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Abstract:

In this paper a novel semi-blind technique is proposed for estimating the time delays and attenuation factors of a multipath

channel. The technique is based on a suitable application of the Subchannel Response Matching criterion. The resulting cost function
is separable with respect to the two sets of unknown parameters, i.e. time delays and attenuation factors. Thus an efficient two step
optimization procedure can be applied. The new method offers computational savings and a lower mean square estimation error as
compared to existing semi-blind channel estimation methods. The performance of the new method has been justified theoretically and

tested through extensive simulations.

1. INTRODUCTION

The problem of identifying the parameters of a multipath
channel is of particular interest in many applications, such
as, radar, sonar, underwater acoustics, and wireless com-
munications. In this paper we focus mainly on wireless
communications applications in which the muitipath phe-
nomenon may cause a severe probability of error due to
intersymbol interference (ISI). In such a case, an accurate
estimate of the channel impulse response (IR) may be ex-
ploited to reduce significantly the introduced ISI.

In high-speed wireless applications, the multipath chan-
nel tends to be of a discrete form and consists of a rela-
tively small number of dominant components [1]. Then,
provided that the transmitter and receiver filter IRs are
known, the channel estimation task is reduced to that of
estimating the time delays and attenuation factors of the
channel components. There is a number of advantages in
using this alternative parameterization. First a significant
saving in complexity is achieved and the number of re-
quired data is correspondingly reduced. Second, for the
same number of data, a lower estimation error is achieved
due to the reduced number of involved parameters.

In typical wireless systems, some known symbols are
periodically transmitted for synchronization and other con-
trol purposes. The length of this known data sequence is
often too short to be used as training sequence for effec-
tive channel estimation. On the other hand, blind methods
which exploit the input signal statistics, ignore the pres-
ence of training data and as a result they have also lim-
ited performance. For these reasons, semi-blind methods,
which combine the advantages of blind and training-based
techniques have been recently proposed [2], [3], [4].

A novel semi-blind technique, which exploits the spec-
ular channel structure, is proposed in this paper. The tech-
nique is based on the well-known Subchannel Response
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Matching criterion (SRM) [5]. Applying this criterion to
the problem at hand we end up with a least squares (LS)
problem, which is separable with respect to the unknown
parameters, i.e. the time delays and the attenuation fac-
tors. The Golub-Pereyra method [6] is then applied in or-
der to separate the optimization problem to two different
sub-problems. A sub-problem which is non-linear with re-
spect to the time delays and a sub-problem which is linear
with respect to the attenuation parameters. The minimiza-
tion cost function of the nonlinear problem turns out to
possess a special structure, which is exploited for deriving
a computationally efficient linear search method for the
estimation of the unknown time delays. Subsequently, the
Gauss-Newton algorithm may be applied in order to fur-
ther improve the accuracy of the estimated values. Finally,
the attenuation parameters are estimated by solving a lin-
ear LS problem. The new method is very simple to imple-
ment and for the same degree of estimation accuracy has
a computational complexity which is much lower as com-
pared to the existing semi-blind channel parameter estima-
tion methods. Moreover it offers the possibility of trading
off performance to complexity in a straightforward man-
ner. The performance of the new method has been justified
theoretically and tested through extensive simulations.

The paper is organized as follows. In Section 2 the
multipath channel model is defined and the problem is for-
mulated. In Section 3 the new method is derived and a the-
oretical justification is provided in the appendix. Finally,
in Section 4 simulation results verifying the performance
of the new method are provided.

2. PROBLEM FORMULATION

In general the channel IR encountered in wireless com-
munication systems has a form which varies significantly
depending on several factors. However a common trait in
most cases, particularly in high speed applications, is that
the multipath channel tends to be of a discrete form (i.e. it
consists of a number of dominant multipath components).
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More specifically, if the channel IR is assumed to be time
invariant within a small-scale time interval then it may be
written as

-1
he(t) = agd(t) + IIZ:aitF(t - 7) (M

=1

where a; and 7; are the complex attenuation factor and
the delay, respectively, of the 2 — th multipath component.
Without loss of generality, it is assumed that 79 < 71 <

. < Tp—1. Thus the problem of multipath channel IR
estimation is reduced to the smaller problem of delay and
complex attenuation parameters estimation.

