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1 Introduction
This lab is about the design of an adaptive filter for active noise cancellation. This
is a challenging task because parts of the filtered signal should not be affected. For
example, think of announcements in an airplane, where the sound from the engine
should be suppressed but the voice of the staff should not be affected.

In this lab, music is corrupted by a noise signal, e.g. a sum of sine signals or a
square wave. The goal is to suppress the noise so that the music appears more clearly.
One microphone is recording the mixed sound and one microphone is recording the
noise signal. The signal processing, where the noise is suppressed, is done in Simulink
in real time and you can listen to the result in a pair of headphones.

This lab is designed for groups of two during four hours in Laboteket. The schedule
is tight and you must solve a number of preparation exercises (Section 6) in order to
finish in time. The lab is completed by an oral examination where the questions in
this compendium are reviewed.

To copy the lab-files, select Start – Run in Windows, write \\site\edu\rt\lab and
press enter. Copy the folder named cancelnoise to a suitable location on your account.
Then start Matlab and go to that directory.

2 Lab set-up and test
For the lab, you need two sets of speakers, a pair of headphones, and two microphones.

Set up the speakers and microphones as shown in Figure 1. The noise microphone
should be a few centimeters from the noise source to minimize its exposure to the
music. The channel microphone should be placed about one meter from both sources.

Figure 1: Microphone and loudspeaker arrangement.

Figure 2 shows the external sound card used in this lab and the connections. Each
microphone input on the front comes with a control panel (boxed in the figures).
Turn off all the LEDs in that control panel (so as to have the correct settings for
the microphones that we use). The input levels in the panels should be turned to
maximum, but can be adjusted if required. Furthermore, each input and output of
the sound card appears as recording/playback device with a separate volume slider
in Windows.
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Figure 2: Connections to the sound card.

Before starting with the actual lab, make sure that all microphones and speakers
are working properly. This can be done with the Simulink diagram lab2test that
contains blocks for playing sound files, reading from a microphone, and sending signals
to a speaker. You can carry out the following steps:

• In Windows, make sure none of the input or output devices are muted.

• At each of the speakers, (physically) turn down the volume to minimum.

• In Matlab, set the sampling frequency to 11025 Hz by defining the variable
sampletime.

• In the Simulink diagram, connect the sound file block to the speaker block.
Select the speaker that you want to test by choosing the right device in the
speaker block. Run the diagram and gradually increase the speaker volume to
a “normal” level (think of your peers; you should be able to communicate in
your “indoor voices”). Repeat for all speakers and the headphones.

• Disconnect the sound file and connect the microphone block to the speaker
block. Choose the microphone that you want to test by selecting the right
device in the microphone block. Speak into the microphone and listen to the
sound in the headphones. A short delay that you experience is normal.

A thorough check of your lab-setup can save valuable time!

3 Channel model
The channel is the air between the source and the microphone, but also the micro-
phone itself. It is not enough to model the channel as a pure time delay, since the
sound is reflected in the surroundings. Thus, the signal recorded by the microphone is
the sum of multiple time delayed and damped sound reflections. In addition, different
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frequencies are damped and phase shifted in different ways so the reflected signal is
not the same as the original signal. A common and physically reasonable channel
model is

y(t) = B(q)u(t− nk) = b0u(t− nk) + b1u(t− 1 − nk) + · · · + bnb
u(t− nb − nk), (1)

an FIR-filter of order nb with an unknown time delay nk. The time delay is caused
by the finite speed of sound in air, but also delays in the electronics and the computer
software. A first estimate of the time delay can be calculated by measuring the
distance from the microphone to the speaker.

There are a number of approaches to estimate the time delay, of which you will
investigate the following:

• Estimate an FIR filter of high order under the assumption that the delay is zero.
This will result in the first nk coefficients of the estimated B(q) being close to
zero.

• Estimate the time delay by correlating the input and output signals.

Note that the time delay may vary from run to run, since the recordings may not
start in an identical way.

4 First experiment: Channel modeling
The task is to model the channel dynamics as an FIR filter with delay. The noise
source is the only source used in this experiment. Make sure that the arrangement
is as described in Section 2 and that the sampling frequency is 11025 Hz by defining
sampletime. Open the Simulink file lab2a.

