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Supervised Phase Correction of Blind Space—Time
DS-CDMA Channel Estimates
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Abstract—Blind  channel-estimation  algorithms return
phase-ambiguous estimates. From a receiver design point of
view, the phase-ambiguity problem can be by-passed by differ-
ential modulation and detection at the expense of a well-known
performance loss, in comparison with direct modulation and
coherent detection schemes. An alternative approach is followed
in this paper. A theoretical minimum mean-square error phase-es-
timation criterion leads to a supervised phase-recovery procedure
that directly corrects the phase of arbitrary linear filter receivers
through a simple closed-form projection operation. Conveniently,
any known blind channel-estimation algorithm can be used to
provide the initial phase-ambiguous estimate. The presentation
is given in the context of adaptive space—time receiver designs
for binary phase-shift keying direct-sequence code-division-mul-
tiple-access antenna array systems. Numerical and simulation
studies support the theoretical developments and show that effec-
tive phase correction and multiple-access interference suppression
can be achieved with about 2% pilot signaling.

Index Terms—Adaptive arrays, antenna arrays, code-division
multiple access (CDMA), communication channels, differential
phase-shift keying (DPSK), mean-square error (MSE) methods,
phase estimation.

I. INTRODUCTION

N WIRELESS communications systems, multipath signal
I propagation phenomena are usually modeled at the base-
band received signal as a convolution operation with a complex
channel impulse response that induces a time delay and a mul-
tiplicative disturbance per path. Knowledge of the channel im-
pulse response vector within a positive scalar ambiguity is nec-
essary for the formulation of the familiar RAKE matched-filter
receiver [1], [2]. For direct-sequence code-division multiple-ac-
cess (DS-CDMA) communications, which is of particular in-
terest to this work, the RAKE filter is simply the superposi-
tion of the appropriately shifted versions of the signature wave-
form of the user of interest multiplied by the corresponding
channel coefficients [3]. When the channel coefficients are as-
sumed random in an effort to model fading phenomena, the
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RAKE receiver has to be estimated adaptively based on an input
data record size that conforms with the channel coherence time
[2]. Unfortunately, second-order criteria for blind estimation of
the channel coefficients [4]-[12] introduce a global phase ambi-
guity to the vector coefficient estimate. As a result, coherent re-
ceiver designs that rely only on a blind channel estimate cannot
be pursued.

The concept of phase recovery was given some consider-
ation in the past [13]-[15], primarily in the context of blind
decision-directed phase tracking. Certainly, blind decision-di-
rected phase tracking requires correct initialization and theoret-
ically still suffers from an overall phase ambiguity that trans-
lates to symbol-detection ambiguity. In [16]-[25], differential
phase-shift keying (DPSK) modulation and detection was con-
sidered for the design of DS-CDMA communications systems
that avoid any form of channel phase dependence. DPSK com-
munications are well known to incur a certain performance loss
in comparison with their PSK counterparts [2]. Alternatively,
in this paper, we consider plain binary PSK (BPSK) transmis-
sions over multipath fading channels for DS-CDMA systems
equipped with adaptive antenna arrays. We propose to use a
very short pilot information bit sequence to recover the phase
of the blind space-time (ST) channel estimate in the mean-
square (MS) sense. The supervised MS-optimum phase-correc-
tion procedure is established for various linear ST receiver de-
signs of interest, and it is shown that it always takes the form
of a simple projection operation. An important characteristic
of the algorithm is that the phase of the (possibly adaptive) re-
ceiver structure can be directly adjusted, without the need for
receiver re-evaluation under the corrected channel-phase esti-
mate. Moreover, the proposed phase-correction procedure is ap-
plicable to any blind channel-estimation method. For the pur-
poses of this presentation, we choose to modify and generalize
the subspace-based channel-estimation procedure in [6] to cover
antenna array ST processing. In this context, the subspace blind
ST channel-estimation algorithm provides us with a phase-am-
biguous estimate of the RAKE vector, while the MS-optimum
supervised phase-recovery procedure directly corrects the phase
of any linear filter that is based on the ST RAKE vector estimate.

