
ECE 44000 (Fall 2022)

HW 3 (Probs. 10–13)

Due: 9/21/2022

Problem 10: Z&T 6th Ed., Problem 3.13 (7th Ed., Problem 3.14).

Problem 11: Z&T 7th Ed., Computer Exercises 3.2 (page 155).

Problem 12: A voice signal occupying the frequency band 0.3 – 3.4 kHz is to be SSB modulated

onto a carrier wave of frequency 11.6 MHz. Assume the availability of bandpass filters which provide

an attenuation of 50 dB in a transition band that is one percent of the mid-band frequency. Design

a system to generate this SSB wave using the frequency discrimination method.

Problem 13: [Fall 2007 Exam 1] In the modulator shown below, the message waveform m(t) and a

sinusoid at the intended carrier frequency fc are added to produce y(t) = m(t) + cos(2⇡fct), which

is then passed through a memoryless non-linearity described by z(t) = 5y(t) + y
2
(t).



(a) Assume that m(t) is real and even with the Fourier transform M(f) shown. Find and carefully

sketch Z(f). Assume that W ⌧ fc.

(b) Choose (and sketch) a filter frequency response H(f) such that w(t) is an AM large carrier

wave at carrier frequency fc. Write down the resulting time-domain waveform w(t).

(c) Consider the AM-LC wave w(t) found in (b). Find a value of K such that if

max
t

|m(t)| < K

then w(t) will not be overmodulated (i.e., such that m(t) could be recovered from w(t) using

an envelope detector).

(d) For the spectrum M(f) given in part (a) find the inverse transform m(t) and sketch it. This

part can be solved independently of the rest of the problem.

(e) From the sketch of (d) and the solution to (c) what bound should we place on the product

AW to be certain there is no overmodulation?
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Solution to Z&T Computer Exercise 3.2 page 208
We use the phase shift modulator approach where

and

 is the Hilbert transform of 

the plus sign is used for lower sideband SSB

the minus sign is used for upper sideband SSB
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Design an FIR Hilbert transform filter

Use Matlab command firpm, which implements the Parks-McClellan algorithm for creating
linear phase equi-ripple FIR filters. Note that linear phase filters of the Hilbert type have the
following symmetry in the filter taps (here using standard, i.e., non-Matlab indexing

h(k) = -h(N-k) for k = 0, 1, 2, ..., N

For the case N even it will turn out that h(N/2) = 0 and the DTFT will be of the form

This explains the step taken below to undo the linear part of the phase variation.

f = [0.02 0.98];                %Vector of frequencies to spec mag resp.
a = [1 1];                      %Vector of amplitude constraints.
N = 128;                        %Order of FIR filter. Length will be $N+1$
h = firpm(N,f,a,'hilbert');

[H,w] = freqz(h,1,1024);        %Evaluates frequency response of filter.

figure(1)
subplot(2,1,1)
plot(w/(2*pi),abs(H));
xlabel('Normalized discrete-time frequency')
ylabel('Magnitude')
title('Magnitude response of approximate Hilbert transformer')
grid

subplot(2,1,2)
plot(w/(2*pi),angle(H));
xlabel('Normalized discrete-time frequency')
ylabel('Phase in radians')
title('Phase response of approximate Hilbert transformer')
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grid

hold
plot(w/(2*pi),angle(H .* exp(j*(N/2)*w)),'k');  %Remove linear part of
                                                %phase so we can see
                                                %desired phase of the
                                                %Hilbert transformer,
                                                %which should equal -90
                                                %degrees.

Current plot held

Create the message waveform and filter it to get its Hilbert transform

Different message waveforms could be substituted for that given here. Since the Hilbert
transformer output contains a delay of N/2 samples, we must delay m(t) in order to properly
line it up with mhat(t).

Fm = 500;
Fs = 32*Fm;                                 %Oversampling factor is larger
                                            %than it needs to be in order
                                            %to make smoother looking
                                            %plots
T = 1;
t = 0:1/Fs:T-1/Fs;
m = 2*cos(2*pi*Fm*t) + cos(2*pi*2*Fm*t);    %The message specified by the
                                            %problem statement

figure(2)
subplot(3,1,1); plot(t,m,'r')
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set(gca,'xlim',[0 0.05],'ylim',[-3.2 3.2])
title('m(t)')

mhat = filter(h,1,m);                       %Hilbert transform of message
subplot(3,1,2); plot(t,mhat,'k')
set(gca,'xlim',[0 0.05],'ylim',[-3.2 3.2])
title('mhat(t)')

hdelay = [zeros(1,N/2) 1];

mdelay = filter(hdelay,1,m);                %Delayed message
subplot(3,1,3); plot(t,mdelay)
set(gca,'xlim',[0 0.05],'ylim',[-3.2 3.2])
title('mdelay(t)')

Create the SSB waves

"-" sign for upper sideband SSB, "+" sign for lower sideband SSB. Here we upsample the
message and message Hilbert transform in order to fit with higher sampling rate needed by
carrier

Fc = 2000;                                  %Carrier freq
Nup = floor(Fc/Fm);                         %Upsampling factor

%Signal processing toolbox command "interp" approximates ideal bandlimited
%interpolation
mdelay_up = interp(mdelay,Nup);
mhat_up = interp(mhat,Nup);

L = length(mhat_up);
t_up = 0:1/(Fs*Nup):T+1;
t_up = t_up(1:L);                           %Create new time sample vector
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t_up = t_up(1:L);                           %Create new time sample vector

Ac = 5;
xssb_upper = 0.5*Ac*(mdelay_up .* cos(2*pi*Fc*t_up)) - ...
    0.5*Ac*(mhat_up .* sin(2*pi*Fc*t_up));
xssb_lower = 0.5*Ac*(mdelay_up .* cos(2*pi*Fc*t_up)) + ...
    0.5*Ac*(mhat_up .* sin(2*pi*Fc*t_up));

Compute the envelopes

We do this by rectifying and then low pass filtering

f = [0 .008 .1 1];                          %Specification of LP filter
a = [1 1 0 0];
hlp = firpm(128,f,a);

xssb_upper_rect = abs(xssb_upper);          %Rectify
env_upper = filter(hlp,1,xssb_upper_rect);  %Low pass filter

xssb_lower_rect = abs(xssb_lower);          %Rectify
env_lower = filter(hlp,1,xssb_lower_rect);  %Low pass filter

figure(3)
subplot(2,1,1); plot(t_up,env_upper); set(gca,'xlim',[0 0.05]); grid
subplot(2,1,2); plot(t_up,env_lower); set(gca,'xlim',[0 0.05]); grid

Plot the spectra using function plotspec_dB

figure(4)
plotspec_dB(xssb_upper,1/(Nup*Fs))
title('Upper sideband SSB')
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set(gca,'xlim',[900 3100])
grid

figure(5)
plotspec_dB(xssb_lower,1/(Nup*Fs))
title('Lower sideband SSB')
set(gca,'xlim',[900 3100])
grid
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