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Analog Filter Design: A Succinct Investigation

Abdelmadjid RECIOUI’, Fatma Zohra HAMRIOUI, Kenza BENAMROUCHE, Oussama MERABET
Laboratory of Signals and Systems, University M'hamed Bougara of Boumerdes (UMBB), Avenue
de lI'indépendance, 35000, Boumerdes, Algeria.
a_recioui@univ-boumerdes.dz

Abstract: In many systems, it is essential to extract or enhance the desired information and remove
the unwanted components. This is the simplest aim of signal processing where the filter turns out to be the key
element. The objective of this paper is to investigate the characteristics of analog passive and active filters.
Particularly, the interest goes to the conventional Butterworth, Chebychev and Bessel filter. A comparative
study of these filters is done. The different circuits are simulated using the MULTISIM software to visualize
the magnitude and phase responses. The procedure of designing the different filters is presented so that it can
be used in any application.

Keywo rds: Analog filters, Passive filters, Active filters, Butterworth, Chebychev, Bessel

1. INTRODUCTION
Filtering in its raw definition is any of the various mechanical, physical, electrical or biological
operations that separate solids from fluids liquids or gases by adding a medium through which only
the fluid can pass. The fluid that passes through is called the filtrate. In circuit theory, a filter is a
circuit capable of passing or amplifying certain frequencies while attenuating other frequencies.
Thus, a filter can extract important frequencies from signals that also contain undesirable or
irrelevant frequency.
Filters can be placed in one of two classes: analog or digital. Analog filters can be passive where
circuits contain passive elements like capacitors, inductors and resistors or active in which the
circuits use an operational amplifier (op amp) as an active device in combination with some
resistors and capacitors. Digital filters are implemented in software using a digital computer or
special purpose digital hardware [2,13,14].
Ideally, filters are classified into four basic filter types: low-pass, high-pass, band-pass and all-pass.
They are classified according to theirs magnitude and phase responses [1-14]. Some state of art
practical approximations have been proposed [2-3]. The first filter approximation is the Butterworth
or maximally-flat response. It exhibits a nearly flat pass-band with no ripple and the roll off is
smooth [3,7,14]. Another approximation to the ideal filter is the Chebychev or equi-ripple response.
This filter has ripple in the pass-band amplitude response [3,7,14]. A third filter is the Bessel filter
characterized by a linear phase response with respect to frequency [3,7,14].
The goal of this paper is to present the properties of filters. It starts by designing passive filters and
comparing the different responses of Butterworth, Chebychev and Bessel types. Then, the design
of active filters with a comparison between the two conventional implementation topologies which
are Sallen-Key and multiple feedback is done. Finally, active filters and passive filters are
compared.

2. PASSIVE AND ACTIVE FILTERS
Filters can be classified into one of two categories: passive or active.
Passive Filter

A passive filter is a kind of electronic filter that is made only from passive elements — in contrast
to an active filter, it does not require an external power source (beyond the signal). Since most
filters are linear, in most cases, passive filters are composed of just the four basic linear elements —
resistors, capacitors, inductors, and transformers. More complex passive filters may involve
nonlinear elements, or more complex linear elements, such as transmission line [4].

Active Filter

An active filter is a type of analog electronic filter, distinguished by the use of one or more active
components i.e. voltage amplifiers or buffer amplifiers. Typically this will be a vacuum tube,
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transistor or operational amplifier, in addition to resistors and capacitors, but not inductors.
Inductance is not preferred for active filter design because it is least ideal, bulky, heavy, and
expensive and does not lend itself to IC-type mass production [12].

Transfer Function

The frequency-domain behavior of a filter is described mathematically in terms of its transfer
function or network function. This is the ratio of the Laplace transforms of its output and input

signals. The voltage transfer function of a filter can therefore be written as:
Vo(S)

HE) = 7 )

Where s is the complex frequency variable (Laplace transform variable).

The transfer function defines the filter's response to any arbitrary input signals, but we are most
often concerned with its effect on continuous sine waves, especially the magnitude of the transfer
function to signals at various frequencies. Knowing the transfer function magnitude (or gain) at
each frequency allows us to determine how well the filter can distinguish between signals at
different frequencies. The transfer function magnitude versus frequency is called the amplitude
response or sometimes, especially in audio applications, the frequency response [4].

