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I. INTRODUCTION

The next generation cellular networks are supposed
to provide multimedia wireless services at data rates of
the order of 10~100 Mbps. One of the challenges at the
physical layer is the mitigation of ISI for single carrier
systems in addition to AWGN. Channels with longer
delay spreads exhibit ISI that spans multiple symbol

intervals when the symbol duration is smaller than the
coherence time of the channel. Turbo equalization [1]
is a promising technique that takes care of significant
ISI and AWGN in low signal to noise ratio (SNR)
conditions and may be a suitable candidate for the non
line-of-sight applications in a single carrier scenario.
The excellent performance of a turbo equalizer reported
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ABSTRACT

Turbo equalization (TEQ) is a base band signal processing technique that attempts reliable detection of data
in a coded data transmission system subject to intersymbol interference (ISI) and additive white Gaussian noise
(AWGN). The application of the turbo principle to equalization and decoding is called TEQ. The basic
transmission system is a typical serial concatenated system (SCS). An SCS consists of two forward error
correcting (FEC) encoders connected by means of a suitable interleaver. The outer FEC produces coded bits
in response to the input data bits. The coded bits are interleaved so as to make them statistically independent.
The interleaver is an essential component in a generic turbo receiver. The interleaved data feed a second stage
called the inner encoder. The ISI channel serves as the inner encoder in the present work. It is viewed as
applying redundancy on the interleaved data bits in the form of a linear convolution. The corresponding receiver
consists of an equalizer and decoder connected by the deinterleaver. Both the equalizer and the decoder are
configured as soft-in soft-out (SISO) signal processors. The equalizer takes as input the matched filter outputs
and another information called extrinsic information provided by the decoder. The output of the equalizer is soft
in nature as it is a ratio of two probabilities when binary phase shift keying is applied as the modulation
technique. The equalizer is a trellis matched to that of the ISI channel. This is possible when we consider an
ISI channel a finite state machine (FSM). The soft outputs are generated by the equalizer in terms of the log-
likelihood ratio (LLR) on all the coded bits. These soft outputs serve as a priori to the FEC decoder, after suitable
deinterleaving. The soft data estimates are computed by performing an ensemble average on the decoder soft
outputs. The flow of extrinsic information between the equalizer and the decoder through interleaver and
deinterleaver constitutes one iteration. These iterations are carried out for a predetermined number or
convergence. The trellis based equalizer needs knowledge of the channel taps in order to compute the branch
metrics and the transition probability.  The literature on TEQ report the performance of the turbo equalizers for
perfect channel estimates. However, in a practical scenario, the receiver needs to estimate the channel taps using
some algorithm. We use a Kalman filter (KF) in a decision directed (DD) mode to estimate the channel and
use these estimates subsequently to feed the trellis based equalizer. This receiver operates in a DD
configuration due to the fact that, the data estimates formed at the decoder output serve as the training bits for
the KF. When the TEQ is converging, the decoder produces more reliable data estimates that tend to approach
their true values. The improvement in the data estimates improves the channel estimates by reducing the
variance and the Kalman loop gain. The training data is treated as a stochastic signal that consists of a
deterministic component and the random component. As the TEQ progresses with higher iterations, the random
component is also reduced  and this results in improved bit error rate (BER) at the decoder output.
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in literature [1-4] for assume perfect channel
estimates. However, in practice, the channel needs to
be estimated and these estimated channel taps
should be used for equalizing data. In this paper, we
present a Kalman filter (KF) based channel estimator
that operates in a decision directed mode along with
a soft output Viterbi algorithm (SOVA)[5] based
equalizer and decoder in order to realize a low
complexity turbo equalizer.

II. Problem Formulation

The work reported in [6] also uses a KF based
channel estimator receiver for a frequency selective
static channel. However, [6] uses a BCJR [7] equalizer
and a Log-MAP decoder. However, the use of the
BCJR equalizer and a Log-MAP decoder requires high
computational effort, significant latency and large
storage of all the floating point probabilities as
compared to other SISO algorithms [8,p 153, Table
5.1]. The literature on turbo equalizers focus mainly
on the reduction of complexity for the equalizer and
the decoder is neglected. For most of the works, the
decoder is implemented as MAP and Log-MAP
algorithms. However, the complexity of the overall
receiver is determined by the complexity of the
equalizer as well as the decoder. It has been noted in
[9] that, a SOVA based TEQ may be more suitable
from implementation point of view with an acceptable
performance. Hence,we choose to work with a SOVA
based TEQ. In a TEQ, the decoder has to make
estimates of all coded data bits and hence for a rate

 code, N0 decoders working in parallel actually

make up the decoding unit. The use of N0 MAP
decoders increases complexity considerably. The
choice of a SOVA TEQ results in a reduced latency,
small storage and low computational complexity
receiver as compared to MAP or Log-MAP BCJR
based TEQs. The use of SOVA decoder reduces
complexity (as compared to the MAP or Log-MAP)
proportional to N x n0 x 2K where N is the received
data block size and K is the constraint length of the
convolutional code. As the SOVA does not have to
store the forward and backward probabilities, the
storage of the floating point probabilities is reduced by
2 x N x n0 x 2K .

