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ABSTRACT

This paper presentsaturbo (iterative) equalization method for com-
plex TCM signals over broadband wireless channels based on re-
ceiver antenna array measurements. The channel is highly disper-
sive at high data rates causing a severe intersymbol intereference
(1S1) effect and making the direct application of any trellis based
equalizationalgorithm infeasible. The problem of reducingthis ex-
cessinterferenceis solved by receiver diversity combining, i.e. us-
ing a linear antenna array and a broadband beamformer in the re-
ceiver. The beamformer output that containsless Sl is viewed as
theoutput of aserial concatenated coding systemand optimum sym-

bol detectionisachieved by aturbo equalization and decoding scheme.

The proposed receiver structure is simulated for two dimensional
TCM signals such as 8-16 PSK and 16-QAM and the results indi-
cate an improved performance of the diversity receiver.

1. INTRODUCTION

The advantages of space-time processing and turbo decoding can
be combined for equalization of TCM encoded multipath fading
channelsasin [1]. Here, alinear antenna array is deployed at the
end of a stationary frequency selective channel which takes inter-
leaved complex TCM symbols as its input. The channel effects
along with that of the transmitter and receiver are described by an
equivalent impulse response at the output of each array element.
The discrete vector signal obtained by the array is viewed as the
output of a serial concatenated encoder and is decoded by aturbo
equalizer that employs two concatenated soft-output decoders it-
eratively. The equalizer is employed either to the vector array out-
put or to the scalar sequenceobtained by spatial combining of array
measurements through a narrowband beamformer.

In thiswork, the space-time turbo equalization approach of [1]
is extended to the fixed-broadband case. The stationary broadband
channel assuming inputs from a TCM encoder is described by an
impulse response at each receiver array element, but severe mul-
tipath dispersion causesthe equivalent finite state machine model
to have a large memory. This makes the direct application of any
trellis based decoding algorithm for equalization infeasible. The
excessinterference must be reduced to such alevel that the equiv-
alent channel can be described by a few tap coefficients. Thisis
achieved by a broadband beamformer that combinesthe finite im-
pulse response (FIR) filtered responses of individual array obser-
vations. The filter coefficients are selected in away to reduce the
mean square error between the beamformer output and the desired
signal [2]. Sincethe beamformer output is fed to aturbo equalizer,
it must preserve the whiteness of the channel noise, which can be

achieved by requiring that the vector broadband equalizer should
have the structure of a power complementary FIR filter bank [3].
The channel observed at the beamformer output can then be de-
scribed by asmall number of coefficientsand theturbo equalization
can be applied to perform optimum symbol detection.

Theorganization of thisnoteisasfollows: In section2, achan-
nel and signal model for diversity receiver is developed. Then the
design of the broadband beamformer is described in section 3, fol-
lowed by the operation of the iterative equalizer in section 4. Sec-
tion 5 is devoted to the simulation results of the iterative equalizer
for two-dimensional TCM constellationssuch as8/16-PSK and 16-
QAM. Finaly, this paper is ended with some conclusive remarks
and review of further work in section 6.

2. CHANNEL AND SIGNAL MODEL
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Fig. 1. Transmission Scheme

The transmission system under consideration is shown in Fig. 1
where the elements of a binary data sequenceu are TCM encoded
and mapped onto the points of the PSK or QAM signal constella-
tion asdescribed by Ungerboeck[4]. Thecomplex output sequence
of the TCM encoder v, is reordered by an interleaver and the resul-
tant sequencex is passed through the pulse shapingfilter, p(¢) with
signalinginterval 7". Thecomplex baseband modulated signal s(¢)
is expressed as

s(t) = Z Tmp(t —mT).
The multipath fading channel is described by an L-ray channel
impulse response
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where «; are the complex fading coefficients giving the amplitude
and phase of each ray and 7; the corresponding delay. At the re-
ceiver side, an N-element linear antenna array is deployed where

h(t) = @



thefirst antennais assumedto bethe reference point of all observa-
tions. Assuming that & (t) is the channel impulse response seen by
the first antenna, the noisy discrete observation at the i** antenna
after sampling is described as

ri(KTe) = wmhi(KT. —mT) +ny(kT.) 1<i<N (3

m

where each n;(£77) is an additive white Gaussian noise with zero
mean and intensity o2,

L
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1<i<N (4

isthe equivalentimpul se response seen at the output of each sensor
and

dSin 0
pr = 2 (5)

istheinter-antennaphasefactor that isdetermined by theinter-element

spacing d, the incident path angle 6; of the I'"

wavelength A.