In terms of active ST multiple-access interference (MAI) sup-
pression, we consider adaptive linear filter receivers such as
the sample-matrix-inversion minimum-variance-distortionless-
response (SMI-MVDR) filter [26]-[31] and the auxiliary-vector
(AV) filter sequence [3], [16], [32]-[34]. Numerical and sim-
ulation studies included in this paper that involve blind sub-
space ST channel estimation support the theoretical MS-op-
timum phase-recovery developments. Indeed, the studies show
that a very short pilot sequence (consisting of 4 or 5 bits only) is
sufficient for the proposed phase-recovery algorithm to closely
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match the performance of receiver designs that assume perfect
knowledge of the channel both in amplitude and phase.

This paper is organized as follows. In Section II, we intro-
duce our notation and we present the received signal model
under consideration. The core theoretical concepts of supervised
MS-optimum phase recovery are developed in Section III. Es-
timation issues, including ST subspace channel estimation, are
discussed in Section I'V. Section V is devoted to numerical and
simulation studies. A few conclusions are drawn in Section VI.

II. SIGNAL MODEL

We consider mobile-to-base transmissions of X DS-CDMA
users simultaneous in time and frequency with spreading gain
L. The transmissions take place over multipath fading additive
white Gaussian noise (AWGN) channels. Fading is modeled by
multiplicative complex Gaussian random variables (Rayleigh
distributed amplitude and uniformly distributed phase). The
multipath fading channels are modeled by tapped-delay lines
with independent fading per path. The received signal is
collected by a narrowband antenna array of M elements. For il-
lustration purposes, we consider uniform linear arrays. Identical
fading is assumed to be experienced by all antenna elements
for each path of each user signal (no antenna diversity). Details
and notation are given below.

The contribution of the kth user, &k = 0,..., K — 1, to the
transmitted signal is denoted by

uk(t) = Z bk(Z) Eksk(t — ’L'T)ej(Qﬁfct—’_d)") (1)

where by, (i) € {—1, 1} is the 4th transmitted data (information)
bit, £, denotes energy, ¢y is the carrier phase with carrier fre-
quency f., and s (t) is the user signature waveform given by

L-1

se(t) = > dilllp(t —IT,) ©)

1=0

where di[I] € {—1, 1} is the [th bit of the spreading sequence of
the kth user, 1(t) is the chip waveform of unit energy, 7. is the
chip period, and if 7" in (1) denotes the information bit duration,
then T'/T, = L is the spreading processing gain.

After multipath fading channel “processing,” the total signal
due to all users received at the input of a narrowband uniform
linear array of M elements is given by

K-1N-1
X.(t) = Ofe nUk (t—E—Tk)ak,n—i—nt 3
(t) ];) nz:% : 3 ) 3
where N is the total number of resolvable multipaths
(without loss of generality, the number of resolvable
multipaths is assumed to be the same for all users) and
agn,k=0,...,K —1,n =0,...,N — 1, are independent
zero-mean complex Gaussian random variables that model the
fading phenomena and are assumed to remain constant over
several bit intervals. We recall that, in fact, measurements have
shown that mobiles on foot operating at f. = 900 MHz induce a
typical fading rate of about 4.5 Hz, while fast-moving vehicles

may cause fading rates as high as 70 Hz [35]. Moreover, 7y
in (3) denotes the relative transmission delay of user k£ with
respect to user 0 with 7o = 0, and with x.(¢) bandlimited to
B = 1/T., the tapped-delay line channel model has taps spaced
at chip intervals 7. The M X 1 array response vector ay,_ , for
the nth path of the kth user signal is defined by

ag.n[m] = ej27r(m71)w

, m=1,....M 4)
where ), ,, identifies the angle of arrival of the nth path signal
from the kth user, A is the carrier wavelength, and d is the ele-
ment spacing of the antenna array (usually d = \/2). Finally,
n(t) in (3) denotes an M -dimensional complex Gaussian noise
process that is assumed white both in time and space.

After carrier demodulation

K-1
x(5) =) bili)
v k=0

N-1

X Chon S t—iT— 2 _ ag, +n(t) )
nz::o k k( iz Tk) k

where ¢y, , = /By, ne I G/ B)1) with vy, = 27 fory—
¢ being the total carrier phase absorbed into the channel coef-
ficient. Assuming synchronization at the reference antenna ele-
ment (m = 1) with the signal of the user of interest, for example
user 0, chip-matched filtering and sampling of x(¢) at the chip
rate 1/ over the multipath extended period of L+ N — 1 chips
prepares the data for one-shot detection of the sth information
bit of interest by (7). We visualize the collected ST data in the
form of an M x (L + N — 1) matrix

Xuxan—1 = [x(0) x(T.) x((L+ N -2)T)].

