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Basic Building Blocks for Electronics system

% Amplifiers

1. Non-Inverting Amplifier
2. Inverting Amplifier

3. Unity Follower

4. Summing Amplifier

5. Differential Amplifier

% Filters

1. Low Pass Filter

2. High Pass Filter

3. Band Pass Filter

4. Band Reject Filter

% Data Converters
1. Analog to Digital Converters
2. Digital to Analog Converters

+ Signal Conditioning Circuits
1. Resistor Divider Networks
2. Whetstone Bridge Linearization
3. Instrumentation Amplifier

Hi welcome to this lecture, in this lecture we will be talking about Filters. Several (Refer

Time: 00:33) filters low pass high pass band pass band reject.
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Definition: 4 Dilters
» Filters are circuits that are capable of passing signals within a band of frequencies Z ,’
while rejecting or blocking signals of frequencies outside this band. This property of \/MA; 1) /

filters is also called “frequency selectivity”. Z
oV

» Filter can be passive or active filter. lo JHR
» There are 4 basic categories of active filters:
Passive filters: The circuits built using RC, RL, or RLC circuits. .
. 1. Low-pass filters
:The circuits that employ one oz Jole QR3PS in the design pn 4
addition to resistgfs and capacitors F 2. High-pass filters
——
3. Band-pass filters
e a{ﬂe&w?ﬂmm?«m 4. Band-reject filters
E———
> Active filters can be designed to provide, reﬂuired gain, and hence no
Egenuatiog as in the case of passive filters »  Each of these filters can be built by using op-amp as the
No loadi Bler b L Hia ot resist A Wi active element combined with RC, RL or RLC circuit as the
.2 0 loading problem, Decause of Nhigh Input resistance and low outpu passlve elements.

resistance of op-amp.
e s B N e
> Adtive Filtes gre cost effective as a wide variety of economical op-amps Digital filters are implemented using a digital computer or
special purpose digital hardware.

are available.
E g. 1. a{ ﬂ r 7.‘1
> Active filters are mainly used in communication and signal processing
cireuits.

Analog filters may be classified as either passive or active
and are usually implemented with R, L, and C components
and operational amplifiers.
> They are also employed in a wide range of applications such as

entertainment, medical electronics, etc.



So, when you see the definition the definition of filter is extremely simple, filters are
circuit that are capable of passing signals you see, capable of passing signals, within a
band of frequency it will only allow the band of frequencies to pass while rejecting or

blocking signals of frequencies outside the band right.

So, if you select a band of frequency that you need to pass and you are going to reject or
block the signals outside their band, you can use the filters alright this property of filter is
also called frequency selectivity it is also called frequency selectivity, because you are
selecting the particular frequency from the bad of frequencies or from the total

frequencies right.

Now, next is filters can be passive, filters can be active, filters can be passive filters can
be active. So, what do you mean by passive filters the circuits built using RC RL or RLC
right, either using the resistor and capacitor or resistor and inductor or resistor capacitor
inductor, then these are called the passive filters right. We already have seen what are

passive components what are active components these are the passive filters right.

Now, when you talk about active filters the circuit that employ one or more operational
amplifiers, or any other amplifier ok. In the design and in addition to the resistors and
capacitors right in addition, in addition to the resistors and capacitors than that will be

your active filter that will be your active filter right.

Now, if you see what are the advantage of active filters why we have to use active filters
right, why we have to use active filters why we cannot generate the circuits using passive
filters, then we have to understand what are the advantages of active filters over passive
filters what are advantages let us see one by one. The first advantage is that active filters
can be designed to provide required gain, we can change the gain in active filters, hence
no attenuation as in case of passive filters we use passive filters that will be at
attenuation and there will be loss. So, we can we can use the active filter and we can

provide the gain that is the advantage number 1.

Second advantage is there is no loading problem, because of high input resistance and
low output resistance of op amp, we have seen the op amp characteristics where two
characteristics of op amp that is the high input impedance and low output impedance
correct, this is what we have seen high input impedance and low output impedance. So,

because of this characteristics this is this will help us to remove the loading effect to



remove the loading effect and we will see what is loading effect in the experiments as
well alright. We will see how the loading effect can be removed when we perform the

experiments.

So, the advantage is when we use op amp then the loading effect can be avoided. So, no
loading problem in case of active filters. Third advantage over passive filter is the active
filters are cost effective as wide verities of economical op amps are available, if you buy
opamps 74 1 mua 74 1 right in a bulk, it will it will give you about 10 INR 10 to 15
INR per piece right.

So, you can buy in a bulk and it is really cheap. So, why not to make of active filters
when we can we do not have to spend that much money and in advantage we cannot see
any loading effect. And we can also change the gain. So, if there are these many
advantages of active filters over passive filters one will always go for the active filter one

will always go for the active filter ok.

Now, what are the applications then what are the application active filters. Active filters
are mainly used you see mainly used in communication and processing circuits and
signal processing circuits. So, all the or most of the communication based applications,
we will see the use of the filters and in particular active filters, they are also employed in

wide range of applications such as entertainment medical electronics etcetera alright.

So, how can we design a filter or how we can use a filter in medical electronics, that can
be a part of another lecture itself or another course itself ah, but we need to understand
that once we understand how we can use operational amplifier as an filter, then where it
can be used and what are the applications. So, main application of filters are in

communication circuits right.

So that means, that when you see any communication circuit you try to see, whether it
has some active filters are not same way signal processing tools, same way electronics
same way of entertainment purpose, when say entertainment what does entertainment
means right is it means that we are playing a video game and in the video game the

circuit that we are designing has some filters in it right.

