
MSc Modelling Problem
Frequency Modulation and Dopler

1. A 10MHz carrier wave has been sampled at 40MHz and the sampled file has been frequency
modulated with an audio signal that was sampled at 44.1 kHz. The files storing the modulated
signal are on the web http://www.maths.manchester.ac.uk/~bl/teaching/MSCMOD/doppler/

site as MScMod fmmod k.mat where k is between 0 and 4.

(a) Choose the file corresponding to your group number and extract the audio signal using
demodfm. To show you have done this, play the audio signal and transcribe the words you
hear.

(b) One advantage of Frequency modulation is that it is insensitive to changes in the amplitude.
Modify the modulated signal so that the amplitude changes with time and verify that that the
resulting demodulated signal not significantly changed and is still intelligible. ‘White noise’
can be generated using uniformly distributed pseudo-random numbers. Investigate how much
white noise can be added to the audio signal before the words become unintelligible to you.
How much white noise can be added to the modulated signal before the demodulated audio
signal becomes unintelligible?

2. When a sound source is in motion relative to a static medium and observer, the pitch of the sound is
heard to change depending on the speed the source is travelling towards or away from the observer,
a phenomenon called the Doppler Effect (or Doppler Shift). Assuming sound travels at a constant
speed c in the medium, at a distance s(t) from the observer, the sound is heard with a time delay
s/c. For example a sinusoidal source cos 2πf0t appears at the observer to be cos 2πf0(t− s(t)/c).

(a) Suppose the source is moving at a uniform speed v along a line in the same plane as the
observer where the smallest distance between the line and the observer is d and at time t = 0
the source is a distance s0 from the closest approach. Derive a formula for the instantaneous
frequency fi(t) of the sound heard at the observer when the source is a sinusoid of frequency
f0. Show that given f0, fi(t), c and v it is possible to deduce the time at which the source is
closest to the observer (hence s0) and the distance d.

(b) Write a Matlab function to calculate the instantaneous frequency given f0, c, v, d and s0 at a
time, or vector of times, t. Plot the instantaneous frequency as a function of time for various
values of the parameters centred around f0 = 220, d = 50, v = 20, c = 350 (in SI units).
Produce an audio file of the sound for a typical case and illustrate the change in frequency
using a spectrogram (eg using Audacity).

(c) Develop a method to take an audio file of the sound heard from a sinusoidal source of a known
frequency passing the observer on a line in the same plane at a known speed, and deduce the
time at which the source is at the closest point to the observer and the distance of closest
approach. Test this method using your own data and test how robust the method is with
respect to noise. (A Matlab function would be the obvious way to do this, but we will accept
other software solutions if you like).

(d) Investigate the possibility of extending this method, for example including the case where
more of the parameters are unknown or the trajectory is not straight.
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