Similarly, the phase response of the filter gives the amount of phase shift introduced in
sinusoidal signals as a function of frequency. Because a change in phase of a signal also
represents a change in time, the phase characteristics of a filter become especially important when
dealing with complex signals in which the time relationships between different frequencies are
critical. By replacing the variables s in equation (1) with jw, where j =V-1, and w is the radian
frequency (21f), we can find the filter's effect on the magnitude and phase of the input signal [2].
The magnitude is found by making the absolute value of Equation (1) [4]:

A =20log|H(jw)|In dB @)
And the phase is: .
argH(jw)= argZ‘zg :3 3)

Major Types Of Filters

The various types of filters can be defined according to the following classification that is based
on the magnitude response in equation (2) or the phase response in equation (3):

A. Low Pass Filter (LPF)

A low-pass filter (LPF) is a filter that passes signals with a frequency lower than a certain cutoff
frequency and attenuates signals with frequencies higher than the cutoff frequency. The
exact frequency response of the filter depends on the filter design [3].

01w 05W W 2w 10w 0.1 05W woow 10W
[l
|
|
|
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Fig. 1 Magnitude and phase response versus frequency, (a) magnitude response (b) phase response

At low frequencies,w/w.<<1,|H(jw)| =1,which is a straight line in the Bode plot, and the phase is
0°.

At high frequencies,w/w:>>1, |H(jw)[=1l/(w/w:), which is a straight line with a slope of -20
dB/decade in the Bode plot .and the phase is -90°.

At the cutoff frequency, the magnitude |H (jw)|ss =3dB and the phase is -45°.
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B. High Pass Filters (HPF)

A high-pass filter (HPF) is an electronic filter that passes signals with a frequency higher than a
certain cutoff frequency and attenuates signals with frequencies lower than the cutoff frequency.
The amount of attenuation for each frequency depends on the filter design. [3]

01w 05W W 2w 10w 90
T T T
Low-frequency iR
o asymptote 1gh-trequency / H a1
|H (jew)| s a8 asymptote () L o e e High-frequency
Low-frequency : asymplote
+20 dB/decade asymptuil > | E 5° |
00
gk 0.1W 05W W oW 10%
(a) (b)

Fig. 2 Magnitude and phase response versus frequency, (a) magnitude response (b) phase response

At low frequencies,w/w.<<1, ,|H(jw)| * w, (a+20dB/decade line)and the phase is 90°.
At high frequencies,w/w:>>1, [H(jw)|=1, (a line with a slope of 0)and the phase is 0°.
At the cutoff frequency, the magnitude |H (jw)|ss =3dB and the phase is 45°.

C. Band Pass Filter (BPF)

A band pass filter is an electronic circuit or device which allows only signals between specific
frequencies to pass through and attenuates/rejects frequencies outside the range. And it can be
constructed by putting a high-pass and a low-pass filter back to back [3].

at,p(m] ﬂbp(fﬂ:l
H)ly 5] [H(jw) gpe
'3l Q=1

Q=3 0

]
0 |
a » S0 -90°
, @ ®
Fig. 3 Magnitude and phase response versus frequency, (a) magnitude (b) phase.
wy: Lower cut-off frequency; wu : Upper cut-off frequency;

wo = +/(w, wy): Center frequency; B =w,-w, Band width;

Q =we/B : Quality factor.

At low frequencies,w/w.<<1, |H(jw)| * w, (a+20dB/decade line)and the phase is 90°.
At high frequencies,w/w>>1, |H (jw)| % (a -20dB/decade line)and the phase is -90°.

At w = w0, H (jw) = K (purely real) |H (jw)| = K (maximum filter gain), and the phase is 0°.

D. Band Stop Filter (BSF)

The Band Stop Filter, (BSF) is another type of frequency selective circuit that functions in
exactly the opposite way to the Band pass filter we looked at before. The band stop filter, also
known as a band reject filter, passes all frequencies with the exception of those within a specified
stop band which are greatly attenuated.

