of the column vector &. Jin) may be used
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in (10-2-40) to compute the output SNR for the linear equalizer with 2K + 1
tap coefficients.

10-2-3 Performance Characteristics of the MSE Equalizer
In this section, we consider the performance characteristics of the linear
equalizer that is optimized by using the MSEcriterion. Both the minimum
MSE and the probability of error are considered as performance measures for
some specific channels. We begin by evaluating the minimum MSE J,,,, and the
output SNR y.. for two specific channels. Then, we consider the evaluation of
the probability of error.

Example 10-2-1

First, we consider an equivalent discrete-time channel model consisting of
two components f, and f,, which are normalized to iol? + Al = 1. Then

F(zj=fothz' (10-2-49)
and

X(z)=foftz +14 fofiz" (10-2-50)
The corresponding frequency responseis

X (el) = fyftele™ + 1+ fafie7

= 1+ 2/fllflcos (wT + @) (10-2-51)
where @ is the angle of f,f*. We note that this channel characteristic
possesses a null at » = 2/7 when f= f, = V3.

A linear equalizer with an infinite number of taps, adjusted on the basis
of the MSE criterion, will have the minimum MSE given by (10-2-38).
Evaluation of the integral in (10-2-38) for the X (e’”") given in (10-2-51)
ytelds the result

No
Jnin =VDTDSS

No + 2No(ifl? + LAI) + (ol? AP)?
No

— 10-2-52ViNj + 2No + (fol = LAP
Let us consider the special case in which fo=f, = Vi. The minimum MSE

18 Jinin = Nof VN + 2No and the corresponding output SNR is

~yit2-1Y= Ny
2 142~(—) » Noi (10-2-53)a

 

This result should be compared with the output SNR of 1/N, obtained in
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the case of no intersymbol interference. A significant loss in SNR occurs
from this channel.

Example 10-2-2

As a second example, we consider an exponentially decaying characteristic
of the form

f,=Vi~-ata*®, k=0,1,...

where a <1. The Fourier transform of this sequenceis

1-a*
Se (10-2-54)
1+.a* —2a cos wT

X(ei7) =

which is a function that contains a minimum at w = 2/T.
The output SNR for this channel is

n= (\/1+2mot 5+ -NE~1)
_ il-@

(1+ a?)Nq’

 

Nol (10-2-55)

Therefore, the loss in SNR due to the presence of the interference is
1-@?19l0Rie()

Probability of Error Performance of Linear MSE Equalizer Above, we
discussed the performance of the linear equalizer in terms of the minimum
achievable MSE J,i, and the output SNR y that is related to Jin through the
formula in (10-2-40). Unfortunately, there is no simple relationship between
these quantities and the probability of error. The reasonis that the linear MSE
equalizer contains some residual intersymbol interference at its output. This
situation is unlike that of the infinitely long zero-forcing equalizer, for which
there is no residual interference, but only gaussian noise. The residual
interference at the output of the MSE equalizer is not well characterized as an
additional gaussian noise term, and, hence, the output SNR does not translate
easily into an equivalent error probability.

One approach to computing the error probability is a brute force method
that yields an exact result. To illustrate this method, let us consider a PAM
signal in which the information symbols are selected from the set of values
2n~ M—1,n=1,2,..., M, with equal probability. Now consider the decision
on the symbol /,. The estimate of J, is

x

Lh= dont © heda-etDd60-7 (10-2-56)
Ayn K=
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where {q,} represent the convolution of the impulse response of the equalizer
and equivalent channel, i-e., K

Ga = Ss tah & (10-2-57}hank

and the input signal to the equalizer is
iL

uy => flj+m (10-2-58)}
i790

The first term in the right-hand side of (10-2-56) is the desired symbol, the
middle term is the intersymbol interference, and the last term is the gaussian
noise. The variance of the noise is

K

oaN > ¢ (10-2-59)
jek

For an equalizer with 2K +1 taps and a channel response that spans 1 + 1
symbols, the number of symbols involved in the intersymbol interference is
2K +L.

Define

= hn (10-2-60)Aven

For a particular sequence of 2K + L information symbols, say the sequence I,
the intersymbolinterference term & = D,is fixed. The probability of error for
a fixed D, is

Py(D,) = 2

_M~-}) (,/Ko jo—Diyme (10-2-61)

where N denotes the additive noise term. The average probability of error is
obtained by averaging Py(D,) over all possible sequences I,. Thatis,

(M4M(MD owe D,> qo)

Py = 2 Pu(D,)P(L)

ce2(M—1)WZ(2)PL) (10-2-62)
Whenall the sequences are equally likely,

P(L) = (10-2-63)
1.