Let g(t) be the pulse shaping filter (convolution of trans-

mitter and receiver filters). The overall impulse response
of the communication system is then given as

p—1
h(t) = aog(t) + Y _ aig(t — ) @

i=1

In this paper, it is assumed that the pulse shaping filter g(t)
is a known raised cosine function and has finite support,
ie. g(t) = 0fort ¢ [0,L,T], where T is the symbol pe-
riod. Also, we consider the multichannel model, in which
the channel output is oversampled by a factor of N, sam-
ples per symbol period. For simplicity in our derivations
we take Ny = 2. Thus the sampled channel IR is ex-
pressed by two vectors, one for each subchannel, i.e. for
1=1,2

hl = [R(Y1T) KT + CFUT) . R(IT + 2T) )

where LT is the span of the overall channel IR. It can be
easily shown that the subchannels’ IRs can be written in
the form

h; = Gi(T)a,

where T = [0 ... p_1]T anda = [ag a; ... ay_1]7.
Finally G;(7) is an (L + 1) x p matrix whose columns
are delayed versions of g(¢) depending on the unknown
parameters 7;. Specifically this matrix has the form

i=1,2 3

9(3F2T ~ 7o) (3 FET — 1)
9(T + ‘—;—IT—TO) oog9(T+ 1‘2—1T—Tp_1)
Gi(t) = . . .

LT + ZET — 7o) ... g(LT + 52T — 1py)
The subchannels’ output samples can be written as follows
yi(n) =hTs (n) +wi(n), i=1,2 @

where sT (n) = [s(n),s(n—1),...,s(n— L)} is the com-
mon input data vector and w;(n) stands for the output
noise of subchannel ¢ at time n. The input sequence is as-
sumed to be i.i.d. and independent of the noise sequences.
In the next section the problem of estimating the unknown
parameters’ vectors 7 and a is treated, using a small num-
ber of information symbols which are assumed to be known
at the receiver (semi-blind identification).

3. THE PROPOSED ESTIMATION METHOD

3.1. Derivation of the Method

The starting point for the derivation of the new parametric
algorithm is the subchannel response matching concept,

which wisely exploits the multichannel structure [S]. More
specifically, in the two channels, noise-free case, the fol-
lowing relation holds

{91} {ha} = {32} * {m } (5)

where  stands for convolution and for ¢ = 1,2, {y;} de-
notes the output sequence of the subchannel 4. If we as-
sume that output samples y;(k), yi(k+1),...,yi(k+ N —
1),i = 1,2, N > L, are available, Eq. (5) leads to the fol-
lowing identity

[ Ya —Yl][ﬁg]zo 6
where
yi(L + k) yi(k)
| wL k1) - yi(k +1) o

yik+ N =1) - yi(k+ N — L~ 1)

with ¢ = 1,2. Let us further assume that the information
symbols s(k — L), s(k— L+1),...,s(k+ M) are known
at the receiver, where M is of the orderof Land M <« N.
Then, if we ignore noise, the system of equations in (6)
can be augmented as follows

Y. -1 h 0
Smr 0 [h;] =1 yim ®)
0 Spyr Youm
where yT, = [yi(k),yi(k + 1),...,3:(k + M)} fori =
1,2 and
s(k) s(k— L)
s(k+1) s(tk+1-1L)
Smr = . _ . ©®
s(k+M) - s(k+M—1L)

By imposing the channel parametric structure, Eq. (8) is
written as

YsG(t)a=12 (10)
where
Yo -1 0
Ys=|Sur 0 |, z=|ywm|, G(r)= [glgg]
0 SML Yonm 2

‘When the channel is corrupted by noise, we can estimate
the channel parameters a, 7 by solving the following least
squares (LS) problem

win ||z — &(7)a|l®, ®(r)=YsG(r) (1)
The non-linear LS problem in (11) is separable with re-
spect to the unknown parameters T and a. In particular,
the problem is nonlinear with respect to 7 and linear with
respect to a. As a result, the optimization process can be
conducted separately with respect to the distinct parameter
sets 7 and a respectively, [6]. More specifically

o The delay parameters 7 are obtained from the solu-
tion of the following non-linear optimization prob-
lem

Topt = argmin{f(7)} 12)
where f(1) = [|(I — ®(7)®!(7))z||*? and { de-
notes the pseudoinverse of a matrix
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o The attenuation parameters a are determined by the
linear LS method as

QAopt = ‘I)t(TopL)z (]3)

The non-linear problem in Eq. (12) can be treated either
by performing a multidimensional search in the space of
parameter set 7 or by applying a non-linear optimization
search method, e.g. a Newton type method. In the for-
mer case the computational burden may be prohibitive, in
the latter the procedure may be trapped in a local mini-
mum, away from the global solution. An alternative ap-
proach is to investigate the form of the function to be min-
imized, in order to restrict the search for the global min-
imum in a subspace of the whole parameter space. In-
deed, it is shown in the Appendix that the function un-
der consideration has a specific form which allows for a
linear search to be performed for the estimation of the
global minimum. More specifically, it is proven that this
function is decoupled with respect to the delay parame-
ters 75,2 = 0,1,...,p — 1, i.e., the optimization search
can be performed separately for each 7; and independently
of the other delay parameters. The special form of the
cost function is illustrated in Fig. 1 for a two ray mul-
tipath channel. In this figure, function f(7) is plotted
versus 7p,71. It is clear from the figure that instead of
a 2-dimensional search, two 1-dimensional searches are
adequate for the location of the global minimum. The
basic steps of the new technique are summarized below.

