
EECS 152B

Winter 2021 Assignment 3

Due: Sat. Feb. 6

For this assignment, you will need the file hw3data.mat, which contains several audio files sampled at
22kHz. This file can be found on Canvas, together with linarr.m and dtft.m. This file contains 4 “desired”
signals (nursie, seasons, thermo and voice), and 2 “interference” signals babble and jet.

Part 1: Data Adaptive Beamforming

In this lab you will implement an adaptive beamformer and test its ability to eliminate fixed interference.
Assume the angle for the desired signal is 10◦, and the angles for the interfering signals are −15◦ and 20◦.

1. Generate 100, 000 samples of data for an array with 16 antennas using one of the desired signals and
the two interfering signals in hw3data.mat. (Note that these signals are all real-valued, but the output
of the array will be complex since the steering vectors and the noise are complex). Create the complex
noise using the randn command as in class. Use a multiplier of 100 for the amplitude of the interference,
and a multiplier of 0.05 for the complex noise.

2. Find the optimal adaptive beamformer using only the first T = 100 samples of array data, and plot
the spatial frequency response in dB versus angle in degrees. To further verify that your beamformer
is working, listen to the output of one of the antennas to hear the noisy signal, and also to the output
of the beamformer to hear the “clean” signal. As we did in class, you can listen to these files using the
Matlab command sound, for example as follows:

>> sound(real(output),22000)

Important: You will need to take the real part of the signals before playing them through the sound

command.

3. Now repeat the above experiment for different values of the interfering angle that was originally at 20◦.
In particular, how close can this interferer be to the desired signal before you can’t hear the desired
signal very well? At this failure point, increase the number of antennas to 50, and compare the results,
including a plot of the spatial frequency responses.

Part 2: Time and Data Adaptive Beamforming

In this part, you will take the solution to the above problem and make it time adaptive.

1. Use the same scenario as before, but halfway through the 100, 000 samples, add a new interferer at 0◦.
How long does it take for your beamformer to adapt and cancel the new interference? (You may need
to look at the spatial frequency response before and sometime after the new interference is added to
answer this question – it may happen so rapidly that you can’t tell by just listening to the output).

2. Write a Matlab function that will generate the 100, 000 samples of data with time-varying angles for
the interference. As in class, assume a linear time variation with a certain slope in degrees/sample for
each interfering signal. The slope should be a variable that you can set.

3. Assume two interferers that start at −15◦ and 20◦. Write another function that initializes the adaptive
beamformer as before, using the first T = 100 samples of array data, and then updates the beamformer
for each sample thereafter. Test the performance of the time-varying beamformer by listening to the
output for different rates of change of the interference angles. How fast can the interference be moving
before the adaptive beamformer no longer does a good job of interference cancellation? Note that you
may need to adjust the parameter ε used in updating Rxx[n] to get good performance for different
rates of angle change.

4. Discuss the impact of the various parameters, including how fast the interference changes, the value
of ε, what happens when the interfering signals move close to each other, what happens when an
interfering signal moves across the desired signal, etc.