M2k+eE

The conditional error probability terms Py(D,) are dominated by the
sequencethat yields the largest value of D,. This occurs when /, = +(M — 1)
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and the signs of the information symbols match the signs of the corresponding
{q,?- Then,

p=(M-1)D Igalk #0

and a

ae _ 2UM~1) ( qo{, M1 ’) >.Pu(D7) =~ Q JBC: —Sia) (10-2-64)
Thus, an upper bound on the average probability of error for equally likely
symbol sequencesis

Py = Py(DF) (10-2-65)

If the computation of the exact error probability in (10-2-62) proves to be
too cumbersome and too time consuming because of the large numberof terms
in the sum and if the upper bound is too loose, one can resort to one of a
number of different approximate methods that have been devised, which are
knownto yield tight bounds on P,,. A discussion of these different approaches
would take us too far afield. The interested readeris referred to the papers by
Saltzberg (1968), Lugannani (1969), Ho and Yeh (1970), Shimbo and Celebiler
(1971), Glave (1972), Yao (1972), and Yao and Tobin (1976).

Asan illustration of the performance limitations of a linear equalizer in the
presence of severe intersymboi interference, we show in Fig. 10-2-4 the
probability of error for binary (antipodal) signaling, as measured by Monte
Carlo simulation, for the three discrete-time channel characteristic shown in
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Fig. 10-2-5. For purposes of comparison, the performance obtained for a
channel with no intersymbol interference is also illustrated in Fig. 10-2-4. The
equivalent discrete-time channel shown in Fig. 10-2-5{a) is typical of the’
response of a good quality telephone channel. In contrast, the equivalent
discrete-time channel characteristics shown in Fig. 10-2-5(b} and (c) result in
severe intersymbol interference. The spectral characteristics |X (e"”’}) for the
three channels,illustrated in Fig. 10-2-6, clearly show that the channel in Fig.
10-2-5(c) has the worst spectral characteristic. Hence the performance of the
linear equalizer for this channel ts the poorest of the three cases. Next in
performance is the channel shown in Fig. 10-2-5(b), and finally, the best
performance is obtained with the channel shown in Fig. i0-2-5(a). In fact, the
error rate of the latter is within 3dB of the error rate achieved with no
interference. —

One conclusion reached from the resulis on output SNR y.. and the limited
probability of error results illustrated in Fig. 10-2-4 is that a linear equalizer
yields good performance on channels such as telephone lines, where the
spectral characteristics of the channels are well behaved and do not exhibit
spectral nulls. On the other hand, a linear equalizer is inadequate as a
compensator for the intersymbo} interference on channels with spectral nulls,
which may be encountered in radio transmission.
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FIGURE 10-2-6 Amplitude spectra for the channels shown in Figs 10-2-5(a), (6), and (c), respectively.

The basic limitation of the linear equalizer to cope with severe ISI has
motivated a considerable amount of research into nonlinear equalizers with
low computational complexity. The decision-feedback equalizer described in
Section 10-3 is shown to be an effective solution to this problem.

10-2-4 Fractionally Spaced Equalizers

In the linear equalizer structures that we have described in the previous
section, the equalizer taps are spaced at the reciprocal of the symbol rate, i.e.,
at the reciprocal of the signaling rate 1/T. This tap spacing is optimum if the
equalizer is preceded by a filter matched to the channe! distorted transmitted
pulse. When the channel characteristics are unknown, the receiver filter is
usually matched to the transmitted signal pulse and the sampling time is
optimized for this suboptimum filter. In general, this approach leads to an
equalizer performance that is very sensitive to the choice of sampling time.

The limitations of the symbol rate equalizer are most easily evident in the
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frequency domain. From (9-2-5}, the spectrum of the signal at the input to the
equalizer may be expressed as

A

¥7(f) = ~> x( =em “aT Hu {10-2-66)
where Y;(f) is the folded or aliased spectrum, where the folding frequency is
1/27. Note that the received signal spectrum is dependent on the choice of the
sampling delay t). The signal spectrum at’ the output of the equalizer is
Cr(f)¥,(f), where K

CHf)= cePeer (10-2-67)kak

It is clear from these relationships that the symbol rate equalizer can only
compensate for the frequency response characteristics of the aliased received
signal. It cannot compensate for the channel!distortion inherent in X(f)e?"™,

In contrast to the symbol rate equalizer, a fractionally spaced equalizer
(FSE) is based on sampling the incoming signalat least as fast as the Nyquist
rate, For example, if the transmitted signal consists of pulses having a raised
cosine spectrum with a roll-off factor 8, its spectrum extends to F,,, =
(1 + 8)/2T. This signal can be sampled at the receiver at a rate

Figg=
T

and then passed through an equalizer with tap spacing of T/(1+ 8). For
example, if 8 = 1, we would have a $7-spaced equalizer. If 8 = 0.5, we would
have a 47-spaced equalizer, and so forth. In general, then, a digitally
implemented fractionally spaced equalizer has tap spacing of M7/N where M
and WN are integers and N > M. Usually, a $7'-spaced equalizeris used in many
applications.

