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APPROVED AIDS: The course book ("Signal Processing", alt. "Signalbehandling" by
Gustafsson, Ljung and Millnert), tables, the computer and MATLAB are all allowed aids.
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 2013-01-17 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. (a) How do you control the compromise between adaptation speed and static accuracy
(noise suppression) in the RLS algorithm? (2p)

(b) What is the result when the two signals x = {0, 0, 1, 0, 1, 0, 0} and y = {1, 2, 3, 4, 5, 6, 7}
are convolved using circular convolution? (2p)

(c) Consider a non-causal filter of length N = 5 with an impulse response h[k] given by

h[k] = {1, 2, 3, 2, 1},

i.e., h[−2] = 1, h[−1] = 2, etc. Determine the discrete-time Fourier transform (DTFT)
H(eiωT ) of h[k]. (2p)

(d) Generate a sampled square wave with sample time T = 1 according to

y1 = kron((-1).^(1:20),ones(1,6))’;

What is the frequency for the first overtone (i.e., the second resonance frequency)?
Design a filter that extracts the first overtone and plot the result together with the
original signal y1. (4p)

2. Generate the following signal

a1=[1 -3.4 4.85 -3.4 1];
a2=conv([1 -1.4 0.999],[1 -1.8 0.999]);
N=10000;
y2=filter(1,a1,zeros(N,1),[1;0;0;0])+filter(1,a2,randn(N,1));

Assume the sampling period to be T = 1s.

(a) How many resonance frequencies can you find when you make use of non-parametric
spectral analysis? (3p)

(b) Estimate a high order AR model and decide using parametric spectral analysis how
many resonance frequencies there are. (3p)

(c) Estimate an AR- or an ARMA-model that provides a good compromise between model
complexity and model quality. Clearly motivate your choice. (4p)

3. Consider the following signal model

y(t) = A sin(ωt+ ϕ) + e(t),

where the angular frequency ω is assumed to be known and e(t) is Gaussian white noise.

(a) Given N measurements {y(1), . . . , y(N)} of y(t), derive the least squares estimate of
the parameters A and ϕ. The answer should be given in closed form, no numerical
optimization is required to solve the problem. (6p)

(b) Describe how to estimate the noise variance, σ2e = E[e2(t)]. (4p)
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4. The task is to design a one-step linear predictor for a stationary discrete-time stochastic
process s(t). The observations y(t) are given by

y(t) = s(t) + n(t),

where s(t) is the signal of interest and n(t) is zero-mean noise with covariance function
Rnn(k) = δ(k). Let us assume that the signal of interest s(t) can be modelled as an AR
process according to (note the non-standard time-lag)

s(t) =
1

4
s(t− 2) + w(t),

where w(t) is a zero-mean noise with covariance function Rww(k) = δ(k). Furthermore, we
assume that n(t) and w(t) are independent.

(a) Design a first-order FIR predictor

H(q) = h(0) + h(1)q−1

for s(t). Put in slightly different words, this is a predictor that computes s(t+1) from
y(t) and y(t − 1). Once you have designed your predictor, you should also compute
the mean square error (MSE) for your predictions. (5p)

(b) Is it possible to find a better causal predictor than the one you computed in the
previous task? Better here referes to a predictor resulting in a lower MSE for the
predictions. Explain your new design and compute its MSE for the predictions or
argue why it is not possible to design a causal predictor that performs better than the
one given above. (5p)
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