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Abstract - Blind channel identification techniques based
on second order statistics are investigated for multi-user
systems employing Direct-Sequence/Code-Division Multiple-
Access (DS/CDMA). The methods exploit knowledge of the
spreading code of the user of interest via matched filtering,
as well as properties of spreading codes. Two schemes are
presented: one for deterministic short sequence DS/CDMA
and a method appropriate for randomized long sequence
DS/CDMA. The matched filter based techniques offer reduced
complexity vis ¢ vis methods which operate on the received
signal directly. In fact, it can be shown that as the number of
matched filters increases, the proposed technique approaches
a previously proposed method.

1 INTRODUCTION

In this work, we explore blind channel identifica-
tion schemes for multi-user systems employing Direct-
Sequence/Code-Division Multiple-Access (DS/CDMA)
based on second order statistics. The search for blind
identification methods is motivated by the need for equal-
izers to have channel knowledge and by the desire to
have training signal independent schemes. The classical
DS/CDMA receiver for a multipath channel is the RAKE
receiver which is simply a receiver matched to the global
channel response. This global channel response is the
convolution of the spreading code of the desired user and
its channel impulse response. We shall explore methods
suitable both for deterministic short spreading codes as
well as randomized long codes which have been proposed
for 1S8-95.

Due to the spreading operation, DS/CDMA signals
lend themselves naturally to a category of blind chan-
nel identification techniques that have become recently
popular (see e.g. [6]). While it is possible to estimate the
global channel response (see e.g. [3, 10]), we shall focus on
schemes which estimate the pure channel only (e.g. [9]).
Exploiting the knowledge of pulse shape for narrowband
systems has been considered in, for example, [2, 7]. The
basis of our methods will be the direct exploitation: of the
spreading sequence of the user of interest via matched fil-
tering. For delay spreads that are much smaller than the
symbol period, a moderate number of matched filter out-
puts form a set of statistics suitable for performing blind
channel identification This allows for an often significant
reduction in computational complexity.
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This paper is organized as follows. Section 2 presents
the signal model and the assumptions employed. In the
sequel, Section 3, the subspace identification scheme for
deterministic short codes will be described. Section 4
presents the technique for blind channel identification for
systems with randomized deterministic codes. Numerical
results are presented in Section 5 and concluding remarks
are provided in Section 6.

2 BASIC SIGNAL MODEL

We shall presume a coherent system where the active
users transmit DS/CDMA signals with binary valued
spreading signals and rectangular pulse shapes. The sig-
nal is transmitted over a multi-path channel. Coarse syn-
chronization (accuracy to within half a chip) is assumed
for the user of interest. Possible synchronization schemes
include [8, 9, 10].

For brevity, we directly present the baseband represen-
tation of the received signal for a K user system, after
chip-matched filtering and sampling at the chip-rate:
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where b (i) is the transmitted symbol for user k at time
i and [-] is the ceiling operation which rounds up to the
next largest integer. The received amplitude for user k&
is Ap. The sequence s,(n) is the spreading waveform for
user k; this sequence is of length N for the case of de-
terministic spreading codes. For the case of randomized
codes, the processing gain is also assumed to be N, how-
ever the code changes from symbol to symbol. Note that
symbol} duration is T and thus T = NT,, where T, is the
chip duration. The sampled channel impulse response for
user k is denoted by hi(n) and is of length M for each
user’s channel. This assumption is merely for facility of
description and the techniques explored herein are not
predicated on this assumption. The convolution operator
is denoted by *. We shall assume that the channel is of
finite length and that the multi-path spread is much less
than a symbol interval. The delay for user k is denoted
by 7. The additive Gaussian noise is given by v(n) and is
an independent sequence with variance ¢2. It is assumed
that the data signal and the noise process are mutually
independent.

For notational clarity, we begin by providing an ex-
pression for the observation vector under the assumption
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of a synchronized system (1, = 7 V k). The exten-
sion to asynchronous interferers is straightforward once
the relevant matrices have been defined. We can express
an observation vector containing ¢ whole data symbols
(and two partial bits), resulting in a vector of length
P=aN + M - 1 samples as,

K
> AsSkHib(n) + v(n),
k=1

x(n) (1)
The channel matrix for user k of dimension (a+2)M x
a+ 2, is given by

H: = h;y @I,

where ® denotes the Kronecker product operator and
1,42 is the identity matrix of dimension a + 2. We shall
use the notation S(x, M} to denote the Sylvester matrix
of width M for vector x. This is equivalent to the convolu-
tion matrix for the convolution of vector x with another
vector of length M. We define S ,; to be the first N
rows of S(sx, M) and S} ,, to be the last M — 1 rows of
S(sg, M). Then, the spreading code matrix for user k, of
dimension alN + M — 1 x (a + 2) M, is given by,
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The matrix g}c a is composed of the M — 1 first rows of
Sk m-
In order to consider asynchronous systems, we can de-
note the global channel matrix as Gy = SgpHg. Let
7 = d T, be the delay of interfering user k& with respect
to user 1, we assume that 7, > 0 and that di € Z+. The
global channel matrices for the interfering users are con-
structed by forming the matrix G as above, however this
matrix is of dimension (e + 1)N + M —1 x (@ + 3). The
channel matrix Gy is formed by removing the first N —d;
rows, the last d; rows from G{, and the last cotumn. Thus
the delays of the interfering users are incorporated into
the signal description.

