Signals And Systems
HW#8
Solutions

4.4-3
Fiylw) = sing| o) and  Falw) =1

Figure S4.4-3 shows Fi(w), Fa{w). Hilw) and Hy{w). Now
Yilwh = Frlwidlilw}
Yolw) = Falw)dalw)

The spectra Y1{w) and Ya{w) are also shown in Fig, 54.4-3. Because yit) = g {t)yz(e], the frequency mnvc_:lut.im
property yields ¥{w) = Vi{w) = ¥2iw), From the width preperly of convelution, it fellows that the bandwidth of

¥lw) s the sum of bandwidths of ¥y{w) and ¥z(w). Becausa the bandwidths of Yi(w) and Ya(w} are 10 kHz, 5
kHz, respectively, the bandwidth of ¥ iw) i= 15 kHa.
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Fig. $4.4-3



4.5-1
: .
Hiw) = ™5 pmi=t

Using pair 22 {Table 4.1) and thne-shifting property, we get

1 e 2
hit) = e (10088
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Figure 54.5-1

This 15 noncausal. Hence the fiter is unrealizahle. Alsas
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Hence the filter is noncausal and therefore unrealizable. Since hif) is 4 Gaussian function delaved by ty, it looks

as shown in the adjacent figure. Choosing ty = 32k, A0} = %% = 0,011 or 1.1% of its peak value.

o= 3v2E is a reasonable choice 1o make the flter approximately realizable,

4.6-2 Consider a signal
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5.1-2 (a)
sinc (1001} == 0.014( z2=)

The bandwidth of this signel is 200 = rad/s or 1080 Hz. The Nyquist rate is 200 Hz (samples/sac)
(b} The Nyquist rate is 200 He. the same as in (&), becauss multiplication of a signal by a constant does not
change its bandwidth,
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The bandwidth of rect| -} is 50 Hz and that of A{Z5 ) is 680 Hz. The bandwidth of the sum is the higher of

Taun
the two, that =, 60 Hz. The Nvguist sampling rate is 120 Hz.

{d}

sinef 50wt} == 0.02 rect| =)
sine{ 100wt} <=2 0.01 rect | zf#=1)

The two signals have bandwidths 25 Hz and 50 He respectively. The spectrum of the product of two signals is
1/%r times the convolution of their spectra. From width property of the convolution, the width of the convoluted
signal is the sum of the widths of the signals convolved. Therefore, the bandwidth of sine(80wt)sinci 100m) i
25 4 50 = 73 Hz. The Nyquist rate is 150 Haz.



5.1-3

The spectrum of F({#) = sine{2007E) is Fiw)

= 0.005 recti g ). The bandwidth of this signal is 100 Hz (200

rad/s). Conzeguently, the Myguist rate is 200 Hz, that is, we must sample the signal at & rate no less than 200

samples fsecond.

Recall that the sampled signal spectrum consists of (1/T)F{w) = 2522 rect( g2) repeating periodically with
period equal te the sampling frequency JF., Hz. We present this information in the following Table for three sampling
rates: F, = 150 Hz (undersampling), 200 Hz {Nvguist rate), and 300 Hz (oversampling).

sampling frequency F, | sampling interval T :}nFE-_u} m}m
150 Hz 0.006667 0.75rect (=) | Undersampling |
0 Hz 0.005 rect [ﬁ} | Nyquist Rate |
300 Hz 0003334 1.5 rect {;h} | Oversampling |

The spectra of Flw) for the three cases are shown in Fig. $5.1-3. In the first case, we cannot tecover f(f)
from the sampled signal because of overlapping cycles, which makes it impossible to identify F{w) from the

corresponding F(w). In the second and the third case, the wpeating spectra do not overlap, and it is possible to

recover Fiw) from Flw) using a lowpass filter of bandwidth 100 Hz. In the last case the spectrum Fiw) = 0 over
the band betwesn 100 and 200 Hz. Hence to recover Fiw), we may use a practical lowpass filter with gradual

entofl between 100 and 200 Hz. The output in t.he mnd case is f(t), and in the third case is 1.537{t). The
output spectra in the three cases are shown in Fig. 8
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5.1-8 The signal f{t) = sinc{200xt) is sampled by a rectangulzr pulse sequence pr{t) whose period is 4 ms so that the
fundamental frequency (which is also the sampling frequency) is 250 Hz. Hence, w, = 300x. The Fourier series
for pr{t} is given by

prit) = Co + ch 08 iy

n=1

Use of Eqs. (3.66) yields Cg = é, Cn = 2 gin {%}, that is,

fif

Cp=0.2, & =0374, Cx=0303, O3=02302, C;=0003 C5=0---
Consequently
Fit) = fFiehpr(t) = 0.2 f{t) + 0.374f(t) cos 500wt + 0.302 f(¢) cos 1000=t + 0.202 £(¢) cos 1500w + -

and

Flw) =0.2 Flw) + 0187 [Fw - 500r) + Flw 4+ 5002)]
+ 0151 [F(w — 10007 + Fw + 1000x)]
+ 0101 [Flw — 15007) + Fiw + 15007)] - .-

In the present case F{w) = 0.005 rect{ F=). The spectrum Flw) is shown in Fig. $5.1-6. Ohserve that the
spectrum consists of F{w) repeating periodically at ths interval of 500~ rad/s (230 Hz). Hence, there ia no
overlap hetween cycles, and Flw) can be recoverad by using an idesl lowpass flter of bandwidth 100 Hz. An
ideal lowpass filter of unit gain (and bandwidth 100 Hz) will allow the first term on the he right-side of the
abowve equation to pass fully and suppress all the other terms. Hence the cutput yit) is

wt) =02 ft)

Because the spectrum Flw) has a zero value in the band from 100 to 150 Hz, we can use an ideal lowpass flter
of bandwidth B Hez where 100 < & < 150, But if B = 130 Hz. the filter will pick up the unwanted spectral
components from the next eyele, and the output wil! be distorted.
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Figure 55.1-8



