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MATLAB Problems

Note that the MATLAB functions zplane, roots, poly, residuez, and freqz are especially useful
in dealing with some of the issues addressed in this weeks problem set. Look over the help files for
these MATLAB functions as they will be very useful in the weeks to come.

Problem C3.1:
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(a) 1. The locations of poles of H(z) become locations of zeros of its inverse system. The

locations of zeros of H(z) become locations of poles of its inverse system. Thus in

order for the inverse system to also be causal and stable, H(z)’s zeros and poles

should all be inside the unit circle.

2.

xe[n] = x[n] + ↵x[n�N ]

Xe(z) = X(z) + ↵z
�N

X(z), by time shift

= (1 + ↵z
�N

)X(z)

Xe(z)

X(z)
= 1 + ↵z

�N

H(z) = 1 + ↵z
�N

3. HI(z) =
1

H(z) =
1

1+↵z�N

4. HI(z) =
Xr(Z)
Xe(Z)

Xr(Z)(1 + ↵z
�N

) = Xe(Z)

Xr(Z) + ↵X(Z)z
�N

= Xe(Z)

,
xr[n] + ↵xr[n�N ] = xe[n], by linearity and time shift

xr[n] = xe[n]� ↵xr[n�N ]

5. See Matlab code

6. xr[n] sounds nearly identical to x[n], and almost no echo can be heard in xr[n].

(b) 1. As given in the code, N = 640 samples. In the autocorrelation plot, the horizontal

axis indicates the amount of delay between the two identical signals. So unsur-

prisingly, the autocorrelation has a peak at the origin (since delay between two

signals is 0). And observe that autocorrelation has smaller peaks at N = ±640.

This is due to correlation from the ↵x[n�N ] term.

2. In the autocorrelation plot, the smaller peaks at N = 640 is about
2
5 as high as

the highest peak at the origin. So estimate ↵ = 0.4.

3. xr2 [n] sounds nearly identical to x[n], and almost no echo can be heard in xr2 [n].

4. This approach will not work reliably if N becomes too large or becomes too small..
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[x,fs] = audioread('h3_extras/welcome16.wav');
% set and echo amplitude parameters
alpha = .4;
N = round(.04*fs); % number of samples in .04 seconds
h = [1 zeros([1,N-1]) alpha]; % effective unit sample response of echo
 "filter"
xe = conv(x,h);

% play xe[n]
soundsc(xe,fs);
pause(2);

% play xr[n] and compare with xe[n]
hi = [1 zeros(1,N-1) alpha];
xr=filter([1 zeros(1,N-1)],hi,xe);
soundsc(xr,fs);
pause(2);

% play x[n] and compare with xr[n] and xe[n]
soundsc(x,fs);
pause(2);
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%initialize xe2[n]
[xe2,fs]=audioread('h3_extras/xe2.wav');

%plot autocorrelation and set N and alpha
[c,lags] = xcorr(xe2,xe2,length(xe2));
N=480;
alpha=0.4429652346;
stem(lags,c),xlabel('m'),ylabel('\phi_{xx}[m]'),title('Autocorrelation
 vs. Delay');figure

%set hr[n] and xr2[n]
hr = [1 zeros(1,N-1) alpha];
xr2=filter([1 zeros(1,N-1)],hr,xe2);
audiowrite('xr2.wav',xr2,fs);

% play xe2[n]
soundsc(xe2,fs);
pause(2);

%play xr2[n] and compare with xe2[n]
soundsc(xr2,fs);

%play x[n] and compare with xr2[n], xe2[n]
[x,fs]=audioread('h3_extras/welcome16.wav');
pause(2);
soundsc(x,fs);
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Solutions to 18-491/692 Problem C3.1
written over the years by the DSP TAs

clear;
close all;

[x, fs] = audioread("welcome16.wav");
xe = audioread("xe.wav");
xe2 = audioread("xe2.wav");

Part (a)
N = round(.04*fs);
alpha = 0.4;
h = [1; zeros(N-1,1); alpha];
xr = filter(1, h, xe); % Convolve with inverse filter to 'undo' echo

% Play audio to evaluate performance of this inverse filtering method
        soundsc(x, fs);
        pause;
        soundsc(xe, fs);
        pause;
        soundsc(xr, fs);
        pause;

Part (b), sections 1 and 2
[c, lags] = xcorr(x, 1000, 'normalized');
c1 = xcorr(xe, 1000, 'normalized');
figure;
subplot(211);
stem(lags, c);
title('\phi_{xx}[n] for 1000 Lags of x[n]');
xlabel('n (lags)');
ylabel('\phi_{xx}[n]');

subplot(212);
stem(lags, c1);
title('\phi_{xx}[n] for 1000 Lags of x_e[n]');
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xlabel('n (lags)');
ylabel('\phi_{xx}[n]');

Part (b), sections 3 and 4
c2 = xcorr(xe2, 1000, 'normalized');
figure;
stem(lags, c2);
title('\phi_{xx}[n] for 1000 Lags of x[n]');
xlabel('n (lags)');
ylabel('\phi_{xx}[n]');

[n, x_corr_trunc, lags_trunc] = zero_crossing(c2);
c2_sorted = sortrows([x_corr_trunc, lags_trunc], 'descend');
alpha_est = c2_sorted(1,1);
N_est = c2_sorted(1,2);
h_est = [1; zeros(N_est-1,1); alpha_est];
xr2 = filter(1, h_est, xe2); soundsc(xr2, fs);
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Helper functions
function [n, x_corr_trunc, lags_trunc] = zero_crossing(x_corr)
% This function trunctates the negative half and positive main lobe main
% lobe of the autocorrelation function of x. We can truncate the negative
% half because the autocorrelation function is even, and we truncated the
% positive main lobe because we only want to consider secondary promienent
% peaks which we assume are located far from n = 0.

L = length(x_corr);
x_len = (L-1)/2+1;
half_corr = x_corr(x_len:end);

n = 1;
while half_corr(n) > 0
    n = n+1;
end

x_corr_trunc = half_corr(n:end);
lags_trunc = (n:x_len)'-1;

end
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