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Abstract: In Digital Signal Processing, there are different applications are found for Filters. The filters are categorised 

and designed as IIR filter or FIR filter for different applications dependent upon impulse response. In this paper a notch 

filter is designed of high quality factor to cut specifically 100Hz. This notch frequency is chosen because at that 

frequency some noise may be observed or harmonics of the main signal may me observed that can be referred as the 

noise. To stop or notch those type of noise and as the frequency standard for main electricity is 50Hz , the 

corresponding suitable Notch filter is designed which perfectly cut 100Hz  frequency without using any amplification 

device. The simulations are done on the IIR Notch Filter and the result shows that the analog filter, that is designed 

from which the IIR filter is designed is highly accurate in specification of components and other required parameters 

which is reflected in the coefficient values. 
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I. INTRODUCTION 

In Signal Processing system, filter is required to process 

the signal of desired band of frequencies. If there is a 

requirement of declining a bands of frequency and thereby 

pass all other frequencies, the band stop filter is essentially 

required. In this case let we have f1 , f2, f3, …….., fn-1, fn  

band of frequencies and the band  fr …….., fk-1 have to be 

stopped. So to perform this specific operation, band stop 

filter will have to be used. But if only one frequency will 

have to be stopped, the special type of band stop filter that 

is the Notch filter will be in use.[1][2][3][4][5][22][24].  
 

The passive components such as the resistors, capacitors 

etc are generally used to construct the passive filters. That 

will be analog in construction type. Actually filter is a 

device and so it must have a transfer function and after 

Laplace transform of this, the transfer function in s-

domain can be achieved[2][3][4][5][22][24][26]. After 

getting the s-domain function, the order of the filter can be 

determined[3][4][5][23][25][26]. The order of the filter is 

essential to determine the characteristic of the system of 

filtration technique. A high order filter is nearly behaves 

like an ideal filter. The so generated filter equation can be 

observed in frequency domain[4][5][6][8][24][25]. If it is 

required to view the stability and the pole and zeros of the 

system more accurately, the Z-Transform is required. The 

generated filter with ZT values and transfer function can 

be defined as the Digital Filter [3][5][7][8][10] [13][22] 

[25][26].  Now the Z-Transform of the analog filter can be 

obtained either by taking the input and output values in 

transformed version and thereby generating the transfer 

function in the digital plane or perform the analog to 

digital mapping technique to convert the analog transfer 

function to its equivalent digital transfer function directly. 

There are a number of techniques are available for analog 

to digital mapping technique and hence the Bilinear 

Transformation technique is applied in this paper for the 

design of a digital filer.[2][4][5][8][7][12][25][26]. 

  

 

The Notch filer is designed both in hardware and software 

means. First the filter is designed in software means in 

National Instrument’s Multisim v12 and after successful 

simulation, the circuit is designed with components. A 

new concept is incorporated in this design by applying 

Electrolytic Capacitor at the ground node which helps for 

the notching of perfect 100Hz. 
 

The Notch filter is of mainly two types, High Pass Notch 

filter and Low Pass Notch filter depending upon the 

passband and stopband frequency. Depending upon the 

Notch bandwidth, Notch filter can be categorized as 

Wideband Notch Filter and Narrowband Notch Filter. If it 

is required to stop a single frequency, the narrow band 

notch filter is essentially required. In this paper the design 

is proposed for a Narrowband Notch filter which is 

employed to stop 100Hz 

II. PREVIOUS WORK 

There different works and experiments were visualized on 

behalf of the Notch Filter specially on the emphasis of 

varying the Q factor and minimizing the 

noise[1][4][5][6][9][10][25][26]. Frey, D.R and 

Steigerwald, L. works on the Notch for adaptive control on 

it which requires very high frequencies[6]. The analogous 

work was proposed by Ye Wu ,  Yongge Wan and 

Yingqiu Li for adaptive filter design in data processing[1]. 