(6)

To avoid cumbersome 2-D filtering operations and notation, we
decide at this time to “vectorize” X sy (r4+n—1) by sequencing
all matrix columns in the form of a vector

Xar(L+N—1)x1 = Vec{ Xary(n4n_1)}- @)

From now on, x denotes the joint ST data in the CM(Z+N—1)

complex vector domain.

The cornerstone for any form of ST filtering is the ST RAKE
filter that we define for user 0 as the superposition of shifted ver-
sions of the ST matched filter multiplied by the corresponding
channel coefficients

T
N-1
VOéZCO,n OOdO[O]dO[L—l]OO @a(],n
n=0 n N—n-—1

®

where ® denotes the Kronecker tensor product. Theoretically,
the ST RAKE receiver vy is also given by

vo = Ep, {xbg} O)
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Fig. 1. Phase correction for the ST linear filter w(v,).

where the statistical expectation operation £{-} is taken with
respect to by only.

The ST RAKE receiver of (8) or (9) is a function of the bi-
nary signature vector (spreading sequence) of the user of in-
terest (user 0), the channel coefficients cg o, co1,--.,Co,N-1,
and the corresponding angles of arrival 60,601, ...,00 ny—1.
While the spreading sequence is assumed to be known to the
receiver, the channel coefficients and the angles of arrival are,
in general, unknown. What we are concerned with in this paper
are the consequences of blind estimation of v from a given fi-
nite-size record of input data. Since blind channel-estimation
methods induce phase ambiguity, we propose to recover the
phase of the estimate using a short pilot bit sequence.

III. MS-OPTIMUM PHASE RECOVERY

In this section, we consider the recovery (correction) of the
phase of ST linear filters when the ST RAKE vector v is known
within a phase ambiguity.

Let vy denote a phase-ambiguous version of vy, i.e.,

(10)

\70614} =Vy

where ¢ is the unknown phase. We consider the class of linear
filters w € CMI+N-1) that are functions of the ST RAKE
vector v and share the following property:

w(vg) = w(Vo)el?. (11)
Such filters are of prime importance for the design of ST
DS-CDMA receivers, and they include:

1) the ST RAKE filter itself vg;

2) the ST MVDR filter

-1
R Vo

WMVDR = —Fm 1
viiR~1vg

(12)
where R = E{xx"};

3) the AV sequence of ST filters w,, defined by the following
recursion [3], [16], [33], [34]:

(13)
(14)

Wo = Vo,

Wn+1 = W — Un4+18n+1, N = 0, 1, 2, A

+
+
bo
where
H
V(]VO
8n+l = <I — —) Rw, (15)
lIvoll*
H
gn+1an
fong1 = —mELT (16)
g£+1Rgn+l

In terms of notation, x denotes the Hermitian of x; in (15), I
denotes the M(L + N — 1) x M(L + N — 1) identity matrix.
As seen by (11), for this class of filters, the phase ambiguity
of V¢ leads to a phase-ambiguous linear filter w (Vo). Given vy,
we attempt to correct the phase of w(Vvg) as follows (Fig. 1).
The selection criterion for the phase correction ¢ that we pro-
pose in this paper is the minimization of the mean-square error
(MSE) between the phase-corrected ST filter processed data
[w(¥o)e??]Hx and the desired information bit by

b= argn}jinE{Hw(\?g)eM)]Hx —bol*}, @€ [-m,m). (A7)

The following proposition identifies the optimum phase correc-
tion according to our criterion.

Proposition 1: The phase correction

¢ = angle {w(vo)" E{xb}}} (18)

minimizes the MSE between the phase-corrected ST filter pro-
cessed data [w(vg)e??]Hx and the desired information bit by.[]

Essentially, Proposition 1 suggests projecting the phase-am-
biguous w(vy) filter onto the ideal ST RAKE filter
v = E{xb}}. We understand, of course, that E{xb}} is
not known. If a pilot information symbol sequence of length
P is available, the expectation F{xbj} can be sample-av-
erage estimated by (1/P) Zf;l x;b5(7).1 Then, for ex-
ample, the phase-correction estimate for the MVDR filter
w (Vo) = (R™1vg)/(VER1v() becomes

(19)

