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Abstract— Digital signaling has become more and more 

applied in the field of electronics including radio, audio, and TV. 

It offers better accuracy, greater flexibility, increased storage 

capabilities and high-speed transmission of data of all kinds 

(including audio and video data) over long distances. The basic 

types of digital filters are finite impulse response (FIR) and 

infinite impulse response (IIR) filters. In this paper we model 

three different lowpass IIR filters: Butterworth, Chebyshev and 

elliptic using Matlab to compare their response and to explore 

minimum-order designs to specify the passband and the 

stopband in terms of the amount of tolerable ripple and 

frequencies. 

Keywords— Infinite impulse response, Lowpass filter; 

Minimum order design  

I. INTRODUCTION 

 Filtering is the process of changing the frequency content 

of a signal and completely removing unwanted frequency 

components from the signal. The meaning of the term filter 

would be a mathematical mapping of an input signal to an 

output signal. Their function is to change the characteristics of 

the input signal spectrum in the prescribed manner with the 

intention of reducing the unwanted properties of the input 

quantities and retaining or emphasizing properties that are 

deemed desirable. 

 Electronic filters have a very wide gamut, and the most way 

we divide them is according to the type of signal they filter, 

i.e., analog, and digital filters. An analog filter has an analog 

signal at its input and output, so both the input signal and the 

output signal are functions of time and can have infinitely 

many values. In digital signal processing, both the input and 

the output of the filter are given in discrete form, which means 

that they are functions of certain points at the time of 

waveform recording. 

 Due to the possibility of digital signal recording, there is 

also the possibility of using digital filters in applications that 

require the ability to program, and thus some flexibility. The 

desired frequency response of the filter depends on the value 

of its preset coefficients, which can be computed with today’s 

widely available hardware and software packages intended for 

that purpose. 

The advantages of digital filters over analog filters are: 

• programmability and accessibility, which in 

turn also translates to ease of assembly and 

testing  

• simplicity, since they only require basic 

arithmetic operations of addition and 

multiplication which in turn means they easy to 

apply. 

• stability and predictability, which is in direct 

connection with their digital nature  

• harsh weather and temperature changes 

resistant 

• not prone to manufacturing errors since the do 

not require so many precise components, which 

also makes them age well 

• better cost performance ratio 

 

The analysis of digital filters is complex and is 

accomplished using a digital signal processor (DSP). Digital 

filters can be divided on their response to impulse excitation. 

The response to such an excitation is called the impulse 

response and the Fourier transform of the impulse response is 

called the frequency response of the filter. The frequency 

response of the filter tells what the signal will be at the output 

of the filter for different frequencies, i.e., how much the gain 

of the filter is for different frequencies. If the impulse 

response of a filter drops to zero after a finite period of time, 

then that filter is called a finite impulse filter or FIR filter. If, 

on the other hand, the impulse response never reaches zero 

and exists indefinitely then such a filter is called an infinite 

impulse filter or IIR filter. 

 

The advantage of digital IIR filters over FIR filters is that 

IIR filters need a smaller number of coefficients to perform 

the same filtering operation. The disadvantage of IIR filters 

is the phase response that is nonlinear. If the used application 

does not require phase information, then an IIR filter is 

sufficient and well suited for the task. It should also be noted 

that due to the recursive property, IIR filters are more difficult 

 
 

Figure 1. Ideal low-pass filter 



to design and apply. Depending on the frequency band that 

either transmits or attenuates the signal, digital filters can be 

sorted: 

• Low-pass filter 

• High-pass filter 

• Band-pass filter 

• Band-stop filter 

 

The ideal characteristic of a low-pass filter is not 

realizable with finite networks. However, the realistic filters 

can have only frequency responses that approximate these 

ideal characteristics. Hence all real-world filters contain a 

transition band.  

 

The realistic filter consists of three segments in the 

frequency axis. The first segment is considered to be the 

passband, where the gain is relatively high, so that the signals 

in this range can pass through the filter. The gain in this 

segment cannot be constant, which means that some variation 

is inevitable. In many applications, it is acceptable that the 

passband gain varies from 0 dB to -3dB. 

 

The second segment is considered to be the transition 

band. In this transition band, the filter gain gradually changes 

from one to zero. 

