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PROBLEM sp-08-F.1:
The diagram in Fig. 1 depicts a cascade connection of two linear time-invariant systems, i.e., the output of
the first system is the input to the second system, and the overall output is the output of the second system.

LTI LTI
ﬂ,‘ System #1 Y 1[n]= System #2 ‘—>y In]
hiln] or Hy(z) haln] or H(z)

Figure 1: Cascade connection of two discrete-time LTI systems.
Suppose that H;(z) =3—3z"> is the system function for System #1, and
System #2 is an FIR filter described by a difference equation: y[n] = 5yi[n —1]—5y1[n — 6]

(a) Determine the impulse response /[n] of the overall system. Give your answer as a stem plot.

h[n]

XY

(b) Make a pole-zero plot for the first system. Account for all poles and zeros.




PROBLEM sp-08-F.2:
Circle the correct answer where applicable.

(a) A sinusoidal signal x (7) is defined by: x (1) = Re{(1 + j)e/™*}. When x(¢) is plotted versus time (),
its maximum value will be:

@) A=1
b) A=1+
) A=+2
d) A=0

(e) none of the above

(b) Determine the amplitude (A) and phase (¢) of the sinusoid that is the sum of the following three
sinusoids: 10cos(67 + 7r/2) + 7cos(6t — 1 /6) + T cos(6t + 77 /6),
(a) A=10and ¢ = /2.
(b)y A=7and ¢p = 7/2.
(c) A=0and ¢ =0.
(d A=3and ¢ =7n/2.
(e) A=24and ¢ = /2.

(c) In the DTMF Lab, the row and column frequency components were filtered and then downsampled
by two before using onefreq.p to estimate the @ frequency in the range 0 < @ < 7. The MATLAB

code below does similar operations.

fsamp = 3000;
tt = 0:(1/fsamp) :1;
xcol = cos(2*pi*1200*tt); %<-- typical signal after the column BPF

xdn = xcol(l:2:end)
omegaHat = onefreq(xdn); %<-- get one estimate by using all of xdn

Determine the frequency omegaHat that will be returned by the onefreqg function on the last line.

omegaHat = rads




x(t) Continuous-Time y(t)
— | LTISystem |f—— »

H(jw)

PROBLEM sp-08-F.3:

The periodic input to the above system is defined by the equation:

2 + lS[k]

2
_ 4kt _
x(t) = Z are’ , Wwhere aj = m -

k=—2

(a) Determine the Fourier transform of the periodic signal x(z). Give a formula and then plot it on the
graph below. Label your plot with numerical values to receive full credit.

X(jo) =

X(jw)

(b) The frequency response of the LTI system is given by the following equation:

. 80+ j5w
H(jo)= "
20+ j5w
2
For x(¢) given above, the output signal can be written as y(t) = Z By cos(dkt + yy)
k=0

Determine the numerical values of the parameters Bg, B> and 5.

By =

B, =

Y2 =




PROBLEM sp-08-F.4:
Consider the following system for discrete-time filtering of a continuous-time signal:

| |
x(t) ! Ideal x[n] LTI y[n] Ideal 'y
——n C-to-D System > D-to-C h—
: Converter H(e’?) Converter :
I f f I
L L=UT =T
Heff(jw)

The sampling rate is f; = 12 samples/sec, and the discrete-time system has frequency response H (e’ “A’)
defined over — < & < 7 by the following plot: H(e jd))

—TT T D)

SIE}
SE]

(a) The effective frequency response of the overall system will be an ideal filter. Determine the cutoff
frequency (in rad/s) of the effective analog system.
In addition, state the frequency range where H(jw) is valid.

Cutoff Frequency = rad/s

Frequency range = rad/s

(b) Assume that the input signal x(¢) has a bandlimited Fourier transform X (jw) as depicted below. For
this input, determine Y (jw), the Fourier transform of the output y(¢), and make a plot of Y (jw).