Start the simulation, it will continue for 10 seconds. The signals from the noise
and channel microphones are stored in the Matlab work space as variables u and
y, respectively. Plot the signals and select a suitable section about 1 second long.
Collect data for different types of noise signals. The noise signal type is selected in
the block Source selector and there are four different types:

• Bandlimited White Noise; white noise filtered by a band pass filter.

• MultiSine; a sum of a number of sine signals with different frequencies.

• Chirp; a sine whose frequency is changing linearly over time.

• Square Wave.

Model the channel dynamics with an FIR filter y(t) = B(q; θ)u(t). Do not forget
to remove the mean of the signal by using detrend. The coefficients of the FIR filter
are estimated by the following commands:

>> th=arx([y u],[0 nb nk]);
>> bhat=th.b;

With the identified filter coefficients, it is possible to eliminate most of the noise by
computing ŝ = y −B(q, b̂)u.
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Questions
1. Begin with the determination of nk. Test different approaches to estimate nk

based on the preparation exercises. What are the problems with the different
approaches?

2. What is the best model order nb? Motivate in a number of different ways.

3. How much is the energy in ŝ decreased compared to y? Use a suitable energy
ratio and examine all the different noise types.

4. Compare the estimated model from different noise signals. Are the results the
same?

5. Which noise signal is the easiest to suppress? Explain why.

Hints
• Write an m-file that is stored in your account, so it is straightforward to repeat
the computations.

• Before using a recorded signal, check that it looks “nice”.

• Do not use the whole data set (of length 10 seconds) in the estimation!

• The data set can be stored for later use with the save command.

5 Second experiment:
Adaptive noise cancellation using LMS

The task is to cancel a noise signal in real-time (with a small delay). The underlying
idea is to recursively estimate the channel as FIR filter, and then to subtract the fil-
tered noise signal from the channel signal. The remaining “error” signal then appears
less corrupted by the noise.

Use the same speaker and microphone arrangement as before. Open the Simulink
file lab2b. You will see an extended version of lab2a, with the LMS block from Mat-
lab’s DSP System Toolbox and a delay block added. Draw the missing connections
to build an adaptive noise cancellation system. There is no need to add new blocks to
the diagram. Use your estimated nk in the delay block to shift the input to the LMS
block. Use your estimated nb as Filter Length parameter in the LMS block. The
step length is provided to the LMS block as input.

Start the simulation. Adjust the volume such that the sound sources are equally
loud, but not too loud. You should be able to carry out the experiment at quite
low volume without disturbing your fellow lab groups too much. Use the switch
to activate or turn off the noise cancellation. Use the headphones to listen to the
processed signal.

Experiment with different settings for µ, nk and nb, and the different noise sources.
For small µ, try hearing how the filter adapts when you change the position of the
channel mic.
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Questions
1. How can different µ be heard?

2. Assume that we know that one of the noise signals in Section 4 is used, but
we do not know which one. How should the parameters nb and nk be selected,
based on the knowledge from the first experiment?

3. Which noise signal is easiest to cancel out? Is this the same signal that was
easiest to handle in the first experiment? Motivate your findings.

6 Preparation exercises
The following preparation exercises will be checked in a discussion with the lab assis-
tant. Solving them is a requirement to successfully participate in and complete the
lab. You will be sent home if you are not prepared thoroughly!

With the experimental set-up of this lab in mind, answer the following questions:

1. Is it possible to estimate the time delay by

• using geometry and distance measurements?
• visual examination of the signals by using Matlab’s plot functions?
• computing [R,lags]=xcorr(y,u,M)?
• modeling th with a large nb and a small nk and then comparing th.b and

th.db? (present(th) can be used)

If the answer is “yes”, explain how this can be done and if there are some
drawbacks with the method.

2. How does the step length µ affect the LMS algorithm? Does LMS work for
arbitrary µ?

3. Which measures can be used to evaluate the performance of an estimated model?

4. Briefly explain the concept of adaptive noise cancellation as used in this lab.
What is estimated by LMS? What is the role of the channel?

5. Read up on the LMS block from Matlab’s DSP System Toolbox1. Focus on
the parameters Filter length and Step size (mu). What are the outputs
Output, Error, and Wts? How would you connect the noise and channel micro-
phones to do adaptive noise cancellation? Which output contains the cleaned
signal?

1http://se.mathworks.com/help/dsp/ref/lmsfilter.html
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