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Abstract

We propose a new method for blind identification
of possibly nonminimum phase FIR channels using an-
tenna arrays. Based on a frequency domain formula-
tion, we show that even a nonminimum phase chan-
nel driven by stationary sequences can be identified
from the second-order statistics. Although in the sin-
gle antenna case it is necessary to use cyclostationary
signals or higher order statistics to identify the mag-
nitude and phase of the channel, we circumvent such
a requirement by exploiting multichannel properties
of the array. We also present necessary and sufficient
conditions for channel identifiability, and develop an
identification algorithm.

1 Introduction

The need for blind channel equalization is grow-
ing in digital communications systems. Equalization
of a communications channel requires implicit or ex-
plicit knowledge of its transfer function. A commu-
nication channel is usually identified by LMS or re-
cursive least-squares (RLS) type adaptive algorithms
where the reference signal is provided by transmitting
known training sequences. The so-called blind channel
identification techniques only use the channel output
and some known statistical properties of the transmit-
ted signal to identify the channel. As a result, these
techniques have the potential to increase the trans-
mission capability of the communication channel by
eliminating training sequences.

It is well known that nonminimum phase channels
driven by wide-sense stationary input sequences, can-
not be identified from second-order statistics. There-
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fore blind identification techniques, to date, use either
higher order statistics [1, 2, 3, 4, 5, 6] or exploit cy-
clostationarity of input signals [7, 8, 9] to identify a
possibly nonminimum phase channel. The main draw-
back of the former techniques is their slow rate of
convergence which makes them impractical for mo-
bile communications environments with sudden fades
and channel changes. The idea of exploiting cyclosta-
tionary properties of communication signals has been
mainly pursued by Gardner and applications to chan-
nel identification were also presented [7].

Recently, L. Tong etal [10] have proposed a new
method to identify FIR channels using a fractionally
spaced equalization structure that exploits the cyclo-
stationarity of the input sequence.

In general, signals arrive at the receiver not only
with different delays, but also from different spatial
angles. The spatial properties of the multipath chan-
nel cannot be exploited with a single antenna receiver,
and it is necessary to use antenna arrays to achieve a
more efficient detection scheme. In digital transmis-
sion systems, antenna arrays have recently attracted
much attention in the framework of optimal spatial
diversity combining [11]. In addition to improving the
performance in low SNR environments, an antenna ar-
ray greatly reduces the effect of interference sources by
exploiting the spatial structure of the multipath chan-
nel and directing nulls towards undesired users. While
the popular techniques for angle of arrival (AOA) esti-
mation are the so-called subspace techniques (MUSIC
and ESPRIT), these methods are usually inapplicable
to communications environments since the number of
multipaths typically exceeds the number of sensors.
Also in situations where the relative delays of different
paths are much smaller than the bit interval, the co-
herency of the received signals from such paths causes
difficulties for these methods.

In this paper, we present a method for identifying
possibly nonminimum phase FIR channels via antenna
arrays that is based on the computation of the second-



order statistics of the received signal. Tong et al [12]
have recently shown that spatial diversities of multiple
receivers improves the performance of the blind iden-
tification schemes for cyclostationary signals. As we
show in this paper, for the antenna array case, second-
order statistics provide enough information for identi-
fying the channel and it is not necessary to use higher
order statistics or cyclostationary signals. The pro-
posed method circumvents the necessity of the above
mentioned requirements by exploiting the multichan-
nel property of the antenna array.

The algorithm is based on a frequency domain ap-
proach that forms the spectrum matrix Sx(z) of the
received signal x(f). Sx(z) can be easily obtained
by computing the autocorrelation function Ry(7) of
the input signal at different time delays and writing
it down in the z-domain. The impulse response of
the different elements of the channel can then be esti-
mated by computing the common factors of each row
of Sx(z).

In applications where the environment can be rep-
resented by a discrete multipath model, the delay and
direction of arrival (DOA) vector of each path can be
estimated in the proposed framework. In addition,
as long as different paths are well separated in time
such that at each sampling point of the channel im-
pulse response only one path is present, the angles of
arrivals of the paths can also be estimated. In these
scenarios, DOA angles can be estimated even in situ-
ations where the total number of paths is more than
the number of antenna elements. An example for this
scenario is given in Sec. 3 of this paper.

2 Problem Formulation
2.1 Data Model

In a PAM data communication system the base-
band transmitted signal u(t) is given by

[e <]

z skp(t — kT)

k=-o00

u(t)

where T is the symbol period; p(-) is the pulse shaping
function, and s is the transmitted sequence.