Qiusheng Wang and Deepa Kundur have proposed the 

design of multiple notch filter[24]. Erwin H. W. Chan and 

Robert A. Minasian have proposed a design to use the 

notch filter in RF frequency[25]. So, regarding to the 

notch filter and notching the required or selected 

frequency with determination of quality factor and thereby 

introducing the quality of efficiency have been proposed. 

Our previous works reveals the outcome the coefficients 

determination and design of digital filters using 

DTA[2][3][4][5][8][22][23][24].  



ISSN (Online) 2321 – 2004 
ISSN (Print) 2321 – 5526 

 

     INTERNATIONAL JOURNAL OF INNOVATIVE RESEARCH IN ELECTRICAL, ELECTRONICS, INSTRUMENTATION AND CONTROL ENGINEERING 
                      Vol. 3, Issue 9, September 2015 
 

Copyright to IJIREEICE                                                    DOI 10.17148/IJIREEICE.2015.3908                                                                   34 

This algorithm efficiently maps the analog filter into 

digital plane i.e. the z-plane through which the stability 

can be determined. The stability can also be determined by 

Bode Plot. The stability of a filter is essentially required to 

determine the operational performance of it. The quality 

factor or Q-factor is also a required parameter to make 

understand the notch depth. All the parameters are 

discussed in the preceding section with the simulation 

result and the table of values. 

III. PROPOSED DESIGN OF NOTCH FILTER 
 

The Notch filter can be designed using different topologies 

either by using operational amplifier or without using the 

operational amplifier. The widely known topology that is 

generally used for the design of the notch filter is the 

Twin-T topology. In this topology, the resistance and 

capacitance are used. By calculating the values of the 

resistance and capacitance, the desired value of Notch 

frequency can be determined.  
 

The design parameters are so calculated that it must be a 

Narrowband Notch filter which effectively rejects the 

100Hz. As the bandwidth is very small, the quality factor 

is very high. The values of resistance and capacitance are 

chosen in such a way that the attenuation is lower and so 

the determination of order is easier and thus the filter is 

operated efficiently.  
 

The proposed circuit is designed using National 

Semiconductor Multisim v 12.0. The design is shown 

below.       

 
Fig.1 Proposed design of 100Hz Notch 

 

     In this proposed design, the following parameter 

strategies are used as generally designed for Twin-T 

topology, 
 

 R1=R2 

 R4=½R1=½R2 

 C1=C2 

 C3=2C1=2C2 
 

In this design, a function generator(XFG1) is connected at 

the input terminal to provide the input signal. The input 

voltage is fixed at 50 mVpp. The frequency is increased 

from 40Hz  to 130 Hz. The output waveform is observed 

at the CRO (XSC1) where it is observed that for varying 

the input frequency, the magnitude is falling towards zero 

till 96 Hz and after near about 103Hz again the magnitude 

is increasing. So, from this design, it can be said that the 

Notch filter nearly cuts 100Hz.   

IV. CALCULATION OF Q-FACTOR 

The Q-Factor or Quality factor of a notch filter determines 

the notch depth and the order of it. The notch filter has two 

cutoff frequencies, low cutoff frequency(fl) and high 

cutoff frequency(fh). The difference between these two 

cutoff frequencies is referred as the Bandwidth of the 

rejected region. In Notch filter, there must be a selected 

frequency to which the designed must concentrate for 

rejection. This frequency is called the Notch frequency. 

The quality factor is the ration of the notch frequency to 

the bandwidth. So, for high quality factor signifies lessen 

bandwidth. The bandwidth of the Notch filter is defined 

by,                                                                                   

h lBW f f                            ........(1) 

This bandwidth is essentially required to calculate the 

quality factor, expressed by, 

  
notchf

Q
BW

                                .........(2) 

Where, 

            BW = Bandwidth  

            
notchf = Notch frequency 

              
hf  = High cutoff frequency 

               
lf  = Low cutoff frequency 

Now the above parameters is to be calculated from the 

output taken from oscilloscope. Actually, the oscilloscope 

produces the output voltage that is generated by the Notch 

filter circuit. The Vout is calculated with Vin for the 

design of Gain. When the gain is plotted, the HPBW is 

found which is actually -3dB point of the gain plot. In 

notch filter there will be two points of -3dB(0.707) which 

signifies two cutoff frequencies(fl & fh). When the cutoff 

frequencies are found, the bandwidth can be calculated 

and thereby the quality factor can be found. The 

calculations are shown in the preceding section by plotting 

the magnitude response. 
 