P
¢ = angle {\”fé{R_l ZXZbS(L)} .
i=1

I Alternatively, one might consider applying the phase-ambiguous filter
w(Vo) at the points where the known pilot symbols occur, and di-
rectly compare the filter output with the known pilot symbol values.
Then, the least-squares (LS) phase-correction estimate that minimizes
the LS metric zf:1|(w(\70)ej¢)Hxi — Dbo()]?, is given by ¢ =
angle {w(vo)" 327 x;b5(i)}. Therefore, LS estimation of ¢ coin-
cides with MS optimum phase recovery when E{x;b;(?)} in (18) is replaced
by its sample-average estimate.
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It can be shown that <?> in (19) is also the maximum-
likelihood (ML) estimate of ¢ when a data record
{(x1,b0(1)), (x2,b0(2)),...,(xp,bo(P))} is available and
the interference-plus-noise contribution to the received vector
x; is modeled as a colored Gaussian vector. This is in sharp
contrast to previous work [2], [36] that ignored the interference
(or, equivalently, treated the interference-plus-noise contribu-
tion as a white Gaussian vector), leading to the ML estimate

P
¢ = angle {\76{ inbg(i)} .

=1

(20)

Apart from the expectation E{xb}, we recall that in reality,
vy and the input autocorrelation matrix R (needed for the
calculation of the MVDR and AV filters) are also unknown.
In the next section, we study in some detail the problem of
estimating vo, E{xbj}, and R from a finite-size data record.
It is important to observe that if (11) holds true and w(vq)
is either the ST RAKE, ST MVDR, or ST AV filter, then
angle {w(vo)? E{xbs}} = angle {viE{xb}}}. However,
this equality no longer holds when vo, E{xb}}, and R are
estimated. In the latter case, it is prudent to recover directly the
phase of the filter estimate w(v() as suggested by (18).

IV. ESTIMATION CONSIDERATIONS

Assume that a finite ST input data record of size J is
available: xi1,X2,...,Xy. To estimate the channel coeffi-
cients &y = [co,0,¢0,1,---,con—1]" and the angles of arrival
fo = [00.0,00.1,---,80n-1]" for the user of interest, we resort
to a subspace-based estimation procedure. This procedure can
be viewed as a generalization of the algorithm in [6] for an
antenna-array setup. An additional modification is introduced
that increases the rank of the noise subspace, as discussed
below.

Under the assumption that N < (L/2) + 1 (a rather reason-
able assumption for DS-CDMA communications), the :th re-
ceived ST data vector x; can be expressed as

K-1

Xi = Y [be(i)vi + b(i — 1)vy +be(i+ 1)vi] +n;,
k=0
i=1,2,...,J 2D

where v is the ST RAKE vector of the user of interest in (8)
and 9), vi = Epn{xibj(i)},k = 1,2,....,K — 1, and
Vi £ By, (i—y {xibi (i — 1>}7VI<: 2 By, i {xabi (i + 1)}
for k = 0,1,..., K — 1. The three vector terms of the user
of interest, vo, Vv, , and v(')" , are always present in (21). Each
interferer, kK = 1,..., K — 1, contributes to (21) two or three
additional vector terms (v and v, or V;: or both), depending
on the exact value of the relative delay 75, with respect to user
0. Therefore, the possible values of the rank r of the signal
subspace of x; are 2K + 1 < ry < 3K. The rank rs can be
controlled by data truncation. One-sided-only truncation of x;
eliminates either the v or v component, and the signal-sub-
space rank is reduced by at least one, 2K < ry; < 3K — 1. We
can further reduce 7 by truncating both sides of x; as shown in
Fig. 2. Then the truncated received vector x.* contains only v
(two-sided truncation of x; eliminates intersymbol interference

——————— X; of length M(L+N-1) —————=

ba-1) § ba) 3b(i+l)
bi-1) | 3 b bii+1)
bii-1) | b bi+D)

| ‘
~— X! of length M(L-N+1) —>

[ ist

Fig. 2. Data collection and ISI trimming.

