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Lecture — 11
IR Filters - 1
Welcome back once again to real time digital signal processing course. So, today we will discussed
about IIR filters. So, as a recap, in the last 2 classes we discussed about FIR filters, their linear
phase and how we can represent them, how we can design using the window techniques?
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+ Speech signals + Linear phase crucial
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So, today we will see little bit on recap of FIR filter that is we said it is a linear phase filter. So,
the importance of it as you can see with an example in the speech signal, we use phase differences
in arrival to locate the speaker. So, in this case it is we may not need the phase part of it if there is
any delay in the thing. So, you locate them that is we call it Ad = ¢ At. So, this is how the speaker
thing and then our ear automatically adjust to whatever there is a delay in the face of it.

That is what it is shown here one speaker is located ears are relatively insensitive to phase
distortion in speech from that speaker. So, this is used in speech compression in cell phones, where
linear phase is crucial we will see in the audio signals in images and in communication systems.
So, in these cases, we need linear phase response filters, FIR filters and then a realizable IR filters

cannot achieve this linear phase response over all frequencies.
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So, coming to one more example of where the phase is important that is vital visual information
in phase is shown with the MATLAB original image here. So, when you take the FFT of the image
and set phase to 0 and take inverse FFT as you will be seeing only you will be seeing the blank
that is a black in this case, no picture whatever was in the originally seen, whereas if you take the

FFT of the image and set magnitude to 1 take inverse FFT keep imaginary part.

So, this is how the imaginary part looks like when you take the FFT and this is with respect to real
part if you take FFT, so, combine will give us the original image.
(Refer Slide Time: 03:02)
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Finite Impulse Response Filters

+ Duration of impulse response h(n) is finite, i.e. zero-valued for n outside interval [0, M - 1] :

}‘[J?] = .\'[H]* h[)l] = «Z h[m] ,\'[U 7 m] = ::,leh["l]xln < Iﬂ]

+ Qutput depends on current input and previous M — 1 inputs

+ Summation to compute y(k) reduces to a vector dot product between M input samples in the
vector

Ll s =1),.dn=(M = 1)] |
+ and M values of the impulse response in vector
VRO A, oo ALM =1]

* What instruction set architecture features would you add to accelerate F




So, coming to representation of our finite impulse response filters, we know that duration of
impulse response h(n) is in this case is finite. So, this is 0 value for n outside interval [0, M — 1].
So, we say that y(n) is nothing but x(n) * h(n), which is represented in the sigma notation in this
way and then this is -co to 0. So, in our case FIR filter is going to be because we will be designing

order of the filter is m. So, the summation will be between [0, M — 1].

So, in this case output depends on current input and previous M — 1 inputs and summation to
compute our y(k) reduces to a vector dot product between input M input samples in the vector
domain as it is seen here x(n) is represented in vector and then our impulse response is represented
in vector then it is going to be a vector multiplication, what we will call it.

(Refer Slide Time: 04:17)
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Many Roles for Filters

* Noise removal

o Signal and noise spectrally separated

o Example: bandpass filtering to suppress out-of-band noise
+ Analysis, synthesis, and compression

o Spectral analysis
+ Spectral shaping

o Data conversion

o Channel equalization

o Sytbol timing recovery

o Carrier frequency and phase recovery

So, we know that filters play many roles we have seen the thing just to give one more brief look
at the thing is noise removal, signal and noise spectrally separated basically in that case, example
is we can use bandpass filtering to suppress out of band noise and in the case of analysis, synthesis
and compression. So, for we use a spectral analysis basically to see how much of data what we
need it and which are the ones we can do the compression in the frequency domain.

Other method is in the spectral shaping so, that is in basically for data conversion we use the filters
and for the channel equalization, we know that in communication, input channel has to be

reconstructed. So, we take inverse filter basically there and then do the channel equalization,



whatever noise coming out of the channel. And then in the symbol timing recovery also will be
using the filters and in carrier frequency and phase recovery we need filters.
(Refer Slide Time: 05:31)

Digital IR Filters

+ Infinite Impulse Response (IIR) filter has impulse response of infinite duration, e.g.
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+ How to implement the lIR filter by computer?