X(jow)

—10m 10 w

Y(jw)

8"



PROBLEM sp-08-F.5:
Consider the following system for discrete-time filtering of a continuous-time signal:

| |
x(1) | Ideal x[n] LTI y[n] Ideal Loy(@)
—n C-to-D > System > D-to-C —
! Converter H(z) Converter !
I 3 3 I
=T f=1Ty
Heff(jw)

Assume that the discrete-time system has a system function H(z) defined as: H(z) = 1+byz '+ 272

(a) For the case where b1 = 0.8, determine a formula for the frequency response of the discrete-time
filter. Express your answer in the following form by finding « and B:

H(ej‘b) =e /9 (a + Bcos(@))

(b) For the case where b1 = 0.8, plot the magnitude response of the digital filter versus frequency

s

|
S|
|

NIE

[a)
INEE

SIE]

B
N

(c) The effective frequency response of this system is able to null out one sinusoid; it is similar to the
system used in the lab to remove a sinusoidal interference from an EKG signal. The value of the filter
coefficient by controls the (frequency) location of the null. If the sampling rate is 8000 Hz, determine
the value of b; so that the overall effective frequency response has a null at 1000 Hz.

by =




PROBLEM sp-08-F.6:
Consider the following snippet of code:

fs = 1000;
tt = 0:(1/fs):5,
XX = ... %<-- this line is given below for each part

specgram (xx, 128, fs) ;

For two variations of the MATLAB code on the third line, sketch the resulting spectrogram.

(a) xx = cos(2*pi*100*tt) .* cos(2*pi*300*tt);
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(b) xx = cos(2*pi* (100*tt.*(tt + 1)));
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PROBLEM sp-08-F.7:
For each of the following time-domain signals, select the correct match from the list of Fourier transforms

below. Write each answer in the box provided. (The operator * denotes convolution.)
in(5m¢
@ x() = 20OTD s g
wt
i t
(b) x(t) = ZSm(]tT ) xcos(4rmt)
T

sin(57t) . sin(37t)
wt wt

(©) x(t) =

@) x(1) = /8(k+3)8(t—k—7)d/\

sin(mt)

(e) x(t)=2 cos(4rnt)

Tt

© x(1) = % { sin(571t)§

it

Each of the time signals above has a Fourier transform that can be found in the list below.
[0] X(jo)=u(w+57)—u(w—>5m)
[1] X(jw)=e/*u(w+57) —u(w—>57)]
2] X(jo)=u(w+37)—u(w—37)
[B] X(jw) = jolu(w+57)—u(w—>5m)]
[4] X(jw)=e/*
[51 X(jo)=0
[6] X(jw)=e /4 [jnd(w+mn)— jnd(w—m)]
[7] X(jo) = [jru(w+7) — jru(w—mn)] 8w —4r)
8] X(jw)=2u(w+n)—2u(w—mn)+n8(w+4n)+n8(w—4n)

9] X(jo)=u(w+57)—u(w+37)+u(w—3r)—u(w—>5m)



PROBLEM sp-08-F.8:
The two subparts of this problem are completely independent of one another.

(a) When two finite-duration signals are convolved, the result is a finite-duration signal. In this subpart,

h(t) =t?[u(t—25)—u(t)] and x(t) =9[u(t —5)—u(t —10)]

Determine starting and ending times of output signal y(z) = x(¢) * h(¢), i.e., find 71 and T so that
y(t) =0fort < T and fort > T5.

T, = sec. |1, = sec.

(b) The system below involves a multiplier followed by a filter:

X(jw)
1 " x(1) v(t) | LTI System | y(7)
R

h(t), H(jw)

ey

@b 0 @b cos(w,t)

The Fourier transform of the input is bandlimited to wp = 207 rad/s, and the frequency of the cosine
multiplier is @, = 100 rad/s.

The filter is an ideal LPF defined by H(jw) = 2[u(w + 1007) —u(w — 1007)].

Make a sketch of Y(jw), the Fourier transform of the output y(¢) when the input is X (jw).

Y(jw)
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PROBLEM sp-08-F.1:

The diagram in Fig. 1 depicts a cascade connection of two linear time-invariant systems, i.e., the output of
the first system is the input to the second system, and the overall output is the output of the second system.

