
Problem session, week 13

9.4 (Revised)T This exercise discussesamplitude modulation or AM . AM is
a technique that is used to convert low frequency signals into high frequency
signals for transmission over a radio channel. Conversion of the high fre-
quency signal back to a low frequency signal is calleddemodulation. The
system structure is depicted in figure1. The transmission medium (air, for
radio signals) is approximated here as a medium that passes the signaly un-
altered. Suppose your AM radio station is allowed to transmit signals at a
carrier frequency of 740 kHz (this is the frequency of KCBS in San Fran-
cisco). Suppose you want to send the audio signalx : Reals! Reals: The
AM signal that you would transmit is given by, for allt 2 Reals,

y(t) = x(t) cos(!ct);

where!c = 2�� 740; 000 is thecarrier frequency (in radians per second).
SupposeX(!) is the Fourier transform of an audio signal with magnitude as
shown in figure2.

(a) What is the Fourier transformY of y in terms ofX?

(b) Carefully sketchjY (!)j and note the important magnitudes and fre-
quencies on your sketch.
Note that ifX(!) = 0 for j!j > 2� � 10; 000, thenY (!) = 0 for
jj!j � j!cjj > 2� � 10; 000. In words, if the signalx being modu-
lated is bandlimited to less than 10 kHz, then the modulated signal is
bandlimited to frequencies that are withing 10 kHz of the carrier fre-
quency. Thus, an AM radio station only needs to occupy 20 kHz of the
radio spectrum in order to transmit audio signals up to 10 kHz.
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Figure 1: AM transmission. In the figure, attenuation and noise in the transmission
medium are neglected, so the received signal is the same as the transmitted signal,
y.
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(c) At the receiver, the problem is to recover the audio signalx from y.
One way is to demodulate by multiplyingy by a sinewave at the carrier
frequency to obtain the signalw, where

w(t) = y(t) cos(!ct):

What is the Fourier transformW of w in terms ofX? SketchjW (!)j
and note the important magnitudes and frequencies.

(d) After performing the demodulation of part (c), an AM receiver will fil-
ter the received signal through a low-pass filter with frequency response
H(!) such thatH(!) = 1 for j!j � 2� � 10; 000 andjH(!)j = 0 for
j!j > 2� � 20; 000. Let z be the filtered signal, as shown in figure1.
What is the Fourier transformZ of z? What is the relationship between
z andx?

Solution

(a) Write

y(t) = x(t)cos(!ct)

= (x(t)=2)ei!ct + (x(t)=2)e�i!ct:

Thus,
Y (!) = X(! � !c)=2 +X(! + !c)=2:

(b) The original Fourier transform is shifted up and down by!c and scaled
by half, as shown below:

|X(ω)|

ω

2π10,000

α

−2π10,000 0

Figure 2: Magnitude of the Fourier transform of an example audio signal.
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|Y(ω)|

ω

ωc+ 2π10,000

α

0 ωc− 2π10,000 ωc−ωc+ 2π10,000−ωc− 2π10,000 −ωc

α/2

(c) Note that

w(t) = y(t)cos(!ct)

= (y(t)=2)ei!ct + (y(t)=2)e�i!ct:

Thus,
W (!) = Y (! � !c)=2 + Y (! + !c)=2:

UsingY from part (a),

W (!) = (X(! � 2!c)=2 +X(!) +X(! + 2!c)=2)=2:

This is sketched below:

|Y(ω)|

ω

2ωc+ 2π10,000

α

0
2ωc− 2π10,000

2ωc−2ωc+ 2π10,000−2ωc− 2π10,000
−2ωc

α/2

(d) The lowpass filter will eliminate all but the center portion of the figure
above, so

Z(!) = X(!)=2

or
z(t) = x(t)=2:

The original audio signal is recovered, albeit attenuated by a factor of
2.
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