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3.8 Properties of Fourier Representations

A4 Fourier representations are summarized in Table 3.2 on the next page where:
~ Borders summarize periodicity properties of four representations by denoting
~ time-domain characteristics on top and left sides,
~ frequency-domain characteristics on the bottom and right sides.

AFor example, the FS is continuous and periodic in time as@jo) AT ®©0 but
discrete and nonperiodic in the frequency domain index.

Continuous and periodic ind "Q& ‘QDiscrete and nonperiodic in frequency

oo AT ©O0 O % © 0) % o 0




Table 3.2 The Four Fourier Representations

Time Periodic Nonperiodic
Domain (t, n) (t, n)

Continuous Fourier Series Fourier Transform Nonperiodic
(t) -~ ) (k, w)
Wo W[ QQ w(0) g ®»QUQ QU

o = won Qo | X@ . a®Q Qo
Discrete Discrete-Time Fourier Series |Discrete-Time Fourier Transform  Periodic
[n] 5 P |
€] W[ Q0 W o GQ Q Qy
P
- P N "/ N
W@ = We]Q O(Q ) aE]Q
Discrete Continuous Frequency
(K) L hm Domain ,




3.8 Properties of Fourier Representations

AContinuous- or discrete-time periodic signals have a series
representation in which thesignal is represented as a weighted sum
of complex sinusoids having the same period dbe signal.

ASignals that are periodic in time have discrete frequenegomain
representations and nonperiodic time signals have continuous
frequency-domain representations

AThis correspondence is indicated on the top and bottom of Table 3.2.
WE »Q
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Table 3.3 Periodicity Properties of Fourier Representations

Time-Domain Frequency-Domain
Property Property
Continuous Nonperiodic
Discrete Periodic
Periodic Discrete
Nonperiodic Continuous




3.9 Linearity and Symmetry Properties

A4 Fourier representations involve linear operations (satisfy
linearity property):

(3 F€3 e« T Ay £y Lo
(4 F€3 foea P

] Feé] Hfeo  milad

OEEX S - i3

AHere, uppercase symbols denote Fourier representation of the
lowercase symbols
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EXAMPLE 3.30 LINEARITY IN THE FS Suppose z(t) is the periodic signal depicted in

Fig. 3.49(a). Use the linearity property and the results of Example 3.13 to determine the
FS coefficients Z[k].

Solution: Write z(t) as a sum of signals; that is,

2(1) = 3x(1) + 53(0)

where x(¢) and y(¢) are depicted in Figs. 3.49(b) and (c), respectively. From Exam-
ple 3.13, we have

x(t) =2 X[k] = (1/(km) sin(km/4)
2T, YIk] = (1/ (k) sin(kn/2)

The linearity property implies that

. |
Bilv , AL qur sin(km/4) + —— T

2(2) sin(kw/2)
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Cigure 3.49 (p. 255) ¥ s
Representation of the 3
veriodic signalz(t) as a T
weighted sum of periodic . [ | BE
sguare waves: S -
z(t) = (3/2) x(t) + 1/2y(t). a -+
(&) z(t). (b) x(t). (c) y(1). ®)
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» Problem 3.16 Use the linearity property and Tables C.1-4 in Appendix C to deter-
mine the Fourier representations of the following signals:

(a) x(t) = 2e”u(t) — 3e X u(t)

(b) x(n] = 4(1/2)"uln] — 3;sin(mn/4)

(c) x(t) = 2cos(mt) + 3sin(3m)

Answers:
(a) X(jw) = 2/(jw + 1) = 3/(jo + 2)
(b)
3+ (1/2)e™
X(&?) = 1-(1/2)e™ 0} /4
4
[—(z)es A<=

(c) w, = m, X[k] = 8]k — 1] + 8[k + 1] + 3/(2/)6[k — 3] — 3/(2/)6[k + 3] o
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3.9.1 Symmetry Properties: Real and Imaginary Signals

AWe use FT to develop the symmetry

properties. First, consider Conjugate Concept

) % o) & Qw
Q) | weQ Qo SO o Qb

SOQ Qo (3.37)
ANow, supposex(t) is real, then

X(t) =x*(1)
Substitute x(t) for x*(t) to obtain

W QO W(0)Q Qo




AThis implies that, if® QoOisreal,

=( 9 =9

AThus,® QU is complex, taking real and imaginary parts of this
expression gives

Y@(Q0F Y@ Q0 Al BEO(QY}  Oda( QU3
Aln words,
Aif x(t) is real , then
Areal part of transform is an even function of frequency,
Aimaginary part of transform is an odd function of frequency

