ECE 306L - TRANSITION TO DISCRETE - LAB 5
THE SPECTRUMS OF SAMPLED SIGNALS

SPRING 2007 FELZER/KANG

OBJECTIVE
The objective of thislab isto see how fast signals must be sampled to avoid aliasing.

PRELAB

1.

2.

o g A&

9.

What is the sampling frequency f, when the time between samplesis T, =0.1msec

What isthe time T between samples when the sampling frequency is f, =2~ 10" samples/sec
How does increasing the sampling frequency f, affect the sampletime T,

What does the Sampling Theorem say

What isaliasing

How fast do we need to sample the following signals to avoid aliasing
a X (t) = cos(2p3000t)
b. x,(t) = cos(2p3000t) + 2cos(2p4000t)

How fast do we have to sample x(t) with the following double-sided spectral plot to avoid
diasing
Xk
| | | | f (KHz
-4 2 | 2 4 (KH2)
Given apulsetrain asfollows
X(t)
: ;  t(msex)
—4 -1 1 4

a. Why can x(t) never be sampled fast enough to completely eliminate aliasing
b. How fast would you sample x(t) in the real world. Why

Use Matlab to verify that the first five samples of the following two signals are equal
x, () =5c0s(2pft)  x,(t) = 5cog2p(f + f)t)
when f =2000Hz and f, =5000 samples/sec. Put the resultsin aMatlab Table

10. Show that the two signalsin Problem (9) asfollows will always have the same samples
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x,(t) =5c0s(2pft)  x,(t) = 5cog(2p(f + f)t)
[llustrate with a Matlab graph of the two functions. Draw dots at the sample times

11. Inareal digital signal processing system asfollows

X(t) Xsn (1) X{n] yinl
—> [ SAMPLE/HOLD |3 | ADC 3| DSP 3

(1) The sample-and-hold convertsthe continuous signal x(t) toasignal x,, (t) like
the following

XDAC(t)

— | —

(2) The ADC convertsthe X, , (t) signal to abinary signal x[n]

(3) Thedigital signal processor DSP processes X[ n] to produce y[n]
a. What isthe purpose of the sample-and-hold
b. Sketch xg,, (t) for x,(t) =5cos(2p1000t) with f, =7000 samples/sec
c. UseMatlab to graph X, , (t) in part (b)
d. UseMatlab to graph xg,,,(t) %, (t) = 5co2p(1000+ f )t)
e. Verify that your graphsin parts (c) and (d) are the same

12. Use Simulink to obtain agraph of X, (t) for x,(t) =5cos(2p1000t) in Problem (11)

13. Make use of the fact that the two-sided spectrum of asinusoid x(t) = Acos(2pf,t) sampled at
f, samples/sec has spectral lines at the frequencies

(f- 1), x(f+1f), £@2F-f), £2f+1),

+f

X!

with values as follows
Ssne(T), Zsine((f,- L)), Jsine((f, + £)T),

to sketch the double-sided spectral plots of X, (t) of x(t) =5cos(2p1000t) at the sampling
frequencies

a f,=3000 samples/sec

b. f,=5000 samples/sec

c. f,=10,000 samples/sec

d. Then describe what's happening to the spectrums as the sampling frequency increases

14. The objective of this problem isto make use of the spectrums calculated in Problem (13) to see
how varying the sampling frequency affects the amplitude of areconstructed sinusoid at the

output of anideal lowpass filter with cutoff frequency f, = f./2 asfollows
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X(t) Xs/n (1) y(t)
—3 | SAMPLEHOLD | —3» | LOWPASS |3

In particular find and sketch y(t) for each of the following sampling frequencies when
X(t) =5c0s(2p1000t) just like it was in the previous problem
a f,=10,000 samples/sec
b. f,=5000 samples/sec
c. f,=3000 samples/sec
d. How d_c:j& decreasing the sampling frequency affect the amplitude of the reconstructed
sinusoi
e. How does decreasing the sampling frequency affect the ability of area low passfilter to
just pass the sinusoid at the frequency f,

LAB

1. Obtain screen captures of X, (t) at the output of your LF398N sample/hold circuit when it's
sampling x(t) = 5cos(2p1000t) at the sampling frequencies
a f,=3000 samples/sec
b. f,=5000 samples/sec
c. f,=10,000 samples/sec

2. Obtain screen captures of the spectral plots of your sampled signalsin Problem (1). Measure
the frequencies and amplitudes of the spectral lines. Put your resultsin aTable

3. Build alowpass filter with cutoff frequency f, = f./2 to recover x(t) when f, =10,000
samples/sec. Save a screen capture

4. Use Simulink to sample and recover x(t) =5cos(2p1000t) for the following sampling
frequencies with a circuit as follows

Zero-Order > Scope

Sinusoid ———— Hold > LPFilter —>»—

Use a 2nd order lowpass Butterworth filter from the Communications Block with a cutoff
frequency of f, =0.5f_Hz. Notethat aline can be connected to an existing line by pressing the
control key as you drag with the mouse

a f,=3000 samples/sec
b. f,=5000 samples/sec
c. f,=10,000 samples/sec
5. Use Simulink to "recover" x(t) =5cos(2p2000t) from its samples when

f, =3000 samples/sec. Again use a2nd order lowpass Butterworth filter from the
Communications Block with a cutoff frequency of f. =0.5f, Hz. What happened



POSTLAB
1. Describe how you got your sample/hold chip working

2. Use Matlab to draw double-sided spectral plots of the spectrums you measured in the lab

3. Compare the measured and calculated spectrums of your sinusoids after they pass through the
sample/hold

4. Use frequency domain arguments to explain why the smaller we make the sampling frequency
f, the higher we must make the order of the lowpass filter we need to recover the sampled
sinusoid. Illustrate with drawings of the spectrums