If this stop band is very narrow and highly attenuated over a few hertz, then the band stop filter
is more commonly referred to as a notch filter [3].
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. i
Fig. 4 band-Stop filter circuit magnitude response

£

E. All Pass Filter

This filter does not filter out any frequencies of a complex input signal; it allows all frequencies
through it without changes in level. But just adds a linear phase shift to each frequency component,
thus contributing to a constant time delay. [9]

Filter Design Parameters

The order: The order of a filter has several effects. It is directly related to the number of
components in the filter and, therefore, to its price and the complexity of the design task. Therefore,
higher-order filters are more expensive, take up more space, and are more difficult to design. The
primary advantage of higher-order filters is that they will have steeper roll-off slopes than similar
lower-order filters [13].

Attenuation Rate: The transition between the pass band and the stop band is a continuous
function, and the rate at which this transition occurs is a common metric used to select a filter.
Express the attenuation rate is commonly expressed in decibels per decade, where a decade is a
factor of 10 in frequency.

Cut-off frequency: is the point at which the output deviate 3dB from the pass-band value, or
more specially, it is the boundary between the pass-band and the stop-band region .

Center frequency: is the region equidistant between the filter's upper and lower cutoff
frequencies (for the case of bandpass filter).

Bandwidth: is the frequency range between the 3dB cutoff frequency in band pass filter.

Q factor: is the ratio of the center frequency to the bandwidth when applied to band pass filter.

Impedance: is the value in ohms of the driving load impedance.

Roll-off rate: measured at [dB/decade] or [dB/octave] is defined as rate change of power at 10
times (decade) or 2 times (octave) change of frequency in the stop band.

Group Delay And Phase Delay

Phase delay: gives the time delay in seconds experienced by each sinusoidal component of

the input signal, and is define by:

6(w)
Tpp = = 4)

w

Group delay
is the term used to describe the time delay versus frequency relationship of the transmitted

signal. It is defined as the rate of phase change with frequency. The term “group delay” is very
descriptive, in that it is the delay seen by a group of frequencies that are being transmitted through
a filter. A constant group delay implies that all frequencies experience the same delay. A frequency
dependent group delay implies that some frequencies are delayed more than others [13].

Group delay, denoted 7,4, is mathematically defined to be:
dé(w)
T6R =~ 3, ©)

If 6(w = kw, k a constant— no phase distortion
For a linear phase filter tpp = 75z =k.

3. PASSIVE FILTER DESIGN

Definition of state of art approximations
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A. Butterworth Filter

Butterworth(1930) introduced one of the earliest systematic analog filter design methods, and it
is still one of the most widely used, The Butterworth filter design method is one of the classical filter
design procedures [14].In the following , The Butterworth or the maximally flat response has a
smoother transition through the pass band to the stop band. The phase response also is very
smooth, which is important when considering distortion. The low pass Butterworth polynomial has
an all-pole transfer function with no finite zeros present. It is the approximation method of choice
when low phase distortion and moderate selectivity are required [14].

The magnitude response function for the Butterworth approximation is shown in equation (6)

. _ 1
|HB,n[](w/w0)]|_W (6)
Where
£ =+/10%701%pass — 1 @)

Where n is the order of filter,eis the pass-band gain adjustment factor.

B. Chebychev filter

Some twenty years after the development of Butterworth and elliptic filters, Chebyshev filters
were developed around 1950s [14], The Chebyshev approximation function also has an all-pole
transfer function like the Butterworth approximation. However, unlike the Butterworth case, it has
characteristic response that roll-off greater than -20dB/decade/pole and the circuit has
characteristic of overshoot and ripple response in the pass band [9].The magnitude response
function for the Chebyshev approximation is shown in eq(2.3)

He [0/ wy)]|z——— 8
|Henlj(w/wo)]| rcioron (8)

And C(w) is the Chebyshev polynomial of the first kind of degree n. The normalized Chebyshev
polynomial (wo= 1) is defined as:

C,(w)=cos[ncos™H(w)], w <0 (9.9)
C,(w) = cosh[ncos Y (w)], w >0 (9.b)
C. Bessel filter

Although all of the classical filters presented up to this point are defined in terms of the
magnitude frequency response, and are designed primarily to meet given magnitude frequency
response specifications, such is not the case with Bessel filters. Bessel filters are designed to
achieve a maximum frequency bandwidth while maintaining a constant time delay: as initially
introduced, a Bessel filter is a constant time-delay network [14].