Ai.e. magnitude spectrum is an even function while phase
spectrum Is an odd function

AThis is summarized in Table 3.4
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Table 3.4 Symmetry Properties for Fourier Representation
of Real- and Imaginary -Valued Time Signals

RealValued Imaginary- Valued
Representation Time Signals Time Signals
FT O(Q) ® Q0 | &(Q) @ QO
FS O[A ® Q W [Q ® Q
DTFT Q) Q) [ w(Q) &(Q)
DTFS O[QA ® 0 O[Q o 0
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AConjugate symmetry property for the DTFS may be written a$[k] = X[N - K],
Abecause the DTFS coefficients aieperiodic, and thusX[-k] = X[N - k].

ALet the real valued input signal be(®) © w£0id %o and the reatvalued
Impulse response be denoted b(t).

AThen the frequency responséd(jw) is the FT of h(t) and is thus conjugate
OUui il AOOEA8 50ET C %Ol AO60O £ Ol Ol A Ol

o (2)aC > (9)
w(0) (C)Q qQ

AApplying (3.2) and linearity
" 0 . 0
6(0) |"CX’Q0|(E>‘Q( (CW o ’QD'(E>‘Q ( (OO
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AExploiting the symmetry condition and simplifying:
W0) [OQD|I0 wELio % A JQQH))
AThis is Showin in Fig. 3.50below

x(t) = A cos (vt - f) y(t) = AlH(jVv)| cos (vt = f + arg{ H(jv)})

AlH(jv)|
t —> h(t) —> /\/\
0
~AlH(jv)| T

f—arg{H(V))
'

Figure 3.50 (p. 257) : A sinusoidal input to an LTI system results in a sinusoidal
output of the same frequency, with the amplitude and Qhase modified by the
OUOOAI 60 AZOANOAT AU OAODPI T OA
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Aif x[n] = Acos(Wh - £) is the input to a discretetime LTI system with a
real-valued impulse responséh|n], theny|n] is the output signal:

we  |AQ )6 wéng % AQQQ )}
Asuppose thatx(t) is purely imaginary, so thatx*(t) = -x(t).
ASubstituting x*(t) = -x(t) into Eq. (3.37) results in

o QD woQ C Qo

AThat is
GIQd & QU (3.39)

AThe real part is then Ref(jw]} = - Re{-jw]} (odd symmetry) and
Im{X[jw]} = Im{X-jw]} (even symmetry) as shown in Table 3.4. .
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Rectangular Pulse

Raised Cosine Pulse

Rectangular Pulse x Raised Cosine Pulse
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—igure 3.49 (p. 255)
Representation of the
periodic signalz(t) as a
weighted sum of periodic
sguare waves:

z(t) = (3/2) x(t) + 1/2y(t).
(@) z(1). (b) x(t). (c) y(t).

z(1)
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3.9.2 Symmetry Properties: Even and Odd Signals

ASuppose thatx(t) is real-valued and has even symmetry. Thext(t) = x(t)
and

Ax(-t) = x(t), from which we deduce that x*(t) = x{t). Substituting x*(t) = x(-t)
Into Eqg. (3.37), we may write

F(Q) @ o0 (J)Qo et o &

AHence, x(t) is real.

ASimilarly, we may show that ifx(t) is real and odd, then X*}(v) =-X(jw) and
X(w) Is Imaginary.

20



3.10 Convolution Properly

AConvolution of signals in time domain transforms to multiplication in
frequency domain.

3. 10.1 Convolution of Nonperiodic Signals
AConsider convolution of two nonperiodic continuoustime signalsx(t) and

h(t)
w0 o2z w0 whHwo 1aQr ACQIN(QAQ D
Aand we identify Hw)X(jw) as the FT ofy(t). Hence

(O W) 7 G6)——i(Q) QY0 (3.40)
AANnd for DTFT, we have
el  ofe]z Qe < > 'Q O(Q )oQ (3.40)
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Table 3.2 The Four Fourier Representations

Time Periodic Nonperiodic
Domain (t, n) (t, n)