LTI
ﬂ, System #1

hi[n] or Hi(z)

yi[n] R

LTI
System #2

h2[n] or Ha(z)

y[n]

—

Figure 1: Cascade connection of two discrete-time LTI systems.

Suppose that H;(z) = 3—3z"" is the system function for System #1, and

System #2 is an FIR filter described by a difference equation: y[n] = 5y1[n — 1] —5y1[n — 6]

(a) Determine the impulse response 4 [n] of the overall system. Give your answer as a stem plot.

hin]

H(z)= (3~32';>(52"—52")
= |5z~ |52 1528 527"
\/\f‘——“

-3z ¢

Twveyse Z-TM; R

Riw]~ 15554 — 308 [n-€) +150k-n]

(b) Make a pole-zero plot for the first system. Account for all poles and zeros.
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PROBLEM sp-08-F.2:
Circle the correct answer where applicable.

(a) A sinusoidal signal x (¢) is defined by: x(¢) = Re{(1+ j)el™}. When x(¢) is plotted versus time (¢),
its maximum value will be:

@ A=1 ey = vz el
— . - .ﬂ"t
ik, (- Res 77 ]

d A=0
— E cos(‘lr{? +%)
A

(e) none of the above

owmp: this is Ha wmax valve,

(b) Determine the amplitude (A) and phase (¢) of the sinusoid that is the sum of the following three
sinusoids: 10cos(6t + m/2) + 7 cos(6¢f — 7 /6) + 7 cos(6t + T /6),

(@ A=10and ¢ = /2. Use. PMScﬂ"G/ t'.e-/ C,amFlex QM\PS
(b) A=7and ¢ =m/2. ‘ -
© A=0and ¢ =0. 'DQWZ+7€-JWA+—7EJ
@ A=3andg =n/2> .
() A=24and ¢ =1/2. +to = 2.2
R - oze

(c) In the DTMF Lab, the row and column frequency components were filtered and then downsampled
by two before using onefreq.p to estimate the & frequency in the range 0 < @ < . The MATLAB
code below does similar operations.

fsamp = 3000;

tt = 0:(1/fsamp):1;

xcol = cos(2*pi*1200*tt); %<-- typical signal after the column BPF
xdn = xcol(l:2:end)

omegaHat = onefreq(xdn); %$<-- get one estimate by using all of xdn

Determine the frequency omegaHat that will be returned by the onefreq function on the last line.
Aller clownsa««? \\';«3 +he cosime is
epccd-ivdy szm.rlecl ot E=1500 Hz.
= Ilg—é Y‘HAS /]‘k A
Vi o= 2r(ei2es) ) (-
| S8
which altases 46 —0.47
But Hhene Vs 2lse a “ejd-ive
eomponent ot 1.6 which dliases to +o4u

omegaHat = 0, 41T |rads




. x(1) Continuous-Time y(t)
PROBLEM sp-08-F.3: . LTI System |
H(jw) 2 1. 2
G=Fg T A
The periodic input to the above system is defined by the equation: 2,
2
4kt 2
x(t) = Z agel **t, where ap = ——— —5[k] .
"G+ k%) = Yo

(a) Determine the Fourier transform of the periodic signal x(¢). Give a formula and then plot it on the
graph below. Label your plot with numerical values to receive full credit. Z‘jw) = Z 2wa, Stw-4 L)

X(jw) = 380) + ﬁg.g(w—‘i) ¥ 4:5.8(«4»4) +41 §lw-8) + -'ig(owe)

X(jo)
4 (%)
(& (%) %) )
e 0 . f e
._8 -4- 0 4— 2 w
(b) The frequency response of the LTI system is given by the following equation:
., 80+ )5
H{jo) = 20+ j 5w
For x(t) given above, the output signal can be written as y(t) = Z B cos(4kt + Yg)
Determine the values of the parameters By, B, and 5. k=0 2_, b e')
. e
.91, o bo =0, H(=(25)(%6)= 4 = 19
7 b
Bb = bo
0313, & 80+ 140 ) —0-2051
b 220 ) - ()2
- ) -‘)0.644 “,)0'644.
¥, =—0,644 rad Pty (Z e =0.159¢

l.))z_ = 4\7,_ = —6.644



PROBLEM sp-08-F.4:
Consider the following system for discrete-time filtering of a continuous-time signal:

1 |
x(@) | ideal x[n] LTI y[n] Ideal oy()
— C-to-D > System D-to-C b
: Converter H(e/®) Converter :
' [ } I
! f.;‘ = 1/ Ts fs = 1/ T :
H eff (] a))

The sampling rate is f; = 12 samples/sec, and the discrete-time system has frequency response H (e/®)
defined over — < @ < 7 by the following plot:

‘H(ej"A’)
1

- T )

NS

L
2

(a) The effective frequency response of the overall system will be an ideal filter. Determine the cutoff
freque‘n‘cy (in rad/s) of the effective analog system. o ‘ ‘1\) - W /£ <o
In addition, state the frequency range where Heg(jw) is valid. s )
=T maps to

2 =) 12)= ém rad/s
Frequencyrange= — |21 +o +/21

Valid for -6 to #5146 whidk is

Cutoff Frequency = rad/s

rad/s

b 2,((-1_2!-) 27 o +l2m

(b) Assume that the input signal x(¢) has a bandlimited Fourier transform X (jw) as depicted below. For
this input, determine Y (jw), the Fourier transform of the output y(¢), and make a plot of Y (jw).
X(jw)

| ‘ /)1\‘-5 T‘ej“’"\ s F&’S‘C)




PROBLEM sp-08-F.5:
Consider the following system for discrete-time filtering of a continuous-time signal:

|
x(f) | Ideal x[n] LTI y[n] |deal ')
—n  CtoD »  System > D-to-C —
: Converter H(z) Converter !
I 3 3 |
! __fs_z_l/_Ts ____________ fs'—:l/Ts _:
Heff(ja))
Assume that the discrete-time system has a system function H(z) defined as: H (z)~= 1+biz7l + zj\z 2l
W)= +b,ei% +e?
(a) For the case where by = 0.8, determine a formula for the frequency response of the discrete-time
filter. Express your answer in the following form by finding « and f:
H(e'®) = e™/? (a + B cos(d))
~ Y A~ (e
W) = g (e X
a= 0.8 H(e‘> ) e «(e +b o +e
- A
- @J (.\.o.g + 2 COSW)
(b) For the case where b; = 0.8, plot the magnitude response of the digital filter versus frequency
[
A
@
“’“C-’w)\ = \ +0.% + Zcoslﬁl
ot O=0, |H|> 229 IH(eP)| =0 whew $+08+2c05:5 =0
1.98
o (,';s:‘ryz) IHl= 0.2 = S~ @ rad= 06317 rad

o S=w, |H|= 2812 Sau—rad

(c) The effective frequency response of this system is able to null out one sinusoid; it is similar to the
system used in the 1ab to remove a sinusoidal interference from an EKG signal. The value of the filter
coefficient b controls the (frequency) location of the null. If the sampling rate is 8000 Hz, determine
the value of b7 so that the overall effective frequency response has a null at 1000 Hz.

H(ei‘:’):o Wwhew b, +2cos(B)=0 => b= —2 25 ()

“To woll 1000 Hz whew £=8000H2 we need o nul|
ok B= () %

= br» "2605(%71 ~Nz = —1.414




PROBLEM sp-08-F.6:
Consider the following snippet of code:

fs = 1000;

tt = 0:(1/£fs):5,

XX = ... %<-- this line is given below for each part
specgram(xx, 128, fs);

For two variations of the MATLAB code on the third line, sketch the resulting spectrogram.

