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COURSE: TSRT78, Digital Signal Processing

EXAMINATION CODE (PROVKOD): TEN1

DEPARTMENT: ISY

NUMBER OF EXERCISES: 4

NUMBER OF PAGES: 2 + cover page

RESPONSIBLE TEACHER: Gustaf Hendeby, tel 013-285815

VISITS: 15.00, 16.00, 17.00

COURSE ADMINISTRATOR: Ninna Stensgård, tel 013-282225, ninna.stensgard@liu.se

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 2014-04-24 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 AID on the �rst 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. Consider the AR signal

s(t) =
1

A(q)
w(t) =

1

1 + a1q−1 + a2q−2
w(t). (1a)

Assume it is observed in white noise

y(t) = s(t) + n(t). (1b)

The noise processes are independent with variance σ2w and σ2n, respectively.

(a) What is the appropriate model structure for a model with only one noise input

y(t) = T (q)e(t). (2)

Appropriate should here be interpreted as that the spectra of both models coincide.

Hint: no advanced computations are needed. (3p)

(b) What is the non-causal Wiener �lter ŝ(t) = Hnc(q)y(t)? In particular, what happens

when σn → 0, that is, we have an AR model for y(t)? (7p)

2. Consider the state space model

x(t+ 1) =

(
−a1 −a2

1 0

)
x(t) +

(
1
0

)
w(t)

y(t) =
(
0 1

)
x(t) + n(t).

(a) Does this model correspond to the model in (1)? (3p)

(b) Compute the stationary Kalman predictor, either numerically or analytically, and

express it on the form

ŝ(t) = Cx̂(t|t− 1) = H(q)y(t− 1).

Use the numerical values a1 = 1, a2 = 1, σw = 1 and σn = 1. Compute also the

stationary estimation error variance Var(s(t)− ŝ(t)). What happens with both these

when σn → 0? (7p)
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3. An ampli�er should in most cases be as linear as possible, but not always in audio ap-

plications. A tube ampli�er gives a nonlinear distorition which is usually appreciated by

musicians. The �gure below illustrates how a pure sinusoid u(t) is distorted and gives the

output y(t). The third subplot shows the output as a function of input, which indicates a

static nonlinearity.
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The nonlinearity can in this case be modelled by a polynomial function, which can be

expressed as a linear regression,

y(t) = b1u(t) + b2u
2(t) + b3u

3(t) + · · ·+ bnu
n(t) + e(t) = ϕT (t)θ + e(t).

The least squares method thus applies. Use this to estimate a model for the data in the

�le April15.mat.

Hint: Express the model on matrix form Y = ΦT θ, and use \ in Matlab.

Motivate your choice of model order, and which terms in the polynomial that you think

should be part of the model. Validate in a plot

plot(u,y,'x',u,yhat,'o-')

and also provide parameter values with standard deviations. (10p)
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4. Let x[k] = x(kT ), k = 0, 1, . . . , N − 1 denote an arbitrary signal of length N . The goal

here is to compare di�erent methods to double the sampling frequency, to generate a new

sequence y[k] = y(kT/2), k = 0, 1, . . . , 2N − 1 (assuming N to be even), that coincides

with x[k] for even indexes k, y[2k] = x[k]. Three di�erent choices will be compared. Let

X[n] =DFT{x[k]}.

(a) Let the odd samples be zero,

ya[k] =

{
x
[
k
2

]
if k is even

0 if k is odd
, k = 0, 1, . . . , 2N − 1

What is the DFT Ya[n] for ya[k] expressed in X[n]? (5p)

(b) Repeat x[k] in the odd samples,

yb[k] =

{
x
[
k
2

]
if k is even

x
[
k−1
2

]
if k is odd

, k = 0, 1, . . . , 2N − 1

First, derive an impulse response hb[k] so that yb[k] = hb ~ ya[k], where ~ denotes

convolution. What is the DFT of Yb[n] for yb[k] expressed in Ya[n]? Plot Hb[n]. (2p)

(c) Apply linear interpolation of x[k] in the odd samples

yc[k] =


x
[
k
2

]
if k is even

x[ k−1
2 ]+x[ k+1

2 ]
2 if k > 1 is odd

x[0]+x[N−1]
2 om k = 1

, k = 0, 1, . . . , 2N − 1

What is hc[k] in the relation yc[k] = hc ~ ya[k]? What is the DFT Yc[n] for yc[k]
expressed in Ya[n]? Plot Hc[n].

(3p)

Note that these exercises can be solved independently.
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