Passive filter design

In this section, the design of passive filters meeting some specifications and using the
conventional approximations presented in the previous section.. An extensive work has been done
on the different types of filters presented in section 2. The large amount of results and to avoid
overloading the paper, focus is put on the presentation of the results regarding the design of
lowpass filters.

A. Butterworth filter deign
The task is to design 5", 8th and 10™ Butterworth low pass filter with f,=10KHz,Rs=R=1kQ.

i Rs L2 L4
Vin 5th
1kO 25.75mH 25.75mH
1vpk c1 c3 Ccs5 RL

1kHz 9.83nF 31.83nF 9.831nF =1kQ
i T T T

Fig. 5 5th order Butterworth passive low pass filter..
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V2

Rs

L2

La

A 17 17 68mH 31 21mH 26 46mH 6 21mH |8th
RI
ek 6 21nF 26 a6nF 31 21nF 17. 68nF 1kQ
00 T T T T
Fig. 6 8th order Butterworth passive low pass filter.
R5 L4 L7 L8 L9 L10 oth
\ /3 /\/\/\/ Talala'al Tala'a's! Ta'ala'gt Tala'a'gt Tala'a'gt 1 t
1kQ 14.45mH 28.36mH 31.43mH 22.50mH 4.97mH
1Vpk cs co c10 c11 c12 R6
1kHz “T-4.97nF T 22.50nF —T—31.43nF =T 28.36nF —14.45nF 1kQ
o°

=

Fig. 710th order Butterworth passive low pass filter.

We use Multisim in order to get the magnitude response and phase response by using AC analysis

AC Sweep

v

00

Q]

o 4k
°

2 06k
5

2 08k

1k

12k
14k

(1.0000. -6.0206dB)

fc(10.0000k. -9.0186B)

(10.0000k. -9.0209dB)

1

@0 )

¥
01k

100

L)

0k

Frequency (Hz)

@)

0.k
_ 02
2 -03%-
= 94
i
L
b ox

08k

10k

sz[m

(10.0000k, -359.8622)

(10.0000k. 449 8222)

100M

106

1

100

Vi)

P

10k

Frequency (Hz)

(b)

100M

106

Fig. 8 (a) The magnitude and (b) the phase response of 5th, 8th, 10th order Butterworth low pass filter.

The results obtained are shown in Table 1:
Table 1 Comparison between Butterworth responses with different orders.

f. phase | Roll-off Graphically Roll-off
Type | Order | fcgain (dB) . experimentally dB roll-off error
(o) dB /decade
/decade
5 3.01 -224.95° -99.98 -100 0%
Low S
pass 8 3.00 -359.86 -159.98 -160 0%
10 2.99 -449.82° -199.95 -200 0%
5 3.03 -134.00° 100 100 0%
High 8 3.02 -356.86° 160 160 0%
Pass
10 2.06 -298.81° 198.01 200 1%
g 5 3.04 | 4.48 | -359.94° -99.33 -99.25 100 100 0.67% | 0.75%
Ban
pass 8 3.10 | 6.13 | -359.98° | -155.34 | -155.27 160 160 2.91% | 2.95%
10 (314|734 0° -192.65 -192.61 200 200 3.67% | 3.69%
Vol. 3, Issue 4, December-2018| ISSN-2543-3792 179
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From the above table, it can be deduced:
- Butterworth has very flat amplitude in the pass band and roll-off rate is increased by

—nx20dB/decade/pole, where n is the order.
- The phase at cutoff frequency, is increased by —n x 45° in case of low pass, and by+n x 45°in
case high pass, that's why, 8th order ‘s load is purely resistive at cutoff frequency ,and 10" order
low pass filter's load is purely capacitive.

- The load in band pass filter is purely resistive at cutoff frequency no matter the order of filter.