Let x[k] be the input signal and y[k] the output signal,

(7) 1 s
Hizr )Y(I._Zzl Viz)e T X(2) -7 - 1 ]
\&]
Y HizH e sl it
Y(z)= -z 'Y(2)= X[2)

2
Recursively compute

output y[n],n 2 0,
given y[-1] and&[n]

Coming to next is infinite impulse response IR filter. So, we see that impulse response of infinite

duration, that is what we call it. So, what is that mean we will be seeing in a while. So, if | give
n
the impulse response, h(n) = G) u[n] that is the step function. So, the same thing in our
n
frequency domain or in the zee domain, what we represent is H(z) = Yoo G) z~ ™. So, which

will be representing it as change it to 0 to oo.

1

1 .
1->z~1
2

So, expand the summation, which becomes 1 + %z‘l + ---. So, we will be getting So, how

to implement this IR filter by computer what we will look at it? So, we say let x (k) be the output
signal and then y (k) be the output signal, then what happens is the zee domain representation is

going to be y(z) for our output and then x(z), then the impulse response H(z) in the zee domain

: r@
IS represented as X

So or if we want Y(z), then we know that impulse response into our input H(z)X(z), then what

1
1—12‘
2

we have taken this as our impulse response, Y(z) will be becoming -X(z), then, if we

simplify the thing, it becomes 2271Y(2). That is Y(2) — ~z~1Y(2z) = X(2). So, what happens
p g > 2 pp



when we take the inverse z transform what happens to our y(n) which is equal to %y(n — 1) that

is a previous sample, which is equal to x(n).

So, if we transform this %y(n — 1) to the other side, we will be seeing that y(n) will be equal to

%y(n — 1) + x(n). So, x(n) is the current sample and y(n) is n — 1 is the previous output sample,

which is used for calculating the current output sample. So, what we see is recursively compute
output y of n for n greater than or equal to 0, given y(—1) and then x(n).
(Refer Slide Time: 08:30)
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Different way of Filter Representations

+ Difference equation + Block diagram representation
yinl= - 1leg - 2] .
o Recursive computation needs y{-1] and afn] —d I L
¥ o Unit
a For the filter to be LTI, {4 1 [Delay
¥ =0andy[-2)=0 Rl L el
+ Transfer function | © Unit

o Assumes LTI systam [elay
Rt ¥z

Y{z]!lf1‘(iz]i; 774 X(z)
-

L)t
X(2)

o Second-order filter section (a.k.a. biquad)
with 2 poles and 0 zeros

Hiz 1 1.4
LETAT " Poles at 183 and 40683

[

So, how we can represent this filter in a different way, so we will be seeing the difference equation
first. So, y(n) is given us %y(n -1+ %y(n — 2) + x(n). So that is we are going to do the
recursive computation needs. What are the input values, what we need is y — 1 and then y — 2 for
the filter to be linear time invariant. So, we assume that y(—1) = 0 and y(—2) = 0. And the block
diagram to represent this difference equation is shown in this figure, x(n) is the input, and y(n) is

the output.

So, with the delay, we will be generating y(n — 1) which is going to be multiplied by half. And
then other unit delay will give us y(n — 2). So, which is multiplied by weight vector % So, all the

3 are getting summed up and then we will be taking y(n) as the output. So, the transfer function



what we see is it assumes a linear time invariant system. So, y(z) is represented as %z‘lY(z) +

r@

X which is nothing but

%z‘ZY(z) + X (z) and impulse invariance response of this is given by
! g So, we say that poles are at - 0.183 and +0.683.

1
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Discrete-Time IR Filter Design

(T 7))z 2)
; . H(z)=C
+ Biquad with zeros z, and z, (- p)z py)
and poles py and p,
' i V-2 Yo"~ 2
Magnitude response H(e¥}=|C ( : X |)
* [a—=b] is distance between (€= py Y -
complex numbers a and b
G ; o 6 2E 2]
* |&“ = py| is distance from point — |H(¢")=| 0L
on unit circle ¢ and pole location p, |e"- il e“-p

+ When poles and zeros are separated in angle

+ Poles near unit circle indicate filter's

passband(s)

+ Zeros on/near unit circle indicate stopband(s)

So, how we are going to design this, we say it is designed with respect to Biquad zeros z, and z;

and poles will be represented as p, and p;. So, always we use the Biquad section. So, in that case

(z—20)(z—21)

how it is going to represent it H(z) is given by C is the weight factor what we have it, ZaTo—
—Fo —P1
So, how we represent the magnitude response, we will be taking in the frequency domain we

substitute z = e/® then take the magnitude response. So, our z = e/* has to be put in here also.