Since the frequency response of the FSE is

(10-2-68)

K

Cr(fy= Dd eyePRT (10-2-69)k=-K

where 7’=MT/N, it follows that C;-(f) can equalize the received signal
spectrum beyond the Nyquist frequency f = 1/2T to f =(1+ B)/T = NIMT
The equalized spectrum is

CrAYr(f)= Cry >, x(f —Eten

=Cr(f) OX(F - aeeanTANIMT Yeo (10-2-70)
Since X(f) = 0for |f|>N/MT, (10-2-70) may be expressed as

CHDKrf) = Cr)Ne, fle (102-71)
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Thus, we observe that the FSE compensates for the channel distortion in the
received signal before the aliasing effects due to symbol rate sampling. In other
words, C,-(f} can compensate for any arbitrary timing phase.

The FSE output is sampled at the symbol rate 1/7 and has the spectrum

Serfp-H)x(y— Beem ena
In effect, the optimum FSE is equivalent to the optimum linear receiver
consisting of the matchedfilter followed by a symbol rate equalizer.

Let us now consider the adjustment of the tap coefficients in the FSE. The
input to the FSE may be expressed as

 

 

ae) (ar ) (OM)|] —— |= — + 10-2-7v( y Dix ay TE) tle (10-2-73)
In each symbolinterval, the FSE produces an output of the form

‘ MT
ke S eakT A } (10-2-74)we OK

where the coefficients of the equalizer are selected to minimize the MSE. This
optimization leadsto a set of linear equationsfor the equalizer coefficients that
have the solution

Cop =A 'e (10-2-75)

where A is the covariance matrix of the input data and @ is the vector of
cross-correlations. These equations are identical in form to those for the
symbol rate equalizer, but there are some subtle differences. One is that A is
Hermitian, but not Toeplitz. In addition, A exhibits periodicities that are
inherent in a cyclostationary process, as shown by Qureshi (1985). As a result
of the fractional spacing, some of the eigenvalues of A are nearly zero,
Altempts have been made by Longer al. (1988a,b) to exploit this property in
the coefficient adjustment.

An analysis of the performance of fractionally spaced equalizers, including
their convergence properties, is given in a paper by Ungerboeck (1976).
Simulation results demonstrating the effectiveness of the FSE over a symbol
rate equalizer have also been given in the papers by Qureshi and Forney
(1977) and Gitlin and Weinstein (1981). We cite two examples from these
papers. First, Fig, 10-2-7 illustrates the performance of the symbol rate
equalizer and a 37-FSE for a channel with high-end amplitude distortion,
whose characteristics are also shown in_ this figure. The symbol-spaced
equalizer was preceded with a filter matched to the transmitted pulse that had
a (square-root) raised cosine spectrum with a 20%roll-off (8 = 0.2). The FSE
did not have any filter preceding it. The symbol rate was 2400 symbois/s and
the modulation was QAM.The received SNR was 30 dB. Both equalizers had
31 taps: hence, the 37-FSE spanned one-half of the time interval of the
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FIGURE10-2-8

T and $T equalizer performance as a function of timing phase for 2400 symbols per second. (NRF
indicates no receiverfilter.) [Fromm Qureshi and Forney (1977). © 1977 IEEE.]

symbol rate equalizer. Nevertheless, the FSE outperformed the symbol rate
equalizer when the latter was optimized at the best sampling time.
Furthermore, the FSE did not exhibit any sensitivity to timing phase, as
illustrated in Fig. 10-2-7.

Similar results were obtained by Gitlin and Weinstein. For a channel with
poor envelope delay characteristics, the SNR performance of the symbolrate
equalizer and a 47-FSE are illustrated in Fig. 10-2-8. In this case, both
equalizers had the same time span. The T-spaced equalizer had 24 taps while
the FSE had 48 taps. The symbol rate was 2400 symbols/s and the data rate
was 9600 bits/s with 16-QAM modulation. The signa! pulse had a raised cosine
Spectrum with 8 = 0.12. Note again that the FSE outperformed the T-spaced
equalizer by several decibels, even when the latter was adjusted for optimum

I

SNR,,,(dB) 8

247

Performance of T and 47 equalizers as a function of
timing phase for 2400symbols/s 16-QAM on a channel

with poor envelope delay. [From Gitlin and Weinstein 10'—— : 0 ’ ;
(1981). Reprinted with permission from Bell System 73-37 A 37
Technical Journal. © 1981 AT & T.) Timing phase
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FIGURE 10-3-1 Structure of decision-feedback equalizer.

sampling. The results in these two papers clearly demonstrate the superior
performance achieved with a fractionally spaced equalizer.

10-3 DECISION-FEEDBACK EQUALIZATION

The decision-feedback equalizer (DFE), depicted in Fig. 10-3-1, consists of two
filters, a feedforward filter and a feedback filter. As shown, both have taps
spaced at the symbol interval 7. The input to the feedforward section is the
received signal sequence {u,}. In this respect, the feedforward filter is identical
to the linear transversal equalizer described in Section 10-2. The feedbackfilter
has as its input the sequence of decisions on previously detected symbols.
Functionally, the feedback filter is used to removethat part of the intersymbol
interference from the present estimate caused by previously detected symbols.

