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Adaptive Array Processing for Multipath Fading
Mitigation via Exploitation of Filter Banks

Yimin Zhang Member, IEEEKehu Yang Member, IEEEand Moeness G. Amijriellow, IEEE

Abstract—In this paper, we propose subband adaptive array large-scale matrix inversion or recursive computation, or a
processing for mitigation of both intersymbol interference (ISI)  cascaded form of CCl and ISI cancellers [6]—[8].
and cochannel interference (CCI) in digital mobile communica- In this paper, we propose an efficient subband adaptive array
tions. Subband adaptive array processing employs filter banks in a . ! L ' .
front end to an adaptive array receiver. By decomposing the signals processing method that.utlhzes f||ter_ banks to m_|t|g§1te both the
into a set of subband signais, the analysis filters enhance the cor- CCl and the 1SI effects in land mobile communications [9]. A
relation of multipath rays in each subband. This enhancement is subband adaptive array is suboptimum in the context of spatial-
blind in the sense that noa priori knowledge of the temporal char-  spectral signal processing. It achieves the same objective as a
acteristics or spatial signatures of arriving signals is required. With STAP system, while the implementation is more effective. With

the increased coherence, the desired signal can be effectively equal- bband d ition. th blem ted int b
ized by subsequent spatial processing. Further, the CCl signals and stibband aecomMpOosILion, te Probiem IS CoNveried Into a NUmber

their multipaths can be suppressed with fewer degrees of freedom. Of simple spatial equalizations that could be performed in par-
The effects of quadrature mirror filter and discrete Fourier trans-  allel. In subband adaptive arrays, the frequency band of the re-

form filter banks on multipath correlation are delineated. ceived signals is divided into smaller subbands by the use offilter
Index Terms_Adaptive arrays, fadmg channels, filter banks, banks [10] Proper anaIySiS filters allow a Signiﬁcant increase
multipath channels, space—time adaptive processing. in the signal correlation between the multipath rays within each

subband. As a result of increased correlation, the effect of mul-
tipath fading associated with both the desired and the interfer-
ence signals is reduced, and, as such, fewer degrees of freedom
N LAND mobile communications, a user signal transmitte(DOFs) are required for proper equalization and CCI suppres-
by a mobile station is reflected and scattered by surrounslon [9], [11]. Note that such an increase of the signal correlation
ings before arriving at a base station, creating a multipaigblind in the sense that it does not requingriori knowledge of
fading problem. As the demand for multimedia communihe temporal characteristics or spatial signatures of the signalsin-
cations is increasing, mobile communication technology igdentinthe array. Therefore, this method can be easily extended
developing toward high-speed digital wireless networks, whet@realize blind space—time adaptive processing [12].
the communication channels are frequency selective and theSubband adaptive array methods have been proposed for
intersymbol interference (ISI) is highly pronounced. Anothexide-band signal processing and are known to offer the advan-
source of channel distortion and signal impairment is cochannafjes of reduced processing rates [13] and rapid convergence
interference (CCI), which is generated due to frequency reude], [15]. The coherent subspace transformation methods [16],
in cellular systems. [17] also demonstrate these two advantages.

Adaptive arrays implementing spatial or spatial-temporal In this paper, the discussion of subband signal processing
equalizations have shown to be effective in suppressing bathmainly focused on the signal correlation enhancement in a
ISI and CCI, leading to increased capacity and range [1]-[8fequency-selective fading environment, rather than the con-
Spatial-temporal equalizations can be achieved by space-tiistional consideration of reducing the signal bandwidth and
adaptive processing (STAP), which is composed of an integratte computational complexity. Subband processing, in essence,
adaptive array and temporal filters. However, solving bofttonverts a frequency-selective fading problem into a flat fading
the CCl and the ISI problems simultaneously by conventiongfoblem. As a result, the 1SI can be effectively mitigated, as the
STAP methods remains difficult, as these methods require eitfigded signal can be equalized by a subsequent spatial combiner.

