Solution to Chapter 3 Problems

Problem 3.1

The modulated signal is
u@®) = m@)c(r) = Am(r) cog2n4 x 10%)
= A [2 cos(2n%)t) + 4sin(2n ?: + %)] cog2r4 x 10°%)
= Acog27(4x 10° + ?)z) + Acog27(4 x 10° — %’)t)
12Asin2r (4 x 10° + ?)t + %) _ 2A4sin2r(4 x 10° — ?)z . %)

Taking the Fourier transform of the previous relation, we obtain
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The next figure depicts the magnitude and the phase of the spetitfiim
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To find the power content of the modulated signal we wrt¢) as
200 200
u?(t)y = A?cod(2m(4 x 10° + —)1) + A% cos (2w (4 x 10° — —)1)
T v

250 250
FAAZSIPP2r(4 x 10° + 22501 + %) + 4A%SiP(2r (4 x 10° — 225 — %)
T T

+terms of cosine and sine functions in the first power

Hence,

P = lim /g z(t)dt—A2+A2+4A2+4A2—5A2
R “o T2 T T T

2

Problem 3.2

u(t) = m(t)e(r) = A(sindt) + siné(t)) co 27 1)

Taking the Fourier transform of both sides, we obtain

A
ulp) = E[H(f)+A(f)]*(6(f_fc)+8(f+fc))

= DI~ 04 AG = f T+ S+ A+ fo]

I(f — f.) #0for | f — f.| < % whereasA (f — f.) # Ofor|f — f.| < 1. Hence, the bandwidth of the
bandpass filter is 2.

Problem 3.3

The following figure shows the modulated signalsdoe 1 andfp; = 10. Asitis observed both signals have
the same envelope but there is a phase reversatdt for the second signadm(¢) cog2x fot) (right plot).
This discontinuity is shown clearly in the next figure where we plo#ted () coq2x for) with fi = 3.
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Problem 3.4

Yo = x@+ %xzm
= m(t) +cod2n f.t) + % (m?(t) + cog (2 f.t) + 2m(t) cos2r f.1))
= m(r) + cod2nf.t) + %mz(t) + % + % cos2r2f.t) + m(t) CO( 2 f.t)
Taking the Fourier transform of the previous, we obtain
V() = M)+ M) * MO+ 5 (MG = )+ MO+ )
FF 5 G — f+5CF + )+ 5 B = 20 +5(/ +2/)

The next figure depicts the spectramy)

-2fc 2W fc 2fc

65

©2005 Pearson Education, Inc., Upper Saddle river, NJ. All rights reserved. This material is protected under all copyright laws as
currectly exist. No portion of this material may be reproduced, in any form or by any means, without permission in writing from the




Problem 3.5

u(t)y = m(@)-c(t)
100(2 cog272000Q) + 5¢c0g273000Q)) cos 2 f.t)

Thus,

U(f) = 1700[8(f — 2000 + 8(f + 2000 + g(a(f — 3000 +8(f + 300@)]

*[8(f — 50000 + 8(f + 50000]
— 50 [S(f — 52000 + §(f — 48000 + ga(f — 53000 + ga(f — 47000

+8(f + 52000 + 8(f + 48000 + ga(f + 53000 + gé(f + 47000}

A plot of the spectrum of the modulated signal is given in the next figure
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Problem 3.6
The mixed signab (¢) is given by
y() = u(t) -xp(t) = Am(t) coS2xr f.t) co2x f.t + 0)
= %m(t) [cog2n2f.t + 6) + co96)]

The lowpass filter will cut-off the frequencies aboWg whereW is the bandwidth of the message signal
m(t). Thus, the output of the lowpass filter is

A
z(t) = Em(t) cog0)

If the power ofm(z) is Py, then the power of the output signal) is Poyt = PMATZ cog(9). The power of
the modulated signad(r) = Am(t) co92n f.t) is Py = ATZPM. Hence,

Pout
Py

1
=3 cog(6)