10-3-1 Coefficient Optimization

From the description given above,it follows that the equalizer output can be
expressed as

0 K. .i, = > CUE; + Ss Cla; (10-3-1)
J=-K, fel

where 7, is an estimate of the kth information symbol, {c;} are the tap
coefficients of the filter, and {7/,_,,...,7,_x} are previously detected symbols.
The equalizer is assumed to have (K, + 1) taps in its feedforward section and
K,in its feedback section. It should be observedthat this equalizer is nonlinear
because the feedback filter contains previously detected symbols {/,}.

Both the peak distortion criterior and the MSE criterion result in a
mathematically tractable optimization of the equalizer coefficients, as can be
concluded from the papers by George et al. (1971). Price (1972), Salz (1973),
and Proakis (1975). Since the MSEcriterion is more prevalent: in practice, we
focus our attention on it. Based on the assumption that previously detected
symbols in the feedback filter are correct, the minimization of MSE

J(K,, K2)=E |, — 2? (10-3-2)
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leads to the following set of linear equations for the coefficients of the
feedforwardfilter:

0

SS wy=f*, ¢=—Ky,...,-1,0 (10-3-3)
po- Ky

where
=f

Wy =X fheyt Noi P= —Kive., 10 (10-3-4)m=()

The coefficients of the feedback filter of the equalizer are given in terms of the
coefficients of the feedforward section by the following expression:

D

c,.=- 3 Gfe-» &=1,2,...,K2 (10-3-5)
feo,

The values of the feedback coefficients result in complete elimination of
intersymbol interference from previously detected symbols, provided that
previous decisions are correct and that K, > L (see Problem 10-9).

16-3-2 Performance Characteristics of DFE

We now turn our attention to the performance achieved with decision-
feedback equalization. The exact evaluation of the performance is complicated
to some extent by occasional incorrect decisions made by the detector, which
then propagate down the feedback section. In the absence of decision errors,
the minimum MSEis given as 0

InilKi)=1- D3) fey (10-3-6)
Fak,

By going to the limit (K, > ~) of an infinite numberoftaps in the feedforward
filter, we obtain the smallest achievable MSE, denoted as J,;,. With some
effort Ji, can be expressed in terms of the spectral characteristics of the
channel and additive noise, as shown by Salz (1973). This more desirable form
for Jnin 1S

T ail Nrare[mlgateagléo] osexp OnIor n Xe") = Np dw (10-3-7)
The corresponding output SNR is

_ 1- Fmis
¥ Fnin

T "7?  [No+ X(e")--svon(Ef" mf] wosexp On) er n No do {10-3-8)
We observe again thal, in the absence of intersymbol interference,

X(e#") =1 and, hence, Jmmin = No/(1 + No). The corresponding output SNR is
yx = 1/No.
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Example 10-3-I

It is interesting to compare the value of J, for the decision-feedback
equalizer with the value of /,in obtained with the linear MSE equalizer. For
example, ler us consider the discrete-time equivalent channel consisting of
two taps f, and f,. The minimum MSEforthis channel is

Jn =e00 {35 JIn| ii Jae}a — n|sh—TU2.-—-080°Owesa
i NP edgir L1+ Not 2|fllflcos (wT + 8)

] rg=Nexp|- =| In(1+N, +2 fifi cos) deo|
_ 2Nq

1+ Not V(1+ Na)’ - 41fA

Note that Ji, is maximized when |fy} = |f,| = V4. Then

2No
Jmin = F

1+No+V(1+N)o-1

=2N),, Nl (10-3-10)

(10-3-9)

The corresponding output SNR is

Ny €1 (10-3-11)

Therefore, there is 2 3 dB degradation in output SNR due to the presence of
intersymbolinterference. In comparison, the performanceloss for the linear
equalizer is very severe. Its output SNR as given by (10-2-53) is y,~
(2/No)'? for Ny <1.

Example 10-3-2

Consider the exponentially decaying channel characteristic of the form

f= (1-a*)""ak, kk =0,1,2,... (10-3-12}

where a <1. The output SNR of the decision-feedback equalizeris

1 /(* 1+ a?2+(1 — a7)/Ny— 2a cos w= + _— eSY I exp {5-]ta 1+ a? ~ 2a cosw | 4a}
1

= —1+ 57 {1 — a? + No(1 + a?) + [1 — a* + No(1 + a*)]? — 4a?N3}Go

_ (= a?)+ Nod +.a)/(1 — a)} ~ Ny
No

1-a?

No ,

 

No<1 (10-3-13)
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Thus, the ioss in SNR is I logy, (1 ~a@’) dB. In comparison, the linear
equalizer has a loss of 10 log,[(1 ~ a7)/(1 + @’)] dB.

These results illustrate the superiority of the decision-feedback equalizer
over the linear equalizer when the effect of decision errors on performanceis
neglected. It is apparent that a considerable gain in performance can be
achieved relative to the linear equalizer by the inclusion of the decision-
feedback section, which eliminates the intersymbol interference from pre-
viously detected symbols.

One method of assessing the effect of decision errors on the error rate
performance of the decision-feedback equalizer is Monte Carlo simulation on a
digital computer. For purposesofillustration, we offer the following results for
binary PAM signaling through the equivalent discrete-time channel models
shown in Figs 10-2-5(b) and (c).

