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ABSTRACT latter case the required coefficients are computed in terms of

In this paper a new indirect channel equalization technique, suitablilget.CIRhWh![Chbhanto bet elsnmatedtflrs'[ih[s]' .Chg]nnel esltt.l'
for wireless burst transmission systems, is proposed. The techniqu'JEl lon has to be adequately accurate, otherwise the resuiting
consists of two distinct parts. The first part comprises a parametfdualizer performs poorly.

method for estimating the unknown channel impulse response (CIR) In this paper, a novel indirect equalization method is pro-
in a blind or semi-blind manner. The main trait of this method iposed consisting of the following two parts. In the first part the
that instead of seeking the whole CIR sequence only the unknowmknown CIR is estimated based on a new parametric tech-
time delays and attenuation factors of the physical channel multipamque_ More specifically, assuming that the multipath CIR has
components are estimated. The involved CIR estimation method, fgrdiscrete form, the channel estimation task is reduced to that
the same degree of estimation accuracy, is much simpler as compaggdestimating the time delays and attenuation factors of the
to the existing methods. In the second part, a fixed DFE is appli ysical channel components. Therefore, the size of the esti-
on the current burst yielding the unknown transmitted symbols. T ation problem is smaller since it now dépends only on the
DFE filters are computed in terms of the estimated CIR values via a

mber of delayed components and not on the length of the

recently proposed efficient scheme. It should be noted that, since : . . o
training or a small number of training symbols are used, the who R. The benefit of this alternative parametrization is twofold.

technique offers significant bandwidth savings at a reasonable cofll'St, @ significant saving in complexity is achieved, and, sec-
putational cost. ond (and perhaps more important in case of a short burst) the
number of the required channel output samples is correspond-
ingly reduced. The proposed CIR estimation technique can be
blind or semi-blind and is based on the well-known Subchan-
nel Response Matching criterion (SRM) [6].

Applying the SRM criterion to the problem at hand we end
with a least squares (LS) problem, which is separable with
spect to the unknown parameters, i.e. the time delays and
e attenuation factors. The Golub-Pereyra method [7] is then
pplied in order to separate the optimization problem to two

1. INTRODUCTION

In this paper we address the channel equalization problem i
wireless burst transmission systems. Equalization in Wirele§
systems, especially in high-speed applications, is very ofte
major task since the introduced intersymbol interference (ISI
mainly due to multipath, may cause a severe probability g P :

. ifferent sub-problems. A sub-problem which is non-linear
error, [1],[2]. It should be noted that, the higher the symb ith respect to the time delays and a sub-problem which is
rate the mE)I'rIs th‘?f fymt_)olsbspar:jned b3|’. tht<_e chtanﬂe! IMpulasoar with respect to the attenuation parameters. Based on
response. 1hus, It training-based equalization techniques g special structure of the nonlinear problem a computation-
employed, the training sequence has to be relatively long ar

. h th Il svstem th hout is reduced y efficient linear search method for the estimation of the
n SZC a](c:a}seh € O;’erat. SYS f)m trtoug putisre uccte *_unknown time delays has been developed. Subsequently, the

usetul characterstic in burst transmission SySIems 18 5,5 Newton algorithm may be applied in order to further
that a packet of channel output samples can be buffered

th ver bef Vi detecti h T i|ﬂprove the accuracy of the estimated values. Finally, the
€ receiver betore applying any detection scheme. TransSMiganation parameters are estimated by solving a linear LS

sion in bursts of data is a trait encountered in many W'relegoblem. The method of the first part is very simple to im-
|

systems, such as, wireless ATM networks, TDMA-based MQgament and for the same degree of estimation accuracy has a

g'le tsysterln?, rcleverhsetlmkdotthMhDS syls_tems e_t(;:. V\(/jhetnt_th omputational complexity which is much lower as compared
urst IS relalively short and the channel IS considered staliofy iher related channel parameter estimation methods [5], [4].
ary within the burst then batch equalization may be preferab

. e ! oreover the method yields good estimates even in cases of
as compared to adaptive equalization. The equalizer coe

cients can be computed either directly or indirectly. In th%g);ﬁ)lgcshpgclfge(tjl.rne delays, especially when the semi-blind

This work was supported in part by the Computer Technology Institute 1N the second part, a fixed Decision Feedback F—qualizer
(CTI) and in part by France Telecom R&D. (DFE) is employed. The DFE structure has been widely ac-




cepted as an effective one for reducing ISI [1],[2]. It turnsvhereT = [ro 7 ... 7,—1]T anda = [ag a1 ... ap_1]7.
out to be particularly suitable for multipath channels, sinc€inally G;(7) is an(L+ 1) x p matrix with the following form
most part of ISl is due to the long postcursor portion of the

CIR and can be successfully canceled by the feedback filter. g(iéfl* ) ... g(@ii* Tp—1)
The feedforward (FF) and feedback (FB) filters of the DFE = | 9(T+ 5 T =) ... 9T+ 5T ~7p-1)
are computed in terms of the estimated channel values via ali(7) = : :

efficient scheme which has been proposed recently in [8]. g(LT + z-';1T — 7o) ... g(LT + i;l.T )