In narrowband systemswheremultipath dispersionissmall com-
pared to the signaling interval the ISl in equation (3) is limited to
afew symbolsand hence the multipath channel effects can be ob-
served as that of a convolutional encoder with rate £ wheren =
L Sincethe equivalent IS| encoder is concatenated to the TCM
enscoderthrough aninterleaver, thereceived signal istreated aspro-
duced by a serial concatenated encoder and turbo equalization is
applied to the array output for optimum symbol detection. How-
ever, large multipath dispersion of wideband channelscausesmore
severe| S| and atremendousincreasein the number of states of the
equivalent channel trellis diagram and asaresult it is difficult to ap-
ply trellis based equalization schemes. In order to employ aturbo
equalizer, the excess| Sl hasto be removed by prepocessing so that
the equivalent channel is again limited to a small number. Thisis
done by a broadband beamformer whose operation is described in
the next section.

ray and the carrier

3. BROADBAND BEAMFORMER
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Fig. 2. Broadband beamformer

Thebroadbandbeamformer isshownin Fig. 2. whereeachantenna
observationis passed through an FIR filter and the output isthe spa-
tial combination of filter responses. The filter coefficients are se-
lected such that the ISl due to secondary paths is subsided at the

beamformer output. Different criteria can be used for coefficient
optimization but the minimization of mean square error (MM SE)
is consideredin thiswork. Oncethe tap coefficientsare computed,
the beamformer output can be written in terms of the antennaarray
observationsand FIR filter coefficientsas

y(kTs) = sz(k) @ ri(kTs)
= Z Z wiq i ((k—d)T%)

= mef(m —mT) + n(kTs) (6)

where @ denotesthe convolution operation, M — 1 isthe order of
each FIR filter, w; 4 isthe d*" coefficient of the:*" filter and

07y = Y wak-0T) @)
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arethe spatio-temporal combinations of the equivalent channel im-
pulse responses and the noise terms, respectively.

When usedwith oversampling, the beamformer output in equa-
tion (6) containsalevel of S| equivalent to that of the narrowband
case and the equivalent system can be described by a finite state
machinewith atrellis diagram of reasonablecomplexity. Sincethe
input of this finite state machine is the interleaved TCM encoder
symbols, beamformer output is observed as the output of a serial
concatenated coding schemewhich is suitable for the use of itera-
tive equalizer/decoder for symbol detection.

Asmentioned before, the turbo equalizer employstwo soft-input
soft-output decodersboth operating in the presence of white noise.
Therefore, thebeamformer output noise# (k7 ) must bewhite, mean-
ing that the beamforming filters must also form a power comple-
mentary filter bank satisfying

Z Wi(z)Wi(z) =1 )

where W;(z) isthe transfer function of the i*" filter w; (k) and the
tilde accent on the function W; (=) is defined such that W;(z) =
W*(21). Itis possibleto find an approximate numerical solution
to the minimization problem with the quadratic constraint givenin
(9). Another alternative considered hereis to use the lattice struc-
ture to implement the power complementary beamformer to per-
form a recursive minimization in each stage of the lattice [5]. In
the following, this approach is described first for atwo component
filter bank and then the results are generalized to the N filter case.

Suppose we have two m'" order power complementary FIR
filters, W™ (z) and W3 (), satisfying

(W2 (), W2 ()] [ e ] — 1. (10)
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Fig. 3. Two branch butterfly

The filters can be augmented to (m + 1) order using the lattice
butterfly shownin Fig.3 and the new filters can be written in terms
of lattice coefficients as

wrttz) | ok Wi ()
[ W (2) ] = [ _E ok ] [ Iz ] (1)
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where r isthe rotation matrix. Furthermore, the augmented filters
preserves the power complementary structure if the lattice coeffi-
cientsarechosen ontheunit circle, i.e., | k |* 4 | k |?= 1. There-
fore, once initialized, it is possible to obtain any order of power
complementary FIR filter banksby successiveuseof cascaded-lattice
realization [3].

In each stage, the information from the previous stagesis used
to computethelattice coeffi cientsasthe solution of the MM SE prob-
lem. Suppose =" (k) and 3" (k) arethe m'" stage filter outputs,
and =™ (k) and 21 (k) arethe (m + 1) stagefilter outputs.
Thenthe (m + 1) stage beamformer output is written as

(12)
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k- F, k*+;;*]*[
= k" -x"(k).