So, what are the applications of filters that also we should know right. And will see some

of the advantages that I have just talked recently or right before two minutes that are the



loan loading effects. So, how loading effect can be removed, if we use active filter over

passive filters will see in the experiment part as well alright guys.

So, now let us see what are the four basic categories of active filter, what are the four
basic categories of active filter first category is low pass filter. First is low pass filter,
second one is high pass filter, third one is band pass filter, fourth one is band reject filter
right four categories, low pass high pass band pass band reject right. Each of these filters

can be built by using op amp as the active element combine with RC RL or RLC circuit.

Second digital filters are implemented using digital computer or special purpose digital
hardware, there are two types of filter based on the based on whether it is analogue or

whether it is digital. So, it can be analog filters it can be digital filters. .

Now, also on based on type based on category there are 4 low pass high pass band pass
band reject, but if you want to form a digital filter that can be implemented using a
digital computer, or it can be also implemented using special purpose digital hardware.
While analog filters may be classified either as passive or active either as passive or
active right and are usually implemented using R L and C components and operational

amplifiers alright.

So, main two categories of filter is digital analog, further in analog you can have active
as well as passive in terms of it categories basic categories it can be divided into 4 parts,
one is low cost low pass filters, high pass filters band pass filters and band reject filters.
We will see each of them we will see each of them we will see each of them in this

particular module ok.
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BASICFILTER RESPONSES

Low-Pass Filter Response

» Alow-pass filter allows for easy passage of Iow-freguencx signals from source to load,
and difficult passage of high-frequency signals. e

»A low-pass filter is a filter that passes frequencies from 0 al frequency, f.and
significantly attenuates all other frequencies.
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So, let us see basic filter response for the low pass filter alright. So, what does low pass
filter means low pass right; that means, it will pass the frequencies which are low
frequencies. So, we can if we want to if we have let us say 0 to 1 kilo hertz frequency
and I want to only pass frequency from 0 to 200 hertz and any frequency about 200 hertz
should not be passed, then I can design a low pass filter right. It will pass a low
frequency it will block the high frequency now this high frequency which one is high
frequency that we can design, we can design the filter and according to our design, it will
allow the low frequency to pass it will attenuate the frequency above certain frequency
or what is that frequency that is called critical frequency f C we will see in this module

as well ok.

If we come back to the screen what you see is low pass filter allows for easy passage of
low frequency signals easy passage of low frequency signals from source to load from
source to load. So, you see here this is a circuit when you see here, what is there is a
source there is a there is a resistor R and there is a capacitor C. So, just using R and C
you can form a low pass low pass passive filter using just component R and C, just using
components R and C you can find a low pass filter, that is your passive filter. Now, a low
pass filter allows easy passage of low frequency signals, but difficult passage of high

frequency signals.



So, if you see ideal curve ideal plot for the low pass filter, or ideal response of the low
pass filter it will look like this you have y axis where you have gain and you have x axis
where you have frequency right, x axis where you have frequency and then you have to
design the filter such that above the frequency f C or f H right. So, it will not allow the

frequency to pass only frequency below this frequency will be allowed to pass.

So, the frequency so you can see a sharp cut sharp cut like this right and it, look like a
wall it looks like a wall right. So, wall from this side wall from this side also right sharp
change right, because we want to only allow the frequency within this particular band
and any frequency above this band this one should not be allowed to pass should not be

allowed to pass right.

So, this frequency is allowed to pass that is why it is called pass band, this allowed this
frequency is not allowed to pass or band of frequency is rejected is called top band right,
you can pass the frequency you can stop the frequency, this is an ideal response of the
low pass low pass passive filter or low pass active filter you will have the same response
by this ideal response, but when you see actual response what you will see you will see
lot of things, that first is you see there is a the cut off frequency should e here, it should it

should have actually it should have like this is the ideal plot.

But in reality in practical when you when you perform the experiment is the actual
response would be different, then your ideal response and here what you see here you see
that it will go slowly and it will stop at certain frequency right, but will consider only
frequencies that are allowed or about minus 3 dB minus 3 dB or 70 percent of the total
voltage, this is the pass band as we have seen and this is the band width and this is the

frequency, this is the gain this is the gain right, y axis is gain x axis is frequency.

Now this one this slope right this slope is called roll of rate is called roll of rate alright.
So, this response of single pole RC filter and this is a transition region, where you can
see here this is a transition region, this slope itself is a transition region and the roll of
rate for this one is minus 20 dB minus 20 dB per decade minus 20 dB per decade right
and this one is nothing, but your stop band region there it is nothing, but your stop band

region alright.

So, now you have seen two three words first word is first word is transition region,

transition region is from pass band to stop band transition region second is response of



single pole RC filter, what is single pole RC filter there is only one R there is only 1 C, if
I keep on increasing the resistors and increasing the capacitors there will be 2 pole RC

circuit 3 pole RC filter and so and so forth alright.

So, for single pole RC filter my roll off rate is minus 20 dB per decade for 2 pole RC
filter my roll off rate will be minus 40 dB per decade and so on alright. And you will we
will see when we see the 2 pole RC circuit alright and this is your stop band region
where the frequency would be stop. So, a low pass filter is a filter that passes frequency
from 0 hertz to the critical frequency critical, frequency I said it can be denoted by f C

here, it is denoted by f H right.

It is critical frequency f C and significantly attenuates all the other frequencies and
significantly attenuates all the other frequencies, any frequency above the critical
frequency. It will attenuate; it will attenuate means it will not allow to pass it will not

allow to pass ok. So, this is your low filter low pass filter response.

