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Linear Turbo Equalization for Parallel ISI Channels
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mitter and passesa priori information on the transmitted symbols ~ bn —
between multiple soft-input/soft-output minimum mean-square

Abstract—We propose a method for exploiting transmit diver- Lincar 1
sity using parallel independent intersymbol interference channels hl(”) ’@'{ Equalizcr%_ﬁ“ii}
together with an iterative equalizing receiver. Linear iterative } ]
turbo equalization (LITE) employs an interleaver in the trans- wi[n) Iii ik
|

error linear equalizers in the receiver. We describe the LITE Linear -}
algorithm, present simulations for both stationary and fading B h2(”) @‘ Equalizer n
channels, and develop a framework for analyzing the evolution of f
the a priori information as the algorithm iterates. wo[n)]

Index Terms—Belief propagation, decoding, equalizers, inter- Transmitter Channel Receiver

symbol interference (ISI), iterative methods.

Fig. 1. Equivalent baseband discrete-time channel model and LITE block
diagram. Interleaving is represented by
I. INTRODUCTION AND PREVIOUS WORK

UE TO THE prevalence of intersymbol interference (ISQMIMO) equalization, it generally focuses on scenarios in

channels in a variety of communications systems, muglhich, the multiple channels are correlated [10]-[12], while the
effort has been devoted to developing effective and compufaTe gigorithm is designed to exploit the case in which the
tionally inexpensive ways to equalize them. The performance §{annels are independent. This transmission strategy has also

suboptimum equalization schemes can be improved byincor%—en considered in [7], [9], and [13], but with more complex
rating soft-input/soft-output (SISO) devices. We propose linegjap decoding methods.

iterative turbo equalization (LITE) [1], an iterative algorithm for In [14], density evolution has been used to analyze the per-

combating ISI on multiple independent channels. Data is ragimance of belief-propagation decoders for low-density parity-
domly interleaved prior to transmission over each channel; tEﬁeck (LDPC) codes. We use a similar method to study the
receiver employs a SISO minimum mean-square error (MMSE) tormance and convergence behavior of the LITE algorithm

equallzer_for each_ channel and passes soft information aMOif, function of the soft information exchanged among equal-
the equalizers until convergence. Such a scheme could be e35llys 15 simple structure makes the LITE algorithm an ideal

incorporated in an automatic repeat request (ARQ) communiggy e for examining the role of soft information in a variety of
tions protocol, where packets received with poor S'gnal'to'n°'§(e,hemes employing SISO MMSE equalizers.
ratio (SNR) are requested for retransmission, by simply per-
muting the original bit sequence before retransmission.
The LITE algorithm is inspired by the structure of turbo Il. CHANNEL MODEL

codes [2] and turbo equalization [3]. Since the introduction of e consider the channel model shown in Fig. 1. The soft

these schemes, many iterative algorithms for equalization alqRfyrmation for bitb,, is denoted by, and referred to as the
have been proposed [4]-[9]. The LITE algorithm differs fronyrior on s The data is segmented into blocks,, }X_,, and

turbo equalization in its use of MMSE rather than maximurpandomly interleaved prior to transmission over each channel. As
a posteriori (MAP) equalizers and its methods for using soff result of this interleaving, the priors generated by one equalizer
information to determine the equalizer coefficients. Thougéhn be assumedto be independent of those generated by the other

much work exists in the area of multiple-input/multiple-outpugqualizer for a certain number of iterations. Hence, priors can
be exchanged between equalizers without the creation of short
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where b,, is the input symbol stream,,, is the interleaved
symbol stream, and,;, + L, + 1 and E; + Es + 1 are the
lengths of the channels.

I1l. THE LITE ALGORITHM

The SISO equalizers in the LITE algorithm take as input bo
areceived sequende, }_, and prior probability distributions g
over each of the transmitted bits. Each equalizer then produ% HHEH
new priors on the symbols. Such priors are passed between i -6 Joint MMSE Linear
linear equalizers until a convergence criterion is reached. T :| ~+ Joint MMSE DFE

. . . . -4 MAP Detection
received vector can be written in matrix form as 107L.| ¢ LITE Algorithm

{1 -G MITE Algorithm S
—-% Convolutionally Coded System o
r, = Hb, + w, (3)  +0° |5 Awoncramel »

! L L L L

11 12

whereH is the convolution matrix whose rows are shifted ver 10'94” p ; s s
sions ofh, andb,, andw,, are vectors of transmitted bits and E /N_ (dB

: . ) ) b0
noise samples, respectively. Given the received vagtpthe

output of the equalizer can be expressed as Fig.2. Performance of arange of equalization schemes on stationary channels.

