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Abstract: This paper discusses about the decision directed equalization system performance. The system performance was analyzed by applying the
change in parameters like channel filter tap, channel length and modulation order. The used training data was QPSK modulated and in the adaptive
equalization process, the data was modulated and tested by application of varied order of QAM. It was observed that with 4 tap channel of length 35,
gives the appreciable and acceptable level of equalization for any order modulation method.
Index Terms: Decision directed equalization, estimation, BER, Equalization, BCH code, AWGN channel, training data
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1 INTRODUCTION:
The complete era is witnessing the gigantic changes in the
wireless communication technology and its implementation.
During these changes, the communication system has
experienced
many
challenges
and
requirements.
Continuous research on wireless networks has been sought
for the resolution of several unprecedented technical
requirements and challenges. The major performance
limiting factor is fast time variation and spreading of the data
symbols on the fading channels. This channel behavior
produces difficulty in estimating, tracking, and predicting the
fast time-varying fading coefficients. Which in turn hampers
the service quality (QoS) as other restricting parameters
which exists are channel bandwidth, bad communication
channel, the complex mobile environment and limited service
[1]. To improve such type of wireless communication, multi
user signaling offers two different ways like diversity methods
and spatial multiplexing. The communication system strength
in terms of BER improvement is addressed mainly by the
diversity methods [2]. The usage of algorithms which
exchange and update hard/soft decision information are
highlighted in the paper. These algorithms will help to
improve the performance or reduce the complexity of digital
communication receivers. The major problem associated with
the receivers, is to extract original information from the
corrupted version of encoded transmitted data over the noisy
channel. Here an iterative receiver algorithms will provide an
initial estimation of the transmitted data block, then
modification to this estimate will be applied to reduce the
amount of error [3]. Estimation at the receiver end will
happen by using parameters specified by the distant
transmitter or by using blind detection [4].

Variety of channel estimation methods mentioned in [2] have
been proposed to a single user LTE 3G+ system for voice
communication. Section 2 describes the methods used in
system. Section 3 comments on comparative performance of
equalization techniques and effect of algorithmic parameter
change on system performance. Section 4 discusses the
simulation results of decision directed channel equalization
with applied system parameter changes. Finally section 5
enlists and discusses about conclusions from these results.
2 METHODOLOGY:
The major types of receiver structures are presented in figure
1 to figure 3. Wherein figure 1 represents the joint approach
which undergoes the processes like channel estimation,
detection, and decoding. In order to improve the system
performance and to mitigate with the error, iterative behavior
has been identified. But it is too complex for practical
implementation. The receiver presented in figure 2 is based
on the classical one-shot concept which allows a very low
system load. While figure 3 represents the iterative structure
based receiver which is capable of handling high loads with
moderate complexity in the multiuser environment [5]. This
Iterative receiver structure is the prime focus of this paper.
The major advantage of the iterative receiver is that the
regardless of the code constraints, the code symbols can be
detected. It is possible due to the separate processing of the
detection, decoding and channel estimation. This means that
we perform symbol by symbol detection rather than joint
sequence detection.
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Fig 1 joint approach type receiver
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Fig 2 Low load iterative type receiver

Fig 3 High load iterative type receiver

3

EQUALIZATION PERFORMANCE:

3.1 MMSE EQUALIZER:
A linear recursive MMSE equalizer implementation is carried
out in the time domain, regardless of knowledge of whether
or not the channel is slowly-varying. In this situation,
implementation of the linear MMSE equalizer seems to be
more accurate than any other equalizers, whose
implementation generally requires truncation of the impulse
response[9]. Coefficient vector for the filter is presented as
C  
CL

C

C 

C0

Lf


 •

while the observation vector is represented as

r   rn  Lc rn rn  Lf  •

At specified time n, the output of the filter is given by

yn  r • c

yn represents an approximate value for the input symbol xn
The error in estimation is varying depending on the priori
probabilities associated with the symbols. The approximation
error
en  xn  r • c

