Performance Evaluation of Adaptive Equalizer in 3-Way
Fading Channel considered Impulsive Noise and AWGN
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ABSTRACT

In this paper, we evaluate and compare the performances of the tapped-delay line equalizer, the decision feedback
equalizer, and the lattice-structured equalizer, for the recovery of the digital signal corrupted by the impulsive noise
and the white Gaussian noise under the fading channel environment. Adaptive least mean square algorithm and least
sguare algorithm are used in each equalizers,

From the results of error performance analyses, we obtain that in order to produce 107 BER (bit error rate), lat-
tice-structured equalizer have the SNR margin of 3,0 dB than LMS TDLE and of 3.3 dB than RLS TDLE,
and SNR margin of 0.5 dB than LMS DFE and of -0.5 dB than RLS DFE in case that faded, and existed im-

pulsive and Gaussian noise,
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I . Introduction the simplicity, the decision feedback non-linear

equalizer (DFE) with the good property for inter-

Linear equalizer and non-linear equalizer have ference, and the lattice-structured equalizer{1.E)
been researched to recover the digital signal with low relation for the eigenvalue distribution
distroted by intersymbol interference channel ratio of the correlation matrix of the channels
noise and multi-path fading [1,2]. have been generally used. The used adaptive
Practically, the tapped-delay line{TDL) linear algerithms are the LMS algorithm with the few
equalizer with the few calculation quantity and calculation quantity and RLS algorithm with the
fast convergence speed and good interbit ortho-
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Hael 2t 1092, 12, 4, In this paper, we have evaluated the perform-
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ance of the TDL equalizer, the decision feedback
equalizer, and the lattice-structured equalizer
using the LMS and RLS algorithm, for the digital
signal corrupted by the impulsive noise and the
white gaussian noise under the fading channel en-

vironment,
II. Adaptive equalizer and channel

1. Adaptive equalizer

1) Tapped-delay line equalizer

TDL(transversal or nonrecursive) equalizer has
simple structure among the many equalizer
structures.

The present and past value r{t-nT) of the
received signal is linearly weighted by the
equalizer coefficient{tap weight) and summed up
to produce the output.

Equalizer coefficient C,,n=0,1,- - - N-1, 1s selec-
ted to maike all the samples of the impulse re-
sponse of the equalizer to zero at the T moment.

Tap weight updating equation of the equalizer
using the LMS algorithm is represented as eq.
(D).

Colk+1) =C, (k) —4d-e,-(tg+kT—nT)
n=01,---N—1 (1)

where, Ca(k) : n-t tap coefficient at time k,

€ : error signal ,

to : sampling time,

A :adaptive coefficient, or magnitude of

step.
Tap weight updating equation of the equalizer

using the RLS algorithm is represented as eq,
(2) [1.6).

H(k) =H(k~1)+R(k)-e{k) (2)
where, H{k) : coefficient vector at time Kk,
R{k) : weight vector,

__ BUPk-1-X(k)
1+4 1-XT(k) -P(k—1)-X(k)

B : expontial weighting factor (=1)

P(k) =p"'"P(k—1}— B R(K)X"(k)
Pk—1)
NN vector,
X(k) :input vector
e(k) :error signal
=d(k) -XT(k)H{k~1),
d(k) : desired signal,

2) Decision feedback equalizer

Non-linear decision feedback equalizer which is
useful for channels with severe amplitude
distortion, uses decision feedback to cancel the
interference from symbols which have already
been detected.

The structure of decision feedback equalizer is
shown Fig, 1. Equalized signal is the sum of
outputs of the forward and feedback parts of the
equalizer. The forward filter is like the TDL
equalizer, Decisions made on the equalized signal
are fed back via a second TDL filter.

The basic idea is that if the already detected
value of the symbols are known (past decisions
are assumed to be correct), then the ISI
contributed by these symbols can be exactly
rejegted. by subtracting past symbol values with
appropriate weighting from the equalizer output.
The weights are samples of the tail of the system
impulse response including the channel and the
forward part of the equalizer.

The forward and feedback coefficients may be
adjusted simuitaneously to minimize the MSE,
The update equation for the forward coefficients
is the same as for the linear equalizer,

The feedback coefficients are adjusted accord-
ing to the eq. {3).

brn(k+1)=brn(k)+d'ek'xk-m, m:l,"‘,M (3)

where, bn(k) : mth feedback coefficient at time k,

Xx - k- symbol decision.

The optimum LMS settings of bm, are those
that reduce the ISI to zero, within the span of
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Fig. 1 The block diagram of the decision feedback
equalizer (DFE}

the feedback part, in a manner similar to a Zero
Frocing equalizer. Since the output of the
feedback section of the DFE is a weighted sum of
noise-free past decisions, the feedback coeffic-
ients play no part in determining the noise power
at the equalizer output,

3) Littice -structured equalizer
It is generally known that the lattice-structur-
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Fig. 2 The block diagram of the lattice-structured
equalizer

ed equalizer few relate to the eignevalue distri-
bution ratio of the correlation matrix of the
channels for convergence speed.