(Refer Slide Time: 14:09)
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Now, if you see this is again same graph again same plot. So, pass band of a filter what is
pass band this is a pass band right, a pass band of a filter is a range of frequencies that
are allowed to pass the filter with minimum attenuation with minimum loss alright. And
usually it is defined that less than minus 3 dB of the attenuation. Transition region

transition region, what is transition region transition region shows the area where they



fall off occurs right, this is you see from here now the fall off is occurring right. So, it is

a transition region.

Stop band stop band is a range of frequency that have most attenuation you see here
maximum attenuation occurs here, it is a stop band right and finally, we have critical
frequency very important critical frequency also denoted by f subscript C also called
cutoff frequency right, because this frequency you see this one is a cutoff frequency,
because above this frequency the response the frequency would not allow to pass. And in
actual response you will see the slowly it is going to the region, where frequencies are

minimum number of frequencies are allowed to pass so, the right.

So, critical frequency defines the end of the passband and normally specified at the point,
where the response drops to minus 3 dB or 70.7 percent from the passband response right
70.7 percent of the passband response, when this falls here right and the critical
frequency is nothing, but the end of passband here right. And it will be nothing, but 70.7
percent of the passband response or we can say minus 3 dB alright so, these are the

regions within a filter.
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Low Pass at DC Low Pass at

normal frequency zero frequency high frequency ><C4

—

» At low frequencies, X is very high and the capacitor circuit can be considered as

open circuit. Under this condition, VE =V, orA, =1 (unity).
———

» At very high frequencies, X¢ is very low and the V. is small as compared with V..
Hence the gain falls and drops off aradually as the frequency Ts increased.

Now, if I want to design this filter, it is very simple I use one resistor, use one capacitor |
apply a voltage what I see is that you know the formula X equals to 1 upon 2 pi f C for
capacitor right. So, what will happen for low frequency? For low frequency, the

capacitor the capacitor would be not conducting right it will not conduct. So, what will



happen that at low frequency X C is very high right; it is very high why because the
frequency is very high. So, X C is 1 upon 2 pi frequency is very low right frequency is

extremely low why because we are passing low frequencies right.

So, for low frequencies X C would be X C would be high where X C would be very high
capacitor can see the as an open circuit so; that means, that it is not there is not
conductive right is open circuit. So, even you see on the screen please when the capacitor
is not conducting, you can see here right; that means, it is an open circuit. So, whatever
single is there in the input with lower frequency you will see at the output, you will see at

the output right.

So, low pass at normal frequency right low pass at DC frequency DC frequency is
infinite X C would be infinite right DC is what f equals to 0 DC signal is frequency is 0.
So, x would be X C would be nothing, but infinite right under this condition V o equals
to Vin or a V equals to unity you can see here in this particular condition low pass from

0 to certain frequency that is our f C it will pass the frequencies.

And what will happen at very high frequencies at very high frequencies X C is very low
and V o is small as compared within V in as the gain falls and drops off gradually as the
frequency is increased, as the frequency is increased; that means, that if I keep on
increasing the frequency my X C will keep on decreasing and; that means, that it is
considered now as the shorted it is shorted right. Now, it is not conducting right in this

case at lower frequency, it was not conducting now it is completely shorted it is shorted.

Because at high frequency the X C would be X C would be less and that is why it is
shorted; that means, the output you will see slowly fading down slowly fading down.
And finally, there will be no frequency that can pass through this particular circuit alright
easy extremely easy. So, you just understand the role of the capacitor, if you understand
the role of capacitor if you understand the role of capacitor the filter becomes very easy

to understand right, the filter becomes extremely easy to understand alright.
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» The bandwidth of an ideal low-pass filter is equal to f:
—

BW=f

»The critical frequency of a low-pass RC filter occurs when

X = Rand can be calculated using the formula below:

The bandwidth of an ideal low pass filter the bandwidth of an ideal low pass filter is
equal to f ¢ is equal to f c. So, bandwidth is equal to f ¢ right the critical frequency of a
low pass filter occurs when X C equals to R and can be calculated using the formula f ¢
equals to 1 upon 2 pi RC; that means, that if I design a filter, if I design a filter then what
will I have a resistor, I will have a capacitor and then I will have a output voltage V o

correct CR signal right.

So, depending on the value of R depending on the value of C I can see elect my critical
frequency, I can select my critical frequency critical frequency is frequency at which the
attenuations starts right, we have seen right we have considered this minus 3 dB like this

is not it right.

So, critical frequency of low pass filter RC filter occurs, when X C equals to R and can

be calculated using the formula f ¢ equals to 1 upon 2 pi RC f ¢ equals to 1 upon 2 pi RC.
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» This first-order low pass active filter, consists simply of a passive RC filter stage providing a low frequency path to the input of
a non-inverting operational amplifier. The amplifier is configured as a voltage-follower (Buffer) giving it a DC gain of one, Av =
+1 or unity gain as opposed to the previous passive RC filter which has a DC gain of less than unity.

» The advantage of this configuration is that the op-amps high input impedance prevents excessive loading on the filters output
while its low output impedance prevents the filters cut-off frequency point from being affected by changes in the impedance
of the load.

» While this configuration provides good stability to the filter, its main disadvantage is that it has no voltage gain above one.
However, although the voltage gain is unity the power gain is very high as its output impedance is much lower than its input
impedance. If a voltage gain greater than one is required we can use the following filter circuit.

Now, now what to do let us see alright let us see so, until here what we are looking at
low pass filter, but they were passive filters passive filters means if you this was not
there op amp was not, there right we are looking only on this circuit where resistor and
capacitor was there right. Now, we are looking at low pass active filter, low pass active

filter.

When you have to have low pass active filter you have to have an amplifier, you have to
use a amplifier. And if we use here what is amplifier the amplifier is nothing, but unity
gain amplifier we have seen the op amp right, we have seen the circuit of op amp. When
it was used as a buffer right buffer unity gain amplifier, unity gain amplifier or voltage
follower voltage follower right. This three things we have seen all three things is same
circuit which is right shown here right buffer unity gain amplifier or voltage follower one

and the same one and the same right.

