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ABSTRACT

In mobile communication systems, the Reduced State Sequence Estimation(RSSE) receiver must be able to track
changes in the channel. This is carried out by the adaptive channel estimator. However, when the tentative
decisions are used in the channel estimator, incorrect decisions can cause error propagation.

This paper presents a new channel estimator using the path history in the Viterbi decoder for preventing error
propagation. The selection of the path history for the channel estimator depends on the path metric as in the de-
coding of the Viterbi decoder in RSSE. And a discussion on the channel estimator with different adaptation algor-
ithms such as Least Mean Square(LMS) algorithm and Recursive Least Square(RLS) algorithm is provided.
Results from computer simulations show that the RSSE receivers using the proposed channel estimator have better
performance than the other conventional RSSE receiver, and that the channel estimator with RLS algorithm is ad-

equate for multipath fading channel.
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I. Introduction

Communication systems such as mobile and indoor
wireless communication typically are modelled as fre-
quency selective fading channels. Frequency selectivity
implies that the Intersymbol Interference(IS1) is pre-
sent. To combat the ISI resulting from a multipath
fading channel, the mobile communication systems re-
quire adaptive equalizationil]. It is well known that
the Maximum Likelihood Sequence Estimation(MLSE)
receiver is optimum for signals corrupted by ISI and
white Gaussian noise.

Trellis coded modulation(TCM) provides a power-
ful means of combating the effects of thermal noise at
the price of increased receiver complexity. Decoding
is performed by utilizing a Viterbi algorithm that
searches for the path with maximum likelihood in the
trellis diagram of the code.

When TCM decoding and equalization is performed
joinlty by the Viterbi decoder, the Viterbi algorithm
operates on the trellis diagram of a finite state ma-
chine(FSM) that models the cascade of encoder and
transmission channel in the decoder[2]. However, be-
cause the number of states increases exponentiaily
with the length of the channel impulse response(CIR),
high complexity trellis decoders would often be re-
quired. Due to the large number of states in MLSE, a
Viterbi processor with reduced complexity is required.

In the RSSE, the complexity reduction may be obta-
ined not only through the channel truncation but also
by a partial consideration of the ISI in the constructon

of the trellis diagram. Each branch metric is calcul-

ated on the basis of the particular survivor sequence.
This RSSE is the technique that makes possible the
compromise between the conflicting requirements of
performance and complexity with the interesting result
that the optimal performance can be often closely ap-
proached with significant complexity saving[3]{4][5][6].

The receiver of the RSSE consists of a channel esti-
mator and a Viterbi decoder. The channel estimator
adaptively estimates the channel parameters and ma-
kes their values available to the Viterbi decoder. In
order to obtain a correct model of the FSM at the re-
ceiver, instantaneous channel characteristics must be
known at all times. But, because these characteristics
are unknown and time-varying in the mobile environ-
ment, the RSSE must be made to learn and track the
channel parameters adaptively. To track the channel
parameters, decision-directed channel estimators in
conjunction with the RSSE have been proposed[1][7].
A common approach in the decision-direcled channel
estimator is to obtain the reference sequence from
tentative low delay decisions at the Viterbi decoder
output in a decision directed mode[9][10][11][12]. But
Since the low delay tentative decisions are not re-
liable[9][10], the incorrect decisions may occur, and
incorrectly detected symbol would be fed to the trans-
versal filter of the channel estimator. While
incorrectly detected symbol is in the transversal filter,
the adaptation of the channel estimator would be in-
correct, causing error propagation.

For a more accurate channel estimate without de-
coding delay, a number of algorithms have been pro-

posed which uses many channel estimators adapted
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independently on an associated data sequence[7}{8].
However, the improvement is obtained at the cost of
a substantial increase in complexity. This is because
the number of the channel estimates equals the num-
ber of states in this approach.

In the decision feedback equalizer, an incorrect
data fed into the feedback filter would resull in as in-
correct adaptation. So for a more accurate input data
to the feedback filter, the detected data symbols from
the output of the Viterbi decoder may be used. How-
ever, in this case, there is a performance degradation
because of the large decoding delay that is inherent in
the Viterbi decoder. On the contrary when the tent-
ative decisions of the Viterbi decoder are used, the de-
cision signals are not reliable. Steele, et al, proposed
the soft decision feedback equalizer, in which the
feedback filter takes the symbols from path history of
the Viterbi decoder[11].

In this paper, we use the symbols in the path his-
tory for channel estimator as in the soft decision feed-
back equalizer mentioned above. The data in the trans-
versal filter of the channel estimator are not shifled,
but copied from the path history in the Viterbi de-
coder. The selection of the path history in the Viterbi
decoder depends on the path metric. In other words,
the data sequence is copied from the path history
selected for decoding of the Viterbi decoder in the
RSSE.