B. Chebychev Low Pass Filter Design
5™, 8th, 10" Chebyshev low pass filter with: f.=1KHz,Rs=1kQ,are implemented :

Rs L2 L4 5th
/\/\/\/ NN, a'a'algt
v3 1kO 23.76mH 26.17mH
Cc1 C3 cs
——17.56nF ——32.8nF
1mVpk =—27.39nF
1kHz
0°
L

Fig. 9 Chebychev 5th order passive low pass filter.

Using the same procedures, we implement 8th and 10th order (in this case we use series

Vin

inductors).
Rs L1 L3 L5 L7 gh
NN, NONN, NNNN, NN,
1kQ 17.62mH 33.28mH 34.77mH 33.91mH
~ 1Vpk c2 c4 C6 cs
6) 1kHz ——23.9nF ==27.3InF T=27.59nF ==22.19nF
—/ 0o
L
Fig. 10 Chebyshev 8th order passive low pass filter.
R2 L1 L3 L5 L7 L9 10th
/\/\/\/ NNNN, NN, NNNN, NONN, NNNN,
1kQ  17.58mH 34.87mH 35.1mH 33.99mH
. 1Vpk cp 3324mH |y cé cs
G)lkH Z ==2385nF  ==27.3InF =—27.86nF ==27.72nF c10
-/ e —=22.22nF
) €L
Fig. 11 Chebychev 10th order passive low pass filter.
Using Ac analysis, the bode plots obtained are:
180
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AC Sweep
k'
0%
¢
o %
5 04
€ 08
2 28k fe( 100000k, -30055d5)
10k
| fo(10.0000k, 2 %34dB)
14
1 ] 1k M 1000 106
Frequency (Hz)
V) V(5 V(ath)
B B B
. (@)
1
0
=10
[J]
oM
U]
1 -0 (100000K, -224.0621)
L
L
- (100000 -392.3264) \,\H?
00
1 10 10k l T00M 106
Frequency (Hz)
Vil SVER Vi
B— B g
(b)

Fig. 12 (a) The magnitude and (b) the phase response of 5th,8th,10th order chebyshev low pass filter.

The results obtained from above bode plots are shown in the following table:
-From the results obtained from previous table, it can be concluded that the roll-off of chebyshev

filter approximately is -nx 24 db, where n is the filter order.

-from the phase response, as we increase the order ,the phase distortion is increased.

Table 2 Comparison between Chebychev responses with different orders

type Order fc gain (dB) fc phase (C°) Roll-off Graphically dB /decade
5 3.00 -330.64° -119.54
Low 8 2.99 -224.08° -196.36°
pass
10 2.96 -392.32° -248.10°
5 3.04 -29.08° -119.57°
High 8 3.15 134.78° 1196.41°
pass
10 3.16 33.94° -248.16°
5 3.10 8.96 2.01° -122.84 -112.74
Band
pass 8 2.73 17.01 133.76° -185.60 -185.57
10 247 22.57 -2.54° -234.62 -234.60

C. Bessel's Low Pass Filter Design

The task is to design 5th, 8th, 10th order low pass filter with these specifications: f.=10KHz

,R.=1kQ and Rs=0.

Vol. 3, Issue 4, December-2018| ISSN-2543-3792
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In this case, T topology is suggested.

L3

LS

24.07mH 11.98mH 2.57TmH
™~ 1Vpk C2 C4 RL
Gv) 1kHz T 16.43nF T 7.52nF 1kQ
-/
L
Fig. 13 5th order Bessel passive low pass filter.
L1 L3 L5 L7 8th
23.94mH 13.35mH 9.14mH 4.16mH
C2 C4
ﬂ/ﬁs —T16.25nF —=11.2600F L °° c8 RL
o ' ' —T6.768nF T 1.40nF
0 §1kn
L
Fig. 14 8th order Bessel passive low pass filter.
. L1 L3 L5 L7 L9 10th
V|n NNNN, NNNN, NN, NNNN, NNNN,
23.83mH 13.2mH 10.11mH 6.91mH 3.09mH
~\ Lvpk 1c2 A c4 C6 cs8 C10
Q_“)(%OKHZ 15.98nF LLF - ——gsoe T s.060F = 103F <t
1kQ
x
Fig. 15 10th order Bessel passive low pass filter.
The following figures result when an AC analysis is performed in Multisim.
AC Sweep
D.Zkv
D.G'nou 4 % 4 & & &
o 2
E 04k
%-D.Sk-
s (10.0000k, -3.0107dB)
0.8k
(10.0000k, -3.0142dB)
1.0k
-T.Zkl ‘ ‘ ‘ .
1 100 10k ™ 00Mm 106
Frequency (Hz)
(M M I M
(@
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-