The results of the simulation are displayed in Fig. 10-3-2. First of all, a
comparison of these results with those presented in Fig. 10-2-4 leads us to
conclude that the decision-feedback equalizer yields a significant improvement
in performancerelative to the linear equalizer having the same numberoftaps.
Second, these results indicate that there is still a significant degradation in
performance of the decision-feedback equalizer due to the residual intersymbol
interference, especially on channels with severe distortion such as the one

FIGURE 10-3-2 Performance of decision-feedback equalizer with and without error propagation,
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shown in Fig. 10-2-S(c). Finally, the performance loss due to incorrect
decisions being fed back is 2dB, approximately, for the channel responses
under consideration. Additional results on the probability of error for a
decision-feedback equalizer with error propagation may be found in the papers
by Dutiweiler er a/. (1974) and Beaulieu (1992),

The structure of the DFE that is analyzed above employs a 7-spaced filter
for the feedforward section. The optimality of such a structure is based on the
assumption that the analog filter preceding the DFE is matched to the
channel-corrupted pulse response and its output is sampled at the optimum
time instant. In practice, the channel response is not knowna priori, so it is not
possible to design an ideal matched filter. In view of this difficulty, it is
customary in practical applications to use a fractionally spaced feedforward
filter. Of course, the feedback filter tap spacing remains at 7. The use of the
FSE for the feedforward filter eliminates the system sensitivity to a timing
error.

Performance Comparison with MLSE Weconclude this subsection on the
performance of the DFE by comparingits performance against that of MLSE.
For the two-path channel with f, =f, = V!, we have shown that MLSEsuffers
no SNR foss while the decision-feedback equalizer suffers a 3dB loss. On
channels with more distortion, the SNR advantage of MLSE over decision-
feedback equalization is even greater. Figure 10-3-3 illustrates a comparison of
the error rate performance of these two equalization techniques, obtained via
Monte Carlo simulation, for binary PAM and the channel characteristics
shown in Figs 10-2-5(b) and (c). The error rate curves for the two methods
have different slopes; hence the difference in SNR increases as the error

Comparison of performance between MLSE anddecision-feedback equalization for channel
characteristics shown (@) in Fig. 10-2-5(b) and (5) in Fig. 10-2-5(c).

 5 Decision-feedbacko .
. ‘- hizer

Decision-feedback 3 equa
equalizer 2 Correct bits fed back=

E h, Detected bits
fed back

10 15 20 25 0 5 410 15 20 25
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FIGURE16-3-4—Block diagram of predictive DFE.

probability decreases. As a benchmark, the error rate for the AWGN channel
with no intersymbolinterference is also shown in Fig, 10-3-3,

10-3-3 Predictive Decision-Feedback Equalizer

Belfiore and Park (1979) proposed another DFEstructure that is equivalent to
the one shownin Fig. 10-3-1 under the condition that the feedforwardfilter has
an infinite number of taps. This structure consists of a FSE as a feedforward
filter and a linear predictor as a feedbackfilter, as shown in the configuration
given in Fig. [0-3-4, Let us briefly consider the performance characteristics of
this equalizer.

First of all, the noise at the output of the infinite length feedforward filter
has the power spectral density

NyX(e!”7) _S.
eeee <= 0-3-14Ima xem? Sz COs14)

The residual intersymbol interference has the power spectral density

X(el7) f? Na m__ xem) =2 |w| = = (10-3-15)
T

The sum of these two spectra represents the power spectral density of the total
noise and intersymbol interference at the output of the feedforward filter.
Thus, on adding (10-3-14) and (10-3-15), we obtain

~My loi <=
Ny t+ X(e7)" T

As we have observed previously, if X(e”’) = 1, the channel is ideal and,

Ny + X(e#")| [Ny + X(e”YP '

E(w) (10-3-16)
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hence, it is not possible to reduce the MSE any further. On the other hand,if
there is channeldistortion, the power in the error sequenceat the outputof the
feedforward filter can be reduced by meansoflinear prediction based on past
values of the error sequence,

If B(w) represents the frequency response of the infinite length feedback
predictor, i.e.,

Bw) = 3 bye an (10-3-17)acd

then the error at the output of the predictoris

E(w) ~ E(w)B(w) = E(w)[1 -— B(w)] (10-3-18)

The minimization of the mean square valueofthis error, i.e..

1 meJ=| |] - Blw)P |E(w)P dw (10-3-19)2n aT

over the predictor coefficients {b,} yields the optimum predictor in the form

Bw) = 1 - 2) (10-3-20)
80

where G(w) is the solution to the spectral factorization

1

G(w)G (-°) = Fae (10-3-21)
and

G(w) = > g,eent (10-3-22)

The output of the infinite length linear predictoris a white noise sequence with
powerspectral density 1/g% and the corresponding minimum MSEis given by
(10-3-7). Therefore, the MSE performance of the infinite-length predictive
DFEis identical to the conventional DFE.