Continuous Fourier Series Fourier Transform Nonperiodic
(t) -~ ) (k, w)
WO W] QAQ w(0) C_ ®QUQ QU
o .,EY voQ Qo | X(Q) WOQ Qo
Discrete Discrete-Time Fourier Series |Discrete-Time Fourier Transform  Periodic

[N] 5 p |
€] W[ Q0 W o GQ Q Qy
P
I P s . s A
W@ = We]Q O(Q ) aE]Q
Discrete Continuous Frequency
(K) L hm Domain




EXAMPLE 3.31 SoLVING A CONVOLUTION PROBLEM IN THE FREQUENCY DOMAIN Let
x(t) = (1/(mt))sin(wt) be the input to a system with impulse response
h(t) = (1/(mt)) sin(2wt). Find the output y(¢) = x(t) * b(¢).

Solution: This problem is extremely difficult to solve in the time domain. However, it is
simple to solve in the frequency domain if we use the convolution property. From Exam-

ple 3.26, we have o
FT v _ )1, <
x(t) «— X(jw) = {0, lw| >

and

FT i 1, < 2w
(1) T H(jo) = {0 # il

Since y(2) = x(t) * b(t) ——— Y(jw) = X(jw)H(jw), it follows that

1, |w| <=

i {0, ol > #”
and we conclude that y(¢t) = (1/(wt)) sin(wrt).

24




sine(t)
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Convolution of sinc functions in time domain transform

multiplication of rectangles in frequency domain
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Example: Find inverse Fourier Transform of O {

()}

Solution:

o) O { ( )} O { ( ) ( )}
o (Yo (Y cingra ob)
po i ) Q
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T O E(I0 "Y710

wo i
[\
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sinc(wT) rec‘t(t)

rectit)

0.5

triangle(t)
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ExamMPLE 3.32 FINDING INVERSE FI’s BY MEANS OF THE CONVOLUTION PROPERTY
Use the convolution property to find x(t), where

x(t) LN X(jw) = -Efsinz(m).

Solution: We may write X(jw) as the product Z(jw)Z(jw), where

Z(jw) = %sin(m).

The convolution property states that z(¢) * z(z) LN Z(jw)Z(jw), so x(t) = z(t) * z(¢).
Using the result of Example 3.25, we have
_J1, ltf<1  Fr _
Z(t) _ {0: Itl > 1 Z(]&J),
as depicted in Fig. 3.52(a). Performing the convolution of z(t) with itself gives the trian-
gular waveform depicted in Fig. 3.52(b) as the solution for x(¢). T
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Figure 3.52 (p. 261)

Signals for Example 3.32.

(a) Rectangular pulsez(t).

(b) Convolution of z(t) with itself gives x(t).

X(1)

z(1) 2
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-1 0 I -
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0

(a) (b)
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Figure 3.51 (p. 259)
Freguencydomain representations for Problem 3.17.
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3.10.2 Filtering
AO&EI OAOETI Cé6 EIiI Pl EAO OEAO O i1 A 4
eliminated while others are passed by the system unchanged.

AA low-pass filter attenuates highfreq components of the input and
passes the lower frequency components.

Aln contrast, ahighpassfilter attenuates low frequencies and passes
the high frequencies.

AA bandpass filter passes signals within a certain frequency band
and attenuates signals outside that band.

AFigures 3.53(a)(c) illustrate ideal low-pass, highpass, and banepass
filters, respectively, corresponding to both continuous and discrete
time systems.

ACharacterization of discretetime filter is based on its behavior in the
frequency range-* <W<* because Its frequency response Is*2
periodic. 2
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Figure 3.53: Freqguency response of ideal continuougleft panel) and discretetime (right panel) filters.
a) Low-pass characteristi¢ b) High-pass characteristi¢ ¢) Bandpass characteristic. 33



3.10.2 Filtering

Aln signal processing, a filter is a device or process that removes some unwanted
components or features from a signal. e.g. Low Pass Filter removes high frequenci
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3.10.2 Filtering

Almpossible to build a practical system that has the discontinuous frequency
response characteristics of the ideal systems depicted in Fig. 3.53.

ARealistic filters always have a gradual transition from passband to stopband.
AThe range of frequencies over which this occurs is known as the transition banc
ARealistic filters do not have zero gain over entire stopband, but very small gain

AFilters with sharp transitions from passband to stopband are difficult to
Implement.

AMagnitude response of a filter is commonly described in units of decibels dB,
defined as¢ T al/OQu|or¢ T a/OHW )| .