(10.0000k, -182.1256)

(10.0000k, -205.6838)

]

Evnm‘, el

Vigth)

=]

100

10k

Frequency (Hz)

(b)

100M

Fig. 16 (a) The magnitude and(b) the phase response of 5th,8th,10th order Bessel low pass filter

The results obtained from above bode plots are shown in table 3. The following remarks are drawn

from table 3.
-There are errors in the roll-off compared to theoretical value where it should be—n x 6 dB/octave.
-The phase response around the cut-off frequency is increased linearly with frequency.

Table 3 Comparison between Bessel responses with different orders.

10G

type order | f. gain (dB) fe (p(?%se Roll-off /Gog?gc;cally dB Roll-off e?gstgl\w/]eentally dB

5 3.00 -139.59° -14.19 -30
Low pass 8 3.01 -182.12° -13.68 -48
10 3.01 -205.68° -13.15 -60
5 3.01 -220.93° 79.19 30
g;g; 8 3.01 537.76° 114.41 48
10 3.01 -514.18° 134.93 60

3.03 | 3.17 -359.77° 72.49 -72.42 30 -30

f;ZQS 3.01 [ 3.38 | -718.47° 103.81 -104.43 48 -48

10 3.02 | 3.15 -719.74° 121.73 -121.56 60 -60

Comparaison Between Butterworth, Chebychev And Bessel Filters

Depending on what obtained earlier from section.2.2.1, section.2.2.2 and section.2.2.3, and
concentrated on low pass filter type as a basis for all filters ,then circulated to other types, these
points can be distinguished:

A. Magnitude Response

>

Vol. 3, Issue 4, December-2018| ISSN-2543-3792

Hardware required for similar order filter is same irrespective of the type. The increase in
order indicates increase in hardware too. This increases the complexity of the design and
the production cost too.

The Chebyshev characteristic has a steeper roll-off near the cutoff frequency when
compared to the Butterworth. Though the monotonicity in the pass band is compromised.
This means that the Chebyshev filter for the same order attenuates or rejects frequencies
at the stop band in a better way than the Butterworth filter because of sudden rise in
attenuation immediately beyond the cutoff point. Hence, a same order Chebyshev low-
pass filter will work more effectively than a Butterworth low-pass filter in disposing
unwanted frequencies but, if the Butterworth filters maybe the better choice when a ripple-
less and maximally flat response is desired. On the other hand, The amount of pass band
ripple is one of the parameters used in specifying a Chebyshev filter.

The Bessel response is smooth in the pass band, and attenuation rises smoothly in the
stop-band. the stop-band attenuation increases very slowly until the signal frequency is
serval time higher than the cutoff point, because of this the Bessel response does not have
sufficient attenuation at a frequency ratio of two, no matter how high the filter order.
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» Also the Chebyshev filter has a higher decrease in magnitude response with the increase
in frequency than Butterworth. So, the derivative of Chebyshev’s gain will be more negative
than Butterworth filter and Bessel of course.

B. Phase Response And Group Delay
v" The Chebychev response has a disadvantage in the time domain; its group delay has a
greater peak level near the pass band edge than the Butterworth response.
Also, there are ripples in the group delay that make equalization with all-pass filters more difficult
than in the Butterworth case.
v' The Butterworth has a group delay that is frequency dependent; it increase with frequency
and reaches a peak value close to the cutoff point.
In Bessel filter, all frequencies within the pass band, relative to the input, the phase of the output
signal change in proportion to the applied frequency. So, Bessel is special in that, it introduces an
almost constant delay.

