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ABSTRACT

In this paper, several switching methods are presented for
a class of switching turbo equalization, where the perfor-
mance improvement is achieved via adapting the choice of
equalizers during the iterative procedure. Four techniques
for equalizer selection are presented and compared in com-
puter simulations. The switching scheme based on the aver-
age of soft information provided by SISO decoders showed
the best bit error rate (1.5dB processing gain at 10−4) with
low complexity.

1. INTRODUCTION

The turbo principle first demonstrated in turbo code decod-
ing [1] has been applied to a variety of communication sys-
tems. As a result, turbo equalizer was proposed [2] to pro-
tect data transmission over an intersymbol interference (ISI)
channel. The original turbo equalization technique [2] em-
ployed maximum a posteriori probability (MAP) equalizer
and decoder, but has impractically high complexity [3]. Thus,
a class of low-complexity soft-input soft-output (SISO) equal-
izers were proposed [3]–[5] by replacing the MAP equalizer
with a linear SISO equalizer, resulting in the so-called “lin-
ear turbo equalizer”. Linear turbo equalizers enable sub-
stantial performance gains over systems in which equaliza-
tion and decoding are performed separately (6-10 dB pro-
cessing gain after five iterations for typical channels) [3]–
[5].

Switching turbo equalizers select an equalizer from a
family of equalizers in each iteration. This results in su-
perior receiver performance [6]. However, the method for
equalizer selection has not been addressed so far. In this
paper, four techniques are presented for SISO equalizer se-
lection. These techniques are compared in simulations and
their complexities are evaluated.

This material is based upon work supported by the National Sci-
ence Foundation under Grant CCR 99-79381, CCR-0092598, and ITR 00-
85929.
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Fig. 1. Channel model including the transmitter.

2. SWITCHING LINEAR TURBO EQUALIZER

In this section, we briefly describe the switching linear turbo
equalizer architecture and the computation of these equal-
izer coefficients.

2.1. Architecture

The system model we assume has a transmitter as depicted
in Fig. 1 with block-based transmission. Binary data bn

is encoded yielding the coded sequence cn, which is then
permuted by the interleaver. The interleaved sequence is
mapped onto symbols xn ∈ {−1,+1} in case of BPSK
modulation, which are transmitted over an ISI channel with
additive white Gaussian noise (AWGN).

Figure 2 depicts a typical switching linear turbo equal-
izer architecture, where more than two sets of coefficients
can be employed. In this paper two sets of equalizer coeffi-
cients are selected according to the current state of the iter-
ative procedure. The linear SISO equalizer consists of two
operations: symbol estimation and soft-information map-
ping of estimated symbols. The overall architecture of a
SISO equalizer is similar to that of the well-known decision-
feedback equalizer (DFE). However, instead of hard deci-
sions (quantized), soft symbols x̄n are passed to a feedback
filter from the previous iteration of the SISO decoder. The
log-likelihood ratio (LLR) mapping converts each estimated
symbol x̂n to a LLR LE

o (·), which is calculated as

LE
o (xn) = ln

Pr(x̂n|xn = +1)
Pr(x̂n|xn = −1)

, (1)

for BPSK signals. The superscript E and D denote equal-
ization and decoding, respectively, and the subscript o and i
refer to the output and input, respectively, in Fig. 2.
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Fig. 2. A switching linear turbo-equalizer block diagram.

The updated LE
o (·) are fed to the SISO decoder after de-

interleaving, and the decoder attempts to improve the soft
information on the coded bits, cn, and produces LD

o (·), the
LLR of each coded bit. In turn, LD

o (·) is passed to a soft
symbol mapping block and then converted to the soft sym-
bol, x̄n, which is computed as

x̄n =
exp(LE

i (xn)) − 1
1 + exp(LE

i (xn))
, (2)

where LE
i (xn) is the interleaved version of LD

o (cn) [3].
This soft symbol is then fed back to the equalizer block
for the next iteration. The details of such a SISO decoder
algorithm are described in [7].

2.2. Coefficient computation

Given the current set of decoder soft information, the best
(in a minimum mean squared error (MMSE) sense) linear
SISO equalizer must re-compute the coefficients for esti-
mating each symbol [5]. This is computationally complex.
The switching linear turbo equalizer avoids this complexity
by employing two sets of coefficients which are optimized
for less and highly reliable soft symbols. In [4], these two
sets of linear equalizer coefficients were computed in an
MMSE sense using perfect channel knowledge. The first
set h1 is computed assuming that no LLR information is
provided by the SISO decoder, i. e., with LD

o = 0. The sec-
ond set h2 is computed assuming perfect LLR information,
i.e., with |LD

o | → ∞. Thus, the switching turbo equalizer
employs h1 for the first few iterations when LD

o is indeed
close to 0 and then switches to h2 after |LD

o | becomes large
enough. These two sets of coefficients can be computed dur-
ing a training period by estimating the channel information.
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Fig. 3. Two EXIT charts of SISO equalizers with h1 and
h2.

