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Problem Value Score
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2 20

3 20

4 20

5 20



Problem Spring-02-Q.1.1:

Shown in the figure is a spectrum plot for the periodic signal x(t).
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(a) Determine the period T0 of x(t).

T0 =

(b) A periodic signal of this type can be represented as a Fourier series of the form

x(t) =
∞∑

k=−∞
ake

jω0kt.

If the Fourier series coefficients of x(t) are denoted by ak, k = 0,±1,±2,±3, . . . , determine
which coefficients have non-zero value. List these Fourier series coefficients and their values
in the box below.



Problem Spring-02-Q.1.2:

C−to−D
Ideal

Converter
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Shown in the figure above is an ideal C-to-D converter that samples x(t) with a sampling period Ts

to produce the discrete-time signal x[n]. The ideal D-to-C converter then forms a continuous-time
signal y(t) from the samples x[n].

Let x(t) = 9 cos(2π(7000)t) + 4 sin(2π(4000)t).

(a) What is the minimum sampling rate such that y(t) = x(t)?

fs =

(b) Sketch the digital spectrum of x[n] when fs = 18000 samples/sec. Carefully label the ampli-
tudes and frequencies in your sketch.

− π π
ω̂

(c) If we under-sample x(t), aliases of the spectral components can appear in the baseband of
the digital spectrum. What is the maximum sampling rate fs max such that the spectrum of
x[n] will have a non-zero DC component?

fs max =

Determine the amplitude value for the DC component of x[n] at this sampling rate.

DC Value =



Problem Spring-02-Q.1.3:

The following problem considers three different discrete-time systems. In each case, the input
is x[n] and the output is y[n].

(a) If an LTI system has impulse response h[n] = δ[n] + 2δ[n − 1] − 1
4δ[n − 2], determine the

difference equation that relates x[n] and y[n].

y[n] =

(b) If an LTI system is described by the block diagram below
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where b0 = 2, b1 = 0, b2 = 1
3 , b3 = 3, determine its impulse response h[n].

h[n] =

(c) If a system is defined by the relation

y[n] = (x[n− 1])2 − x[n2]

indicate whether each of the following states is correct by circling yes or no.

i. The system is linear. Yes or No

ii. The system is time-invariant. Yes or No

iii. The system is causal. Yes or No



Problem Spring-02-Q.1.4:

Let x[n] = u[n]− u[n− 8] and h[n] =





4(1
2)n 0 ≤ n ≤ 3

0 otherwise.

(a) Plot x[n].
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Plot h[n].

−10 −5 0 5 10 n

Label the amplitudes for each sample.

(b) If we now assume x[n] = δ[n] + δ[n − 1] + δ[n − 2] and y[n] = x[n] ∗ h[n], where h[n] is as
defined above, plot y[n] on the axis below.
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Problem Spring-02-Q.1.5:

Let h[n] = δ[n]− 2δ[n− 1] + δ[n− 2] be the impulse response of an LTI system and let

x[n] = 2jejπn, −∞ < n < ∞

be the input to that system.

(a) Determine the frequency response H(ω̂) of h[n].1

H(ω̂) =

(b) If y[n] = h[n] ∗ x[n], the output is a complex exponential of the form Aej(ωon+φ), where A is
a real positive number. Determine A, φ and ωo.

A =

φ =

ωo =

1We have also used the notation H(ejω̂) for the frequency response; i.e. H(ω̂) = H(ejω̂).