1. Set values L, p for unknown L, p, respectively.

2. Initialize 7y, ¢ = 0,1, ..., p—1 with distinct random
values in the interval [0, LT).

3. Choose a linear search step size, § and set¢ = 1.

4. Minimize f{7) with respect to 7;. Find 7j o5 by

evaluating the functionatr; = jdé, j =0,1,..., %

5. Set 7; = Tiop, % = ¢ + 1 and repeat from step 3
until = p.

6. Run a Gauss-Newton search in the neighborhood of
T opt to improve the estimation accuracy.

7. Obtain the attenuation parameters from (13).

3.2. Efficiency issues

The evaluation of the function in (12) at each step of opti-
mization search can be realized in an efficient manner. In
the following we deal with the delay parameter 7. It can
be easily shown that the same analysis is also applied for
the remaining parameters 7y, 72,...,7p—1. As shown in
the Appendix, the optimization criterion in (12) is equiva-
lent to the following

Topt = Grg max F(r) (14)

where F'(7) is defined in (19).  Then starting from the
definitions of q(7) and A(7) in (20) we write these quan-
tities as

o) =la @] A =[] a9

We can easily see that gp is a function of 79, and q, R,
depend on 71, 72, . .., Tp—1, which remain fixed during the
optimization process for 79. By applying the matrix inver-
sion lemma, it follows that matrix

H
—1 _ c Vv
A (T)——[v S] (16)
can be expressed in terms of the quantities in (15). From
(19), (20), (15), (16) after some algebra we obtain

1 . - _ 1
F(r) = Elcq3+qu|2+q”R g a7

Note that the second term in the right hand side of (17) is
computed only once, at the beginning of the optimization
search for 7. Such an approach leads to a significant re-
duction of the number of operations required and can be
generalized forevery 7,1 =1,2,...,p— 1.

4. SIMULATION RESULTS

The performance of the new method was tested via exten-
sive simulations. In our experiments, the input sequence
was taken from a binary alphabet and passed through dif-
ferent multipath channels. At the channel output, AWG
noise was added to yield an SNR varying between 16 and
26 dB. The new method was compared with the non-para-
metric semi-blind SRM-based method presented in [2]. In
the latter method the channel IR is estimated using a lin-
ear combination of a blind and a non-blind cost function.
A parameter, say ¢, is used in order to control the linear
mixing of the two cost functions. The estimation is per-
formed completely blindly if @ = 1. Note that the channel
IR is estimated in a non-parametric manner, i.e. without
taking into account its particular structure, as in the pro-
posed method for the case of multipath channels. For each
experiment the data sequence consisted of 250 samples.

In Fig. 2 the results for a medium length channel are
depicted. Specifically, the number of multipath compo-
nents is assumed to be p = 5 with delays 7 = [0 6.4 15.7
22.3 33.1] and amplitudesa = {1 0.5 —0.3 0.18 0.27].
The overall channel IR was the convolution of the multi-
path channel IR with a raised cosine filter with a roll-off
factor equal to 0.3 and L, = 6, i.e. the total channel span
is L = 40. It was taken M = L — 1, i.c. the training was
equal to 2L. The linear search step size was 0.1. The two
methods were compared using the root-mean-square-error
between actual and estimated channel IRs, i.e.

Q 2L

RMSE = (1/Q)y| D Y " (huct(i) — A, (i))?

k=1 i=1

where @ is the number of independent simulations per-
formed, h, ¢ (2) is the i-th element of the actual T'/2-spaced
channel IR and h%,, (7) is the i-th element of the estimated
channel IR during the k-th simulation. Both IR sequences
{hact} and {h%,,} have been previously normalized so as
to have a unity norm. For both methods a number of 100
independent experiments was carried out, i.e. @=100. In
Fig. 2 the RMSE of the new parametric semi-blind chan-
nel estimation method is compared to the RMSE of the
algorithm proposed in [2] with @ = 0.3. Two curves for
the new parametric algorithm are plotted corresponding to
different weightings of the blind and non-blind part in the
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computation of the attenuation parameters. The new para-
metric method outperforms significantly the SRM method
for all SNRs considered. Moreover the performance of the
new algorithm is independent of the weighting factor «,
which means that the training symbols are sufficient for
the estimation of the attenuation parameters, after the de-
lays are estimated. Note that the performance of the new
method could have been improved by applying a few steps
of the Gauss-Newton (GN) method to get more accurate
estimates of the delays.

