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ABSTRACT 

Conventional adaptive equalization of data transmission channels 
requires an initial training period during which a known data 
sequence is transmitted and properly synchronized at the receiver 
Transmission of the training sequence is not convenient for 
multipoint data communication networks. Recently, research is 
directed towards equalization schemes that operate without 
initial training sequence. Such schemes are called self-adaptive 
equalizers(SAE). Most of SAE schemes available in literature 
need a long time to converge to the optimum equalizer. 

In this paper we propose an equalization scheme that shortens 
this time significantly. The proposed scheme is a cascade of two 
adaptive equalizers. The first one is short and thus it converges 
rapidly. The partial equalization done by this equalizer is 
coarse and will not enable reliable recovery of data. The second 
equalizer is long and it starts adaptation after the convergence 
of the short one. Due to the partial equalization performed by 
this latter the convergence time decreases. The length of the 
long equalizer is determined by the desired precision of 
equalization. This scheme is simulated on a digital computer. 
Simulation results exhibit superiority of the proposed scheme 
over published ones. 

I. INTRODUCTION 

A great deal of research has been performed in the last twenty 
years for equalizing data transmission channels (e.g. 1-3]. 
Equalization is done by passing samples of received signal 
through an adaptive equalizer consisting of tapped delay line 
having adjustable coefficients (tap-weights).The equalizer tap-
weights are adjusted by starting the transmission with a short 
training sequence of digital data which is known in advance by 
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the receiver. This mode is called the training mode. At the end 
of this mode the equalizer coefficients reach their optimum 
values. Thenceforward the equalizer will use the detected data 
instead of actual data to continue the adaptation process. This 
latter mode is called the decision-directed mode, and it is 
intended for tracking possible changes in channel characteris- 
tics during transmission. 

In modern multipoint data-communication netweorks, several 
receivers may be hearing the same transmitter at the same time. 
The problem pecular to multipoint networks is that of retraining a 
tributary receiver which, because of drastic changes in channel 
characteristics or simply because it was not powered-on during 
initial network synchronization, is not able to recognize data 
and polling messages. Since lines are shared, the control modem 
has to interrupt data transmission and initiate a new synchro-
nization procedure generally causing all tributaries to retrain. 

It is clear that, particularly for large or heavily loaded 
multipoint networks, data throughput is increased and network 
monitoring is made easier by giving tributary receivers the 
capability to achieve complete adaptation without disrupting 
normal data transmission to other terminals. The equalizers used 
to make the receivers operating as explained above are called 
self adaptive equalizers (SAE). 

A common feature of previous SAE algorithms [3-".71 is that they need 
a relatively long time to converge to the optimum setting. This 
drawback may be not tolerable in cases of rapidly varying channels. 
Also,the information lost during this time will be large. In 
this paper, we propose an SAE algorithm that has rapid converge-
nce and low steady state error. The proposed scheme is a cascade 
of two adaptive equalizers. The first onais short and thus it 
converges rapidly. The second equalizer is long and it starts 
adaptation after the convergence of the short one. Due to the 
partial equalization performed by this latter, the convergence 
time of the long equalizer is reduced. 

The paper is orgainzed as follows : section II gives a review on 
the previous work in the domain of SAE. The proposed SAE is 
given in section III, and its simulation results are given in 
section IV. Finally section V is devoted to discussion of resu- 
lts and conclusions. 

II. REVIEW ON PREVIOUS WORK 

The block diagram of data transmission system is given in Fig.l, 
in which the "channel " includes the effects of the transmitter 
filter, the modulator, the transmission medium, and the demodu-
lator. A symbol al,which is one of L discrete amplitude levels, 
is the transmitted data at instant kT, where T seconds is the 
signaling inlerval. Let the vector Xk  represent the N samples 

measurments tti,J, -re available at the channel output and have 
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some relationship with ak. 

The equalizer consists of a tapped-delay line having N adjust-
able coefficients (tap-weights). Let H denote the vector 
composed of he equalizer coefficients. The output of the equa- 
lizer yt, = H 	H'is the transpose of H, is a linear estimate 
of al, ofi the basis of X1,.. The optimum equalization vector Hk is 
the ane that minimizes the difference between yk  and ak  according 
to some criterion. According to the popular minimum mean-square 
error criterion,H*  is the vector that minimizes E ((a1,-ykr). 
This value is the solution of the Wiener- Hoph equatian, 

where; 
R H*  = P 	 (1.a). 

R =E (Xk Xk
T ) 
	

P=E (ak Xk) 
	

(1.b). 

