2 Frequency-Domain Analysis

Electrical engineers live in the two worlds, so to speak, of time and frequency.
Frequency-domain analysis is an extremely valuable tool to the communi-
cations engineer, more so perhaps than to other systems analysts. Since the
communications engineer is concerned primarily with signal bandwidths and
signal locations in the frequency domain, rather than with transient analysis,
the essentially steady-state approach of the (complex exponential) Fourier
series and transforms is used rather than the Laplace transform.

2.1 Math background
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2.2. We can use cosx = % (6” + 6_”) and sinz = & (eﬂ — 6_”) to derive

2j
many trigonometric identities. See Example [2.4]

Example 2.3. Use the Euler’s formula to show that % sinx = cos .
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Example 2.4. Use the Euler’s formula to show that cos*(z) = 3 (cos(2z) + 1).

(coster)” = (i(c e "“))

e +2¢€ ¢ + £

Nt

1

) -
Lr
(¢

( 2goC I % —~2 0t

n
~l-=



2.5. Similar technique gives

a) cos(—x) = cos(x),

5.
(a)
(b) co ( - 5) = sin(a)
)
)
)

(c) sin*z = 5 (1 — cos (2z))
(d) sin(z) cos(z) = 1sin(2z), and
(e) the product-to-sum formula P HN 1
1
cos(z) cos(y) = 5 (cos(x +y) + cos(z — y)) . (4)

2.2 Continuous-Time Fourier Transform

Definition 2.6. The (direct) Fourier transform of a signal g(t) is defined

by ‘FOFNGV'CA SPEG'h'U”! ' G(,CJ] (erh“‘uc)b)
+00 66{ G(f) spectevm
Fiqten = 60f) - [ aeiSay )
oo LG phose spectom

This provides the frequency-domain description of g(t). Conversion back to
the time domain is achieved via the inverse (Fourier) transform:

= [ Gper ()
e We may combine (5) and (6)) into one compact formula:
[ewerta =g E 6= [s®e i

e We may simply write G = F {g} and g = F ' {G}.

e Note that G(0) = [~ g(t)dt and g(0) = = G(f)df. ﬁ
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2.7. In some referenced’, the (direct) Fourier transform of a signal g(t) is
defined by

Glw) = /_ N g(t)e 7@tdt (8)

(0. ¢]

In which case, we have

% / G (w) el = g (t) == G () = / g(t)edt (9)

e In MATLAB, these calculations are carried out via the commands fourier
and ifourier.
A Oo OO A
e Note that G(0) = [ g(t)dt and g(0) = 5= [ G(w)dw.
—00
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e The relationship between G(f) in (§) and G(w) in (8) is given by

G(f) = Gw)

w=27 f

G(w) = G(f)l-s (11)

27

Before we introduce our first but crucial transform pair in Example [2.12
which will involve rectangular function, we want to introduce the indicator
function which gives compact representation of the [rectangular function.
We will see later that the transform of the rectangular function gives al'sing
function. Therefore, we will also introduce the sinc function as well.

Definition 2.8. An indicator function gives only two values: 0 or 1. It
is usually written in the form

1[some condition(s) involving ¢].

Its value at a particular ¢ is one if and only if the condition(s) inside is
satisfied for that ¢. For example,

1, —a <t <a,
0, otherwise.

1 <) - §

SMATLAB uses this definition.



Alternatively, we can use a set to specify the values of ¢ at which the indi-
cator function gives the value 1:

1, teA,
1A(t):{0 td A

In particular, the set A can be some intervals:

oaa(t) = { loast<ae TR
, otherwise, & &
and
a® =1 sinerwie,
Example 2.9. Carefully sketch the function g(t) = 1[|t| < 5] ;Ez; ; :
—1|—o 3(5_1) =0
f‘; ? —t 9(5) =1
Definition 2.10. Rectangular pulse [3, Ex 2.21 p 45]: Cf]('g) =1
1

o [1(t)=1[Jt| <0.5] = 1{_gs505 () -t
-0.7 o-5

o This is a pulse of unit height and unit width, centered at the origin.
Hence, it is also known as the unit gate function rect (&) [4, p 78].

o In [3], the values of the pulse [] (¢) at 0.5 and —0.5 are not specified.
However, in [4], these values are defined to be 0.5.

o In MATLAB, the function rectangularPulse(t) can be used to pro-
duceﬁ the unit gate function above. More generally, we can produce
a rectangular pulse whose rising edge is at a and falling edge is at
b via rectangularPulse(a,b,t).

cT1(#) =11 <%] =1 nm @)

1

L%

i >t
o Observe that Tj is the width of the pulse. --LZ" T
2
—

T

o

SNote that rectangularPulse(-0.5) and rectangularPulse(0.5) give 0.5 in MATLAB.

