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1.(a) Sincery(t) = z(—(t —1)) = x| (t — 1) with 2 (t) = z1(—t), so flip around origin
and shift result to the right (delay) by 1 unit.
(b) Delay (shift right) by 1 and change sign of range values.

(c) Indefinite integral: zero fot < —2, quadratic (concave upwards) over rang€ to 0
(z3(0) = 2), linear decrease ta;(1) = 1, then constants(t) = 1 fort > 1.

(d) Sifting property:z4(t) = §(t + 1)x(—1) = 6(¢t + 1), so just sketch an impulse.
(e) Generalised derivative is ordinary derivative (onlynzero slope is 1 over range2
to 0), with impulses of size3 att = 0 and 1 att = 1 to handle discontinuities.

2. (a) Impulse response is outpyt) when inputisc(t) = 4(¢), so must have

h(t) = /H 5(r)dr = u(t) — u(t — 1).

(b) Impulse responsk(t) is zero fort < 0 so system is causal.

(c) Overall impulse responsefs,(t) = h(t) * h(t), so get result by convolution (using
any method that is easy for the problem). Result is a triaaugolilse centered on
t = 1, total width 2, and height 1.

3. (a) Easiest to convolve 2tu(t) with u(t) using derivative property, then delay the result
by one time unit to get the answer.

(b) Sinceh(t) = 0 for ¢ < 0 the system is causal.

4. (a) Take the Fourier transform of the differential equatemd solve for the transfer



function to give
Y(w) 1

- X (w) T2 + jw
One approach is to find the impulse respohég and get the solution by convolution
with givenz(t). Alternatively findX (w) fromz(¢) and use the inverse transform of
Y(w) = H(w)X (w) (which will require partial fractions) to get
y(t) = e tu(t) — e 2u(t).

(b) Could proceed as with the previous case, but it's easidind /(¢) and then convolve
with u(¢) using the differentiation property to find outpy(t) = 5 (1 — e~ %) u(t).

5. (a) Firstfind the transform of; (t) = e~ ™l = e~ u(t) 4+ e~ (=Y u(—t), then use the
time shift property to give the required result.
(b) The inverse transform of
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b(w) 24+ jw 24+ jw

is fy(t) = 66(t) — 12e~2tu(t). Applying frequency shift yields the required inverse
f(t) = 65(t) — 12e~ )ty (1),

(c) Convolution in time is multiplication in frequency, $eetresult can be found as
M (w) = 2sindw/7)par(w).

6. The signalz(t) has periodI’ = 4 and using the integration formula the coefficients of the
Fourier series can be found to log = 2j sin(kwy) with wg = 27 /4. Since

d > d . s ,
t = — t e d - ]kWOt — k d jkwot
z(t) dty( ) k;—oo s kZE_OO(J wody)e
we haver, = jkwody, SOd, = —=— sm(kwo) for k # 0 anddy, = 1/2.

7.(a) Ifz(t) = 1thenV(w) = 7(6(w +5) + §(w — 5)), which doesn't lie in the passband of
the filter. Thusw(t) = 0 andy(t) = 0.

a
(b) In this casé/ (w) = 7(§(w) + 6(w — 10)) and W (w) = w(§(w). Thus



Y(w) = Z(6(w+5) + d(w — 5)), soy(t) = cos(5t).

8. (a) The convolution yields a signal that contains replicas(dw) centered at integer
multiples of 15.

(b) Use a lowpass filter (ideal) with a cutoff frequency betw& and 10 radians/second.