35




Decibel Concept

ATo convert a ratio intoDeciBell(dB) we do: p 1t | G- 67 A

ATo convert the loss () into DeciBell(dB)we do: pt | G 0 A"
ASignal power levels are usually expressed with respect tortW power as dBm

. D . 0 . v
| — | CG—— | ) A"
p % T P T (;p — ml @mw
AMore on logarithms _
e x . N
: | | —
prle e 118 o5 ..
cht i G¢ ¢l @7 pnl @ pnm® oA
AA factor of 2 larger ortwicemean® 1 | @ o 'Qé 3 dB higher.
AA factor of 2smallerorhalfmeanp 1 1 G p 1 | @ cQé 3dB
smaller

~

} o 0f
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3dB Bandwidth

QW Q+rW
Stop Elandl':_'- | Pass Band Stop Eland?":':-

I AT AN . A pw p1IpC mMQO

Frequency Response

< Bandwidth — >
‘\-\ Slope =

+20dBDecade

- W Q W

AThe 3 dB bandwidth is the frequency at which the signal amplitude
reduces by 3 dB I.e. becomes half of its maximum value.

AThe bandwidth of a filter is usually defined as the 3 dB bandwidth.

37
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AThe edge of the passband is usually defined by frequencies for which the
response is-3 dB, corresponding to a magnitude response of\/—.

ASince the energy spectrum of the filter output is given by
| QU 'O QU | Q|

Athe -3 dB point corresponds to frequencies at which filter passes only half o
the input power and these frequencies are called the cutff frequencies

AThe frequency response of the continousime filter is
Y(jw) (3.42)

X(jw)
AANd the frequency response of the discretéime filter is

H{jw) =

_ (™) (3.43)
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ExampLE 3.33 RC Circurr: FILteRING  The RC circuir depicted in Fig. 3.54 may be
used with two different outputs: the voltage across the resistor, y;(t), or the voltage across
the capacitor, y-(t). The impulse response for the case where y(#) is the output is given by
(see Example 1.21)

= 1 -uro
bc(t) Rce “(t).
Since yp(t) = x(t) — yc(t), the impulse response for the case where y(?) is the output is
given by

br(t) = 8(t) — Elae“/“‘c)u(t).

Plot the magnitude responses of both systems on a linear scale and in dB, and character-
ize the filtering properties of the systems. 4o



Figure 3.54 (p. 264) : RCcircuit with input x(t) and outputsy,, and yg(t).

L YR _

R +
x(1) C yc ()
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Solution: The frequency response corresponding to h(t) is

S 1
Hclio) = R+ 17
while that corresponding to bp(t) is
.. JoRC
Hy(jw) = joRC + 1

Figures 3.55(a) and (b) depict the magnitude responses |Hq(jw)| and |Hg(jw)|, respectively.
Figures 3.55(c) and (d) illustrate the magnitude responses in dB. The system corresponding
to output ¥-(7) has unit gain at low frequencies and tends to artenuate high frequencies.
Hence, it has a low-pass filtering characteristic. We see that the cutoff frequency is
w. = 1/(RC), since the magnitude response is ~3 dB at w,. Therefore, the filter passband
is from 0 to 1/(RC). The system corresponding to output yg(2) has zero gain at low fre-
quencies and unit gain at high frequencies and thus has a high-pass filtering characteristic.
The cutoff frequency is w, = 1/(RC), and thus the filter passband is |o| > w.. 4
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AThe convolution property implies that the frequency response
of a system may be expressed as the ratio of the FT or DTFT
the output to that of the input. Specifically, we may write, for a
continuous-time system

QO (3.42)

and for the discretetime system

AQ ) (3.43)

45



EXAMPLE 3.34 IDENTIFYING A SYSTEM, GIVEN ITS INPUT AND OUTPUT  The output of
an LTI system in response to an input x(£) = e >u(t) is y(¢) = e”'u(t). Find the frequency
response and the impulse response of this system.

Solution: We take the FT of x(t) and y(t), obtaining

, |
X(jo) jo + 2
and
1
Yjw) = w+1
Now we use the definition
. Y(jo)
H(jw) = 3 —

X(jw)

46



to obtain the system frequency response

L, Jo+2

H{jo) = =71

This equation may be rewritten as
: jo + 1) 1
= +
H(jew) (;(o +1 jo + 1
1

a + .