8



Definition 2.11. The function
sinc(z) = (sinz)/x (12)

is plotted in Figure [2|

»
»

Figure 2: Sinc function

e This function plays an important role in signal processing. It is also
known as the filtering or interpolating function.

o The full name of the function is “sine cardinal”ll

e Using L’Hopital’s rule, we find lirr(l) sinc(x) = 1.
T—

e sinc(z) is the product of an oscillating signal sin(x) (of period 27) and
a monotonically decreasing function 1/x . Therefore, sinc(z) exhibits
sinusoidal oscillations of period 27, with amplitude decreasing contin-
uously as 1/x.

e Its zero crossings are at all non-zero integer multiples of 7.

"which corresponds to the Latin name sinus cardinalis. It was introduced by Woodward in his 1952
paper “Information theory and inverse probability in telecommunication” [10], in which he noted that it
“occurs so often in Fourier analysis and its applications that it does seem to merit some notation of its

own”



e In MATLAB, in [3], p 37], in [12, eq. 2.64], and in [10], sinc(x) is defined as
(sin(mx))/mx. In which case, its zero crossings are at non-zero integer
values of its argument.

o This is sometimes called the “normalized” sinc function to distin-
guish it from which is unnormalized .

Example 2.12. Rectangular function and Sinc function:

2&“ =t < d ; Sin(if;fa) - QSmw(aw) = 2a sinc (aw) = 22 ¢¥3) (27/a)

‘J 2”7(1_4 (0% '_:)27’7[{_ -.j 274\ &
th= [que be [7Tes e—
-Jz?? £
C . t =-C
1) 7 o ~)7Fa in (17 Fa
é - €& B 26 Sio ) = 20 ginc('2777[a|,)
- 27 F 207 f \ e
A K = O
x = k77 F
. 20fe = k77 \
. ! (1, 4
sinc( 27 fot) 2—1fol|]a)‘ <2z f;] i ,c = ;kz T(,smc[}w] P
A E : ° Zl
| ol K o To
»t \L] 27 f, : |71_| N | v 2
F ) : I, Dvea  Tsing(#T,f)
=21, L
> f :

'/MJ'I-I-:
Figure 3: Fourier transform of sinc and rectangular functions

By setting a = T/2, we have
To| F
1 [|t| < —°] = Ty sinc(7Tyf). (14)
2| F
f
In particular, when Ty = 1, we have rect () f sinc(mf). The Fourier
transform of the unit gate function is the normalized sinc function.
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Definition 2.13. The (Dirac) delta function or (unit) impulse func-
tion is denoted by 6(¢). It is usually depicted as a vertical arrow at the
origin. Note that §(t) is notﬂ a true function; it is undefined at t = 0. We
define §(t) as a generalized functign which satjgfies the sampling property

(or sifting property) _[Sbth 5 ()= ]Pw) 3(6)dt = plo) (ﬂh dt
| o= o) S (15)

for any function ¢(t) which is continuous at ¢ = 0.

e In this way, the delta “function” has no mathematical or physical mean-
ing unless it appears under the operation of integration.

e Intuitively we may visualize 6(¢) as an infinitely tall, infinitely narrow
T

rectangular pulse of unit area: lim 21 Ut\ < %} A2
e—0 ¢
2.14. Properties of 0(¢): Sl
o 5(t) =0 for t £ 0. | 3

d(t—T)=0fort#1T.
o [io@dt=140).= {2 250
(a) [0 6(t)dt =1.
(b) f{o}é(t)dt: 1.
(c) [7 6(t)dt = 1j ) (z). Hence, we may think of §(t) as the “deriva-
tive” of the unit step function U(t) = 1)) «)(z) [11], Defn 3.13 p
126].

o [7 g(t)d(t — c)dt = g(c) for g continuous at T'. In fact, for any € > 0,

/ - gt)o(t — c)dt = g(c).

T—¢

° Convolutionﬂ property:

o

(0% g)(t) = (g% 0)(t) = / g(1)o(t — 7)dr = ¢(t) (16)

—0

where we assume that ¢ is continuous at ¢.

8The 6-function is a distribution, not a function. In spite of that, it’s always called J-function.

9See Definition M
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e O(at) = L

@0(2). In particular,

5(w) = 5-0(f) (17)
and |

0w —wo) =027 f =27 fo) = o—0(f — fo), (18)
where w = 27 f and wy = 27 f).

2 2
Example 2.15. f o (t)dt = 1 and f 4 (t)dt = O Observation, when we include t = 0
-1 1 in the integration, we get 1.