POU . . . .
A plot of P—U‘ for 0 < 6 < & is given in the next figure.
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Problem 3.7
1) The spectrum ofi(¢) is

20
ulp = 7[5(f—fc)+5(f+fc)]

+§1 [8(f — f. —1500 + 8(f — f. + 1500
+8(f + fe —1500 + 8(f + f. + 1500]
+1740[8(f — fe —3000 + 8(f — f. + 3000
+8(f + fo —3000 + 8(f + f. +3000]

The next figure depicts the spectrumuf).
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2) The square of the modulated signal is

u?(t) = 400cod(2nf.t) + cog(2n(f. — 1500¢) + cos (27 ( f. + 15001¢)
+25c0g(27(f. — 30001) + 25 cog (27 (f. + 30001)
+ terms that are multiples of cosines
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If we integrateu?(r) from —Z to Z, normalize the integral by and take the limit a§” — oo, then all the
terms involving cosines tend to zero, whereas the squares of the cosines give a \%alhﬂente, the power

content at the frequencg = 10° Hzis P, = %’ = 200, the power content at the frequery, 1500is the

same as the power content at the frequeRgys00and equal t@;, whereasPy, ;3000 = P/.—3000 = 3.
3)
u() = (20+ 2cog271500) + 10 cog27300Q)) cog2r f.t)
1 1
= 2001+ 10 cog271500) + > €co9273000Q)) cox2r f.t)

This is the form of a conventional AM signal with message signal

1 1
m() = 10 cog271500) + > cog 27 3000)

1 1
= cog(27r1500Q) + F)cos(2711500) -3

The minimum ofg(z) = z2+ :5z — 7 is achieved for. = — and it is ming(z)) = —2%. Sincez = — 5 is
in the range of ca@7 1500Q), we conclude that the minimum valuesmfr) is —421—8(1). Hence, the modulation
index is
201
~ 400
4)

u(t) = 20co%2rf.t) + cog2r(f. — 1500¢) + cog2n (f. — 1500¢)
= 5co092x(f, —30001r) + 5cog2x( f. + 3000¢)

The power in the sidebands is

Py T Y
sidebands— 2 2 2 2 =

The total power iSPiotal = Pearrier + Psidebands= 200+ 26 = 226. The ratio of the sidebands power to the
total power is

Psidebands= E
Ptotal 226

Problem 3.8
1)
u(t)y = m()c(t)
= 100(coq27100Q) + 2 cog27200Q)) coq2n f.t)
= 100 c0%27100Q) cog27 f,.t) + 200 c0$27200Q) cog2rx f.t)

= 1700[005(271% +100017) + cos27 (f. — 10001)]

2—20 [cos27 (f. + 20001¢) + cos(27 ( f, — 20001)]
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Thus, the upper sideband (USB) signal is

u,(t) = 50co%27(f. + 1000¢) + 100 cos27 (f. + 20001)

2) Taking the Fourier transform of both sides, we obtain

U.(f) = 25((f — (fc +1000) +8(f + (f. +1000))
+50(8(f — (fc +2000) + 8(f + (fc +2000))

A plot of U, (f) is given in the next figure.
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Problem 3.9

If we let

_n t+ 2 . t— 2
x(t) = — 7, + 7,
2 2

then using the results of Problem 2.56, we obtain

v(t) = mOs@) =m@) Y x(t—nT,)

n=—oo
o

1 n jom At
= mn)— > X (e

P oo p

T T,

n t+ t— 2

X(-) = F|-n|—2)+0(—2
Ty 7 7 r=4;

= Doging ey (g _ jionst
= 25|nc(f2)(e T —e 4)

where

=4
T
_ Epsinc(g)(—Zj) sin(n%)

Hence, the Fourier transform ofz) is

1 & . :
V() =3 Y sinaZ)(=2)sintZ)M(f — )
p

n=—0oo
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The bandpass filter will cut-off all the frequencies except the ones centegbdthat is forn = 1. Thus,
the output spectrum is

U = sin 1 M 1 in 1 iM 1
(f) = s 0(5)(—1) (f—FP)JrS C(E)J (f+T—p)
2

- 2w S i Zimg e X
= MU =)+ M )

M) # | 580 = ) = 280 + )
= — * —_— —_—) - — —_—

m 2j T, 2j T,
Taking the inverse Fourier transform of the previous expression, we obtain

4 ) 1
u(t) = —m(t) sin(2r —t)
T T,

which has the form of a DSB-SC AM signal, witlir) = 2 sin(2r T—lpt) being the carrier signal.

