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Problem 1 (35 points)

Problem 1

(35 points)

This problem consists of three parts (a), (b) and (c). They are not related to each other
and can be solved independently.
(a) Given are two continuous-time signals x(t) and y(t) with f1 = 1 kHz and f2 = 2 kHz:
x(t) = 10 + 8 sin(2 · π · f1 · t) − 5 cos(2 · π · f2 · t)
y(t) = 8 cos(2 · π · f1 · t) + 10 cos(2 · π · f2 · t)
(i) Determine the Fourier transform X(jω) and Y (jω) for the signals x(t) and y(t),
respectively.

(6 P)

(ii) Both signals should be processed by one time-discrete system. What is the
minimum sampling frequency fs that has to be used? Give a reason.

(2 P)

(b) Now assume that the signal has been sampled with a sampling frequency of fs =
12 kHz.
(i) Determine the time-discrete signals x(n) and y(n).

(5 P)

(ii) The signal y(n) is a result of x(n) convolved with a system h. What kind of a
filter is the system h (lowpass, bandpass or highpass)? Give reasons.
(iii) Give values of the transfer function of H(ejΩ ) at Ω = 0, π/6 and π/3.

(2 P)
(6 P)

(c) Now consider an input signal x(n) = {1, 5, −2, −1, 6, 1, −2, 5, 1} with x(n) = 0 for
n < 0, n > 8 into a system h(n) = {1, 2, 1}
(i) Compute the corresponding output y(n) of the system.

(6 P)

(ii) Compute the 8-point DFT H(µ) of h(n).
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(8 P)
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Problem 2 (35 points)

Problem 2

(35 points)

Given is the following signal flow diagram:

v(t)

H1 (s)

y(t)

H3 (s)

H2 (s)
H4

The three systems can be described by the following transfer functions:
−6s − 6
3s + 6
3s − 1
H2 (s) =
s+2
s−2
H3 (s) =
s+3
H1 (s) =

(a) Determine the transfer function of the total system H4 (s).

(5 P)

(b) Calculate the poles and zeros of the system H4 and sketch the pole-zero diagram.

(4 P)

(c) Which type of filter is described by H4 (s), i.e. low-, high-, bandpass etc.? Give
reason to your answer.

(2 P)

(d) Determine the impulse response h0,4 (t) of the filter described by H4 (s).

(6 P)

An ’equivalent’ digital filter has to be found by the so called impulse-invariance method.
Its sampling period is defined as Ts .
(e) Give the corresponding discrete impulse response h4,1 (n) in general and especially
for the case Ts = 1.

(3 P)

(f) Determine the corresponding digital filter transfer function H4,1 (z) for the case Ts =
1.

(3 P)

As an alternative, a digital filter can be found via the so-called bilinear transformation.
(g) Determine the transfer function H4,2 (z) using the bilinear transformation with Ts =
1.

(6 P)

(h) Which signal components (i.e. impulses, unit step functions, exponential functions
etc.) are included within the impulse response h4,2 (n) corresponding to the transfer
function H4,2 (z)? Explain your answer.

(3 P)

(i) Compare your result of part (h) to h4,1 (n): Are both impulse responses identical?
Explain your observation.

(3 P)
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Problem 3 (30 points)

Problem 3

(30 points)

This problem consists of two parts (a) and (b). They are not related to each other and
can be solved independently.
(a) Given are the input X(ejΩ ) and the output spectra Y (ejΩ ) of a multi-rate system:
|X(ejΩ )|
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Figure 1: Input and output spectra of a multi-rate system.
(i) Sketch a block diagram of a system which produces output spectrum Y (ejΩ ). If
you use any filters, please plot the frequency response (magnitude is sufficient)
of those filters.
(ii) What is the purpose of this system?

(11 P)

(2 P)

(iii) The signal with the spectrum X(ejΩ ) should be downsampled by a factor M =
3. Sketch the ideal low pass filter H(ejΩ ) such that no aliasing occurs. Mark
all axes of your plot.

(5 P)

(b) Consider the block diagram of a multi-rate system as depicted in Fig. 5.
V1 ejΩ
X1 ejΩ



↑3

H1 ejΩ

H1 ejΩ



V2 ejΩ
X2 ejΩ



↑3

H2 ejΩ





V3 ejΩ
b

↓3

Y1 ejΩ





↓4

Y2 ejΩ





H3 ejΩ





1

ej 3 πn
Figure 2: Block diagram of a multi-rate system.
(i) Give expressions
for V1 ejΩ , V2 ejΩ and V3 ejΩ in terms of X1 ejΩ and

jΩ
X2 e .








(ii) Give expressions for Y1 ejΩ and Y2 ejΩ in terms of V3 ejΩ .
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(6 P)
(6 P)

3