(ISD) for user 0) and at most two vectors per interferer, v and
\ orvg',k =1,...,K—1.Thus, K <r; < 2K —1.Insum-
mary, the possible values of 75 depending on the data formation
of choice are as follows.
1) No truncation:
Data dimension= M(L+ N —1),2K +1 <r, < 3K.
2) One-sided truncation:
Data dimension = ML,2K <r; < 3K — 1.
3) Two-sided truncation:
Data dimension = M(L — N +1),K <r; <2K — 1.
The ISI terms by(i — 1)vy and bp(i + 1)vi,k =
0,1,...,K — 1 in (21) are characterized by low energy
per received vector (by definition, many coordinates of v,  and
v,j are zero). Hence, certain signal eigenvalues are expected to
be small and close to the noise eigenvalues.2 To assist the sub-
space ST channel-estimation procedure and have the maximum
possible guaranteed minimum rank of the noise subspace of
M(L - N+ 1) — (2K — 1), we truncate x from both sides
(Case 3), and we form the “truncated” received vector x%* of
length M (L — N + 1) as follows:

x((N = 1)T.)
x(NT,)
x'T = : (22)
x((L — )T)

Then, with respect to the 7th information bit of user 0, x!* can
be expressed as

X = by(i)AoB ()& + MAL + n!*

2

(23)

where MAI; accounts comprehensively for ST MAI of rank
ro — 1, B(f) is a block diagonal matrix of the form B(f) £
diag(ag,0,a0,1,---,a0,n-1),and Ag = AJ©I,s. The symbol
©® denotes the Kronecker tensor product, I, is the M x M iden-
tity matrix, and

do[N — 1] do[N — 2] do|0]
A | dIN]  do[N —1] dol[1]
AS 2 , : _ (24)
o[l — 1]  do[lL — 2] do[IL = N]

Let Ri, = E{x"x""} be the autocorrelation matrix of x'.
If Ry, = QAQ represents the eigendecomposition of Ry,
where the columns of Q are the eigenvectors of R, and A is

2The problem case of hard-to-separate signal and noise subspace estimates
was studied recently in [37]-[39].



588

a diagonal matrix consisting of the eigenvalues of Ry,, then the
eigenvectors that correspond to the M (L — N +1) — (2K — 1)
smallest eigenvalues are all guaranteed to belong to the noise
subspace. Let the matrix U, of size [M(L— N +1)] x [M(L—
N +1)— (2K —1)] consist of these M(L — N +1) — (2K — 1)
“noise eigenvectors.”

We select ¢ and % as the vectors that make the signal of user

0, AgB(%)é’g, orthogonal to the noise subspace [6], [40]

(AB(A))&)U, =0, subjectto ||Go]|=1.  (25)
The solution to this optimization criterion is given by the fol-
lowing proposition.

Proposition 2: The projection of the signal of user 0 to the
U,, noise subspace becomes zero when 6 is chosen to make
the matrix Mo () £ B(go)HAglUnUngB(ﬁo) singular,
and & is selected as the eigenvector that corresponds to the
zero-eigenvalue of Mo(go) for that specific choice of fo. O

It is straightforward to verify that the vectors 0 and & identi-
fied by Proposition 2 satisfy (25). However, they are not guaran-
teed to be the true ST channel-parameter vectors unless the spe-
cific 670, Cp solution is unique. The following proposition iden-
tifies a sufficient condition for a unique solution in Proposition
2. The proof is given in the Appendix.

Proposition 3: The ST channel-parameter vectors 50 and &g
are uniquely determined by Proposition 2 if:

1) rank (ASR =

2) null (U ﬂ range (AoB(f ))

_ {range (AoB(6)cy),
{0},

fo
0

q
0 # 6.

ol

(]

The requirements of Proposition 3 may be satisfied by appro-
priate design of the user signature set. Condition 1) requires A
to be a full-column-rank matrix. If null (UZ) coincides with the
signal subspace (that is, 7y = 2K — 1 and our matrix U,, covers
the whole noise subspace), Condition 2) in essence requires that
no linear combination of the (truncated) ST user signatures can
form a valid (truncated) ST signature configuration for the user
of interest, except for the true one.

It is interesting to observe that according to Proposition 2,
the joint optimization of & and 50 becomes disjoint. However,
in the absence of a closed-form expression for the optimum bo.
only numerical optimization of the vector fo can be pursued at
considerable computational cost. For this reason, we present an
alternative approach by combining ¢, and 6 into one M N x 1
vector hy

(26)

As before, we seek the vector hg that makes the projection of
the signal of the user of interest (user 0) onto the noise subspace
equal to zero

(Aghg)#U, =0, subjectto ||ho|| =1. (27)
The solution to this selection criterion is given by the following
proposition.
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Proposition 4: The vector hy that makes the projection of
the signal of user O to the U,, noise subspace equal to zero,
subject to the norm constraint ||hy|| = 1, is the eigenvector that
corresponds to the zero-eigenvalue of A¥ U, U2 A,. (]

The following proposition identifies a necessary and suffi-
cient condition for a unique solution. The proof is given in the
Appendix.