Problem 3.10
Assume that () is a periodic signal with period,, i.e. s(r) = >, x(t —nT,). Then

v(t) = m@Os®) =m@) Y x(t—nT,)

— m(t)i 3 X(Tl)efz”ﬁ’
p n=—00 P
= T Z (—)m(t)e’””’

p n=—00

whereX(Tlp) = Flx(®)]ly=2 . The Fourier transform af(z) is
p

_ 1 = n j271T"—pt
V(f) = T—pr_Z@X(;p)m(r)e }
1 & n n
= T_pnzsz(T_p)M(f_Fp)

The bandpass filter will cut-off all the frequency components except the ones centgred ai— Hence,
the spectrum at the output of the BPF is

U(f) = ZXCM(f — =)+ X (- )M (f +
(f)_T_,, (T_,,) (f_T_p)+T_p (—T—p) (f+T_,,)

In the time domain the output of the BPF is given by

ut) = —XGCom@E T 4 X (mne T
T[7 Tp Tp T[,

1 1 1 1
- —m(t)[X<—> P X (e JZHT”I}
T, T, T,

T

— iZRe(x(i))m(t)cos(Znit)
o » Tp Tp
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As it is observed:(r) has the form a modulated DSB-SC signal. The amplitude of the modulating signal is
A, = T—lpZRe(X(Tip)) and the carrier frequencg. = %

Problem 3.11
1) The spectrum of the modulated signah (r) cog2x f.1) is

A
V() = SIM(f = o) + M(f + fo)]

The spectrum of the signal at the output of the highpass filter is

A
U(f) = E[M(f + fou_1(=f = fo) + M(f — fou_1(f — fo)]

Multiplying the output of the HPF witld cog(2r (f. + W)z) results in the signaj(z) with spectrum

A
Z(f) = E[M(f+fc)u—1(—f —f)+M(f = fou_1(f = fo)]
A
S = Ue+ W)+ + fe+ W)

AZ

= T(M(f+fc_fc_W)ufl(_f"kfc"i‘W_fc)
+M(f + fo— fe+Wu_a(f + fe+ W = f0)
+M(f —2fc —Wiu_1(f —2f. — W)

TM(f +2fc+Wu_a(—f —2fc. = W))
2

= T(M(f ~Wu_1(—=f + W)+ M(f + Wu_1(f + W)
+M(f = 2fe = Wiu_1(f = 2fc = W)+ M(f +2fc + Wyu_1(—f — 2f. = W))
The LPF will cut-off the double frequency components, leaving the spectrum

AZ
Y(f)= Z[M(f —Wiu_a(=f + W)+ M(f +Wu_1(f + W)]

The next figure depicty (f) for M (f) as shown in Fig. P-3.11.

Y(f)

-W w

2) As it is observed from the spectruift( f), the system shifts the positive frequency components to the
negative frequency axis and the negative frequency components to the positive frequency axis. If we transmit
the signaly(¢) through the system, then we will get a scaled version of the original sped#f(f.
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Problem 3.12

The modulated signal can be written as

u(t) = m(t)co92nf.t+ ¢)
= m(t) co92r f.t) cOL¢p) — m(t) SIN2r f.t) SiN(¢)
= u.(t)co92m f.t) — us(t) Sin(2m f,1)

where we identify. (1) = m(#) coS¢) as the in-phase component andr) = m(¢) sin(¢) as the quadrature
component. The envelope of the bandpass signal is

Vi) = Ju?@t)+u?@) = \/mz(t) coS(¢) + m2(t) sirf(¢)
= Vm2(t) = |m(1)|

Hence, the envelope is proportional to the absolute value of the message signal.

