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In this thesis, we propose novel channel estimation and equalization techniques for the purpose of enhancing the
efficiency, channel capacity and reliability of digital communication systems. To improve the performance of digital
communication systems, channel estimation and equalization play an important role. An estimator estimates the
channel coefficients and provides better understanding of the channel properties. On the other hand, an equalizer
estimates the transmitted sequence and provides better reliability to the communication system.

The efficiency of communication systems such as mobile radio and HF channels is drastically affected by rapidly
time-varying characteristics and multipath fading. Sophisticated channel estimators can provide a reliable solution to
time-varying characteristics of a channel. For the purpose of time-varying channel estimation, the LMS algorithm is
suitable due to its cost effectiveness and implementation simplicity. The tracking ability of the LMS algorithm in a
rapidly time-varying environment is investigated by some prediction based techniques but it opens further research
issues.

The objective of this thesis is to propose an efficient channel estimation technique to improve the tracking
performance for rapidly time-varying channels. The proposed estimator uses amplitude-division based parallel least
mean square (ADPLMS) algorithm, in which multiple linear transversal filters are deployed in a parallel fashion.
The coefficient vectors of each estimator are formed with the novel amplitude-division based classification technique
and adapted by the LMS algorithm according to the channel coefficient values. Dividing the amplitude range of the
estimator coefficients, the time-varying effect is alleviated in a divided manner. We analyze the behaviors of the
time-varying effect of the ADPLMS algorithm against rapidly time-varying channel by redefining the degree of time
variation. The ADPLMS estimator is further improved with a nonuniform amplitude-division technique. We propose
the nonuniform amplitude-division based parallel LMS (NADPLMS) technique whose concept is to emphasize the
Gaussian distribution pattern of the channel coefficient values. The adaptation is improved further by incorporating
the normalized LMS (NLMS) algorithm. Computer simulation results visualize the effectiveness of the proposed three

types of estimators and the validity of performance analysis.



Intersymbol interference (1SI) is invoked by the multipath fading property of a channel which is eliminated using
the adaptive channel equalizers. When the channel output is corrupted with potential outliers, the performance of the
equalizer may degrade. An effective channel equalizer with an impulse noise suppression technique can provide better
solution in such a case. There are some equalizers which can suppress the impulse noise, but their performances are
not satisfactory. In this thesis, we propose an adaptively thresholded estimation based channel equalization (T-EB)
technique which can suppress the impulse noise effect adaptively. By using the variance of the equalizer input, the
threshold is calculated. The thresholded estimation based approach makes the equalizer robust against impulse noise.
Computer simulation results show that the proposed T-EB equalizer can suppress impulse noise more effectively than
the conventional equalizers.

Efficiency of the modern communication system depends on the bandwidth utilization. Training sequence based
equalization is usually constrained with bandwidth limitation due to handling the training sequence. Hence, blind
channel equalization can be effective which works without the training sequence. Generally, blind channel equalizer
performances are investigated in AWGN environments. In this thesis, a robust blind channel equalization technique
is proposed in impulse noise environments to address the practical communication system problems. To suppress
impulse noise effectively, the combination of order statistics (OS) and adaptive thresholding is considered. A no-
adaptation process is introduced when a potential outlier is present, which reduces the impulse noise effect by
preventing the noise effect propagation to consecutive adaptations. Sato-error criterion based blind channel equalizers
are investigated in impulse noise environments. The effectiveness of the blind equalizers is verified by computer
simulation results.

In this thesis, we focus on some of the problems crucial to modern digital communication system and novel

techniques have been proposed and implemented.
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