 

The third segment is considered to be the stopband, where 

the gain is relatively small. Signal attenuation in reality 

cannot be infinite but has some minimal value. Both 

amplitude ripple and attenuation are measured in decibels. 

 

The frequency response can then be approximated in 

several ways. We examine the operation of a typical IIR low-

pass digital filter to appreciate the essential differences 

between Butterworth filters, Chebyshev filters and Elliptic 

filters. 

II. IIR DIGITAL FILTERS 

IIR filters are digital filters whose output data is calculated 

by summing the previous output values, multiplied by some 

weight factor, with the current and previous input values also 

multiplied by some weight factor. If the input values are 

denoted by x and the output values by y, then the equation for 

the IIR filter can be written: 

  

y[i] = -
1

a0
(-∑ ajy[i-j] + ∑ bxx[i-k]

Nx-1
k=0

Ny-1

j=1
) 

 
(1) 

 

Usually, 𝑁𝑥 is equal to 𝑁𝑦 and the filter order is equal to 

𝑁𝑥−1. The lower order of the filter reduces the number of 

arithmetic operations and thus reduces the errors that occur 

during the calculation. The problem with higher order filters 

is that errors appear very quickly in calculation and influence 

on the accuracy of results. It is recommended to choose the 

order from 1 to 20 with 30 being the end limit. Higher order 

means more coefficients, and thus longer calculation time. 

 

The impulse response of the filter described by equation 

(1) is infinitely long for coefficients that are not equal to zero. 

In actual applications when using stable IIR filters, the 

impulse response has an attenuation that is almost zero when 

we have a finite number of samples of the measured signal. 

 

The frequency response of a filter also differs from the 

response of an ideal filter [2] [3] [4]. Depending on the form 

of the frequency response, IIR filters are divided into: 

• Butterworth filter 

• Chebyshev type I filter 

• Chebyshev type II filter 

• Elliptic filter 

 

The frequency responses of the most used approximations 

of IIR lowpass filters designed with a cut-off frequency of 2 

GHz are shown in a Figure 3. to Figure 7. A change in 

frequency response depending on filter order can be easily 

observed.  

 
Also changing the filter order leads to a larger decreasing 

frequency response in the transition band. However, 
increasing the filter order does not always have the same effect 
on the shape of the frequency response for different 
approximations of the low-pass IIR filter. For the Butterworth 
filter, increasing the filter order monotonically reduces the 
frequency response in the transition band. On the other hand, 
for Chebyshev type I filter, increasing the filter order 
monotonically reduces signal in the transition band with the 
consequence signal ripple in the passband. The number of 
ripples in the passband and stopband or both, depending on 
approximation, determine the filter order. 

 
Figure 2. Approximate low-pass magnitude characteristics 

 
 

Figure 3. The frequency response of a low-pass Butterworth filter 

for different order 



A. Butterworth filter 

The Butterworth filter is characterized by the fact that 

there is no signal ripple in either the passband or the stopband. 

The frequency response is also smooth at all frequencies [1]. 

Figure 3 shows the response of a low-pass Butterworth filter 

for different filter order. The advantage of the Butterworth 

filter is that it has a smooth and monotonically decreasing 

frequency response in the transition band. As seen in Figure 

3, a bigger filter order entails a steeper transition between the 

passband and stopband. 

 

The order of the Butterworth filter is calculated according 

to equation (2). Due to the condition that the filter order must 

be an integer, and we therefore, but not always, select N to 

the nearest highest integer.  

B. Chebyshev type I filter 

Chebyshev filters have a significantly smaller transition 

band as opposed to Butterworth filters of the same order. But 

the consequence is signal ripple in the passband. The 

Characteristic frequency response of Chebyshev filters is 

such that in the passband there is a ripple of the signal of the 

same amplitude in both plus and minus, then a monotonically 

decreasing signal in the transition band and a sharper 

transition to the stopband. Figure 4 shows the frequency 

response of the Chebyshev filter for the various orders. It 

should be noted that increasing the order of the filter 

decreases the width of the transition band, but then a signal 

with a higher number of ripples in the passband occurs. 

