
LUND INSTITUTE OF TECHNOLOGY
Dept. of Electroscience

Exam in
ADAPTIVE SIGNAL PROCESSING (ETT042)
2004-12-17
Tid: 08.00–13.00
Sal: E:3315,3316,3318

Allowed tools Transform tables and collection of mathematical formulas, calculator,
the course literature in ASB and OSB (Haykin and Hayes, resp.)
No lecture notes distributed in .pdf format.
No handwritten solutions to problems.

Observandum Solve only a single problem per sheet of paper, and write your
name on each sheet!
Statements must be supported by theoretical discussions,
calculations or by specific references to the literature.

Grading 3 (2.0p), 4 (3.0p), 5 (4.0p).

1. Answer the following questions briefly:

a) Mark Jmin, J(n), Jex(∞) and wo for the LMS algorithm in an error surface.
(0.1)

b) Explain the main principle difference between the LMS and RLS algorithms
(no equations!). How is the present behavior (filter update) of the two algo-
rithms related to present and old input signals (u,d)? How does this affect the
convergence and tracking behavior, respectively? (0.2)

c) What is the meaning of the variable transformation ν(n) = QT (ŵ(n) − wo)
used in the convergence analysis of the Steepest descent algorithm? Plot level
curves. (0.1)

d) Describe the two important steps between the LMS and the FastLMS algo-
rithms. In addition to low complexity, what is the main advantage of the
FastLMS? (0.2)

e) How would you determine µ (for the standard LMS) for a stationary measured
input signal and how would you determine µ for a nonstationary measured
input signal? (0.2)

f) Name four different adaptive algorithms together with one reason to use each
of them and one reason to not use each of them. (0.2)

2. A data sequence, p(n), that can be approximated as white with variance σ2
p = 1 is

sent through a channel, c(n). The received signal from the channel is measured in
additive white noise with variance σ2

v = 0.2.
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a) Connect an adaptive filter for the purpose of retrieving the original signal.
Draw a blockdiagram and label all branches. What is the adaptive structure
called? (0.2)

b) Assume c[n] = [ 0.5 1 0.5 ] and an (adaptive) filter length of M=2. De-
termine the optimum filter, wo and Jmin. If necessary, try different delays.
(0.5)

c) Recommend a µ for the standard LMS algorithm as well as for the normalized
LMS algorithm. (0.2)

d) Illustrate how you can handle slow changes in the channel. (0.1)

3. An IP telephony system using a sampling rate of 20 kHz system suffers from severe
echo problems.

a) Explain how an echo occurs in such system and present an adaptive filter
strategy (block diagram with labels) for how you can reduce the echo. (0.3)

b) Select filter order M if the network delay in each direction is 20 ms and the
distance between the microphone and slowest reflecting wall is 3 m. The speed
of sound is 340 m/s. (0.4)

c) How is the efficiency of an echo canceller typically measured (name of measure
and what it measures)? (0.2)

d) What is the requirement for good performance if the two speakers are speaking
at the same time (double-talk situation)? (0.1)

4. Consider the signals u(n) and d(n) = z(n) + v(n), z(n) = u ∗ h(n) with

Ru = 105

[
1 0.25

0.25 1

]
, h =

[
1

0.25

]
, σ2

v = 20 ,

where v(n) is white noise.

a) Determine Jmin and wo for M = 2 and give the name of the adaptive filter
block structure. (0.3)

b) The learning curve J(n) = E{e2(n)}, shown in the figure below, is generated
by the fix point algorithm below (e(n) = e1(n)2−s1). αfix is chosen to be 2−10

and s2 = 12.

d1(n) = d(n)2s1

e1(n) = d1(n) − [ŵT (n)u(n)]2−s2

ŵ(n + 1) = ŵ(n) + αfix[u(n)e1(n)].

Use the learning curve and motivate by means of calculations whether “stal-
ling” may occur (µfloat = αfix2−s2). The mean of the last 200 samples in the
simulation is 3.038. (0.6)

c) What is your interpretation of the result from (b)? (0.1)

2



0 100 200 300 400 500 600 700 800 900 1000
0

2

4

6

8

10

12

iteration

ln
(J

(n
))

learning curve

3.038

Learning curve of fix-point LMS algorithm.

5. The filter update equation is for the Leaky-LMS algorithm given by

ŵ(n + 1) = (1 − µγ)ŵ(n) + µe(n)u(n) ,

where 0 < γ << 1 is called ”leaking” factor.

a) Show how minimization of the cost function

J(n) = E{|e(n)|2} + γwT (n)w(n)

leads to the above filter update equation (0.5)

b) Show that the algorithm in average converges to wo,leaky = (R + γI)−1p and
indicate the required convergence interval for the step size µ. (0.5)