Direct solution of this equation implies matrix inversion which 
is a complicated process that is usually avoided in signal pro-
cessing. In practice, this solution is searched iteratively with 
the help of the least-mean square (LMS) algorithm of Widrow, 

Hk+l = Hk  + 	(ak-HkT Xk) Xk 	(2) . 

where 2a , called the step size, is a small positive constant 
that controls the convergence of the algorithm (2). This algo-
rithm is used in the training mode. At the end of this mode, the 
equalizer coefficients reach their optimum,..values, H.  Then the 
adaptation is continued by recovered data ainstead of al,to 
track any, possible, variations in channel bharacteristits. Thus 
the adaptation is continued according to the decision directed 
algorithm, 

H 	= Hk + LL (a4  -H T Xk)  X k+1 	 tkkkk 

where; 
ak 	= dec(yk) 

ak is obtained by quantizing yk  to the nearest data level. 

(3)  

(4)  

 

Discrete 
Information 
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Fig.l. Block diagram of a data 
transmission system . 
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SAE schemes do not have a training mode. The direct use of the 
algorithm (3), from the start of communication, succeeds in 
reaching near to H. for the cases where the eye pattern is 
initially open. This is the case of channels with mild distor-
tion. If the eye pattern is initially closed, the algorithm (3) 
may diverge as has been observed from simulation and experimen-
tal results of this algorithm. 

To overcome this problem, Sato[3]presented the following SAE 
algorithm, 

The disadvantage of Sato algorithm is that its equalization is 
more coarse than that of the decision directed algorithm . This 
problem is overcome by using Sato algorithm to open the eye 
pattern and then adaptation is switched to the decision direc-
ted algorithm (3),(4). 

In [4] two other SAE algorithms, for quadrature amplitude modu-
lation data communication systems, are presented. In suck sys- 
tems 	X and H are complex quantities. Denoting by X the 
comple cofijugatekof Xk, those algorithms are : 

le. 	E(ak2) 
Hk+l  = H +1.4(2rsign (HkT  Xk)-HkTXk) Xk, k 1 	 (5) E(lak1) 

The probability of an erroneous sign-decision is smaller than 
that of the direct multilevel decision (3),(4). This explains 
the superiority of Sato algorithm (5) to the decision directed 
one (3) , (4). 

OC  Hk.4.1  = Hk+ 11 yk  ( lyki  1)xk  ; - 
E(lak 1 2) 

E(lak1 ) (6) 

and 

E(Iak 1 4) 

E(takj2) 

The algorithms (6) and (7) are intended to minimize the coast 
functions, E[(tyk f-Def] and E [(11702-41] 	, respectively. The 
results given in [4] show that the convergence of (7) is faster 
than that of (6). 

In C5-7] , the convergence of SAE algorithms (5), (6) and (7) have 
been analyzed. According to those papers,the above SAE algorithms 
have numerous stationary points, some of those points correspond 
to good equalizers, while others correspond to bad ones. The 
points to which the algorithm converges depend on the initial 
setting of the equalizer. Thus, in general, one does not know if 
the above SAE algorithms will converge to a good equalizer or to 
a bad onc..- lowers 	simulation results, given in [4] , show that 

o 	1 21 v*  
Hk+l = Hk-1-211 Yk (f3  - 1170 ." k ; 1;1  = (7) 
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in cases of channels with mild distortion, the above algorithms 
will converge to a good equalizer if one of the tap-weights is 
initially set to a large value, while the remaining ones are 
set to small (or zero) values. 

III. PROPOSED SAE SCHEME 

The proposed equalization scheme,Fig.2, is a cascade of two trans-
versal filters. The first filter is short, i.e. it has small 
number of taps N1, while the second one is long, it has NZ  taps. 
The principle of operation of this scheme relies on the follow- 
ing facts known from the theory of adaptive equalization 	. 

Fig. 2. SAE using two stages transversal filters. 

As the equalizer length N increases, equalization becomes more 
precise. However, the allowable step size?. decreases and, con-
sequently, the convergence speed decreases. The greater is the 
level of noise in the control error signal (a1,-yk  in(3) and 
'sign (y0-yt, in (5)) the smaller should be thestepsite;thus the 
slower will bg the convergence. Finally for a given adaptation 
algorithm (i.e. given N and 2.1- ), the farer is the initial sett-
ing from H*, the longer will be the convergence time. The above 
arguments imply that precise SAE needs a long time to converge. 

Now, in the proposed scheme, the short equalizer ensures rapid 
convergence. The partial equalization offered by this equalizer 
makes the equivalent channel in front of the long equalizer a 
mild one. This improves both the speed and accuracy of converge-
nce of the long equalizer. 

