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APPROVED AIDS: The course book (“Signal Processing”, alt. “Signalbehandling” by
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No solved examples are allowed, this includes the exercise book in signal processing. Inter-
net services such as email, web browsers and other communication with the surrounding
world may not be used.

SOLUTIONS: Linked from the course home page after the examination.

The exam can be inspected and checked out 2015-02-11 at 12.30-13.00 in the division
library, located in the B building, between entrance 23 and 25, room 2A:598.

PRELIMINARY GRADE LIMITS: Points needed out of 40
grade 3 15 points
grade 4 23 points
grade 5 30 points

N.B. The solutions to all exercises should be presented with calculations as well as the
MATLAB code and plots with clear cross references between these. Mark all print-
outs with your AID on the first line and write your AID in the title of the plots
(title(’AID’)). Enclose the numbered attachments and refer to these in the solution.

You may choose to write your solutions in English or Swedish.

Good luck!





1. (a) A continuous-time signal has the following Fourier transform.
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Figure 1: Fourier transform of a continuous-time signal.

What is a suitable sampling frequency so that the DTFT of the sampled signal is not
distorted? State your answer in Hz. Sketch the DTFT of the signal if it is sampled
with 1250rad/s. (4p)

(b) Figure 2 illustrates the following signals in time and frequency domain

• s1(t), a saw tooth signal.
• s2(t), a sine signal.
• s3(t) = s1(t)s2(t).

Which DTFT magnitude plot (A, B, C) belongs to which signal (1, 2, 3)? Motivate
your choices.
What is the DTFT S3(e

iωT ) in terms of S1(eiωT ) and S2(eiωT )? (3p)
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Figure 2: DTFT magnitude plots for the signals of (1b).
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(c) Consider the scalar state space model

x(t+ 1) = ax(t) + bw(t),

y(t) = x(t) + v(t)

with white process and measurement noise, w(t) and v(t), respectively. Furthermore,

Ew(t) = E v(t) = 0, Var(w(t)) = q, Var(v(t)) = r.

What is the limit of the prediction covariance matrix

lim
t→∞

P (t|t− 1)

in a Kalman filter for the model? (3p)

2. The file Jan15.mat contains a sound recording y from a lab experiment with a left ventric-
ular assist device (LVAD). The LVAD is a medical pump that can be implanted into the
chest of a patient with a malfunctioning heart, where it continuously pumps blood from the
left ventricle to the aorta. In this exercise, we analyze the pump sound. Such an analysis
can be used to detect faults of the LVAD, for example blood clots that can be dangerous
to the patient and need medical attention.

The sampling time is 44.1kHz. The signal can be divided into a low frequency (LF) and a
high frequency (HF) signal that are observed in white noise:

y(t) = yLF(t) + yHF(t) + n(t).

(a) In matlab, extract the HF signal yHF(t) by high pass filtering with a cut-off frequency
of 1kHz and plot the first 30msec. (2p)

(b) The LF signal yLF(t) is mainly a result of the rotating parts of the pump. It carries
most of the signal power. Find the pump frequency fP in Hz from the DFT of y(t)
for frequencies below 1kHz. Apply zero-padding to increase the frequency resolution
around fP. (3p)

(c) The LF signal yLF(t) is periodic and can be described as Fourier series

yLF(t) = a0 +
n∑

j=1

aj cos(2πjfPt) + bj sin(2πjfPt).

Describe how the unknown coefficients can be found via the least squares method.
State the normal equations. Assume that the HF signal can be absorbed into the
noise and that fP = 50Hz.
In matlab, compute the coefficients for n = 3. Plot the first 30msec of the signal and
your Fourier series LF reconstruction. (5p)

3. Using the following code snippet, create a noisy sine signal s with changing frequency fTrue
that is sampled with 2000Hz.

t = (0:1/2000:2)’;
fTrue = 175+25*square(2*pi*t);
s = sin(2*pi*fTrue.*t) + 0.1*randn(size(t));

This exercise is about how fTrue can be recovered by adaptive filtering.
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(a) What model order is required to describe a pure sine signal with an AR model? What
is the relationship between the frequency and the AR coefficients? Assume that the
sampling time is T . (2p)

(b) Use the first 1000 samples of s for model order selection of an AR model. The
frequency is not changing during that interval. (3p)

(c) Using RLS and LMS estimation of AR models of your chosen order from (b), recover
fTrue. Choose λ and µ such that your estimates (fRLS and fLMS) match fTrue about
0.1sec after a jump. (You can ignore the transient in the beginning.) Plot your fRLS,
fLMS and fTrue in one figure. (5p)

4. Consider the transfer functions

Hs(q) =
1− 2r cos(ω1)q

−1 + r2q−2

1− 2r cos(ω2)q−1 + r2q−2
and Hn(q) =

1− 2r cos(ω3)q
−1 + r2q−2

1− 2r cos(ω4)q−1 + r2q−2

with r = 0.9, ω1 = 0.9π, ω2 = 0.6π, ω3 = 0.2π, ω4 = 0.5π.

Let s(t) = Hs(q)v(t) be a signal that we are interested in. Let n(t) = Hn(q)w(t) be
the noise in the measurement equation y(t) = s(t) + n(t). Both v(t) and w(t) are white
Gaussian noise with zero mean and variance 1, and mutually independent.

(a) Give a difference equation for s(t).
What is the spectrum Φss(ω) as a function of Hs(e

iω)? (2p)

(b) In matlab, compute and plot Φss(ω) and Φnn(ω) as a function of normalized frequency
(where the Nyquist frequency corresponds to 1). Avoid engaging in tedious pen and
paper calculations and use a suitable matlab function instead.
From the spectra, compute the non-causal Wiener filter Hnc(e

iω) and plot |Hnc(e
iω)|.

What are the upper and lower limits on the magnitude of any non-causal Wiener
filter? (4p)

(c) The non-causal Wiener filter corresponds to the Kalman smoother, and to apply the
latter we need a state space model for the signals s(t), n(t) and y(t), respectively.
First, propose two independent state space models where s(t) and n(t), respectively,
are the measurements. Then, combine these two models into one state space model
with measurement y(t) = s(t) + n(t). (4p)

Hint: Type doc signal/freqz into your matlab command window for a useful function.
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