(Refer Slide Time: 21:39)



First Order Low Pass Filter
PRMADS

Low Pass Filter Non-lvenmg /

» This first-order low pass active filter, consists simply of a passive RC filter stage ﬁ%ding alow Iﬁguencx Eath to the input of

a non-inverting operational amplifier. The amplifier is configured as a voltage-follower (Buffer) giving it a DC gain of one, Av =
+1 or unity gain as opposed to the previous passive RC filter which has a DC gain of less than unity.

» The advantage of this configuration is that the op-amps high input impedance prevents excessive loading on the filters output
while its low output impedance prevents the filters cut-off frequency point from being affected by changes in the impedance
of the load.

» While this configuration provides good stability to the filter, its main disadvantage is that it has no voltage gain above one.
However, although the voltage gain is unity the power gain is very high as its output impedance is much lower than its input
impedance. If a voltage gain greater than one is required we can use the following filter circuit.

So, now if I connect a unit gain amplifier with a low pass filter which is my RC filter, it
becomes my active filter. So, the first order low pass active filter consists simply a RC
filter stage providing a low frequency path to the input of non-inverting operational
amplifier, it is what inverting or non-inverting it is not inverting, because the signal is

applied to the non inverting terminal of the operational amplifier.

So, this is the RC filter whatever the output is here, we were measuring output here right
V o is output is with respect to ground right. So, this is ground if I have told you earlier
also, if you do not see a ground assume that there is a ground ok. And then with respect
to ground with respect to ground, if this is the voltage that is generated that is fed to the
non-inverting terminal of the operation amplifier right it is to the none inverting terminal.
So, that is what is written active filter or first order low pass first order always remember,

I have told you first order second order right.

The first order low pass filter and that to active filter consist of RC filter stage providing
a low frequency part to the input of a non-inverting operational amplifier, the amplifier is
configured as a voltage follower or a buffer or a unity gain amplifier giving it a DC gain
of 1 right or Av equals to plus 1 or unity gain as opposed to previous RC filter which has
a DC gain of less than unity right.

So, just RC filter will have DC gain of less than unity of course, but when we use a unity
gain amplifier will have a DC gain of 1. The advantage of this configuration is that op

amps high impedance prevents excessive loading you see, high input impedance prevents



excessive loading of the filters output while it is low output impedance prevents the
filters cut off frequency point, from being affected by changing in the impedance of the
load right.

Advantage right first advantage is high input impedance that will prevent the excessive
loading right. And second would be second would be the low output impedance which
prevents the filter cut off frequency from being affected by the changes in the impedance
of the load, if I connect this further and if I change the load right, it will not be affected,
because I have low output impedance of this particular amplifier alright load resistor if

you change it will not affect the filter response.

While this configuration provides good stability to the filter its main disadvantage so,
what is the drawback right what is the drawback let us see what is the drawback? So, the
drawback is or disadvantage is that it has no voltage gain you see why because whatever

voltage you apply here right.
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First Order Low Pass Filter

Low Pass Fiter Non-inverting
unity amplifier

» This first-order low pass active filter, consists simply of a passive RC filter stage providing a low frequency path to the input of
a non-inverting operational amplifier. The amplifier is configured as a voltage-follower (Buffer) giving it a DC gain of one, Av =
+1 or unity gain as opposed to the previous passive R filter which has a DC gain of less than unity.

» The advantage of this configuration is that the op-amps high input impedance prevents excessive loading on the filters output
while its low output impedance prevents the filters cut-off frequency point from being affected by changes in the impedance
of the load.

» While this configuration provides good stability to the filter, its main disadvantage is that it has no voltage gain above one.
———C
However, although the voltage gain is unity the power gain is very high as its output impedance is much lower than its input
_—

impedance. If a voltage gain greater than | i can use the fo\lowinﬁ filter circuit.

Which is a output of your filters? I will say V f output of filter, then when we see V out V
out would be similar to V f, because voltage gain is it is the unity gain amplifier. So,
voltage gain is 1 so; that means, that there is no actually voltage gain in the output of the
operational amplifier that is the disadvantage right; however, although the voltage gain is

unity the power gain is very high right.



Because it can follow the voltage, but it will also increase the current it will increase the
current. So, power is very high as it is output impedance is much lower than its input
impedance, if a voltage gain greater than one is required we can use the following circuit,
which circuit if [ want a voltage gain; that means, my V out should be sum gain into V f
whereas, my gain can be 10 into V f. So, how can I have 10 I cannot use this circuit right

I have to use another circuit. What is that another circuit?

(Refer Slide Time: 25:29)

Active Low Pass Filter with Amplification LowPass

Filtr Stage ; Amplfication
» The frequency response of the circuit will be tgg same as that for the —

passive RC fil cept that the amplitude of the output is increased
by the pass band gain, A, of the amplifier. For a non-inverting | v

amplifier circuit, the magnitude of the voltage gain for the filter is
given as a function of the feedback resistor ( R, ) divided by its
corresponding input resistor ( R, ) value-ane-isgi

Therefore, the gain of an active low pass filteTasa-funett
Gain of a first-order low pass filter

= Vour Ay
eWhere: Vin / f \2
o A, =the pass band gain of the filter, (1 + R2/R1) [ 1L ‘ LA ‘
* f=the frequency of the input signal in Hertz, (Hz) \\ & it

¢ fc = the cut-off frequency in Hertz, (Hz)

Another circuit is active low pass filter with amplification active low pass filter with
amplification. So, what is low pass filter low pass filter is shown here right and here, |
have connected a I have connected a non-inverting amplifier, you see here what is my

circuit non inverting amplifier correct.