9 Otherwise, we get 0.
Example 2.16. [§ (t)dt = ?
0

2 Better notation:
Problem: By writing 0 in

do we include 0 in the

. [ swdr=n Ssu-;clt- =0
integration? '!j:_o, 2] (0,2 ]
F
Example 2.17. §(t) f L. samploy peopecty
o - TFt ) -)2 5/t
JSH’JC dt =glo) = ¢ = 4
————
- 3‘-{_) t=o0
. F 1
Example 2.18. 21 == 5§ (f — f,). __T__L,
p 7‘ GD (f = fo) 7 £
[ ] /M s ; o
e Rkl 1277 (et /)t
s(FAre Af . Js(/~)e 0 o
_ s Ay - .
o 1(/0) J‘Zﬂ;{‘t
- al/u. =J 7[ = &
Example 2.19. e/« f 276 (w — wy).

F
Example 2.20. ¢/ ? 5 (4-2)

wht=umt “ 1\'
Yo =2 1

-~
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Example 2.21. cos(2007rt)

e —r

2K -2005!( 1\

A =100 H2'T10® l 100
F (-7
2.22. cos(2mfot) == 5 (6 (f — fo) + 6 (f + fo))-
2»7‘ {- 7t “’T ‘ v
= 1 gJ + ‘1- e @ T >,
2 2 a4 - £ | rande
F
Example 2.23. cos(?_ggt) ey "2 ‘I‘ /g
\Q”’C ={oo T T .}/
— o 100
Loz cw ooy
Example 2.24. cos (2007¢) T_l
Vo 4 w2 Wy
T 1 1 N
}::_oo -100 e 200 7
Example 2.25. cos (t) — 5 cos (3t) + £ cos (5¢) Tf
WMWY e
s B !
VoW \mr/.y,,, I
- N2 10
9() = cos(t) — = cos(3t) + = cos(5t) —F—» ST S 4.4 , —
A TS, =1 3 oA -35 Yir {1 -;1} o l_% 2
2= 27 (o)t
2 NN
Example 2.26. cos” (2007t) ey 1/2
V4 T 1y
3 -}t & i.:,‘ (-] "7-.-" | S
(-co!n.)‘.z (i‘&‘f%GJ ) l:-!ie %JZ-C 1--1.-‘2. -200 | 200 7
=200t l
=+te,u¢:o-)1: %51_ _I;e",w{-un)t
szﬂat 13
ze



7;’7(1"") t 27(200) b

F v Y Yy 1
Example 2.27. cos (2007t) x cos (4007t) =— T 7*) v > F

- =300 --m-’ 100 3o0

) )* ) o 3 -
) %‘ (chﬂ(sob , cnxrlw J’C+ C)vz( 100)t &32” (_-30°)'l‘)

( §(#-100) + 5(#-100) + 5(F-(- 100) + 5 (£~ (—300)))

2.28. Conjugate symmetryﬂ If g(t) 1s_ then G(—f)
(G(f)) cumrlt..\f ""_"“‘h.l ‘
CD'\:'Uj&'Han g (- ) = 3('&)

- | (4
<y Ft
A(F) = J-‘j({wcj dt /\/‘%\
-'-o-o - - l : — £
=)yem (- ~)urAr \* ¥
&(-#) = Jju:)cJ 7EAY e X (cJ ’ ) dt - (C"(’E)D

(a) Even amplitude symmetry: |G (—f)| = |G (f)]
(b) Odd phase symmetry: /G (—f)=—ZG (f)

Observe that if we know X (f) for all f positive, we also know X (f) for
all f negative. Interpretation: Only half of the spectrum contains all
of the information. Positive-frequency part of the spectrum contains all
the necessary information. The negative-frequency half of the spectrum can
be determined by simply complex conjugating the positive-frequency half of
the spectrum.

Furthermore,

(a) If g(t) is real and even, then so is G(f).
(b) If g(t) is real and odd, then G(f) is pure imaginary and odd.

19Hermitian symmetry in [3, p 48] and [7, p 17 ].
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yerht
jar A (E-%,) 12TAY Harh i,

Try qlkr= Ae

3(t—-‘t1) = Ae =Ae e
2.29. Shifting properties -,}zrr/.t,A yerht
'Hﬂ-l. A lﬂ' ce \ E —
o Time-shift: T e o (+>

yierzg(t—1) ;L—l e PING (f) = YCF)

m

o Note that [e=/2™/%1| = 1. So, the spectrum of g (t — ¢;) looks exactly
the same as the spectrum of g(¢) (unless you also look at their

phases). Ex. | g lel|
Ry,
}‘r(f)}JC)M hlk;(f)' _—l_l—a. ] —1 Aﬁa—;_,
——— ylﬂ:_q_’.“:-s) Same l‘fff)l
1 1—G 3 Vrea,

e Frequency-shift (or modulation):

I (1) = G (f - i)

2.30. Let g(t), g1(t), and g2(t) denote signals with G(f), G1(f), and Ga(f)
denoting their respective Fourier transforms.