Since the CCl components in each subband are easily removed
by the respective narrow-band adaptive array, subband adaptive
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O slgnal source The multipath raysp2(¢) of the desired signal can be decom-
posed into two components: one is coherent with the SOI and
'y the other is orthogonal to the SOI [18], i.e.,
N Lresired sipmal source

% sp2(t) = Ppépspi(t) + sp () )
o i Fbs whereE[s3(t)sp1(t)] = 0 and

y Elspy(t)spa(t)]
p # o o = == - 3
| ol Pp op1oD2 3

[ = 48 is the signal correlation between the two rays whose power are
o2 (£02,) ando?,,, respectively, andp = opa/op;. E[]

o : represents the expectation operator &) denotes complex

b Y LA P conjugation. The signal correlation matrix is defined as

bp = E [sp(t)sp(t)]

:0123{ 1 pD§D2:| " {0 0 o }
7 0 (1-—
Fig. 1. Multipath environment. ngD |pD£D| ( |pD| )ODQ (4)

Armay receiver

This paper is organized as follows. In Section I, we firsiyhere(-)! denotes complex conjugate transpose. Accordingly,
present the framework of adaptive array processing in the prege spatial correlation matrix is given by
ence of multipath rays. Itis shown that multipath rays of a signal
can be treated as a single ray when their cross-correlationis rel- Rpp = A(Op)E [sp(t)sh(t)] A¥(Op)

atively high. In Section I, different filter banks are analyzed ) 1 opép
and compared in terms of the enhancement of the signal corre- = [a(fp1), a(fp2)] {O'D [p*DﬁD |pD§D|2:|
lation between multipath signals. The analysis of the subband 0 0 a(6p1)
array performance is given in Section IV. In Section V, simula- + {0 (1 = |pp2)e? } } L‘(em)}
tion examples are provided to illustrate the effectiveness of the y ’3 D2 b2
proposed method. = opla(fp1) + ppénalfne)]
x [a(fp1) + Phépa(@p2)]”
Il. ADAPTIVE ARRAY FRAMEWORK IN THE PRESENCE OF + (1= |pp)ob.a(fp2)a? (0p2) (5)

MULTIPATH RAYS

Without loss of generality, we consider the simple case whe th bined sianal OB (f) = P
a desired signal and a CCl component, each with two rays, r* m the combined signal vectas,(f) = [a(fp1) +
incident on an array oN sensors, as shown in Fig. 1. The re-pDSDa
ceived array vector is described as ap = alfp1) + phépal@p:) (6)

gge first term of the right-hand side of (5) is constructed

(0p2)]sp1(t), where the quantity in the brackets

x(t) = A(Op)sp(t) + A(Or)si(t) +n(t) (D) represents the generalized steering vector of the SOI. The
second term in (5) is the contribution to the ISI from the
orthogonal components+(¢). This contribution vanishes
asymptotically agpp| approaches one.

g By assuming that the reference sign@l) is an ideal replica

of the SOls (), then the correlation vector between the data

where
A(©p) = [a(bp1),a(fps)] array manifold matrix, which
is the collection of the two
steering vectors for the desire

signal, ) .
sp(t) = [sp1(t), sp2(t)]  vector that includes the re- vectorx(t) and the reference signaf?) is
spective complex envelopes at — Elx(Dr* (D] = Elx(t)s. ()] = 024 7
the presumed phase reference D pe(&)r* ()] pe(B)sp1 (D] = pan @
point of the array; which coincides with the generalized steering vector of the SOI,

A(©5) = [a(fr1),a(f12)];  corresponding array manifold given in (6). Thus, the optimum weight vector under the min-

si(t) = [sni(t), sp(t)]"  matrix and complex envelop jmym mean-square error (MMSE) criterion is given by [19]
vector for the CCI signal.

It is assumed that the desired signal and the CCI signal are in- w=Ry\rp = gRy'ap (8)
dependent. We also assume that the elements of the noise vector

n(t) are independent and identically distributed (i.i.d.) Gaussiavhereg = 0%,(1 — o3a R ap) is a constant and
random processes with zero-mean and covariance megx = oo g

wherel is theN x IV identity matrix.s p1 () is used to represent Rxx = Ex(t)x" ()] = Ry + opapap, 9
the direct ray and is considered as the signal of interest (SOI). Ry = (1 — |pp|?)ohsa(fp2)a’ (0p2) + Ryy. (10)
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Ry is the equivalent correlation matrix of all interfering anc 10 . : : :
undesired components and

Ry =Ry + En(n” ()] = Ry + o} (11) 0
R is the correlation matrix of the CCI signal vector, whict )
is defined in (14). By using the matrix inversion formula, we¢ _ =107
obtain 2 s