And this represents our magnitude response and then our, we say that magnitude of a — b is
distance between our complex numbers a and b and e/ — po magnitude is a distance from our point
on unit circle e and pole location at p,. So, that is how we represent the thing when poles and 0s
are separated in angle and poles near unit circle indicate filters passbands and zeros on near unit
circle indicate the stopband. So, we can see that how the poles and zeros have to be placed to
achieve our passband response and then this stopband attenuation how we can arrive at.

(Refer Slide Time: 12:09)



Discrete-Time IIR Biquad Examples

) k) I (-z,2"\1-2,2")

(@ o) p) ~(1-p2 " Y1-p2 ")
+ When transfer function coefficients are real-valued

+ Transfer function ~ H(2)

+ Poles (X) are conjugate symmetric or real-valued
» Zeros (O) are conjugate symmetric or real-valued

+ Filters below have what magnitude responses?

Imfz) Imfz) Imfz) e

0
highpass
bandpass
bandsto)
— R > - R - — Ri P
e(z) &(z) e(z) o
notch?
0

Zeros are on the unit circle Poles have radwis r Zeros
have radis I

So, coming to Biquad example continuing with the thing that transfer function is given by this
equation and when transfer function coefficient are real valued, then poles we say X are conjugate
symmetric or real valued and then zeros we represent with 0 or conjugate symmetric or real valued.
So, filters below have what magnitude response one has to answer this. So, what you see is these
are the 2 complex conjugate poles here and corresponding Os are outside the unit circle, this is our

real axis and this is our imaginary axis.

So, as we say that zeros are on the unit circle basically, and here you will be seeing that poles and
zeros are inside the unit circle and the other one you will be seeing it poles are inside whereas
zeros are outside the unit circle. So, poles have radius r zeros have radius 1 by r that is what what
we represented. So, we have what kind of filters we can design using IR method or FIR method,
lowpass filter, highpass, bandpass, bandstop or allpass or even notch filter what we can design the
thing.

(Refer Slide Time: 13:40)
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A Direct Form IR Realization

+ IR filters having rational transfer functions

o Y(2)_Blz)_ byt . b2 & n C Lk
Hgr ol 22l 2 T TN i - S a7 "k X(2) b
(2 Xz) Az) 1-az'- . -a,2" @ ;&‘"z (Z)‘»Zt, &

+ Direct form realization ] N
+ Dot product of vector of N +| yn) = Z amyLn- m]+z bx(n-k]
e k=0

coefficients and vector of current -
input and previous N inputs (FIR section) ‘> Ny

+ Dot product of vector of M coefficients and vector of
previous M outputs (“FIR" filtering of previous output values)

+ Computation:M + N + | multiply-accumulates (MACs)

+ Memory:M + N words for previous inputs/outputs and
M+ N + | words for coefficients

So, first we will see the direct form IIR realization how it is going to be represented. So, rational
transfer function what we call it, so, our impulse response H(z) is given by % So, we say that

B(z) represents our zeros and A(z) represents our poles. So, which is given by by + b;z71,

byz~Nso, we have N zeros and we say M poles. So, 1-a;z71 + -+ ayz™™.

So, which implies that my Y (z) is represented as (1 — ¥ _, a,,z~™) so, this is my represents my
poles basically, which is equal to X (z) into this we will be varying Y.¥_, b,z ~* we say direct form
realization that is dot product of a vector of n + 1 what we are assuming it coefficients and vector
of current input and previous inputs, what we call it as a FIR section for our zeros and dot product

of a vector of M coefficients and vector of previous M outputs.

So that is FIR filtering of previous output values what we will be taking it here as it is represented,
and then computation of M + N + 1, multiply accumulate what we need it as we can see the
thing. And memory is also going to be M + N words for previous inputs and outputs. And then
M + N + 1 words for the coefficients as it is represented here. This is our previous output. And
this is our input represented with the coefficients by,.