(a) Superposition theorem (linearity):
f
a191(t) + azg2(t) == a1Gi(f) + axGa(f)-

(b) Scale-change theorem (scaling property [4, p 88]):
. i
i
ooty = 176 ().

e The function g(at) represents the function g(t) compressed in time
by a factor a (when |a| > [). Similarly, the function G(f/a) repre-
sents the function G(f) ezpanded in frequency by the same factor
a.

15



e The scaling property says that if we “squeeze” a function in ¢,
its Fourier transform “stretches out” in f. It is not possible to
arbitrarily concentrate both a function and its Fourier transform.

e Generally speaking, the more concentrated ¢(t) is, the more spread
out its Fourier transform G(f) must be.

e This trade-off can be formalized in the form of an uncertainty prin-
ciple. See also [2.40| and [2.41]

e Intuitively, we understand that compression in time by a factor
a means that the signal is varying more rapidly by the same fac-

tor. To synthesize such a signal, the frequencies of its sinusoidal
components must be increased by the factor a, implying that its
frequency spectrum is expanded by the factor a. Similarly, a signal
expanded in time varies more slowly; hence, the frequencies of its
components are lowered, implying that its frequency spectrum is

compressed. ) 3, &(A)
(¢) Duality theorem (Symmetry Property [4, p 86]):

G(t) = g(-1)

e In words, for any result or relationship between ¢(t) and G(f),
there exists a dual result or relationship, obtained by interchanging
the roles of g(t) and G(f) in the original result (along with some
minor modifications arising because of a sign change).

In particular, if the Fourier transform of ¢(¢) is G(f), then the
Fourier transform of G(f) with f replaced by ¢ is the original time-
domain signal with ¢ replaced by —f.

e If we use the w-definition (§)), we get a similar relationship with an
extra factor of 27:

A

G(t) == 2mg(—w).

Example 2.31. g(t) = cos(27r£1f(9f) ;‘ S(6(f —afo) +0(f +afo)).

9t X L Ls(L-4 vls Lk
o cor (7 (a0 — Lels) (3 )% (L ))
VP REERS

ﬁtb):Cos(ZV/o t) —E _’l_z 5(7[“7[0 16+l 5(/'1-7[0 = C—.U‘)



Example 2.32. From Example [2.12] we know that
1[¢] < a] fé 2% sine (2raf) (19)
By the duality theorem, we have
24 sinc(2rat) fé 1 - f| < d,

which is the same as

sinc(2rfot) == 511 < fil (20)

Both transform pairs are illustrated in Figure [3]

Example 2.33. Let’s try to derive the time-shift property from the frequency-
shift property. We start with an arbitrary function g(t). Next we will define
another function z(t) by setting X (f) to be g(f). Note that f here is just
a dummy variable; we can also write X (¢) = ¢(¢). Applying the duality

JT.'
theorem to the transform pair z(t) f X(f), we get another transform

j’.'
pair X (t) ? z(—f). The LHS is g(t); therefore, the RHS must be G(f).
This implies G(f) = x(—f). Next, recall the frequency-shift property:

T2l () % X(f—c).

The duality theorem then gives

X (t—rc) % el T g (—f) .
Replacing X (t) by ¢(t) and xz(—f) by G(f), we finally get the time-shift
property.

Definition 2.34. The convolution of two signals, g;(¢) and g»(), is a new
function of time, g(t). We write

g = 91 %92
It is defined as the integral of the product of the two functions after one is
reversed and shifted:

g9(t) = (g1 % g2)(¢) (21)
= /_ 91(1)g2(t — p)dp = /_ g1(t = p)ga(p)dpe. (22)

17



e Note that ¢ is a parameter as far as the integration is concerned.
e The integrand is formed from ¢g; and go by three operations:

(a) time reversal to obtain go(—pu),

(b) time shifting to obtain go(—(p —t)) = go(t — ), and

(¢) multiplication of g;(u) and go(t — p) to form the integrand.
e In some references, is expressed as g(t) = g1(t) * ga(t).

Example 2.35. We can get a triangle from convolution of two rectangular
waves. In particular,

1[Jt] < a] * 1[Jt] < a] = (2a — |¢]) x 1[}t] < 2a].