Ry' = Ry — eRyra(0p2)a’ (6p2) Ry (12)

where

1— 2y 2 -35+
Tiva-| (IQ) JpDLEZDQ)Rl o
PDI" )0 2" \Up2) Ry albn2 =40, 02 0.4 5 06 08 1
|

which monotonously decreases|ag| increases.
From the above analysis, it is evident that the array weighly » . versusp; and3;.
vectorw will be less influenced by the orthogonal component
s5(t) as|pp| increases. Whefpp| reaches the unit value, the .
two multipath rays become coherent and can be equivalerilys clear thatA;; becomes zero when either or both [pf|
considered as a single ray. In this case, they can be hand¥d|/:| become one. For these cases, the two rays behave as a
by a single DOF. Consequently, the frequency-selective fadifigpgle one. Therefore, while the array often needs two DOFs to
problem is converted into a flat fading problem, whereby t ectively suppress two waveforms with low signal correlation,
channel can be spatially equalized and the 1S issue is resolvéguffices only to use a single DOF when the waveforms are
The employed spatial equalization scheme should also suppr@i§§ly correlated statistically and/or spatially.
all CCl components. In practice, the second eigenvalug can be neglected when
To examine the effect of signal correlation enhancement g much smaller than the noise powef;, as either or both
the CCI components, we use eigendecomposition methods. Phdez| and|3;| assume high value. In this case, the rank of
correlation matrix of the CCI signal vector, denotediby;, can the interference subspace is effectively one. It is evident from
be expressed as (15) that the required values pf;| and|p;| to mitigate the ISI
effect increase with higher SNR. Fig. 2 illustrates the second

2 eigenvalue\j; as a function ofpy and ;.
R[[ = A(@[)E [S[(t)sﬁ(t)] AH(@[) = Z )\[ill[iug
=1

(14) lll. SIGNAL CORRELATION ENHANCEMENT USING FILTER

whereAy; (i = 1,2) are the eigenvalues & ;; anduy; are the BANKS

corresponding eigenvectors. The two eigenvalues are given byn the previous section, we discussed the adaptive array
[20] framework in the presence of frequency-selective multipath
rays. It is shown that the increase of the correlation between
signal multipath rays converts the frequency-selective problem

N
Ao = = [02 2+ 2 Re(pr3: ) . . :
2 (07 + 072 + 200 Re(pr))] into a flat fading problem, so that a signal can be equalized by

2

403,02, (1 — |B112)(1 = |p1]?) only spatial processing. When this correlation is very high, the
X LEy /1= 2 2 g R 32 multipath rays can be treated as a single equivalent ray with a
771 + 012 + 200912 Re(p1 7] generalized steering vector. A generalized beam can then be
(15) formed to combine the multipath rays of the desired signal,
consuming a single array DOF. Similarly, the multipath rays of
whe2rg , ) each CCl signal will be suppressed by a single array DOF.
T 912 powers of.the two rays of the CCl signal, re- This section discusses the signal correlation enhancement of
spectwely, ) . multipath rays by subband signal processing. We first briefly
I signal temporal correlation coefficient be+q ey the concept of subband signal processing using filter
tween the two rays; N . banks, then present the basic principle of coherency enhance-
i their spatial correlation coefficient, defined asnent via subband partitioning via ideal filters. Next, we con-
y sider discrete Fourier transform (DFT) filter banks and quadra-
By = a” (651)a(fr2) (16) ture mirror filter (QMF) banks as two examples to implement
lla(6r)]|l|a(fr2)]|1/2 the subband signal processing, and the performances of signal

correlation enhancement are compared. Polyphase filters are an-
where|| || denotes the 2-norm of a vector.  other member of filter banks, but are not considered herein.
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Fig. 3. Block diagram of a filter bank. Fig. 4. Block diagram of a DFT filter bank.
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A. Subband Signal Processing by Using Filter Banks Fig. 4. The DFT filter bank is discussed in Section IlI-C. Fig. 5
A filter bank is a set of filters linked by sampling operator$hoWs the frequency responses of the ideal DFT and QMF filter

and sometimes by delays. Fig. 3 shows the block diagram oP&"%S-

filter bank. Thez-transform of the outpug(n) is expressed as  QMF banks, or, more practically, pseudo-QMF banks, are
often used to realize efficient subband signal processing with

M1 " perfect or near-perfect reconstruction (NPR) [10], [21], [22]. A
Y(z) = T(2)X(2) + Z Ap(z) X (e 2) (17) QMF bank has the same construction as the filter bank shown
k=1 in Fig. 3, where in a QMF bank each of the analysis or synthesis
where X () is thez-transform ofz(n) filters can be realized by a finite impulse response (FIR) filter

with finite taps. In a pseudo-QMF bank, the filter bank chan-
nels are formed by a series of equidistant frequency shifts of an
appropriate prototype filter, and the transfer functions of adja-
o cent channels are approximately power complementary between
1 ) —i2rk : hei ter frequencies. The pseudo-QMF banks are discussed
An(z) = — H® (o—i2mk/M )\ k), 19 their cen q . p
£(%) M Z (c ?) ) (19) in Section IlI-D.