Proposition 5: The ST channel parameter vector hg is
uniquely determined by Proposition 4 if and only if:

1) rank (A§) = N; and

2) null (UH) N range (Ay) = range (Aghy).

]

Once again, the requirements of Proposition 5 can be satis-
fied by appropriate design of the user signature set. Condition
1) implies that A§ is a full-column-rank matrix. If null (U%)
coincides with the signal subspace, Condition 2) implies that
the signal subspace and the subspace spanned by the columns
of A( do not have any common elements, except for the true
“truncated” signal vector of interest AgB(%)é’o = Aghy (and,
of course, all complex scalar multiples of it).

Proposition 4 relies on knowledge of the autocorrelation ma-
trix Ry,. Since, in reality, Ry, is not known, we form a sample-
average estimate

R = (28)

kl'—‘

J
§ tr tr

based on the truncated .J available ST input vectors x*
1,2,...,J. Let ﬂn be the matrix consisting of the “bottom”
M(L — N + 1) — (2K — 1) “noise eigenvectors” of R,. The
signal of user 0 is not guaranteed to be completely orthogonal
to I]'n. Therefore, we choose to seek the vector hg that mini-
mizes the norm of the projection of the signal of user 0 onto the
estimated noise subspace U,

7’1/:

hy = arg min I(Aoho)U, ||, subjectto ||hgl| =1. (29)
0

The solution to this selection criterion is given by the following

proposition. .

Proposition 6: The vector hy that minimizes the projection
of the signal of user O to the U, estimated noise subspace sub-
ject to the norm constraint ||hg|| = 1 is the elgenvector that
corresponds to the minimum eigenvalue of A} U, U Ag. U

After obtaining hy, we may extract the desired vectors Cg

and 60 by applying LS fitting to ho. Then, our estimate v is
completely defined by (8).

As mentioned earlier, the criteria employed above in Propo-
sitions 2, 4, or 6 absorb the phase information, which means that
the estimate v is phase-ambiguous. What remains to be done
is phase correction of the overall receiver filter w(vo) as intro-
duced in Section III, Proposition 1. If a pilot information bit se-
quence of length P is available, then the expectation E{xb{} in
(18) can be sample-average estimated by (1/P) Zle x;b5(7).
Then, for example, the phase-corrected ST RAKE filter estimate
is given by

P
voel?, ¢ = angle {\zf{){ [Z xibg(i)] } . (30)
i=1
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If instead of plain ST RAKE filtering, we choose to actively sup-
press interference, then we may consider the MVDR [26]-[31]
or AV [3], [16], [32]—-[34] linear filters that are all defined as
a function of v( and the input autocorrelation matrix R (cf.
Section IIT), w(vg, R). With respect to R,, we form a sample-av-
erage estimate from the same given input data record of size .J
that we used for ST channel estimation, but this time without
data truncation

R = 31

<l

J
E XZ’XZ'H.
i=1

With respect to v, we already have a phase-ambiguous estimate
\30 at hand. Next, according to the discussion in Section III, we
first generate the phase-ambiguous filter w(@o, ﬁ) and then we
correct its phase

o o P
w(vo,R)e’®, ¢ = angle {W(‘N’mR)H [Z X'ibg(i)] } :
- 32)

When J represents the packet size of a DS-CDMA system
and P is the number of preamble (or midamble [41]) pilot infor-
mation bits per packet, then the ratio P/.J quantifies the wasted
bandwidth due to the use of the pilot bit sequence. Ideally, for
packet-rate adaptive receiver designs, both P/.J and .J are to
be kept small (the latter is necessary to ensure that the user ST
channels are nearly constant over the collected packet input data
time period). It is known that AV filter designs cope well with
small input data support .J [3], [16], [32]-[34]. In addition, as we
will see in the following section, a few pilot bits (of the order of
5 bits) are sufficient for effective recovery of the AV filter phase.
As a numerical example, when the packet size is set at J = 256
and P = 5 is chosen, the wasted bandwidth is only P/.J ~ 2%.

