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Recap wic

+ Filter bath FIR and IIR, Filters

Welcome back to real time digital signal processing course. So, today we will discuss discrete
Fourier transform in detail. So, coming to the previous class, so, we covered FIR and IIR filters in
the previous module. So, we saw how quantization affects the frequency response for the IR filter,
and then how we have to do the scaling and other parameters what we have to take it into
consideration to design our IIR filter.
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Discrete-Time Fourier Transform —

* I this session, we introduce the Discrete-time Fourier Transform for the theoretical analysis of
discrete-time signals and systems, and the Discrete FourierTrans&)rmwhich can be computed by
digital hardware for practical applications.

So, coming to now, we will go to the frequency domain, why we have to go to the frequency
domain? So, first of all what we have to say from analog time domain we have to move to
frequency. So, the time domain the components which we are unable to see basically, so, whether
the other domain that is in the transform domain, which is going to give us the parameters what

we are looking for so, for that we go to the Fourier domain basically that is frequency domain.

So, in this case today we will be discussing about discrete time Fourier Transform first and then
we will see that how Discrete Fourier Transform thing is developed. So, that is what, what we are
going to tell, that is we introduce the discrete time Fourier transform for the theoretical analysis of
our discrete time signals and systems and the Discrete Fourier transform which can be computed
by our digital hardware for practical applications.
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Discrete Time-Fourier Transform (2) b

The discrete-time Fourier transform (DTFT) oL a discrete-time signal x(nT) is defined as

Xl(w)= Z x(nT)efon?
n=-m
X(w) is a periodic function with pegiod 2. The frequency range of a discrete-time signal is unique
over the range of (- 1,7) or (0,21)

The DTFT of x{nT) can also be defined using normalized frequency:

X(ry = Z x(nT)e 12N
pa i L
PSR Gm

is the normalized digital frequency in cycles per sample.

where

So, coming to the definition, so, we know that discrete time Fourier transform DTFT is for the
discrete time signal x(nT) is defined with this equation that is X (w) = 3% _, x(nT)e /®"Tand
we say X (w) is periodic function with period x. So, the frequency range of discrete time signal is
unique over the range that is - to = or we can consider 0 to 2z. So, DTFT of x(nT) can also be

defined using the normalized frequency.

So, if it take that then it is going to be X(F) = Y% _., x(nT)e /2™ where our F is a frequency

I
(fs/2)

sampling frequency. So, we say that normalized digital frequency in cycles per sample.
(Refer Slide Time: 03:41)

is given by % which is nothing but F is the signal what we are interested and f; is the
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Spectrum of Discrete-time Signal 4

The periodic sampling imposes the relationship between the independent variables t and nas ¢ =
nT =n/f..It can be shown that

1y '
XB)=5 Y. K¢~ k) ol
k==

X(F) is the sum of an infinite number of X(f), which is
the Fourier transform of analog signal x(t),

scaled by 1/T,and then frequency shifted to

kf;. It also statps that X(F) is a periodic function

with period T = 1/f; .

J

Iy | 1} ft

Spectrum of bandlimited analog signal

So, how we are going to represent the spectrum of discrete time signal? So, we said that it is

periodic sampling imposes relationship between independent variables tand nas t = nT = n/f;,
so, that we can show that X (F) = %Z,?:_OOX(f —kf;) . So, we will be seeing that X(F) is the

sum of the infinite number of X(f) what we are going to say, which is the Fourier transform of

our analogue signal x(t), it is scaled by 1/T, and then frequency shifted to kf;.

So, it also states that X (F) is a periodic function with period T = 1/f;. So, we will be seeing the

spectrum here. This is our X(f) what we are considering it and this is the maximum frequency in

our input signal varies between —f,, to f3,, and then f is the x axis.
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Spectrum replication of discrete-time signal caused by )

. MITEL W5
Samplmg Case I Sampling extends the original spectrum

N(Is) X(f) repeatedly on both sides of the f axis.
If the sampling rate f; >= 2f,,, thatis, f; <
f:/2; the analog spectrum X(f) is
preserved (without overlap) in X(F).That
is, there is no aliasing because the
spectrum of the discrete-time signal is
identical (except for the scaling factor 1/T
to the spectrum of the analog signal within
the frequency range |f| < fi/2 or [F| £ 1.
Therefore, the analog signal x(t) can be