So, frequency response of circuit will be same as that of the RC filter except that
amplitude of the output is increased by the pass band gain a f right. So, we now have DC
gain of R 1; R 1 R 2 by R 1 plus R 2 by R 1 right, why because we have seen in non-
inverting amplifier our DC gain is 1 plus R 2 by R 1. If I use inverting amplifier I will
have DC gain of R 2 by R 1 that will be my gain right.

So, for the non-inverting amplifier I have a gain of 1 plus R 2 by R 1 thus by changing
the value of R 2 and by changing the value of R 1, I can decide what will be the gain of
this particular filter circuit and thus it becomes active low pass filter with amplification

with amplification right.



So, therefore, the gain of active low pass filter as a function of frequency will be voltage
gain equals to V out by V in equals to A F under root of 1 plus f ¢ by f C whole square,
this you have to remember this is the voltage gain of the active low pass filter alright.
Now, there is a there is a derivation to derive this we are not interested in deriving this
particular equation alright, but I can always tell you which book to refer, if you want to

understand how this equation is derived right.

So, you can ask me if you are interested to understand how this equation is derived, if not
you should understand how you can implement the circuit, how you can design the
circuit that is the idea of this particular course that you at the end of this course you are
able to design. The filter circuits design several circuits analog circuits using operation

amplifier using MOSFET and so on and so forth.

So, let us go back here where A F in this particular case A F is the pass band, gain of the
filter A F is the frequency of the input signal, f C is the cut off frequency alright this we

know correct.
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Thus, the operation of a low pass active filter can be verified from the frequency gain equation above as:

A I

¢1. At very low frequencies, f < fc M = A ) {

Vin ; q ;

|

*2. At the cut-off frequency, f = fc Vout |

—— = = l

Vin |

. : Vout
*3, At very high frequencies, f > fc < A

vin b—> [ )

» Thus, the Active Low Pass Filter has a constant gain A. from OHz to the high freguency cut-off point, f.. At . the gain
is 0.707A. and after f_it decreases at a condtamTate asif_h'e frequency increases. That s, when;@weased
b il (one decade), the voltage gain is divided by 10.
—_ a—u-_,

» In other words, the gain decr 20dB (= 20log 10) each time the fre s i ;
circuits the magnitu’ae of the pass band gain of the circuit is generally expressed in dej

voltage gain, and this is defi

en dealing with filter
0B as a function of the

[ Vout
/In

[ 70 Vout
L AmEE
2 -3dB = 20log,,[ 0.707

Magnitude of Violtage Gain in (dB) ~ Av(dB) = 20log,
—— e Vin )
———

So, thus the operation of a low pass filter can be verified. So, at very low frequencies f

less than f C my output would be V out by V in equals to A F right.
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Active Low Pass Filter with Amplification Lonizs

Filter Stage K Amplification
% frequencies
» The frequency response of the circuit will be the same as that for the ——A
=
Vin

passive RC filter, except that the amplitude of the output is increased
by the pass band gain, A, of the amplifier. For a non-inverting
amplifier circuit, the magnitude of the voltage gain for the filter is
given as a function of the feedback resistor ( R, ) divided by its
corresponding input resistor ( R, ) value and is given as:

(=]
——1
“4AN
=
2
o=

. R. \
DCgain = | 1+—=
R
15,
Therefore, the gain of an active low pass filter as a function of frequency will be:
Gain of a first-order low pass filter : A
i S Vout Ay
Voltage Gain, (Av) = — =
sWhere: S— Vin [ £\
¢ A, =the pass band gain of the filter, (1 +R2/R1) f v
* f=the frequency of the input signal in Hertz, (Hz) <;‘ Wioy
* fo= the clit-off frequency in Hertz (Hz) ¢ %

s ——

You see this one if my f'is less than f C fis less than f C in this particular case right then
my V out will be nothing, but A F right V out would be nothing, but A F at f equals to f C
my a V out would be V out by V in would be A F by root 2 or 0.07 A F at high frequency
it will be less than A F this is very simple right.

You will find in lot of books same equation correct, thus the active low pass filter has a
constant gain A F from 0 hertz to high frequency cut off point f C at f C the gain is 0.707
of A F and after f C it decreases constant rate as the frequency increases. This is similar
thing what this graph shows it is a gain versus frequency graph f C right frequency is

given in hertz gain we calculate in terms of decibel right.

So, when the frequency is increased tenfold, that is the voltage gain is divided by 10 at
that time the f C is decreases the constantly. In other words the gain decreases the gain
decreases, each time the frequency is increased by 10 the gain is increased right or gain
is decreased by 20 decibels each time the frequency is increased by 10, when dealing
with the filter circuits the magnitude of the pass band gain of the circuit is generally
expressed in decibels or function of voltage gain and it is given by this particular

equation which you can see here.

Magnitude of voltage is nothing, but A equals to 20 log V out by V in or minus 3 dB
right magnitude of voltage gain in decibel so, minus 3 dB equals to 20 log 0.707 V out

by V in correct. So, this shows how you can derive the this how you can derive the



formula for formula for the magnitude of voltage gain, in case of the low pass active

filter in case of the low pass active filter right.
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Second-order Low Pass Active Filter
As with the passive filter, a first-order low-pass active filter can be converted into a second-order low pass filter
simply by using an additional RC network in the input path. The frequency response of the second-order low
pass filter is identical to that of the first-order type except that the stop band roll-off will be twice the first-order
filters at 40dB/decade (12dB/octave). Therefore, the design steps required of themgecond-order active low pass
filter are the same.

