
Math 77A, Project-1 (Due in class Oct. 26, 2010)

J. Xin (jack.xin@uci.edu) and E.J. Esser (eesser@uci.edu)

Instruction: you may turn in the project electronically to us with results and MATLAB

programs attached.

I. Consider the linear shift invariant (LSI) system given by:

y(n) = [s(n) + s(n− 1)]/2, n ∈ [2, 100], (1)

with y(1) = 0, y(101) = 0. The input signal is:

s(n) = 0, n 6= 51; s(51) = 1.

(a) Is LSI system (1) causal ?

(b) Put system (1) in the vector-matrix form y = As, here y = (y(2), y(3), · · · , y(100))′

and s = (s(2), s(3), · · · , s(100))′ are column vectors. Find A.

(c) If the output y is fed back into the system, and such process is carried out m times

(m ≤ 20), how is the final output related to the original input s ?

(d) For m = 10, plot the output y(1 : 101) and compare with s(1 : 101).

(e) Calculate the discrete Fourier transform (DFT) of s(n) and y(n) in (d), plot and

compare their amplitude vectors (abs(fft(s)), abs(fft(y))).

(f) If (1) is replaced by:

y(n) = [s(n + 1) + s(n) + s(n− 1)]/3, n ∈ [2, 100],

find the corresponding matrix A, compute the output y at m = 10, plot y and abs(fft(y)).

II.

1. Type load(’splat’);. This loads in an audio signal sampled at 8192 samples per

second (or Fs = 8192 Hertz). By default the signal is loaded into a vector y in MAT-

LAB, while the sampling rate is loaded into a variable Fs. Execute the MATLAB

command whos to verify this.
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(a) Play the sampled signal with sound(y).

(b) Plot the sampled signal. Based on the size of y and sample rate of 8192 Hertz,

what is T , the length (in seconds) of the sampled sound?

(c) The audio signal was sampled at frequency 8192. We can mimic a lower sampling

rate 8192/m by taking every mth entry of the original vector y; this is called

downsampling. In particular, let’s try m = 2. Execute y2 = y(1:2:10001);.

The downsampled vector y2 is the same sound, but sampled at frequency 8192/2 =

4096 Hertz.

Play the downsampled y2 with sound(y2,4096). The second argument to the

sound command indicates the sound should be played back at the corresponding

rate (in Hertz).

(d) Comment: why does the whistling sound in the original audio signal fall steadily

in pitch, while the downsampled version seems to rise and fall?

You may visualize the difference of y and y2 by plotting their spectrograms with

256 point windowed FFT at 50% overlap:

figure(1); spectrogram(y,256,128,256,Fs);

figure(2); spectrogram(y2,256,128,256,Fs/2);
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