M
T() = 4 3 HOE)FO (), 8)
k=1

k=1
_It is noted that with the use of the adaptive processing be-

andM is the number of subbands. We assume maximum degjjeen the analysis filters and the synthesis filters, the subband
mation such that the decimation rate equaldfoThe first term processing system is no longer PR even when the original sub-

of the right side of (17) is the nonaliasing component, and thgq system is PR. In this case, the sidelobes of the subband
second termis the aliasing component. To realize the perfectfgar system will cause aliasing, yielding less efficient signal
construction (PR) of the filter bank, it is required that correlation enhancement. The frequency responses of the three
T(z) =z (20) types of analysis filters are given in Fig. 5. The ideal filter banks
do not have cross spectra, whereas the DFT filter banks have rel-
Ar(2) =0, fork=12....M-1 (21) atively high sidelobe level and cross spectra between different
whereng > 0 is an arbitrary integer. subbands. Their performance will be discussed in detail below.

Under the PR condition, the output of the filter bank is a d

layed version of the input without distortion, i.e., B. Basic Principle of Coherency Enhancement via Subband

Partition

y(n) = z(n — ng). (22)  consider a bandlimited random sigsét). For the simplicity
of analysis, we assume that the signal power spectrum density

If a filter bank consists ofi/ ideal bandpass filters, that is function (PSDF), denoted by f), is flat within the bandwidth

H("‘)(f) — F(k)(f) B, ie.,
B k-1 B Kk B B
——+——B<X< i 1, -5 <73
—{1’ ot Psi<gty p(f)z{O egewh‘ére 2 (24)
0, elsewhere ’

(23) ' The corresponding autocorrelation function, denotet(ly, is

then clearly the filter bank satisfies the PR condition. AIthoug‘PlbtaInEOI by the Fourier transform off) as

such a filter bank is not causal, it provides simple expressions, . sin(r BT) )
which will be used to analyze the signal correlation enhance- "(7) = Els(t)s"(t — 1)} = — ——= = Bsinc(Br).
ment in Section II-B. (25)

Among the many filter bank implementations, DFT filter N .
banks and QMF banks are used as examples to illustrate theitf We equally partitionp( f) into M subbands, such as
performance of signal correlation enhancement and the com- M—1
parison with t_he ideal filter banks. DFT filter banks, con5|st|ng p(f) = Z p(k)(f) (26)
of DFT and inverse DFT (IDFT) transforms, are shown in 0
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Fig. 5. Frequency response of different filter batiké = 16). (a) Ideal filter
bank. (b) DFT filter bank. (c) Modified QMF bank.

where

P (f) = {

1, —24+EB<f<-B+

0,

0
Normalized frequency

©

elsewhere

k41

M

B

(27)

T T T T

— ideal
999 || ¢ DFT : , ]
- Modified QMF :

Absolute Value of Signal Correlation Coefficient

Fig. 6. Signal correlation coefficient versid$ for r = T's.

then the autocorrelation function for thigh subband signal
s (1) will be

AM@):E{AM@p@Y@_Tg

: wBr
_ sin (") o) =B (2k—M-1)
T
B B  xBr
= sinc <MT> o T (k=M1 (28)

The signal correlation coefficient of(t) and its delayed
replicas(t — 7) is then

()

r(0)
wherea (|Ja| = 1) is a factor used to express the propagation
phase difference betweeiit) ands(t — 7). Similarly, for the
kth subband signal, we have

r®) () . BT\ ook mM-_1)mBr/M
m = asmc<ﬁ> CJ( ) / .
(30)

By comparing (29) and (30), it becomes evident that the signal
correlation coefficient of the subband signal is stretciié¢d
times over time. We note th#* (7)| does not change with,
which implies that the signal correlation is equally enhanced
for the different subbands. For example, when= 1/B,

we havep(1/B) = 0, which means that the two signals are
uncorrelated. When the signal is divided indd subbands,
then |p*)(1/B)| = sinc(1/M), which equals to 0.9936 for
M = 16. Therefore, the two uncorrelated rays become approx-
imately coherent in the subbands. The correlatipff(7)|

is plotted versusV and is shown by the solid line in Fig. 6
for Br = 1. It is noted that wher is large, M should be
sufficiently large such thaBr/M is much smaller than one.

