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Example S: The Triangular wave
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The procedure to calculate the Fourier series coefficients 1s the same



= — j x(t)e [ijkt

Thefunctzon has to be split into {0,T,/2} and {T,/2,T,}

Partl

:—Tf2(2t/T )e (mjk a’t+Ti ]' (2(T, —t)/TO)e_j(zT_jjktdt

0 7,/2
L L] 5k
- _!' (2t/T)e " dt_FOTOJ;z (2¢/T))e dt

7 27 N

Part2 +FOTOI/2€ 2 . Part3

By NEEes (e e
—T—O2 !; te t—T_OZ%J;zte ZI+FOTJ;2€ 4




Integration by parts for part I :
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Integration by parts for part 2 :
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For part 3.

Adding parts 1 and 2,
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Adding the part3 to the above result,
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The 'DC' component,
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Synthesis of Triangular wave

2z
X, (1) = Z a.e ( 0] , using the first 3 harmonics,
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With a fundamenml frequency 25 hz
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The triangular signal doesn’t have discontinues, 11harmonic synthesized

waveform resembles the original one closely, also unlike a square wave
no Gibbs phenomenon is seen as there 1s no discontinuity



Review of Fourier Series: Analysis

Fourier analysis equation,

|
a,=— | x()e '™ dt
k Tj (?)

Given the periodic signal x(t) such that
x(t+mTy) =x(1),

Analysis gives {ak, I },

Where f, =kf,,

f, being the fundamental frequency



Review of Fourier Series: Synthesis

The Fourier synthesis equation,

x(t)= > ae’*™"
k=—00

Given the spectrum plot {a, , f, or {a, , kf, }
and the' N' number of coefficients,

N
synthesis can be done by x,,(t) = Z a, o 2ok
k=N

since x, (1), is only an approximation,



' Summary of the analysis and synthesis process for a square wave
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Review of Fourier Series: Synthesis, continued.....

There will be some error, Mean square error is

a popular measurement

N
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Another popular definition of error is,

ey (1) = x(1) — 3, (1),

absolute value of e, (t), is defined as error function

Gibbs phenomenon can be
observed in these error plots,
notice the jump in error
value at discontinuities, also
notice that the error value
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There is considerable reduction with 17 harmonics in the error value
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Fourier series: Trigonometric form

2
Example, x.(¢)= Z a.e’”™ ,using the first 3 harmonics,
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=4, + Z A, cos(kwyt)+ B, sin(kw,t)

In conclusion, A periodic signal x(t) can be approximated
by a linear combination of sinusoids (both sine and cosines)



Fourier series: Trigonometric general form

X(t)= 4, + ) 4, cos(kayt) + B, sin(ke,t)
k=1

Where,

1
A =a, = T jT x(1)dt

A, =2Rela, = T3 LTO>x(t) cos(ka,t)dt
0

B, =—2Im{g, }= Ti LTO>x(t) sin(ka,t)dt
0



Examplel : The Square wave

Fourier coefficients

: fork==+1, £3, £5,....

J

a, =40 fork=42, +4, +6,....
1 fork=0
2

Trigonometric form
A, =a,=1/2

A, =2Re(a,)=0, k=odd

B, =2Im(a,)=2/7k, k=odd

x(1) =1/2+ > (2/7k )sin(kew,t)
k=1

k,odd



Example : Periodic train of rectangular

pulse of Width(Ti) and period(7)
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Let T, =1/4,7=1/20, A=1
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b) Average Power
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Fourier series practice example
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Calculation of Fourier coefficients, g .
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Fourier series practice examples continued.....

b) ime period 7,
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Calculation of Fourier coefficients, g .
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Fourier series practice examples continued.....

¢): Saw tooth waveform
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Calculation of Fourier coefficients, g .

As demonstrated earlier,
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Spectrograms: Introduction

From the perspective of the independent variable,
‘Frequency’, signals can be classified into two:
1. Signals with constant spectrum

x(t)=4,+ ZN: A, cos(2rkf it +¢,)

* As shown earlier, with the help of above equation,
using different values for amplitude, fundamental
frequency and phase, periodic signals can be
generated

e If the frequencies chosen are not harmonically
related, a non-periodic signal will result



Example: Signal with constant spectrum
x(¢)=10+14cos(27(100)t =7 /3)+8cos(27(250)t + 7 / 2)

Spectrum
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As it can be seen, the spectrum doesn’t change with time



2. Signals with varying spectrum

Most of the real world signals like music and speech
doesn’t have a constant spectrum

For a very short time music or speech spectrum can be
constant. However, when the tone changes or when we
speak a different word, the frequency content changes.

In fact without a change in frequency no information
can be transmitted

Most real world signals can be synthesized if we let the
frequencies, amplitudes and phases vary with time,

this leads to the concept of time-frequency spectrum or
spectrogram




Example: Signals with varying spectrum

Frequency changes linearly from a low to high in
Chirp signals

Concatenating a large number of short constant-
frequency sinusoids produces such a signal

Stepped Frequency Sinusoids
LR A "B A RAE R A N KR AY A A AKAN L ‘

—1

Time ¢ (msec)
Six frequencies from 30 to 80 Hz, notice the discontinuities



As it can be seen, care should be taken to see that the
waveform doesn’t have discontinuities

x(t) = Acos(w,t + @)

x(t) = Acos(y (7))

Where, w(t) = w,t + ¢

In the standard sinusoid, the angle function changes
linearly with time, making it a quadratic function

produces the effect of variable frequency, this class of
Signals are also called ‘FM signals’

w(t)=2mut” +2nf t + ¢



Instantaneous frequency is an important measurement
For the varying frequency signals

w(t) =2mut’ + 2nf t +
@, (1) = dy (1) (rad /sec)

in cycles, f,(t) = 21 (dl’;(t)j
T

fi(t)=(2ut+ f, ) Hz

Where, [, is the starting frequency




Some examples produced with the help of equation

1600 BW CHIRP CENTERED at 990 Hz UP-DOWN MODULATED CHIRP
2000 - ; 1000 - -
1500 f -

T 600
i 1000k
e : 400
L "
S00F- 200
0oL 0 s s
0 0.5 0 0.5
TIME (sec) TIME (sec)
SINE WAYE MODULATED CHIRP BIRD CHIRP
1000 T ' .

0.5 1 0.2 0.4
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Example: Synthesizing a chirp Signal
Synthesizing a frequency sweep from f;=220 Hz to
f>,=2320Hz, over a 3 second time interval

(fo=1) (2320 -220)

Ji(#) = (6 —1) t+ fi = 3 t+220
dy (1)
nO)==—

(1) = ja) (t)dt =27zj f(t)dt

2320 220
w () =27 ( )

t+ 220j dt =700xt” + 4407t + @,

@, is an arbitrary constant
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