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 The exam is scheduled to last 50 minutes. 

 Open books and open notes.  You may refer to your homework assignments and the 

homework solution sets. 

 Calculators are allowed. 

 You may use any standalone computer system, i.e. one that is not connected to a 

network.  Please disable all wireless connections on your computer system(s). 

 Please turn off all cell phones. 

 No headphones allowed. 

 All work should be performed on the quiz itself.  If more space is needed, then use 

the backs of the pages. 

 Fully justify your answers.  If you decide to quote text from a source, please give 

the quote, page number and source citation. 

 

 

 

 

Problem Point Value Your score Topic 

1 28  Discrete-Time Filter Analysis 

2 24  Discrete-Time Filter Design 

3 24  Audio Effects System 

4 24  Potpourri 

Total 100   

 

 





Problem 1.1 Al-Alaoui Differentiator (more information) 

Using the following Matlab code, 

C = 3/7; 

feedforwardCoeffs = C*[1 -1]; 

feedbackCoeffs= [1 (1/7)]; 

[H, w] = freqz(feedforwardCoeffs, feedbackCoeffs); 

figure(1); plot(w, abs(H)); 

figure(2); plot(w, angle(H)); 

 

       Magnitude Response (Linear Scale)                  Phase Response (Radians) 

The Al-Alaoui Differentiator was first reported in the following article: 

M. A. Al-Alaoui, “Novel Digital Integrator and Differentiator”, IEE Electronic Letters, vol. 29, no. 4, 

Feb. 18, 1993. 

Here are the magnitude and phase plots for the traditional differentiator: 

C = 1/2; 

feedforwardCoeffs = C*[1 -1]; 

 [H, w] = freqz(feedforwardCoeffs); 

figure(1); plot(w, abs(H)); 

figure(2); plot(w, angle(H)); 

 

         Magnitude Response (Linear Scale)                      Phase Response (Radians) 







1.3 Audio Effects System 

Here is the Matlab code to test the solution in part (a) for an input of a sinusoid at 440 Hz: 

f0 = 440; 

fs = 44100; 

Ts = 1 / fs; 

time = 1; 

n = 1 : time*fs; 

w0 = 2*pi*f0/fs; 

x = cos(w0*n); 

v = x + x.^4; 

y = filter( [1 -1], [1 -0.95], v); 

plotspec(y, Ts); 

 
The frequencies at f0, 2 f0 and 4 f0 are visible in the spectrum (bottom plot above). 

One can playback the audio signal without and with DC removal.  The Matlab command sound assumes 

that the vector of samples to be played is in the range of [-1, 1] inclusive. 

sound(v, fs);                %%% without DC removal 

sound(y, fs);                %%% with DC removal 

To avoid clipping of amplitude values outside of the range [-1, 1], try 

sound(v / max(abs(v)), fs);                %%% without DC removal 

sound(y / max(abs(y)), fs);                %%% with DC removal 

To hear the effect of DC offset, try 

sound(v + 10, fs); 