200
L 1
l’ 1 M /
-+ >t v, = >
’)\ T « B . -2C 2a ‘
P 1R8] vgu, :.30:) ¥ 3(t) = 3Lt)
9Lt ¥ 3(t-2a) = glt-a)
2.36. Convolution theorem:
(a) Convolution-in-time rule:
AN
g1 * g2 F G1 X Gg. (23)
(b) Convolution-in-frequency rule:
BN
g1 X g9 F G1 * GQ. (24)

Example 2.37. We can use the convolution theorem to “prove” the frequency-
sift property in [2.29]

. .t .
LJ2’77[ —-.-S—:\ 5-67[-7[0)

c.jw}bEau) --}—3 IF-Ape & (F) = &(F-4D
18




2.38. From the convolution theorem, we have
f
2 2\
e if ¢ is band-limited to B, then ¢* is band-limited to 2B

2.39. Parseval’s theorem (Rayleigh’s energy theorem, Plancherel for-
mula) for Fourier transform: erergy spectial

+oo +00 AC’“H-/
eney )
e / (8) 2t - / U, onctie (25)
‘L-v\c."ruf\

The LHS of ([25) is called the (total) energy of g(t). On the RHS, |G(f)|?
1s called the energy spectral dens,lty of g(t). By mtegratmg the energy
spectral density over all frequency, we obtain the signal ’s total energy. The
energy contained in the frequency band B can be found from the integral

Jp|G()I%df.

More generally, Fourier transform preserves the inner product [2, Theo-
rem 2.12]:

ooo) = [ asoi= [ GG = (GG,

2.40. (Heisenberg) Uncertainty Principle [2, 9]: Suppose g is a func-
tion which satisfies the normalizing condition ||g||3 = [ |g(¢)|*dt = 1 which
automatically implies that |G||3 = [|G(f)|?df = 1. Then

([ euwpa) ([ Pewra) = o (26)

and equality holds if and only if g(t) = Ae 5" where B > 0 and |A|? =

V2B)/7.

e In fact, we have

([ Plate—wpar) ([ P60 - wPar) = 5

for every tg, fo.

e The proof relies on Cauchy-Schwarz inequality.
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e For any function h, define its dispersion A as %. Then, we can
apply to the function g(t) = h(t)/||h||2 and get -
1

Ap X Ay > ——.
hCSH = 62

2.41. A signal cannot be simultaneously time-limited and band-limited.

Proof. Suppose ¢(t) is simultaneously (1) time-limited to 7j and (2) band-
limited to B. Pick any positive number T and positive integer K such that
fs = Ti > 2B and K > % The sampled signal gr (¢) is given by

K
gr.(t) =Y glklo (t — kTo) = > glk]s (t — kT.)
k k=K

where g[k] = g (kTs). Now, because we sample the signal faster than the
Nyquist rate, we can reconstruct the signal g by producing gr, * h, where
the LPF h, is given by

H(w) =Tl|w < 27 f.]

with the restriction that B < f. < TL — B. In frequency domain, we have

S

Gw)= > glkle T H,(w).

Consider w inside the interval I = (27 B, 27 f,). Then,

K K
0 w>é7rB G(w) w<i7rfc Ts Z g(kTs) e—jkwTS Z:ins TS Z g(kTs) Z—k
k=—K k=—K
(27)
Because z # 0, we can divide by z=% and then the last term becomes
a polynomial of the form

2K—-1

2K
Qo zZ™ + Gog—1% + -+ a1z + ap.

By fundamental theorem of algebra, this polynomial has only finitely many
roots— that is there are only finitely many values of z = ¢/’ which satisfies
. Because there are uncountably many values of w in the interval I and
hence uncountably many values of z = e/“7s which satisfy ([27), we have a

contradiction. (]
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2.42. The observation in raises concerns about the signal and filter
models used in the study of communication systems. Since a signal cannot
be both bandlimited and timelimited, we should either abandon bandlimited
signals (and ideal filters) or else accept signal models that exist for all time.
On the one hand, we recognize that any real signal is timelimited, having
starting and ending times. On the other hand, the concepts of bandlimited
spectra and ideal filters are too useful and appealing to be dismissed entirely.

The resolution of our dilemma is really not so difficult, requiring but a
small compromise. Although a strictly timelimited signal is not strictly ban-
dlimited, its spectrum may be negligibly small above some upper frequency
limit B. Likewise, a strictly bandlimited signal may be negligibly small out-
side a certain time interval t; < t < ty. Therefore, we will often assume that
signals are essentially both bandlimited and timelimited for most practical
purposes.

21