Cascading Voltage Gain i

R
When cascading together filter circuits to form y———
higher-order filters, the overall gain of the filter is fe= 2%RRCC

equal to the product of each stage. For example, the Vout
gain of one stage may be 10 and the gain of the

second stage may be 32 and the gain of a third stage @ : i
may be 100. Then the overall gain will be 32,01 (9 .{LL) Se e = /
X 32 x 100) as shown below. Al 10:32; 'lO () r——
s [ o, 2
o ’ ' ’ (v'ﬁtl Avijeg- 2906, 2000) é |
\ 054-___
2088 3088 4008 Av(dBs % ZFU RJE‘C‘,Q

90dB = 20d dB + 40dB

Now, let us see second order low pass active filters. So, now, if I increase one more
capacitor and one more resistor one more capacitor and resistors right, it will become

second order there are 2 R and 2 C gain remains same Av equals to 1 plus R2 by R 1.

But my frequency formula earlier for single order was 1 upon 2 pi RC right f C equals to
you see, where is it f C equals to 1 upon 2 pi RC if I use this right, then my gain my
frequency formula becomes f C equals to 2 pi right here in thiscase R 1 C1 R 2 C 2 so, f
C equals to 1 upon 2 pi.

Now I have under root of R 1 or R 3 in this case right in this case as say R3 R4 C 1 C 2.
So, if I have R 3 equals to R 4 and C 1 equals to C 2, then my f C will be 1 upon 2 pi
under root of R square C square or 1 upon 2 pi RC correct what I am saying is that if you
see this circuit if you see this circuit and if you see the formula for the critical frequency
the formula for critical frequency is f C equals to 1 upon 2 pi under root of R3R4C1C
2, which is the this particular circuit it is does not matter R 3 R 4 I can say R 1 R 2 does

not matter right.
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Second-order Low Pass Active Filter
As with the passive filter, a first-order low-pass active filter can be converted into a second-order low pass filter
simply by using an additional RC network in the input path. The frequency response of the second-order low
pass filter is identical to that of the first-order type except that the stop band roll-off will be twice the first-order
filters at 40dB/decade (12dB/octave). Therefore, the design steps required of the second-order active low pass
filter are the same.

Cascading Voltage Gain

0 =t Bl
When cascading together filter circuits to form } ‘1
higher-order filters, the overall gain of the filter is I fe= VRRCC:
equal to the product of each stage. For example, the
gain of one stage may be 10 and the gain of the l l
second stage may be 32 and the gain of a third stage @ 0 KJ:MI

AV = AV, x AV, X AV,
may be 100. Then the overall gain will be 32,000, (10 dem

x 32 x 100) as shown below. AV = 10%325100 = 32000

n ’ ' ’ Av(dB) = 20log, (32000)

2088 30d8 408 Av(dB) = 90dB

90dB = 20dB + 30dB + 40dB

Icansay C 1 C 1 2 1 that does not matter point is that there are 2 resistors, 2 capacitors
and then there is of course, this inverting amplifier there is an non inverting amplifier
right, there is a non-inverting amplifier the gain of non-inverting amplifier is Av equals
to 1 plus R 2 by R 1 the frequency formula is 1 upon 2 pi under root of this particular 2
resistors and C 1 and C 2.
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Second-order Low Pass Active Filter
As with the passive filter, a first-order low-pass active filter can be converted into a second-order low pass filter
simply by using an additional RC network in the input path. The frequency response of the second-order low
pass filter is identical to that of the first-order type except that the stop band roll-off will be twice the first-order
filters at 40dB/decade (12dB/octave). Therefore, the design steps required of the second-order active low pass

filter are the same, ﬂ
W= = -
i i R3 | Re
Cascading Voltage Gain wete
When cascading together filter circuits to form } —0 7
higher-order filters, the overall gain of the filter is 1 & fes 2% VRRGC
in |
equal to the product of each stage. For example, the R2 Vout - copg—
gain of one stage may be 10 and the gain of the l Rl "
second stage may be 32 and the gain of a third stage @ TR 0 K,}‘
may be 100. Then the overall gain will be 32,000, (10 i d
x 32 x 100) as shown below. i
Av =10x32x100 = 32,000 CIJ C&

vin ’ ' ’ i AV(dB) = 20l0g,,(32000) ‘A = /
¢ 27 Alcl

2008 3008 4008 Av(dB) = 80dB lf — (

7
ene
90dB = 20dB + 30dB + 40dB b

Now, if what I say is that if I have R 3 equals to R 4 in this particular case R 3 equals to
R 4 and C 1 equals to C 2 my f C, this particular formula will become 1 by 2 pi R square



C square, because R 1 equals to R 4 C 1 equals to C 2 so; that means, f C will be nothing,
but 1 upon 2 pi RC 1 upon 2 pi RC right, which is which is similar to my similar to my
first order low pass active filter right, critical frequency formula becomes similar to my

first order low pass active filter any way let us see.

As with passive filter a first order low pass active filter can be converted into second low
pass active filter, by using additional RC network the frequency response of the second
order low pass active filter, is identical to that of first order except that the stop band roll

off rate will be twice the first order.
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Second-order Low Pass Active Filter
As with the passive filter, a first-order low-pass active filter can be converted into a second-order low pass filter
simply%work in the input path. The frequency response of the second-order low
pass filter is identical to that of the first-order type except that the stop band roll-off will be twice the first-order
filters at 40dB/decade (12dB/octave). Therefore, the design steps required of the second-order active low pass
filter are the same, 4

Cascading Voltage Gain

When cascading together filter circuits to form
higher-order filters, the overall gain of the filter is
equal to the product of each stage. For example, the
gain of one stage may be 10 and the gain of the
second stage may be 32 and the gain of a third stage
may be 100. Then the overall gain will be 32,000, (10
x 32 x 100) as shown below.