A. Magnitude Response 

The circuit shown in Fig.1, produces output such that it 

will response zero voltage output at our desired frequency 

i.e. 100Hz that means it will produce the characteristic of a 

notch filter. The values taken from the experimental result 

are shown below table. 
 

In the above experiment, 50 readings were taken from 1Hz 

to 185 Hz. The input voltage is fixed at 50 mVpp and 

thereby the circuit produces the output voltage at those 

frequencies. The input is provided by the function 

generator which is sinusoidal in type. The output observed 

at the oscilloscope. After getting all the output values of 

the circuit it is seen that at 100Hz, this circuit produces no 

output that is at that frequency, the signal is Notched or 

rejected. The gain is calculated with respect to the Vin & 

Vout and the Gain vs. Frequency plot is shown below. 
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Table 1: Results of Notch Filter 

 
Fig. 2 Magnitude Response of Proposed Notch Filter 

This magnitude response shows two cutoff frequencies, fl 

& fh  with 40Hz & 120 Hz respectively. From these two 

values, the bandwidth and the quality factor will be 

calculated in the preceding section. 
 

B. Quality Factor 

      As the magnitude response shows with respect to the 

values taken from the circuit, 

                    
lf = 40Hz 

                    
hf = 120Hz 

So, the bandwidth will be, 

                     BW = (120 – 40) Hz = 80 Hz 

The quality factor will then be calculated for  

notchf =100Hz by,                                                                                                               

100
1.25

80

notchf
Q

BW
    

      Now in our experiment, as the bandwidth is produced 

by 80Hz, so the quality factor is calculated as 1.25. If the 

bandwidth will be narrower by varying the values of the 

components or by changing the parameters, the quality 

factor will be improved more and more and that will be 

shown in our preceding papers. 

      Now this Notch filter can be well realized if it is 

mapped into digital plane where all the required quantities 

can be found such as the pole-zero value, phase response, 

magnitude response etc. The design of the digital filter is 

shown in the preceding section.  

V. REALIZATION OF IIR DIGITAL NOTCH FILTER 

     IIR Filter has a network or system which is of recursive 

type. Such recursive system can be described by the 

following Difference equation where x(n) is the input of 

the system and y(n) is the output of that 

system[8][16][17][22][23][25],

                                      

1 0

( ) ( ) ( )
N M

k k

k k

y n a y n k b x n k
 

                                                              
              

1 2 1( ) ( 1) ( 2)...... ( 1)Ny n a y n a y n a y n N                                       

0 1( ) ( ) ( 1)

...... ( )

N

M

a y n N b x n b x n

b x n M

    

 
        ...…..(3)                                     

Let,
0 1( ) ( ) ( 1)...... ( )Mw n b x n b x n b x n M    

  

                                                                               
……(4)

                                                                                                                                   
 

Equation (3) can be represented as, 

                               

1 2 1( ) ( 1) ( 2)...... ( 1)Ny n a y n a y n a y n N                     

                                                      ( ) ( )Na y n N w n                                                                             

                                                                              ……(5) 

 Now taking the Z-Transform in the both sides of equation 

(3), we get
                                

1 2 ( 1)

1 2 1( ) ( ) ( )....... ( )N

NY z a z Y z a z Y z a z Y z   

                                                                

1

0 1( ) ( ) ( )......N

Na z Y z b X z b z X z     

                 .... ( )M

Mb z X z                                                                                

                                                                            ……(6) 

Sl. 

No. 