will possess a non-zero mean if the nonzero value exists for
the average symbol [7]. But to achieve the equalizer error
mean value to be zero, the output of the LE can be rewritten
as
̅
̅̅̅
so that the error is given by
̅
̅̅̅ The over bar indicates statistical mean of the quantity or
vector means of the given vector. The ultimate goal is to
obtain the filter weights which will lower the mean-squarederror value.
With the assumption of independent input symbols, the tap
weights at any time n, which will lower the MSE are
presented by:
[
]
(1)
where
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Eq (1) is time-varying weight vector. Xn’s are assumed to be
equi probable in the traditional MMSE-LE which means that
= 0 or
= 1 for all n. The usable solution for turbo
equalization is obtained by generating
when LLR La( )
sampled to zero. As a result of La( ) = 0 is set,
will be
set to 0, which in turns makes
= 1 [6][9]. The final MMSE
filter solution then can be constructed by replacing
in (1)
by 1. The major constraint in implementing the time varying
filter is reduction in complexity associated with it. It can be
achieved through the filter coefficient change at one times
per turbo iteration. Simulation results in this paper represents
change in filter characteristics like step size changes(mu)
and modulation orders are seen. Then the system
performance is evaluated by plotting the graph of SER vs
SNR as shown in figure 4.
3.2 DECISION DIRECTED EQUALIZER:
DDE design is entrenched and it does not need to carry out
the adaptations to its intelligence. It is annotative to describe
the existing beliefs in the past decision statistics in the
deduction of DFE related forward and feedback filter taps. In
[7], due to perfect approximations, the variances of the
previous known symbols will be zero is a made assumption.
Let the coefficient vector of the forward filter be c = [c0 c−1
··· c−Lf ] T and feedback filter will be d = [dLd dLd−1 ··· d1] T
, respectively. If the past decisions are correct, then the past
output samples are non co related with the present and
future observation samples. Due to this, for present input
symbol approximation, no information is provided by past
samples. This feature of MMSEDDE has been used in the
system implementation. Corresponding results are presented
in the next section.

4 SIMULATION RESULTS AND DISCUSSIONS:
This section highlights, simulation results of the proposed
MMSE DDE scheme for BPSK modulated system. The used
training data length is 500 bits. The used channel noise is
assumed as AWGN. The modulation order is varied as 4, 16,
64, 256 QAM. Considered equalizer length is 35. Mu is
varied as 0.2 and 0.4.epsilon = 1e-6

is the input symbol variance:
̅̅̅

H is the L×(L+Lh) channel response matrix with
Fig 4: SER Vs SNR plot for different modulation schemes
] and

A= diag[
h= [

] is the

th

column of H.

Figure 4 demonstrates, various BER vs. SNR plots to judge
the order change effect of M-ary modulation method in LTE
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+ communication system over AWGN channel. Performance
graph shows that as the order of the modulation goes on
increasing the SNR performance get improved from 10 db
upto 34db. Which shows that the SNR improvement is
obtained by 10%. While SER rates associated with these
modulation order goes on increasing as order decreases.

Fig 7: equalizer_length=35; mu= 0.4; 4QAM
Fig 5: equalizer_length = 35;mu = 0.4;64 QAM
Figure 5, 6 and 7 displays the equalization effects with
different order QAM scheme modulated LTE+ system on
Additive White Gaussian Noise (AWGN) channel model
respectively. For this simulation, preferred parameter values
are equalizer length = 35, Mu= 0.4.epsilon = 1e-6. From the
simulation results, it is concluded that the received symbol
energy is more scattered. Even though equalization is
performed, it is observed that symbol energy has been
concentrated around the sample point locations but it is not
completely concentrated at the sample point.

Fig 8: equalizer_length = 15;mu = 0.4;256 QAM
Similarly Figure 8, 9 and 10 displays the effect of equalizer
length value change as 15 instead of 35 with system
parameters remaining same.

Fig 6: equalizer_length = 35;mu = 0.4;256 QAM

Fig 9: equalizer_length = 15;mu = 0.4; 4QAM

With these parameters, when system performs, it exhibits
appreciable behavior for lower order M-ary modulation as
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presented in figure 9. But from figure 8 and 10, its pretty clear
that with less length of channel, for higher order modulated
data, equalization performance is not satisfactory.

Fig 10: equalizer_length = 15;mu = 0.4; 64QAM

Figure 11, 12 and 13 devises the effect of mu value change
13: equalizer_length
= 35;
mu = system
0.2; 4 QAM
as 0.2Fig
instead
of 0.4 by keeping
all other
parameters
same. When the stepsize ‘Mu’ is decreased, with the
equalizer length of 35, with the lower order modulations,
equalization output are acceptable but for higher order m-ary
modulation, it becomes unacceptable.

5. CONCLUSION AND RESULTS:

Fig 11: equalizer_length = 35;mu = 0.2; 64QAM

If the 2 tap channel is implemented with mu=0.2, then for
lower order modulation (4, 16 QAM), properly equalized
output can be obtained. But for higher order modulation (64,
256 QAM), the received output will not get properly
equalized. The sample space points are concentrated at
center. For 3- tap channel implementation, with both the step
sizes of mu= 0.2 and 0.4, only 4 QAM modulated output was
get equalized at appreciable and acceptable level. But higher
ordered modulated outputs cannot be equalized. By
implementing 4-tap channel, with filter length of 35 and mu
value 0.4, all order modulation outputs can be equalized with
appreciable and acceptable level.
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