Av=10%x32x100= 32000
dinl ovler
vin . Av(dB) = 20log,,(32,000)
= AOJBAJGC;

208 308 4008 Av(dB) = 90dB

90dB = 20dB + 30dB + 40dB

That means, if you if you see the first order filter, you will see 20 dB per decade right,
that was the formula right that the roll off rate was nothing, but 20 dB per decade in case

of this is for the first order first order low pass filter.

In case of second order low pass filter mu roll of rate right will be 40 dB per decade, 40

dB per decade that is what is written that the roll off rate increases roll off rate increases.
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Second-order Low Pass Active Filter
As with the passive filter, a first-order Iow-Eass active filter can be converted into a second-order low pass filter
simplyjuﬂ%;;rﬂ_ﬂwork in the input path. The frequency response of the second-order low
pass filter is identical to that of the first-order type except that the stop band roll-off will be twice the first-order
filters at 40dB/decade (12dB/octave). Therefore, the design steps required of the second-order active low pass
filter are the same. 4l

Cascading Voltage Gain

When cascading together filter circuits to form
higher-order filters, the overall gain of the filter is
equal to the product of each stage. For example, the
gain of one stage may be 10 and the gain of the
second stage may be 32 and the gain of a third stage
may be 100. Then the overall gain will be 32,000, (10
x 32 x 100) as shown below.

20d8 30d8 40d8

Av(dB) = 90dB

-_— —t ()

90dB = 20dB + 30dB + 40dB (
So, if I keep on increasing the roll off rate my filter first response was this, if my roll off
rate increasing is this the response would be similar to this, still my roll off rate is
increasing response will be this is my ideal response right this is my ideal response it

should look like this right.

So, increasing the roll off rate; that means, that my actual response is getting closer to my
ideal response, my actual response is getting closer to my ideal response always
remember, when you plot the graph y axis is gain which can be in decibels y axis is

frequency this is your critical frequency e f C this is your frequency f is always in hertz.

So, you have to write hertz it would write gain write always unit ok, always you have to
plot when you plot the graph, you always write units very important very important
anyway. So, let us go to the next line that is that the frequency response second order
pass filter is identical to that of first order except that the stop band roll off rate will be
twice of the first order low pass filter, which is 40 dB per decade.

Therefore, the design steps required for second low pass order filters are the same ok. So,
this is the circuit and this is the formula, now if I if I use this is an example, you see if |
have a cascaded voltage gain when cascading together filters to form high order filters

the overall gain of the filter is equal to the product of each stage.



For example gain of this stage may be 10 and gain of stage may be 32 the gain of third
stage may be 100 right. So, for example, what is what is saying then if I cascade my
filters and my first stage is 10, second stage is 22 third stage is hundred these are gain
right. Then the overall gain will be 32000, because 10 into 32 into 100 correct. So, Av
equals to nothing, but Av 1 plus Av 2 Av 1 into Av 2 into Av 3. So, Av equals to 10 into
32 into 100 32000 so, Av in decibel 20 log 32000 that will be 90 dB right.

So, if I see 90 dB; that means, the 90 would be nothing, but 20 30 and 40 correct 90 dB,
would be anyway 20 dB plus 30 dB plus 40 dB very easy cascading voltage gain in case

of the filters in case of the filters.

(Refer Slide Time: 36:21)

» The number of filter poles can be increased by cascadiing. To obtain a filter with

three poles, cascade a two-pole with one-pole filters.
S ke

\S I__‘_

B RC
circuit circuit

in

Ry

>
Ry j: Ry ike

Three-pole (third-order) low-pass filter.

AAA
£ \AJ

Now, number of filters now number of filters can be increased by cascading right,
number of filter poles that is from 1 RC to 2 RC to 3 RC here, you can see 3 R and C
right 1 RC 2 RC 3 RC right, then we see these are 3 pole or third order low pass filter.

To obtain filter with 3 poles cascade 2 pole filters with 1 pole filters easy very easy right.
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Low Pass Filters — Example 1

Design a first order low pass filter for a high cut-off frequency of 2 kHz and pass band gain of 2

Solution lr : 2 ky@
Given, ¢
s b
Cut-off Frequency, f, = 2 kHz 2
———— {4
Let I;{ =1kQ } N Rﬁ’
fe="anre

=1l =
S 0= o 1ks 2= 19ST0F
Required Pass band Gain = 2

If we consider a non-inverting amplifier, Ao = 1+R¢/R,

0 00795yF
=2=1+RR=R/R=1 L
If R= 10 k0, then R = 10 kQ —

PRl—— —

Let us see now let us see now example of low pass filter. So, you see here this circuit is
given ok. So, what is the question design a low pass filter design a low pass filter for a
high cut off frequency of 2 kilo hertz alright. So, we have to design a filter for the cut off
frequency f C is given what 2 kilo hertz and pass band gain right pass band gain is given

2 right.

Where is the input is here you see input is here, where is it on the non inverting terminal.
So, this looks like this looks like non inverting amplifier correct. So, non-inverting
amplifier non inverting amplifier what is the DC gain one plus what is the here feedback

R fand R i1 plus R fby R 1 this we know right this we know.