Vin(Mv) Frequency(Hz) Vout(mV) 

1 50 1 49.8 

2 50 5 48.5 

3 50 10 47.00 

4 50 15 43.50 

5 50 20 40 

6 50 25 36.15 

7 50 30 31.05 

8 50 35 29.00 

9 50 40 25.00 

10 50 45 22.50 

11 50 50 17.5 

12 50 55 15.00 

13 50 60 12.50 

14 50 65 11.25 

15 50 70 10.00 

16 50 75 08.75 

17 50 80 07.50 

18 50 85 06.25 

19 50 90 03.75 

20 50 95 02.50 

21 50 96 02.50 

22 50 97 01.50 

23 50 98 01.00 

24 50 99 00.50 

25 50 100 00.00 

26 50 101 00.16 

27 50 102 00.25 

28 50 103 00.75 

29 50 104 01.50 

30 50 105 02.50 

31 50 106 03.00 

32 50 107 03.75 

33 50 108 06.00 

34 50 109 07.80 

35 50 110 08.70 

36 50 115 10.00 

37 50 120 11.25 

38 50 125 12.30 

39 50 130 15.00 

40 50 135 17.50 

41 50 140 22.00 

42 50 145 25.00 

43 50 150 29.00 

44 50 155 31.05 

45 50 160 36.15 

46 50 165 40 

47 50 170 43.50 

48 50 175 47.00 

49 50 180 48.5 

50 50 185 49.8 
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 Rearranging the equation (6), we get,
                                           

1 2 ( 1)

1 2 1( ) ( ....... ) ( )N N

N NY z a z a z a z a z Y z    

                                                               

                                                      
1

0 1( ......... ) ( )M

Mb b z b z X z                   …...(7) 
 

         So, from the Equation (3) it is clear that in a IIR 

system, the present output depends upon the past inputs 

and the past outputs. Now taking the Z-Transform of 

Equation (3) the structure of the IIR Filter can be 

determined with the application of Direct form-I 

Realization. This method is used to separate delays for 

both input and output. This realization requires M+N+1 

multiplications, M+N additions and M+N+1 memory 

locations[22][24][25][26]. The structure of Direct form – I 

realization for an IIR Filter  described in equation (3) is 

shown in Fig.3[ 8][16][19][24][25][26]. 

 
Fig.3 Direct Form-I realization of IIR Digital filter 

   

       After successful realization of the design analog filter 

through Direct Form-I realization technique, the analog 

filter is mapped or transformed into digital plane. Here 

x(n) denotes for discrete form input of the filter and y(n) is 

the discrete form of output from the filter. The transfer 

function is to be designed from these two parameter which 

is shown in preceding section. 

VI. REALIZATION OF TRANSFER FUNCTION IN DIGITAL 

PLANE 

        The impulse response is actually the ratio of the 

produced output to the given input, that is more 

elaborately, the transfer function H(z) is actually the ratio 

of the Z-Transform of output to the input.  

       The impulse response h(n) for a realizable filter 

is[8][16][22][25], 
 

                 h(n) = 0 for  n ≤ 0                               …….(8) 
 

where  h(n) must satisfy the following condition to ensure 

the stability of a filter[8][16], 

                                 0

| ( ) |
n

h n




 
               ……(9) 

 

       Now, the Z-Transform of the impulse response h(n) 

i.e. H(z) is referred to as the transfer function of a digital  

filter. So, our interest goes to the determination of the H(z) 

because the H(z) contains the numerator and denominator 

coefficients which are essentially required to design the 

Digital filter.  