Since the channel estimation task is performed in a (semi)-
blind manner, the whole technique offers significant bandA/e see from (3) that in order to blindly estimate the overall
width savings. The performance of the method has been testetR, it suffices to estimate the unknown multipath parame-
via extensive simulations. tersa and T solely from the subchannels’ output samples.
The paper is organized as follows. In Section 2 the para—he above parametric formulation of the channel estimation
metric CIR estimation problem is formulated and the methogroblem has also been exploited recently in [5], in a manner
of the first part is presented. In Section 3 the DFE filters contompletely different than the one presented here.
putation in terms of the CIR values is discussed. Finally, in To proceed further, the subchannel response matching con-
Section 4 some indicative simulation results verifying the pe€ept [6] is applied and the channel parameters are estimated
formance of the new technique are provided. in a two steps procedure. More specifically, it can be easily
shown that in the two-channels, noise-free case the following
relation holds

2. PARAMETRIC CIR ESTIMATION PART

(v n -0 ®
Atrait encountered in many wireless applications, particularly ' ) ,
the high-speed ones, is that the multipath channel tends to WgereY; for i = 1,2 are matrices of the two subchannels
of a discrete form (i.e. it consists of a number of dominan@utput samples, which have the following form
multipath components). More specifically, if the physical CIR

is assumed to be time invariant within a small-scale time in- yi(L+n) - yi(n)
terval then it may be written in the form v _ yi(Ltn+1) - yi(n +1) ©)
p—! yin+K-1) -+ yn+K-L-1
he(t) = agd(t) + > aid(t — ;) 1) ( ) 8 )
i=1 By imposing the channel parametric structure, (5) is written
as follows
wherea; and7; are the complex attenuation factor and the YG(T)a=0 (7)

delay, respectively, of thé — th multipath component. The
delay Ty is considered to be, while for the other delays it is
assumed thaty < 7 < ... < 7,—1. Therefore the problem G (7)
of the multipath CIR estimation is reduced to the smaller prob- Y=[Y, -1 ], G(r)= [ Gl ]
lem of the complex attenuation and delay parameters estima- 2(7)

tion. Letg(t) be the pulse shape filter (convolution of trans- ) i ,

mitter and receiver filters). The overall impulse respab&e When the channel is corrupte_d by noise, we can estimate the
of the communication system is then given as the convolutigihannel parametets, T by solving the following least squares

of h.(t) with g(t). Furthermore, we consider the multichanne(LS) problem

model, according to which the channel output is oversampled min ||V G(7)c|? (8)

by a factor of N, samples per symbol period. For the sake of oT

simplicity, we consider that the channel output is oversampl&ghere we assume thatis subject to the constraint” e, = 1

where

by a factor of two samples per symbol period. As a result, t ithel = [1,0 0]. Then, the optimization problem takes
sampled overall CIR is expressed by two vectors, one for ea L forlm IR !
subchannel, i.e. far=1,2
| | | min ||z + S(7)&|?, () = YG(7) ©)
hl = [R(“52T) W(T + Y52T) ... (LT + “51T) | ar

(2)
where LT is the span of the overall CIR, witl’ standing Where
for the symbol period. It is straightforward that the subchan- . T
nels’ IRs can be expressed in terms of the multipath channel 7 = [T, 72, 1], &7 = o, a0, 0p]

parameters as follows o
z=Yg(rn), G(r)=[gln) G#) ]
h,=Gi(n)a, i=1,2 (3) Note thatz is a quantity that can be computed from the data.



The non-linear LS problem in (9) is separable with resped is the information symbols matrix ang,, y- are the cor-
to the unknown parametefisand&. In particular, the prob- responding subchannels’ output vectors. It can be shown, [9],
lem is nonlinear with respect t and linear with respect to that a similar analysis can be applied to yield a method that
&. As a result, the optimization process can be conductedtains the advantages of the blind approach, offering at the
separately with respect to the distinct parameter8etsda  same time significant performance improvement.
respectively, [7]. More specifically

e The delay parametets are obtained from the solution 3. EQUALIZATION PART

of the following non-linear optimization problem o ) )
After estimating the multipath channel parameters, as described

Topt = argmin{ f(7)} (10) in the previous section, an estimate of the CIR can be directly
H obtained from (3). As stated in literature (e.g. [4], [5]) the
wheref(#) = ||(I — ®(#)®'(#))z||*> andi denotes channel estimation error is expected to be much smaller com-
the pseudoinverse of a matrix pared to methods that do not take into account the knowledge
. ] _of the pulse-shaping filters. Based on the CIR estimate, the
e The attenuation parameteisare determined by the lin- optimum values, in the MSE sense, of the DFE coefficients
ear LS method as can be computed by solving the resulting system of normal
L foa equations. Nevertheless, such computation can require large
Qopt = — 0 (Fopt)2 (11) - : aheg
processing power, because the associated system matrix is un
tructured. An efficient algorithm for the extraction of the

