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1. Introduction

In high-speed digital mobile communications, inter-symbol interference (ISI) due to multipath
fading and co-channel interference (CCIl) become two significant problems that decrease the
communication quality and limit the communication capacity. Adaptive array alone or together
with temporal equalizations or diversity techniques are promising methods to suppress both of
the ISI and CCI so that the communication performance can be greatly improved, and, it also
leads to the increase of communication capacity.

The signal transmitted by the mobile station is usually reflected and scattered by
surroundings, and yields multipath fading [1]. If the time delay between the different paths is
large, the multipath fading will be frequency-selective. When an adaptive array is used at a
base station in land mobile communication environment, equalizations are often required not
only for the desired signal but also for the interference signals. Otherwise a large array aperture
with more degree-of-freedom (DOF) is required [2]. However, equalization of the interference
signals is usually very difficult since it is often the case that no information about the
interference signals is provided.

In this paper, we propose an adaptive subband array with DFT filter banks for multipath
fading mitigation in land mobile communications. The purpose is to improve convergence of
the desired signal equalization as well as to effectively suppress the interferers. A DFT filter
bank transforms the received time-domain data into frequency-domain, and as such yield a
multiple narrow-band signal processing problem [3]. The transformed signal has higher signal
correlation in each frequency subband due to the reduction in bandwidth. Note that the increase
of signal correlation by subband technique is blind in the sense that does not require any
information of the arrival signals. With increased coherence, the effect of multipath fading
associated with both the desired and the interference signals, can be greatly reduced.

2. Problem Description
Consider amN-element array an{ signal arrivals. The 1st signal is the desired signal and
the otheK-1 signals are interferers. Each signal may arrive from multiple paths.

We assume: (1) the symbol sequentig€n) (k =1,2,...K) are i.i.d. (independent and
identically distributed) for a given user and amongst users, E{b(n)b,(m)} =

O 0kpOnm, Where 65 is the average energy per symbol; (2) the noise is stationary Gaussian

and i.i.d. for all the antennas, and is uncorrelated with each user's signal. Dehttesigeal
as

a(t) = > b (n)c(t - nTy) (1)
where C(t) is the shaping function] is the symbol period. We consider two multipath rays

from the same source with a time delay. a(t) and a(t — 7). To make the analysis simple,

we assume the critical sampling case where the sampling rate is once per symbol and the signal
spectrum is flat over the signal bandwidth. From assumption (1) we know the signal correlation

coefficient between the two rays is 0 when> Tg.
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Consider the signal parameters in Table 1. The desired signal has two rays and the time
delay between them is one symbol. There is one interference signal which has three rays, and
the time delays are one symbol and two symbols. Even when the desired signal is equalized,
conventional adaptive array requires 4 DOF to effectively suppress the interference signal
paths and to form beams at the DOA of the desired signal paths. However, by using the
proposed method, we will see a 3-element array, which has 2 DOF, is sufficient to do it.

3. Filter Bank-based Adaptive Subband Array
Fig.1 shows a simple DFT filter bank. The combination of time dezf)]/)(and decimation

operator (L M ) functions as a serial to parallel converter (S/P) that split the signal into blocks
of lengthM. TheM-point DFT transform thé time-domain blocks of data intd frequency-
domain blocks of data. Each subband has a bandwidtiViadflthe original one.

Here we consider how the DFT filter bank changes the signal correlation between 2

multipath rays. Again we consider the two signalét) and a(t—7), and denote their
sampled sequence at tfie subband asa(i)(n) and a()(N—7t'"), where 7' is an integer
representingT / Ts (we mention again that the sampling reftg is assumed to be once per
symbol). The signal correlation coefficient jp =0 for 7' >1 or 7 > Ts. When the signals

are splitinto M subbands, the nesymbol periodat the each subband becomd4 samples,
and the signal correlation coefficient at each subband is

|p|=l—k-/|—l| for |T'|S M (2)

For example,|p| becomes to 0.9 foM = 10 and'=1 (i.e., 7 =Ts). As |p| grows close
to 1, the two rays tend to have the property as a single ray so that the multipath fading effect
can be mitigated [4].