5

by = c™7r, (4)  time-invariant approximation to the time-varying quantitigs

_ . , _ ando? [16]. We use
wherec(™ denotes the equalizer coefficients at timeWith

this model, the mean-squared error (MSE) of a symbol estimate 1 1 . 1 .
b, is given by€(b,) = Ej w{|bn — bn|2}, where the notation meg Ny > b NoN, > b (7
Ey, ., indicates an expectation over the distribution of the sym- n: by >0 n: b, <0

bols {b,}2_, and the noisgw,, }_,.

Traditional MMSE linear equalization assumes that the o7 z% NL Z (bn —/L},)2
transmitted symbols are independent and identically distributed T b0
(i.i.d.) with all values equally likely, thus producing time-in-
variant equalizer coefficients. In the LITE algorithm, however, + 1 Z (bn + M)Z (8)
priors are available from each equalizer and are included in the N - Ny b0 ’

error minimization, yielding time-varying equalizer coefficients . .
(™. For BPSK, the prior information can be represented witihereN,. denotes the number of positive elements in the block

. 5 ]\f
a scalar as,, = Pr{b, = 1}. These priors are incorporatedmc esUmates{bn}n:l.. . .
into the design of the linear MMSE equalizer by minimizin Standarq assumphons aboutt.he independence of th? priors as
£(b») noting that{b, }_, are no longer i.i.d. Similar equalizer% result of interleaving are apphed._ For the LITE glgonthm to_
designs and low-complexity approximations to these desig g well behaved_ [15], we al_so require that the estimate of a bit
are developed in [4], [5], [15], and [16] « not be a function of the priat,.. Thus, we set;, equal tol /2

For the first pass through the equalizer for channel 1, we %é enb; is estimated, i.e., we pass only extrinsic information
e

e, = 1/2; for all subsequent iterations, the MMSE linear esti- Lwc_een the SI,SO eqL(Jjallzers. h i ff'
mates oft,, produced by one equalizer are mapped into priors V>IN9 récursive updates to compute the equalizer coeffi-

and passed to the other equalizer. Assuming the distributioncdt)?nts’ttge zgmalexg of tEe LI;E ‘ilr?o:'thmtﬁa? tl:;]e reﬁucedl.to,
the symbol estimates is conditionally Gaussian, we write at most, (L) 4], [15], w ereL1s e 'ength ot the channel,
in contrast, MAP and maximum-likelihood sequence (MLS)

detection are exponential in the channel length. In addition,
the complexity of the MMSE equalizers employed in the
LITE algorithm does not increase with higher order symbol
and similarly forp(b|b = —1), wherep, ando? are the mean constellations [15], while the complexity of MAP detection

and variance of the estimateconditioned orb = 1. The prior 9rows ass, wheresS is the size of the symbol constellation.

e can then be calculated as follows:

p(6|b =1)= _ o(=(b=pp)*) /207 (5)

2
2moj,

3 IV. PERFORMANCE OF THELITE ALGORITHM
Pr(blb=1)Pr(b=1)

e=Pr(b= 1|B) = - The LITE algorithm has been simulated fby = h, =
P [0.1474 0.8847 0.4423]7. One thousand blocks of length of
1 | + tanh b ©) N = 1000 symbols have been processed with a five-tap equal-
9 a o} ) izer. Fig. 2 shows the performance results for the LITE algo-

rithm as well as for a variety of other equalization schemes. The
In our analysis of the LITE algorithm, we consider the displot reveals that the LITE algorithm attains performance gains
tribution over the ensemble of the priors, and hence, requir@fat least 3 dB over both joint MMSE and decision-feedback
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TABLE |
CHANNEL PARAMETERS AND POWER DELAY SPECTRUM FORHILLY TERRAIN FADING CHANNEL MODEL
WITH 12 INDEPENDENTLY RAYLEIGH FADING TAPS

Mobile speed 100 km/hr
Transmission frequency 900 MHz
Symbol period 3.692 us
Channel length 7 taps
Channel sampling period | 4.615 ms

Path 1 2 3 4 5 6 7 8 9 10 11 12
Relative Time (us) |1 0.0 {0.1{0.3]0.5|0.7|1.0|1.3|15.0| 152 15.7 | 17.2 | 20.0
Relative Power (dB) [-10| -8 | 6 | 4 | 0 | O | 4| -8 | -9 | -10 | -12 | -14

V. EVOLUTION OF PRIORS IN THELITE ALGORITHM

In this section, we develop a framework for analyzing how
the priors change as the LITE algorithm iterates. Since the priors
are functions of the received data, they are random variables and
can be viewed as originating from a single marginal distribution.
For simplicity, we assume that this distribution is discrete. Given
a set of priors chosen according to an initial probability mass
function (PMF) as input to the LITE algorithm, we examine the
e e evolution of this PMF as the algorithm iterates.