+ recovered from the sampled discrete-time
signal x(nT) by passing it through an ideal
lowpass filter with bandwidth f,, and gain T.
This verifies the sampling theorem, that is ,

fu s £/

I ] 0

Spectrum of discrete-time signal when the sampling
theorem [y < [./2 Is satisfied

So, coming to the next one, if why we are going to have the replication? That is discrete time signal
caused by sampling, basically. So, this sampling extends original spectrum, whatever we have a
consider X(f), repeatedly on both sides. So, we will be seeing this is extended on both sides. So,
we call this as —f;/2 and then £, /2. So, we will be getting the images of the spectrum basically.
So, what happens if our maximum frequency is less than or equal to our half the sampling

frequency according to Shannon sampling theorem.

So, then what happens so we will not be seeing any overlap in the thing. So that is what the theory
says that our f,, is going to be much away from our f; /2.
(Refer Slide Time: 06:14)

Spectrum replication of discrete-time signal caused by /“*)
sampling Case 2 b

1xes Aliasing : if the sampling rate f; < 2fy,

and the shifted replicas of X(f)

12 |
" overlaps with adjacent ones then this
phenomenon is called aliasing since the
frequency components in the
overlapped regions are corrupted. Thus,
the analog signal x(t) cannot be
reconstructed from the sampled signal
x(nT).
" 4 A {
7 I T I A %

Spectrum of discrete-time signal that shows aliasing when
the sampling theorem Is violated.




So in the next case, if f3,; is what we say is more than our f;/2, or f s sampling frequency is less
than twice the maximum frequency component present in our signal, then what we are going to
have is we will be seeing that overlaps of it. So, f;/2 is here, —f;/2 is here, our f;, has more than
fs/2. So, you will be seeing that we will be getting the aliased signal. So, this we may not be able
to reconstruct to the original signal, it may map it to some other signal as we have seen aliasing in
our sine wave generation also.

(Refer Slide Time: 07:03)
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Discrete Fourier Transform o

The DFT of the finite-duration signal x(n) of length N is defined as

N-1
X(k) = 2 x(n)e R | =01 N -1
n=(0
k is the frequency index, X (k) is the k™ DFT coefficient.
+ The summation bounds reflect the assumption that x(n) = 0
outside therange 0 =n = N -1,

* The DFT = N samples of DTFT X (w) over the interval 0 < w < 2,
at N equally spaced discrete frequencies wy = 2mk/N k= 0,1, N = 1.

+ The space between two successive , X(k) is 2m/N radians (or fo/N Hz),

(frequency resolution of the DFT). e

Coming to discrete Fourier transform. So, what we have is it this is we call it as a finite duration.
Whereas DTFT was discrete in time, but frequency was continuous in omega, here both frequency
and then time have been discretized. So, x(n) of length N is defined as given by X(k) =
YN-lx(n)eJ@/Nkn I = 0,1,---,N — 1. And then we will be seeing that n is varying 0 to n -

1. So, we call k is the frequency index.

So, we will be saying X (k) is the kth DFT coefficient, the summation bonds reflect the assumption
that x(n) = 0 outside the range 0 to 0 less than or n which is less than or equal to N - 1. So, we
call DFT that is N samples of DTFT of X(w) over the interval is w in between 0 and then 2z at N
equally spaced discrete frequencies that is w; what we call it 2k /N here k is going to be O to n -
1 and the space between 2 successive X (k) is nothing but 2 /N, we call it as a resolution of the
DFT.



So, we say the unit for this is radians, and then if we represent in terms of sampling frequency it
is going to be f;/N hertz.
(Refer Slide Time: 09:01)
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Example );k

If the signal x(r) is real valued and N is an even number.ws clan show that

A ¥
X(0)= ) x(n)e =) x(n)
T,

=0 n=
and

=

1 N-1

X(N/2) = ﬁc imy(n) = Z(—l)"x(n)

=0 n=0

DFT coefficients X(0) and X(N/2) are real valued.
If N is an odd number, X (0) is still real but X(N/2) is unavailable.

So, then what we can see that, as an example, if the signal n is real valued and N is even number,
so, we can show that X (0) if we substitute that is n = 0 to n - 1 which is nothing but x(n)e~/°,
which is nothing but x(n) and then X (N /2) any other N divided by 2 is represented as this way

N-de=Jm™x(n) . So, this is we know that e~/ is nothing but (—1)"x(n) . So, what we observe
from this is the DFT coefficients X(0) and X(N/2) are real valued.