II. System Model and Review of RSSE

In this section, we briefly review the RSSE for coded
signal tranmission over ISl channel. In the Viterbi
decoder, decoding and equalization are performed
jointly. A sequence of indepentent identically distri-
buted information symbol {z:} is mapped by a TCM
encoder into a code sequence {xx}. Here we consider
trellis-coded 8PSK constellation signals. The trellis
encoder, and set partitioning of the considered 4-state
TCM are shown in figure 1(a) and figure 1(b).

We consider an equivalent discrete time additive
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Figure 1. (a) 8-PSK 4-state TCM encoder
(b) Set partitioning for 8-PSK signal set

noise linear channel model[l] which consists of a cas-
cade of the transmit filter, the modulator, the chan-
nel, and the demodulator. In the following, we shall
refer to the equivalent channel simply as the channel.
We take one sample per signaling interval T. The
channel may be modelled as a finite impulse response
(FIR) filter(also cailed a transversal filter). The coded
signal 1s transmitted over a complex linear channel.

Then the received signal ¥,, y(t=nT), can be written as

L
Yn= Z thn—k +n, (1)

k=0

hn= hin + jhgn
Hn = Nin + 700
e =¥ + J Xk

where {£,} is the complex channel impulse response
(CIR) of the overall channel, and L is the length of
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the CIR. The noise terms »;, and 7¢, are independent
and Gaussian with zero mean.

In order to review the RSSE receivers, we introduce
a viterbi decoder operating on a combined code and an
ISI trellis with reduced states[3](4][5][6][13]. The state

S} is defined as
S’l;':(dn;un—l/(ml,'), Un—r vilmp 1), o, tn () (2)

in which o, is the encoder state at epoch n, L’ is the
reduced channel memory length(L’ < L, with L being
the true channel memory length). And the L’-tuple
(-1 m), tn—1 41(me 1), =+, un-1(mu)) represents
the reduced channel state. For each #,_(m), m char-
acterizes the depth of set partitioning. In the case of S

state TCM encoder and a signal contellation W points,

L

Y m;
the combined trellis has $2 7 states.

The branch metrics M,[S% ] at epoch n is defined as

MSy)=lra— )I: S5 %n- (S5 )— LZ Sixa-i1? (3)
J=L j=0

where %,- AS% ) denotes the ISI terms due to sym-
bols {x,-;}, L' +1<i< L. Symbols which are not repre-
senled by the truncated state S°_, are estimated using
decisions taken from the path history associated with
predecessor state S%_,. And f; is the estimated CIR.
M,[SE] functionally depends on the received signal 7,
and the estimated channel impulse reponse /.

Under the assumption that {4,} is accurately known,
the optimum receiver is composed of a filter matched
to the pulse {#,} followed by a symbol rate sampler
and a Viterbi decoder. This Viterbi decoder searches
for the path with minimum metric in the trellis dia-
gram of a FSM that models the cascade of encoder
and transmission channel. But the CIR is not known
in the receiver, the CIR f; should be estimated. The
channel estimation is accomplished using the channel

estimator.

ll. The Channel Estimator using Path History

3.1 Channel Estimation

In TDMA mobile communications, every subframe
contains a training sequence[l14}[15]. When data are
transmmited over a distorting channel, whose channel
impulse reponse is not known, the CIR must be
esimated using the channel estimator. This is nor-
mally achicved by the means of a known sequence of
data symbols. This training sequence must be trans-
mitied in every subframe for each user. So the trans-
mitted signals is often split into blocks, each contain-
ing a training sequence for a channel estimator and a
data burst. And the channel estimator uses the rece-
ived signals and the data sequence used as a reference
to adjust the channel estimator.

Fig 2. shows a channel estimator and RSSE based
equalizer which may be used to mitigate the ISI and
improve the detection of the transmitted symbols. For
channels which fade rapidly compared to the trans-
mitted symbol rate or to the length of the data burst,
in order to improve the symbol error rate, variations
in the channel may be tracked during data transmis-
sion using the symbol estimates from the output of
the RSSE. The channel estimator is updated once per
symbol period, on reception of the transmitted sym-
bol estimate, and the new channel estimate is fed into
the RSSE where it is used together with the received

signal to calculate the path metrics in the following

Received . L.
s Tentative decision
equence Viterbi - »
» Decoder Copy path history
\
delay=d
d Channel Decisi i
z Impulse f:cnsnon
Response Directed
Mode
Adaptive \}’
"  Channel -————— <
~
Estimator /"\

Training
Mode

Figure 2. The structure MLSE receiver
(@n=k (b)n=(k +1
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iteration of the Viterbi algorithm.

