Evolution of Prior Information in SISO Equalization
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Abstract — Soft-input soft-output (SISO) devices
play an important role in a variety of algorithms for
communications problems. In an iterative structure,
soft information is passed between a number of SISO
devices, and the ensemble of the soft information
evolves with each iteration. We develop and present
a framework for analyzing the evolution of this soft
information in a class of SISO linear equalizers.

I. INTRODUCTION

Soft-input soft-output (SISO) devices are commonly used in
communications algorithms for tasks such as detection, equal-
ization, and decoding of received signals. In SISO devices,
soft information about the transmitted symbols is passed to
the device, and a new set of soft information is generated
by the device. In an iterative scheme, this soft information
evolves as the algorithm iterates and allows the algorithm to
achieve performance gains over algorithms that use only hard
outputs.

To understand these iterative SISO algorithms and their
performance, we study the evolution of soft information in
algorithms that use SISO MMSE equalizers; we treat the in-
formation as a random variable and study the effect of the
SISO device as a transformation of that random variable. As
a special case, we examine the evolution of the soft informa-
tion in the LITE algorithm {3], an iterative SISO equalization
structure.

II. PROBLEM DESCRIPTION

The input to a SISO device in a communications scenario
is generally a priori probabilities (priors) on the transmitted
symbols, and the output generated by the device is a new
set of priors on the data. Because the outputs of the SISO
device are stochastic quantities, we assume that the priors are
independent samples drawn from a single distribution. We can
then view the SISO device as a mapping from one distribution
to another.

To reduce complexity, we quantize the possibly continu-
ous probability density function (PDF) over the priors to a
discrete probability mass function (PMF) and consider the
transformation of this discrete random variable. The SISO
device transforms this PMF to a possibly continuous distri-
bution over the output priors, which is also quantized to the
points of the original PMF. To analytically determine the out-
put PMF of a SISO device for a particular input PMF, we
consider the sample space composed of all possible inputs to
the device. We transform each sample point individually and
quantize the resulting PDFs to PMFs. To compute an overall
output PMF for the SISO device, we weight each PMF by the
probability of the sample point that generated it and sum the
results.
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To allow for a general framework, we assume that, condi-
tioned on a given input, the output distribution of the SISO
device is Gaussian. Thus, the weight at any particular point
xz; of the output PMF can be calculated as

S
Pr(z:) = Pr(j) (<I> (“—;“J) ) (

where S is the total number of points in the sample space, p;
and 032- are the mean and variance of the device output condi-
tioned on input j, and a and b are the upper and lower bounds
of the region of the Gaussian distribution that is mapped to
point x; of the discrete PMF during quantization.
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III. ANALYSIS OF THE LITE ALGORITHM

In order to demonstrate this analysis framework for MMSE
equalizers, we examine the LITE algorithm, which iteratively
passes soft information between two linear SISO MMSE equal-
izers. In the LITE algorithm, two channels are available, and
data is interleaved prior to transmission over one of the chan-
nels. An MMSE linear equalizer is used at the output of each
channel, and priors are passed between the two equalizers until
a convergence criterion is reached.

In the LITE algorithm, the sample space_consists of all
possible combinations of transmitted symbols b and the priors
€ on those symbols. Because the MMSE equalizer output is
a function of multiple received values from the channel, these
inputs are vector rather than scalar quantities. Each sample
point is transformed to an output PMF, and these PMFs are
weighted and summed, as described above.

The LITE algorithm has been analyzed for the case in
which all ones were transmitted and the case in which all
possible sequences were transmitted. A five-point PMF with
points equally spaced between 0 and 1 was used in the analy-
sis. In both cases, the output of the analysis reveals that the
PMF over the priors converges quickly, and is in fact nearly
stationary after only two iterations. In addition, probability of
error values predicted by the analysis closely match those gen-
erated by simulation, although the analysis gives an optimistic
prediction due to the assumption of independent information
in each iteration. .
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