The adaptation of the proposed equalizer will be done in the 
following way. On the start of the adaptation process, only the 
coefficients of the short equalizer are adaptive. After the 
convergence of the short equalizer has been settled (say after 
it samples) the adaptation of the long equalizer is started while 
the adaptation of the short equalizer is terminated. The reason 
for this termination is to protect the long equalizer from the 
adaptation noise of the short one. 

-J 
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IV. SIMULATION. RESULTS 

Intersymbol interference equalization can be carried out for all 
pulse-modulation systems, including pulse amplitude medulation 
(PAM), frequency shift-keying, phase shift-keying and quadrature 
amplitude modulation. 

In this paper only PAM systems are considered in the simulations. 
Conclusions, however, can be easily extended to other types of 
modulation. Impulse response and sampled impulse response of a 
typical telephone channel are given in figures 3 and 4 M. The 
data to be transmitted are equally distributed over L possible 
values. We have considered two cases. Those are : L = 8 and L = 4 
and the data alphabets are i± 1, ± 3, ± 5, t 	 and /± 1,43) 
respectively. The additive noise at the channel output is zero 
mean white Gaussion with power e. The signal-to-noise ratio 
(SNR) is defined as SIM= E(4 e )/. SNR is taken equal to 20dB. 

The coefficients of both the short and long equalizers are 
apdated according to the algorithm, 2 

 E(ak  
Hk+l = Hk

+
e
a 0' sign (Hk

T Xk) - Hk
T Xk) 	(5) 

Eaalj) 

Before we give simulation results, it is convenient to define 
the following quantities. The first is the data power a2 = E(at ). 
The second is the instantenous mean-square error E((a1,-yvT) at the 
output of the equalizer. Its estimated,. is calculates over the 
interval [(n-1)M+1 , /1M] according to 

(ai-yi)
2 

E 	_  i=(n-7)M+1 	n = 1, 2, ...  

where; M is few tens of samples. (M = 100 samples). The third 
is the error rate Pn in the interval [(n-1)M+1 r  nM} . It is 

calculated according to 

Pn  
M+1 - 

M 
n = 1, 2,.... 

where, 
A 

1 for a. a. 

A 
0 	for 	a. = a. 

The performance of an equalizer is evaluated by the help of the 
convergence time T and the residual mean square error E. cis 
considered as the ime after which en  fluctuates around 

4. 
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a constant value and E is the average value of C after conver-
gence has been settled. 

The figures 5-7 give tI4e results of the proposed SAE with Ns  = 
9,N,= 21, and A= 5.10 in the case of L=8. Fig. 5 shows the 
derendance of Ron h. Without equalization, Pitt  is 70 percent 
(curve 0). The value of Ph  whenusing conventional SAE (F2  only) 
4.s shown in curve CD while that of the proposed SAE scheme 
(F1  +F2  ) is shown in curve CD . It is clear that the convergence 
oftheoproposed SAE observed by curve CD is faster than that of 
the conventional SAE (curve Z). 

Relation between C and n for 142= 8.10 is shown in Fig. 6. The 
values of.Eand Tc  Ifor different values of /42are given in Fig.7. 
From this figure it is obvious that the performance of the pro-
posed scheme is better than that of the conventional one. 

In the case of four level data (L=4), the results are given in 
thefigures 8,9 and 10; by the same procedure explained in the 
previous case. It is concluded that the performance of the pro-
posed,SAE is also better than that of the conventional one. 

Several trials have been done to reach the optimum values of i 
in the cases of L=8 and L=4, those values are 600 and 100 samplgs 
respectively. 

In practical realization of the proposed equalization scheme, 
there should be a unite for estimating the values of ic . The 
implementation of uch a unite is now under our study. 

Fig. 3. Impulse response of the' 
channel.  

Fig.4. Flu-pled repulse response 
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Fig. 5. Evolution of the error rate. Q output of the 
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V. CONLCUSIONS 

In this paper we have introduced a self adaptive equalizer with 
rapid acquisition. The results show that this scheme has faster 
speed of convergence and smaller residual mean square error than 
the conventional self adaptive equalizer. For example (see Fig.7), 
the proposed self adaptive equalizer ensures a steady state mean 
square output error of the value 0.012 with a convergence time of 
2800 baud intervals. The conventional self adaptive equalizer 
that ensures the same steady state error needs 11000 baud inter-
vals to converge. 

The proposed scheme does not require more computing power than 
the conventional self adaptive equalizers. That is due to the 
fact that the two adaptive filters, of which the proposed self 
adaptive equalizer consists, are updated sequentially. 
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