That means, if x(n) is real valued then output even the DFT coefficients are real valued. So, if N
is an odd number, X (0)is still real, but X(N/2) is not available.
(Refer Slide Time: 10:14)



Example (2) i

Consider the finite-length signal
x(n)=a"n=01-N-1

where () < a < 1.The DFT of x(n) is computed as

N-1 N-1 kN i
" - e -
i) = 1= jCme/NIn — eyt _ L (ae ) __Ll-a
X(k)= ) a"e = ae = — =
1= a‘,-;znk,ﬁl' ae-,'zrrk,"h
n=0 n=0
k=01,,N-1

The DFT can also be rewritten as

e 2mkn 2mkn
Wi = g-/rk/N)kn - (f()S( m )-jsin (‘—)D SknshN-1
/

where
'

N-1
X(k) = Z (Wt k=01 N-1
=0

Now we will consider the sequence or signal of finite length, which is given by x(n) = a™,n =
0,1,---,N — 1 and then a is inbetween 0 and 1, then DFT of x(n) is computed as that is X (k),
substitute x(n) with a™e /@mk/Nn_gg by simplifying, so what we will be getting is 1 —
(ae‘fz’”‘/”), and k is going to vary between 0 to n - 1. So, we can represent this DFT as Wy, we

call this as a twiddle factor, which is given as e ~/(27k/Nkn

So, we know that we can split our exponential into cos and sine function. So,
cos (%) — jsin (%) 0 < k,n <N — 1. So then, if we substitute W, in our equation, so

X(k) = YN x(m)WE k is varying between 0 to N - 1.
(Refer Slide Time: 11:46)



g

Twiddle Factors of DFT

2

W™ are twiddle factors of DFT,
N roots of unity in a clockwise direction on the unit circle:
Wi = e % =1 =W, W' = e = ~1,and Wl = 0,1, N -1,

Symmetry property o
N

ke G
Wy P=-WhogkeN/2-1,
Periodicity property
Wyt = wy

The Inverse Discrete Fourier Transform (IDFQ is used to transform the frequency-domain coefficients X (i)
back to the time-domain signal x(1t).The IDFT is defined as

N-1 N-1
1 PAPSTI | '
x(n) = % Z X(k)e!@r/N)kn = ?2 X(OWy™ n=01,~ N-1
il I
k=0 k=0

So, that is what, what | said twiddle factors of DFT W™ are called, and then we know that N roots
of unity is a clockwise direction on the unit circle, we will see it in a while hold on. So, then what
we call W} is nothing but e =727, which is equal to 1 which is nothing but equal to W9. So, we can
see that the DFT is periodic in nature. So, that is the reason why we take 0 to N - 1 when we

substitute x(n)is equal to N basically, that is N is N, then what happens.

kn becomes N becomes e /2%, which is 1 which is nothing but Wy. So, and then the central point

what we will check it up W,¥/2 which is equal to e~/". So, which is nothing but —1 and W,

what we call it between the other values as k = 0,1,---, N — 1. So, if we extract the symmetry

N
R N
property, then what happens we can split this into 2 parts, that is W, "2 which is equal to —W¥.

So, kiis in between 0 to N/2 — 1 and if we consider the periodicity property, then what happens

k+N __ k
W = wik.

So, we know that the inverse discrete Fourier transform we call it as IDFT. So, is used to transform

the frequency domain coefficients X (k)back to time domain signal x(n), the IDFT is defined with
this equation x(n) is equal to %Z’,@’;&X(k)ef(z’f/”)’m. So, if we represent with twiddle factor, it
will be %Z’,X;(}X(k)WA;"” in this case, n will be varying between O to N - 1.

(Refer Slide Time: 14:26)



Twiddle Factors of DFT ®

Twiddle factors for DFT, N=8 case

W= Iwknl 1wy o it ‘
RN i " :

0sknsn-1 |1 :
(V-1

1wt Wy

So, we can see that how the twiddle factors of DFT in case of N = 8 is assumed, so on a unit circle,

so, we will be seeing that this is W, which is equal to 1 and then what we have is W and then
W¢g, Wg and then %what we just now saw that Wyt which is nothing but minus Wy which is equal

to -1. And then we know Wy is equal to —W4, and then W will be equal to —WZ. And we know

that when we come to Wy , it comes out to be —Wg, you will be seeing that this is what it is —Wg.