(Refer Slide Time: 16:05)



Filter Structure As a Block Diagram

et e I e e e o |
)| o]

, by > B, :
| [Unk {1\ G| 1ol 3 ok
| Delay | : Dy 1 w
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| 4 { | : '
\ | Unie : : Unit :
| LD ' ! Dety 1 Full Precision
1 x(n2) o > R yin-2] 1 | Wordlength of
: *FeedS d: : ' y{0)is 2 words.
| *Feed-forward | o

: - ! Feedback & | Wordiengthof
| } 1 1 } ! y['l] increases
i [Unit : - Unt 1 ‘withnforn>0.
! Dely : : Delay )
| x{n-N] oby ! 18 oM ! Mand N may
o | | "q. be different

So, when we represent this equation in this form, what happens to our structure, we will see, x(n)
is the input. And we see that by, b;, by coefficients are in the feed forward, so we have the unit
delay, and this is x(n — 1) to x(n — N), which are going to be summed up in this unit, and then
output is going to be our y(n). So, what is the feedback here, so, we will be delaying with one unit
delay and coefficient is going to be multiplied with a,. So, we will be a; y(n — 1) so, which goes

uptoy(n — M)ay.

So, all this is we call it as the feed forward path and this is the feed backward path. So, completely
added here, if there is as we have seen in the earlier case it is —a;y(n — 1). So, some of the
coefficients, as we will see, they may add and then get subtracted and then they may nullify, and
we may not have the overflow, may or may not we can tell that y of n maybe overflowing or not
overflowing in these cases depends on the coefficients what we are using it see we call it is when
we want the full precision. So, what we need is word length of y(0) is going to be 2 words. So, as
we have seen the thing multiplication and then addition, so, it will be going up to 2 words. So,
what happens to word length of y[n] if we start putting y of with 2 words, we will be seeing the
output next time is going to be 4 words or it goes on increasing to avoid this, what we have to do
is we have to come back our y[n] representation with whatever n bit representation so, that we are

not going to have overflow in our representation of y[n].



So, and then M and N may be different, we do not know what kind of order of the filter we are
going to design. So, they may be the same or they can have different values for them.
(Refer Slide Time: 18:34)
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Yet Another Direct Form IIR

+ Rearrange transfer function to be cascade of an all-pole lIR filter followed by an FIR filter

X(z)B(z)_, . - Xl2)
—A(Zl V(z)B(z) where V{z) A2

+ Here, v[n] is the output of an all-pole filter applied to x[n}:

Y(z)=

vn]= x[n)+ Z, a.v[n-m)

N
yinl= ¥ bvim k)
k0
+ Implementation complexity (assuming M N)

+ Compuration:M + N + | MACs

+ Memory,M double words for past values of v[n] and
M+ N+l words for coefficients

Then, how we are going to represent again the direct form of IR filter as it is shown here. So, we
will be rearranged transfer function to be cascade of an all pole IIR filter followed by an FIR filter.

X(2)B(2)
A(2)

. S0, we represent this as V(z) = =2

So, thatisY(z) = A(z)

as V(z)B(z) where that is what we have z is given by this equation. And then we see here v(n) is

the output of an all pole filter applied to x(n) that is what we call it.

So,v(n) = x(n) + XX _, a,,v(n —m) basically m will be varying 1 to M. And y(n) you will be
seeing that it is represented with our Os multiplied by v(n — k). So, the implementation complexity
it we can assume M > N, the number of computation what we needisM + N + 1 MACs in this
case, and memory is going to be M double words for past values v(n) and M + N + 1 words
for the coefficients

(Refer Slide Time: 20:02)
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Filter Structure As a Block Diagram
v[n)

] — Z T "X * yln]
ot Unit a4 i
Delay = n-
(] Wb, v[n} X[n]+‘;amv[n m)
[ n-1] /i N
i | _ o= Y byl Kl
| Delay | T
3 b n-2] | .Ib) : ' Full Precision
Wordlength of y[0] is
i r 2 words and wordlength
Feed-forwar
Feedback forword of v{0] is | word,
Wordlength of v[n] and

|
Pﬂ | y[n] increases with n.
Dely | R S

e i
Ly M) ’ Wy M=2yields | | Mand N may
a biquad be different

How this is going to represented as you can see here, this is our v(n) point and we have summation
here and summation here. So, x of n is going to be multiplied with all 1IR filter feedback basically,
that is, this is the feedback structure. So, v(n — 1), v(n — M), which is going to be summed up.
So, which is going to be given as, as you will be seeing that that is our v(n), which is getting
multiplied, we will be seeing that b, v(n — k) with that and then summed up here with all feed

forward Os and y(n) will be output.

So, as you notice from single summation, what we have come down to double summation. So, the
critical path, what we call it is our over flow or under flow, because here all of them are negative
we may underflow in this case, and all of them are positive, we may over flow also. So, these are
the 2 critical notes what we call it, one has to take care that summation is not going to over flow

or under flow these 2 points from one single critical node, we have Biquad into 2 critical notes.

