
EXAMINATION IN DIGITAL SIGNAL PROCESSING (TSRT78)

ISY’S COMPUTER ROOMS

TIME: August 26, 2011, at 08.00–12.00

COURSE: TSRT78, Digital Signal Processing

EXAMINATION CODE (PROVKOD): TEN1

DEPARTMENT: ISY

NUMBER OF EXERCISES: 4

NUMBER OF PAGES: 2 + cover page

RESPONSIBLE TEACHER: Thomas Schön, tel 013-281373

VISITS: 08.00, 10.00

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 2011-09-07 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. Let x[k] be a symmetric discrete-time square wave that is periodic with period time P ,
resulting in a fundamental frequency of ω0 = 2π/P . Hence, over one period it can be
described according to

x[k] =

{
1, k ≤M or k ≥ P −M

0, otherwise

Assume that P and M are positive integers, where P > 2M and that the number of
samples is N = P . Show that the DFT is given by

X[n] =

{
2M + 1, if n is a multiple of P
sin(n(M+0.5)ω0)

sin(nω0/2)
, otherwise

(10p)

2. The figure below shows a signal y(t) (run initcourse TSRT78 and then load Aug11.mat
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to access the signal, which is called ykf) that can be described as piecewise linear over
time. In other words, it can be modeled as

y(t) = a(t) + b(t)t,

where x(t) = (a(t), b(t))T is piecewise constant. Using a state-space model, this can be
modeled as

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

y(t) =
(
1 t

)
x(t) + e(t),

x̂(0) = 0,

where w(t) and e(t) are Gaussian noise with zero mean and covariance matrices Q and
R, respectively. Choose Q,R, P0 and apply the time varying Kalman filter to compute an
adaptive estimate of the signal. Implement your own Kalman filter and clearly present
your results. (10p)

3. (a) In the file Aug11.mat there is a signal ymodel that is generated from an AR(n) model
(run initcourse TSRT78 and then load Aug11.mat to access the file). What is the
order n of the model? Clearly motivate (for example using plots) why the model
order cannot be larger, nor smaller than the specific n you find. (5p)
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(b) The use of local means is common when it comes to smoothing signals. Study the
standard problem of separating a signal from noise in the model,

y(t) = s(t) + e(t).

The covariance function of the signal s(t) is given byR(t) and the signal is independent
of the noise e(t), which is white with zero mean value and variance λ. Show, using
the projection theorem, how the optimal estimate of f1, f2 and f3 is found, when only
the two closest measurements are used, i.e.,

ŝ(t) = f1y(t− 1) + f2y(t) + f3y(t+ 1).

Recall that the projection theorem states that the estimation error is uncorrelated
with the measurements that the estimate is based upon. (5p)

4. Assume that the model is given by

y(t) = s(t) + n(t) + an(t− 1),

where s(t) and n(t) are independent stationary stochastic processes with zero mean. The
spectrum of n(t) is given by Φnn(z) = σ2. Assume that the spectrum of y(t) is known and
that the spectral factorization of Φyy(z) is already available according to

Φyy(z) = T (z)T (1/z)σ2e ,

where T (z) is known according to

T (z) = 1 +
∞∑
k=1

tkz
−k.

Furthermore, we assume that the corresponding whitening filter W (z) = 1/T (z) is also
known, i.e.,

W (z) = 1 +
∞∑
k=1

wkz
−k.

Hence,

e(t) = W (q)y(t),

y(t) = T (q)e(t).

Compute the filtered (causal) estimator for the signal s(t). (10p)
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