And when it becomes W, just now we said any W = W7, here it is W€ which is equal to Wy =
1. So, these are the twiddle factors, depending on power of 2, if you are considering it, it will be
on the unit circle this way, and then it is going to be repeated after a period. In this case, we have
assumed N = 8. So, the equation again repeated for DFT, what it is shown, and then in terms of
twiddle factors, W what we call it WX™ where 0 is less than or equal to k, and then n is less than or
equal toN - 1, both k and thennare in 0 to N — 1.

How we can write the in a matrix form? That is, all these coefficients are first row is 1, and first

column is 1. After that, we will have Wj. And then the last one in this row is W' ~1. So that way,

what you are represent it. So last row, what you can see, W=t W, ~1°,

(Refer Slide Time: 16:52)



)
Twiddle Factors of DFT (2) e

Given x(n) = [1,1,0,0], the DFT of this four-point sequence
11 1 1 1+ 1 1 1
1w owE oW A b o :

i + g I =f =1

1-11 -1
L) =t 5

2
I=j
0
1+)

1

1wt owiowt
1w owe W

0

The IDFT can be computed with

fi =k%, k=01--N-1
2
0.
e
0
1+f

_.I
B

1

X =-
4

1 W owet owy

L 1
1w owpt wf",
1 W W oW

11 1 1
e L)
1-11 -1
L &) =l

1

o

o
0

So, just to show that how twiddle factors are represented with W, weight, we will assume given

x(n) = {1,1,0,0}. So, I think it should be striking to your mind that here we have assumed n =
4. So, we will see the DFT 4 point sequence what it is going to be. So, we represent x is equal to
all 4 1s here, and then 4 1s in the column, then this is W, W2, W2, and W2, W,* and W2, so on

in the last line all you will be seeing it when you expand them.

So, in terms of e power, then you will be seeing that W,! is nothing but —j and W2 is —1, and W3
is —W_, which is +j. So, here also you will be seeing the thing, this is how we will enter the thing.
And we have been given x(n) is this value. So, this is our coefficient. And then these are our x(n)
when we do the matrix multiplication. So, the DFT of the sequence is nothing but 2, 1 — j, 0 and

1+ j, to see that whether our DFT is correct or not, we will take the IDFT. So, we assume that

fi = k%, k will be varying between O to N - 1.

So, then what happens to our X, which is nothing but i, that is % in this case, so we will substitute
our matrix is going to be just our DFT matrix, but you will be seeing that the twiddle factors are
negative in this case. So, we will be substituting all this values when we do that. So, i this is our

DFT coefficients in the IDFT basically. So, you will be seeing that it is a complex conjugate of
this DFT coefficients which you will be resulting in. what is it? After multiplication with our X (k)
thatis2,1- j,0and 1 + j.



So, we will be getting back our x(n) thatis 11 0 0 so you will be seeing that this is the DFT and
IDFT with an example how they are what | will call it as analysis and then synthesis equations
what we call them.

(Refer Slide Time: 19:50)
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Frequency Resolution it

IDFT is identical to the DFT with the exception of the normalizing factor 1/N and the opposite sign
of the exponent of the twiddle factors,

The DFT coefficients are equally spaced on the unit circle in the z-plane at frequency intervals of
fi/N (or 2r/N).
Frequency resolution of DFT: A= f,/N.
quency fsl [ R
Frequency sample X(k) represents the discrete frequency \K < \ ) S }
o=k fork=01,,N~1 N=8

Because the DFT coefficient X (k) is a complex variable, it can be expressed in polar form as

X(k) = )X (k)|e PR ‘{K: ¥ &tﬁ ’\k”%
. \*A ’% /g

(AR ;Swl
Wy b=

So, what is the frequency resolution in this case? So, we said identical to DFT, with exception of
the normalizing factor % and the opposite sign of the exponent of the twiddle factors, that is what,
what we said. So the DFT coefficients are equally spaced on the unit circle, we saw that usually
we call it as the z plane at frequency intervals of % or it can be 2m/N, because that is what we

map in the w, that is in the frequency domain, 0 to 2z. And then here sampling frequencies f; up

to 2m.