But as you can see that the delay in itself come down by 2 compared to the previous direct form
structure representation. So, that is what the advantage.
(Refer Slide Time: 21:44)
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Stability

* A discrete-time LTI system is bounded-input bounded-output (BIBO) stable if for any bounded
input x[n] such that | x[n] | < B, < =z, then the filter response y[n] is also bounded | y[n] | < B, < =

* Proposition: A discrete-time filter with an impulse response of h[n] is BIBO stable if and only if

@

:z_&|h|n1|<w

+ Every finice impulse response LTI system
{even after implementation) is BIBO stable

* A causal infinite impulse response LTI system is BIBO stable if and
only if its poles lie inside the unit tiircle

Now comes with the stability because we are more worried with respect to stability. So, we will
be seeing that our linear time invariant system is what we say is bounded input bounded output
BIBO stable what we call it. So, if our any bounded input x (n), such that x(n) is within the bounds
what we call it between x(n)is less than or equal to our some bound value, which is less than oo,
then the filter response y(n) is also bounded what we claim it that is whatever B> it should be less

than co.

So, coming with the FIR filter, that is h(n) what we have it so, we said x(n) is bounded already,
then when the FIR filter is going to be stable, that is BIBO stable, if and only if what we claim is
magnitude of our impulse response h(n) is less than infinity for n is varying from -co to c. So, we
say every finite impulse response of LTI system, even after implementation is going to be bounded
input bounded output stable. So, we say causal infinite impulse response LTI system is BIBO
stable if and only if its poles lie inside the unit circle that is what the meaning of it.

(Refer Slide Time: 23:22)



BIBO Stability b A

+ Rule #1: For a causal sequence, poles are inside the unit circle (applies to z-transform functions
that are ratios of two polynomials) OR

+ Rule #2: Unit circle is in the region of convergence. (In continuous-time, imaginary axis would be
in region of convergence of Laplace transform.)
+ Example: z
dulnlo——  for [2°(d
1-az
+ Stable if [a] < | by rule #1 or equivalently
+ Stable if [a] < | by rule #2 because |z|>[a| and [a|<I

So, continuing with the thing, so, what it says is rule one is for a causal sequence poles are inside
the unit circle applies to z transform functions that are ratios of 2 polynomials or the rule two is
unit circle is in the region of convergence in continuous time imaginary axis would be in region of

convergence of Laplace transform what we claim. As an example, a™ into units step function when

1

we take the z transform of it, which is nothing but ryp—

forall |z| > |a].

So, stable if |a] < 1 by a rule 1 applying it or equivalently stable if magnitude of |a| < 1 by rule
2 also because magnitude of z is greater than |a| and |a| < 1, so, that we will be achieving the
stability.

(Refer Slide Time: 24:34)



Z and Laplace Transforms wice

* Transform difference/differential equations into algebraic equations that are easier to solve
: - LY
+ Are complex-valued functions of a complex frequency variable
o laplace: s=atj2nf
o z=rei®

* Transform kernels are complex exponentials: eigenfunctions of linear time-invariant systems

o Laplace: e#t=gt-)2aft = gfot .
oZ: Zh=(reit)n = oo v
dampening factor oscillation term

So, we will see how we can represent Z and then Laplace transform what is the relationship
so, that is transformed difference or differential equations into all algebraic equations that
are easier to solve. So, our complex valued functions have a complex frequency variable,
what we call it as Laplace in transforms, what we represent s = ¢ + 2 rt f, whereas in the Z
transform, we will have z = e/, So, the transform kernels are complex exponentials

eigenfunctions of linear time invariant systems what we call it.

So, we have Laplace = e~5t = e~9t=J2%/tt Sp, which is nothing but e =t and then these are the
exponential function to exponential function what we are representing. So, in the Zee domain what
we have z7" = (ref“’)_n that is z we are replacing with re/®. So, which is nothing but =" and
then e=/®™. So, we constitute to that e power —ot and then » — n as dampening factor whereas,

the other exponential factors e /2™t and e ~/®™ are the oscillation term in our representation.
(Refer Slide Time: 26:20)



Z and Laplace Transforms Bt 4

* No unique mapping from Z to Laplace domain or from Laplace to Z domain
+ Mapping one complex domain to another is not unique
* One possible mapping is impulse invariance

+ Make impulse response of a discrete-time linear time-invariant (LTI) system be a sampled version
of the impulse resp&nse for the continuous-time LTI system

L Laplace
fn] 4 HE) ol fit) { His)

Hisk (),

So, no unique mapping from Z to Laplace domain or from Laplace to Z domain. So, we can have
mapping one complex domain to another is not going to be unique and one possible mapping is
impulse invariance. So, make impulse response of a discrete time linear time invariant system be
a sample version of the impulse response of the continuous time LTI system. So, how what is that
| have a function f(n). So, in the Zee domain | represent, pass it through with H(z) that is my

impulse response, and what | will get output is y(n).