4. ACTIVE FILTER DESIGN

Filters can be constructed in a multitude of ways. Combinations of capacitors, resistors,
and operational amplifiers, have been used effectively for many years to produce reliable and
functional filters. Just as there are a number of different elements from which a filter can be made,
there are a number of different configurations those elements can be arranged to produce virtually
identical results. The two architecturally similar designs will be used to design different types of
filters with different responses Butterworth, Chebychev and Bessel are Sallen-Key filters and
multiple feedback MFB filters which have both proven to be very reliable and stable filter designs
[14].

The Sallen- Key filter and multiple feedbacks provides a second-order transfer function.
High-order filters can be produced by cascading second-order sections. Odd-order filters can be
produced by using a series of second-order sections and then adding a first-order section at the
end.

Active filter design

A. Butterworth filter

The task is to design 6" order active low pass filter with f.=10KHz
Cc2

1.0718nF
R1

14.930nF

R2 2nF
u1
| f R3 R4 uz
15.37kQ 15.73k » 1 4 U3
Vi - 11.253kQ 11.253kQ AAA
10Vpk c1 ca - 4.118kQ  4.118kQ vqut

1kHz 1nE
0° OPAMP_3T_VIRTUAL InF
L = —  OPAMP_3T_VIRTUAL

C5

. . . . 1nF I OPAMP_3T_VIRTUAL
Fig. 17 6th order Butterworth active low pass filter using sallen key. L

R5 R6 R7
15.37kQ 11.25kQ 4.12kQ
C ca
|» ” cé
R1 R2 1nF 1nF A

o = U4 R3 R4 U2 inF
15.37kQ 7.69kQ ~ 1 U3
Vi c + 11.25kQ 5.63kQ

0° =
— OPAMP_3T_VIRTUAL

Fig. 18 6th order butterworth active low pass filter usingzﬁ)ﬁf’%

4
1 . ~
10Vpk OPAMP_3T_VIRTUAL 3 + 4.12kQ 2.06kQ % vqut
kHz ];.143nF 4nF OPAMP_3T_VIRTUAL Cc5 r
T

The previous circuits are simulated using AC analysis, the obtained bode plots are:
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Fig. 19 (a) The magnitude and (b) the phase response for 6th order Butterworth active low pass filter using
Sallen- key and MFB.

B. Chebyshev filter

The task is to design 6"order active low pass filter with f.=10KHz.
Cc2

ca
|
1l 1
1 c6
2.9nF 19.33nF "
R2 U1 1
h R3 R4 Uz 256.4nF
16.867KQ  44.307K AA > .
- 4907.79Q 5106.22Q AN

= InF l OPAMP_3T_VIRTUAL
OPAMP_3T_VIRTUAL

4 U3
A——T}
ClL c3 - 1025.54Q  1037.10Q vqut-1
nF I _
OPAMP_3T_VIRTUAL
- - c5
InF I

Fig. 20 6th order Chebychev active low pass filter using Sallen- Key.

R9 R10 R11
ANV NN
29.264kQ 4949Q 1027.75Q
c1 —t ct c12
R5 R6 1nF 1:]": 1
NVN—1 —~Ueé R8 R7 u4 1nF
29.264kQ 15.955kQ LAAN AN ~ 2 us
V2 c + 4949Q _l_2532. 51Q AN

0°
L L L — OPAMP_3T_VIRTUAL

3

7 t NN = -
10Vpk l OPAMP_3T_VIRTUAL g + 1027.75Q 517.44Q A vQut_:
1kHz .64nF = 38.65nF OPAMP_3T_VIRTUAL c9

|

512.79
Fig. 21 6th order chebychev active low pass filter using MFB.

The above circuits are simulated using AC analysis, the obtained bode plots are:
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Fig.22 (a) The magnitude and (b) the phase response for 4th order Chebyshev active band pass filter using
sallen key and MFB.

C. Bessel filter
The task is to design 6" order active low pass filter with f,.=10KHz (see APPENDIX B)
c4

c1
1 1
L c2 1
1.04nF 1 4.187nF
I
4.494nF
R7 R1 | u1
v V—1 + L R3 R6 u2 R4 R2 us
9.72KQ 9.72KQ AN AN + j/yv_
- 7.957KQ  7.957K .083KQ 4.083KQ | .
\%1 =
OB AMP3T=
ImVrms 1nF P, —3F— EFPAMP_3T_VIRTUAL
1KHz I c5
o3 L

IlnF IlnF

Fig. 23 6th order Bessel active low pass filter using sallen key.
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7.7KQ 3.858KQ
vi
Py ceé
MVIMS ==, 0gnE OPAMP_3T_VIRTUAL
1KHz - cs _
o A jfz.gssnl:

Fig. 24 6th order Bessel active low pass filter using MFB.