And we say that frequency resolution of our DFT delta is nothing but% this is the samples, or the
period between 2 samples. Frequency sample X (k) represented discrete frequency. So, where f;
is given by k % fork=0to N — 1. So, we assume that if | do not know what is the frequency | am

getting at the output, if I know that k is equal to I will put it as 1. And we have assumed f; sampling

frequency is 8 kilohertz.



And then | am going to pass it through N = 8. To be simpler to calculate this, then what is the
frequency f k component in this case is going to be k is 1. And I have chosen 8 kilohertz as my f;
divided by number of samples is 8. So, then you will be seeing that f;, is what | am representing at
k = 1is 1 kilohertz. So, if I draw the thing, so this will be my magnitude, x of x(e/*), what |
can put the thing magnitude of it, and this is the f; in kilohertz what | will put it, and this is my 0,
thisis 1, 2, 3, I will put it as 8.

So, | will be getting the peak here, which is my f; in this case, what | am representing. So, this is
how you will be calculating depending on k value is going from 0 to here 7, in this case, 8 will be
fs by 2 point, so it will be repeated. So, this is how you calculate. And then, we know that DFT
coefficients X, is complex variable. So, it can be expressed in polar form as X (k) = | X (k)|e/?®).
So, this represents my phase and this represents my magnitude.

(Refer Slide Time: 23:00)

(s
Magnitude and Phase Spectrum %

Magnitude spectrum
X (k)| = Rl X (01} + {Im[X (k)]

Phase spectrum

X)) ’
0(k) = . l[Relx(k)]}"f Re[X(k)] 2 0
R i el <0

Re[X() /if RefX(k

So that is how we will be representing it here, how we can compute our magnitude and phase

spectrum for a given signal. So, the first is the magnitude spectrum, we will be calculating

1X (k)| = /{Re[X(k)]}? + {Im[X (k)]}2, so will give me the | X (k)|. And then the phase spectrum

always be represent in terms of a tan inverse. So, d(k) =

—1 (Im[xX(N .
tan {—Re[X(k)]}'lf Re[X(k)] =0
Im[X(k)

T+ tan™? {Re[X(k)]]} ,if Re[X(k)] <O
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DFT and the z-transform —

The DFT coefficients can be obtained by evaluating the z-transform of the length N sequence x(n)
on the unic circle at N equally spaced frequencies wy, = 2rk/N,k = 0,1+, N — 1.That s,

X(o) = X@)| k=01-N-1

Jizm/Nok "

Varables [Unic_______ Relatnship | Rnge___|

il L Radians per second O=2f -—w<l

‘LI.:’plIJIL:m transfoem
sl

Sampling

[ Cycles per second (Hz) = f w<f<w
e B Ii= T
=€ 2= ;
Relationships between Laplace, @ Radians per sample w=2tF -m2ws=n
Fourier and z-transform F Cycles per sample v e T e 1
A
s

So now, how we are going to represent our DFT and then z transform, what is the relationship we
will see in this slide. So that DFT coefficients can be obtained by evaluating the N sequence x(n)
on the unit circle, we have seen it already at N equally spaced frequencies w;, which is given by
2nk/N,k =0,1,--,N — 1. So, what is it? X (k) = X(2)|,_,jen/mk, k=0,1,--N —1.

So, some of the terms have will be going from one domain to the other domain, what is shown in
this figure, what is it x of t is my time domain by doing the sampling of the signal, | will be entering
into digital domain that is x(nT). And then if | take the Laplace transform for in the time domain,
then I will be going into Laplace domain which is represented as X (s), and then how | can traverse
to my digital zee domain by substituting a simplest impulse invariant method that is that is equal

to esT.

| can enter into zee transform basically in the digital domain, or from the digital signal, | can use
the z transform to calculate my X(z). And if | calculate the Fourier transform, | will be entering
into the Fourier domain that is X(w). And then how these 2 are related as you can see, by
substituting z = e/®, | can get the frequency component from zee domain, so the sum of the units

and then variables and relationship and ranges shown in this table.



So, if we represent it as 2, we call it as radians per second. So, we say that 2 = 2zf, and this is the
range for our 2 that is —oo to co and f we call it as cycles per second in hertz. So, which is f = ;
which is f is assumed in this case as sampling frequency. As you can see cycles per sample that is

Jé and then this also varies between —oo to oo and w, usually we represent it in radians per sample.

N

And w = —2nF which varies between —m to m w, or it can vary between 0 to 2z. And this is

between — > < F < . So, this is what the relationship with respect to z transform and then DFT.

