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1. Consider the signal y in the file multisine.mat. The signal has two frequency components.

(a) Determine the two frequencies using a non-parametric method. (5p)

(b) Determine the two frequencies using a parametric method. (5p)

2. Consider the system

sk = 0.7sk−1 + vk

yk = sk + ek

where vk and ek are independent white noise process with variance 1.

(a) Determine the causal Wiener filter for estimating sk from yk. (5p)

(b) Determine the power of the estimation error, i.e., E{(sk − ŝk)2} . (5p)

Channel
dk = −0.9dk−1 + sk

+

vk

Equalizer
ŝk = h0yk + h1yk−1

sk dk yk ŝk

Figure 1: Channel equalization setup.

3. 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.

The file equalizer.mat includes a data sequence with the transmitted signal sk and
received signal yk, where the channel suddenly changes at one time point. Implement an
LMS filter that adaptively estimates the filter parameters h0 and h1 and tracks the change
in the channel. Plot the estimated filter parameters, and present your Matlab code.(10p)

4. Consider the signal model

xk+1 = xk + wk

yk = xk + vk,

where wk and vk are mutually independent white noise processes with variance 1. You
want to compare the performance of the Kalman filter and the one-step back Kalman
smoother. Analytically, determine the ratio

limk→∞Var(xk − x̂k|k+1)

limk→∞Var(xk − x̂k|k)

and comment on the result. (10p)

Hint: Rewrite the state-space model to also include the previous state in the state vector.
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