The above circuits are simulated using AC analysis, the obtained bode plots are:
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Fig. 25 (a) The magnitude and (b) the phase response for order Bessel active low pass filter using Sallen-Key

and MFB.

Comparaison Between Sallen —Key And Multiple Feedback Topologies

According to the results obtained, the followings points can be determined:
¢ Interms of the sign orientation of these two filters, the Sallen-Key filter produces a positive
voltage from input to output without changing the sign. An MFB filter changes a positive
input voltage into a negative voltage at the output of the filter. This difference provides the
system designer added flexibility.
e Multiple feedbacks more complicated and required more components.
¢ Multiple feedbacks is faster than sallen-key according to the bode plots.

For the advantages and disadvantages of each topology can be simplified in the following table:
Table 4 Advantages and disadvantages of sallen-key and multiple feedback.

Advantages Disadvantages
Not sensitive to component variation at unity High-frequency response limited by the
Sallen key . $4
gain frequency response of the amplifier
MEB MFB Less sensitive to component variations Less simplifications available to ease
and superior high frequency response design

Active Filters Versus Passive Filters

Table 5 Comparaison between active filters versus passive filters.

-passive filters have no frequency limitation while active filters have limitation due
to active elements (dealing with very low frequencies).
Frequency limitations At sub-audio frequencies, LC filter designs require high values of inductance and
capacitance along with their associated bulk. Active filters are more practical
because they can be designed at higher impedance levels so that capacitor
magnitudes are reduced.

-Active filters are generally smaller than their LC counterparts since inductors are
not required.
-Only active filters use elements like op-amps and transistors, which are active
elements.

Size considerations
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Cost -Passive filters are relatively cheaper than active filters.

-In critical LC filters, tuned circuits require adjustment to specific resonances.
Capacitors cannot be made variable unless they are below a few hundred micro
farads.Inductors, however, can easily be adjusted.

Ease of Adjustment

- Active filter has priority that each stage is independent from the others, so it is

designed using pole and zero location which are determined from the frequency

Stages and stability response’s transfer function. In contrast, this is not possible in passive filter designs
because all the components interact with each other.

-passive filters have a better stability and can withstand large currents.

in active filter the signal can be amplified and filtered in same time by modify the

Gain gain of op-amp, in contract ,in passive filter it can not.

5. CONCLUSION

This work focused on providing a presentation of characteristics of analog filters with their
different classes passive and the active as well as the way they can be designed according to
specific rules. And the coefficients related to the selected response if it is Butterworth, Bessel or
Chebychev; the work was designed and simulated with MULTISIM software.

The world of filter design is often thought of as black magic because of the myriad of
configurations, unique terminology, and complex equations. But by respecting rules and applying
them, the half of this magic is disappeared; in contrast, using experiment and observation, this
magic will has no effect and this project proved that.

This project had a strong influence in developing our skills in the communication field, where
the filter play important role to keep the signal from splashing energy into adjacent channels and
conversely protect the user band from unwanted signals and noise from adjacent channels.
Exploring the MULTISIM software helped us to design the different types of passive filter with
different order to see the characteristics of different responses selected (Butterworth, Chebychev
and Bessel) and the effects of increasing the order of magnitude and phase responses .most of the
results obtained are consistent with the filter theories. The use of MULTISIM is not limited to that
only, but it is used also to compare the two topologies Sallen-Key and multiple feedbacks which are
utilized to create active filter in case of low pass, high pass and band pass with different responses
And finally, and according to the results obtained previously, the difference between the active
filter and passive filter became apparent.

It is clear that engineers must weigh the benefits of passive and active filtering methods in
each design. Cost, efficiency, ease of manipulation, and other factors come into play in these
decisions. We hope that the knowledge that we have gained in this project will help us to make the
right filtering decisions as we develop our engineering skills.
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