(Refer Slide Time: 27:07)

Circular Convolution —

* If x(n) and h(n) are real-valued N-periodic sequences, y(n) is the circular convolution of x(n)

and h(n), which is defined as i

(n) = h(n) ® x(n) = Z hm)x((n = m)pagy)n = 0,1+, N =1
m=0

where ® circular convolution; (n — M),z x non=negative modular N operation,

Circular convolution in the time domain is equivalent to multiplication in the frequency domain
Y(k) = X(H k) k=01, N -1

Note: shorter sequence must be padded with zeros in order to have the same length for computing
circular convolution : example shown in linear convolution in slide 21

So, now we will assume that how to go with the; we said that DFT is a periodic function, we will
see how to calculate the circular convolution. So, all of you must be conversant with your linear
convolution and circular convolution, usually DFT will be represented as circular convolution. So,
we have x(n) and h(n) are real valued N periodic sequences, y of n is a circular convolution of
x(n) and h(n). So, which is represented y(n) = h(n) @ x(n).

Which is given as h(m)x((n — m),0an) N what we will be taking it that means to say
(n — m);0an NON negative modular N operation will be considering it n is varying between 0 to
N — 1 in this case. So, how we represent in the, this is what we have in the time domain and in

the frequency domain. So, it results in the multiplication of 2 Fourier transform of that is discrete



Fourier transform of x and then h. So, Y (k) = X(k)H (k), where k will be varying between 0 to
N — 1.

So, that is what, what it says if the shorter sequence must be padded with Os in order to have the
same length for computing circular convolution. So, what do we mean by that, so, X (k) and H (k)
are of different length. So, to make them equal length, one of them had to be padded with 0s. So,
we will see that linear convolution in slide 21 so, how we have padded with Os and then made
power of 2 and then used in our circular convolution.

(Refer Slide Time: 29:09)

Circular Convolution (2) -4

The cyclic property of circular convolution is shown usingtwo .~ : A
N N+1) him xin-1)
concentric circles, % I

To perform circular convolution, N samples of x(n) are equally
spaced around the outer circle in a clockwise direction, and

N samples of h(n) are displayed on the inner circle ina hin-2) Litnoa)
counterclockwise direction starting at the same point. ik

Corresponding samples on the two circles are multiplied, and
the products are summed to obtain the output value.

The successive value of the circular convolution is obtained by

rotating the inner circle one sample in the clockwise direction

and repeats the operation of computing the sum of

corresponding products. Two sequences using the

This process is repeated until the first sample of the inner circle concentric circle approach

lines up with the first sample of the exterior circle again.
So, how we are going to compute our circular convolution, so, usually it is represented with 2
concentric circles. And we will be seeing that this goes in the clockwise direction x(n) and h(n)
are aligned actually, then we will be moving h(0) in this directionn — N + 1 and then so on.
And then next last one will be h(n — 2) h(n — 1) , whereas you will be seeing that x(n) goes in
this direction anticlockwise, x(n — N + 1) and then we will be coming to x(n — 2) and x(n —
1). So, this is how we will represent. We will see with an example how we are going to compute
this.

(Refer Slide Time: 30:01)



HED

Example - |
Given two four-point sequences x(n) = {1,2,3,4} and h(n) = {1,0,1,1)
and using the circular convolution y(n) = x(n) & h(n) 1
n=0y(0)=1x141x24+1x3+0x4=6 A
n=1y(1)=0x1+1x2+1x3+1x4=9 X
n=2y2)=1x140x2+1x3+1x4=8 ——
n=3y(3)=1x1+1x2+0x3+1x4=7 | -\\ \
Therefore, we have | [ ! |
' \ 20 X (1Y =g} x| 4
y(n) = x(n) @ h(n) = (69.8,7). ‘ 101 l.‘ \1 Z 0, ‘,l
P /A() O
1231¢ 14 3

So, as an example, as | have been mentioning x(n) isgivenas1234andourhofnis1011.In
this case, as you can see, both are of the same length we will do the circular convolution. So, the
steps have been written here. So, how to arrive at these steps using our concentric circles we will
see the thing. So, my x(n) is 12 3 4 itis written in this way anti clockwise and then h(n) is 1 0

1 1is in the anti clockwise sorry, this is in the clockwise the x(n) is in the anti clockwise.