(1) = = asinc(B7) (29)

pN(r) =@

C. Subband Partition via DFT Filter Banks

In Section 111-B, we considered the filter bank based on ideal
filters. However, for causal systems, the transfer function of an
FIR filter does not have the shape of a rectangular pulse. Below,
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we consider two types of filter banks, that is, DFT and QMF, fc
examples. In this section, we analyze the performance of sig|
correlation enhancement when DFT filter banks are used.

We consider the discrete form. The critical sampling is a
sumed, that is, the sampling periodlis = 1/B. The DFT of a
data sequence(n) is defined as

999

[<e}
©0
T

M-1
X(k)y= > a(mW™, k=0,1,...M-1 (31

n=0

T=05Ts

1=1.0T$
t=15Ts

©

1=20Ts

whereW = ¢=727/M Thekth subband output of the DFT is

Absolute Value of Signal Correlation Coefficient

M-1
U(k)(l) — Z z(l— n)e—jQﬂ'(JW—l—n)k/J\l
n=0 o p
0<k<M-1. (32 P
The impulse responses bth subband DFT analysis and syn- 0 1 2 3 45 ey 01 1218 14 s
thesis filter can be described as
hi(n) = e~ i2n(M—1-n)k/M Fig. 7. Signal correlation coefficient of DFT filter banks at the different
frln) = ei2mnk/M subband$M = 16).

0<n<M-1, 0<k<M-1. (33 ) ) . :
_ _ _ _ 7/Ts is aninteger. In the other cases, the signal correlation co-
Then, thez-domain transfer functions of the filters are describesfficient has the largest value At= 0, and the coefficient is

as very small att = M /2, particularly when the modulo of/Ts
ML . is 0.5.
Hy(z) = Z e IR MLk M The correlation coefficient between the two rays is given as
h=0 the dotted line in Fig. 6 foBT = 1 andk = 0. [p™ ()] is
Fiu(z) = Z S pi2mnk/M approximately 0.935 whedM = 16. From Fig. 6, it is clear

that the DFT filter banks provide meager signal correlation en-
0<k<M-—1 (34) hancement. Thus, filter banks with more powerful correlation

) o enhancement are preferable to reduce the number of subband
respectively, and the frequency response ofthanalysis filter partitions.

IS

n=0

Mol . D. Subband Partition via QMF Banks
Hk(f) _ E 67‘727rnf/BijQW(J\lflfn)k/J\l
o We now discuss the signal correlation enhancement using

(i M(F/B — kIM /' ‘ pseudo QMF banks. The impulse responses of the pseudo-QMF
= Su.l(? (J(c‘;j/g — k/]/\/[))))e_”(M—l)(f/B_"/M). analysis and synthesis filtefg, (n) and fi/(n), respectively,
SURT are cosine-modulated versions of a real and linear-phase im-

(35) pulse response of the prototype filtefn), i.e., (39), shown at
Equation (35) has the form of Dirichlet kernel. From (35) andthe bottom of the next page, whekeis the number of FIR taps.
2 DenoteH(z) = Zﬁ:ol h(n)z~™ as thez-transform ofi(n);
() = ‘H(k)(f)‘ p(f) (36) the z-transforms ofi (n) are

the autocorrelation function and signal correlation coefficient O‘}I(k’)

— s Cu (k+1) * X —(K+1)
the kth subband filter output signal are (2) = awew H (ZW ’ ) +ka vl (ZW ’ )

-

-(F) = ~ (k) J2x fr H* D (2) H2) ()
W)= [ ey w0
0o M—1M—1 ' , '
:/ Z Z e i2rf(n—m)/B where W = e 9/M) g, = e Ly =
e W H/DUWN-1/2) and b, = (—1)¥ (x/4). Due to the
X o IR/ M p( £y 2 S g mirror effect, the signal correlation is very low for a large
M—1M—1 k' and nonintegerr /Ts. Therefore, direct utilization of a
_ Z Z o—d2m(m—n)k/M <T_ ”—m> QMF subband filter bank does not bring adequate signal
=0 m=0 B correlation enhancement for different subbands. To solve this
(37) problem, we partition each subband analysis filter into two
- ; (%,1) (¥,2)
p®(7) = ar® (2)/r®)(0), (38) sub-subband filterd? (z) and H (z). Consequently,

in our modified QMF subband processing scheme, the analysis
The signal correlation coefficient is plotted in Fig. 7 for thdilter bank consists of 2/ subband coding (SBC) filter banks,
different subbands. It is seen that the curve is flat only whavhile the synthesis filter bank consistsaf’ QMF banks.
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Similar to (37), the autocorrelation functions of the outputs