III. The Proposed Receiver

The basic transmitter is a kind of serial

concatenated system that consists of an outer FEC
code, an interleaver and the ISI channel represented
as a discrete time transversal filter (DTTF) [10]. The
ISI channel is viewed as a convolutional code of rate
1 with real valued outputs and is represented by  L
taps, hi i = 0,...L–1. A zero mean AWGN with variance

 is added to the transmitted signal at the

baseband. A set of sufficient statistic for the purpose
of equalization is obtained by sampling the matched
filter output at baud-rate and is expressed as

                 (1)

The transmitted data is bk k = 0,1,...N – 1. The
equalizer accepts these zk s as input and an initial
channel tap estimate and produces a vector of
extrinsic information. The initial channel estimate is
obtained by some training sequence. The soft output
of the equalizer is computed as the minimum of the
absolute additive path metric (APM) differences for
the maximum likelihood (ML) path and its best
competitor and it is called "log-likelihood ratio (LLR)
in literature. A part of the LLR, called the extrinsic
information is fed as apriori on all coded bits to the
SOVA decoder after suitable deinterleaving. The
decoder produces a vector of updated extrinsic
information  for the   n – th  data bit and this
is used, in turn, to generate the soft data bit estimates
(SDBE). The entire vector of decoded soft symbols is
used as the training vector for the Kalman channel
estimator. The plant noise comes from the channel
noise variance and is assumed to be known perfectly
to the KF. The measurement noise is obtained by
considering the transmitted signal a stochastic one,
rather than deterministic and is expressed as

(2)

where the known component is computed by
considering the ensemble average of the SDBE and
hence, is expressed as

(3)

The argument in the RHS of (3) is the decoder
extrinsic information corresponding to the n th bit. The
variance of the random component as specified by 
becomes the measurement noise. This is given as
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(4)

As the turbo equalizer continues its iterations, this
variance becomes very small and hence has been
neglected from the third iteration onwards in our work
from the second iteration.

Steps in the KalmmGv(n) (5)

( 6 )

where  h(n) = (hn,0,................hn,L-1),

b(n) = (b(n),.....b(n – L + 1))T and  is defined
similarly.

(7)

The autocorrelation of g(n) is found as

(8)

where tr(.) is the trace, and Rh (n) = E[h(n) hH (n)] (9)

and (10)

The predictor-filter steps of the Kalman filter are as
follows:

 (11)

(12)

 (13)

Filter Step

(14)

Error covariance update

(15)

  (16)

(17)

The Kalman gain vector is denoted by k (n).

IV. Results and Discussion

The proposed algorithm is evaluated for two different
channels. A highly frequency selective static channel
has been considered in this part of the paper. The input
to the KF comes from the soft data bit estimates
(SDBE) provided by the decoder. This is modeled as
a stochastic signal having a deterministic component
and a random component as shown by (2). The former
is obtained by considering the ensemble average of the
SDBE and the random component is the error that
results after subtracting this deterministic component
from the SDBE. The channel is modeled as a first order
auto-regressive random process for which the state

transition matrix and has been

used in the simulation study. As all the soft decoded
symbols are used as training bits, the variance in
channel estimation error tends to be zero with respect
to iterations and the channel estimates closely
approach their true values.

The TEQ produces improved estimates of extrinsic
information with respect to iterations in the waterfall
region and hence the SDBE improves. Asymptotically,
it approaches  and as these are used as training
symbols for the KF, the channel estimate improves. An
illustrative performance of this turbo equalizer has been
evaluated through simulation experiments. We
consider a rate ½,recursive systematic convolutional
(RSC) code, a random interleaver, a 3-tap static channel
[0.407 0.815 0.407] as the transmitter. The SOVA
decoder uses a traceback depth of 30 bits.

We note from Fig.1 that, the proposed receiver is
able to converge to the true channel taps by the 5th
iteration for this difficult-to-equalize channel. This is due
to the improved data estimates and reduced variance
associated with these estimates. The improvement in
the BER is due to the improved data estimates and
reduced variance associated with these estimates.

We find that, the performance improves with each
iteration. But the rate of improvement becomes very
small after four iterations for channel signal-to-noise
ratios in the range of 1 to 4 dB. The channel estimates
approach their true values at the end of the fourth
iteration. This may be attributed to the relatively well
behaved spectral nature of this channel as compared
to the channel considered in Fig.1.
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Figure 1 : Performance of SOVA based TED
with Kalman filter based channel
estimation, 1: Performance of
SOVA TED with initial channel
estimate [0 1 0], 2: Performance
at second iteration with improved
channel estimation, 3,4,5:
Performance at 3rd, 4th, 5th
iterations, 6: Performance of
SOVA TED with perfect channel
estimate at fourth iteration

We next consider a time varying channel which is
represented by the Stanford University Interim (SUI)
channel. This is also a three tap channel having an
exponentially decaying  profile. For each simulation
run, a new channel is generated and this is estimated
for a given block of data. We have considered 100
simulation runs.

Figure 2 : Performance of the KF based TEQ
in SUI channel for four iterations

For Fig.2, the proposed TEQ converges by the
fourth iteration. This is due to the fact that this
channel is a relatively good channel. The channels
with bad instantaneous profile dominate the BER.

V. CONCLUSION
The KF channel estimator based TEQ working in

the decision directed mode is observed to approach
the performance as obtained for perfect channel tap
knowledge at the end of the fifth iteration for a static
ISI channel. Four iterations are required for the TEQ
convergence in case of a moderate ISI channel.
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