DIGITAL SGNAL PROCESSINGLABORATORY
Assignment 3

1. Sampling

Digital signals can be obtained by sampling analog signals. Ideal sampling is performed by a
device called a continuous to discrete time (C/D) converter. Sampling an electrical signal such as a
current or voltage is often accomplished by a device called an analog to digital (A/D) converter.
Ideal sampling of an analog signal is the act of evaluating an analog signal at a discrete set of times
called sample times. Sampling an analog sigftptan be mathematically represented by

X[n] = Xa(O} =y = Xa(NT) -0 <N <o,
wherex[n] is the discrete time signal acquired by sampling the analog sig(@J,andT is the
sampling periodlefined as the period of time between sampless. usually constant. The recipro-

cal of the sampling period is defined as shenpling frequencgr thesampling rateand is denoted
asfg. If Tis expressed in seconds per sample, fifisnexpresses in samples per second or Hz.

a) Consider the following bandlimited analog signals which have the following frequency spec-

trums
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whereQ. = 300t rad/sed] f.=150 Hz. Using the inverse continuous time Fourier trans-
form,

1 ° . i0
=5 | X, (e’ dq,
Q=-00

determinem_(t) and show that
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1-cos(Qt)

t)=
Sa(t) .

b) UsingMATLAB, samplemy(t) ands () for -1<t< 1 at the following sampling rates

) fg=Nyquist rate
if) fg=900 Hz
iif) fg=200 Hz

Using the built in Matlab functiofreqz(m, 1, 512) andreqz(s, 1, 512) calculate and plot the
frequency spectrum af(n) ands(n) acquired in parts i), ii) and iii). Comment on your plots.

2. Sampling Rate Conversion

Systems that process signals at multiple sampling rates aremalteédte systemsThe pro-
cess of digitally converting the sampling rate of a signal to a different sampling rate isaailed
pling rate conversion Sampling rate conversion is performed using systems chdt@ohatorsand
interpolators

Figure 1 shows a system called a decimator which reduces the sampling rate of a signal by an
integer factor oM. As shown in Figure 1, a decimator consists of a cascade of a lowpass filter and
a compressor (or downsampler). If the sigqllg{ln] is the input to the compressor, then the output,

x4ln], will be a sampled version oxfp[n] such that
Xd[n] = xp[nM] -0 <N<oo,,

A decimator reduces the number of samples in the sequence by a fadtobE usage of the
termdecimatoris not consistent throughout literature. The tdeunimatoris often used to refer to
the compressar In this assignment, the teraecimatoy will be used to refer to the combination of
filtering and downsampling.

a) Consider the signals sampled in exercise 1, section b) part ii). Design a decimator that will
reduce the sampling rate to the Nyquist rate. UMagLAB, implement this system, and plot

the frequency spectra of the decimated signals. (Note: Becgulsands[n] are bandlimited,

a lowpass filter is not necessary for this problem. However if you choose to add a filter to this
problem, use youfIRdesign function to build a FIR filter of lengtN where N> 51. Then use

any of your convolution functions to filter the signal.)

Lowpass Filter Compressor

X{n] 1 Xl X4l
—» H pE®) —p I M I —

Figure 1. A decimator which reduces the sampling rate ¢
signalx[n] by an integer factor df.

Figure 2 shows a system called an interpolator that digitally increases the sampling rate (inter-
polating) of a signal by an integer factorlof This system increases the sampling rate by interpo-
latingL-1 samples between each pair of samples in the sifmjalAs shown in Figure 2, an inter-
polator consists of a cascade of an expander (or upsampler) and a lowpass filter. If tixgngignal
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the input to the expander, then the outgytn], will be x[n] with L-1 zeroes inserted between each

pai

An

r of samples of[n] such that
X[n/L] n=0,+L,+2L,+3L---

XNl = Ep otherwise

interpolator increases the number of samples in the sequence by a factdrhef usage of the

terminterpolatoris not consistent throughout literature. The tertarpolatoris often used to refer
to theexpander In this assignment, the termterpolator, will be used to refer to the combination
of upsampling and filtering.

b) Consider the signals sampled in exercise 1, section b) and part i). Design an interpolator
that will increase the sampling rate to 900 Hz. Using Matlab, implement this system and plot
the frequency spectra of the interpolated signals. (UseRi®daesignfunction to build a FIR

filter of lengthN whereN = 51. Then use any of your convolution functions to filter the signal.)

Expander Lowpass Filter

x(n] [Nl . x[n]
—» 1L | —— 3 HE) | —

Figure 2. An interpolator which increases the samplin
rate of the signalt[n] by an integer factor df.

The frequency division multiplexing (FDM) digital communication system shown in Figure 3

can transmit several digital signals simultaneously over a single channel by transmitting each signal
over a finite bandwidth of frequencies. Each message sigiia], m,[n], ..., m[n] is upsampled

and then filtered to fit in its assigned frequency band. The interpolated signals are added together
and then transmitted across a single channel. At the receiver, the incoming signal is filtered so that
unwanted signals are suppressed and the desired signal is passed. The filtered channel signal is then
downsampled to recover the desired message signal.

c) Consider the signals sampled in exercise 1, section b) and part i). Design and implement an
interpolator that will bandlimitm(n) to the frequenciesy| <1/3 and bandlimis(n) to the fre-
quenciest3 < | <1. Add the two interpolated signals together and plot the resulting fre-

qguency spectrum. Design and implement a decimator that will rengreandgn) at the
original sampling rates. Plot the resulting frequency spectrums.

m,[n] m,[n]

m

K] -

Transmission o R

: : Channel . .

Figure 3. A frequency division multiplexing (FDM) digital communication system implemented

with interpolators and decimators.
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3. Changing the Sampling Rate by a Noninteger Factor

Sample the signal,(t) = cos(Qt) at 400 Hz for Gt < 0.25 whereQ , = 401t. Usingstem,

plot x(n]. Design and implement a multirate system that will digitally change the sampling rate to
300 Hz. Usingstem, plot the resulting signal.
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