o HO) ¥ ” of these two sub-subband filters are obtained as (44), shown
R R R S at the bottom of the page. Sine€+M/2)(0 < k < M/2)
Fr@ = is the conjugate of*), they have the same amplitude. From
> H‘%’(Z) Lo | M > 1MLy (44), it is seen that the signal correlation coefficient between
2 2 two multipath ray components iath two QMF sub-subband
filter outputs is calculated by
(%4) Ly M M >
H @3 Uy ) o P (7) = ar® (1) 118 (0). (45)
Filq [T 0
b HO V) Lyl M|y MLy Fig. 9 shows the signal correlation coefficient for the different
2 2 subbands. The FIR coefficients are computed based on [22], and

the number of taps is 48, 64, 128, and 256 Adr—= 4,8, 16,
and32, respectively. From the figure, it is clear that®) ()| is
flat over the subbands except the minor degradation at the two
sub-subbands df = (M/2) — 1 andk = M /2 whenr /Ts is
To simplify and unify the notation, we le/ = 2M’ and notaninteger. Therefore, the signal correlation is almost equally

Fig. 8. Block diagram of a modified QMF bank.

denote the subband indék , i) into k so that enhanced for the different subbands after the subband signal
, . processing based on modified-QMF banks.
k= { k/ , t= 1 (41) The signal correlation coefficient is plotted as the dashed line
F+M i=2 in Fig. 6 for Br = 1 andk = 0. It is evident that the modified

Then, we have (42) and (43), shown at the bottom of the pag@\VF-based filter banks have very close signal correlation en-
where for the synthesis filters, < k < M /2, since onlyAM//2 hancement performance to that of the ideal FIR filters.

filters are required. Th&th subband% > A /2) uses the same  In the above analysid{ is set depending on the signal corre-
synthesis filter of thék — A/2)th subband. Fig. 8 shows thelation improvement and the requirement of subband processing.
configuration of the modified QMF bank. In practice, M should be chosen depending on the environment

0<n<N-1, 0<K <M -1 (39

hw (n) = Qh(n)cos<(2k’ + 1)2]7\;[/ <n _ Nz— 1) + (‘1)’“,%)
)

fu(n) = 2h(n) Cos<(2k’ +1) 217\}, <n _N - 1) . (_1)k’g

( 1 M
apcrH (ZW(’“+5)) 0<k<—
H®)(z) = Iy 2
@Gy H (2 015) S Sh<M (42)
Y , M
F®(2) = ajerH (ZW(k+5)) +apciH (ZW_(k+5)) 0<k< 5
( Oh(n)e2FHDF (= (1) 3 0<k<d
hk(n) = oo M M 2
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L N A I e where Psg and Ping are the SOl output power and the output
9990 ’ f=01Te . interfering signal power, respectively. With subband signal pro-

cessing, the SOI output powé’ék) and the output interfering
signal powerPl(ﬁ) at thekith subband are given by

ent

@0
Q0
©
T
1

2
\ / t=05Ts Pék) _ O.g“)Q ‘W(k)Hé(Dk)‘
cs10Ts K)2 [ (k) H oy (k)—1 = (k) 2
.99~ \X_l/ 1Z15Ts v i :J(D) (a(D) Rg(;( a(D)>
B : 1=20Ts 2
U = g2, {2 (ag)H Rg\’f)_lé%“)) (50)
.9_ .. . L N -

P = whHR Wy (®)
k)2~ (kK)H (k)—1p (k k)—1~(k
= oy ap RO RRYY A

= g2 W23 MHR (=150 (51)

Absolute Value of Signal Correlation Coeffici

o
T
1

6 7 8 9 10 11 12 13 14 15
Subband Number where

*) — 5(F2 (1 _ kg Hg (k-1 5<k>> 52
Fig. 9. Signal correlation coefficient of modified QMF banks at the different g D D D Xx “D J- (52)

subbandgM = 16). The output SINR of a subband adaptive array is expressed as

coherence bandwidth [23] as well as the employed signal band- M1 pik)
width. SINRsus = Z371 D)
Zk:o PIN
. . N a2
IV. SUBBAND ADAPTIVE ARRAY ML gz g R ()1 (k)
. . — . (53)
— N ~(RYH k)—1~(k
In the above sections, we discussed the enhancement of the 224:01 g(k)Qa(D) REV) lagj)

signal correlation between multipath rays via subband signal . -
processing using filter banks. Applying the subband signal-pro.--rh(.e SINR |mprovemgnt by subband array processing is most
cessing technique to adaptive arrays forms subband adaptiv é&f"f'canF in the following cases. .