The structure of lattice-structured equalizer
consists of a set of n-1 stages with internal coef-
ficients which are commonly called the reflection
or PARCOR coefficients,

The structure of lattice equalizer is shown Fig. 2.

The RLS lattice algorithm is represented as
next equations.

—Lattice predictor : begin with n=1
& m=0,1,---, M—2

kmt1(n—1)=w kn+1(n~2)4am(n—2)n{n—1)gn
(n—2)

xfm+1(n-—1)=-%;‘:((g+é))
—_kmti(n—1)
lc*’m+l{ﬂ—1)" Efm(n_l}
fot1{n)=fn{n} +xfm+1(n—1)gm{n—1) (4)
Eat1(N)=Rm{n—1) +xbm+1{n—1)m(n) (5)
— 2
Efm+l(n—l)=Efm(n_l)_%
km - )2
Ewri(n—1) =Bbm(n ~2) - st (=L
- m(n—1)12
w1 (n—1)=am{n—1) - azm{nEb!n)(lng_l()n L

—Lattice filter : begin with n=1
& m=0,1,--- M—1

du(n—1)=w dn(n—2)Fan{n—1}g,{n—1)e
m(n* 1}

- 5m(n__l)_ {(6)
ém(n*l)_ - Ebm(n_' 1)

ent1{n}=en{n)+&n(n—1)gmin)

where, xfm P @ forward and backward reflection
coefficients at stage m,
EfEfn : forward and backward prediction
errors at stage m,
Em ¢ m—th tap coefficient,
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2. Mobile communication fading channel
The mobile communication channel is modelled

as the 3-way fading channel in Fig. 3.

n(t)
S(t) Y(t)
SR N :
To equalizer input

Impulsive

b Noise

Fig. 3 The model of 3-wuy fading channels

The input signal Y{t) of the equalizer is
represented as eq. {7).

Y{t) =S(t) glt-nT)+g, S{t) glt —nT—1))
+4. S(t) glt—aT — ) +nl{t)+in(t ~nT) (7)

where, S(t) : source data of 1 /0y,

1, [tI<T /2,
glt)y= [
0, 1t|>T/2
M. B : attenuation ratio of the each path,
.72 :delay of the each path,
a(t) : white Gaussian noise,
in(t) : impulsive noise.

[l. Performance analyses of the equalizer

For the performance analyses, the digital signal
which passes through the 3-way fading channel
and then corrupted by the Gaussian and impul-
s$ive noise is sampled 8 times per symbol period,
and used as input of the equalizer,

Table 1 represents the initial values used for

performance analysis of Fig, 4.

Table 1. Initial values of I.LMS equalizer

Tap order | Tap coefficient | Mag, of step

(forward / { forward (priod of train.

backward) /backward /normal)
LE 4/0 0.2/0 0.0002 /0.0001
DFE 4/3 0.3/0.2 ] 0.0002 /0.0001
TDLE 4/0 0.15/0 0.005 70.001

Table 2 represents the initial values used for

performance analysis of Fig. 6.

Table 2. Initia) values of RLS equalizer

Tap order | Tap coefficient | P vector

{(Forward / | (Forward/ {Forward /
_ Backward) Backward Backward)
LE 4/0 0.0/0 0/0
DFE 4/3 0.3/0.2 10/10
TDLEl 4/0 0.15/0 3/0

Fig. 4 shows the performance comparison of
lapped-delay line equalizer, decision feedback
equalizer, and lattice-structured equalizer using
I.MS algonithm in case that impulsive noise

doesn’t exist.
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Fig. 4 Performances [ 1] of the equalizers using LMS al-
gorithm

Fig. 5 is the graph of performance comparison
of tapped-delay line equalizer, decision feedback
equalizer, lattice-structured equalizer using LMS
algorithm in case that impulsive noise does exist.

The used initial values are same as the table 1.

Fig. 6 is the graph of performance comparison

of tapped-delay line equalizer, decision feedback
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Fig. 6 Performances [1] of the equalizers using RLS
algorithm

equalizer, lattice-structured equalizer using RLS
algorithm in case that impuisive noise doesn’t
exist.

Fig. 7 is the graph of performance comparison
of tapped-delay line equalizer, decision feedback
equalizer, lattice-structured equalizer using RLS
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Fig. 7 Performances | 2] of the equalizers using RLS al-
gorithm,

atgorithm in case that impulstve noise does exist.

The used initial values are same as the table 2.

In the Fig. 4, 5, 6, 7, the graph (a),(d), (g) rep-
resent in case that the fading doesn’t exist, the
graph (h),(e),(h) represent in the case of T /4
delayed at the path 1, the graph {c),{f),{i) rep-
resent in the case of T /4 delayed at the path 1
and -T /4 delayed at the path 2.