3. EXIT CHART ANALYSIS

A convenient tool in visualizing the soft information evolu-
tion characteristics of linear SISO equalizers is the extrinsic
information transfer (EXIT) chart [4, 8]. The EXIT chart
traces one single parameter to observe the soft information
evolution. This parameter is the mutual information IE

i or
IE
o ranging from 0 (no knowledge of the transmitted sym-

bols) to 1 (transmitted symbols are perfectly known). Here,
IE
i and IE

o are the mutual information between soft infor-
mation (LE

i or LE
o ) and xn (transmitted symbols), respec-

tively. To obtain the linear SISO equalizer EXIT chart, the
input soft information LE

i is reasonably well approximated
[4, 8] as independent and identically distributed with

fL(l|xn) � fL(l|X = xn) = N(
xnσ2

L

2
, σ2

L), (3)

where σ2
L is the variance of soft information. Then, given

each LE
i distribution (IE

i ), the output mutual information
IE
o is measured and plotted in Fig. 3, where the switch-

ing point (crossing point of two EXIT charts) is clearly ob-
served. Thus, the soft information evolution trajectory of
a switching turbo equalizer should at first follow the EXIT
chart of the h1 equalizer in the less reliable region and then
switch to the h2 equalizer after the switching point. Doing
so enables the performance of switching turbo equalization
to approach that of the MMSE equalization more closely.

However, it is very difficult to measure the mutual in-
formation in practice to determine the switching point. In
the next section, we presents four switching methods which
can be implemented in VLSI circuits with lower complexity
than computing the mutual information IE

i directly.
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input mutual information.

4. SWITCHING METHOD

Switching turbo equalization enhances the receiver perfor-
mance at the marginal cost of one additional set of coef-
ficients. To enable the performance enhancement in VLSI
implementation, the switching point should be determined
with low complexity in the receiver. Further, since each
finite-sized block can have slightly different convergence
rates [4], the switching point may be different from each re-
ceived block. Thus, it is necessary to determine a switching
point depending on the current status of iterative procedure.
In this section, four switching schemes are presented.

4.1. Static switching method

One simple solution would be to employ a static switching
algorithm. The switch control logic in Fig. 2 simply com-
pares the pre-set switching point (S1) with the number of
executed iterations (S2) and if S2 > S1, then the switching
occurs. Thus, the switch control logic requires one counter
and one comparator.

4.2. SNR-based method

If we define the SNR of soft symbols x̄n as

η = 10 log10

x2
n

(xn − x̄n)2
. (4)

The SNR η becomes large as the soft symbols become more
reliable (see Eq. (2)) and is a function of the SISO equalizer
input mutual information. Figure 4 shows the evolution of
η versus the SISO equalizer input mutual information. The
switching point S in Fig. 3 can be represented in terms of
η. From EXIT chart analysis, IE

i = 0.75 is determined as
a switching point. Hence, an equivalent SNR value is set
to 7 dB (see Fig. 4). The switch control logic in Fig. 2
compares the current iteration η with the pre-set threshold
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Fig. 5. Comparison of switching methods in terms of BER
after 5- iteration.

value ηT and, if η ≥ ηT , then the equalizer is switched. The
switch control logic needs one accumulator for (xn − x̄n)2

and some extra hardware to implement the square and log
functions.

4.3. Average-based method

Another way to avoid the computation of IE
i is to com-

pute the average of the absolute values of LE
i over one data

block. As the soft information gets reliable, it is known that
the absolute values of LE

i become larger [4], [8]. Since
IE
i is also a function of LE

i , the average of absolute val-
ues of LE

i can determine the switching point instead of IE
i .

If the average is greater than a pre-set threshold, equaliz-
ers are switched. The pre-set threshold can be determined
empirically. The complexity is much reduced in compari-
son with SNR-based method since the switch control logic
needs only one accumulator and one comparator.

4.4. Convergence test method

Switching from the first equalizer to the second occurs when
the first equalizer converges. In order to detect the conver-
gence, the decoded bits of the previous iteration and those
of the current iteration are compared. If the number of mis-
matched decisions is less than a threshold (which can be
determined empirically), the control logic switches to the
second equalizer coefficients. The switch control logic is
simple, but needs extra storage to hold the decisions from
the previous iteration.

5. EXPERIMENTAL RESULTS

In this section, the proposed switching schemes are com-
pared in computer simulations.
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Fig. 6. Comparison of switching methods in terms of BER
after 10- iteration.

5.1. Simulation setup

We employ a recursive systematic convolutional (RSC) en-
coder at the transmitter with a generator polynomial (23, 35)8.
The coded bit stream is first passed through a random inter-
leaver followed by a modulator. Here, we consider BPSK
and the channel model

H(z) = 0.227z2 + 0.46z + 0.688 + 0.46z−1 + 0.227z−2,
(5)

where H(z) has severe ISI (strong spectral null near ω =
0.6π). We use 65536-bit random interleavers. The number
of taps used in the feedforward path is 11 and the number
of taps in the feedback path is 15. A sliding window Log-
MAP decoder [7] is employed and 10 iterations are carried
out. The static switching method switches the coefficients
in the 3rd iteration. To determine the switching point, the
SNR-based method chooses 7 dB as a threshold value and
the average method compares the mean of absolute values
with 2.75. For detecting the convergence, if the number of
mismatches is less than 1% of the block size, then switching
occurs.

5.2. Summary of results

Figures 5 and 6 shows the bit error rates (BER) of the pro-
posed switching methods after the 5-th and 10-th iterations.
At first, the switching turbo equalizer shows better BER
than turbo equalizers employing h1 or h2 over all iterations.
It is also observed that the methods based on soft informa-
tion characteristics (SNR and average based methods) show
better BER than others. The static method works well in a
high SNR region, but not in the low SNR region. The BER
of the convergence test method is close those of SNR or av-
erage based methods after the 10-th iteration, but is worse
in earlier iterations.

From a VLSI implementation perspective, the SNR-based
method is the most complex due to the need for the square
and log functions. The convergence test needs extra storage.
However, the other methods can be easily implemented us-
ing an accumulator, a counter, and a comparator with negli-
gible overhead in comparison the turbo equalizer as a whole.
Thus, the average method provides the best BER perfor-
mance with low complexity.
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