Although these two DFE structures result in equivalent performanceif their
lengthsare infinite, the predictive DFE is suboptimum if the lengths of the two
fillers are finite. The reason for the optimality of the conventional DFE is
relatively simple. The optimization ofits tap coefficients in the feedforward
and feedbackfilters is done jointly. Hence,it yields the minimum MSE. Onthe
other hand, the optimizations of the feedforward filter and the feedback
predictor in the predictive DFE are done separately. Hence, its MSEis at least
as large as that of the conventional DFE. In spite ofthis suboptimality of the
predictive DFE,it is suitable as an equalizerfor trellis-coded signals, where the
conventional DFEis not as suitable, as described in the next chapter.
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10-4 BIBLIOGRAPHICAL NOTES AND REFERENCES

Channel equalization for digital communications was developed by Lucky
(1965, 1966}, who focused on linear equalizers that were optimized using the
peak distortion criterion. The mean square error criterion for optimization of
the equalizer coefficients was proposed by Widrow (1966).

Decision-feedback equalization was proposed and analyzed by Austin
(1967). Analyses of the performance of the DFE can be foundin the papers by
Monsen (1971), George etal. (1971), Price (1972), Salz (1973), Duttweileregal.
(1974), and Altekar and Beaulieu (1993).

The use of the Viterbi aigorithm as the optimal maximum-likelihood
sequence estimator for symbols corrupted by ISI was proposed and analyzed
by Forney (1972) and Omura (1971). Its use for carrier-modulated signals was
considered by Ungerboeck (1974) and MacKenchnie (1973).

PROBLEMS

10-1 In a binary PAM system,the input to the detector is

Vm = Bin + Meg + hy

where a,, = +1 is the desired signal, n,, is a zero-mean Gaussian random variable
with variance o2, and i,, represents the ISI due to channel distortion. The ISI
term is a random variable that takes the values —4, 0, and } with probabilities |,

5, and i, respectively. Determine the average probability of error as a function
of a.

10-2 In a binary PAM system, the clock that specifies the sampling of the correlator
output is offset from the optimum sampling time by 10%.
a If the signal pulse used is rectangular, determine the loss in SNR due to the

mistiming,
b Determine the amount of ISI introduced by the mistiming and determine its

effect on performance.
16-3 The frequency response characteristic of a lowpass channel can be approximated

by

H(f)= (} +a cos2nfty (lai<t, [fi<W)(otherwise)

where W is the channel bandwidth. An input signal s(1) whose spectrum is
bandlimited to W Hz is passed through the channel.
a Showthat

y(t) = 5(1) + Safs(t — ty) +511 + ty)]

Thus, the channel produces a pair of echoes.
b Suppose that the received signal y(r) is passed throughafilter matched to s(t).

Determine the output of the matched filter at r=AkT, &=0,41,42.....
where T is the symbol duration.

¢ Whatis the ISL pattern resulting from the channelif t, = 7?
10-4 A wireline channel of length 1000 km is used to transmit data by means of binary
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PAM. Regenerative repeaters are spaced 50 km apart along the system. Each
segment of the channel has an ideal (constant) frequency response over ithe
frequency band 0<f < 1200 Hz and an attenuation of | dB/km. The channel
noise is AWGN. .
a Whatis the highest bit rate that can be transmitted without 1S]?
b Determine the required @,/N, to achieve a bit error of P,= 107 for each

repeater.

¢ Determine the transmitted power at each repeater to achieve the desired
4/N,. where Ny = 4.1 X 10°77! W/Hz.

10-5 Prove the relationship in (10-1-13) fer the autocorrelation of the noise at the
output of the matchedfilter.

10-6 In the case of PAM with correlated noise, the correlation metrics in the Viterbi
algorithm may be expressed in general as (Ungerboeck. 1974)

CMD 223 17, - SS hkm

where x, =x(aT) is the sampied signal output of the matchedfilter, {/,} is the
data sequence, and {r,} is the received signal sequence at the output of the
matchedfilter.Determine the metric for the duobinary signal.

10-7 Consider the use of a (square-root) raised cosine signal pulse with a roll-off factor
of unity for transmission of binary PAM over an ideal bandlimited channel that
passes the pulse without distortion. Thus, the transmitted signalis

vinh= S her(t— kT)ko-x

where the signal interval 7, = 47. Thus, the symbol rate is double of that for no
ISI.

a Determine the ISI values at the output of a matched filter demodulator,
b Sketch thetrellis for the maximum-likelihood sequence detector and label the

States.

10-8 A binary antipodalsignal is transmitted over a nonideal band-limited channel,
which introduces ISI over two adjacent symbols. For an isolated transmitted
signal pulse s(¢), the (noise-free) output of the demodulator is V%, at 1 = T.

8/4 at 1 =2T, and zero for t=kT, k >2, where&,is the signal energy andTis
the signaling interval.

a Determine the average probability of error, assuming that the two signals are
equally probable and the additive noise is white and gaussian.

b By piotting the error probability obtained in (a) and that for the case of no ISI,
determine the relative difference in SNR of the error probability of 10°*.

10-9 Derive the expression in (10-3-5) for the coefficients in the feedbackfilter of the
DFE.

