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In Matlab, an sound is merely a one (for monaural) or two (for stereo) dimensional matrix,
where the elements correspond to sound-amplitude samples. For stereo recordings, the
matrix rows correspond to the left (column one) or right (column two) channel. The
rows correspond to samples taken at regular time intervals; for this reason, the sampling
interval (or rate, which is the reciprocal of the interval) used in the recording must be
known.

NOTE: wavplay() can't be stopped once it has started, which can be a nuisance if you
are playing a long track. Use audioplayer() instead.

Generating a tone using Matlab is relatively simple, but the maths can be a bit tricky:

1. A tone is generated using the sin() function, over a speci�c range. In general: S =

sin( 0 : interval : maximum );.

2. The interval should be related to the gap between samples, measured in terms of the

cycles. Although it is intuitive to think of the interval in terms of time, the sin()

function knows nothing about time, only angle (cycles is a way of measuring angle
since 360◦ = 2π radians = one cycle).

3. Sampling intervals are generally speci�ed in time (e.g. 44.1 kHz), but we have to
convert it to radians for the sin() function. We do this by determining how many
cycles of the signal there will be in one second, and obtaining the reciprocal of this.

4. For instance, suppose we have a signal of 100 Hz and a sampling rate of 1 kHz.
There will be 100 cycles, and 1000 samples, in one second. So, the interval will be
(2π × 100) ÷ 1000. In other words, 2π times the number of cycles the signal goes
through in one second gives us one second's worth, and to �nd the interval we just
divide the number into this the number of samples required.

5. The maximum should be 2π times the number of cycles in one second times the
number of seconds of the recording. This comes from the fact that the sin function
goes through a complete cycle between 0 and 2π radians, so to generate all the
cycles for one second, we multiply 2π by the frequency; then, to obtain a track of
the desired duration, we multiply that result by the desired number of seconds.

6. For instance, for a three second recording of Middle C (261.626Hz), we need to
compute the sin from zero to 2π × 261.262× 3.

Hints are given on page and answers are given on page .
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Questions

1. Import the sound �le bells.wav into S (don't forget the sampling frequency, store
it in fs).

2. Play it using Matlab.

3. View the waveform. You should see a point at which the left channel becomes quieter
than the right channel. Estimate the index number at that point, and calculate the
time elapsed since the beginning of the recording.

4. Make a duplicate of the sound in a matrix S2 and silence its right channel; replay
the sound to con�rm that it worked.

5. Create a new monaural track in matrix S3 by combining both of the stereo channels
in S. Play S3 to con�rm that it worked.

6. Pure sounds have a sinusoidal variation. Using Matlab, generate two seconds (at
44,100 samples per second) of a monaural pure Middle A (440Hz). Call the matrix
A.

7. Play it with Matlab and con�rm by listening that it sounds `right'.

8. Convert the signal (i.e. store the result of the following in the same matrix) into
stereo by adding a second row with another tone. Make the tone harmonious (i.e. in
tune) with Middle A by making it a frequency that is a harmonic (integer multiple
or quotient) of the original (make it an octave higher, i.e. twice the frequency).
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Hints

1. Look up the wavread() function.

2. Look up the audioplayer() function.

3. Look up the plot() function.

4. The right channel is in the second column, and silence means a value of zero.

5. Take the average of the left and right channels.

6. Look up the sin() function. The sampling rate is given by changing the interval
between samples, and the signal frequency dictates the upper end of the range used
in the sin() function.
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Answers

1.
S = wavread( S, fs );

2.
player = audioplayer( S, fs );

play( player );

To stop the playback, use stop(player); and pause(player); to pause it.

3. The green curve (right channel) diminishes below the blue curve (left channel)
around the 400,000th element (sample). At 44,100 samples per second, this equates
to:

400000 * (1/fs)

which is 9.0703 seconds.

4.
S2 = S;

S2(:,2) = 0;

player = audioplayer(S2 ,fs);

play(player );

5.
S3 = ( S(:,1) + S(:,2) ) / 2;

player = audioplayer(S3 ,fs);

play(player );

6.
fsig = 440;

fsamp = 441000;

dur = 2;

interval = (2 * pi * fsig) / fsamp;

max = 2 * pi * fsig * dur;

A = sin( 0 : interval : max );

7.
player = audioplayer(A, fsamp);

play(player );

8.
fsig = fsig * 2;

interval = ( 2 * pi * fsig ) / fsamp;

max = 2 * pi * fsig * dur;

A = [ A, sin( 0 : interval : max );

max = 2 * pi * fsig * dur
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