So, f ¢ is given R is given right where is R is 1 kilo ohm right C is also given so, f ¢
equals to 1 upon 2 pi RC right, we know that right this formula what is the formula for
the first order low pass filter for critical frequency f ¢ equals to 1 upon 2 pi RC we know

it beautiful.
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Low Pass Filters —Example 1~ |- o
v
De;ign@e_ﬂ_pumﬂjg%gh cut-off frequency c}fl 2 kHz and pass band gain of 2
Solution [ R .2
Given, T .
Cut-off Frequency, f, = 2 kHz : m‘ = l

\

LetR=1kQ F’
fc=1/2ch = C = //éﬁ- 5 dﬁé

ol =
S 0= o 1ks 2k =J9STF
Required Pass band Gain =2

P
If we consider a non-inverting amplifier, Ao = 1+R¢/R,
=2=1+RR=R/R=1 {[

If R,= 10 k0, then R = 10 k0 i {/W“"'

&

Than C would be implies C equals to 1 by C equals to 1 by 2 pi R into f c right C equals
to 1 upon 2 pi R into f c. So, when you solve this when you substitute the value you
know value of f ¢ you know value of R, then you get C equals to 79.57 nano farad or this
is the value right, required pass band gain is two so; that means, we have formula 1 plus

R fby R i equals to 2 correct.

Now, if there is a case; that means, my R f by R i R i would be 1 2 minus 1 right, now
what is my R f I do not know right I do not know suppose you have to design it right,
because design a low pass filter. Suppose this things are not given this things are not
given and you are only given the value of R you are only given the value of R right or
that is also not given, let us say that is also not given, then how can do you design the

filter how you can design the filter right.

Only if I give you only if I give you this particular problem that you have a cut off
frequency f c of 2 kilo hertz and gain of 2 based on that how you can design the filters.
So, now, since we know f ¢ equals to 1 upon 2 pi RC we can say let us R equals to 1 kilo

ohm right and C we can find, then we can substitute R and C is available.

Now 1 plus 2 pi 1 plus R f by R i that is your non inverting amplifier gain, when you
substitute the value of R f and R i, we do not know value of R f and R i but we know
value of gain. So, we know that R f by R i1 will be equal to 1, because 1 plus R fby R 1
equals to 2 so, R f by R i equals to 2 minus 1 you will 1.
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Low Pass Filters —Example 1~ |- g /
Design a fi ilter for a high cut-off frequency of 2 kHz and pass band gain of 2
Solution [_{-—(Ll,— L

Given,

Cut-off Frequency, f,=2kHz =" 'L~
LetR=1kQ ﬁ'

1 —C=*= //{IT R, il
fe="anre =7 & 7
Sl R (S
Required Pass band Gain =2

e
If we consider a non-inverting amplifier, Ao = 1+R¢/R, I) 007950
=2=1+R/R=R/R=1 (/ : =
IfR;= 10k, then R, = 10 k0 l[ e

(== —=m

So; that means, that R f R f right should be equals to R i, we can take any value let us say
10 kilo ohms now you have value of R f R 1, you have value of C you have value of R.
And then you can be based on this particular values, you can design this low pass low

pass filter low pass active filter right easy super easy right.
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Low Pass Filters — Example 2

* In the circuit shown in the Figure below R = 3.3 kQ), C = 0.047 pF, R, = 27 k and Rf = 20 k0.
Calculate the high frequency cut-off (f, ) an(i pass band gain Ao.

: —_————— S—

Solution ﬂ"” Ri Rf
Given, , + -
R = 3.3kQ,C=0.047uF (s /‘)' B ,_.k_Q. .

Cut-off Frequency, f, = Y/onre = 1/‘(27“3‘3 Jer0.047 ) = 1.026 kHz
Pass band gain Ao =1+ Ri/R;=1+20/27 =174 Mx 4 o 3%+ §>

s Vi }MJ\-
[ I/ e |
= = il te
kh e /Zﬁ(Lc X33 X0 eline T 00474 Io 00474F
S — D
é z hozf kM

) v

Let us take one more example if there was easy in the circuit shown figure. So, now, if

you are given a circuit R equals to 3.3 kilo ohm is already given right C equals to 0.047



Pico micro farad, both capacitors are same R 1 also given 27 kilo ohm R f is also given

20 kilo ohm calculate the frequency high frequency cut off or f h and pass band gain A o.

Two things you have asked one is to find the cut off frequency. So, f ¢ equals to or high
cut off frequency can also be generated by f h, f h is equals to 1 upon 2 pi RC I have all
the values, because you see R is just R it is given right R; that means, that this both
resistors should be equal both resistor should be equal sorry, R is given which is your 3.3

kilo ohm right and then your capacitor C is given 0.47 this one.

So, now if I substitute the value I will have 1 upon 2 pi what is R 3.3 into what is C
0.047 micro farad 0.047. So, this is not 1 kilo ohm you consider this also 3.3 kilo ohms
alright. So, what will be answer will be 1.026 kilo hertz what is that by f h that is my
high cut off frequency.

Now, what I am asked I am asked to find the pass band gain what is pass band gain, this
is the again your non inverting amplifier we know the pass band gain R f by R 1 value is
given yes R 1 given yes very easy gain, equals to this particular formula, substitute the
value and you will see gain of 1.74 you will find the gain of the low pass active filter,

you will find the gain of the low pass active filter alright guys.

So, the point is the point is given the values, you can design the circuit right and given
the circuit, you can find out the values both ways now you can do it given a values, you
can design a circuit of a filter and given a circuit you can find the values of the filter
what are the values of the filter cut off frequency gain, resistor, capacitors correct. So, in
this particular module what we have seen is low pass low pass filter, we have seen the
passive filter, we have seen the active filter, we have seen the some of the examples of

low pass and high pass low pass active filters right.

Now, in the next module what will see, will see the how the high pass active filters can
be used how we can use the high pass active filters ok. So, I will see you in the next
module and let us see how we can design the operational amplifier, how we can design
the high pass active filters using the operational amplifier alright. Till then, you just look
at the thinks that I have taught you in this particular module and I will see you in the next

class till, then you take care bye.