1 jo + 1

We take the inverse FT of each term to obtain the impulse response of the system:
h(t) = 8(t) + e”'u(t).

47



ANote thatEgs (3.42) and (3.43) also imply that we can recove
the input of the system from the output as
O(Qd O (QUL QUL
AANd for the discretetime case
HQ ) O (Q)dQ
AAn inverse system is also known as aequalizer, and the

process of recovering the input from the output is known as
equalization .

48



EXAMPLE 3.35 MurLTiPATH COMMUNICATION CHANNEL: EQUALIZATION Consider again
the problem addressed in Example 2.13. In this problem, a distorted received signal y[ ]
is expressed in terms of a transmitted signal x[n] as
yin]l =x[n)l +ax[n—1], 4 <1.

Use the convolution property to find the impulse response of an inverse system that will
recover x[n] from y[n].
Solution: In Example 2.13, we expressed the received signal as the convolution of the
input with the system impulse response, or y[n] = x[n] * h[n], where the impulse response
is given by

1, n=20

hn]=4a n=1
0, otherwise

The impulse response of an inverse system, #™[n], must satisfy the equation

H™[n] * b{n] = 8[n).

49



Taking the DTFT of both sides of this equation and using the convolution property gives
H™(e™)H(e™") = 1,
which implies that the frequency response of the inverse system is given by

N 1
H™(e") = —r.
= HEm
Substituting /[n] into the definition of the DTFT yields
b[n] ———— H(e®) = 1 + ae™®.
Hence,
e |
v i1y —
H ) = ¥ e

Taking the inverse DTFT of H""(¢?) gives the impulse response of the inverse system:
h™[n] = (—a)"u[n).

50



3.10.3 Convolution of Periodic Signals

AThe convolution of periodic signals does not occur naturally since any system wit
a periodic impulseresponse is unstable.

ADefine periodic convolution of 2 continuous-time signalsx(t) and z(t), with period
T, as

O Ot & w(Paldc DQT
Awhere the symbolt denotes that integration is performed over a single pedd
ADiscrete-time convolution of two N-periodic sequencesn] and z[n] defined as

~d

We WEt A& JQae Q

AThis is the periodic convolution ofwé andd € . The signal[n] is N periodic.
DTFS representation forz[n] results in the property

. F] p_ . w A ey w
el cofE]t ae < O 0 GO0 (3.46)
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EXAMPLE 3.36 CONVOLUTION OF TWO PERIODIC SIGNALS Evaluate the periodic con-
volution of the sinusoidal signal

z(t) = 2cos(2mt) + sin(4nt)
with the periodic square wave x(¢) depicted in Fig. 3.56.

Solution: Both x(t) and z(t) have fundamental period T = 1. Let y(¢) = x(2) ® 2(2).
FS;2w

The convolution property indicates that y(z) «— > Y[k] = X[k]Z[k]. The FS repre-
sentation of z(¢) has coefficients
1, k= +1
_ 1/(2f), k=2
A =11, k=2

0, otherwise

52



The FS coefficients for x(¢) may be obtained from Example 3.13 as

X[k] = 2 sm(;:/l)

Hence, the FS coefficients for y(¢) are

1/n, k= %1
0, otherwise’

Y{k] = X[k]Z[k] = {

which implies that
y(t) = (2/m) cos(2mt).

93
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Figure 3.56 (p. 268) : Square wave for Example 3.36.



3.11 Dfferentiation and Integration Properties

ADifferentiation and integration apply to continuous functions.
AWe derive integration and differentiation properties for several of these cases

TABLE 3.6 Commonly Used Differentiation and Integration Properties .

Q 5 5 Q
,Qéo(o) QUL (R Os (1)) ,Quoo 0
Qe 0o

Qo '
QE[E)- 20
)
(HQ + Q) GO 0
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3.11.1 Differentiation in Time

AConsider the effect of differentiating a nonperiodic signat(t), where x(t)
andits FT,X(jw), are relate 1

x(t) = — X(jw)e™ dw.
(6) =5 a )
ADifferentiating both sides of this equation with respect to t yields

d O Y

dtx(t) = o f_m X(jw)jwe'™ do,
Afrom which it follows that

d FT

thx(t) — joX(jw).