       Now to determine the transfer function of the IIR 

filter, we rewrite the equation (7) and get the required H(z) 

equation,

                                 0

1

( )

( )

1 ( )

M
n

n

N
n

n

b n z

H z

a n z

















                     ……(10)                                          

                

1 2

1 2

( ) (0) (1) (2) ....... ( )

( ) 1 (1) (2) .............. ( )

M

N

B z b b z b z b M z

A z a z a z a N z

  

  

   
 

                

 

                                                                             ……(11)                                             

Where,    

            b(n) = Numerator coefficient of the filter 

            a(n) = Denominator coefficient of the filter 

            H(z)= Y(z) / X(z) = B(z) / A(z) = Transfer function 
     

     After successful determination of the transfer function, 

we can calculate the coefficients of the filter i.e. the 

determination of b(n) and a(n). Actually the Transfer 

Function refers that for giving some input how much 

output can be obtained. There are various techniques 

available to design and calculate the coefficients of an IIR 

Digital Notch filter.  

 
Fig.4 Domain Transfer Algorithm 

 

The algorithm referred here can be used for smarter 

determination of IIR Digital Notch filter and is much more 

helpful for the determination of the transfer function as 

well as the coefficients. The algorithm is referred to as 
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DTA(Domain Transfer Algorithm)[22][23][24][25][26]. 

The flowchart of the algorithm is shown below in Fig.4. 
 

So after selection of proper parameter values, the Notch 

filter can be designed by DTA with proper order. In our 

design,  the designed Notch filter when mapped into z-

plane, produces a order of 6. Our objective is to design a 

Notch filter of higher quality factor without deteriorating 

the order of filter. The simulation result of the Notch filter 

using DTA are shown in the following section. 

VII. SIMULATION RESULT 

In the previous sections, the design of the Notch filter is 

presented along with its realization in digital plane. The 

digital plane or z-plane actually shows the stability of the 

filter. These requires typical simulation of different 

quantities such as the magnitude response, impulse 

response, pole zero plot and the phase response. The IIR 

Notch filter is simulated in Matlab 7(R2008a) and the 

results are shown below. 

 
Fig. 5 Magnitude Response 

 
Fig. 6 Phase Response 

 
Fig. 7 Impulse Response 

 
Fig. 8  Pole-Zero Plot 

 

The simulation is done by transforming the analog transfer 

function of the Notch filter into the digital plane. The 

parameter is so chosen that the filter response with the 

order of 4 but it satisfactorily generates a quality factor of 

1.5. Generally, the order is chosen or determined by the 

values of the parameter values but in that case the order 

may not be the same while determining different quality 

factors. But in this case the quality factor is increased 

which is not dependent of the order as at the ground 

section an Electrolytic capacitor is connected which 

actually stores the charges in ionic form for which the 

charge in that becomes stable and same for the order. This 

is the main advantage of our design. In this design the 

noise power is minimized. The noise power is solely 

responsible for deteriorating the order and performance of 

the filter. As it is minimized up to the level best, the 

designed Notch filter becomes more stable and is operated 

efficiently. These simulation results along with the 

coefficient values and the transfer functions are shown 

below. 

 
Fig. 9 Round off Noise power spectrum 

 

The coefficients of the designed Notch filter of order 4 

with Q-Factor 1.5 are given below. 
 

Table-2 Coefficient Values 
Numerator 

Coefficients 

Denominator 

Coefficients 

Order Gain 

0.5136  

 - 0.7683  

0.7753  

- 0.365  
0.1159 

 

1  

- 3.454  

4.585  

- 2.305 
0.4132 

 

 

4 

 

 

2.323618494293

2789 

 

 

Transfer 

Function 

0.5136 z^4 - 0.7683 z^3 + 0.7753 z^2 - 0.365 z + 

0.1159 

------------------------------------------------------ 

    z^4 - 3.454 z^3 + 4.585 z^2 - 2.305 z + 0.4132 
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VIII. CONCLUSION 

In this paper the designed analog filter is transformed into 

digital plane and realized by Direct Form-I technique. 

After that, the digital filter is designed with Butterworth 

technique such that the stop band and pass band ripple can 

be minimized. After successful design of the Notch Filter, 

the output results are shown in the Simulation section. 

From the simulation files particularly from the pole zero 

plot, it can be said that the designed filter is stable and 

from  the simulation result from the experiment through 

Fig.2, it can be said that the design filter is of Q-Factor 

1.5. 
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