10-18 Binary PAM is used to transmit information over an unequalized linear filter
channel. When @ = 1 is transmitted, the noise-free output of the demodulatoris

0.3 (m=1)

x 0.9 (m=0)
"10.3 (m=-1)

0 (otherwise)
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a Design a three-tap zero-forcing linear equalizer so that the output 1s

={i (m = 0}4 lo (m= +1)

b Determine q,, for m = +2, +3, by convolving the impulse response of the
equalizer with the channel response.

16-11 The transmission of a signal pulse with a raised cosine spectrum through a
channel results in the following (noise-free) sampled output from the
demodulator:

-O5 (k=~-2)
O1 (k=-1)

n= 1 (k=0)
* -0.2 (k=1)

0.05 (k=2)
0 (otherwise)

a Determine the tap coefficients of a three-tap linear equalizer based on the
zero-forsing criterion.

b For the coefficients determined in (a), determine the output of the equalizer
for the case of the isolated pulse. Thus, determine the residual 1S] and its span
in time.

10-12 A nonideal band-limited channel introduces 1$1 over three successive symbols.
The (noise-free} response of the matched filter demodulator sampled at the
sampling time kT is

z, (k =0)

_ _JO98, (k= 21)[score kT) dt 01%, (k= #2)
0 (otherwise)

a Determine the tap coefficients of a three-tap linear equalizer that equalizes the
channel! (received signal) response to an equivalent partial response (duobi-
nary) signal

- {® (k =0, 1)yr G@ (otherwise)

b Suppose that the linear equalizer in (a) is followed by a Viterbi sequence
detector for the partial signal. Give an estimate of the error probability if the
additive noise is white and gaussian, with power spectral density $N, W/Hz.

“16-13 Determine the tap weight coefficients of a three-tap zero-forcing equalizer if the
IS] spans three symbols and is characterized by the values x(0) = 1,x(—J) = 0.3,
x(1) =0.2. Also determine the residual ISI at the output of the equalizer for the
optimum tap coefficients.

10-14 In line-of-sight microwave radio transmission, the signal arrives at the receiver
via two propagation paths: the direct path and a delayed path that occurs due to
signal reflection from surrounding terrain. Suppose that the received signal has
the form

r(t) =s(t) + as(t ~ T) + a(r)
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wheres(t) is the transmitted signal, « is the attenuation (a <1) of the secondary
path and n(t) is AWGN,

a Determine the output of the demodulator at ¢= T and 1 = 27 that employsa
filter matched to s(r).

b Determine the probability of error for a symbol-by-symbol detector if the
transmitted signal is binary antipodal and the detector ignores the ISI.

¢ Whatts the error-rate performanceof a simple (one-tap) DFE that estimates a
and removesthe ISI? Sketch the detector structure that employs a DFE.

Repeat Problem 10-10 using the MMSEasthecriterion for optimizing the tap
coefficients. Assume that the noise powerspectral density is 0.1 W/Hz.
In a magnetic recording channel, where the readback pulse resulting from a
positive transition in the write current has the form

os 2 io=[r+(Z)]° Tow

a linear equalizer is used to equalize the pulse to a partial response. The
parameter 7;, is-defined as the width of the pulse at the 50% amplitude level.
The bit rate is 1/7, and the ratio of T,,,/7, = A is the normalized density of the
recording. Suppose the pulse is equalized to the partial-response values

‘ 1 (n=~-1,1)
x(nT)=72 (n=O)

0 (otherwise)

where x(t} represents the equalized pulse shape.
a Determine the spectrum X(f) of the band-limited equalized pulse.
b Determine the possible output levels at the detector, assuming that successive

transitions can occur at the rate 1/7,.
¢ Determine the error rate performance of the symbol-by-symbol detector for

this signal, assuming that the additive noise is zero-mean gaussian with
variance oc”,

Sketch thetrellis for the Viterbi detector of the equalized signal in Problem 10-16
and labelall the states. Also, determine the minimum euclidean distance between
merging paths.

Consider the Problem of equalizing the discrete-time equivalent channel shown
in Fig. P10-18. The information sequence {/,} is binary (+1) and uncorrelated.
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(+ Ly.)

{v,}

The additive noise {v,} is white and real-valued, with variance Nj. The received
sequence {y,} is processed by a linear three-tap equalizer that is optimized on the
basis of the MSE criterion.

a Determine the optimum coefficients of the equalizer as a function of No.
b Determine the three eigenvalues A,, A,, and A, of the covariance matrix [ and

the corresponding (normalized to unit length) eigenvectors v,, v2, ¥3.
¢ Determine the minimum MSEfor the three-tap equalizer as a function of No.
ad Determine the output SNR for the three-tap equalizer as a function of Np.

How does this compare with the output SNR for the infinite-tap equalizer? For
example, evaluate the output SNR for these two equalizers when N, = 0.1.