The signal received at the ith antenna element is
then given by

zi(t) = he(t) ® u(t) + ni(2)

where h$(-) is the channel impulse response of the ith
antenna, and n;(:) is the corresponding additive noise
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process. By combining pulse shaping and channel im-
pulse response functions in a composite channel re-
sponse h;(t), we will get
o0
gi(t) = Y skhi(t — kT) + ni(1)
k=-o00

and the output of an antenna array with M elements
will be of the form

x(t) = [=1(2), z2(2), . .., -'”M(t)]T

In our data model we will make the following assump-
tions:

1. The channel impulse responses h;(t) are assumed
to be finite impulse response (FIR) filters.

2. Noise terms n;(t) are zero-mean, uncorrelated
with s, and white in time and space

o2

Elm(tns(e) = {

when i=j and ¢, = ¢,
otherwise

3. For convenience, the transmitted sequence si
is assumed to be zero-mean and iid, E[sys;] =
d(k — 1), although the algorithm still works for
a general input with known power spectral den-
sity.

2.2 Multichannel Identification Approach

The proposed approach is based on computation
of the second order statistics of the received signal.
Denote the autocorrelation of x(¢) by

Rx(t,7) = Elx()x"(t — 7)]

By sampling the output signal x(t) at symbol rate
1/T, the discrete signal

x[k] = x(kT)

will be a wide-sense stationary signal with autocorre-
lation function

Rx[m] = E(x[k]x" [k — m])

With h;[k] = h;(kT), the elements of Rx[m] can be
written as

R-"'l"’j [m]

E(xi[k]x;[k — m])
DY E(sisu)hilk — O}k — m — 1)
! 14

+a28[m)d[i — ]
E(s})hi[m] ® h}[—m] + o*6[m]é[i - j]



The power spectrum of the output array, Sg(z),
defined to be the z-transform of Ry[m], is then given
by

Sx(2) = Z(Rx[m])

W(2)H(z7)) ... Hi(z)H3y (2™
Hy(z)Hi(27Y) ... Ha(2)Hiy(271)

= . ' : +d%1(1)
(o) H () . Hag(2) Hig(s!
which can be written as
Sx(z) = H(z)H*(z™1) 4+ 021 2)

where
H(z) = [H1(z), H2(2), ..., HM(Z)]T

is the multichannel transfer function vector.

It is interesting to note that although Ry(7) has
full rank, in the noise free case Sx(z) will have rank
one. This is independent of the number of multipath
present, and will be crucial for identifying the chan-
nels.

For the single antenna case, it is not possible to dis-
tinguish between a minimum-phase and nonminimum-
phase channel, due to the fact that only the (1,1) ele-
ment H,(z)H{(271) in (1), can be obtained from the
second-order statistics. However, as can be easily ver-
ified from (1), in the multiple antenna situation, the
cross-correlation between different antennas provides
valuable phase information that can be used to iden-
tify all the channels. For example, in the noiseless sit-
uation, H;(z), can be simply estimated by computing
the common factor of the elements of ith row of Sx(z).
White noise processes can also be handled; either by
estimating the noise covariance o, or by neglecting the
diagonal terms of Sx(z) and computing the common
factor of the remaining terms in each row.

In general, a channel is called identifiable if it can
be determined up to a scalar constant factor. In this
respect a channel will be identifiable from (1) if, and
only if, the common factor of each row is identical
to the corresponding channel transfer function. Thus,
the following result is expected.

Multichannel Identifiability Condition The M chan-

nels hi[n] are identifiable up to a constant factor if,
and only if, there are no common roots between all of
the channel transfer functions {H;(z)}X,.

In fact if all the channels have a commonroot at z = «,
then the term (z—a)(2~! ~a~") can be factored out of

Sx(z), and it is not possible to resolve the ambiguity
of this root. However, we should note that any M
randomly chosen polynomials will generically share no
common roots, and in particular as M increases it is
less likely that they shall share a common root.

Although the common factor of a number of poly-
nomials can be computed using standard techniques
such as Euclid’s algorithm, such approaches are sen-
sitive to noise and finite data imperfections. In what
follows, we shall present a more robust method that is
based upon computing the smallest singular vector of
a certain generalized Sylvester resultant matrix.

2.3 Channel Identification Algorithm

In this section we shall present a method for iden-
tifying the channels {H;(2)}*, from the power spec-
trum matrix (1). We shall assume that either we know
(or have estimated) the noise covariance 027, and have
subtracted it out of Sx(z), or we considered its off-
diagonal elements. Consider the ith and jth rows of
the power spectrum:

L
Hi(z)Hp(z Y = Z Sg.)“z‘

Seia(2) =
I=—L
L
Sejel2) = Hij()Hp(z"')= 3 SO, 2
I=-L

for k = 1,2,..., M, and where L is the length of the
channel. Note that
Sz;04 (2)Hi(2) = Seiz (2)Hj(2) =0 k=1,2,....M

By equating the coefficients of the powers of z in the
above equation we have

b
hiy

S(St,-zk; _S:t.x,,)

