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Problem 1 (36 points)

Problem 1

(36 points)

This problem consists of four parts (a), (b), (c) and (d). They are not related to each
other and can be solved independently.
(a) Describe in a few word four different advantages of processing signals digitally compared to an analog approach.
PSfrag replacements
PSfrag
replacements
(b) Consider
the cascade of three causal linear time-invariant systems illustrated in the
following figure:
x(n)

h2 (n)

h1 (n)

h2 (n)

(4 P)

y(n)

The impulse response h2 (n) is given by: h2 (n) = γ−1 (n) − γ−1 (n − 2) and the overall
impulse response is h(n) as shown in the following figure
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(i) Find the impulse response h1 (n). Hint: Perform the calculation in the zdomain.

(9 P)

(ii) Find the response of the overall system to the input given by

(6 P)

x(n) = γ0 (n) − γ0 (n − 1) with γ0 (n) being the Kronecker-Delta sequence.
(c) A 3 bit A/D converter (containing a linear quantizer) has a range from −8 V to
8 V. Compute the variance of the quantization error of the inner levels when the
probability distribution of the quantization error can be assumed to be uniform.

(5 P)

(d) Given is a signal x(n) = 2γ0 (n) + 2γ0 (n − 1) + γ0 (n − 3). Perform the following
operations on the signal:
(i) Compute the 4-point DFT X(µ) of the signal x(n) for n = 0, 1, 2, 3.

(5 P)

(ii) Compute the 4-point inverse DFT of Y (µ) = X 2 (µ) to get y(n) for n = 0, 1, 2, 3.
(5 P)
(iii) How long should the DFT length be in order to get y(n) = x(n) ∗ x(n)?
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Problem 2 (30 points)

Problem 2

(30 points)

The problem consists of two parts (a) and (b). They are not related to each other and
can be solved independently.
(a) A digital lowpass filter shall meet the following specifications:

(15 P)

• Passband ripple: ≤ 1.2 dB
• Passband edge: 1.75 kHz
• Stopband attenuation: ≥ 65 dB
• Stopband edge: 2.5 kHz
• Sampling rate: 8 kHz
(i) Determine the approximate order of a (1) Butterworth and a (2) Chebyshev filter, which is required to fulfill the specifications. Hint: Normalized frequencies
are helpful to determine the filter order.

(9 P)

(ii) Which of the two filters (Butterworth or Chebyshev) would you implement on a
microcontroller with limited memory resources? Give reasons for your answer.

(2 P)

(iii) Sketch the typical design scheme for the frequency response of a filter (passband, stopband, transition band) and mark the above mentioned specifications
(passband ripple, etc.). Additionally draw a possible Butterworth realization
into your sketch.

(4 P)

(b) Given is the following transfer function:
H(s) =

(15 P)

1
Y (s)
= 1 2 3
V (s)
8s + 4s + 1

(i) Is the system with transfer function H(s) stable?

(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 = 0.5.

(10 P)

(iii) Sketch the signal flow graph of the resulting discrete system in direct form type
I.

(3 P)
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Problem 3 (34 points)

Problem 3

(34 points)

This problem consists of four parts (a) and (b). They are not related to each other and
can be solved independently.
(a) A discrete signal x1 (n) sampled with Ts = 50 µs, has the spectrum X1 (ejΩ ) illustrated in the figure below. It shall be decimated by a factor M = 4.

(18 P)

|X1 (ejΩ )|
PSfrag replacements
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(i) Determine and sketch the output spectrum Y1 (ejΩ ) = F {y1 (m)} for Ω′ ∈
[0, 10π] after the down sampler. Label all axis.

(5 P)

(ii) Determine the cut-off frequency for an appropriate anti-aliasing filter for M = 4.
Please sketch the frequency response of this filter (magnitude is sufficient) in
the range Ω ∈ [0, 2π]. Label all axis.

(3 P)

′

(iii) Sketch the output spectrum Ŷ1 (ejΩ ) after band limiting the input signal X1 (ejΩ )
by the anti-aliasing filter H(ejΩ ) from Part (ii) and after decimation by M = 4.
′
Label all axis. Explain the difference to the previous output spectrum Y1 (ejΩ ).

(3 P)

(iv) Sketch a block diagram for the complete decimator.

(2 P)

(v) Now, consider another input signal with the spectrum X2 (ejΩ ) illustrated in
′
the figure below. Sketch the spectrum of the down-sampled signal Y2 (ejΩ ) =
F {y2 (m)} for M = 2, 4, and 8 without using any anti-aliasing filter. Label all
axis. For which cases does aliasing occur?

(5 P)

PSfrag replacements
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PSfrag replacements
Problem 3 (34 points)

(b) Consider the multirate system depicted in the following figure, let x(n) be a real
signal.
(16 P)
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(i) Determine V (z), Vu (z), and Y1 (z) as a function of X(z).

(6 P)

(ii) Determine W (z), Wu (z), and Y2 (z) as a function of X(z).

(6 P)

(iii) Consider the two possible spectra of the input signal x(n) shown in figure A
PSfrag replacements
and B, in which case does aliasing occur with the given multirate system? Give
reasons to your answer.
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(4 P)

