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the numbered attachments and refer to these in the solution. You may choose to write your
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1. The filter H(z) = (z−ejω0 )(z−e−jω0 )
(z−βejω0 )(z−βe−jω0 )

is a so called notch filter.

(a) Let ω0 = 0.5 and β = 0.99 and plot the filter frequency function. What does the
filter do and how does the parameter β affect its behavior? (3p)

(b) The signal y in the file ’vuvuzela.mat’ is a speech signal recorded during the FIFA
World Cup 2010. The speech signal is disturbed by the sound of a Vuvuzela (a
music instrument). Plot the spectrum of the signal and identify the frequency of the
strongest tone. The sampling frequency is 22050 Hz. (3p)

(c) Change the notch filter so that it removes the tone and filter the signal y through the
filter. Plot the spectrum of the filtered signal. (4p)

2. The measurements y in multisin.mat can be described as yn = sn+en, n = 0, 1, . . . , N−1,
where the wanted signal can be modeled as

sn =

K∑
k=1

ak sin(2πnkf0/fs)

Further, f0 = 5 [Hz], fs = 1000 [Hz], and en is white noise with variance σ2e .

(a) Estimate the model parameters a1, a2, a3, . . . , aK , using the least squares method and
plot the AIC and BIC loss functions as a function of the model order K. (7p)

(b) Select a model order and plot the signal sn using the estimated parameters. (3p)

3. Consider the state-space model

xk+1 = 0.8xk + wk,

yk = xk + vk,

where wk and vk are independent white noise processes with variance σ2w = 0.36 and
σ2v = 1, respectively. Assume that the sampluing frequency fs = 1 [Hz] and

(a) plot the frequency and phase response of the stationary one-step ahead Kalman filter
predictor for xk. (4p)

(b) plot the frequency and phase response of the one-step ahead causal Wiener filter
predictor for xk. (6p)
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Channel
dk = −0.9dk−1 + sk

+

vk

Equalizer
ŝk = h0yk + h1yk−1

sk dk yk ŝk

Figure 1: Channel equalization setup.

4. Consider the channel equalization problem shown in Figure 1. The goal of the equalizer
is to reconstruct the transmitted signal sk from the measurement yk. The transmitted
signal sk and measurement noise vk can be viewed as independent white noise processes
with variance σ2s = 1 and σ2v = 0.1, respectively.

(a) Determine the filter parameters h0 and h1 of the equalizer that minimize the mean
square error E{(sk − ŝk)2}. (7p)

(b) What value has the minimum mean square error? (3p)
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