V. NUMERICAL AND SIMULATION COMPARISONS

We consider the DS-CDMA signal model in Section II for
a system with M = 4 antenna elements and spreading gain
L = 31. We compare the bit-error rate (BER) performance of
the ST RAKE filter in (8), the ST MVDR filter in (12), and
the ST AV filters in (14)—(16) for subspace-based ST channel
estimation, as described in Section IV, and MS-optimum phase
recovery per filter, as described in (32). We assume the presence
of K = 20 active users. Each user signal experiences N = 3
independent Rayleigh fading paths with equal average received
energy per path, and independent angles of arrival uniformly
distributed in (—m/2,7/2). The array interelement spacing is
taken to be half-the-wavelength, and identical fading is assumed
to be experienced by all antenna elements for each path of each
user signal.

In Fig. 3, we fix the total signal-to-noise ratios (SNRs) of the
interferers at SNR; — SNRy = 7 dB, SNR; — SNRg = 8 dB,
SNRg — SNRj2 = 9.5 dB, SNR;3 — SNRj¢ = 10.5 dB, and
SNR;7 — SNR;9 = 12 dB, and we set the total SNR of the
user of interest at 10 dB. We assume perfect knowledge of the
input autocorrelation matrix R (and of its data-truncated ver-
sion Ry,), and we plot as a function of the length of the pilot
bit sequence P the BER induced by the ST RAKE filter and ST

10 T T T T T

—— Known S-T channel
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107 f‘\ - — - Estimated S-T channel and proposed filter phase correction
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Fig. 3. BER versus pilot bit sequence length for the ST RAKE and MVDR
filters. The total SNR of the user of interest is fixed at 10 dB. Perfect knowledge
of the input autocorrelation matrix is assumed.

MVDR filter with the proposed direct filter-phase correction in
(32). We compare with the performance of the ST RAKE and ST
MVDR filters that incorporate the conventional channel-phase
estimate of [2] and [36] given by (20). As areference, we include
the RAKE and MVDR receivers when perfect knowledge of the
ST channel is available. Under plain RAKE filtering, conven-
tional channel-phase estimation and the proposed filter-phase
correction scheme coincide theoretically. This is not the case, of
course, for interference suppressing MVDR filtering, as seen in
Fig. 3. The results that we present therein are averages over 200
independently drawn multipath Rayleigh fading ST channels.
We note the universal 1/2 BER value when no phase correction
of the ST channel estimate is attempted (P = 0), and the su-
periority of the filter-phase correction approach under MVDR
filtering for P > 1.

In Fig. 4, we assume that the input autocorrelation matrix R
(and Ry,) is unknown. We form a sample-average estimate R
(and Ry,) from a data record of size J = 256, and we plot
the BER induced by the SMI-MVDR filter, the wo AV filter
(two auxiliary vectors), and the ST RAKE filter (zero auxiliary
vectors) as a function of the length of the pilot bit sequence P.
The results that we present are averages over 200 independently
drawn multipath Rayleigh fading ST channels and 20 indepen-
dent filter realizations per ST channel. As a reference, we in-
clude the SMI-M VDR, 2-AV, and RAKE receivers when perfect
knowledge of the ST channel is available. As we see, 4 or 5 pilot
bits are sufficient for effective recovery of the 2-AV filter phase.
On a side note, as expected [32], the SMI-MVDR receiver suf-
fers from severe data starvation (J is too small) and does not
represent an acceptable solution.

In Fig. 5, we repeat the BER studies of Fig. 4 as a function
of the total SNR of the user of interest when the sample support
is fixed at J = 256 and P = 5 pilot bits are used. It appears
that phase-corrected AV receiver designs based on subspace ST
channel estimates form an appealing solution for antenna-array
DS-CDMA systems.
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Fig. 4. BER versus pilot bit sequence length for the ST SMI-MVDR, RAKE,

and 2-AV filters. The total SNR of the user of interest is fixed at 10 dB. Sample
support for the estimation of the input autocorrelation matrix is J = 256.
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Fig. 5. BER versus total SNR of the user of interest. Sample support is .J =
256 and includes P = 5 pilot bits.