(a) xx = cos(2*pi*100*tt) .* cos(2*pi*300*tt); PY‘O] + .
500 T T T T T T T T
‘ : : 5 | : ; ; cos(z-n-(w&)‘l:) t‘.os(l'l\"(3°°7'&)
4501 . e s TR TP - i
N - Must be converted to
400 : . * O RamTa
: ' : : : 5 3, ? 5 o SuUw~’ ot
350_ R ...... ,,,,,,, » ,,,,,,,, .................... .......... ........ ,,,,,,,,, - » zm
' : ‘ : | 5 : ; L oyeomt o -
E 300+ e L s ........... ,,,,, _ [E‘e) +5 €
R L L SR PP S S S ] . . _ oot
g- : : X[:li._ e)éoonf‘,_%:e)é ]
g
150k - | ..... .......... ..... .......... ,,,,, .......... .......... ....... i ___.)_> += < O—*-
100F-- - . ......... ........... ........... ,,,,,,,,,,, Lo ........... v .......... 4 W gOGTCI 4007!7) __goo;r/ - 400K
50l S L L S R SR S ‘ R
f= 400,200,-400, -200
O 1 1 1 1 ! | I 1 1

0 05 1 15 2 25 3 35 4 45 5
Time in secs

(b)  xx = cos(2*pi*(100*tt.*(tt + 1))); -+ 4
3 _..-
T

fl%/(zoo){(m:)?

= |00 +200t
f

slope
When L) tries fo
90 '2«,‘72\0/\ 'HG‘V\. 'Fs/-z_
it aliases, ac;}'ua)lj
palc\«-‘wy

Frequency in Hz

Time i |n secs



PROBLEM sp-08-F.7:
For each of the following time-domain signals, select the correct match from the list of Fourier transforms

below. Write each answer in the box provided. (The operator * denotes convolution.)
@ x() = 067D s 4
mt
i t
) x(t) = ZSmf; ) xcos(4mt)

5

sin(57t) . sin(37t)
mwt it

(©) x()=

2

@ x(1) = / 800 +3)8(t — A —T)dA

4—-

e x(t)= 2sin(7n) cos(4rt)
_d (sin(5m1)
® <0 = 5=

3

Each of the time signals above has a Fourier transform that can be found in the list below.
[0] X(jw)=u(w+57)—u(w—57)
[ X(jw)=e™*[uw +57) ~u(w —51)]
2] X(jw)=u(w+37)—u(w—3r)
[B] X(jw)= jolu(w+57) —u(w - 51)]
[4] X(jo)=e %
[5] X(jw)=0
[6] X(jw)=e 4 [jné(w+n)— jxé(w—)]
[71 X(jw) = [jru(w+r)— jru(w —m)] * 8w —4r)
8] X(jw)=2u(w+nm)—-2u(lw-n)+nd(w+4n)+ né(w—4m)

91 X(jw)=u(w+57)—u(w+37)+u(w—-3r)—u(w->57)



PROBLEM sp-08-F.8:
The two subparts of this problem are completely independent of one another.

(a) When two finite-duration signals are convolved, the result is a finite-duration signal. In this subpart,

h(t) = t2[u(t —25)—u()] and x(r) =9u(t —5)—u(t —10)]

Determine starting and ending times of output signal y(t) = x(t) * h(¢), i.e., find T; and T so that
y(t) =0fort < Ty and fort > T5.

T, = 5 sec. T, = 35 sec.
K&

> I s |0 -t

4N

Total Durahew o yll-) ’'s 2&5§+5 = 325
Simece x(+) is J¢1374J l’y 5, se is yl(+).
Y starts at t=5 and euds o 5+30= 355

(b) The system below involves a multiplier followed by a filter:

X(jo)
[ x(1) v(t) | LTI System | y(z)
>
h(t), Hijw)
—wp 0 W w cos(wm?)
201C cps(}&on"é’)

The Fourier transform of the input is bandlimited to wp = 207 rad/s, and the frequency of the cosine
multiplier is @, = 1007 rad/s.

The fiiter is an ideal LPF defined by H (jw) = 2 [u(j(w + 1007)) —u(j(w — 1007))].

Make a sketch of Y (jw), the Fourier transform of the output y(t) when the input is X (jw).

Y(jw)= HGWIVEjw)
[
/ .
o gow Joorr  ©
H()‘-.))
%
> J7%