Problem 3.13

1) The modulated signal is

u(t) = 1001+ m(r)]cog2n8 x 10°r)
= 100c0$278 x 10°7) + 100 sin27 10%) cog278 x 10°7)
+500 co$272 x 10°7) cog278 x 10°1)
= 100c0$278 x 10°1) + 50[sin(27 (10° + 8 x 10°)r) — sin(27(8 x 10° — 10°)1)]
+250co927(2 x 10° + 8 x 10°)7) + cog2n(8 x 10° — 2 x 10%)1)]

Taking the Fourier transform of the previous expression, we obtain

U(f) = 5068(f—8x10) +38(f +8x 10°)]
+25E5(f—8x105—16’)—;1.5(f+8x 105+103)]

—25[;1,5(f—8x105+1o3)—;1,5(f+8x105—1o3)]

+125[8(f —8x 10° — 2 x 10°) + 8(f + 8 x 10° + 2 x 10%)]

+125[8(f —8x 10° — 2 x 10%) + 8(f + 8 x 10° + 2 x 10%)]
= 50[8(f —8x10°) +8(f + 8 x 10°)]

—|—25[8(f—8>< 10° — 10%)e /% + 8(f + 8 x 1o5+1o3)ef%]

+25[8(f—8>< 10° + 10%)e’% + 6(f + 8 x 105—103)e—f%]

+125[8(f —8x 10> — 2 x 10%) + 8(f + 8 x 10° + 2 x 10%)]
+125[8(f — 8 x 10° — 2 x 10°) + 6(f 4+ 8 x 10° + 2 x 10%)]
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2) The average power in the carrier is
A% 1007
Pearrier= — = —— = 5000
carrier 2 2

The power in the sidebands is

50° 50° 2500 250
o Tty Ty =0%000

Psigebands=

3) The message signal can be written as

m(t) = sin(2rl0%) + 5cog272 x 10°%)
= —10sin2710%) + sin(2710%) + 5

As itis seen the minimum value of(r) is —6 and is achieved for si@r10°%) = —1orr = 35 + -5k,
with k € Z. Hence, the modulation indexds= 6.
4) The power delivered to the load is

lu(®)|?>  100°(1+ m(1))? cos(2n f.1)
50 50

Pload =

arcsin( ;) &
27210 T i

The maximum absolute value ofdm (¢) is 6.025 and is achieved for Sigr 10%) = % ort =
Since 2x 10° « f. the peak power delivered to the load is approximately equal to

(100 x 6.025)?

= 726012
50

maX(PIoad) =

Problem 3.14
1)

u(®) = 5c0g18007¢) + 20c0%20007¢) + 5¢c0522007¢)
= 201+ % €c0g200rt)) cog20007¢)
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The modulating signal is:(r) = cog2710Q) whereas the carrier signaldg¢t) = 20 cog271000Q).
2) Since—1 < cog27100) < 1, we immediately have that the modulation index is- %

3) The power of the carrier component Bsarrier = 4700 = 200, whereas the power in the sidebands is
2
Psidebands= 222 = 50. Hence,

Psidebands_ 50 1—
P carrier 200 4

Problem 3.15

1) The modulated signal is written as

u(t) = 1002 cog2710%) + cog273 x 10°)) cog2n f.1)

200 cog2710%) cog2n f.t) 4+ 100 cog27 3 x 10°1) cos(2n f.t)

= 100[cos27(f. + 10°)1) + cos2n(f. — 10°)1)]
+50[cos2r(f,. + 3 x 10°)1) + cos2r(f. — 3 x 10°)1)]