(3)
where Hi(z) = Yoo hast, Hj(z) = S hjiz and
S(a,b) is the (3L + 1) x (2L + 2) Sylvester matrix
defined as:



[ ao bo ]
ai ao bl bO
Do Db
S(a,b) = azL : a0 by bo
azr a bar b
L azt bae _J
with a(z) = Y _; arn?, b(z) = T _, bLu?.
Equation (3) can be rewritten as:
hio hio
S(5z;x 1 S:,:r ) E E
(8 = ' hig s | el 2o
: hjo e
S(SIJ‘ZMy—SI"SM) : .
hjL hjL
(C))

We now have the following result:

Theorem The channels {H;(z)}£, are uniquely iden-
tifiable if, and only if, S; ;j has a nullspace of dimen-
sion one. In this case the coefficients of the ith and
Jjth channels are given by solving (4).

This Theorem is of particular interest since it re-
lates channel identifiability to the power spectrum that
we can estimate, and because it motivates the follow-
ing algorithm for channel identification. It should be
noted that it is also possible to combine Sylvester ma-
trices corresponding to more than 2 channels. In this
way the performance of the estimated channels can be
improved in the expense of more complexity.

In practice we can only estimate the power spec-
trum from finite samples. Hence

Sz;2 (2) Hi(2) = 82,2, (2) Hj(2) # 0 k=1,2,....M

where S denotes estimates of the power spectrum. We
propose the following criterion to estimate the chan-
nels: M

Z I Sz,m (2)Hi(z) - Sz.zk(Z)H (Z)Hz

H; (z) H,(z);él)

The solution is given by the smallest right singular
vector of S; i,;- We thus have the following algorithm:

Blind Channel Identification Algorithm

o Estimate the power spectrum Sx(z) to obtain Sy(z).

o Form 3.-,j.

o Calculate the smallest right singular vector S}J
to obtain estimates of the coefficients of H;(z)
and H;(z).
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Note that in this method we have only used the ith
and jth rows of the spectrum to compute H;(z) and
Hj(z). The remaining rows of Sx(z) may also be used
in a similar fashion.

3 Simulation Results

In this section we study the performance of our
channel identification algorithm. We consider a case
where the signal is received from 8 different paths,
and where the attenuations and angles of arrival of
each path are shown in Figures 1 and 2 respectively.
In this example we have used 3 antenna elements and
an SNR of 20db. These 8 paths induce 3 channels in
the 3 antenna elements, and we shall use our proposed
method to estimate all 3 channels at the same time.

It should be noted that in this example we have
chosen different paths to be well separated in time, at
least by one bit interval. This results in 3 channels
of length L=7 such that the angles of arrival may be
obtained from the coefficients of the channels’ impulse
responses. If different paths were not separated in
time in such a manner, it would still be possible to
estimate the channels, however, it may not be possible
to obtain the DOAs from the channel impulse response
coefficients.

The results of Figures 1 and 2 are given for 100 in-
dependent Monte Carlo runs using 500 data samples
of a BPSK signal. The results show that although the
number of paths is much larger then the number of an-
tenna elements, the angles of arrival can be estimated
quite reasonably by exploiting the structure of the in-
put signal. Figure 1 shows the mean and standard
deviation of the estimated channel impulse response
for the first antenna element, normalized with respect
to the main path. In Figure 2, the performance of
estimated angles is shown in the same scenario.

4 Concluding Remarks

A new method for blind identification of FIR chan-
nels via antenna arrays is proposed. By exploiting the
multichannel structure of the system, the proposed
method can identify a possibly non-minimum phase
channel using second-order statistics of the input sig-
nal. To conclude the paper we shall mention some
possible extensions of the above mentioned algorithm.

o The channel identification algorithm only requires
the calculation of the smallest right singular vec-
tor of &; .j- Since S; .j 18 a highly structured ma-
trix, this structure may be exploited to obtain
fast adaptive identification schemes.



o If cyclostationary signals are present, one may
use the cyclic spectrum SZ(z) instead of Sx(z).
The arguments are easily generalized.

e Oversampling may be used to increase the reso-
lution of the estimated transfer functions in time
domain or to improve the rate of convergence of
estimating the second order statistics of the re-
ceived signal.

e If we have more than one independent source
present, it is easy to see that the rank of Sx(z)
in the noiseless case will be equal to the number
of independent sources (provided this number is
less than M, the number of antenna elements).
Extension of the present formalism to the multi-

user case is currently under investigation.
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Figure 1: Mean and standard deviation of 100 esti-
mates of channel impulse response using M=3 anten-

nas, and 500 samples. SNR=20db

* Tlu'.m

_ Standard deviation

Mean of estimaled angios

Figure 2: Mean and standard deviation of 100 esti-
mates of angles of arrivals of each path using M=3
antennas, and 500 samples. SNR=20db
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