VI. CONCLUSION

Blind channel-estimation procedures return phase-am-
biguous channel impulse response estimates. Therefore,
coherent receiver designs that rely on such channel estimates
cannot be pursued. The phase-ambiguity problem can be
by-passed by differential modulation and detection that leads
to decision statistics that are independent of the channel phase.
Of course, differential modulation schemes come at a certain,
well-documented, performance loss in comparison with their
direct modulation counterparts.

In this paper, we considered an alternative approach to dif-
ferential modulation. We developed a supervised MS-optimum
phase-recovery procedure and we showed that phase correction
for any linear filter receiver takes the form of a simple projection
operation. Conveniently, any known blind channel-estimation
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algorithm can be used to provide the initial phase-ambiguous
estimate. Then, a small (single digit) record of pilot informa-
tion symbols is sufficient for the supervised MS algorithm to
recover effectively the unknown phase. Our presentation was
given in the context of joint ST adaptive linear filter receivers for
BPSK DS-CDMA antenna-array systems. The studies showed
that supervised-phase-corrected ST adaptive receivers (in par-
ticular, AV type) based on blind subspace ST channel estimates
lead to powerful adaptive MAI suppression. As a realistic nu-
merical example, we used a data record size (packet size) of 256
bits that includes 5 pilot bits (about 2% pilot signaling).

APPENDIX

Proof of Proposition 3: To examine the rank of MO(Q_'),
we recall the following two useful identities from linear al-
gebra [42]:

rank (A% A) = rank (A)
rank (AB) = rank (B) — dim(null (A ﬂ range (

(33)
B)). 34)

For any parameter vector § € RY

rank (M (6)
— rank ( fHEALU UHAOB(*))
= rank (UHAOB )
= rank (AoB(f)) — dim (null Ul ﬂrange (AOB(é'))) .
(35

—

Applying one more time (34) to the product A(B(#), we obtain

—

rank (M (9)) 3
rank (B(6)) — dim(null (Ag) (| range (B(f)))

_ dim (null (UZ) [ range (AOB(”))) . (36)
Since rank (A§) = N and Ay = A © Iy,
rank (Ag) = MN. (37)
Ajisan [M(L — N + 1)] x M N matrix, hence [43]
dim(null (Ap)) + rank (Ag) = M N. (38)

From (37) and (38), we obtain dim(null (Ag)) = 0, therefore

null (Ay) = {0}. (39)
It can also be shown that for any §e RN
rank (B(f)) = N. (40)
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From (36), (39), and (40), we obtain

—

rank (M (0))
::Nr-dnnqo})—dnn(nm1(Uf)(]rmge(AoB(é))

— N —dim (nuu (UH) [ range (AOB(*))) . (41)
By hypothesis 2), we conclude that
7 N-1, =4
k M 9 = ’ — —»0 42
rank (Mo (6)) {N, 7 # . (2

—

The matrix Mg(#) is of size N x N. Therefore, (42) implies
that there is a unique parameter vector g :_’9_'0 that makes the
matrix M (6) singular, and for this specific 6 choice, there is a
unique (within a complex scalar ambiguity) “zero eigenvector”
of My (fp). O

Proof of Proposition 5: We use properties (33) and (34) to
examine the rank of A¥ U, UZA,

rank (A{U,UXA,)
= rank (UTIL{AO)
= rank (Ag) — dim (null (Uf) ﬂrange (AO)) . (43)

We recall that Ay is of size M(L — N + 1) x M N, hence

rank (Ag) < MN. (44)

We also note that the signal contribution A yhg of user 0 belongs
both to the signal subspace and to the subspace spanned by the
columns of Ay

Aghg € null (Uf)
Aohg € range (Ay)

= Aghg € null (U) ﬂrange (Ap)

= range (Aohg) C null (Uf) ﬂrange (Ag). (45)

Therefore

dim (null (Ul mrange (A0)> >1 (46)
with equality if and only if null (UX)range (Ag) =
range (Aohy).

The matrix AgIUnUf Agisofsize MN x M N . Therefore,
the vector hy is uniquely determined by Proposition 4 if and
only if rank (A U, U2 Ay) = M N — 1. By considering (43),
(44), and (46), a necessary and sufficient condition for the latter
equality to hold true is

rank (Ag) = MN
dim (null (U ﬂrange (AO)) =1.

(47)
(48)
Since Ay = A§ ® Iy, (47) is equivalent to rank (AJ) = N

Finally, (48) holds true if and only if null (UZ) M range (A() =
range (Aghy). O
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