When the sampling ratés per symbol is greater than ?.,o| will depend on the shaping

function and usually eqn.(2) does not apply. Detailed analysis is not given for this case.
However, providing M > Fg, it remains true that using DFT filter bank increases the signal

correlation coefficient between two rays with time delay.

Fig. 2 shows the block diagram of the adaptive array with DFT filter bank. The LMS
algorithm is considered here. The output of each array element is divided isitacks and
then transformed by DFT. The reference signal is also transformedMinttocks in the
frequency-domain by the same process. Adaptive array processing is performed at different
subbands and then combined into a single output after IDFT. To summarize the process, the
input signal and the reference signal are transformed as

X (1) > {7 (1), X2 (), ..., X" ()} (3-1)
rt) > {r®®), r@w,...,r™ @)y (3-2)

where (-)(j) denotes th¢th subband component, and> expresses the transform that splits
the signal into subbands. The steady state weight vector jat tebband is given by

w = RYIRY) (4-1)
where

R{ = EIX" Ox T ()] (4-2)

RS = EIX" ())r 7 ()] (4-3)

()" and ()" denote complex conjugate and transpose, respectively. The output signal is

Z(j)(t) — W(j)TX(j)(t) (5-1)



2(t) «—{ZO@), 22 (1), ..., Z™ ()} (5-2)

where <— expresses the syntheses process which combines the subband signals into a single
one.

4. Alternate Representation at Time-domain
Here we consider the alternate representation of the above process in time-domain. The output

of the ith array element is weighted by, = {wW®, w?, .., W™} at the different
subbands. This is equivalent to using a FIR filter withap weights \TVi where VT/i is given
by the IDFT of W, as

Wi wy = {w?, w®, o w™) (6)

Therefore, the weighting operation can be equivalently realized by FIR filters in the time-
domain, and the proposed method by using filter bank can be considered as a powerful to
obtain the weights of an adaptive array with tapped-delay lines. The block diagram of the
adaptive array with using tapped-delay lines is shown in Fig. 3.

5. Simulation Results

In this section, we examine the behavior and performance of the proposed method using

computer simulations. A 3-element equi-spaced linear array is considered and the interelement
spacing is half-wavelength. We use the signal parameters as given in Table 1. QPSK

modulation is assumed for both the desired and the interference signals. Raised cosine FIR
filter is used for data shaping and the roll-off rate is 0.5. The signals are sampled and processed
at the symbol rate.

Fig. 4 shows the BER performance of the array vs. the number of subbands. It is evident
from this figure that BER decreases rapidly Msincreases N > 2). Therefore, the BER
performance can be improved by uniformly partitioning the input data bandwidth into three or
more narrow bands. Fig. 5 depicts the effect of increased valubl an improved
constellations.

6. Conclusions

We have proposed an adaptive subband array based on DFT filter banks. The new scheme is
very powerful to reduce the effect of multipath fading at the presence of long time delay profile.

It is shown that the BER performance can be greatly improved by using few number of
subbands.
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Table 1 Parameters of the arrival signals

# of paths Input SNR(dB) |  Time delays T.) DOA (deg)

Desired signal 2 10, 10 0,1 0, 60
Interference signal 3 10, 10, 10 0,1,2 -30, 30, -60




B3

A2) ] B,(2) 107
I 107
A L e .
P g 7 2 107
A
7 10"
DGl ng I g I g L g 107 1 4 0 M
Fig. 1 DFT filter bank Fig.4 BER VM
%, () X, (1) Xy (1)
Vs 7! Y .+ \Vs z?

Y A A
|iM ||¢M|“|¢M| |¢M||¢M|“|iM| |¢M||iM |"|iM|

[A,@2][A.@)]
¥ ¥

AM(z)I |A
¥

@][a.a]
[}

A,0)]
¥

[2.@][A.@] |
)

DFT

DFT

#

%

(M) / )él)

Weight Control

+
l z(2) l z(M)

| IDFT |

z()

‘%’W%z w %’M’v& Z 3

B,(2) B.(2
3z
r(t) Z\l Z: Z} z} 1
Vad Vad
2(t)

Wiz 7 Win 1) Way

z(t)
Fig. 3 Adaptive array with tapped delay lines

(a) no filter bank

Fig. 5 Constellations



