
EE-210. Signals and Systems.

Lab Handout #3.∗

Spring 2010-L2.

Fourier Series and Filters.

Laboratory Grading.

Exercise 1.
Convergence of the Fourier series representation of a square wave: An illustration
of the Gibbs phenomenon.

Here, we have depicted the finite series approximation, for several values of N.

xN (t) =
N∑

K=−N

aKe
jKwot.

Let us consider the following periodic square wave, its defined over one period as,

x(t) =
{

1 if |t| < T1;
0 if T1 < |t| < T/2.

1. Calculate Fourier coefficents for x(t) using MATLAB for N=15.

2. Plot (/stem) all the Fourier coefficients.

3. Determine Fourier series expansion of x(t) using MATLAB with N=3 and then plot the
resulting x(t).

4. Determine Fourier series expansion of x(t) using MATLAB with N=7 and then plot the
resulting x(t).

5. Determine Fourier series expansion of x(t) using MATLAB with N=15 and then plot the
resulting x(t).

Hints:

1. Take T = 1 sec and T = 4T1.
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2. While writing your script take t as t=-3:0.01:3.

3. Notice that given signal is periodic with fundamental period T and the fundamental fre-
quency wo = 2π/T .

4. To determine Fourier series coefficients use the following equation,

aK =
1
T

∫
T

x(t)e−jKwotdt.

5. Because of the symmetry of x(t) about t = 0, it is convenient to choose −T/2 ≤ t < T/2
as the interval over which the integration is performed, although any interval of length T
is equally valid and thus will lead to the same result.

6. Use MATLAB script and a command int(f,t,a,b). Where f represents the function to
be integrated, t is a symbolic variable for the symbolic expression, and a and b are numeric
values for the definite integral a to b. You need to define t as symbolic variable using a
command syms ie syms t. A simple for loop can be used to calculate all Fourier series
coefficients.

7. Plotting for part # 03, 04 and 05 may not be possible in certain case (where there exist a
concept of 2D matrix for storage of data), then you can stem your results to approximate.

Discrete-time filters described by the difference equation.

Filters described by the difference equation are widely used in practice. As in almost all aspects
of signal and system analysis, when we examine discrete-time filters described by difference
equations, we find both strong similarities and important differences with the continuous-time
case. In particular, discrete-time LTI systems described by difference equations can either be
recursive and have impulse responses of infinite length (IIR systems) or be nonrecursive and
have finite-length impulse responses (FIR systems).

Exercise # 02.
First order recursive discrete-time filters.
The discrete-time counterpart of each of the first-order filters considered in chapter 2 is the LTI
system descibed by the first-order difference equation,

y[n]− ay[n− 1] = x[n].

From the eigen value property of the complex exponential signals, we know that if x[n] = ejwn,
then y[n] = H(ejw)ejw, where H(ejw) is the frequency response of the system. So we get,

H(ejw)ejwn − aH(ejw)ejw(n−1) = ejwn.

[1− ae−jw]H(ejw)ejwn = ejwn.

H(ejw) =
1

1− ae−jw
.
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1. Plot |H(ejw)| verses radian frequency w taking the following values of a : -0.8,-0.6, -0.4,
-0.2, 0.2, 0.4, 0.6, 0.8.

2. Plot ∠H(ejw)verses radian frequency w taking the following values of a : -0.8,-0.6, -0.4,
-0.2, 0.2, 0.4, 0.6, 0.8.

3. For any positive value of a < 1, can you approximate the system with a filter?

4. For any negative value of a > −1, can you approximate the system with a filter?

5. Impulse response of the system can be written as,

h[n] = anu[n]

Now for input x[n] = u[n] compute y[n] i.e. output of the system. Plot y[n].

6. If |a| ≥ 1, then what do you conclude from the above system? Imagine the infinite response.

Hints:

1. Take w from −1.2π to +1.2π.

2. Use sqrt function of MATLAB for taking square roots.

3. Use subplot for efficient plotting in part # 01 and 02.

4. Use angle function to calculate the phase of any impulse response.

5. Take some finite value of n while plotting y[n] in part # 05.

6. You can take any two values of a, for example, 0.6 and -0.6 to solve part # 05.

.
Exercise # 03.
Nonrecursive discrete-time filters.
General form of such filters is,

y[n] =
M∑

k=−N

bkx[n− k],

where y[n] is moving average of the (N+M+1) values of x[n] from x[n−M ] through x[n+N ],
with the weight given by the coefficients bk. Systems of this form can be used to meet a broad
array of filtering objectives, including frequency-selective filtering.
An only slightly more complex example is the three-point moving-average filter, which is of the
form,

y[n] =
1
3

(x[n− 1] + x[n] + x[n+ 1]).

The corresponding frequency response is,

H(ejw) =
1
3

[ejw + 1 + e−jw] =
1
3

(1 + 2cosw).
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1. Plot magnitude and phase of H(ejw) and determine the type of filter.

Three-point moving-average filter has no parameters that can be changed to adjust the
effective cutoff frequency. As a generalization of this moving average filter, we can consider
averaging over N+M+1 neighboring points using a difference equation of the form,

y[n] =
1

N +M + 1

M∑
k=−N

x[n− k].

The corresponding impulse response is a rectangular pulse, h[n] =
1

N +M + 1
for −N ≤

n ≤M and h[n] = 0 otherwise. The filters frequency response is given as,

H(ejw) =
1

N +M + 1

M∑
k=−N

e−jwk.

Lets consider h[n] =
1
2

(δ[n]−δ[n−1]),which yieldsH(ejw) =
1
2

(1−e−jw) = jejw/2sin(w/2).

2. Now plot magnitude and phase of this H(ejw) and also determine the filter type.

3. Can we use values of N > 1 in general form of nonrecursive filters for the real-time
processing? Give reason to support your answer.

4. Take any input x[n] with three components such as a DC component, a acomponent with
very low frequency and a component with a high frequency and then convolve x[n] with
filters discussed in this exercise. Plot the outputs.

Hints:

1. Take w from −π to +π.

2. Use abs for calculating magnitudes of H(ejw).

3. Use subplot for efficient plotting in part # 01 and 02.

4. Use angle function to calculate the phase of any impulse response.
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