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Problem 2.6
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hin] = g[n — 1] — z;g|n]

hminln] = q[n] — zxq[n — 1]

(¢) Using our answer from part (b):

e = 3 |hmnln]> = |h[n]?
n=0

n=0

= > laln) - zxaln — 1a*[n] - ziq"[n — Laln] + z/*lgln — 1]
=0

= laln = 11* = zgln = Lg*[n] = ziq" [0 — Ualn] + |2/ |a[n]

n=0

= S = laPlanl? =3 @~ lzlaln - 12
n=0 n=0

= (1~ [z[*)lglm]”

(d) Since |z < 1, (1 — |z|?) is positive and therefore (1 — |z|?)|g[m][> > 0
Then Y77 [hmin[n][* — 3550 [Alnf? > 0 thus 32006 [hmin[n]|? > 3271, [Aln] |2
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Problem 2.9

(a)

Let’s rewrite System A as the cascade of two systems: an S/I (sample to impulse) converter
followed by a CT filter. The S/I converter turns the DT signal xz4[n] into a CT impulse
train. If we allow the output of the S/I converter to be x4(t), then we have

[o¢]

Ts(t) = Y malkl6(t — kTY)

k=—00

Then, the output y.(t) of the CT filter is the convolution of z,(t) and hi(t), or

Ye(t) = s(t) * ha(2).
We see that by combining the above two equations, we get the equation that describes
the behavior of System A.

z.(t) is bandlimited to ©, = 7 - 1073 rad/sec. Thus, we know that we can guarantee the
equality of z.(¢) and y.(t) when T is sufficiently small (i.e. no aliasing from the first C/D
converter) and System A is an ideal D/C converter with the same sampling period.

We have no aliasing when Q.7" < w, or when T < 1000. System A is an ideal D/C
converter when hi(t) is an appropriate sinc function.

Thus, the following conditions work:

T = 500.
Ty = 500.
~ sin(wt/T)

As we saw in the solution to part (a), our choices are not unique. We can choose any
T such that T' < 1000. However, we see that we need T3 = T. We also have a choice
regarding hi(t). Since Xy4(e/*), or the Fourier transform of z4[n], is zero for

Tr
— < |w| <,

X:(jQ), or the Fourier transform of x4(t), is zero for

7T T

= <0<~
10007y ~ 1000 T

Thus, H;(j), or the Fourier transform of hi(t), can be anything in that frequency range
(and, by extension, any “copy” of this section of the frequency spectrum). If it is a
constant of T' for Q| < g5 and zero for |2 > 7, then we have y.(t) = z(t).



Problem 2.7

In both systems, the speech was filtered first so that the subsequent sampling results in no
aliasing. Therefore, going from s[n| to s1|n] basically requires changing the sampling rate by a
factor of 3kHz/5kHz = 3/5. This is done with the following system:

B T?) > wc — :751 5 >
gain = 3

Problem 2.8
Split H(e*) into a lowpass and a delay.
H(e) = Hpp(e?¥)e ¥

. x
Hpp(e) = { L Wl <f

0, F<|w <

win| | v[n]

Iz Hypp(e)

l I
Ideal Upsampler with gain
of 1 instead of L

) ¢/p

Then we analyze the system as follows:

z[n] = z.(nT) no aliasing assumed

1
wn] = fxc(nf) rate change
1 T T .
v[n] =wn—1] = Z:1:C (nf — f) ,  delay at higher rate

yln] = v[nL] = %x (nT ~ %’_>




(c) Since we are interested only in the operations between z4[n] and yg4[n], we need not worry
about aliasing from the first C/D converter in the whole system destroying our hopes for
achieving consistent resampling. Thus, there are no absolute restrictions on T" and T like
we had in parts (a) and (b); they may, however, be related to each other.

In other words, what is going on between z4[n] and y4[n]? System A is taking each
sample of z4[n] and replacing it with hi(t) delayed by nT; and scaled by zg[n] at that
point. Then, the C/D converter resamples the result.

Let’s consider what happens with z4[n] = §[n — ng] for an integer ng. Then, y.(t) =
hy(t — noTy). The sampled version of y.(t) is

valn] = ye(nT)
= hl(nT~n0T1).

A condition for consistent resampling is thus
hi(nT — ngTy) = d[n — ng).

Because of the linearity of the mapping from xg4[n] to yg[n], this is actually the only
condition that must be checked. To simplify the condition further, we have

evaluating at n = ng: 1= hi(n(T - T1))
evaluating at n # ng: 0= h1(nT — neTh))

The case of practical significance is to have T = T3, in which case we find that hy(t)
should satisfying an interpolating condition: h1(0) = 1 and hy(t) = 0 for all multiples of
T. (It doesn’t matter what hq(t) is for other values of ¢.)






