
EXAMINATION IN DIGITAL SIGNAL PROCESSING (TSRT78)

ISY’S COMPUTER ROOMS

TIME: April 29, 2011, at 14.00–18.00

COURSE: TSRT78, Digital Signal Processing

EXAMINATION CODE (PROVKOD): TEN1

DEPARTMENT: ISY

NUMBER OF EXERCISES: 4
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COURSE ADMINISTRATOR: Ninna Stensg̊ard, tel 013-282225, ninna.stensgard@liu.se

APPROVED AIDS: The course book (”Signal Processing”, alt. ”Signalbehandling” by
Gustafsson, Ljung and Millnert), the computer and MATLAB are all allowed aids. No
solved examples are allowed, this includes the exercise book in signal processing. Internet
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 2011-05-13 at 12.30-13.00 in the conference
room Ljungeln, located in the B building, entrance 27, directly to the right (in the middle
of the corridor).

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 name on the first line and write your name in the title of the plots
(title(’Name’)). 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. The figure below shows a sinusoid y1, sampled using a high sampling frequency, which can
be viewed as a continuous function on this time scale. After downsampling (decimation) a
slowly samples signal y2 is obtained. In the figure the interpolating plot function is used
to illustrate a fast sampling (8192 Hz) and the stem function is used to illustrate the slow
sampling (1024 Hz). The reversal to the decimation is called reconstruction (upsampling).

In an effort to reconstruct the original sampling frequency, the sampled values are held
constant until the next sample arrives, which results in y3. This introduce “edges” into
the signal, which in turn results in a distortion. This becomes clear when you listen to the
signals using sound (not recommended during the exam!).
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The MATLAB code to generate the signals is

f0=128; % Signal frequency [Hz]

Fs1=8192; % Sampling frequency [Hz]

Ts1=1/Fs1; % Sampling interval [s]

t1=0:Ts1:1-Ts1;% 1s time vector

y1=sin(2*pi*f0*t1);

decfactor=8; % Decimation factor

t2=t1(1:decfactor:end);

y2=y1(1:decfactor:end);

y3=kron(y2,ones(1,decfactor));

(a) Analyze (in the frequency domain) the difference between the two signals y1 and y3.
Plot the signals in the frequency domain with correct frequency axes using the unit
Hertz. At what frequencies does the distortion appear? (5p)

(b) Improve the reconstruction using filtering. The goal is a signal with the same fre-
quency content, that would sound the same as the original signal when played. (3p)

(c) If the signal y3 is downsampled (decimated in the same way as illustrated in the
MATLAB code above) by a factor of 8 (resulting in the signal y4) the distortion
should lead to that certain frequency components are folded (due to the alias effect)
and give rise to false frequencies in the frequency domain for y4. Is this correct?
Explain. (2p)
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2. In this assignment we investigate the task of estimating a constant from noisy independent
measurements. Let us model the problem using the following state-space model

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

y(t) = x(t) + e(t),

where the state x is the unknown constant, y denotes the measurements and e denotes the
measurement noise. Let us assume that the initial guess for the state x̂(1 | 0) is given by
a Gaussian distribution with mean value x0 and covariance P0.

(a) What is the optimal (in a minimum variance sense) estimate of the constant given
the information present in the measurements y(1), y(2), . . . , y(t)? (5p)

(b) What happens with the estimate if the initial guess is very uncertain. In other words,
study estimate of the constant as P0 →∞. Explain the result. (5p)

3. In the file Apr11.mat (run initcourse TSRT78 and then load Apr11.mat to access the
file) you will find EEG signals measured from a rat. The signals can be modeled as
stochastic processes. The signal y1a is measured in darkness and y1b is measured after a
lamp has been lit.

(a) Describe how the signal character is changed when the lamp is lit. Motivate using
plots. Use parametric AR models and validate your results using non-parametric
spectral estimation methods. (6p)

(b) In order to detect the brain activity that occurs at the lighting we want to filter out
the component of the EEG signal that is activated when the light comes on. Provide
a filter that does this. Validate the filter by filtering both y1a and y1b and compute
the energy in the resulting signal. The energy in the signal after filtering (preferably
normed with the total energy of the signal) is an indicator of the brain activity that
occurs due to lighting. (4p)

Background: This technique is used in order to medically diagnose various brain diseases.

4. We are interested in estimating a signal s(t), from the measurement

y(t) = s(t) + s(t− 1) + n(t),

where n(t) is white noise with variance σ2n. An interpretation of this is that we have a
sensor which is measuring the sum of the present signal value s(t) and the previous signal
value s(t − 1) plus some noise n(t). Furthermore, s(t) is modeled as white noise with
E(s(t)) = 0, variance σ2s and s(t) is assumed to be independent of n(t).

(a) We want to estimate the signal s(t) by using a FIR filter on the form

ŝ(t) = ay(t) + by(t− 1).

The task is to find the parameters a and b such that the mean square error

E(s(t)− ŝ(t))2

is minimized. (7p)

(b) Which values will the filter parameters a and b converge to when

σ2s
σ2n
→∞

(3p)
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