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Abstract: The spectral contents of a frequency response curve can be modified by the system which is called as
filter. To design a filter, the specifications must be used and the calculation of filter coefficients leads to
approximate the desired frequency response. When a causal structure and non-recursive in nature with linear
phase characteristics is used, the filter will be called as Finite Impulse Response (FIR).The FIR filter can be
formed using Fourier Series Expansion Method. The Impulse Response of the filter is designed in discrete time
(DT) domain with period equal to 2z considering the response between —x to +x in Fourier Series Expansion
Method. So the length of the response is fixed and finite. The value = corresponds to the Nyquist Frequency (Fy)
which is equal to Fs/2 where Fs is the sampling frequency of the impulse response of the filter. In this paper the
response curves for Low Pass, High Pass and Band Pass FIR Filter are observed and compared for different
sampling frequency using Fourier Series Expansion Method. The main lobe and side lobe from the
characteristics curves are also compared for different types of filters.
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I.  Introduction

The impulse response of a digital filter can be two types: Infinite Impulse Response (IIR) and Finite
Impulse Response (FIR). In this paper, the design of linear phase FIR filter is discussed using Fourier Series
Expansion Method. The frequency response of the digital filter is periodic with period equal to 2. The periodic
function can be expressed as a linear combination of complex exponentials. The desired frequency response
Hq(e') can be converted to a Fourier Series representation. Thus the Fourier coefficients can be evaluated to
find the desired impulse response hy(n) of the filter. The transfer function Hy(z) of the digital filter can be
obtained by taking Z-transform on hy(n). The transfer function is not realizable because of the non-causal nature.
So a finite duration impulse response h(n) can be obtained by truncating the infinite impulse response hg(n) to N
samples. The duration of the samples is —N to +N. Now H(z) is obtained by taking the Z-transform on h(n) and
multiplying H(z) by z™ , the transfer function becomes realizable causal digital filter of finite duration [1-3,5,9].

The design of FIR filters is done using Fourier series method. The characteristics curves are observed
for Low Pass Filter (LPF), High Pass Filter (HPF) and Band Pass Filter (BPF). The magnitude values are
observed and compared.

In the next section of the paper, the Fourier Series Expansion Method (I1), the Finite Impulse Response
(111), the Implementation of FIR Filter using Fourier Series Expansion Method (1V), the Conclusions (V) and the
References are given.

I1.  Fourier Series Expansion Method

The Fourier series expansion is used for periodic time domain signals. In times of representing the
Fourier series the time domain signal is specified to obtain the frequency response. A digital filter is realized by
using a discrete time (DT) system. Hence, the impulse response of the filter to be designed is a DT signal. When
the impulse response is converted to frequency domain, it will result in a replicated spectrum with period equal
to 2n. The desired response lies between -n to +x and replicate it on either side to get a periodic spectrum with
period equal to 2. Here 7 corresponds to the Nyquist frequency Fy which is equal to Fs/2, where Fs is the
sampling frequency of the impulse response of the filter. So the normalized frequency is given by

Now the impulse response can be represented with respect to normalized frequency variable using
Fourier series expansion. It is denoted by,
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Now we can observe that,

J27Fn _ j27Fn
Fs 2F,

jon=j2zfn= = jnzv————(3)

where F is the analog frequency, f is the frequency of the DT signal corresponds to the impulse response of any
system.
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When the response is plotted within the range of -x to +x, the phase response follows the linearity
property and a group delay can be observed as constant which is denoted by

d(phase)

The impulse response with finite duration can be founded by truncating the coefficients between —N to
+N. The selection of N should be such that the energy of the coefficients above +N and below — N is very small
and is negligible as compared to the energy of the coefficients between —N to +N so that the truncation is
justified [4,7-8]. So the maodified response can be founded by

+N .
HyW)= > CeM - (6)
n=-N

I11.  Finite Impulse Response
To find the transfer function of the Finite Impulse Response (FIR), we have to find H(z). With H(z), a
delay of N samples is introduced to make the response causal and realizable.

H(z)=z"H,(2)-—————————————— (7
Here, Hq(2) is the transfer function of a non-causal filter with impulse response truncated between —N to +N.
The FIR filter has the following properties:
i) There are 2N+1 number of coefficients of the impulse response.

i) The impulse response is symmetric with respect to N=0.
iii) The duration of the response is 2NT, where T is the sampling interval=1/Fs.

In times of truncation of impulse response of the filter in between —N to +N, a rectangular window is
produced. In frequency domain, this rectangular window produces a sync function. This sync function gives rise
to a ripple in the pass band and oscillations in the stop band as well. The oscillations near the band edge of the
filter are called Gibbs phenomenon [6,8-10].

IV. Implementation of FIR Filter using Fourier Series Expansion Method

The magnitude response curves are obtained for FIR filter using Fourier series expansion method. The
response curves are observed for Low Pass Filter (LPF), High Pass Filter (HPF) and Band Pass Filter (BPF)
using the Fourier series method. The sampling frequency is involved for constructing the Fourier series. This
sampling frequency (Fs) is varied and naturally the response curves also change. The sampling frequencies
which we have taken in this paper are 4000Hz, 8000Hz, 12000Hz, 16000Hz and 20000Hz respectively. To
implement and design all these types of FIR filters, MATLAB 7 platform has been used. The maximum
magnitude in the main lobe and side lobe are observed and compared for every case. The observations are
shown in Table 1 and Table 2 respectively.

V.  Result and Simulation
The simulation results for LPF, HPF and BPF with different sampling frequency are shown in the
following tables.
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Table 1: Table for Comparative study of maximum magnitude of main lobe

Different Sampling Maximum Magnitude in Main Lobe (Pass band)
Frequency LPF HPF BPF
4000 1.0785 1.1150 1.0860
8000 1.0727 1.1041 1.1194
12000 1.1012 1.0810 1.1169
16000 1.0984 1.0824 1.0697
20000 1.0830 1.0953 1.1041

Table 2: Table for Comparative study of maximum magnitude of side lobe

Different Sampling Maximum Magnitude in Side Lobe (Stop band)
Frequency LPF HPF BPFE
4000 0.1150 0.0785 0.1595
8000 0.1041 0.0727 0.1225
12000 0.0810 0.1012 0.0775
16000 0.0824 0.0984 0.1180
20000 0.0953 0.0810 0.0862

The graphs show the different magnitude curves for different filters with different sampling frequencies.
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Figure: Magnitude Response Curves for FIR Filters for different sampling frequencies
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VI.  Conclusion
From the different frequency response curves shown in the figure, it is clear that if the sampling

frequency is varied, the filter exhibits a deviated response from the ideal response. From comparative study on
maximum magnitude of main lobe and side lobe from the frequency response curves, it is quite evident that if
the sampling frequency in Fourier series expansion method is increased, the response curves are going towards
the ideal response curves with less deviation on magnitudes of different lobes.
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