0, when | do the first time, we have aligned the x(n) and then h(n) together and we multiply these
2 numbers and then all of them we multiply you will be seeing 1 x 1is1,2x1is2,0x 4 is0,
and then here 1 x 3 is 3. So, when you add it up, this is what the step what it is givenatn = 0, y(0)
isgivenby 1x1+1x2+1x3+4+0x4=6.So, then what we are going to do is, | can move

this as the arrow shows 1 step each time my h(n) in this thing, and | keep this one as it is.

So, when | do that next value isgoingtobe 0 X 1 +1x2+1x3+1x4=9.S0,thisis698
7 when | do the circular convolution. So, you will be seeing that how we can implement linear
convolution just if you have done the thing. So, just I will write it here most of you would have
used this method to compute your linear convolution. So, when I put the thing, all of us know that

we put x(n), I can putithere 12 3 4.

Thisis 1 0 1 1 what | can represent, then | will be multiplying with the 1 into this number, this is

2022andthen303 3,404 4. So, how we are going to get the thing, so, you will be knowing



that this is the way we will be adding it up and then result in the linear convolution. So, you will
be seeing that thisis 1 2 3 7 and then 5 7 and then 4, this is the equivalent of linear convolution.
So, whereas circular convolution, you can see that 6 9 8 7, can | use this method to implement
linear convolution that is what we will check in the next slide.

(Refer Slide Time: 33:09)

Example - 2 b4
1

Given two four-point sequences x(n) = {1,2,3,4} 2 ~ 0

and h(n) = {1,0,1,1} and using the Linear ‘ _ 1

convolution using Circular convolution method f 0 i 0

illustrated.

Use of DFT in linear convolution: Zero-pad the 3 0 C 1 : 0
sequences to of L. + M — 1 or greater, since the | X |
linear convolution of two sequences of lengths L

and M results in a sequence of length L + M — 1, “ 0 0 7

Note: linear convolution of sequences ¥(n) and y 0
h(n) results in 4 - = |

2(n) = {1,2340,00} and A(n) = {1,0,1,1,00,0} 0

y(n) = x(n) + h(n) = (1.2,4,7,5,74}.
Example can be verified by MATLAB?.

So, you will be seeing that, what we have done is we have these are the 2 values. So, that is for the
linear convolution using circular convolution, we have to do 0 pad of L + M — 1 is the length of
the sequence what the result is going to be. So, we have to pad both of them with these Os L +
M — 1, L is the length of x(n), M is the length of h(n). In this case, we have both of them are
equal 4 + 4, 8 — 1, 7 will be the length, what we have is 4 lengths, so we will be padding with 3

zeros. And then the other one also will be padding with 3 zeros.

So, now we have although we have the equal length, to simplify, if | want to compute power of 2,
then what | have to do is | had to make them 8, as you will be seeing that 2 concentric circles |
have divided into 8 parts. So, we will be putting 1 2 3 4 and then 4 zeros, what will be padding
instead of see 3 zeros. Here also we will be doing 1 0 1 1 and 4 0s same way as the previous one,
you can now shift the thing the resulting value with circular convolution, you will be seeing that 1
247574 is achieved, which can be evaluated verified using MATLAB.

(Refer Slide Time: 34:42)



@
Example -2 (2) ‘2

1
n=0y(0)=1x1+0X2+0x3+0x4=1 2 =l ;
n=1y(1)=0x1+1x2+0x3+0x4=2 0
n=292)=1x140x241x3+0x4=4 y e ._
n=3y3)=1x14+1x2+0x3+1x4=7 / Qs" ~0

n=4,y@4)=0x1+1x2+1x3+0%x4=5 f j G |
n=5y0)=0x140x2+1x3+1x4=7 ‘ |
n:&y%):0x1+0x2+0x3+1x4:4° 3\ 0\ ;1 jo
n=7y7)=0x1+0x2+0x3+0x4=0 /

Or the next slide shows that how it has been implemented. So, | showed you how it has been done

in the previous example, same way, if you do the thing, you will be resulting with this value the

last one will be 0 which you can discard and then keep these L + M — 1 values for your result.
(Refer Slide Time: 35:06)
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+ Complexity of Filtering and the FFT

So, you can see that we have taken little bit of DFT in to show that circular convolution property,
other properties, you can look into the book and then come out with it. In the next class, we will
be seeing the complexity of filtering and how we will be deriving from DFT, FFT equation. Thank

you.