It is confirmed that lattice-structured equalizer
has better performance than DFE equalizer and
TDL equalizer, and that the equalizer perform-

Table 3. SNR comparison between lattice equal.
and other equalizers

(In the case of 10~* BER)

Impu_]swe Exist Non exist
Noise

Latticels | pep | TpLE | DFE | TDLE
better than
L | Nen | ocan| 2608 | 06dB| 1.9dB
M | fading
S u 05dB | 3.0dB 0.4dB| 2.1dB
R | N | oim| 48a | 188 | 4408
L | fading
S n | -05dB| 39dB | —08dB| 26dB
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ance degrades in case that fading and impulsive
noisec also exist,

In the case of 103 BER, the comparison of
SNR between lattice-structured equalizer and
other equalizer is represented as table 3.
where, the used parameters are as follows.

K=0.08, {=power ratic of indirect signal
to direct signal}

Power of impulsive noise=0.09[ w]

Power of signal=1.0 [w]

n=T /4 delay, 1,= —T /4 delay

IV. Conclusion

In order to recover the distorted digital signal
in the mobile communication fading channel, we
have analyzed the performance of the tapped-de-
lay line equalizer with the few calculation quan-
tity and the simplicity, the decision feedback
equalizer with the good property for interference,
and lattice-structured equalizer that is known
with low relation for the eigenvalue distribution
ratio of the correlation matrix of channels using
the LMS algorithm and the RLS algorithm,

We have obtained the analyses results that in
order to produce 1073 BER, lattice-structured
equalizer have the SNR margin of 3.0 dB than
LMS TDLE and of 3.9 dB than RLS TDLE, and
the SNR margin of (.5 dB than LMS DFE and of
—0.5 dB than RLS DFE in case that don’t faded,
and existed impulsive and gaussian noise.

From the results of the preformance analysis,
we have obtained that lattice-structured equalizer
has better performance than DFE equalizer and
TDL equalizer, also that the equalizer perform-
ance deteriorates in case that fading and impul-

sive noise concurrently exist,

1

. H. s

Reference
. T. Naka, et al.,, “Adaptive Equalizer for Digital
Cellular Radio,” fEEE, 41st, VTC, May 1991.
M. Abe, et al., “Analysis on Bit-Error Charact-
Codec Mobile
Communications System,” IEEE, 41st. VTC, May
1991.

enstics of Channel in  Digital

. £, H. Satorius, et al., “Application of Least Squares
Lattice Algonthms to Adaptive Equalization,” JE£
Trans, COMM, Vol. COM-29, No. 2, Feh. 1981.

. R. A. Kenendy, et al.,, "Channels l.eading to Rapid

Error Recovery for Decision Feedback Equalizers,™
IEEE Trans. ¢ OMM, Vol. 37, No. 11, Nov, 1989,

. &. Ling, et al., “A Generalized Multichanne| Least

Squares Laitice Algorithm Based on Sequential

Processing Stages,” [EEE Trans. ASSP, Vol

ASSP-32, No. 2, Apr. 1984,

. J. G. Proakis, Digital Communications. McGraw-Hill,

1983,
“Characteristics Analysis of
Mobile

Keum, et al.,

Adaptive Equalizer in Communication

Channel,” 9th, Speech commustication and  signal
processing workshop. SCAS-9, No. 1, Aug. 1992
H. S,
Adaptive

“Performance Evaluation of

Mohile

Keumn, et al.,
Equalizer n Communication
Fading Channel,™ The conference of the acoustical so-

cuefv of Korea. vol. 11, No. 1{s), Nov. 1992.



Performance Evaluation of Adaptive Equalizer in 3-Way Fading Channel considered Impulsive Noise and AWGN 11

AHong-Sik Keum

1988, 3~1992, 2: Dept. of Ele-
ctronics Eng. CHUN-
GBUK NAT'L UNIV.

(Bachelor’s Degrec)
He is in the course of M.S. 1n

the department of electronics

engineering from March, 1992,
His tnteresting area is statistical communication

system and adaptive filter applications.

ADong-Yoo Lee

1988. 3~1992. 2: Dept. of Ele-
ctronics Eng. DAF)E-
ON NATL TECH-
NICAL UNIV,
{Bacheior’s Degree)
He is in the course of M. S. in
the department of electronics
engineering of chungbuk national university from
March, 1992. His current research interests are in
communication system and digital signal proces-
sing.

AHeung-Gyoon Ryu : Vol.10, No.4, 1992.

AYong-Ro Kim

1986. 3~1991. 2: Dept. of Ele-
ctronics Eng. CHUN-
BUK NATL UNIV.
{Bachelor's Degree}

He is in the course of M.S. in

the department of electronics

engineering from March, 1992,
His current research interests are in communi-
cation theory, digital communication systems,
and its applications,