rays, which implement space—time processing for effective mit- /N the first case, the number of DOFs is less than the total

igation of both CCI and S| problems in a multipath fading enr_1umber of rays but is larger than the total number of the desired

vironment and CCI sources, while the signal correlation between the mul-
We con.sider an adaptive array with the modified pseudgpath rays of each of source is small. Consider a mobile station

QMF filter banks, implementing the Wiener—Hopf solution. Thﬁ}h'gh'ipee?gg'tql colm.m?nl.cagonhs enwronment.ﬁlthlough
analysis is presented in terms of optimum weight vectors a numberof L& signais 1S |m|te. , they can arnve wit alarge
umber of multipath rays with low signal correlation. Inthis case,

exact statistics with no specific adaptive algorithm being COPH . _ .
sidered. the conventional adaptive array cannot effectively suppress the

The output signal of each array sensor and the referen%gl rays as well as the interfering multipath rays of the desired

signal are divided inta\ subbands, respectively. Therefores'gnal'ASUbband adaptive array, on the other hand, can suppress

the steady-state optimum weight vector of thin subband, g‘e CCIIrgys an:bcomdbinethe n’;]ulltipath “”?yhs of;fhe_desired Zigna;l.
under the MMSE criterion, is given by y applying subband array technigues with sufficient number o

subbands, asdiscussedin Section I, the subbands become narrow
wk) = Rgfg(_lrg) k=1,....M (46) enough so that the multipath rays of each signal become highly
correlated. In this case, the ISI component of the desired signal

where is negligible, and the multipath rays of a CClI signal becomes
RY =FE [x(k)(t)x(k)H(t)} (47) effectively rank one and can be removed by a single DOF.

*) ) g ()" In the second case, the multipath rays of the desired signal

ry =FE [X (t)r (t)} . (48)  come from a small angular sector so that it is not possible for

From the discussion of Sections Il and IIl, the multipath ray conventional adaptive array to suppress the interfering mul-

in each subband become highly correlated. As a result, thté?)ath while main'Faining th? proper ggip of the .desired signal.
asymptotically behave like a single ray Asincreases. A’subband adaptive array is not sensitive to this problem. In a

From (8) and (12), the array output signal-to-interferencéybband array, the ISI component can be reduced with sufficient

plus-noise ratio (SINR) without subband signal processing rggmber of subbaqu such that it is not necessary for the array to
given by suppress the multipath rays.

SINRy = Pso _ E{lw"3p(Hapl’} V. SIMULATIONS
Prxo E{wHRyw}
2 3HR 1a,|?
T
aDRN RNRN ap

Computer simulations are performed to support our analysis.
A three-element uniform linear array with half-wavelength
spacing is considered. The sample matrix inversion (SMI)
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Fig. 10. Output SINRversusl (0%, = 0,, = 10dB,6p1 = 0°,7 =T5).  Fig. 11. Output SINR versud! (02, = 0%, = 0%, = 0%, = 10 dB,
Op1 = 0° 8py = 20° Opg = —20°% 0ps = —60°% 75 = Ts, 75 =
2Tg, 14 = 3T5).

method [24] is used to approximate the optimum weights

in obtaining the weight vector and the output SINR. The bit
error rate (BER) is evaluated by numerical simulations usin
the optimum weight vector. Both the desired signal and tt :
interference signals are considered with quadrature phase-s 2ot L : o
keying modulation, and the rolloff rate is 0.5.

We first consider the case where only the desired signal wi
two rays is present. Itis assumed thd}, = 0%, = 10 dB and
o3, = 0 dB. Fig. 10 shows the output SINR versus the numbe
of subbandsA/. In Fig. 10, the direction of arrival (DOA) of the
directray is 0 from the broadside direction. We show two case
where the DOA of the delayed ray is4@nd 2, respectively.
The time delay between the two raydlis, so that the two rays
are uncorrelated.