Taking the Fourier transform of the previous expression, we obtain

U(f) = B50[8(f — (fo +10%) +8(f + f. + 10°
+ 8(f = (f. —10°) +8(f + f. — 10%)]
+ 25[8(f — (fo +3x 10%) + 8(f + f. + 3 x 10%)
+ 8(f — (fe =3x109) +58(f + fo — 3x 10°)]

The spectrum of the signal is depicted in the next figure

T T c o T

—1003 —-1001 —999 —997 997 999 1001 1003 KHz

2) The average power in the frequencigst 1000 andf. — 1000 is

100
Py, +1000 = Pf.~1000 = — = 5000

The average power in the frequencigst 3000 andf, — 3000 is

507
Py, +3000= Pf.—3000 = - = 1250

Problem 3.16
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1) The Hilbert transform of caq2s7100Q) is sin(27r 100Q), whereas the Hilbert transform ofgxr 100Q)
is —cog27100Q). Thus

m(t) = sin(27100Q) — 2 cog27100Q)

2) The expression for the LSSB AM signal is
u;(t) = Acm(t) coS2n f,t) + A.m(t) Sin2r fe.t)

SubstitutingA, = 100,m () = cog27100Q)+2 sin(27 100Q) andm (1) = sin(27100Q)—2 cog271000Q)
in the previous, we obtain

u;(t) = 100[cog27100Q) + 2sin(27100Q)] cos2x f.t)
+ 100[sin(27r100Q) — 2 cog27100Q)] sin(2r f.t)
= 100[co9271000Q) cog2r f.t) + sin(27 100Q) sin(27 f.1)]
+ 200[co927 f.t) sin(27r100Q) — sin(2x f.t) cog27 100Q)]
= 100cos$27(f, — 1000¢) — 200 sin2z (f. — 1000¢)

3) Taking the Fourier transform of the previous expression we obtain

U(f) = 500@(f— f.+1000 + §(f + f. — 1000)
+ 100j (6(f — f. + 1000 — 8(f + f. — 1000)
= (504 100/)8(f — £. + 1000 + (50 — 100/)8(f + f. — 1000

Hence, the magnitude spectrum is given by

Ui(f)l = +5P+10CF (S(f — f. + 1000 + 8(f + f. — 1000)
10v/125(8(f — f. + 1000 + 8(f + f. — 1000)

Problem 3.17
The input to the upper LPF is
u,(t) = co92nrf,t)Ccos2rfit)
= 2 [COS2(fy ~ 1) +COS2T(f+ fu)1)
whereas the input to the lower LPF is
u(t) = co92rf,t)sSin(2rfit)
= %[sin(Zn(fl — fu)t) +sinr (f1+ fun)b)]

If we selectf; such that 1 — f,,| < W and f1 + f,, > W, then the two lowpass filters will cut-off the
frequency components outside the intefvalV, W1, so that the output of the upper and lower LPF is

yu(t) = COqZ”(fl_fm)t)
yi(t) = sin@r(f1— fu)t)
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The output of the Weaver's modulator is

u(t) = coS2m (f1 — fm)t) COA27 fot) — SIN2 (f1 — fm)1) SIN27 f21)

which has the form of a SSB signal since(@m( f1 — f,,)t) is the Hilbert transform of ca@r (f1 — fn)1).
If we write u(z) as

u(r) = co42r (fr+ f2 — fu)t)

thenwithfi+ f>— f,, = f.+ f,» we obtain an USSB signal centeredatwhereas withf1+ fo— f,, = fo— fm
we obtain the LSSB signal. In both cases the choicg @nd f; uniquely determingf,.