God Jul och Gott Nytt År!
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1. Answer the following questions briefly:

a) See Haykin. (0.1)

b) RLS is optimal at each step, LMS jumps in the direction of what it based on
the present data believes is the Wiener solution. LMS: Present filter update
only depends on present u(n) and d(n), RLS: Updates to optimal solution
based on all u(n) and d(n) so far. RLS has faster convergence while LMS has
faster tracking (for no forgetting factor for the RLS). (0.2)

c) The subtraction of the Wiener solution moves the bottom of the bowl to ori-
go. The eigenvector matrix contains the directions of the axes of the ellipsoid.
Multiplikation with the transpose of this matrix rotates back the bowl to have
its axes vertically and horizontally, respectively. The purpose of the transfor-
mation is to decouple the convergence along the axes of the ellipsoid. (0.1)

d) Block update of gradient and calculations in the frequency domain. An ad-
vantage is independet filter coefficients so that different eigenmodes can have
different step sizes. (0.2)

e) The step size limit can be estimated by 2/Mvar(u) which is a stricter limit
than 2/λmax. For nonstationary signals, the interval with the highest ampli-
tude needs to be used. (0.2)

f) Leaky LMS: +robust to zeros in channel or zero eigenvalues, -not Wiener
solution. FastLMS: +low complexity, - delay. RLS: +fast convergence, -instable
in fixpoint implementation. Sign LMS +low complexity, -slow convergence.
(0.2)

2. a) Adaptive inverse filter, equalizer.
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c ( n) w ( n)

LMS

e(n)

v(n)

d̂(n)

z−D

p(n)

d(n)=p(n-D)

u(n)

Channel equalizer.

(0.2)

b)

ru(k) = E[(0.5p(n) + p(n − 1) + 0.5p(n − 2) + v(n))(0.5p(n − k) +

p(n − k − 1) + 0.5p(n − k − 2) + v(n − k))]

ru(k) = (0.25 + 1 + 0.25)rp(k) + (0.5 + 0.5)(rp(k + 1) +

rp(k − 1)) + 0.25(rp(k + 2) + rp(k − 2)) + rv(k)

rdu(k) = E[p(n − D)(0.5p(n − k) + p(n − k − 1) + 0.5p(n − k − 2) + v(n − k)))]

rdu(k) = 0.5rp(k − D) + rp(k + 1 − D) + 0.5rp(k + 2 − D)

Test D=0,1,2 and 3.

rdu(D = 0) =

[
0.5
0

]

rdu(D = 1) =

[
1

0.5

]

rdu(D = 2) =

[
0.5
1

]

rdu(D = 3) =

[
0

0.5

]
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D=1 or D=2 gives the same error,

Jmin = σ2

p − wT
o rdx = 0.4048

For D=1,

wo(D = 1) =

[
0.6349
−0.0794

]

(0.5)

c) λmax = 2.7 which yields µ << 0.74. (0.2)

d) Decision feedback, see lab 2. (0.1)

3. a) The echo that a speaker receives is a result of leaking between the other
speakers loudspeaker and microphone. You can therefore use your own voice
to cancel the echo.
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b) The longest echo is 2*0.020s+2*3m/340=57.6 ms corresponding to 1134 taps
or 353 taps if the network delays are excluded. (0.4)

c) Echo return loss enhancement. The ratio of the mean energies in e and d.
(0.2)

d) That the signals from the two speakers are uncorrelated. (0.1)

4. a) Identifier with , wo = h, Jmin = σ2
v . (0.3)

b) J(∞) = Jmin + Jex(∞)

Jex(∞) = Jmin

2∑

i=1

µλi

2 − µλi

= 0.4830

J(∞) = 20.4830 and log(J(∞)) = 3.020 No stalling. (0.6)
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c) The noise level is higher than the algorithm precision. A very small discrepancy
between theoretical (which is based on approximations) and simulation. (0.1)
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3.038

Learning curve of fix-point LMS algorithm.

5. a)

J(n) = E[e2(n)] (1)

J(n) = E[d2(n) − 2d(n)w(n)T u(n) + wT (n)u(n)uT (n)w(n)] + γwT (n)w(n) (2)

∇J(n) = 2(u(n)wT (n) + γI)w(n) − 2u(n)d(n) (3)

w(n + 1) = w(n) +
1

2
µ(−∇J(n)) (4)

w(n + 1) = (1 − γµ)w(n) + µu(n)e(n) (5)

b) Show that

E[w(n) − wo,leaky] → 0 (6)

w(n + 1) = (I − µ(γI + u(n)uT (n)))w(n) + µu(n)d(n) (7)

With c(n) = w(n) − wo,leaky, wo,leaky = (R + γI)−1p and independence
between input signal and filter coefficients,

E[c(n + 1)] = (I − µ(γI + R))E[c(n)] − µ(R + γI)wo,leaky + µp (8)
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E[c(n + 1)] = (I − µ(γI + R))E[c(n)] (9)

With ν(n) = QT E[c(n)]

ν(n + 1) = (I − µ(γI + Λ(n)))ν(n) (10)

Separate rows. Maximum eigenvalue is λmax(of R) + δ. Convergence limit is
µ < 2/(λmax + δ)

God Jul och Gott Nytt År!
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