Whereas, in the case of a Laplace transform. So, will be a continuous time signal is represented
with f (t), which is transformed using H (s). So, | will be getting the y(t). So, how do we represent
in that case, H(s) is given as H(z)|,_,sr that is, we call it as impulse invariance mapping.

(Refer Slide Time: 27:33)



Impulse Invariance Mapping

+ Mapping is 2 = e *Twhere Tis sampling time T,
Tmfs) W™ 19 = 2—n=>is>;r Tz}
o Letf= | Hz
Refs} Refz)
| 10

Poles: s=-12j= = 0198 4031 ({=13)
Zeros: s=14j = 2= 146922287 (T=15)

s j2nf Loplace Domain~ Z Damoin

Iow'Pass, highpass, bandpass, ‘

Lef-hand plane  Inside unit circle bandstop allpass or notch? ‘
Imaginary axis Unit circle

Right-hand plane  Outside unit cirele

So, coming to the mapping how it is going to happen in the impulse invariance, what it is shown
here, mapping is z = eST where T sampling time what we call it as Ts basically. So, we will be
seeing the axis our real axis and then imaginary axis, the poles on the left hand side of our what
we call it as Laplace transform, which is going to be mapped inside the unit circle and our
imaginary axis which is shown in blue actually s = j2rft gets mapped on the unit circle which

becomes 1.

And then the 0s on the right hand side of it can be mapped to outside our unit circle. So, this is
how from Laplace transform to Zee transform, the transformation is going to happen. So, what we
have is omega max is nothing but 1 in this case, which is fmax Which is given by 1/2xf which is
implied that fs should be greater than 1/z. So, we assume let f; = 1 hertz what we are assuming
it then what happens our poles s = —1 + j in the, is getting mapped in the z domain as 0.198 +
or-j0.31into T - 1 second.

So, Os will be getting mapped as s = —1 + j is getting mapped as in the z domain 1.469 + or -
j 2.287 into T - 1 second. So, you will be seeing the Laplace domain, left hand plane inside the
unit circle which we discussed and imaginary axis is the unit circle and right hand plane is going
to be our outside unit circle. So, what we say is with this we will be having lowpass, highpass,
bandpass, bandstop allpass or notch filter what it is going to be designed.

(Refer Slide Time: 29:55)



Continuous-Time IIR Biquad b4

+ Second-order filter section with 2 poles & 0-2 zeros
+ Transfer function is a ratio of two real-valued polynomials
+ Poles and zeros occur in conjugate symmetric pairs
* Quality factor: technology independent measure of sensitivity of pole locations to perturbations
+ For an analog biquad with poles ata & | b,where a <0,
Q= V;‘}ﬂzv.'ln:rc ;s Q=

-ia 2
* Real poles:b =0 so Q = ; (exponential decay response)

+ Imaginary poles:a = 0 so Q = « (oscillatory response)
»

So, how we are going to represent our continuous time IIR Biquad section. So, second order filter
section with 2 poles and 0 to 2 poles what we can have 0 to 2 zeros. That means to say | need not
have to have any Os in our second order filter. If m and n are different if they are equal, then we
will be having 2 poles and then 2 zeros. And that is what we will be representing and in the transfer
function is the ratio of 2 real valued polynomials what we consider and then poles and Os occur in

conjugate symmetric pairs.

And what we define the quality factor, it is a technology independent measure of sensitivity of our
pole locations to perturbations. For an analogue biquad with a polesata =+ j b, where a < 0, then
VaZ+b?

—-2a

the quality factor what Q = , Where it is going to be half less than or equal to Q which is

less than or equal to «. So, if we have the real polls, then b will be 0.

So, the quality factor will be half that is we call it as exponential decay response. And if we have
imaginary poles, a will be 0. So, Q becomes «. So, we say we are going to have the oscillatory
response. Thank you.



