Ch4 Digital Processing of Continuous-Time Signals
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Show that if the spectrum G, (jQ) of g, (t) (Band-limited to Q) also contained an
impulse atQ_, the sampling rate QQ; must be greater than2€)  to recover fully

g,(t) from the sampled version.

The Nyquist frequency of a continuous-time signal ga(t) isCQ) . Determine the Nyquist
frequency of each of the following continuous-time signals derived from g, (t):

a) Y (1)=9.(1);

b) Y,(1)=9,(30);

9 yv,(0=] g,(t-7)g,(x)r;

dg, (t)
d) )y =—"+b%—~-.
AW ™
(Optional) A finite-energy continuous-time signal @, (t) is sampled at a rate satisfying

the Nyquist condition, generating a discrete-time sequence g[N]. Develop the relation

between the total energy &

5.y Of the continuous-time signal g,(t) and the total

energy &, of the discrete-time signal g[n].

A continuous-time signal X, (t) is composed of a linear combination of sinusoidal

signals of frequencies 300Hz, 500Hz, 1.2 kHz, 2.15 kHz and 3.5 kHz. The signal Xa(t) is

sampled at a 2.0-kHz rate, and the sampled sequence is passed through an ideal
lowpass filter with a cutoff frequency of 900Hz, generating a continuous-time signal

Y, () . What are the frequency components present in the reconstructed signal y, (t) .

The continuous-time signal

X, (t) = 4sin(207t) — 5 cos(247t) + 3sin(120xt) + 2 cos(1 76 t)



4.6

4.7

is sampled at a 50 Hz rate, generating the sequence X[N]. Determine the exact

expression of X[Nn].

Consider the system of Fig.1, where the input continuous-time signal X (t) has a

band-limited spectrum X, (JQ), as sketched in Fig.2(a), and is being sampled at the
Nyquist rate. The discrete-time processor is an ideal lowpass filter with a frequency
responseH(ej’”), as shown in Fig.2(b), and has a cutoff frequencyw,=Q T/3,
where T is the sampling period. Sketch as accurately as possible the spectrum of

Y, (JQ) of the output continuous-time signal Y, (t).
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A continuous-time signal X, (t) has a band-limited spectrum X, (JQ), as indicated in
Fig.3. Determine the smallest frequency F; that can be employed to sample X,(t) so
that it can be recovered from its sampled version X[N] for each of the following sets of
values of the banedges €2 and(2,. Sketch the Fourier transform of the sampled
version X[N] obtained by sampling X,(t) at the smallest sampling rate F; and the

frequency response of the ideal reconstruction filter needed to fully recover X,(t) for



each case.

a) Q =100z, Q,=1507;
b) Q =160z, Q,=2507;

o Q =110z, Q,=180x;
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4.8 Anideal lowpass filter is given as below:
T, [9<Q,

Hr(JQ)={O, >0,

The impulse response h, (t) is derived as:

1 = . i T o
h®)=—/| H, (jQe"de=—/|"e™dQ
(O=—] H.(iQe =N
:M —wo<t<o

Qt/2°

Show that h, (t) takes the value h.(nT)=4J[n] for all n if the cutoff frequency

Q. =Q; /2,where Q. isthe sampling frequency.

® (Optional) An alternative to the zero-order hold circuit used for signal reconstruction at

the output of a D/A converter is the first-order hold circuit, which approximates Y, (t)

according to the following relation:

Y ®=y,(nT)+ yp(nT)‘%’P("T “DonT), nT<t<(n+NDT

As indicated by the above equation, the first-order hold circuit approximates Y, (t) by

straight-line segments. The slope of the segment between t=nT andt=(N+DT is



determined from the valuesy, (nT) andy,(nT —T). Determine the impulse response

h, (t) and the frequency response H, ( Q) of the first-order hold circuit, and compare its

performance with that of the zero-order circuit.

[ ) (Optional) A more improved signal reconstruction at the output of a D/A converter is

provided by a linear interpolation circuit, which approximates y,(t) by connecting

successive sample points of yp(t) with straight-line segments. The input-output relation of
this circuit is given by

Y, =y, (7 -7 2D )
f b

= (t-nT), NT<t<(n+DT

Determine the impulse response h, (t) and the frequency response H, ( jQ) of the linear

interpolation circuit, and compare its performance with that of the first-order circuit.