Adifferentiating a signal in the time domain corresponds to multiplying its FT
by jw In the frequency domain
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EXAMPLE 3.37 VERIFYING THE DIFFERENTIATION PROPERTY The differentiation prop-
erty implies that

d _, . FT__jo

dt(e ) < g jo

Verify this result by differentiating and taking the FT of the result.
Solution: Using the product rule for differentiation, we have

g;(e"‘u(t)) = —age “u(t) + e “é(¢) |

= —ae “u(t) + 8(¢).

Taking the FT of each term and using linearity, we may write

d,6 _,. FT —a

——f " —> +

dt(e “(t)) a+ jo .
FT jo
M
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ExXAMPLE 3.38 MEMS ACCELEROMETER: FREQUENCY RESPONSE AND RESONANCE The
MEMS accelerometer introduced in Section 1.10 is described by the differential equation

d> [ |
tzy(t) b = 0 ﬂrty(if) + wry(t) = x(2).

Fmd the frequency response of this system and plot the magnitude response in dB for
= 10,000 rads/s for (a) O = 2/5,(b) O = 1, and (c) O = 200.

Solution: Applying Eq. (3.47) gives

H(jw) = !

. \2 + & - + W
(j) 0 (jo) + o,
Figure 3.58 depicts the magnitude response in dB for the specified values of w, and Q. The
magnitude response for case (a), O = 2/5, decreases as w increases, while that for case
(b), O = 1, is approximately constant for ® < w, and then decays with increasing fre-
quency for @ > w,. Note that in case (¢}, when Q is large, there is a sharp peak in the

o8



ANote that in case (c), when Q is large, there is a sharp peak in the
frequency response atv, = 10,000 rad/s, which indicates a resonant
condition.

AThe accelerometerapplication favors Q = 1, so that all accelerations in
the frequency range of interesty <w,_ are characterized byapprox.
equal gain.

Alf Q < 1, then the system bandwidtllecreases, so the accelerometer
response to input components neaw,, Is reduced.

Alf Q>>1, then the device acts as a very narrowband bandpass filter anc
the accelerometerresponse is dominated by a sinusoid of frequenay,,

AA resonant condition occurs when the damping factor D representing
frictional forces is small, since Q varies inversely with D,

ANote that the potential energy associated with the spring is maximal
when the mass is amaximum displacement and zero when the mass
passes through the equilibrium position »



AConversely, kinetic energy is maximal when mass passes through
equilibrium

Aposition, since that is when the velocity reaches a maximum, and is zero
when the mass is at maximum displacement.

AMechanical energy in system is constant, so, at resonance, kinetic energy i
being exchanged with potential energy as the mass oscillates in a sinusoids
fashion.

AThe frequency of motion for which the maximum kinetic energy is

Aequal to the maximum potential energy determines the resonant frequency
W,

AAnalogous resonant behavior occurs in a series RLC circuit, although here
the resistor is the loss mechanism, so resonance occurs when the resistanc
IS small.

AThe capacitor and inductor are energy storage devices and an oscillatory
current-voltage behavior results from energy exchange between capacitor
and inductor.
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Figure 3.57 (p. 270)
The signalz(t) defined
In Eg. (3.45) whenJ=
10.
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EXAMPLE 3.39 Use the differentiation property to find the FS representation of the tri-
angular wave depicted in Fig. 3.59(a).

Solution: Define a waveform z(t) = %y(t). Figure 3.59(b) illustrates z(t). The FS coef-
ficients for a periodic square wave were derived in Example 3.13. The signal z(t) corre-
sponds to the square wave x(t) of that example with T,/T = 1/4, provided that we first
scale the amplitude of x(¢) by a factor of four and then subtract a constant term of two units.
That is, 2(t) = 4x(t) — 2. Thus, Z[k] = 4X[k] — 28[k], and we may write

0, k=0

o(t) —=22—s 7Z[k] = { 4sin(%) M

k‘” : 63




The differentiation property implies that Z[k] = jkw,Y[k]. Hence, we may determine Y] k]
from Z[k] as Y[k] = ~—Z[k] except for k = 0. The quantity Y[0] is the average value
of y(t) and is dctcmuncd by inspection of Fig. 3.59(a) to be T/2. Therefore,

k#0

T/2, k=0
¥(t) TS Y[k] = {ZTsin("-i'-') :
k2 .




{al (]

Figure 3.59 (p. 274) : Signals for Example 3.39.
(a) Triangular wave y(t).
(b) The derivative ofy(t) is the square wavez(t). 65
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