-& Joint MMSE Linear So
107 A LITE Algorithm T We refer to the vector of input bits,, (the bits that affect
conloe MITEAlgorithm __Jio ooy the estimaté,, of the bitb,,) as a bitword. For a given bitword
TS SO SN S b,, and an associated vector of priefsas inputs, the estimate
6 : : ; ; : by, given by one iteration of the LITE algorithm is Gaussian
15 16 7 E /N (dB) 19 20 21 distributed due to AWGN present in the channel. The mean and
variance of this distribution can be written as

Fig. 3. Performance of joint MMSE linear, LITE, and MITE equalizers on
independently Rayleigh fading channels. (

by, €,) =cTH (b, — E[b,]) 9)
€n) =yl (10)
equalization (DFE) and slight gains over MAP detection without
interleaving. In addition, the LITE algorithm performs up tQ/vherea
4 dB better than a repetition code and within 0.5 dB of a convo-
lutionally coded system with generator sequenges= [101]

= E{|w,|?}. We consider a five-point PMF with
values equally spaced between 0 and 1. Since the casgs-of

andg, = [111]. Finally, the LITE algorithm nearly achieves1 andby, ~ —1 (whereb, is the sy_mbol to be estimated) are
the bit-error rate (BER) of the AWGN performance curve antyMMetric, we study only the case inwhich= 1 and the other
is within 0.25 dB of the performance of MITE, the turbo- equaplements of the bitworl,, take all possible combinations &fl
ization structure using MAP detectors instead of MMSE equatnd —1. We calculate the mean and variance of the Gaussian
izers, forE, /Ny > 5 dB. distribution of that results for each possible combination of
To explore wireless applications, we simulate the LITE algd¥tword and input priors(b;, €;) and map the distributions to
rithm for h; andh, independently Rayleigh fading multipathPMFs. To calculate the output PMF for a given iteration, each
channels. To generate the channels, a global system for moBIMF is weighted according to the probability that {fie, €;)
communications (GSM) hilly terrain model with 12 multipathpair that generated it occurs. For the first iteration, no prior in-
delays [17] was used; the parameters of the model are gifermation is available, i.ePr{e = 0.5} = 1; for all following
in Table I. The resulting channels were baud sampled yieldifgrations, we computer{(b;, €;)} = Pr{e;|b;} Pr{b;} for

equivalent discrete-time baseband responses of roughly segeh(b,, ¢;). Since(b;[k], ¢;[k]) are assumed to be indepen-
nonzero taps. We assume a block fading scenario and consigigk of all(b;]1], €;]1]) for k # 1, we can write

300 blocks of 500 symbols each. A nine-tap equalizer is used for

both joint MMSE equalization and the LITE algorithm. Fig. 3

shows that the LITE algorithm performs at least 2 dB better thahr{e;|b;} =

joint MMSE equalization for BER< 10~ and at least 4 dB P Pr{e;[K]} bi[k] = 1
better than joint MMSE equalization for BER 10~%. In addi- H (Pr{ej [k]|b:[k]} = { ! ‘ >
tion, the LITE algorithm performs within 1.5 dB of the MITE i1 Pr{l — ¢;[k]}  bi[k] = —
algorithm. (12)
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‘ PMF generated in that iteration. We plot in Fig. 4 the mu-
0.9F : L { tual information at each iteration of the simulation along with
‘ the analytically generated EXIT chart, both fék /Ny = 7
08 : : 1 dB. The mutual information computed via simulation nearly
0.7F ; ‘ ‘ -+ exactly follows the evolution predicted by the EXIT charts gen-
— osl ‘ | erated from the PMF analysis, indicating that the analytically
T o | | = Analytically Computed Mutual Information computed EXIT chart can be used to predict the maximum
I o) L2 Mutual Information Generated via Simulation 4 mutual information that can be achieved and the number of
8. 04k o P o o | iterations required to reach that value.
0.3 1 VI. CONCLUSION
0.2r I We have presented an iterative equalization algorithm for
04l : o . j. .4 multiple ISI channels which passes soft information between
multiple MMSE equalizers. Simulation results show that the
% 02 ' ' 0.8 1 LITE algorithm performs significantly better than conventional

0.4 06
1 =@ low-complexity methods and nearly as well as MAP estima-

tion. We have also developed a framework for analyzing the
Fig. 4. EXIT chart generated via PMF analysis and mutual informatiogyolution of the priors in the LITE algorithm and discussed its

computed from LITE simulation over five iterations. and 7, denote mutual P . . .
information at the input and output of a device, respectively; the superscr%Pphcatlon to BER estimation and EXIT chart generation.

indicates which equalizer is being considered.
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