Problem 3.18

The signalk (¢) ism(t)+co92x fot). The spectrum of this signals(f) = M(f)+%(8(f—fo)+8(f+fo))
and its bandwidth equals @, = f,. The signaly,(¢) after the Square Law Device is

yit) = x*(t) = (m(r) + cox2x for))?
= m2(t) + coS (27 fot) 4+ 2m(t) co 27 for)

= m?(t) + % + % coS27 2 fot) + 2m(t) O 27 fot)

The spectrum of this signal is given by

1 1
Y1(f) =M(f)*M(f)+§3(f)+Z@(f—2f0)+3(f+2fo))+M(f—f0)+M(f+fo)

and its bandwidth i9v; = 2f;. The bandpass filter will cut-off the low-frequency componeWitsf)
M(f)+ %S(f) and the terms with the double frequency componé(ﬁﬁf —2fo) +8(f +2fp)). Thus the
spectrumY,(f) is given by

Yo(f) =M(f — fo) + M(f + fo)
and the bandwidth of,(¢) is W, = 2W. The signalys(z) is
y3(t) = 2m(t) COS (27 fot) = m(t) + m(t) O 27 for)

with spectrum

1
Ys(t) = M(f) + 5(M(f = fo) + M(f + fo)

and bandwidtiW; = f, + W. The lowpass filter will eliminate the spectral compon%ﬁM(f — fo) +
M(f + fo)), so thatys(r) = m(¢) with spectrumY, = M(f) and bandwidthiW, = W. The next figure
depicts the spectra of the signalg), y1(z), y»(t), y3(t) andys(z).
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—2fo —fo—W

-w w fo
Yi(f)
A
1 L.
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—fot+W —2W 2w fo—W fot+W 2fo
Yo(f)

—fo—W —fotW fo—W Sfo+W
Y3(f)
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Problem 3.19
1)
y(1) ax(t) + bx?(1)

a(m(t) + coS27 for)) + b(m(t) 4+ coY 27 for))?
am(t) + bm?(t) + a cox27 fot)
+b coS (27 fot) + 2bm(t) cOL 27 fot)

2) The filter should reject the low frequency components, the terms of double frequency and pass only the
signal with spectrum centered At Thus the filter should be a BPF with center frequegiggnd bandwidth
W such thatfo — Wy > fo — % > 2Wy whereW,, is the bandwidth of the message sigmat).

3) The AM output signal can be written as

u@®) =a(l+ Za—bm(t)) coS 27 fot)
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SinceA,, = maxX|m(t)|] we conclude that the modulation index is

2bA,,
o =

a

Problem 3.20

1) When USSB is employed the bandwidth of the modulated signal is the same with the bandwidth of the

message signal. Hence,

Wusse= W = 104 Hz

2) When DSB is used, then the bandwidth of the transmitted signal is twice the bandwidth of the message

signal. Thus,

Wosg = 2W = 2 x 10* Hz

3) If conventional AM is employed, then

Wam = 2W = 2 x 10* Hz

4) Using Carson'’s rule, the effective bandwidth of the FM modulated signal is

B.= (28 + LW =2 (w + 1) W = 2(k; + W) = 140000 Hz

Problem 3.21

1) The lowpass equivalent transfer function of the system is

T+t fls¥

H, =2u_ ) H ) =2
1(f) =2ua(f + fOH(f + fo) { 1 Yo rew

Taking the inverse Fourier transform, we obtain

w
) = FUH(H)]= Hi (e’ df

NIE

2

7 1 1, v
= 2/ (—f+—>e’”ffdf+2/ e/*Idf
_% w 2 w

w w w
_ 2( 1 fe./anrJrLejanz "4 L e +i oIzt
W\ j2rt 422 _y jort _w j2mt w
1 . j .
- %eﬂ”w’ + nZtJZW sin(z Wt)
J

_  J H _ j2nWt
= = [singWr) —e ]
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2) An expression for the modulated signal is obtained as follows
u(t) = Rel(m(r)xhy(t))e’>]
— Re|:(m(t) * Lt(sino(Wt) - efZ"W'))eﬂ”fff]
T
- Re|:(m(t) « (LsinaW))e/ 2t 1 (m(t) » _ieﬂ”W')efzﬂfvf]
Tt jmt
Note that
1 .
Flm () » %eﬂ”W’] = —M(f)sgn(f — W) = M(f)
since sgif — W) = —1for f < W. Thus,

u®) = Re[(m(t)*(%sindwn))eﬂ”ﬂf+m(z)ef2ﬂfcf]