Decision-directed channel estimators in conjunction
with MLSE have been proposed. And in order to shor-
ten the symbol estimation delay while maintaining the
reliability of the estimate, a number of algorithms
have been proposed which use a number of channel
estimators adapted independently on an associated
data sequence(7][9][10]. However, the improvement is
obtained at the cost of a substantial increase in com-
plexity; because the number of the channel estimates
equals the number of states in this approach.

In decision directed mode, the channel estimator
employs tentative low delay decisions at the Viterbi
decoder output. Tentative decisions of the Viterbi de-
coder are used to form an error signal which is then
employed to make appropniate adjustments of the
current channel estimate[11]{12]. Therfore channel es-
timator uses the delayed symbol estimates to approxi-
mate an old CIR fj{k—d) which is fed back to the
RSSE for the purpose of path metric calculation.

The efficiency of the procedure is strongly related
not only to the reliability of the tentative decisions
but also to the decision delay. There is a compromise
in the choice of the symbol estimation delay d. A
short delay permits faster channel tracking while a
long delay insures a better reliability of the symbol
estimates resulting in a better long term convergence.
In a fast fading channel, one has no choice but to use
a short delay to keep up with channel variations. A
poor reliability of symbol estimates and a substantial
decrease in the overall performance of the procedure
are thus unavoidable.

The structure of a transversal filter is used in the
channel estimator. Adaptive algorithms to make the
channel estimator adaptive are typically used to up-
date the taps of a transversal filter. We will consider
the two most widely used adaptive algorithms, namely
LMS algorithm and RLS algorithm(16].

The LMS algorithm is the simplest and the most
widely used adaptation algorithm. The coefficients of

channel estimator that employs LMS algorithm are
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updated according to the following adaptation equ-
ation[17].

An +1)= Fn) + pexn) X *(n) 4

where F(n) =[fo(n), ..., f1{n)]  is the tap weight vec-
tor (" denotes transpose). The vector X(n) has the com-
ponents (X4, ..., Xn-d-1, Xn-aq) that are tentative
decisions in the Viterbi decoder. (¥ denotes complex
conjugale). X,-4 denotes tentative decision with de-
coding delay d. And p is the step size.

The RLS algorithm is a deterministic version of the
classical Kalman Filter algorithm. The RLS algorithm

using tentative decisions is as follows[17]

P(n) X *n)
w + X' (n) P(n) X*(n)

Kn +1)=

Pn+1)= i [ P(n) — K(n +1) X (n) P(n)]

An +1)=Fn) +Kn +1)en) (5)
Where K(n) is the Kalman gain Vector.

3.2 The channel estimator using the path history

The proposed channel estimator employs the sequ-
ence in the path history of the Viterbi decoder in con-
trary to the symbol by symbol decision of the Viterbi
decoder used in the conventional channel estimator.

Because the tentative decisions are not always cor-
rect, error propagation can result. This is because such
an incorrect tentative decision is shifted in the trans-
versal filter of the channel estimator. Therefore if the
tentative decision is incorrect, the adaptation of the
channel estimator would be incorrect. In shorts, while
incorrectly detected symbol is in the transversal filter,
error propagation can occur, resulting in an incor-
rectly processed adaptation. As a result, some other
candidate may be selected instead of the maximum
likelihood candidate, becuase they have higher metrics
than the maximum likelihood path.

In this paper, the tentative decisions are used for the
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proposed channel esimator. But to prevent the error
propagation, the data in the transversal filter are not
shifted as in the conventional estimator, but copied
from the path history in the Viterbi decoder. The sel-
ection of the path history in the Viterbi decoder de-
pends on the path metric. In order words, the data are
copied from the path history selected for decoding of
the Viterbi decoder in the RSSE. So the channel esti-
mator is adapted using %,- (S%. ), L'+1<j<L, in
path history, and the data the data {x,-;}, 0<i<L’,
corresponding to the state with the minimum path

metric.

