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Problem 1: (33 points)

Problem 1:

(33 points)

This problem consists of four parts (a), (b) and (c). They are not related to each other
and can be solved independently.
(a) Given are two time-continuous signals

(9 P)
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2000π
t − 5 · cos
t
s
s


2000π
y(t) = 10 + 8 · cos
t
s

x(t) = 10 + 8 · sin









(i) Determine the Fourier transform X(jω) and Y (jω) for the signals x(t) and y(t)
respectively.

(4 P)

(ii) The signals should be processed by a time-discrete system. Name the fundamental elements of a digital processing system which are required for digitalization.

(3 P)

(iii) What is the minimum sampling frequency fs accordingly to the Nyquist theorem that has to be used?

(2 P)

(b) Now assume that both time-continuous signals have been sampled with a sampling
frequency of fs = 12 kHz.

(10 P)

(i) Determine the time-discrete signals x(n) and y(n).

(4 P)

(ii) The signal y(n) is a result of x(n) convolved with a system h(n). What kind of
a filter is the system h (lowpass, bandpass or highpass)? Give short reasons to
your answer.

(3 P)

(iii) Give values of the transfer function of H(ejΩ ) at Ω = 0, π/6 and π/3.

(3 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) = {2, 4, 2}

(14 P)

(i) Compute the corresponding output y(n) of the system.

(7 P)

(ii) Compute the 8-point DFT H(µ) of h(n).

(7 P)
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Problem 2: (38 points)

Problem 2:

(38 points)

The problem consists of two parts (a) and (b). They are not related to each other and
can be solved independently.
(a) Designing aliasing-filter for AD-converters is crucial to obtain correct values. Given
is the following network:

R1

(17 P)

L
R2

v(t)

C

y(t)

Values: R1 = 100 kΩ , R2 = 100 Ω , C = 10 mF , L = 3 mH
(i) Determine the transfer function of the filter as a function of R1 , R2 , L and C:
H(s) = VY (s)
(s)
Hint: If you could not solve (i), assume H(s) =

(6 P)

1
+R1
sC
1
+R2
R1 +sL+ sC

(ii) Calculate the poles and zeroes of the transfer function. Is the filter stable?

(3 P)

(iii) The samplerate of the A/D-converter is set to fs = 44100 Hz. For a good
alias rejection at least 50 dB attenuation is needed. What is the necessary cutoff frequency for the filter and how much attenuation does it provide at this
frequency? Does this filter meet the requirements?

(5 P)

(iv) Is it possible to use a digital aliasing filter after the A/D-converter instead of
an analogue one? Give reasons to your answer.

(3 P)

(b) A filter with the following transfer function is given:
8
H(s) = 2
s + 8s + 7
(i) Is the system H(s) stable?

(13 P)

(2 P)

(ii) The filter H(s) is used as a basis for designing a digital filter H(z) by using
the impulse invariance method. Determine the transfer function H(z) for a
sampling interval T = 0.2.
(c) A filter with the following transfer function is given:
H(z) =
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(11 P)
(8 P)

(z + 1)2
(z − 35 )(z + 23 )
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Problem 2: (38 points)

(i) Determine the coefficients for the signal flow graph a1 , a2 , b0 , b1 and b2 .

(2 P)

(ii) Sketch the signal flow graph in direct form I.

(3 P)

(iii) Sketch the signal flow graph in direct form II.

(3 P)
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Problem 3: (29 points)

Problem 3:

(29 points)

Given is the following multirate system where H(z 3 ) is a digital filter.

V1 (z)

3↑

U (z)

+

H(z 3 )

T
V2 (z)

3↑

3↓

Y1 (z)

T

3↓

+

T
V3 (z)

X(z)

Y2 (z)

T

3↑

3↓

Y3 (z)

(a) How are U (z) and X(z) related to the input signals Vi (z) with i ∈ [1, 2, 3].

(4 P)

(b) Give also the expressions for the output signals Yi (z) with i ∈ [1, 2, 3] using U (z)
and H(z 3 ).

(6 P)

(c) Determine the outputs Yi (z) in dependency of Vi (z) with i ∈ [1, 2, 3].

(10 P)

Assume now that the output Y3 (z) is connected to V3 (z) and Y1 (z) is connected to V2 (z)
V3 (z) = Y3 (z)
V2 (z) = Y1 (z)
(d) Sketch the modified System with all signals.

(4 P)

(e) Determine the output Y2 (z) only in dependency of V1 (z).

(5 P)

Hint:
−1
1 MX
e jk2πn/M =
M k=0
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(

1, for k mod M ≡ 0
0, else
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