 

The order of the Butterworth filter is calculated according 

to equation (3). Due to the condition that the filter order must 

be an integer, and we therefore, but not always, select N to 

the nearest highest integer. 
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C. Chebyshev type II filter 

These filters are almost the same as Chebyshev type I 

filters, but the difference is that they have a maximally flat 
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Figure 4. The frequency response of a low-pass Chebyshev type I 

filter for different order 

 
 

Figure 5. The frequency response of a low-pass Chebyshev type 
II filter for different order 

 
 

Figure 6. The frequency response of a low-pass Elliptic filter for 

different order 

 

 
 

Figure 7. The frequency response of a low-pass Butterworth filter 
for minimum order 



passband, while their signal ripple occurs in the stopband [5]. 

For them, it is necessary to determine how much attenuation 

is desired in the stopband. The frequency response 

characteristic of Chebyshev type II filters is such that they 

have signal ripple in the stopband, a monotonically 

decreasing amplitude in the passband, and a sharp transition 

between the passband and the stopband. Figure 5 shows the 

frequency response of the Chebyshev type II filter for various 

order. 

 

The order of the Chebyshev type II filter is calculated as 

with Chebyshev type I filter, according to equation (6). Due 

to the condition that the filter order must be an integer, and 

we therefore, but not always, select N to the nearest highest 

integer. 
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D. Elliptic filter 

Elliptical filters have a sharp transition at the boundary 

between the passband and the transition band, but they also 

have a sharp transition at the boundary between the stopband 

and the transition band. This results in signal ripple in the 

passband and stopband. It is for this reason that elliptical 

filters are applied in applications that require a narrow 

transition band, while at the same time signal ripple is not 

essential. Figure 6 shows the frequency response of an 

elliptical filter for various orders. It should be emphasized 

that for them it is necessary to determine how much ripple is 

desired in the passband and how much attenuation is desired 

in the stopband. 

 

The main application for the elliptic filter is where very 

fast transitions are required in transition band that is between 

passband and stopband. 

E. Minimum order design 

We will use an application filterBuilder to specify the 

minimum order filter. The first step is to set the passband 

frequency to 2205 Hz and stopband frequencies to 6615 Hz. 

The second step will be to set the passband ripple to 1 dB and 

the stopband attenuation to 60 dB. Therefore, knowing all 

four parameters allows us to easily calculate the appropriate 

filter order, N for a particular approximation, and the 

appropriate cut-off frequency, 𝑓𝑐. 
 
Thus, for predefined parameters (passband frequency, 

stopband frequency, passband ripple, stopband attenuation), 
the minimum filter order for the Butterworth filter is 
calculated by filterBuilder application and the compared with 
the equation (2). Therefore, a seventh-order filter is necessary 
to meet the specifications with a Butterworth design. 

Following the same approach to calculate the minimum 
filter order can be easily verified that a fifth-order filter is 
required for Chebyshev type I and Chebyshev type II designs 
according to filterBuilder application and the equations (3) 
and (4). 

Following the same approach to calculate the minimum 
filter order can be easily verified that a fourth-order filter is 
sufficient for the elliptic design according filterBuilder 
application. 

 
 

Figure 8. The frequency response of a low-pass Chebyshev type 
I filter for minimum order 

 
 

Figure 9. The frequency response of a low-pass Chebyshev type 

II filter for minimum order 

 
 

Figure 10. The frequency response of a low-pass Elliptic filter for 

minimum order 



III. CONCLUSION 

The Butterworth low pass filter frequency characteristic 
has the property that it is flattest at passband. One deficiency 
of this property is the fact that the rate of increase of 
attenuation for higher frequency is rather low. The simplicity 
of their mathematical development is the chief attribute of this 
class of characteristics. However, this characteristic is usually 
used only when the filtering requirement is not demanding. 
Otherwise, it is not effective, and it's paid a high price for the 
relatively poor performance. 

The Chebyshev type I low pass filter frequency response 

exhibit equal-ripple variation in the passband and monotonic 

increase in attenuation outside the passband greatly steeper 

over the Butterworth filter. On the other hand, the Chebyshev 

type II filter has a more gradual transition band compared 

with Chebyshev type I filter although they have the same 

filter order. 

 
The Elliptic lowpass filter has equal-ripple variation in 

both the passband and the stopband. The conclusion is that the 
choice for the best approximation is depending on what signal 
characteristics are important. If an application requires low 
component count but where neither passband ripple nor group 
delay is important, then Chebyshev type I and II or elliptic 
filters proves to be a better choice. 
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