For the case o> = 40°, the two rays are widely separated  0r- : : =
in angle. With two DOFs, the uncorrelated delayed ray is su| °
pressed, leading to a high output SINR, even when no subba | , ; , ‘ ; ;
signal processing is performed. Thus, the improvement by su 1 2 4 8 16 32
band signal processing is not significant. However, for the case
of fpa = 2°, the output SINR is very low (1.7 dB) without sub-rig. 12. Output SINR versus (03, = 02, = 10 dB,8p; = 0° 6y =
band processing. The degradation of the output SINR is caugéti 7o = Ts, 07, = 07, = 20dB, 811 = —20°, 81> = —60°, 71 = T&).
by the resolution limitation of the array since the two signals
are closely separated. The array output SINR performancerig. 11 that the output SINR is near 0 dB. On the other hand,
improved rapidly as\ increases, which confirms the equalizaghen subband signal processing is performed, the four rays
tion effectiveness of subband signal processing. will asymptotically behave as an equivalent ray, and the output

Next, we add two additional multipath rays to the previou§|NR increases rapidly a8/ increases. The output SINR
example, creating a desired signal with three copies. TBRceeds 13 dB wheR/ = 4 or larger, and the BER is lower
corresponding array output SINR is shown in Fig. 11. The tw@an 1675
additional multipath rays are of equal power with DOAs of Fig 12 depicts the output SINR when two CCI signals are
—20" and—60°, and their delay times relative to the direct rayqded to the case considered in Fig. 10. The powers of the
are 2I's and 37, respectively. In this case, when no subbandc| rays arer?, = 03, = 20 dB. Their DOAs are-20° and
signal processing is performed, the four rays are uncorrelateg®  respectively, and the time delay between the two rays
to each other, and the array will attempt to suppress the thggg,als tdr's. When no subband signal processing is performed,
delayed rays. We note that the three-element array only Rag array will strive to suppress the delayed ray of the desired
two DOFs. Therefore, the array DOFs are not sufficient, arghnal and the two uncorrelated CCI rays. Similar to the case
the array cannot provide good performance. It is clear froR Fig. 11, the number of DOFs is not sufficient to achieve this

Unthe figures M = 1 denotes the case where the signal is processed withd@Sk. The result isla Vvery poor OL_Jtpu_t SINR, as low-ds6 dB.
subband decomposition. When subband signal processing is performed, the two rays

25

wn
T

Output SINR (dB)
[=)
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Fig. 13. BERversus (¢%, = 0%, = 10dB,0p, = 0°, 0p, = 20°,
Tp =Ts, 02, =02, =20dB,60;; = —20° 6;3 = —60°, 77 = Ts).

gk o)

of the desired signal will be treated as an equivalent singl e .
one, and those of the CCI as another equivalent ray. Thus, tl
array DOFs will be sufficient, and the output SINR increases t 4
7.1dB forM = 4 and 12 dB forA/ = 8. The corresponding 2 .
BER performance is shown in Fig. 13, which decreases rapid| . J@ j W |
as M increases. Fig.14 shows the original waveform receive l
at the first array sensor with the 1SI and CCI components befor -2
the subband array processing and the waveform of the subba Ll
array output.
To examine the effect of longer time delay on the requirec -6¢
number of subbands, we consider a similar scenario as thatd _|
cussed in Fig. 12, where the time delay between the two rays o
the desired signal is assumed todié. The time delay between -1 1i0 120 130 140 150 160 170 160 190 200
the two rays of the CCl signal is also set t64 Fig. 15 shows
the output SINR versus the number of subbahfidt is evident ®)
from this figure that the output SINR does not improve wién 15— . ;
is small(M < 4). About four times of the number of subbands
in the case discussed in Fig. 12 should be used to achieve t
same output SINR performance.
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VI. CONCLUSION

We have proposed subband adaptive arrays for multipar ]
fading mitigation in wireless communications. It has beer
shown that subband adaptive arrays, which provide suboptim
frequency-spatial signal processing, are very effective bot 08t
in mitigating the intersymbol interference problem caused b
frequency-selective fading and in suppressing the cochann -1t .
interference signals in mobile communications.

The performance of the adaptive array in the presence of mu I
tipath rays has been analyzed. We have shown that these re = 10 110 120 130 140 150 160 170 180 190 200
can be considered as a single path when the signal correlation ©
between the rays is high. The analysis of the signal correlation
enhancement between the multipath rays by subband signal pig-14. Waveforms for 100 symbols before and after subband processing
cessing was presented. We have discussed the signal correldfion = 752 = 10 dB,6p1 = 0°, 65y = 20° 7p = Ts, 0fy = 0y =

. . . X L0110 = —20°, 67, = —60°, 71 = Ts). (@) Waveform of the original
enhancement performance for filter banks using ideal fIIter&sired signal. (b) Signal waveform received at the first sensor. (c) Signal
DFT, and modified QMF filters. The impressive performance afaveform of the subband array output.
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