= m(t)coL2r f.t) — m(t) * (%sino(Wt)) sin(2r f.t)

Problem 3.22

a) A DSB modulated signal is written as
u) = Am(t)coq2x fot + @)
= Am(t) co9¢) co92n for) — Am(t) SiN(¢p) SIN(27 fot)
Hence,
x.(t) = Am(t) cod¢)
xs(t) = Am(t)sin(¢)

V() = \/Azmz(t>(co§<¢)+sin2(¢)>=IAm(t)l

Am(t) coS¢)
Am(t) sin(¢)

O = arctan( ) = arctantan(¢)) = ¢

b) A SSB signal has the form

ussg(t) = Am(t) coS2x for) F Am(t) SIN(27 for)
Thus, for the USSB signal (minus sign)
xc(t) = Am(1)

x, (1) = Am()
V() = VA2m2(t) + m2(t)) = AYm2(t) + m2(z)

()
®(t) = arctan| —
m(t)
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For the LSSB signal (plus sign)

xc(t) = Am(r)

x,(t) = —Am(r)
V) = VA2m2(t) + m2(t)) = AVm2(t) + m2(t)
()
@(t) = arctan| ———
m(t)

c) If conventional AM is employed, then

u(t) = Ad+m())cos2x fot + ¢)
= A+ m@)) cod¢)co2x for) — AL+ m(t)) sin(¢) sin(2r fot)

Hence,
x.(t) = A+ m(t)) cose)
x(1) = A+ m(2))sin(g)
V() = \/Az(l + m(1))2(co2(¢) + sirt(¢)) = Al(L+ m(1))|
B AL+ m(1) cosp)\ B
O = arctan( AL Em) sin(¢)> = arctantan(¢)) = ¢
Problem 3.23

1) If SSB is employed, the transmitted signal is
u(t) = Am(t) coq2x fot) F Am(t) Sin(2r fot)

Provided that the spectrum of(¢) does not contain any impulses at the origip = Py, = % and

A2Py  A%Py ) 1
= A%Py,; = 400= = 200
> T3 M 2

The bandwidth of the modulated signak) is the same with that of the message signal. Hence,

Pssp=

Wssg = 10000 Hz

2) In the case of DSB-SC modulatiariz) = Am(t) coS2r fot). The power content of the modulated signal
is

A%Py

1
Ppsg = = 2005 =100

and the bandwidtfWpsg = 2W = 20000 Hz.

3) If conventional AM is employed with modulation index= 0.6, the transmitted signal is

u(t) = A1+ am(t)] coS2x fot)
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The power content is

b _ A N AZa®Py
AM — 2 2

The bandwidth of the signal By = 2W = 20000 Hz.

= 200+ 200- 0.6 - 0.5 = 236

4) If the modulation is FM withk ; = 50000, then

A2
Pew = = = 200

and the effective bandwidth is approximated by Carson’s rule as

50000
B.=2B+1DHW =2 (T + 1> W = 120000 Hz

Problem 3.24

1) The next figure illustrates the spectrum of the SSB signal assuming that USSB is employéd=aBd
Note, that only the spectrum for the positive frequencies has been plotted.

K=3

2)With LK = 60the possible values ofthe pélr, K) (or (K, L)) are{(1, 60), (2, 30), (3, 20), (4, 15), (6, 10)}.
As it is seen the minimum value &f + K is achieved fol. = 6, K = 10 (orL = 10,K = 6).

3) Assuming that. = 6 andK = 10 we need 16 carriers with frequencies

fi = 10 KHz fio = 14 KHz
fis = 18 KHz fia =22 KHz
frs = 26 KHz fre = 30 KHz
fi; = 34 KHz frs = 38 KHz
fro = 42 KHz Jfiao = 46 KHz

and

fi, =290 KHz fi, = 330 KHz
fi; =370 KHz fis = 410 KHz
fis = 450 KHz fis = 490 KHz
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