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1. Let the signal s(t) we are interested in be given by

s(t) = sin(tT ) + sin(1.2tT ),

where the sample time T = 0.2. We can not measure s(t) directly. The measured signal
y(t) is given by

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

where e(t) is white noise with E(e(t)) = 0 and Var(e(t)) = 0.12.

(a) Plot, using the correct frequency scale, the magnitude of the measured signal DFT,
using N = 150 samples. Explain why you do not see two peaks. (4p)

(b) Can you (still using the 150 measurements from above) recover the two peaks? In
that case, show how. (4p)

(c) Now, generate 400 measurements and plot the periodogram, clearly showing the two
peaks. (2p)

2. We assume that the interesting signal s(t) is measured according to

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

where e(t) is white noise with E(e(t)) = 0 and Var(e(t)) = 1. Furthermore, we know that
the interesting signal s(t) is described by an AR process,

s(t) =
1

1− 0.6q−1
w(t),

where w(t) is white noise with E(w(t)) = 0 and Var(w(t)) = 1. The two noise processes
e(t) and w(t) are independent.

(a) Compute the Wiener filter that can be used to find the best estimate of the interesting
signal s(t) based on the measurements y(t),−∞ < t <∞. (5p)

(b) Compute the variance error Var(s(t)− ŝ(t)) that the Wiener filter derived above gives
rise to. (5p)

3. The file Mar13.mat (run initcourse TSRT78 and then load Mar13.mat to access the file)
contains a time-varying AR(1) signal y(t), i.e., y(t) has been generated according to

y(t) =
1

1 + a1(t)q−1
e(t),

where e(t) is white noise and

a1(t) =

{
θ1 t ≤ t0
θ2 t > t0

(a) Use an adaptive algorithm to figure out when the dynamics was changed (it only
changed once according to the equation above) and provide your best estimate of the
parameters θ1, θ2 and the change time t0. Provide plot(s) to support your answer and
as always, clearly motivate your answer. (5p)
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(b) Consider the following linear time-invariant state-space model

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

y(t) = Cx(t) + v(t),

where w(t) and v(t) are Gaussian white noise with E(w(t)) = 0, Var(w(t)) = Q and
E(v(t)) = 0, Var(v(t)) = R. Furthermore, the two noise processes w(t) and v(t) are
independent. The stationary Kalman filter can, using transfer operators, be written
as

x̂(t+ 1|t) = Hp(q)y(t),

x̂(t|t) = Hf(q)y(t).

Find the transfer operators Hp(q) and Hf(q). (5p)

4. Let the signal y(t) be generated by the following signal model

y(t)− 0.6y(t− 1) = 3v(t)− 1.6v(t− 1),

where v(t) is white noise with E(v(t)) = 0 and Var(v(t)) = 1. Based on N measurements
y(1), y(2), . . . , y(N) generated by the model above, we want to find the best AR(1) model,
i.e., a model on the form

y(t) + ay(t− 1) = e(t),

where e(t) is white noise.

(a) Using the least squares method to minimize the squared prediction errors, what will
the estimate âN converge to when the number of parameters N tends to infinity? (6p)

(b) Use simulations to show which value the estimate âN converges to as a function of
the number of data N used in the simulation. (4p)
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