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ABSTRACT: This paper demonstrates the FIR, Adaptive Filter which is applied to Radar signals to reduce
the noise. Adaptive filter has the strong anti-noise ability; it can also achieve accurate Radar Signal in a very
noisy environment. For removing noise and extracting signal, Adaptive Filter analysis is one of the most
important methods. The de-noising application of the Adaptive Filter has been used in spectrum cleaning of
the atmospheric radar signals. This paper demonstrates the algorithms of Adaptive Filter that is used in
radar signal processing to reduce the noise. The simulation results indicate that Adaptive Filter has strong

anti-noise ability for Radar.
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I. INTRODUCTION

Degradation can be reducing by using filtering method
FIR, Adaptive filter. The target of a future Radar Signal
enhancement algorithm should be a reduction of
unwanted background noise. Each method has its own
advantage and efficiency depend on the type of noise.
In Radar, unwanted noise consume energy and
deteriorates the target information of the signal there
are a variety of method to reduce noise both analog and
digital. Each method has its own advantages and
efficiency is often dependent upon the type of noise.
The noise suppression has application is virtually all
field of communication (channel equalization, signal
processing etc.) and other field In this paper our
experiments on filtering technology; FIR filter, and
adaptive filter. The output signal from the filter is
compare with the desired signal which we want to
obtained and find the best filter for noise reduction.
After conclusion the adaptive filter is best than the FIR
filter and adaptive filter to achieve the best performance
of Radar Signal.

II. OVERVIEW OF FILTER

The FIR, Adaptive filter is used for noise reduction and
result has been proposed by research. Following filter
is:

A. FIR Filter

Finite impulse response in which impulse response h(t)

does become exactly zero at time t>T for some finite T,
thus being of finite duration. FIR filter can have linear

phase characteristics. FIR filter can be discrete-time or
continuous time and digital or analog. FIR requires no
feedback. FIR Filter has many advantages over the
other filter.
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Fig. 1. FIR Filter.

B. Adaptive Filter

The efficiency of the adaptive filters mainly depends on
the design technique used and the algorithm of
adaptation. The adaptive filters can be analogical
designs, digital or mixed which show their advantages
and disadvantages. Figure Shown Block Diagram of
Adaptive filter below in Fig. 3. Here w represents the
coefficients of the adaptive filter tap weight vector, x
(n) is the input vector samples, the tapped delay line D,
is needed to make full use of the filter. The input signal
enters from the left and passes through N-1 delays. The
output of the tapped delay line (TDL) is an N-
dimensional vector, made up of the input signal at the
current time, the previous input signal, etc. the y (n) is
the adaptive filter output, d (n) is the desired echoed
signal and e (n) is the estimation error signal at time n.
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Fig. 2. Block Diagram of Adaptive filter.
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The aim of an adaptive filter is to calculate the
difference between the desired signal and the adaptive
filter output, e (n). This error signal is fed back into the
adaptive filter and its coefficients are changed
algorithmically in order to minimize a function of this
difference, known as the mean square error function. In
the case of noise cancellation, the optimal output of the
adaptive filter is equal in value to the unwanted echoed
signal. When the adaptive filter output is equal to
desired signal the error signal goes to zero. In this
situation the noise signal would be completely
cancelled [2,8,11].

III. SIMULATION

The de-noising of the received radar signal is simulated
in the presence of white Gaussian noise. The effect of
signal parameter changes on the algorithm has been
investigated. These parameters include the SNR of the
signal. The SNR is defined as the ratio of the signal
power to the noise power in the entire period.

The receiver receives the return from the targets in the
present of AWGN. We recover our transmitted signal
from the received signal using the FIR and Adaptive
filter for Radar. The recovery signal is almost similar to
transmitted signal.

The method is based upon the filter technology. FIR
and Adaptive filter Technology is used for noise
Diminution. Result shown in fig. this fig shown the
signal vs. time wave after noise cancellation are drawn
for FIR and Adaptive filter
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Fig. 3. Result of Adaptive and FIR Filter.

IV. CONCLUSION

Our Conclusion that tha Adaptive Filter is More effectie
than FIR Filter as their response can be seen in the
figure. Adaptive noise cancellation provide low output
noise and its low signal distortion as campare to FIR
filter.
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