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Abstract
This research work describes a blind
deconvolution method for impulsive signals
which uses adaptive filters and the LMS (Least
Mean Square) learning algorithm for parameters
calculation. Impulsive signals and propagation
media were simulated using different kinds
models. Shown results validate the method
performance. This work is part of a larger project
which main objective is to integrate in a single
chip an accelerometer, a signal conditioner and
a digital signal processor specialized on
deconvolution.
1. Introduction
The output signal of linear systems is the result
of the convolution between an input signal and
the system transfer function h(t). Deconvolution
is the inverse process of convolution, and its
aim is to determinate the input signal by
convolving the output signal and the inverse
system h-1(n) [1]. As shown in Figure 1, the
cascade connection between both transfer
functions h(n) and h-1(n) returns a signal c(n)
which is equal to x(n).

Figure 1. Deconvolution Process.
In some cases deconvolution is used to find the
systems transfer function h(n). It finds important
applications when signals suffer distortions due
to the propagation media where waves travel,
as in equalization of communication channels,
seismic data deconvolution or image restoration
[2].
There are two different kinds of deconvolution
problems, on both the output signal y(n) can be
accessed. Difference relays on if they can access
the system impulse response h(n) or not. If h(n)
is available the problem is not too complex as
it is possible to calculate the inverse system h1(n) and the input signal x(n) by simple methods
[3]. When h(n) is unknown or not available,
finding x(n) needs more complex methods,
generally known as blind deconvolution methods.
2. Adaptive Filters.
The principal problem of deconvolution is to find
a method to calculate an inverse filter using
available information: y(n) and h(n), or only y(n).
There are different works on this subject [1-7],
and adaptive filters are a most common solution
[2].
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Figure 2. Deconvolution with Adaptive Filter.
The main characteristic of this kind of filters is
its ability to adapt its behaviour by dynamically
changing its internal parameters according to a
certain set of learning exercises. There are many
algorithms that perform these adapting process;
the LMS algorithm is one of the most popular
[4]. It minimizes the mean-square-error between
the output signal and a desired signal, as shown
in Figure 2. Once the expected signal c(n) is
considered to be approximately equal to x(n)
(acceptable minimum difference), training stops
and coefficients values are frozen.
3. Test and Results.
A series of blind deconvolution tests were
conducted using the MATLAB Neural Networks
Toolbox. Experiments setups and procedures
were as follow: a) Modelling of the input impulse
signal, x(n); b) Modelling of the propagation
media transfer function h(n), with additive white
gaussian noise; c) Design and simulation of the
adaptive filters and the LMS algorithm; d) Data
collection and analysis.
Two models were used to approximate the
impact signal x(n), a half sine and a square
pulse [8]. Propagation media h(n) was
approximated through three different models,
as low-pass, band-pass and high-pass filters.
All of them with order 15, cut-off frequency at
30% of maximum frequency, and band-pass
bandwidth of 20%. Two trainings were
performed, one for each input signal x(n).
Figure 3 shows the response of each filter for
a half sine input signal, with noise,
y(n)=x(n)*h(n)+N(n). Training and validation was
conducted with two sets of signals. Figure 4
shows the blind deconvolution when x(n) is a
half sine and Figure 5 shows the blind
deconvolution when x(n) is a square pulse. Both
cases shown a good approximation between
the expected signal (dotted) and the original
input (continuous).
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Simulation has shown that the order of adaptive
filters has an important influence on deconvolution
performance. In all cases this parameter has been
larger than the order of the systems being inverted.
Also, it has been found that the LMS algorithm is
very sensitive to noise level, reducing its
performance as noise increases.
4. Conclusions
This research work present an alternative option
to blind deconvolution using adaptive filters and
the LMS algorithm for parameters calculations.
Two examples based on a half sine and a square
pulse signals were presented. Results show that
this method allows to recover satisfactory input
signal.

Figure 3. Half sine input signal and corresponding
outputs signals y(n) with additive white gaussian
noise.
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Figure 5. Deconvolution when input signal is a
square pulse. Deconvolved signal (dotted line)
and original input signal (continuous line).
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