Then k minimizing the M SE between the beamformer output and
the desired signal s, = s(kT) isthe solution to the equation

k =argmin E || k* - x™(k) — sz ||° (14)

subject to the constraint 2k*k = 1 in order to preserve the power
complementary structure. An elegant method to solve this second
order problem is presented in [6] and used in this work.

As described above the global optimization problem for two
filterscan bebrokeninto successiveand lesscomplex minimization
problems. In fact, the same algorithm can also be generalized to
the case where more than two filters are used. When there are N
filters present, the augmentation can be implemented as a cascade
of N — 1 butterflies as shown in Fig. 4. Then the coefficients of
each butterfly is computed by minimizing the cost function given
in equation (14).

As mentioned before, the broadband beamformer is used only
to reducethe 1Sl in suchaway that the equivalent channel response
observed at its output has afew taps. Oncethisis done, the signal
detection is performed by the iterative equalizer presented in the
following section.
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Fig. 4. Implementation of (m+1)th order lattice filter

4. TURBO EQUALIZATION
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Fig. 5. Iterative equalizer

Theturbo equalizer using aserially concatenated decoding scheme
isshownin Fig. 5. Each soft-in/soft-out (SISO) decoding module
is afour-port device with two inputs and two outputs. The inputs
are the observation sequence and the a priori information denoted
by L(-). Theoutputsare the decoder decision sequenceand the ex-
trinsic information either on the data symbols or on the code sym-
bols, both denoted by L. (*).

Both decodersmake their soft decisionson nonbinary constel-
lations based onthe aposteriori symbol probabilitieswhicharegen-
erated by the symbol-by-symbol MAP agorithm [7]. The compu-
tation of the soft-outputs by the MAP algorithm for two dimen-
sional TCM constellations is described in [1], therefore only the
operation of the iterative equalizer is presented in the following.

Theinner SISO decoder in Fig. 5 takes the channel values as
input with no a priori information at the first iteration and outputs
the aposteriori information on theinterleaved TCM symbols. This
soft information is used to generate a decision sequencethat is fed
forward to the TCM decoder through a de-interleaver. The TCM
encoder trellis constructed according to Ungerboeck rules differs
fromthelSl trellis, but the SISO TCM decoder follow similar steps
to generatethe soft outputson TCM input sequence. Sinceall TCM
inputs are equally likely the a priori information for the TCM de-
coder is set to a constant value. In addition to the input sequence,
the TCM decoder has to produce a posteriori probabilities on the
output symbols. Finaly this information is interleaved and sent
back to the channel decoder asthe a priori information to start the
subsequent iteration.

5. NUMERICAL RESULTS

The iterative equalizer is simulated for 8-PSK, 16-PSK, and 16-
QAM through abroadband channel where 15000 databitsaretrans-
mitted in each constellation. A stationary broadband channel with
complete state information is considered in simulations and is de-
scribed by five pathswith random fading coefficients and approach



angles. The pulse shaping filter is described by the raised-cosine
function with roll-off factor 0.2. The TCM codesare generated ac-
cording to Ungerboeck rules over 8 state trellises for all three con-
stellations.

For each TCM scheme three simulations are performed with
theturbo equalizer. First asingle antennareceiver isconsidered for
comparison purposes where the antennaoutput is applied directly
to the equalizer. Then the turbo equalizer is simulated for two and
three antenna array receivers, respectively. Thearray observations
are combined via a broadband beamformer whose coefficients are
computed as described in section 3.In each case, fiveiterations are
carried by the turbo equalizer and the performances are shown in
figures 6-8.

The use of an extra element in the antenna array increasesthe
capacity of the channel by about 3 dB in al three TCM schemes.
Further improvement is achieved by the turbo equalizer, whereat a
10~* BERIevel, theequalizationgain of theturbo equalizer/decoder
is2-2.5dB for 8-PSK and 16-PSK, and around 1 dB for 16-QAM.
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Fig. 6. Equalization performance for 8-PSK
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Fig. 7. Equalization performance for 16-PSK

Turbo Equalizer Performance for 16—-QAM (L=15 000)
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Fig. 8. Equalization performance for 16-QAM

6. CONCLUSION

In thiswork, receiver diversity and spatio-temporal processing are
utilized in order to use the turbo decoding principle for equaliza-
tion of TCM for broadband wireless channels. This new receiver
differs from its narrowband counterpart only in its use of a broad-
band beamformer whose contribution to the overall computational
complexity is not very significant.
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