« Surviver
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c1 ca

c2 co R S
c1ct /

co Cc2
c1C3
C2 Co
cIca

(b) n=(k+1)

t=nT t=(n+1)T
tentative decision |[(C3 C3, CO)|{C3, C0. CO)
using path history[(C3 .C3. CO)|(C3. C2, CO)

Figure 3. The comparison of the content of the transversal
filter for each channel estimator
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Figure 4. Performance of 16-state RSSE receivers with LMS
algorithmfor fy=30Hz
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In the conventional channel estimator, the channel
estimator is updated using the symbol by symbol
decisions of the viterbi decoder. The signals in the
transversal filter are (¥n-d-1, ..., ¥n-d-1, ¥a-d). And
the signals are shitfted on every iteration. On the con-
trary, in the proposed channel estimator, the signals
in the transversal filter, (Gu-d =1, ... Zn-d-1, %n-d),
are copied from the path history with the minimum
path metric. %;-4 is the symbol with delay d in the
path history. A pictorial comparison is examplified in
the fig. 3. In this case, L=3, d=1, and L'=0. Fig. 3
shows the trellis and the subsets of the signals which
are the contents of the transversal filter for each
channel estimator. The symbols, which are used to
update the channel weight, belongs to the subset. And
the subsets are assigned on the branch as fig. 3. Fig.
3(a) shows trellis extention at n=k, and fig. 3(b)
shows trellis extention at n=(k +1). The bold lines
are the paths with the smallest path metric, and the
second smallest path metric. And rectangles denote
the signals in transversal filter for conventional chan-
nel estimator, and circles denote the signals for the
proposed channel estimator. As shown in fig. 3, signals
in conventional channel estimator is shifted, contrary
to the signals in the proposed channel estimator which
are copied from the path history.

In the conventional channel estimator, incorrectly
detected symbols of the tentative decision remain in
existence while being shifted in the transversal filter.
So one error is propagated the same number of times
as the number of transversal filter taps. But when the
data are obtained each time from the path history in
the Viterbi decoder, the data in the transversal filter is
not shifted. Therefore no propagation of error occurs.
Therefore the data in the transversal filter is more ac-
curate than the data detected by the tentative de-
cision. In this case error propagation does not occur
and adaptation becomes more accurate, resulting an

improvement in performance.

IV. Simulation Results
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Several computer simulations were performed to
compare the performance of the RSSE using the pro-
posed channel estimator to that of the conventional

RSSE. Considered signal constellation is the trellis
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Figure 5. Performance of 16-state RSSE receivers with RLS
algorithmfor f4s = 30Hz
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Figure 6. Performance of 16-state RSSE receivers with LMS
algorithmfor fs = 80Hz~
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Figure 7. Performance of [6-state RSSE receivers with RLS
algorithmfor fy = 80Hz
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coded 8-PSK, in which the trellis coding has 4 states.
The state trellis of the Viterbi decoder is 16 state trel-
Iis, and this is obtained by truncating the channel
memory, L'=1, m; =2(4X4). No synchronization er-
ror 1s assumed.

To reproduce a typical mobile communication en-
vironmenl, a TDMA data frame is assumed, where
cach user transmits a block of data symbols proceeded
by a known preamble and followed by a known tail.
For computer simulations, each data block is formed
by 60 information symbols and 16 known symbols.
The symbol rate is set to 200 Ksymbol/sec.

We assumed a 3-ray channel model with a channel
memory L =2, and that the random process modeling
the clements of the discrete impulse response have the
same slandard deviation. Several values of doppler
shift have been considered, in the range of 30~80Hz.
All simulations are proceeded with §=0.02 for LMS
and w=0.96 for RLS.

The performance has been optimized with respect to
the parameter d, and the optimal decision delay is d=2.

Figure 4 and S show the simulaled performance
(symbol-crror rates(SER) as a function of E/N,) for
fading rate /4= 30Hz. The RSSEs of the channel esti-
mator using the path history is found to perform
aboul 1.0~2.0dB better than other conventional
RSSEs. The error propagation from incorrect tentative
decisions creats a loss of 1.0~2.0dB.

Figure 6 and 7 show the performance for fs=
80H:z. The difference of the performance is approxi-
mately 1dB. The RSSE receiver using LMS algorithm
shows a significant degradation and presents floor
about 2107’ for high doppler frequency. This shows
that the channel estimator using LMS algorithm is not

suitable for the mobile communication.
V. Conclusion
RSSE should track the changes in the channel, and

this is performed by the channel estimator. We have

presented a new channcl estimator structure using the
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path history in the Viterbi decoder, which may be
used to improve the performance of the RSSE. To
prevent the error propagation in the conventional
channel estimator, the data in the transversal filter are
not shifted, but copied from the path history in the
Viterbi decoder. The selection of the path history
depends on the path metric as in the decoding of the
Viterbi decoder in RSSE. Since incorrect tentative
decisions don’t remain in the transversal filter, no
propagation of error occurs. Therefore a more accu-
rate adaptation is provided.

Results from computer simulations show that the
RSSE receivers using the proposed channel estimator
have better performance than the other conventional
RSSE receiver. The simulation results also show that
a simple adaptive algorithm such as LMS algorithm is
not suitable for mobile communication systems. One
can obtain reasonable performance with a robust al-

gorithm such as RLS algorithm.
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