Use the orthogonality principle to derive the equations for the coefficients in a
decision-feedback equalizer based on the MSE criterion and given by {10-3-3)
and (10-3-5).
Suppose that the discrete-time model for the intersymbol interference is
characterized by the tap coefficients f,, f,...,:. From the equations for the tap
coefficients of a decision-feedback equalizer (DFE), show that only L taps are
needed in the feedback filter of the DFE. Thatis, if {c,} are the coefficients of the
feedback filter then c, = 0 fork 2>L +1.

Consider the channel model shown in Fig. Pi0-21. {v,} is a real-valued
white-noise Sequence with zero mean andvariance No. Suppose the channelis to
be equalized by DFE having a two-tap feedforward filter (cy, c.,) and a one-tap
feedback filter (c,). The {c,} are optimized using the MSEcriterion.
a Determine the optimum coefficients and their approximaie values for Ny <1.
b Determine the exact value of the minimum MSEanda first-order approxima-

tion appropriate to the case Ny <1.
c Determine the exact value of the output SNR for the three-tap equalizer as a

function of Ny and a first-order approximation appropriate to the case N,<1.
d Compare the results in (b) and (c) with the performance of the infinite-tap

DFE.

e Evaluate and compare the éxact values of the output SNR for the three-tap
and infinite-tap DFE in the special cases where N, = 0.1 and 0.01. Commenton
how well the three-tap equalizer performsrelative to the infinite-tap equalizer.

10-22 A pulse andits (raised-cosine) spectral characteristic are shown in Fig. P10-22.
This pulse is used for transmitting digital information over a band-limited
channelat a rate 1/7 symbols/s.
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FIGURE P10-22

a Whatis the roll-off factor 8?
b Whatis the pulse rate?
¢ The channel distorts the signal pulses. Suppose the sampled values of the

filtered received pulse x(¢) are as shown in Fig. P10-22(c} It is obvious that
there are five interfering signal components. Give the sequence of +1s and —1s
that will cause the largest (destructive or constructive) interference and the
corresponding value of the interference (the peak distortion).

d Whatis the probability of occurrence of the worst sequence obtained in (c),
assuming that all binary digits are equally probable and independent?

10-23 A time-dispersive channel having an impulse response A(t) is used to transmit
four-phase PSK at a rate R=1/T symbols/s. The equivalent discrete-time
channel is shown in Fig. P10-23. The sequence [y,} is a white noise sequence
having zero mean and variance a7 = Ny
a Whatis the sampled autocorrelation function sequence {x,} defined by

X= [ h*()A(t + kT) de

 
FIGUREP10-23
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FIGURE P10-24 In}

for this channel?

b The minimum MSEperformance of a linear equalizer and a decision-feedback
equalizer having an infinite number of taps depends on the folded spectrum of
the channel

1< 2m ?_ + _72 ( Taaa  
where H(w) is the Fourier transform of A(t). Determine the folded spectrum
of the channel given above.

ce Use your answer in (b) to express the minimum MSEof a linear equalizer in
terms of the folded spectrum of the channel. (You may leave your answerin
integral form.)

d Repeat (c) for an infinite-tap decision-feedback equalizer.
10-24 Consider a four-level PAM system with possible transmitted leveis, 3,1, —1, and

—3, The channel through which the data are transmitted introduces intersymbol
interference over two successive symbols. The equivalent discrete-time channel
mode] is shown in Fig. P10-24. {y,} is a sequence of real-valued independent
zero-mean gaussian noise variables with variance o” = N,. The received sequence
is

yi = O.8/, +n,

y. = 0.8%, — 0.67, +n,

ys = 0.81, ~ 0.6, +n;

Ye = 0.81, —0.61,_) +

a Sketch the tree structure, showing the possible signal sequences for the
received signals y,, y. and ys.

b Suppose the Viterbi algorithm is used to detect the information sequence. How
many probabilities must be computed at each stage of the algorithm?

c How many surviving sequences are there in the Viterbi algorithm for this
channel?

d Suppose that the received signals are

y =0.5, y= 2.0, ya = -10
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Determine the surviving sequences through stage y, and the corresponding
metrics.

e Give a tight upper bound for the probability of error for four-level PAM
transmitted over this channel.

A transversal equalizer with K taps has an impulse response
ai

et) = S 6 - kT)A-0

where Tis the delay between adjacent taps, and a transfer function
A-d

E(z)= Dazk-0

The discrete Fourier transform (DFT) of the equalizer coefficients {c,} is definedas

kK ft :
E, = E(z),. oma = SY ceop = 01... KO 1&-0

The inverse DFTis defined as

y *.!
— 3 Byet"*®, ke 010..,K 1b=

“KS

a Show that 5, =c,, by substituting for £,, in the above expression.
b From the relations given above, derive an equivalent filter structure having the

z transform
 
nets E,,BQ) =" Eseabot}

E\(z) Ez)

¢ If E(z) is considered as (wo separate filters E,(z) and E,(z) in cascade, sketch
a block diagram for each of the fitters, using z”' to denote a unit of delay.

4 In the transversal equalizer, the adjustable parameters are the equalizer
coefficients {c,}. What are the adjusiable parameters of the equivalent
equalizer in (b), and how are they related to {c,}?