The first step of the optimization procedure, concerning th ;. : : . : .
time delays, appears to be a complicated non-linear optimiz FE coefficients was derived in [3]. This algorithm involves

tion problem. However, by properly exploiting the specia Cholesky factorization method and a backsubstitution pro-

form of the cost function in (10), an efficient method for thecedure for the computation of FB and FF filter coefficients

estimation of parameter vecter arises. Indeed, it can be 'eSPectively. In this work, we adopt an alternative approach
shown that the special form of the function under considewh'gh 'escﬁ:::na?:e iﬁéml\/rl)ll\iQE rIEFafr;l?eI: g;\%plggiﬂtle?rt[)sg)‘f cor-
ation allows for a linear search to be performed for the estj- pec Y .

responding lengthad/ and N, can be computed by solving the
proved that this function is decoupled with respect to the dé(_)llowmg system of equations
lay parameters;,: = 1,2,...,p — 1, i.e., the optimization R R,y
search can be performed separately for eadnd indepen- { (R N R”” } { (13)

xd) dd

the resulting method offers significant computational saving&hereR.., Raq andR.4 are the autocorrelation and crosscor-
The basic steps of the blind channel estimation method arelation matrices of the FF filter input sequencand the FB

mation of the global minimum. More specifically, it can be
N
: . b || O
dently of the other delay parameters. Due to this decoupling,

summarized below. filter input sequence of decisiorkandr,, is the crosscor-
relation of the FF filter input sequence with the current trans-
1. Setvalueq, p for unknownL, p, respectively. mitted symbol. N '
2. Initialize r;, i = 1,2,...,p — 1 with distinct random values As itis shown in [8], all the quantities that appear in the
in the intervall0, LT. above system of equations can be expressed as functions of
3. Choose a linear search step sizand set — 1. the CIR coefficients, leading to the following solution
4. Mlnlmlzg f(®) W|th'respect tor;. FlngTTi,opt by evaluating a— (HlH{—I + UQIQM)_1H1eM+L1 (14)
the function atr; = j6, j=0,1,..., % -
5. Setr; = 7i0pt, @ = i + 1 and repeat from step 3 until= p. b= { 0 —Hy'a } (15)
6. Run a Gauss-Newton search in the neighborhoofl.gf to (N=L2)x1
improve the estimation accuracy. whereo? = o2 /o2 is the ratio of the noise and the transmitted
7. Obtain the attenuation parameters from (11). sequence powersly ), is the2M x 2M identity matrix and

erm+r, = [0...0 1]. L; stands for the length of non-causal

The performance of the proposed technique is improved by Jartofthe CIR, i.e. the part that precedes the main peak of the

suming that a small number of information symbols are knowﬁstimated CIR. SimilarlyL»-+1 is the length of the causal part

: o the channel IR. Clearly, = L; + L, + 1. MatricesH; and
at the receiver. In such a case the optimization problem tak ! _ 1 2 L
the following form [9] P P o of dimension@M x (M + Ly) and2M x L, respectively

are formed by the estimated CIR coefficients as follows

. _ 2
min ||z — YsG(7)a| (12) . . ;
(=L1) B¥(—Lat1) - (M-1)
where 0  hcry .- h(r-2)
Y -V 0 H, = . :
Ys=| S 0 ,z=| Y1 : - _ co
O y2 0 0  hrry--- ho



‘hany oo hg,y 0 .00 SNR (db) [ BER
havi-ty - R,—1y Ry ... 0 16 0.08834
H, = : . . . 18 0.00840
_: o - 20 0.00086
hay - h@,—mtr) - h(L,) 22 0.00003
where 24 0
h! [h((L1 +m)T) h((Ly +m)T + T)]
= m m -
(m) ! ! 2 Table 1. BER Results for SNR=16-24dB
for m:—Ll,—Ll—Fl,...,Lg
Equation (14) can be efficiently solved by observing that, with 5. CONCLUSION

the exception of the term?1,,,, it resembles a prewindowed

least squares problem wittd; as the data matrix aneh,, 7, A new technique appropriate for (semi)-blind equalization of
as the desired response vector. In [8] a Levinson-type ordésurst transmission systems has been developed. The tech-
recursive algorithm is suggested for the efficient solution afique offers the following advantages. First, a saving in band-
(14). The total complexity of the algorithm @3(1/2). width is achieved. This saving may be significant in high-
Once the FF is computed, the FB filter can be obtained eithgpeed applications where the CIR may span a large number of
directly from (15) with complexityD (L, M), or by using FFT  symbol periods. Second, the CIR estimation part is performed
in (15) with complexityO(Ls log L) [8]. in a parametric manner therefore a high degree of estimation
After computing the equalizer settings from the estimated ClRccuracy can be attained with a relatively small number of
as described above, the transmitted symbols in the packet arannel output samples, thus making the technique appropri-
be directly detected from the DFE. Note that due to the guatgte even for short bursts. Finally, the above performance mer-
interval which always precedes the transmission of a data buitst,are offered at an affordable computational cost due to the

the FB filter taps can be initially set to zeroes. efficient schemes employed in both parts of the technique. Ex-
tensive simulations concerning the application of interest have
4. SIMULATION RESULTS confirmed the performance of the proposed technique.
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