5. CONCLUSION

A new semi-blind technique for estimating the time de-
lays and attenuation factors of a multipath channel has
been developed. By suitably applying the Subchannel Re-
sponse Matching criterion, a two step optimization proce-
dure arises. The first one, concerning the time delays, is a
complicated nonlinear minimization problem. Due to the
rich structure of the underlying cost function the compu-
tational procedure can be greatly simplified. The second
step is a simple linear LS problem. The new method is
very simple to implement and for the same degree of accu-
racy has a computational complexity which is much lower
as compared to the existing semi-blind channel IR estima-
tion methods. Extensive simulation results have confirmed
the theoretically expected performance of the method.

Appendix: Structure of the Minimization Cost Function

In this appendix the particular structure of the cost func-
tion f(7), defined in (12), will be investigated, leading
to the efficient time delays finding procedure described in
Section 3. From the definition of f(7) in (12) and of ®(7)
in (11) we obtain

f() =22 - F(r) (18)

where
F(r) =q¥(r)A™ (1)a(T) (19)

with

a(r) =GH(T)YEz, A(T) = GH(r)YHYsG()

(20)
Thus, it is evident from (18) that the problem of minimiz-
ing f(7) with respect to 7 is equivalent to maximizing
F (1) with respect to the same parameters’ vector. To pro-
ceed further, we focus on the middle part of F(7), ie.,
G(T)A Y (T)GH (7), which is the one depending on the
unknown parameters 7;, ¢ = 0,...,p — 1. It can be
proven after some lengthy algebra, not shown here due to
space limitations, that matrix A=1(7) is a positive defi-
nite matrix with a diagonally dominant form and positive
diagonal elements. In practice, its non-diagonal elements
have a magnitude much less than the diagonal ones. Tak-
ing advantage of this particular form we may approximate
this matrix with a positive diagonal one. Thus the above
middle part can be written as

GrA (TG (r) ~ Y Big(r)g™(m) @D
i=0

where g(7;) is the ¢ — th column of G(7) and §; is a non-
negative quantity. Therefore the function to be maximized

can be written as

p-1
F(r) =" 2"YsBig(r)g" )Yz (22)
=0

i.e., it is decomposed into p terms with each one being de-
pended on a respective unknown parameter ;. This fact
justifies the use of a separate search for each 7;, indepen-
dently of the other delay parameters.

REFERENCES

{1] T.S. Rappaport, “Wireless Communications Principles and
Practice”, Prentice-Hall, 1996.

[2} J.L. Babat, S.V. Schell, “Channel Identification Using

a Combination of Blind and Nonblind Methods”, SPIE,

vol. 2605, 1995, pp. 202-211.

A. Gorokhov, Ph. Loubaton, “Semi-Blind Second Order

Identification of Convolutive Channels”, ICASSP-1997.

E. de Carvalho, D. Slock, “Deterministic Quadratic Semi-

Blind FIR Multichannel Estimation: Algorithms and Per-

formance”, ICASSP-2000.

[5] G. Xu, H. Liu, L. Tong, T. Kailath, “A least-squares ap-
proach to blind channel identification”, IEEE Trans. on Sig-
nal Proc., vol. 43, No. 12, Dec. 1995, pp. 2982-93.

A. Bjorck, “Numerical methods for least squares prob-
lems”, Soc. for Ind. and Applied Math. (SIAM), 1996.

3

[hear)

[4

[has}

{6

Cost function

Fig. 1. Cost function, 7 = [1.2 7.4]T and a = [0.5 0.5]T

Aoot Maan Squars Ero of channe! astémation akgortis varsus SNA

== New algorihm, 803
0~ New aigorthm, m=0.
- SAM, 2203

(X N

02| S ~

Fig. 2. RMSE curves for different SNRs

DSP 2002 - 52



	Index: 
	CCC: 0-7803-5957-7/00/$10.00 © 2000 IEEE
	ccc: 0-7803-5957-7/00/$10.00 © 2000 IEEE
	cce: 0-7803-5957-7/00/$10.00 © 2000 IEEE
	index: 
	INDEX: 
	ind: 