The two identification schemes presented in this work,
manipulate matched filter outputs rather than the re-
ceived signal x(n) directly. Given L matched filters per
received symbol, the matched filter observation vector,
v{n) which is of length aL, is given by

y(r) = Sp(L)x(n) (2)

K
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where the matched filtering matrix S7*(L) is of dimension
(a—1)L+MxaN+M-1,
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where 8} ; and S} ; are the first N and last L — 1 rows
of 8(sy, L) respectively. Further, gk z and Sk 1, contain
the first N — L—1rows of 82 ; and S} ;. Thus the total
number of matched filters applied will be (a — 1)L + M~
this will be the dimension of the matched filter vector.

We next describe two identification schemes tailored
to DS/CDMA signals. The first method is appropriate
for short deterministic codes and the second method is
designed for long randomized codes.

3 DETERMINISTIC CODES

We combine the identification method of [6] with the pulse
shaping techniques of [2, 7). We note that for the non-
matched filtered case, a similar combination of techniques
was developed in [9]. We form the autocorrelation ma-
trix of the received matched filter vector and note the
following subspace representation,

R"® = E{y™y™¥}=P,AP¥ +P.APY,
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The columns of P, span the signal subspace and the
columns of P,, span the noise subspace. A, and A, are di-
agonal matrices containing the corresponding eigenvalues
of R;*. We shall denote the column vectors (eigenvec-
tors of R}') of Py, as e*. The identification technique
exploits the fact that Gk 1 P, [6]. Thus an estimate for

the channel vector, flk can be found,
(4)

To ensure the existence of a noise subspace, we require
{a— 1)L+ M > K(a+2). This is because the signal
space is of dimension K(a + 2). Thus, the number of
matched filters must be strictly greater than the number
of users, and potentially even greater than K. Note that
this in contrast to the single user case [5] where L = M
is sufficient.

We can form the effective global channel matrix F
which is of dimension aL x a + 2,

hi = argmin [|P,Gy||%.

Fi = ST(L)S:Hi
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where each vector f; (j = 1,2,3) is of length L. Thus
the matched filtering operation has transformed our ¥
channel system into an L channel system where the effec-
tive channel is described by a coefficient vector of length
three.

The noise process is given by Si*(L}v(n) and has co-
variance matrix R* = ¢2ST(L)SP T(L). Thus we shall
pre-whiten the matched ﬁlter output y(n) by W =
(R{,")_% as suggested in [6]. We denote the whitened
observation vector as, y™{n) = Wy(n).

Let £ = [£f, €5 €7]". It can be shown that there
exist matrices E™ and Q(p) such that

e™HF = tHE™ and f=Q(p)hy (5)



where the auto-correlation function, p, is given by
N-1 '

> s(k)s(k —n).

k=0

p{n) =

The matrix E}” is defined as in (5) where e is an eigen-
vector of the signal subspace of the whitened matched fil-
ter observation vector y™(n}. The desired channel vector
is found by minimization of the cost function below which
is equivalent to the minimization of (4),

al—K(a+2)—1
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Thus the estimated channel is the eigenvector of Q* cor-
responding to its minimum eigenvalue.

A complexity reduction is induced through the reduced
dimension of y(n) versus the original received vector x(n).
Whereas the length of x(n) is directly a function of the
spreading code length (which can be as large as 128), the
length of y(n) is independent of N. Thus our algorithm
has reduced complexity vis d s counterpart algorithms
[10, 9]. There is some loss in theoretic performance if
one compares the pulse shaping {9] and matched filter
schemes - this is due to the fact that while the matched
filter outputs are suitable for estimation, they are not suf-
ficient in this asynchronous case. It has been empirically
observed that performance improves as the dimension of
the noise subspace increases {1]. Thus, as the number
of matched filters increases, the channel estimation error
will decrease, the limit being the performance achievable
by the pulse shaping performance [9]. The matched filter
scheme allows the system designer to trade off between
complexity and performance.

4 RANDOMIZED CODES

In the current proposed DS/CDMA standard, IS-95, long
randomized spreading codes are suggested. These spread-
ing codes have periods that are much longer than a sym-
bol duration. Thus, in this section, we develop an identi-
fication scheme appropriate for such a systemn. In partie-
ular, we model the spreading codes of all active users as
random sequences with chip values that are equal to %
with equal probability. Thus, the autocorrelation func-
tion of the desired user’s sequence is a Dirac delta func-
tion. Similarly, the cross-correlation function between
two distinct users is approximately the zero function. To
begin, we consider an observation vector x(n) of length
N 4+ M — 1, that is a vector corresponding to a single
whole symbol and two partially received symbols.

We form y(n) as in 2 with L = M. With our assump-
tions on the spreading sequences, which can be considered
to be time-varying,

R, =E{y(r)y(n)"} = hihff +R;+o’R7
Where R = S™(L)S™T(L). Note that this matrix is

Toeplitz. The contribution due to the desired user is sim-
ply a rank one matrix. The interferers’ contribution at the

output of the matched filter for the desired user is eyclo-
stationary with period equal to the chip period and hence
stationary when sampled at the chip rate. Therefore this
interference matrix, Ry, is Toeplitz and Hermitian. Using
statistical arguments, one can argue that as the number
of asynchronous interferers increases and as the process-
ing gain increases, this Toeplitz matrix actually converges
to a diagonal matrix.

We define hy = [hg(1),---, he(M — 1)]T] and h} =
(7e(2), -, he(M)])T]. The Toeplitz contribution of the
channel noise and interference can be removed by consid-
ering the following operation:

Ry Ry,(2:M2:M)-R,(1: M-1,1: M -1)
= Bk T -y F

where the matrix notation B{i : 7,7 : j) corresponds to
the submaitrix of B formed by the appropriately trun-
cated ¢ through j columns and ¢ through j rows. An
eigendecomposition of Ry, is given by

M-1
Rh = Z ,\,-v,-v{f.

i=1

(6)

Ordering the eigenvalues such that Ay > Az,- -, > Ap—1,
only A; and Apr_y should be non-zero with A; > 0 and
Arr—1 < 0. In practice, from the sampled average corre-
lation matrix, we form an estimate of Ry and compute
Vi and VA —1-

We introduce the following subspace fitting problem

H _ 2
min ||H - VT [f,

where H = [h;h}] and V = [v; var_1]. Minimization
with respect to T yields

min trace HYP$H = min h7Qh.
l{hl|=1 [1h|=1

The matrix P{ is a null-matrix for V. And thus the solu-
tion is the eigenvector of Q corresonding to its minimum
eigenvalue, where () is defined as

N V] 0 - 0
Q= " . |+] Pl

0 «-- 4] Q0 v
In practice, two modifications are employed. The first lies
in the recognition that SJ*(L)S; # I. Thus the matched
filtering is augmented by the the linear transformation
W = (R’,j)_l. That is ,yT(n) = WSP(L)x(n). The
second change is to incorporate longer data lengths. If
a complete and two partial data symbols are present in
the vector x{n) then Ry in (6) will contain 2a non-zero
eigenvalues. This data smoothing will result in improved
performance.

The recognition of the Toeplitz interference matrix was
also made in [4]. However instead of working with the
Toeplitz displacement of RE =E {yT(n)yTH (n)}, the
difference of the covariance matrices before and after code
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of matched filters for the deterministic code case.

matched filtering is manipulated. Under ideal spreading
code assumptions, it can be shown that this difference is
in principle hyhf. While the work in [4] focused on equal-
ization, there is the allusion to a corresponding identifi-
cation scheme. We shall see that the proposed algorithm
herein outperforms that of [4].

5 NUMERICAL RESULTS

Figure 1 shows how performance of the deterministic
short code scheme is affected by the number of matched
filters. In this experiment, length 31 Gold codes were used
in an eight user, asynchronous system with SNR = 20 dB.
The channel length was 3 and 400 Monte Carlo runs were
conducted. As can be seen, increasing the number of
filters improves performance. The poor performance ex-
hibited for 19 filters is due to the lack of a noise subspace.

Figure 2 shows performance for the long randomized
code algorithm (TD algorithm). For both experiments
depicted, 8 user asynchronous systems are under consid-
eration with SNR=20dB. In addition, the channel length
is 5; 300 Monte Carlo runs were conducted. Figure 2(a)
shows how performance varies as the number of received
symbols increases for N = 30. Note that performance is
not monotonic in the number of symbols. This is due to
the fact that while increasing a increases desired signal
energy, it also increases the amount of interference en-
ergy in the received signal. In Figure 2(b), we compare
performance of the TD algorithm to that noted in [4], de-
noted the LZ algorithm. Performance is compared as the
processing gain increases. Note that as N increases, the
spreading code correlation functions become more ideal.
It is clear that the TD algorithm outperforms the LZ al-
gorithm.

6 CONCLUSIONS

Two blind identification schemes for multi-path channels
for DS/CDMA signals have been considered. The method
for deterministic short codes is based on determining
noise and signal subspaces using the matched signal cor-
relation matrix. It can be shown that explicit use of the
spreading code enables the system designer to trade-off
between complexity and performance. The randomized
long code identification technique exploits the statistical
properties of aperiodic spreading codes. The matched fil-
tering operation renders the desired user’s signal station-
ary at the symbol rate, while the multi-user interference
remains stationary at the chip rate. Thus, its contribu-
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Figure 2: Channel estimation error (a) versus the number
of received symbols a; and (b) versus the processing gain
N with comparison to the LZ algorithm for the random-
ized code case.

tion can be eliminated via a Toeplitz displacement. The
proposed scheme outperforms that of [4], which exploits
similar properties of DS/CDMA signals.
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